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Utsläpp från förbränning av olja, kol- och kärnkraft ökar jordens medeltemperatur som bidrar till växthuseffekten. 
Den ökande medeltemperaturen leder i sin tur till att öknar breder ut sig, polarisar smälter och att klimatet på jorden 
blir alltmer instabilt. Detta motiverar intresset för förnybara energikällor såsom sol-, vind- och vattenkraft. Sveriges 
regering har satt som mål att 50 procent av energiproduktionen ska komma från förnybara energikällor år 2020. Men 
hur lönsamma är egentligen de förnybara energikällorna?  
 
Vi har valt att fokusera på en utav dessa energikällor, vindkraft. Vi har undersökt hur lönsamt det är att bygga en 
vindkraftpark i Jättendal, Gävleborgs län. Vindkraftparken består av tre vindkraftverk med en tänkt livslängd på tjugo 
år. Vindkraftverk omvandlar vindens energi till elektricitet och genererar således inga utsläpp. Undersökningen visar 
att vindkraft i dagsläget inte är den mest kostnadseffektiva lösningen, men med tiden blir tekniken blir billigare och 
vindkraftparkerna effektivare. Det är ett steg i rätt riktning! 

 
 
 

Kontext A  
Förstudie av vindkraftparken Udden  
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I den här kontexten har det genomförts en förstudie av lönsamheten hos en fiktiv vindkraftpark. Uppgiften innebar 
att en fiktiv vindkraftpark skulle konstrueras och anpassas på en lämplig plats för att sedan kunna behandla dess 
produktion, vilka delades in i tre delprojekt: A1, A2 och A3. Förstudien har behandlat elproduktionen varefter 
inkomsterna har beräknats (A1). Inkomsterna har sedan ställts mot kostnader för byggnation av vindkraftparken (A1) 
och dess elnät (A2) samt underhållet för parken (A3). Även anslutning till elnätet och balansansvaret, som vanligtvis 
sköts av större energileverantör, har tagits i beaktning. Vindkraftparken, bestående av tre vindkraftverk, placerades i 
Jättendal, Gävleborgs län. Valet av turbin, anpassat efter platsens förutsättningar, föll på en V100-2.6 MW av märket 
Vestas. 
 
Våra analyser och beräkningar visade att den sammanlagda produktionen var fullt jämförbar med befintliga 
vindkraftparker i drift. Ett procentuellt mått på hur väl vindkraftparker producerar el är utnyttjandegraden som 
vanligtvis är 30 %, vilket kan jämföras med kontextens resultat på 28,34 %. Denna produktion värderas på 
elmarknaden och beräknas generera mellan 200 och 225 miljoner SEK under de tjugo år som vindkraftparken väntas 
vara i drift. Till detta tillkommer åtskilliga kostnader, och för bara byggnationen väntas kostnaderna uppgå till mellan 
78 och 101 miljoner SEK. Ett internt elnät för vindkraftparken har designats varefter elnätets förluster beräknats. En 
kostnadskalkyl har tagits fram som sammanfattar materialkostnaderna och vissa förläggnings– och 
installationskostnader för det interna elnätet. Vissa beräkningar gjordes för att undersöka om vindkraftparken 
uppfyllde de anslutningskrav som finns. Ledningsförlusterna beräknades till 207 kWh/år vilket ger en procentuell 
förlust på 0,003 % av totala produktionen. Med priset 0,6 SEK per såld kilowattimme har kostnaderna för 
ledningsförlusterna beräknats under vindkraftsparkens uppskattade drifttid. Kostnaderna för ledningsförlusterna 
uppskattades till 2500 SEK varefter materialkostnaderna och förläggnings– och installationskostnaderna 
uppskattades till 1,61 miljoner SEK.  
 
För att kunna uppskatta felfrekvensen hos ett system kan man använda sig av tillförlitlighetsanalys. Det betyder att 
genom olika matematiska modeller och formler uppskatta uppkomsten av fel hos ett vindkraftverk genom dess 
drifttid. Vi har använt oss av data som har samlats in från andra turbiner i Sverige. Genom att analysera felfrekvensen 
per år kan en överlevnadsanalys genomföras. Medeltid till fel (MTTF) har uppskattats till 2,7 år. Detta betyder att 
risken är 50 % att ett fel kommer att inträffa inom tidsspannet. Med uppgifter från liknande projekt inom 
vindkraftsindustrin kan vi anta att kostnader för underhåll för alla tre turbiner i parken kommer att hamna på mellan 
39 och 62 miljoner SEK under drifttiden.  
 
Detta visar att parken totalt sett kommer att generera mellan 200 och 225 miljoner SEK i intäkter samt kosta mellan 
119 och 165 miljoner SEK. Detta gör att parken väntas gå med vinst inräknat övriga kostnader. Resultaten var svåra 
att precisera och för att ge en korrekt bild användes stora felmarginaler, vilket skulle kunna förbättras till nästa år 
genom mer utförliga och specifika frågeställningar. Vi anser det relevant att projektet ska behandla det som hör till 
ämnesområdet elektroteknik för att förhindra att fokus läggs på samhällsbyggnadsfrågor och föreslår därför ett helt 
nytt upplägg, där problemen angrips från ett annat håll. Ett mer realistiskt projekt skulle behöva mer tillgänglig 
information såsom vinddata och tekniska uppgifter från turbintillverkare och elleverantör. Exempelvis skulle man 
kunna erhålla information från redan färdigställda vindkraftprojekt för att få tillgång till mer realistiska uppgifter än 
vad som fanns tillgängligt.  

ETISKA ASPEKTER 

I dagsläget är vindkraft en energikälla med stor risk för låg lönsamhet, och man investerar ofta i denna typ av 
produktion av miljömedvetna skäl. Om tekniken skulle utvecklas och göra vindkraftproduktion effektivare skulle 
vindkraft bli mer attraktivt som alternativ både för investerare och för konsumenter av energi. Det faktum att 
vindkraft sällan är lönsamt utan det svenska elcertifikat-systemet lyfter frågan om vi är villiga att betala mer för 
”grönare el”. Fördelarna med en mindre miljöfarlig energikälla, såsom vindkraft, ställs mot bland annat de estetiska 
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nackdelarna. Vindkraftverkens påverkan på omgivande ekosystem får vägas mot minskade utsläpp av växthusgaser 
vid energiproduktion.  
 
Utöver den estetiska frågan kan även vindkraftens påverkan på människan diskuteras. Vindkraft har en bullernivå 
som kräver distans och tydliga regler för att inte påverka människor där de lever och verkar. Många som bor på 
platser med korrekt angivna avstånd kan trots reglerna påverkas negativt av vindkraftverk. Somliga hävdar att det 
existerar en oetisk energifördelning där västvärlden har råd att konsumera miljövänlig energi och dessa rättvisefrågor 
bör tas i beaktande. Å andra sidan konsumerar västvärlden mer energi än vad som är möjligt ur ett globalt rättvist 
perspektiv. En liten andel av jordens befolkning bestämmer över majoriteten av jordens naturresurser, inkluderat 
energi.  
 
Är det rätt att företag tjänar pengar på bekostnad av andra människors försämrade levnadsstandard? Å ena sidan 
genererar vindkraftproduktion arbeten bland annat genom tillverkning och installation. Å andra sidan kan det vara 
oetiska arbetsförhållanden hos arbetare i gruvor där material till vindkraftverken framställs. En annan intressant 
aspekt är utarmandet av jordens naturresurser och vilka som har rätt att äga och konsumera dessa. Det finns alltså en 
viktig etisk aspekt att ta i beaktning, och det gäller alla som har en roll i framtidens utveckling. 
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A1. ELPRODUKTION FÖR VINDKRAFTPARK

Elproduktion för vindkraftpark
Cecilia Bengtsson och Pontus Wallin

Sammanfattning—I detta arbete utförs en förstudie av
lönsamheten för vindkraftproduktion i Jättendal. En park
bestående av tre vindkraftverk byggs upp och förväntas vara i
drift under 20 år. Mängden producerad el beräknas och värderas
på den skandinaviska elmarknaden Nord Pool. Intäkterna från
försäljningen ställs mot kostnaden att bygga vindkraftparken.
Förundersökningen visar att vindkraftparken kostar mellan 78
och 101 miljoner SEK att bygga samt kommer att generera totalt
200 till 225 miljoner SEK under parkens drifttid.

I. INTRODUKTION

SEDAN Brundtlandsrapporten 1987 introducerade begrep-
pet “hållbar utveckling” har behovet av förnybara ener-

gikällor uppmärksammats. En kollektiv medvetenhet hos i-
länder angående utsläpp av koldioxid har introducerat behovet
av “grön el”. Fokus ligger på att hitta energiresurser som tar till
vara på flödande energiresurser såsom vindkraft och solkraft
istället för de tidigare lagerresurserna kol och olja. Via Kyo-
toprotokollet från 1997 infördes lagar för utsläppsrättigheter
av koldioxid för att kunna få bukt med växthuseffekten [1].
Sveriges regering har satt upp målet att 50 % av Sveriges
elproduktion ska vara från förnyelsebar energi, alltså bestå av
vatten-, vind- eller solenergi, år 2020 [2]. Energimyndigheten
har som planeringsmål att det svenska elsystemet ska kunna ha
kapacitet att hantera 30 TWh vindkraft jämfört med dagens 12
TWh [3]. År 2010 låg kvoten för förnyelsebar energi på 48 %
[4]. Ett växande energibehov gör att verksamheten för hållbar
energi måste expanderas mycket om detta mål ska uppfyllas.
Detta ger ett uppsving för bland annat vindkraftindustrin.

Den här kontexten behandlar en förstudie för lönsamheten
av en tänkt vindkraftpark i Jättendal i Hälsingland, Gävleborgs
län. Denna specifika rapport kommer att behandla en ener-
gistudie där dels värdet på den producerade energin undersöks
på elmarknaden Nord Pool samt vilken mängd producerad
energi man kan räkna med från parkens vindkraftverk. Som
tidigare nämnt i kontextsammanfattningen beräknas kostnader
för underhåll och elnät i de två andra delkontexten. För valt
område kommer motiveringar att presenteras för att utröna
om förhållandena är lönsamma för denna typ av verksamhet.
Antalet kraftverk, kraftverkens placeringar i landskapet samt
en beräkning av hur mycket energi en specifik turbin kan
producera är av största vikt för att kunna möjliggöra en lönsam
vindkraftpark. Teorin bakom elproduktion från vindkraft kom-
mer att behandlas, likaså ett tillvägagångssätt för att analysera
insamlad vinddata.

Elmarknaden är nästa ämne som analyseras. En skattning
för vad den producerade elen är värd är av stor vikt för att
kunna beräkna lönsamheten för parken. El kan inte lagras
utan producerad el måste förbrukas i samma sekund som den
produceras. Detta kan göra att kraftverket är ur produktion
en vindstilla dag på vintern då det är -20◦ och energibehovet

är som störst. Motsatsen är en varm sommardag då det blåser
mycket och produktionen är hög, men att efterfrågan av energi
är liten. Detta återspeglas i elpriset som generellt är lägre
under sommaren än vintern. I en tänkt skattning tas något
som heter kvotplikt och elcertifikat i beaktning. Detta kan
beskrivas som Sveriges sätt att tvinga elleverantörerna att
köpa in en viss andel förnyelsebar energi och ge en fördel
till de som producerar förnyelsebar energi. Gävleborgs län
har som miljömål att uppmuntra vindkraft och har realiserat
detta genom att tillhandahålla allmänna vindundersökningar
till företag inom vindkraftbranschen samt genom att prioritera
bygglov för denna typ av verksamhet [5].

Detta gör det särskilt lukrativt att som företag investera i
denna del av Sverige då det gjorts undersökningar som har
visat att vindförhållandena varit gynnsamma för planering av
vindkraft.

II. VINDKRAFTPRODUKTION

Eftersom att vindens energiinnehåll ökar proportionellt mot
vindhastigheten i kubik, det vill säga: eftersom små ökningar
av vindhastigheten innebär stora ökningar i energiinnehållet,
och således intäkterna, är det särskilt viktigt att välja en plats
med goda förutsättningar för vindkraftproduktion.

A. Vind

Vind innebär flödet av luft i vår atmosfär och uppkommer
av tryckskillnader, som i sin tur beror av temperaturskill-
nader. Tryckskillnaden tvingar luften från högtrycksområden
till lågtrycksområden och ju högre tryckskillnaden är desto
starkare blir vinden.

Sverige ligger i det så kallade västvindsbältet, som berörs
av vindar som blåser västerifrån och uppstår då arktisk vind
möter varm, fuktig luft. Detta bidrar till att det i Sverige är
särskilt vindrikt längs kuster och till havs, vilket medför att det
vid dessa platser kan vara lämpligt att bygga vindkraftparker.
På en högplatå är vindhastigheten vanligen högre och jämnare.
Detta gör att en åsrygg är speciellt lämplig att bygga på då
vindkraftverkens totala höjd ökar. Längs sluttningar som lutar
max 40◦ ökar vinhastigheten längs dess sida och kan ge ännu
bättre vindförhållanden lokalt. [6] [7]

Det blåser mest i Sverige under vinterhalvåret, oktober-
mars, och det är också då som det behövs mest energi. Under
de vindstilla månaderna mellan maj och augusti sjunker både
energiproduktion och -behov, vilket kan ses som fördelaktigt
då vindkraftverk inte producerar lika mycket energi under
sommaren som under vintern.

Praktiskt nog, eftersom att energibehovet är större dagtid,
blåser det också oftast mer på dagen än på natten och detta
särskilt då nätterna är klara. Detta eftersom att solen har
möjlighet att värma upp luft som sedan stiger, då den är lättare

9



A1. ELPRODUKTION FÖR VINDKRAFTPARK

än kall luft, och sedan rör sig lättare och ökar vindhastig-
heterna. Då luften nattetid kyls blir den också stabilare och
vindhastigheterna sänks. [8]

B. Vindfördelning

För att beskriva vindhastighet brukar man använda sig av
sannolikhetsfördelningar, som beskriver det förväntade utfal-
let. När det kommer till sannolikhetsfördelning vid beskrivning
av vindhastigheter är Weibullfördelning en av de mest använda
fördelningarna.

En annan fördelning som skulle kunna beskriva
vindfördelning är Rayleighfunktionen. Detta är en typ av
Weibullfördelning och beskriver vindhastigheter bra för olika
navhöjder men inte är lika precis som Weibullfördelningen.
Enligt definitionen är vindhastigheten v Weibullfördelad om
dess täthetsfunktion ser ut enligt ekvation (1).

fWeibull(v) =
k

c

(v
c

)k−1

exp

[
−
(v
c

)k
]
, (1)

där c är en parameter som bestämmer kurvans skala i [m/s]
och k en enhetslös parameter som bestämmer kurvans form,
medan dess motsvarande fördelningsfunktion ser ut enligt

FWeibull(v) = 1− exp
(v
c

)k

(2)

C. Produktionsförmåga

Det går inte att utvinna hur mycket energi som helst ur
vindkraftverk och detta visas med Betz lag, som säger att det
maximalt går att utvinna 16/27 andelar (59.3 %) av effekten
[9]. Ofta utvinns dock runt 30 % [10]. Hur mycket energi som
kan utvinnas ges enligt ekvation (4).

Produktionsförmågan hos ett vindkraftverk brukar beskrivas
enligt två ekvationer: (3) och (4).

Energi per svept ytenhet ges enligt

Elproduktion

Rotordiskens sveparea

[
MWh

m2

]
(3)

Utnyttjandegraden, som beskriver ett kraftverks verkliga
produktion jämfört med dess verkliga produktion, ges enligt

Elproduktion

Installerad effekt

[
MWh

MW

]
(4)

[11], [12], [13]

III. ELMARKNAD

Det här avsnittet behandlar pris, eventuella prissäkringar och
krav på producenter och elaktörer som gäller på elmarknaden.

A. Elmarknad

I Norden, exklusive Island, har vi en gemensam elmark-
nad men det strävas efter att skapa en gemensam europeisk
marknad. Det man är ute efter är att ge konsumenter större
valmöjlighet och ge elproducenterna förutsättningar att skapa
konkurrenskraftiga alternativ. Marknadspriserna bestäms av
Nord Pool Spot, en elbörs som ligger i Oslo, och som ägs av de

fyra ländernas systemoperatörer (i Sverige: Svenska Kraftnät).
Marknaden består av två olika marknadsdelar: Elspot, en
marknad där man handlar el för nästkommande dygn och
Elbas, en alternativ marknad för handel av el där man varje
timme kan handla el till ett rörligt pris. Elpriset bestäms av
utbud och efterfråga. Elspot är världens största marknad inom
sitt område och säkerställer en likvid och säker marknad me-
dan Elbas fungerar som en balanserande marknad till Elspot.
Systempriset på Elspot baseras på jämvikten mellan köp- och
säljanbud i olika områden. Sverige är sedan 2011 uppdelat i
fyra områden där priserna kan skilja sig åt, särskilt då det råder
brist på el eller om överföringskapaciteten inte är tillräcklig.
Konsumentens elpris bestäms dock inte endast av utbud och
efterfrågan utan beror också av vilken typ av kund som handlar
och om elen ska till stad eller landsbygd. Detta bland annat
för att skatten inte är densamma i hela Sverige och för att
distributionskostnaderna varierar. Staten reglerar skatter och
nätavgifter medan elpriset bestäms av konkurrensen och av
elhandelsbolaget självt.

Ett företag kan undvika de överraskningar som elmarknaden
kan medföra genom prissäkra sin el. [14] [15] [16]

B. Ursprungsgaranti

I december 2010 trädde en lag i kraft, som “syftar till
att säkerställa att den som producerar el ska ha rätt att få
ursprungsgarantier utfärdade som visar den producerade elens
ursprung.” [17]. Tanken är att den som köper el alltid ska veta
var elen kommer från.

Som producent av “grön el” kan detta vara särskilt intressant
för att framhäva vindkraft bland annan energiproduktion.

En MWh el ger en en ursprungsgaranti, och garantierna säljs
på en öppen marknad för elleverantörer och -producenter.

C. Elcertifikat

Ekonomiska styrmedel är ett effektivt sätt att gynna och
utvidga en mer hållbar energiproduktion. Genom att exempel-
vis beskatta utsläpp och subventionera förnybar energi lyckas
man styra produktionen av energi i önskad riktning. Svens-
ka Energimyndigheten har därför utfärdat något som heter
elcertifikat som ett ekonomiskt styrmedel och driver igenom
detta tillsammans med Svenska Kraftnät. Energimyndigheten
är det statliga organ som ansvarar för att utfärda elcertifikat
till berättigade anläggningar samt att granska och följa upp att
detta upprätthålls. [18].

En nybyggd anläggning som erhåller elcertifikat är
berättigad till detta under en period av 15 år. Under den
här tiden får certifikaten säljas på elmarknaden. Sverige och
Norge har en gemensam certifikatmarknad där målet är att
öka produktionen av förnyelsebar energi med 26,4 TWh
till år 2020. Detta innebär för Sveriges del att den totala
förnyelsebara energiproduktionen ska öka med 13,2 TWh.
Som en jämförelse produceras det i Sverige 140-150 TWh
per år.

Elcertifikat utdelas till de som producerar förnybar ener-
gi med vissa restriktioner. All vindkraftenergi, solenergi,
vågenergi och geotermisk energi (värme lagrad i berggrun-
den) är certifikatberättigad. Viss vattenkraft får elcertifikat,
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men bara om anläggningen producerar mindre än 1,5 MW
[19]. Detta görs för att reglera vattendammarnas storlek så
att den ekologiska påverkan minimeras. Svenska Kraftnät
utfärdar sedan ett elcertifikat om energimyndigheten anser att
anläggningen är berättigad till detta. Detta certifikat lagras i
Svenska Kraftnäts register “Cesar” [20].

Varje MWh ger ett elcertifikat. Kvotplikten som beskrivs ne-
dan är det som skapar efterfråga på elcertifikat. Försäljningen
av elcertifikat ger en extra inkomst till producenter av
förnyelsebar energi. När elleverantören köper elcertifikat tar
leverantören ut en ökad avgift från konsumenten för certifikat-
kostnaden. I slutändan betalar elanvändaren för elcertifikaten.
Sedan starten av elcertifikat 2003 har priset per certifikat
pendlat mellan 30 och 70 kronor per MWh.

D. Kvotplikt

Kvotplikt innebär att det är obligatoriskt för elhan-
delsföretag1 att köpa elcertifikat, vars mängd ska förhålla
sig till elförbrukningen hos bolagets kunder. Detta för att
skapa en efterfrågan på elcertifikat, och därmed ge en garanti
för att producenter av förnyelsebar energi ska få el såld,
och således främja miljövänligare energialternativ och minska
risken för import av mindre miljövänlig el. Fyller man inte
sin kvotplikt blir man skyldig en kvotpliktsavgift till staten,
även om certifikaten skulle ta slut vid stor efterfrågan. [21]
Kvotplikten varierar från år till år och beror av kvoten för det
aktuella året, se Figur 1, och elbolagets elanvändning.

Figur 1: Figur över kvotplikten i %, 2003-2035 [22].

Till de kvotpliktiga räknas elleverantörer, elanvändare2 och
elintensiva industrier 3. [23]

E. Prissäkring

Att prissäkra någonting innebär att man för en viss tid
framöver säkrar försäljning av el till ett visst pris på en
terminsmarknad, där en termin är just ett avtal om köp av en

1På Svenska Kraftnäts hemsida beskrivs ett elhandelsföretag som: trader,
elleverantör eller balansansvarig

2Kravet innefattar att mängden självproducerad el uppgår till mer än 60
MWh/beräkningsår för en anläggning med högre än 50 kW installerad effekt
eller att den använda elen är köpt eller importerad från den nordiska elbörsen.

3Som är registrerade av Energimyndigheten.

produkt till ett visst pris under en bestämd period på maximalt
fyra år. Elaktörer säkrar sig här mot avvikelser i Spot-priser.
[14] [15]

Genom försäljning på termin kan elproducenter säkra att
de får en del av produktionen såld, vilket visat sig viktigt då
elpriserna svängt kraftigt de senaste åren. Terminen är en så
kallad garanti för både köpare och säljare. Företagens resultat
kan alltså variera stort beroende på marknaden och för att
undvika alltför stora överraskningar kan man välja att prissäkra
en större del av produktionen. [24]

Det finns så kallade CfD:er, Contracts for Differences,
som innebär att aktörer kan gardera sig för skillnader mellan
system- och områdespris. Detta är en typ av standardiserat
prissäkringskontrakt som finns på marknader som organiseras
av NASDAQ OMX, ett bolag som driver bland annat NAS-
DAQ och nordiska börser. Dess likviditet har dock ifrågasatts.
God likviditet på en finansmarknad innebär att den kan erbjuda
flertalet valmöjligheter till rimliga priser. [25]

På NASDAQ kan man prissäkra för längre perioder, och i
den här förundersökningen undersöks prissäkringar på upp till
tio år.

F. Balansansvar

Den svenska ellagen, förordning (1994:1806) om syste-
mansvaret för el, säger att ett elhandelsbolag som agerar
elleverantör är skyldig att leverera den mängd el som som
används av elleverantörens kunder. Detta kallas balansansvar.

Att vara balansansvarig innebär att vara ekonomiskt an-
svarig vid obalans i elproduktion, det vill säga: den balan-
sansvarige sköter balansen mellan tillförsel och förbrukning
i elproduktionen. Alla som är anslutna till Sveriges elnät
måste ha någon som är sköter balansansvaret, konsumenter
som producenter samt andra berörda. Detta eftersom att elhan-
delsföretag är skyldiga att leverera så mycket el som förbrukas
av företagets kunder. Den balansansvarige tar risker vid löfte
om framtida elproduktion men kan för risktagandet ta en avgift
av de, vilkas balansansvar de sköter. På Svenska Kraftnäts
hemsida finns det, för elproduktion, kontaktuppgifter till 37
stycken balansansvariga företag. [26]

Som elproducent finns generellt tre alternativ. Det första
alternativet är att själv stå för balansansvaret vilket innebär att
producenten står för kostnaden vid misstämning av mängden
el. Det andra alternativet är att låta elleverantören stå för
balansansvaret. Ett avtal tecknas då mellan elleverantören och
elproducenten där en överenskommelse om en prissäkring
sker. Det tredje alternativet är att låta en tredje aktör ensam
stå för balansansvaret. Varken producent eller leverantör står
då för balansansvaret. De två sistnämnda alternativen ger lägre
kostnader för producenten vid misstämning av produktion och
konsumtion eftersom den balansansvarige har flera aktörer som
den kan balansera ut kvoten internt emellan och på detta sätt
kan ta ett lägre pris då kvoten inte fylls. [27]

I avtalet om balansansvaret finns även överenskommelser
om detaljer i reglermarknaden, såsom hur snabbt energin ska
balanseras upp. Det här är en bidragande faktor till priset på
avtalet och granskas alltid av Svenska Kraftnät. Anledningen
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till regleringsreglementet är att säkerställa att nätet bibehåller
spänning och framför allt rätt frekvens. [28]

Eftersom att den balansansvarige står för balanskostnaderna
gentemot Svenska Kraftnät på månadsbasis tar denne ut en
avgift för detta. Avgiften varierar efter hur stor produktion
den balansansvarige får ta ansvar för och hur troligt det är att
producenten kan leverera sagda mängd el.

IV. VINDKRAFTPARK JÄTTENDAL

Nedan presenteras förundersökningens resultat angående
platsens förutsättningar, val av turbin samt en analys av
försäljningsmöjligheter på elmarknaden.

A. Platsens förutsättningar

Platsen Jättendal ligger mitt mellan Sundsvall och Hu-
diksvall mindre än en halv mil från kusten precis bredvid
E4:an. Detta innebär en rad fördelar. Väster om Jättendal ligger
en ås, Månberget, med en åshöjd på i snitt 90 m.ö.h [29].
Denna ås blir platsen för byggnation av vindkraftparken, som
kommer att bestå av tre stycken vindkraftverk. Det är önskvärt
att vindkraftverk placeras med ett inbördes avstånd på fem
gånger rotordiameter och vid småskaliga parker placeras ver-
ken ofta på rad, vinkelrätt mot den vanligaste vindriktningen
[30]. Åsen har goda förutsättningar att uppfylla detta. Platsens
närhet till kusten säger generellt att vindförhållandena är gynn-
samma, vilket visas i Figur 2. Närheten till E4:an underlättar
transport av material till platsen. Det är en betydande logistisk
process att frakta material till ett vindkraftverk. Rotorbladens
längd gör att det vid transport på vägar med kurvor vars radie
är under 50 m kommer att behövas en kran för att flytta
rotorn förbi kurvan. Detta kommer att bli aktuellt vid gällande
plats och är någonting som är vanligt förekommande. Platsen
är inte naturskyddad och närmaste bostad ligger 650 m från
platsen. Detta innebär att man inte behöver ta närliggande
byggnader och bostäder i beaktning [31]. För att kunna studera
vindförhållanden inför en byggnation av en vindkraftpark
analyseras dessa noggrant. Vanligt är att uppföra en mast i
höjd med kraftverkets nav (ungefär 100 m över marknivå) för
att samla in vinddata under en tidsperiod av ett eller helst flera
år. Denna resurs har detta projekt ej tillgång till. Emellertid har
SMHI en väderstation ungefär 5 mil från platsen och är källan
till insamlat vinddata för projektet. Väderstationen ligger 14
m.ö.h. och kan således inte ge en korrekt bild av vindens
hastighetsfördelning för vald plats. Ett komplement till detta är
de nyligen publicerade MIUU-undersökningar som ger en bild
av mer lokala vindförhållanden, se Figur 7. Undersökningarna
är gjorda av Uppsala universitets geovetenskapliga avdelning
och är tänkta att vara tillägg för studier av gynnsamhet för
vindkraft. Studierna visar en klar ökning av medelvindhastig-
het vid en höjdmätning 103 m över markytan jämfört med en
mätning 72 m över markytan enligt Figur 2. [32]

Det här innebär att insamlat data kommer att misstämma
med verkligheten då SMHI:s väderstation inte bara ligger
14 m.ö.h. utan även nere på marknivå och dessutom på
en ö. Vindkraftverkets navhöjd kommer att ligga på 100 m
över marknivån. Detta tas i beaktning senare i rapporten
när resultaten diskuteras. Kraftverkens totala höjd blir 150

Figur 2: Figur över vindhastigheterna i Sverige vid 72 m över
marknivå respektive 103 m över marknivå [32].

m inklusive navhöjd, vilket beskrivs i nästkommande avsnitt.
Kraftverkens höjd innebär att vindkraftparken kommer att
räknas som en medelstor anläggning enligt staten och Energi-
myndighetens sida ”Vindlov”. Detta gör att parken enligt plan-
och byggförordningen (2011:338) är bygglovspliktig och en
omkostnad för detta kommer att bli aktuellt. En undersökning
av området behöver göras, där en arkeologisk, ekosystemana-
lytisk, ljud och skugganalytisk samt en estetisk aspekt måste
tas i beaktning. Det krävs även tillstånd från sjöfart, flyg,
försvar och ansvarig myndighet för telekommunikation. Nätet
som producerad el ska anslutas till ägs av E.ON. [29]

Vid behandling av SMHI:s vinddata, enligt ekvation (1) och
(2), erhålls kurvan, i Figur 3, som beskriver sannolikheten för
olika vindhastigheter.

Figur 3: Figur över Weibulls täthetsfunktion för platsens vinddata.
Ges enligt ekvation (1) och ekvation (2). [33]

Figur 4 visar medelvindhastigheter månadsvis över året
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2011 samt medelvindhastighet över sommar och vinter för
tillgängligt data.

Figur 4: Graf för medelvindhastigheten år 2011 för vår valda turbin
och med vinddata från Brämön. [33]

B. Turbin

Generellt sett kan man anta att ju större turbin desto
effektivare produktion. Större bladlängd brukar innebära att
effektiviteten ökar, även vid lägre hastigheter, men med detta
och större turbin ökar även kostnaderna. Turbinerna beräknas
vara i drift under 20 år, vilket är en allmänt förekommande
drifttid för vindkraftturbiner i dag.

Ett vindkraftverk kostar mellan 10 och 13 miljoner
SEK/MW att bygga [34]. Med den totalt installerade effekten
7,8 MW blir priset för att bygga vindkraftparken mellan 78
och 101,4 miljoner SEK.

Turbinen V100-2.6 MW från tillverkaren Vestas valdes, och
den lämpar sig särskilt för platser där vinden är oregelbunden
för relativt låga vindhastigheter.

Platsen har en medelvindhastighet på 4,76 m/s under som-
marhalvåret och 5.69 m/s under vinterhalvåret. Turbinen star-
tar då vinden blåser i 3 m/s och stängs ned då vinden når 23
m/s för att undvika skador på turbin och rotor. Rotorns blad
är 49 m långa, navhöjden väljs till 100 m och sveparean är
7854 m2.

Turbinen klarar temperaturer mellan -20◦ och 40◦ men
eftersom att dessa temperaturer nås så sällan har detta inte
tagits i beaktning. [35]

Specifikationer om turbinen, dess delar och funktion finnes
i sista delen av kontexten, A3. Underhåll.

Effektkurvan enligt turbinens specifikationer visas i Figur 4
nedan

C. Elproduktion och elmarknad

Den genomsnittliga effekten per år erhålls genom att man
multiplicerar värdena från graferna i Figur 3 och Figur 5
med varandra för att sedan integrera resultatet från tiden då

Figur 5: Graf över turbinens effekt vid olika vindhastigheter. [35]

vindmätningarna började 1961. Detta ger den genomsnittliga
effekten per timme.

Pmedel = 0, 7367427MW/h (5)

Den årliga elproduktionen för vindkraftparken blir då 1,94
GWh/år. Med medeleffekten enligt (5) för platsen kan även
energi per svept ytenhet och utnyttjandegraden beräknas enligt
(3) och (4)

0, 7367427 MW/h

7854 m2
= 0, 0938 (6)

där värdet från ekvation (6) går att jämföra med samman-
ställda värden från 2005 till 2012 utförda på 1365 vindkraft-
verk i Sverige, vilket gav en faktor på 0.0887. [13]

0, 7367427 MW/h

2, 6 MW/h
= 28, 34 % (7)

Utnyttjandegraden beräknad i ekvation (7) är fullt jämförbar
med verksamma vindkraftverk där en vanlig siffra är 30 %
[10].

För att ta reda på inkomsterna för parken analyseras el-
marknaden. Totala inkomsten per vindkraftverk ges då av
elpriset adderat med elcertifikatet vilket sedan multipliceras
med medeleffekten. För att få inkomsten per år multipliceras
värdet med dygnets timmar och årets dagar. Resultatet visas
nedan i ekvation (7).

Elmarknaden ser historiskt sett ut som Figur 6 där elpris
sammanställts från Nord Pools databas samt certifikatpris
hämtats från Svenska Kraftnät.

Ur Figur 6 beräknas medelvärdet på elpris+certifikatpris till
600,6122 kr/MWh. Tillsammans med medeleffekten i ekvation
(5) skulle det innebära att ett obundet elpris på elmarknaden
skulle bringa inkomst enligt ekvation (8). Anmärkningsvärt är
att detta enbart visar vilket medelpris ett obundet pris skulle
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Figur 6: Graf över elpris, elcertifikat och deras sammanlagda pris
för Jättendal

ha resulterat i mellan 2004 och 2013. Ett framtida exakt värde
för ett obundet pris går förstås inte att ge.

24 ∗ 365 ∗ 600, 6122 ∗ 0, 7367427 = 3876270, 69 SEK (8)

Vid en prissäkring så binds elpriset, men certifikatpriset
förblir rörligt. Nedan presenteras olika priser som hämtats från
NASDAQ gällande prissäkringar för elpris

Prissakring2ar = 304, 777 SEK/MWh,

Prissakring4ar = 296, 844 SEK/MWh,

Prissakring6ar = 307, 933 SEK/MWh,

Prissakring8ar = 330, 538 SEK/MWh

Prissakring10ar = 363, 378 SEK/MWh

Detta kan jämföras med det historiska medelvärdet på
elpriset på 370,9178 SEK/MWh vilket är högre. Detta in-
nebär att ett lägre pris kan fås vid bindning men med en
garanterad inkomst i bundet antal år oberoende av marknadens
svängningar.

Med obundet pris avser ett medelpris från marknadsdata från
2004-2012 som har medelvärdesberäknats. Med bundet pris
avser en prissättning där prissäkringen för nuvarande pris avser
hela 20-årsperioden och således är priset detsamma under hela
perioden. Det sistnämnda tar inte det faktiska marknadsvärdet
i framtiden i beaktning.

De totala inkomsterna per kraftverk inkluderat inkomster
från elcertifikat kan ses nedan

Obundet pris = 3876270, 69 SEK/ar,

Bundet2ar = 3449406, 82 SEK/ar,

Bundet4ar = 3398208, 95 SEK/ar,

Bundet6ar = 3469775, 87 SEK/ar,

Bundet8ar = 3615662, 29 SEK/ar,

Bundet10ar = 3827610, 47 SEK/ar

Den balansansvarige tar gentemot elproducenter en avgift
för att sköta balansen. Avgiften beror bland annat på hur stor
parken är och priserna kan ligga upp mot 50-60 kr/MWh. Om
en producent har flertalet parker i på ett större geografiskt
område, och således har en större möjlighet till produktion,
sänks ofta priset och kan sjunka mot 10-20 kr/MWh. Vid
en rundringning erhölls en ungefärlig balansansvarsavgift, för
en vindkraftpark i planerad storlek på sammanlagt 7,8 MW,
på 15-20 kr/MWh. Med en årlig elproduktion på 19361,6
MWh blir den totala kostnaden för balansansvar i det här
fallet mellan 5,808 och 7,745 miljoner kronor på 20 år.
Dessa uppgifter är ungefärliga och inte helt specificerade för
förstudien.

Totalt efter 20 år ger total intäkt inklusive balansan-
svarskostnaden

Obundet pris = 224, 831 till 226, 768 miljoner SEK,

Bundet2ar = 199, 220 till 201, 156 miljoner SEK,

Bundet4ar = 196, 147 till 198, 084 miljoner SEK,

Bundet6ar = 200, 442 till 202, 379 miljoner SEK,

Bundet8ar = 209, 195 till 211, 132 miljoner SEK,

Bundet10ar = 221, 912 till 223, 849 miljoner SEK

Det obundna priset avser som sagt ett medelpris från tidigare
år och ger således ingen säker information om framtida elpris.
Det finns många faktorer som påverkar elpriset, vilket innebär
att en framtida prognos är svår att ge.

V. DISKUSSION OCH REKOMMENDATIONER

A. Vinddata

Vid en förstudie är det viktigt att få en så verklig bild som
möjligt över vindhastighet i området som undersöks. Detta
utförs under flera års studier av insamlat data på en höjd
motsvarande vindkraftverkets nav. I detta projekt fanns inte
denna information tillgänglig och istället användes vinddata
från SMHI:s väderstation på Brämön, som ligger 3,5 mil
nordost om Jättendal. Medelvindhastigheten enligt dessa data
är 5,4 m/s och kan jämföras med MIUU-undersökningen som
visar att medelvinden bör vara runt 7,5 m/s på en höjd 103
m.ö.h., enligt Figur 7.

SMHI-stationen ligger dessutom på en ö, vilket kan påverka
resultatet ytterligare då vindfördelningen generellt ser an-
norlunda ut vid havsbandet än inåt land. Detta ger skäl att
tro att vindförhållandena kan vara gynnsammare än vad som
behandlats. En intressant fortsättning på detta projekt vore att
köpa in en gammal undersökning som utförts där en park
byggts upp för att kunna modellera riktiga vinddata. Då skulle
även andra intressanta aspekter kunna tas i beaktning till
exempel vegetationens påverkan på vinden. En osäkerhet för
framtiden är även hur möjliga klimatförändringar kan komma
att påverka vindförhållandena.

Att bygga vindkraftparker till havs har högre investerings-
kostnader och större förluster men har generellt sett bättre
vindförhållanden. Förlusterna uppstår då elen transporteras
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Figur 7: MIUU-mätning för lokala vindhastigheter för Jättendals
närområde [29].

under vattnet långa sträckor och det är svårare att byg-
ga och underhålla vindkraftverk ute till havs till orsak av
otillgängligheten.

B. Turbinstorlek

Vid val av turbin bör flera aspekter tas i beaktning. Turbiner
har olika egenskaper och detta bör vara något som undersöks
efter att vinddata är presenterat. Till exempel så kan det vara
ett bra val att välja en turbin som har börjar generera el vid
låga vindhastigheter om medelvinden är låg. Dessa turbiner
ger ofta lägre effekt vid höga vindhastigheter och på detta
sätt får man anpassa vindturbinen efter vindförhållandena. En
förbättring i detta projekt skulle kunna vara en turbin som just
har ovan nämnda egenskap. Vald turbin börjar generera el vid
vindar på 3 m/s och på detta sätt går energi förlorad.

C. Elmarknad

På elmarknaden finns många parametrar som kan påverka
ett framtida prisläge. Skiftande pris på elcertifikat samt ut-
byggnad av vindkraft i Sverige totalt sett påverkar marknaden
på olika sätt. En tydlig påverkan ses för året 2012-2013 då
elpriset gick ned rejält. Det som i slutändan sätter priset är
mängden producerad el jämfört med efterfrågan på el. Ett
exempel kan vara stigande elpris om vattenkraftmagasinen har
lägre vattennivå än normalt eller om ett kärnkraftverks reaktor
tillfälligt stängs av. Eftersom el även handlas internationellt
så handlar det till stor del om konjunktursvängningar och
valutakurser. Här påverkar även olja och kolpriser då en del av
internationellt producerad energi kommer från dessa råvaror.
[36]

Elcertifikaten har stor betydelse för vindkraftparkers
lönsamhet, då de totala elpriserna till följd av detta höjs.
Om det styrmedlet inte fanns skulle många parker inte gå
med någon lönsamhet alls. Här måste en kompromiss ske då
elanvändare, elleverantör och elproducent måste ta ställning
till högre elpris och således lägre koldioxidutsläpp.

Framtida prognoser av elmarknaden visar inte på någon
nedgång och verkar gå långsamt uppåt, se Figur 8. [37]

Figur 8: Graf över framtida elpris och elcertifikatpris [37].

Intäkterna från denna förstudie bör med hänsyn till
ovanstående ses som lågt räknade.

En intressant fortsättning på arbetet vore att analysera
vindkraftens påverkan på elmarknaden. Det finns forskning
som visar att elpriset sjunker när det blåser mycket som ett
resultat av tillfälligt ökande eltillgång.

VI. SLUTSATS

Ett vindkraftverk kostar i dag någonstans mellan 10 och
13 miljoner SEK/MW att bygga [34]. Priset för denna vind-
kraftpark bestående av tre stycken vindkraftverk på 2,6 MW
styck ger en totalkostnad på mellan 78 och 101,4 miljoner
SEK. Inkomsten för vindkraftparken under 20 år kommer att
bli mellan 200 och 225 miljoner SEK, avräknat avgift för
balansansvar.

Detta ger oss ett totalt överskott på mellan 98,6 och 147
miljoner SEK.

Övriga utgifter för vindkraftparken kommer att tillkomma
för underhåll samt förluster i elnätet.
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väder,” April 2010. [Online]. Available: http://energinytt.se/vindkraft/
all-time-high-for-vindkraften-i-kallt-vader/

15



A1. ELPRODUKTION FÖR VINDKRAFTPARK
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Sammanfattning—I och med dagens stora efterfrågan på 

förnyelsebar energi finns intresse av att undersöka lönsamheten i 

att anlägga flertal vindkraftsparker runtom i Sverige. Till följd 

av detta har en förstudie gjorts som omfattar anläggning av det 

interna elnätet hos en mindre vindkraftspark på 7.8 MW i 

Jättendals kommun. En kortare beskrivning av hur 

vindkraftverkens turbiner samverkar med elnätet gjordes 

varefter det motiveras varför det är lämpligt att göra förstudien i 

Jättendals kommun. En beskrivning av vilka komponenter som 

kommer att användas i vindkraftsparken samt en kostnadskalkyl 

för komponentvalen sammanställdes. De anslutningskrav som 

mindre produktionsanläggningar ska förhålla sig till vid 

anslutning till elnätet sammanfattas och det undersöks huruvida 

vindkraftsparken är fullt berättigad att upprätta en anslutning. 

Energiförlusterna sammanställdes och med ett riktpris för 

försäljning av el kan kostnaderna för dessa förluster beräknas. 

Det visade sig att vindkraftsparken inte uppfyllde vissa 

anslutningskrav. Detta belyser vikten av att använda högre 

spänningsnivåer än 10 kV vid kraftöverföring i det interna nätet 

hos en 7.8 MW-produktionsanläggning på bekostnad av 

införskaffandet av en transformator.  

I. INTRODUKTION 
    Användning av vindkraftverk för storskalig produktion av el 
har först på senare tid blivit en mer utbredd och omtalad 
lösning på världens framtida energibehov [1]. Det var efter 
oljekrisen 1973 [2] som forskningen inom vindkraft började ta 
fart. EU har satt upp vissa mål gällande förnyelsebar energi 
och kräver att Sverige skall öka sin produktion från dagens 40 
% (av totala energiproduktionen) till 49 % till år 2020. 
Prognoser visar på en årsproduktion av 12 TWh vindel år 
2020 vilket skulle vara det dubbla mot dagens [3]. Detta 
medför att det är i nuläget viktigt sprida intresse och kunskap 
om vindkraften som energikälla eftersom denna energikälla 
kommer i framtiden att utgöra en större andel av totala 
energiproduktionen jämfört med vad den gör i nuläget. 
    Syftet med rapporten är att ge läsaren en tydlig bild av 
processen att designa ett elnät för en mindre vindkraftspark. 
Rapporten är därmed utformad så att reproducerbarheten är i 
fokus vid beskrivning av alla moment som ingår i förstudien. 
Förstudien behandlar följande frågeställningar: 
 

 Vilka typer av ledare bör man använda?  
 Vilka övriga komponenter behövs till elnätet och hur 

ska de utformas? 
 Vilka spänningsnivåer bör man använda? 
 Hur stora blir de elektriska förlusterna? 
 Vilka metoder kan användas för att säkerhetsställa att 

anslutningskrav är uppfyllda? 

 
 

 
Den sammanlagda kostnaden för ledningsförlusterna och 
interna elnätet läggs ihop med totala kostnaden för att ha 
vindkraftsparken i drift (se Delprojekt A3 ”Underhåll av 

vindkraftverk). Vinsten för vindkraftsparken beräknas (se 
Delprojekt A1 ”Elproduktion för vindkraftpark”) och med 
samtliga resultat sammanställda visas det om vindkraftsparken 
är lönsam (se ”Kontextsammanfattning” för kontext A).  
    Målet med förstudien är att lyckas upprätta en möjlig 
lösning till design av ett internt elnät som ska kunna förbinda 
de enskilda vindturbinerna till ett befintligt elnät och 
möjliggöra transport av den producerade energin till det 
befintliga elnätet på ett sätt som är ekonomiskt lönsamt. Det 
som redovisas är kostnaderna för material och förläggning av 
elnätet samt en uppskattning av förlusterna i det interna 
elnätet. 
    Arbetet är emellertid begränsat till att endast studera ett 
typfall av en vindkraftspark med tre vindturbiner anslutna till 
ett befintligt elnät med en bestämd spänningsnivå. Då varje 
förstudie på en vindkraftspark är unik så är det inte tanken att 
man ska kunna applicera allt i detta arbete på en ny situation, 
men det ska gå att använda rapporten som en god vägledning. 
På detta sätt så kan läsaren undvika att falla i tidsödande 
fallgropar. 

II. DESIGN 

A. Turbin 

Till denna förstudie valdes 3 stycken V100-2.6 MW-turbiner 
från Vestas. Turbinen har en fyr-polig dubbelmatad 
asynkrongenerator (DFIG) som alstrar el med frekvensen 50 
Hz och levererar en spänning på 0.4 kV. Effektkurvan för 
turbinen visas i Fig. 6. Turbinen innehar en så kallad step-up 
transformator som är lokaliserad i vindkraftverkets torn. Step-
up transformatorn kan transformera upp den utmatade 
spänningen från generatorn till 10 kV, 22 kV eller 33 kV för 
att minska ledningsförlusterna (se Avsnitt III-B). Den 
dubbelmatade asynkrongeneratorn har förmågan att oberoende 
av vindens hastighet hålla konstant amplitud och frekvens på 
den producerade elen [4]. Detta gör att dessa generatorer kan 
direkt kopplas in i nätet och synkronisera med nätets frekvens 
och spänning. En ytterligare fördel med den dubbelmatade 
asynkrongeneratorn är att den reglerar effektfaktorn så dess 
värde hålls till 1 [5] som är det ideala förhållandet vid 
distribution av el. Vid användning av den dubbelmatade 
asynkrongeneratorn behöver de kraftelektroniska 
komponenterna endast behandla cirka 30 % av generatorns 
märkeffekt, dvs. den effekt som produceras av eller matar 
rotorlindningarna.  Detta medför att komponenterna kan 
dimensioneras för 30 % av märkeffekten [6] vilket i sin tur 
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bidrar till minskade kostnader samt effektförluster jämfört 
med t ex. om en trefasig synkrongenerator skulle tillämpas då 
man dimensionerar för 100 % av generatorns märkeffekt. Fig. 
1 beskriver en modell av den dubbelmatade 
asynkrongeneratorn. En noterbar nackdel hos dessa 
vindturbiner är dess känslighet för nätverksstörningar. 
Speciellt spänningsdippar hos nätet utgör en fara då det 
orsakar överströmmar och överspänningar i rotorlindningen 
som i sin tur kan förstöra AC-DC-omvandlarna [6]. 
Installation av lämplig skyddstutrustning kan dock förhindra 
detta (se Avsnitt II-E). För att få en utförlig motivering varför 
denna vindturbin valdes hänvisas läsaren till delprojekt A1: 
”Elproduktion för vindkraftverk”. Effektkurvan för 
vindkraftverket är hämtat från produktbladet [7] och 
presenteras i Fig. 6. 
 

 

B. Platsval 

Valet att anlägga vindkraftsparken på Månberget i Jättendal 
(se Fig. 2) beror på att platsen uppfyllde följande tre krav som 
utformades under projektstarten:  

 
 Det ska finnas befintliga vägar till platsen för att 

minimera de extra kostnader som uppkommer vid 
transport av vindkraftsturbinerna. 

 I närheten av vindkraftsparken ska det finnas ett 
befintligt elnät med anslutningsmöjligheter. 

 Platsen ska ha närhet till en väderstation där 
dokumenterad vinddata finns tillgängligt. 

 
 

C. Befintligt elnät 

    Det svenska transmissionsnätet delas in i tre olika 
kategorier: 
 

 Stamnät 
 Regionnät 
 Lokalnät 

 
 
    Stora produktionsanläggningar (25 MW eller mer [8]) bör 
anslutas till stam- och regionnätet medan mindre anläggningar 
förhåller sig till lokalnäten. Stamnätets spänningsnivå ligger 
på 220 kV eller 400 kV. Regionnätet har spänningsnivåer 
mellan 30 kV till 130 kV. Med benämningen lokalnät syftar 
man på både distributionsnätet och lågspänningsnätet. Typiska 
spänningsnivåer för distributionsnätet är 10 kV eller 20 kV 
och för lågspänningsnätet 400 V [9]. Förstudien kommer att 
behandla fallet då vindkraftsparken ansluter till 
distributionsnätet på 10 kV. Region- och lokalnäten i Jättendal 
ägs av E. ON Elnät Sverige AB [10]. 
 
 

D. Utplacering a v turbiner 

    Eftersom rotordiameterna är på 0.1 km så anses 0.6 km vara 
ett fullgott avstånd att ha mellan vindturbinerna, dvs. 6 gånger 
rotordiametern då turbinerna är placerade på en enkel rad [11]. 
Ställverket som kommer att behöva införskaffas (se Avsnitt II-
E) för att dirigera den producerade energin är placerad intill 
den mittersta vindturbinen (se Ställverk i Fig. 2 samt Ställverk 
i Fig. 3). Enligt samråd med nätverksägaren kommer 
anslutningen av vindkraftsparken ske via transformatorstation 
M62 i Sandbäcken (Se M62 Sandbäcken i Fig. 3). En kabel på 
4 km läggs för att länka samman ställverket med 
transformatorstationen. Anslutningen kommer att ske på 
transformatorstationens 10 kV-skena och E. ON kommer att 
bygga ett nytt fack för att möjliggöra uppkopplingen. Med 
utbyggnad av ett fack menas att vid sekundärsidan av 
transformatorn så ställs brytare, frånskiljare och 
kontrollutrustning upp. 
 

E. Komponenter 

    För att kunna distribuera ut den energi som vindkraftverken 
producerar till elkonsumenter så måste ett nät konstrueras som 
sammansluter vindkraftverken med transmissionsnätet. Nätet 
kan bestå av kablar, transformatorer, kondensatorer, ställverk 

Figur 1.    Modell av en DFIG 

Figur 2.    Beskrivning av placeringen av  
Vindkraftsparkens komonenter på Månberget i Jättendal 
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och andra installationer som möjliggör energitransport och 
bidrar bland annat till övervakning och stabilisering av 
energiproduktionen vid drift och skydd mot haverier. Detta 
avsnitt ger en kortare beskrivning av komponenterna och dess 
funktion. 
    
    1) Kablar: Kablar används för att transportera den 
producerade energin från kraftanläggningen till det befintliga 
elnätet. Enfas-kablar och trefas-kablar finns att tillgå på 
marknaden där man kan antingen transportera energin genom 
användning av tre stycken enfas-kablar eller en trefaskabel 
[12]. Denna förstudie kommer att använda trefaskabel på 
grund av symmetriegenskaper hos trefaskabeln som tre 
stycken enfaskablar saknar vilket underlättar 
energiförlustberäkningarna hos kabeln. De material som finns 
att välja mellan är koppar eller aluminium. Även om koppar 
har en högre ledningsförmåga än aluminium så görs 
antagandet att de minskade ledningsförlusterna som erhålls vid 
användet av kopparkabel inte kommer vara ekonomiskt 
fördelaktigt med tanke på att kopparpriset i dagsläget är cirka 
4 gånger dyrare än aluminiumpriset [13]. Detta motiverar valet 
av aluminiumledande kabel framför kopparledande kabel. 
Transporteringen av den producerade energin kan ske via 
luftledning eller markkabel. För luftledningar finns en risk att 
fallande träd kan skada ledningsnätet [14] varför valet görs att 
använda markkablar framför luftledningar. De kabelmodeller 
som kommer att användas för det interna parknätet är 
Axclight-F LT 12 kV 3x240/35 och Axclight-F LT 12 kV 

3x95/25 från tillverkaren Nexans [15]. Den förstnämnda 
kabelmodellen används för att ansluta respektive vindturbin 
med det införskaffade ställverket (se Fig. 2) och den 
sistnämnda kabelmodellen används för att koppla samman det 
införskaffade ställverket med transformatorstation M62 i 
Sandbäcken. Vid val av kabelmodell är det väsentligt att ta 
reda på dess maximala belastning varför två modeller har 
valts. Kabeln mellan ställverket och transformatorstation M62 
kommer att belastas av alla vindturbiner och har därmed större 
dimensioner än kabeln mellan de enskilda turbinerna. 
Kablarnas egenskaper är presenterade i Tabell I.                  
 2) Transformatorer: En transformators uppgift är att 
transformera upp eller ner spänningsnivån. Vid effekttransport 
över långa sträckor kan en transformator transformera upp 
spänningen i ledningen som innebär minskade 
ledningsförluster (se Avsnitt III-B). I denna förstudie används 
de inbyggda step-up transformatorer som ingår i vindturbinen 
för att transformera upp spänningen i nätet från 0.4 kV till 10 
kV. Vestas [16] har inte valt att uppge märkdata för deras 
step-up transformatorer.               
 3) Ställverk: Kortfattat är ställverket en installation som 
förekommer i elektriska kraftsystem vars uppgift är att 
leverera och distribuera energi på ett säkert sätt till elnätet och 
till elkonsumenter. I denna förstudie används ett ställverk som 
agerar anslutningspunkt (Se Avsnitt III-A) för de tre 
vindturbinerna för att stabilisera effektflödet och på säkert sätt 
distribuera ut den producerade energin till elnätet. Ur 
tillverkaren Schneider Electronics [17] sortiment valdes 
mellanspänningsställverket Delta H2000 utrustat med 
reläskydd. Ställverket behöver förläggas i en så kallad 
nätstation som skyddar ställverket mot omgivande miljön. 
Även vindturbiner är bestyckade med ställverk som står 
innanför skalet i foten av ståltornet men dessa kommer dock 
inte att behandlas då dessa levereras med vindturbinerna. 
    4) Kondensatorer: Kondensatorer används bland annat för 
faskompensering när kraftledningarna transporterar elen över 
stora avstånd.  I denna förstudie approximeras 
kraftledningarna i det interna elnätet som korta (se Avsnitt III-
B) varför kondensatorer inte kommer att utnyttjas.  
    5) Reläskydd: Det är inte ovanligt att fel uppstår i 
elkraftssystem. Utan reläskydd kan exempelvis felström 
orsaka stor skada på utrustning och elnätet [18]. Reläskydden 
har som uppgift att detektera dessa fel och när ett fel har 
detekterats signaleras strömbrytare som isolerar den felande 
delen från systemet medan resterande delen kan fortsätta att 
hållas i drift. Det finns fyra egenskaper som karakteriserar ett 
reläskydds duglighet [19]: 
 

 Pålitlighet 
 Selektivitet 

TABELL I 
KABLAR 

 

Modell Impedans [Ω/km] Pris [kr/m] 

Axclight-F LT 12 kV 3 240/35 Z = 0.125 + j0.08 190 

Axclight-F LT 12 kV 3 95/25 Z = 0.320 + j0.10 110 

 

Figur 3.    Modell av det interna elnätet. Notera att figuren inte är 
skalenlig 
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 Snabbhet 
 Känslighet 

 
Med pålitlighet menas reläskyddets förmåga att aktiveras vid 
behov. Med selektivitet menas reläskyddets förmåga att 
lokalisera vilken del av systemet som felar och därefter isolera 
det från den del av systemet som fungerar. Med snabbhet 
menas reläskyddets förmåga att agera under det tidsintervall 
som eftersträvas. Agerar reläskyddet för långsamt finns en risk 
att skador på systemet inträffar för att felet inte åtgärdas i tid 
men agerar reläskyddet för snabbt skapas transienter som inte 
är önskvärt. Med känslighet menas reläskyddets förmåga att 
agera då maximala gränsen för tillätna värden precis 
överstigits. 
    Det finns flertal typer av reläskydd att utrusta en 
produktionsanläggning med. Skriften AMP [8] ställer följande 
krav på vilka skydd som ska installeras hos en mindre 
produktionsanläggning: 
 

 Över- och underfrekvensskydd 
 Trefasigt över- och underspänningsskydd 
 Kortslutningsskydd 
 Överströmsskydd 
 Jordfelsskydd 
 Bakeffektskydd 
 Osymmetriskydd 

 
    För att uppnå ställda anslutningskrav används Sepam Series 
reläskydd vilket kan bestyckas med flertalet skyddsfunktioner 
[20]. Skyddsfunktionerna som [8] kräver blir därmed 
tillgodosedda.  
    Det finns även reläskydd i de ställverk som står i 
vindturbinerna där deras uppgift är bland annat att skydda 
step-up transformatorn men dessa reläskydd kommer inte att 
behandlas då de levereras med vindturbinerna. 

III. ELNÄTETS EGENSKAPER 
 

A. Elkvalitetsfenomen 

    I takt med att fler storskaliga vindkraftsparker ansluter sig 
till elnätet utgör detta en signifikant påverkan på elnätets 
komponenter och elkvaliten. Det medför att vissa lagar och 
föreskrifter har arbetats fram som vindkraftsparker måste 
förhålla sig vid uppkoppling mot elnätet [21]. Svensk Energi 
har arbetat fram två föreskrifter, ASP [22] respektive AMP 
[8]. ASP är föreskrifter inriktat på anläggningar med en effekt 
på 25 MW eller mer och ASP belyser om att uppkoppling, 
drift och underhåll av större produktionsanläggningar kräver 
en mer detaljerad förstudie än vad som krävs för att anrätta en 
mindre produktionsanläggning. AMP är å andra sidan primärt 
inriktad på uppkoppling av vindkraftverk med en total effekt 
på 1.5 MW eller mindre. Eftersom förstudien undersöker en 
vindkraftsanläggning med en total effekt på 7.8 MW borde 
man förhålla sig till och ta del av bestämmelser från både 
AMP och ASP. Den här rapporten fokuserar dock endast på 
föreskriften AMP då en integrerad lösning är mer tidskrävande 
och inte lika standardiserad.  

AMP har definierat två begrepp som är värdefulla att känna 
till vid beräkning av elkvaliteten. Dessa begrepp är 
”Anslutningspunkt” och ”Sammankopplingspunkt”. 

Definitonen av anslutningspunkt är den nod i elnätet där ett 
eller flera vindkraftverk kopplar upp sig till elnätet. Ett 
ställverk kan agera anslutningspunkt för att möjliggöra 
uppkoppling av flertal vindkraftverk mot distributionsnätet där 
ställverket har ett inkommande fack för varje vindkraftverk 
och ett utgående fack [23]. Sammankopplingspunkt definieras 
som den punkt i nätet där ledningen ut från vindkraftsparken 
möter en annan del i nätet med andra installationer, se Fig. 4. 
En vindkraftspark som producerar energi med oregelbundna 
spänningsnivåer påverkar dessa installationer i negativ 
benämning som kan bli kostsamt för nätägaren om inte 
föreskrifterna i AMP tillämpas. Det innebär att det måste 
säkerstallas att anläggningens effektinmatning samverkar med 
befintliga nätet och dess installationer så det inte utgör fara för 
varken allmänheten eller installationerna. Speciellt eftersträvas 
en spänning som är fullt symmetrisk, rent sinusformad med 
stabil frekvens och amplitud [24]. 
    Den distorterade spänningen som uppkommer vid start 
och/eller drift av produktionskällorna kan beskrivas och 
karakteriseras med hjälp av olika elkvalitetsfenomen [24]. 
Denna rapport har utifrån [8] valt att undersöka följande 
elkvalitetsfenomen: 
 

 Långsamma spänningsvariationer 
 Snabba spänningsvariationer 
 Övertoner 

 
En kortare beskrivning av dessa elkvalitetsfenomen samt hur 
de ska få uppföra sig för att en säker anslutning skall kunna 
garanteras med hänsyn till kraven ställda av [8] redovisas 
nedan. 
    1) Långsamma spänningsvariationer: Största bidragande 
orsaken till att spänningsvariationer i nätet uppstår är den 
varierande lasten och effektutmatningen från vindkraftverken 
[25]. Följande formel kan tillämpas för att beräkna de 
långsamma spänningsvariationerna: 

Figur 4.    Beskrivning av hur 3 vindkraftverk som kopplas upp till det 
interna parknätet bildar 4 anslutningspunkter som sluter samman I en 
sammankopplingspunkt lokaliserad vid en befintlig installation 
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där ΔU är skillnaden mellan spänningen i transmissionsnätet 
vid sammankopplingspunkten   och anslutningspunkten för 
de tre vindkraftverken   . R och X är resistansen respektive 
reaktansen för kabeln som sammanbinder anslutningspunkten 
för de tre vindkraftverken med sammankopplingspunkten (se 
Fig. 5). P och Q är aktiva respektive reaktiva effekten som 
matas in i anslutningspunkten. P sätts lämpligen till den 
maximala inmatade effekten som brukar anges i databladet för 
vindkraftverket [26]. Dessa spänningsvariatoner får max vara 
2.5% av spänningens effektivvärde i 
sammankopplingspunkten.  
     2) Snabba spänningsvariationer: Vid igångsättning och 
drift av vindkraftsparker uppkommer snabba 
spänningsvariationer som kallas flickeremission. Variation av 
vindhastighet, vindgradienten och tornskugga orsakar en 
oregelbunden effektproduktion som skapar flickeremissionen 
[27]. Glödlampor som börjar variera i ljusintensitet och 
orsakar ett flimmer är ett exempel på en visuell effekt av dessa 
snabba spänningsvariationer och kan bland annat störa 
hjärnans nervceller vid exponering [28]. Därför finns det ett 
intresse av att undersöka vad styrkan på flickeremissionen är i 
sammankopplingspunkten. Flickeremissionen ska anges som 
ett 10-minutersmedelvärde     där st står för ”Short time” eller 

som ett 2-timmarsmedelvärde,    , där lt står för ”Long time” 

[29]. AMP beskriver hur flickeremissionen kan beräknas i 
anslutningspunkten för ett vindkraftverk som kopplas in i 
befintliga elnätet men det framgår inte vad flickeremissionen 
är i sammankopplingspunkten [30]. I [8] så saknas även en 
generell analytisk metod för när flickeremissionen ska 
beräknas i en punkt då flera vindkraftverk ingår i det interna 
elnätet [30]. En uppskattning av vad flickeremissionen är i 
sammankopplingspunkten för en produktionsanläggning som 
består av endast ett vindkraftverk kan dock göras. Då antar 
man att flickeremissionen i sammankopplingspunkten är 
likadan som i anslutningspunkten. Detta anses vara ett 
godtagbart antagande enligt [30]. Beroende på hur 
vindkraftsparken är utformad finns det flera olika antaganden 
som kan göras för att sedan kunna uppskatta flickeremissionen 
i sammankopplingspunkten för en produktionsanläggning som 
innehåller flera vindkraftverk, se [30]. Att göra korrekta 
antaganden för just denna vindkraftspark anses kräva vissa 
kunskaper som inte projektgruppen besitter. Därför kommer 
en uppskattning av vad flickeremissionen är när alla tre 
vindkraftverk är i drift att utelämnas. I enlighet med [8] får     

från en enskild produktionskälla inte vara större än 0.25. 
Följande formel används för att beräkna detta: 
 

            
 
   

    

  

                                         

 
där        är verkets flickerstegfaktor som ges vid 
kortslutningsvinkeln   . N är det maximala antalet tillåtna 
inkopplingar/frånkopplingar av vindkraftverk under 2 timmar. 
     är generatorns märkeffekt och    är nätets 
kortslutningseffekt.     N och      erhålls från 
vindkraftstillverkaren. Kortslutningseffekten    bestäms av 
driftspänningen U i den punkt som undersöks och 
kortslutningsimpedansen enligt: 
 

   
  

  

                                                       

 
där    är kortslutningsimpedansen från 
sammankopplingspunkten till anslutningspunkten. 
Kortslutningsvinkeln    som är den fasvinkel som ges vid 
kortslutning erhålls genom följande formel: 
 

          
  

  

                                           

 
där    är kortslutningsreaktansen och    är 
kortslutningsresistansen.  
    3) Övertoner: Med elkvalitetsfenomenet övertoner menas 
de spänningar och strömmar vars frekvenser som är en 
heltalsmultipel av nätfrekvensen 50 Hz överlagras på de 
ordinarie spännings- och strömkurvorna och orsakar en 
distortion av vågformen. Om de ordinarie kurvorna blir alltför 
deformerade kan det leda till minskad livslängd av elnätets 
komponenter [31]. Eftersom vindturbinernas generatorer i 
denna förstudie använder kraftelektroniska komponenter 
såsom AC/DC-omvandlare (se Fig. 1) kommer dessa att ge 

Figur 5. Modell av kort ledning 

Figur 6.    Effektkurva för vindturbinen V100-2.6 MW. Bilden är 
hämtad från Delprojekt A1 ”Elproduktion från vindkraftverk”. 
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upphov till distorterade vågformer [31]. Därför finns det 
intresse av att undersöka detta fenomen. Enligt [8] är den 40:e 
övertonen den högsta tillåtna övertonen i en signal. Lämpligen 
studerar man övertonerna genom att utföra mätningar av 
spänningen och strömmen från varje enskild vindturbin. Sedan 
studeras frekvensspektrat från de uppmätta signalerna för att 
finna de frekvenskomponenter som bygger upp signalen [32]. 
 

B. Ledningsförluster 

 
    Ledningarna används för att möjliggöra energitransport från 
produktionskällan till det befintliga elnätet. Denna 
energitransport kommer inte att ske förlustfritt. Ledningarna 
hettas upp vid effekttransport och avger energi i form av 
värme. För att ta reda på dessa effektförluster behövs 
kännedom om ledningarnas egenskaper. En trefas kraftledning 
har ledarresistivitet som beror på materialets egenskaper samt 
ledningens dimensioner, shuntkonduktans som orsakas av att 
läckströmmar uppkommer i isolationen, induktans på grund av 
det magnetfält som skapas runt ledarna samt shuntkapacitans 
på grund av de elektriska fälten mellan ledarna och mellan 
ledarna och jord [33]. Längdberoendet har en inverkan på hur 
dessa effekter påverkar kraftöverföringen i ledningen. Enligt 
[33] så kan man modellera ledningar som är kortare än 100 km 
som en ”kort ledning” och då försummas ledningens 

shuntkonduktans och shuntkapacitans. Impedansen för denna 
ledning blir: 
 

                                                        
 
 
där    och    är ledningens resistans respektive reaktans. 
Effektförlusterna beräknas då enligt följande formel: 
 

       
                                                    

 
där I är fasströmmen. Genom omskrivningar enligt [33] erhålls 
följande samband för effektförlusterna: 
 

     

     

  
                                             

 
där P, Q och U är den reaktiva effekten, aktiva effekten och 
huvudspänningen U i antingen sändar- eller mottagarpunkten. 
Enligt Avsnitt II-A kan man med användandet av ett DFIG-
system erhålla en effektfaktor med värdet 1 och därmed sätta 
Q=0 och följande samband erhålls för effektförlusterna i 
ledningen: 
 

     

  

  
                                                  

 
Det framgår enligt (8) att en ökning av spänningsnivån i 
ledningen ger lägre effektförluster. 
    Vinden är av stokastisk natur och bidrar till att 
effektproduktionen och effektförlusterna från en vindturbin 
inte är konstant. För att göra en estimering på 
energiförlusterna i ledningarna måste man under lång tid mäta 
vindhastigheten på det område som man valt att göra 

förstudien. Om man kan beskriva de insamlade 
vindhastigheterna med en fördelningsfunktion är det möjligt 
att beräkna energiförlusterna i kWh/år enligt följande formel: 
 

                                                        

 
där       är effektförlusterna som funktion av vindhastigheten 
[34] som fås genom att beräkna ekvation (8) för varje specifik 
vindhastighet med användandet av effektkurvan för 
vindturbinen (se Fig. 6). Därefter beräknas ekvation (9) 
numeriskt. 
    Större energiförluster innebär en lägre effektinmatning till 
elnätet och färre sålda kilowattimmar. Kostnaden för 
energiförlusterna beräknas enligt: 
 

                                                           
 
där      är priset i kr för varje såld kilowattimme.  Totala 
inkomsten för vindkraftsparken beräknas med hjälp av 
följande formel: 
 

                                                        
 
där    är totala producerade energin i kWh/år.  

IV. PRAKTIK 
 
Nedan sammanställs de materialkostnader samt 
förläggningskostnader som tillkommer i samband med 
anläggningen av vindkraftsparken. Dessutom undersöks om 
vindkraftsparken uppfyller de krav som ställs av [8]. Slutligen 
redovisas hur stora ledningsförlusterna blir i nätet. 
 
 
 
 
 
 

Figur 7.    Fördelning av vindhastigheter på Månberget i Jättendal. 
Bilden är hämtad från Delprojekt A1 ”Elproduktion från vindkraftverk”. 
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TABELL II 
MATERIALKOSTNADER 

 

Anordning 
Kostnad 

[enhet]       Antal Summa [kr] 

Axclight-F LT 12kV 
3x240/35 

190 kr/m 4000 760 000 

Axclight-F LT 12kV 
3x95/25 

110 kr/m 1200 132 000 

Ställverk H2000 180 
kkr/st 

2 360 000 

Nätstation/ 
Ställverkshus 

87 kkr/st 1 87 000 

Totalt   1 340 000 

 
 

TABELL III 
FÖRLÄGGNINGSKOSTNADER [EBR -2008] 

 

Anordning 
Kostnad 

[enhet]       Antal Summa [kr] 

Marundersökning 2600 kr/km 5,2 13520 
Förplöjning 3800 kr/km 5,2 19760 
Kedjegrävning, 
förläggning, 
återfyllnad 

45500 kr/km 5,2 236600 

Totalt   270 000 

 

A. Komponenter 

 
Tabell II och III beskriver materialkostnaderna samt 
kabelförläggningskostnader för vindkraftsparkens elnät. 
Observera att dessa tabeller inte innefattar samtliga 
installationskostnader för att bygga elnätet men inkluderar de 
större utgifterna.  
 

B. Elkvalitetsfenomen 

 
    1) Långsamma spänningsvariationer: I enlighet med Fig. 5 
och med hjälp av (1) beräknas de långsamma 
spänningsvariationerna: 
 

  

  

 
     

  
  

                  

       
       

 
Notera att den reaktiva effekten Q sätts till 0 (se Avsnitt II-A). 
Eftersom att    

  
             så uppfyller 

vindkraftsparken inte de rekommendationer som är ställda av 
[8]. Det betyder att man behöver överlägga med ellevernatören 
(i detta fall E.ON) om produktionsanläggningen får tillstånd 
att kopplas upp till det befintliga elnätet. 
    2) Snabba spänningsvariationer: Informationen om 
flickerstegsfaktorn och maximala antalet tillåtna 
inkopplingar/frånkopplingar av vindkraftverket under 2 
timmar är sekretessbelagd. Därför har typvärden från ett 
dokument som har utarbetats av E.ON använts för att 
demonstrera principen för hur snabba spänningsvariationer 
beräknas [37]. Kortslutningsvinkeln fås enligt:  
 

          
  

  

         
      

       
          

 
Enligt [37] är     och för kortslutningsvinkeln 30° ges 
flickerstegsfaktorn            och. Med hjälp av (3) 
beräknas kortslutningseffekten enligt: 
 

   
  

  

 
      

                     
        

 
Slutligen fås ett värde på     ur (2): 
 

            
 
   

    

  

        
 
   

       

       
      

 
Eftersom att               så uppfyller ett enskilt 
vindkraftverk från vindkraftsparken (belägen 4 km från 
transformatorstationen) de rekommenderade gränserna som 
finns ställda av [8] förutsatt att de valda vindkraftverken har 
dessa typvärden. Antagligen har inte vindkraftverken exakt 
dessa typvärden varför någon ingående analys av resultatet för 
snabba spänningsvariationer är ointressant. 
    3) Övertoner: Eftersom vindkraftsparken är fiktiv kommer 
inga mätningar på övertoner att utföras. 
 

C. Ledningsförluster 

 
Med hjälp av programvaran MATLAB [35] beräknas 
ledningsförlusterna till 207 KWh/år. Totalt producerar 
vindkraftsparken 6,45 GWh/år (se Delprojekt A1 
”Elproduktion för vindkraftpark”). Detta ger en procentuell 
förlust på 0.003 %. Priset på varje såld KWh har inte uppgetts 
så kostnaden för förlusterna kan inte beräknas. 

V. DISKUSSION 
 

Jämförs kostnaden av att införskaffa turbiner med de totala 
utgifterna för vindkraftsparkens materialkostnader inser man 
att materialkostnaderna endast är en bråkdel av totala 
kostnaderna för vindkraftsparken [36]. Det betyder att vid 
materialval rekommenderas det inte att göra besparingar på 
bekostnad av kvaliteten. Fokus bör ligga på hur olika val av 
komponenter påverkar effektförlusterna samt elkvaliteten hos 
den producerade energin. 
    På grund av de komponentval som gjorts och den 
spänningsnivå som valts i det interna elnätet gav ekvation (1) 
värdet 0.039 som ett mått på de långsamma 
spänningsvariationerna hos vindkraftsparken. Detta är ett 
värde som översteg det maximala tillåtna värdet, det vill säga 
att 0.039 > 0.025. Med hänsyn till det som sagts ovan borde 
kablar med en lägre resistans ha prioriterats, eller alternativt 
borde man öka det interna nätets spänningsnivå med hjälp av 
step-up transformatorerna i vindturbinerna på bekostnad av att 
införskaffa en extra transformator som lämpligen placeras i 
sammankopplingspunkten. De inbyggda step-up 
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transformatorerna kan då användas för att höja spänningen i 
elnätet till antingen 22 kV eller 33 kV istället för 10 kV. 
   Den information som behövdes för att beräkna de snabba 
spänningsvariationerna hos vindkraftverken var 
sekretessbelagd. Det rekommenderas därför att ta reda på vilka 
turbinleverantörer som är villiga att lämna över den 
information som krävs för kunna beräkna ekvation (2) innan 
man väljer turbinmodell. Dessutom finns det utarbetade 
teoretiska modeller för att beräkna övertoner hos turbinen som 
kan undersökas men även då krävs en turbinleverantör som är 
generös med att dela ut information om turbinens egenskaper.  
    Att ledningsförlusterna i det interna nätet endast var en 
bråkdel av hela energiproduktionen belyser vikten av att vid 
platsval prioritera goda vindförhållanden över närhet till 
anslutning till det befintliga elnätet.  
    Sammanfattningsvis kan man efter att ha utformat denna 
fiktiva vindkraftspark konstatera att ett mer intressant 
slutresultat hade uppnåtts om dessa moment hade studerats 
mer ingående i projektstarten: 
 

 Undersöka vilka turbinleverantörer som är villiga att 
delge den information krävs för att säkerställa att 
anslutningskraven är uppfyllda 

 Undersöka anslutningsmöjligheter till det befintliga 
elnätet och införskaffa de teoretiska grunderna 
bakom hur anslutning i fack och på en skena fungerar 
och undersöker anslutning vid flera olika 
spänningsnivåer. 

 Testa tidigt under projektfasen att de komponenter 
som valts för elnätet uppfyller anslutningskraven så 
att de fel som dyker upp hinner åtgärdas i tid 

 

VI. SLUTSATS 
 
Denna rapport har sammanfattat stora delar av det förarbete 
som krävs för att inrätta ett internt parknät för en 
vindkraftspark som uppfyller de utformade anslutningskraven. 
Signifikanta deluppgifter som utelämnats är bland annat 
transportkostnader, lantmäteri, vägbyggen och kostnader för 
uppbyggnad av vindkraftverken. Stor vikt har lagts vid att 
rapporten ska ha en allmän och pedagogisk framtoning, 
speciellt vid förklaring av de begrepp och moment som ingår 
vid anläggning och anslutning av en vindkraftspark. Det går 
emellertid inte att framställa en alltför allmän rapport eftersom 
det råder olika anslutningsförhållanden vid olika platsval där 
inte bara tekniska frågor utan även juridiska frågor kan 
komma att behöva behandlas. Trots att inga allmängiltiga 
slutsatser kan dras från denna förstudie så är detta 
arbetsområde högaktuellt och förstudien påvisar att 
möjligheten finns för att i framtiden se en markant ökning av 
förnyelsebara energikällor som en lösning på den framtida 
globala energiefterfrågan. 
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Sammanfattning— Syftet med denna förstudie är att ta fram 
ett underlag för tillförlitligheten hos ett vindkraftverk. Metoden 
bygger på att med hjälp av matematiska formler och program 
ställa upp en modell för att räkna ut hur ofta det kan uppstå fel 
hos ett vindkraftverk. Dessutom ska rapporten redovisa och 
förklara olika begrepp, metoder och matematiska modeller för 
att kunna räkna fram dessa viktiga värden och skapa en pålitlig 
tillförlitlighetsanalys.  

Genom data som samlats in om antalet rapporterade fel hos 
vindkraftverk i Sverige med större effekt än 1 MW, har projektet 
räknat ut att medeltid till fel, MTTF, blir ca 2,5 år. Det betyder 
att det finns 50 % chans att det uppstår ett fel inom dem första 
2,5 åren efter installation. Detta redovisas och förklaras mer 
ingående under rubriken resultat och metod längre in i 
rapporten.  

 
Index— Tillförlitlighet, Tillgänglighet, Felfrekvens, Weibull 

fördelning, Vindkraftverk, Vindkraftpark.  
 

I. INLEDNING 
 

Människan har genom historien använt olika metoder för 
att utvinna olika former av energi ur vindens hastighet. En 
utav dessa metoder var vattenkvarnarna som dök upp ca 600 
e.Kr. ibland annat Kina och Persien. Där användes 
väderkvarnen till att mala sönder t.ex. mjöl. Sedan har dessa 
väderkvarnar börjat dyka upp i Europa under 1200-talet efter 
hemvända korstågsfarare. 

I slutet av 1800-talet tog den danske fysikern Poul la Cour 
och introducerade den första vindkraftverk för produktion av 
elektricitet. Redan tidigt 1900-tal fanns det hundratals 
vindkraftverk i bruk i Danmark[1]. Nu har industrin kring 
framtagning av förnybarenergi, speciellt vindkraft, blivit en 
viktig och populär teknik inom miljösynpunkt. Vindkraft är en 
växande metod inom Europa, speciellt i Tyskland där landet är 
största vindkraftsnationen i Europa räknat i installerad effekt. I 
Sverige har vi idag, enligt Svensk Vindenergi Ekonomisk 
Förening, i jämförelse mot 2011 en ökning med 18 % av 
installerade vindkraftverk. Vilket motsvarar totalt 2403 st. 
vindkraftverk. Kina, USA, Tyskland och Spanien är idag 
världsledande inom vindkraft med hänsyn till installerad kraft 
(MW). Sverige hamnar på 12:e plats med total 3,745 MW 
installerade, enligt statistik från 2012. Detta kan jämföras med 
Kina som har 75,564 MW och i Europa Tyskland som har 
31,332 MW installerade fram till 2012. Detta är ändå en 
markant ökning i Sverige i jämförelse med 2006 som var på 
571 MW vilket motsvarar en ökning på 529 MW per år. 

  
A. Problembeskrivning 

Kungliga Tekniska Högskolan i Stockholm (KTH) har 
valt att studera lönsamheten för att bygga en vindkraftpark 

bestående av tre turbiner. Projektet består av tre olika 
delprojekt där elproduktion, elnätskonstruktion och underhåll 
av vindkraftparken ska undersökas. I denna rapport kommer 
underhåll närmare att studeras. En genomgripande förstudie 
gällande underhåll kan i bästa fall eliminera eller åtminstone 
minimera ekonomiska förluster i form av reservdelar och 
stilleståndstid. För en god underhållsplan är det mest intressant 
att ha en god förstudie om tillförlitlighetsanalysen för 
vindkraftverken. Förstudien i denna rapport kommer redogöra 
hur det teoretisk går att bygger upp en modell för att räkna ut 
tillförlitligheten och räkna ut felfrekvensen med olika metoder 
och fördelningar. Med följd av att det är extremt svårt att hitta 
mera relevant data kring felintensitet för specifik 
vindkraftturbin, har projektet valt att koncentrera sig mer på 
att grundligt redovisa hur en tillförlitlighets analys för fel hos 
system som vindkraftverk ser ut.  

Figur 1 visar förhållandet för täthetsfunktionen för ett 
systems hållfasthet och belastning. Figuren illustrerar 
skillnaden på belastning och hållfasthetstätheten. Speciellt 
gäller det att se till att hålla ”svansarna” så långt borta från 
varandra som möjligt. Denna skillnad brukar kallas för 
säkerhetsmarginal som ger information om vilken säkerhet det 
finns i ett system mot fel [2].  

 
 

 
 

 
 

 
 

 
 
 
 
 
Figur 1. Interferens mellan fördelningen av hållfastheten och 

belastningen som ger arean för potentiellt brott [2].  
 

B. Val av plats och turbin 
Uppgiften började med att alla tre grupper tillsammans 

fick välja en lämplig plats för vindkraftparken. Sedan skulle vi 
tillsammans välja den leverantör av vindkraftturbiner som 
passar projektet bäst. Vindkraftparken skall bygga på Jättendal 
i Hälsingland (motivering kring val av plats beskrivs mer 
ingående i Kontext-A1). Dessutom ska parken innehålla tre st. 
turbiner från Vestas (V100-2,6 MW). Vestas är ett 
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internationellt känd företag för sina vindkraftturbiner och har 
haft stor betydelse i utvecklingen av vindkraftturbiner. Deras 
V100-2,6 MW kan operera inom en stor spalt av 
vindhastigheter. Turbinen har en Cut-in wind på 3.5 m/s och 
en Cut-out wind på 23 m/s. Vilket medför att turbinen kommer 
vara under elproduktion med stort tillgänglighet med avseende 
på vindhastigheten. För att minimera förlorad produktion på 
grund av stilleståndstid för service, kräver V100-2,6 MW 
endast 1 årlig service [3]. Dessutom påstår Vestas att turbinen 
är lätt att transportera och installera tack vare deras avancerade 
teknik. V100-2,6 MW kan skickas till nästan alla platser i 
världen - och alla komponenter uppfyller lokala och 
internationella gränser för standard transport. Maskinhuset 
kräver ingen montering på plats, vilket innebär ytterligare 
sänkning av kostnader. För mer information om dessa värden 
och mått kring V100-2,6 MW kan undersökas i [3]. 

 
II. TEORI 

 
Inom kvalitetsanalys används ofta två viktiga begrepp, 

nämligen säkerhet och tillförlitligheten hos produkten. Syftet 
med att ta fram en tillförlitlighetsmodell för en vara är att dels 
finna orsaker till fel och eliminera dessa, samt att finna 
konsekvenserna av fel och möjligt lindra eller eliminera dessa. 
Tillförlitligheten är en metod för att redovisa hur sannolikt det 
är för en funktion att överleva fel i tiden t. Detta innebär den 
tid en maskin fungerar tills en komponent går sönder och 
måste antingen repareras eller bytas ut mot en ny.  

 
A. Stilleståndstid 

Väntetiden som maskinen är ur funktion och står still i 
väntan på reparation kallas för downtime eller stilleståndstid. 
Detta begrepp är väldigt viktigt vid beräkning av en maskins 
tillgänglighet. Definitionen 1  av tillförlitligheten är 
sannolikheten för att enheten befinner sig i funktionsduglig 
tillstånd vid den angivna tidpunkten t. Det finns två olika 
begrepp inom stilleståndstid, oplanerad stilleståndstid som 
t.ex. den tid somsystemet är nere på grund av reparationer, och 
planerad stilleståndstid som är väntetiden då maskinen är ur 
funktion för planerade underhållsarbeten som t.ex. service. 

 
B. Driftsäkerhet 

När det talas om tillförlitlighet så är driftsäkerhet en 
nyckelparameter i beräkningarna. Figur 2 visar hur 
tillförlitligheten är beroende av tre olika viktiga begrepp inom 
underhåll av maskiner. Definitionen av dessa begrepp enligt 1 
är följande:  
• Driftsäkerhet: egenskap hos enhet att kunna utföra 

prestation under angivna betingelser med hänsyn tagen till 
prestationsnedsättning p.g.a. fel och underhåll. 

• Funktionssäkerhet: egenskap hos enhet att kunna utföra 
angiven prestation under angivna betingelser med hänsyn 
tagen till prestationsnedsättning p.g.a. fel. 

• Underhållsmässighet: egenskap hos en enhet som möjliggör 
att den under underhåll kan bibehållas i eller återställas till 

	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  	  
1	  Definitioner skrivet enligt svenska standarden SEN 441 05 05 tagen ur [2] 

ett tillstånd där den kan utföra angiven prestation när 
underhållet utförs under angivna betingelser. 

• Underhållssäkerhet: egenskap hos underhållsorganisation 
att under angivna betingelser tillhandahålla resurser som 
erfordras för korrekt underhåll av enhet. 

 
Figur 2. Sambandet mellan driftsäkerhet, funktionssäkerhet och 
underhållssäkerhet inom tillförlitlighetsteori [2]. 
 

 
  Figur 3. Schematiskt samband för de olika underhållstyperna [4]. 

 
 
C. Underhåll 

Underhåll, enligt Svensk standard1, består av två 
huvuddelar, Figur 3. Förebyggande underhåll, är åtgärder för 
att undvika att driftstörningar överhuvudtaget skall inträffa, 
och avhjälpande underhåll, reparation som utförs efter att fel 
har inträffat. Avhjälpande underhåll och oplanerad 
stilleståndstid är under samma kategori av underhållsarbete 
och sammanfaller oftast vid uppkomst av oförutsedda fel. 
Däremot så är förebyggande underhåll och planerad 
stilleståndstid den form av underhållsarbete som är planerad 
och förutsedd, som t.ex. service. Syftet med förebyggande 
underhåll är att se till att minska sannolikheten av förekomsten 
av fel. Dessa metoder är verktyg för att kunna optimera 
lagerhållningen och skaffa sig goda kunskaper om vilka 
reservdelar som är nödvändiga att ha i lager och vilka ska 
beställas vid behov och reparation.  
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III. METOD 
 

För att kunna ta fram en god tillförlitlighetsanalys måste 
goda kunskaper om teorin och begreppen inom området 
undersökas. Ett system som vindkraftpark måste övervakas 
och statistik om dess felfrekvens skall bokföras för att senare 
kunna undersöka systemets tillförlitlighet. Det är viktigt att 
veta vilken fördelning som är bäst att anpassa problemets 
felvärden med. Genom att anpassa data till en specifik 
fördelningsfunktion, i detta fall Weibullfördelningen, kan 
systemets felfrekvens och medeltid till fel uppskattas.  

Teorin som har använts för att genomföra denna studie 
som behandlas i rapporten är främst tagen ur [2, 5-7]. 

 
A. Sannolikhetsteori 

Livslängden eller tiden till fel hos en enhet beror på 
slumpen. Den är olika hos olika enheter av samma sort. 
Sådana slumpvariabler betecknas ofta Τ. Sannolikheten att 
enheten inte klarar t tidsenheter betecknas 𝐹(𝑡) och kallas 
fördelningsfunktion:  

 
𝑃 𝑇 ≤ 𝑡 = 𝐹(𝑡)	  	   	   	   	   (1) 
 

Av	  ett	  stort	  antal	  enheter	  av	  denna	  aktuella	  typ	  klarar	  
andelen	  𝐹(𝑡)	  av	   enheterna	   inte	   t	   tidsenheter	   utan	   fel.	   I 
tillförlitligheten är kunskapen av att en enhet klarar t 
tidsenheter mer relevant. Sannolikheten att en enhet klarar av 
att fungera under angivna t tidsenheter kallas 
Funktionssannolikhet (överlevnadsfunktion) och betecknas: 

	  
𝑅 𝑡 = 𝑃 𝑇 > 𝑡   𝑅 𝑡 = 1 − 𝐹(𝑡).  (2) 
 

Dessa funktioner är deriverbara med avseende på t. 
Derivatan av 𝐹(𝑡)  kallas frekvensfunktionen eller 
sannolikhetstätheten 𝑓(𝑡). Gäller: 

 
𝐹 𝑡 = 𝑓(𝑡)𝑑𝑡!

! , för t > 0      (3) 
 
𝑅 𝑡 = 𝑓(𝑡)𝑑𝑡!

! , för t > 0.   (4) 
 
B. Weibullfördelning 

Denna studie använder den kända Weibullfördelning för 
att räkna på 𝑅 𝑡 . Ernst Hjalmar Waloddi Weibull (1887-
1979) var professor inom maskinelement vid KTH och 
definierade Weibullfördelningen vid sina studier om materias 
hållfasthet och livslängd. Weibullfördelningen är väldigt 
flexibel och kan genom lämpliga val av parametrar generera 
många typer av felfrekvenser, 

 
𝑅 𝑡 = 𝑒!(!")!, för t ≥ 0, t är W(𝜆,𝛼).  (5)  
 
Speciellt gäller för 𝑡 = !

!
 då får vi att 𝑅 𝑡 = 0.37 för alla α > 

0. Detta innebär att ungefär 37 % av dem enheter vars tid till 
fel är Weibullfördelad W(𝜆,𝛼) överlever  𝑡 = !

!
 tidsenheter. 

Fenomenet brukar kallas för karakteristisk tid fel.  

 
C. Medeltid till fel,  𝑀𝑇𝑇𝐹 

Ett viktigt värde inom tillförlitlighetsanalys är medeltid 
till fel, 𝑀𝑇𝑇𝐹  (Mean Time To Failure). Eftersom 𝐹 𝑡  är 
deriverbar funktion (3), och att vi har : 

 
𝑀𝑇𝑇𝐹 = 𝐸 𝑡 = 𝑡𝑓(𝑡)𝑑𝑡!

! .    (6)  
 
Det är givet att 𝑓 𝑡 = −𝑅′(𝑡) och genom att lägga ihop (4) 
och (6) får vi att  
 
𝑀𝑇𝑇𝐹 = − 𝑡𝑅′(𝑡)𝑑𝑡!

!       
   
ekvationen skrivs om genom partialintegration:  
 
𝑀𝑇𝑇𝐹 = −[𝑡𝑅(𝑡)]∞0 𝑡𝑅′(𝑡)𝑑𝑡!

!  och om 𝑀𝑇𝑇𝐹 < ∞  blir 

resultatet att 𝑡𝑅 𝑡 ∞
0 = 0.  

 
Slutligen blir funktionen för medeltid till fel: 
 
𝑀𝑇𝑇𝐹 = 𝑅(𝑡)𝑑𝑡!

! .     (7) 
 

 Med den karakteristiska tiden till fel, 𝑡 = !
!
 kan vi till slut 

skriva om 𝑀𝑇𝑇𝐹 för ett system med W(𝜆,𝛼) som: 
 

𝑀𝑇𝑇𝐹 = !
!
Γ !

!
+ 1 ,       (8)    

 
där värdet på Γ fås av Tabell A.1 i [4].  

Viktigt är att räkna ut skalparametern λ och 
formparametern α vid beräkning av ett systems tillförlitlighet. 
För att kunna räkna ut dessa parametrar, λ och α, studeras 
frekvensen av uppkomsten av fel hos en specifik maskin, t.ex. 
vindkraftverk. För att anpassa modellparametrarna till den 
faktiska feldatan har avancerade inbyggda funktioner i Matlab 
[8] används. Med λ och α i formel (8) är det väldigt enkelt att 
räkna ut systemets 𝑀𝑇𝑇𝐹. 
 
D. Exponentialfördelning 

Det finns flera olika fördelningar som kan tillämpa en 
felanalys på förutom Weibullfördelningen. Ett utav dessa är 
exponentialfördelningen. Det blir extra intressant att studera 
denna funktion för att den ser ut som Weibull men har endast 
en parameter. Överlevnadsfunktionen för en 
exponentialfördelning enligt [2] ser ut som: 

 
𝑅 𝑡 = 𝑒!!", för t ≥ 0.    (9) 
 
Från (9) och (7) blir: 
 
𝑀𝑇𝑇𝐹 = !

!
.     (10) 
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IV. RESULTAT 
 

A. Indata 
Förstudien koncentrerar sig mest kring värden på 

felsannolikheten 𝐹(𝑡)(2), överlevnadsfunktionen 𝑅 𝑡  (5) och 
slutligen medeltid till fel, 𝑀𝑇𝑇𝐹 (8). För att kunna redovisa ett 
värde på dessa funktioner har data från främst två rapporter [9, 
10] hämtats. Dessa rapporter innehåller information om 
felfrekvensen för tre olika storlekar på turbiner installerade i 
Sverige mellan 2000 – 2004. Figur 4 och Figur 5 visar hur 
dessa felfrekvenser är representerade som fel per driftår och 
beroende på hur många turbiner som undersökts under 
specifik driftår. I denna förstudie studeras turbiner som har en 
effekt med mer än 1 MW. I Figur 4 presenteras antal fel per 
driftår för alla turbiner oberoende storlek på turbinens 
maximala effekt.  Däremot är Figur 5 en mer detaljerad 
presentation av fel per driftår för dem tre olika turbinstorlekar 
som [9, 10] valt att studera. Denna förstudie har antagit att 
antalet turbiner som är installerade är jämnfördelade mellan 
alla storlekar. 

 

 
Figur 4. Samband mellan fel per driftår, antal turbiner per driftår. Tagen 

ur [9]. 
 
 

 
 
Figur 5. Samband mellan fel per driftår för 3 olika storlekar på turbiner. 

Tagen ur [9].  
 
Tabell 1 representerar hur förstudien har valt att använda 

sig av felfrekvensen under tretton år av drifttid för turbiner 
med större effekt än 1 MW. Där den relativa sannolikheten för 
varje driftår räknats ut för att senare kunna anpassa den 
kumulativa sannolikheten för felfrekvensen. I Tabell 1 
presenteras det totala antalet turbiner installerade per driftår. 

Som det förklarats tidigare antas att antalet installerade 
turbiner är jämnfördelade för alla effekter. Det betyder att den 
relativa sannolikheten beräknas genom att dividera antal 
turbiner per driftår med tre. 

 
Tabell 1 

Samband mellan driftår, fel, och relativ- och kumulativ- sannolikhet. 
Driftår Antal 

Turbiner/ 
driftår  

Antal 
fel 

1MW 

Relativ 
sannolikhet 

Kumulativ 
sannolikhet 

0-1 750 15 0,104895105 0,1049 
1-2 720 38 0,265734266 0,3706 
2-3 660 42 0,293706294 0,6643 
3-4 620 22 0,153846154 0,8182 
4-5 550 8 0,055944056 0,8741 
5-6 500 10 0,06993007 0,9441 
6-7 400 8 0,055944056 1,0 
7-8 350 0 0 1,0 
8-9 300 0 0 1,0 

9-10 200 0 0 1,0 
10-11 140 0 0 1,0 
11-12 120 0 0 1,0 
12-13 90 0 0 1,0 
Totalt 5400 143 1 (100 %)  

 
 

B. Analys 
För att kunna studera parkens tillförlitlighet studerades 

och skaffades information om hur felfrekvensen kan se ut för 
vindkraftturbiner under en viss drifttid. I detta fall är drifttiden 
13 år. Först anpassades värden på felfrekvenser till en 
Weibullmodell för överlevnadsfunktionen i Matlab. Dem 
värden som anpassades till modellen är dem kumulativa 
sannolikheterna redovisade i Tabell 1 som dessutom framställs 
genom staplar i Figur 6. För att räkna ut Weibullparametar 
användes (5) som modell för överlevnadsfunktion i Matlab. 
Som det framgår under stycke Metod, kunde sedan värden på 
parametrarna λ och α räknas ut. Samma princip användes 
också för att anpassa en modell för exponentialfördelningen. 
Dessa modeller och värden på parametrarna kunde i sin tur 
användas för att räkna ut medeltid till fel, 𝑀𝑇𝑇𝐹. För en 
tydligare bild av hur felfrekvensen beter sig för den valda 
turbintypen plottades Figur 6. Där framgår sambandet mellan 
dessa modeller och fördelningar.  

Slutligen ska alla tre delprojekt tillsammans redovisa 
kostnadskalkyl för uppbyggnad och driftkostnader för 
vindkraftsparken. Underhållet av hela parken under dem 
närmaste 20 åren kan räknas ut genom en generell regel som 
finns inom vindkraftsindustrin [11]. Enligt 
www.vindkraftbranschen.se kunde förstudien använda sig av 
en modell som beskriver en generell underhållskostnadsanalys 
för vindkraftverk i Sverige. Enligt modellen kommer 
underhållet kosta 10 – 16 öre/kWh. Med beräkningar från 
Kontext A1 kommer kostnader för underhåll av parken under 
drifttiden, 20 år, hamna på 39 – 62 miljoner sek. 
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C. Resultat 
Enligt dem ekvationer och värden som framförts i 

föregående stycken kan vindkraftparkens tillförlitlighet 
redovisas. Enligt beräkningar som gjorts för att kunna anpassa 
en Weibullmodell för vindkraftparken får vi ett värde på 
medeltid till fel, MTTF enligt (8), till 2,7 år. 

 

𝑀𝑇𝑇𝐹 = !
!,!!

𝛤 !
!,!"

+ 1  = 2,70 år. 

 
Det betyder att det finns 50 % chans till fel inom dem första 
2.7 åren. Värdet på Γ(𝑛) fås från Tabell A.1 från [5]. Värden 
på λ och α för Weibullfördelningen är beräknade i Matlab.  

Dessutom beräknades medeltid till fel, 𝑀𝑇𝑇𝐹 genom att 
anpassa modellen efter exponentialfördelning. Detta gjordes 
för att kunna ha en jämförelse av beteende för Weibullkurvan 
och hur välanpassad det kan vara. Enligt (10) kan resultatet av 
𝑀𝑇𝑇𝐹 beräknas till 3,03 år. 

 
𝑀𝑇𝑇𝐹 = !

!,!!
= 3,03 år. 

 

 
Figur 6. Brottsannolikheten och överlevnadsfunktionen enligt både 

Weibull- och exponential-fördelning anpassade till den valda datan. MTTF för 
Weibullfördelningen presenteras också här.  

 
Weibullfördelningens beteende i jämförelse mot 

exponentialfördelnings beteende för behandling av förstudiens 
feldata framgår tydligt i Figur 6. Figuren redovisar hur både 
felsannolikheten 𝐹(𝑡)  och överlevnadsfunktionen 𝑅 𝑡  för 
dessa två funktioner ser ut. 𝑀𝑇𝑇𝐹 som beräknats med hjälp av 
Weibullfördelningen är markerad med röd heldraget linje i 
figuren.  

Parametervärden på λ och α presenteras i Tabell 2 för dem 
valda fördelningarna. 

För att kunna diskutera och ha en tydligare bild av 
beteendet hos dem två valda fördelningarna bestämdes 
dessutom residaulvektorn enligt (11). Residualvärdet för 
Weibullanpassade sannolikheterna blev 0,0044 och för dem 
exponentialanpassade sannolikheterna 0,0796. Dessa värden 
förtydligas genom Figur 6. Där framgår det hur 
Weibullfördelningen anpassas bättre till dem ursprungliga 
felvärdena.  

 
𝑅! = (𝑃!"#$%% − 𝑃!"#")!"

!!!     (11) 

 
Tabell 2 

Dem bäst valda parametrarna λ och α med tillhörande  
residualvärde för dem olika fördelningarna. 

Fördelning Parametrar 
λ α 

 

Residual R2 

Weibull 0,33 1,78 
 

0,0044 

Exponential 0,3 --- 
 

0,0796 

 
V. DISKUSSION 

 
A. Osäkerhetsfaktorer 

Eftersom det var svårt att kunna erhålla data om hur 
felfrekvensen för den valda turbinen (Vestas V100 – 2,6 MW) 
är, har förstudien därför valt att använda sig av data från äldre 
rapporter inom området. Dessa rapporter har undersökt fel per 
driftår under 2000 – 2004 för turbiner i olika storlekar. För att 
kunna undersöka och erhålla en tillförlitlig felanalys är det 
bättre att jämföra felsannolikheter för varje driftår turbinen har 
funnits i produktion för varje specifik turbin och modell. 
Dessutom ska undersökningen kunna jämföra dessa 
felsannolikheter över livslängden hos flera turbiner av samma 
modell. Detta medför en bättre modell för felsannolikheter och 
överlevnadsfunktionen då all data är från samma turbinmodell 
och under en längre period. 

 
B. Problem och begränsningar 

Under projektets gång märktes det att det är extremt svårt 
att ta fram en grundlig underhållsplan till en vindkraftpark. 
Detta på grund av att det har varit väldigt svårt att hitta 
felfrekvensen för ett vindkraftverk under dess driftår. Det är 
en extremt hemlig bransch där tillverkare håller det mesta 
hemligt och har inte så många offentliga handlingar om fel för 
deras turbiner. Dessutom saknar vindkraftsindustrin en stark 
utomstående, kanske statlig, organisation som redovisar 
sådana värden på olika tillverkare och deras maskiners fel på 
komponentnivå. T.ex. för att få bra värden på fel hos olika 
biltillverkare kan man hämta informationen hos 
bilbesiktningen och få en bra statistik om en speciell modells 
fel under senaste året. Det underlättar mycket att räkna på 
tillförlitligheten och tillgängligheten hos en maskin. Eftersom 
en sådan organisation som besiktningen är en oberoende part 
så kan man räkna med att värden som man får är pålitliga och 
exakta.  

 
C. Val av fördelningsfunktion för fel 

Det har visat sig att Weibullfördelningen är mer korrekt i 
sin bedömning och beräkning av data vid felanalys. I 
jämförelse mot exponentialfördelningen som överskattar 
felsannolikheten under dem första driftåren och underskattar 
senare i turbinens äldre drifttider. Detta kan även konstateras 
under avsnitt Resultat då residualvärdet för dessa 
fördelningsfunktioner skiljer sig ganska mycket från varandra. 
Det betyder att Weibull anpassar sig bättre efter värden som 
rapporterats för fel per år. Även om Weibullfördelningen kan 
likna exponentialfördelninegn vid den så kallade 
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karakteristiska tiden 𝑡 = !

!
, är Weibull en bättre 

fördelningsfunktion för beräkning av fel. Detta kan tidigt 
konstateras genom att studera den matematiska egenskapen 
hos Weibullfördelningen med den extra formparametern α. 

 
D. Förbättringar och fortsatt läsning 

För att kunna göra en god underhållsplan för ett 
vindkraftverk måste tillförlitlighetsanalys av felfrekvensen på 
komponentnivå undersökas i en grundlig förstudie. Sedan kan 
man beroende av system räkna hela systemets 
överlevnadsfunktion. Antingen är alla komponenter oberoende 
av varandra eller så påverkas hela systemet vid uppkomsten av 
fel i komponenter. Beroende på hur systemet ser ut kan man 
räkna på överlevnadsfunktionen antingen som ett seriesystem 
eller parallellt system. För fortsatt läsning föreslår jag [2] 
kapitel 3 (Sats 3,3) som förklarar en förenklad version av 
modellen för oberoende parametrar i system för både 
seriekopplade och parallellkopplade system. Genom att 
studera överlevnadsfunktionen på komponentnivå kan man 
göra en mycket grundligare tillförlitlighetsanalys av ett system 
så som vindkraftpark. Det underlättar att göra ett bättre 
förebyggande underhåll av vindkraftsturbiner för framtida 
projekt. Framförallt blir förstudien ett bra underlag när man 
skall optimera lagerhållningen. Då man vet driftstoppstid för 
varje fel och kan räkna ut kostnader för att ha reservdelar i 
lager eller beställa vid behov (för fortsatt läsning om 
optimerad lagerhållning rekommenderas [7] kap 9 
underhållsoptimering och kap 10 reservdelar). 

 
VI. SLUTSATSER 

 
• För att kunna få en bra felanalys och utföra en grundlig 

tillförlitlighetsanalys, behövs det bättre statistik om fel 
per driftår för vald turbinmodell. 

• En bra tillförlitlighetsanalys bör räknas på fel per driftår 
på komponentnivå under längre tidsram. 

• Vindkraftpark bör inte betraktas som en vinstdrivande 
anläggning för elproduktion. Däremot ska vindkraft vara 
ett gott alternativ för att kunna nå våra krav för 
produktion av förnybar energi. 

• Weibullfördelningen är en väldigt stabil och förlitlig 
modell för att kunna anpassa sina värden och få en bra 
sannolikhetsanpassning av felfrekvensen för systemet. 

• För den turbin som förstudien har valt att undersöka, blev 
resultatet av medeltid till fel, 𝑀𝑇𝑇𝐹  2,7 år efter 
installationen av parken. 

• Enligt en modell framtagen av 
www.vindkraftbranschen.se kommer kostnader för 
underhåll av parken under drifttiden, 20 år, hamna på 39 
– 62 miljoner sek. Detta visar att en bra förstudie om 
lagerhållning och tillförlitligheten är väldigt viktigt både 
ur ekonomiskt perspektiv och säkerhetssynpunkt.  
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Every year, power outages cost the American industry between 30 and 180 billion dollars. Would it not be great to be 
able to trust that the power grid never fails to deliver electricity?  In the future, smart power systems will not only be 
able to prevent power outages, but can also lower your electricity bills!  
 
Our research contributes to realizing this future. We have constructed a smart grid model that can control the power 
supply for a small society. In our investigation we have also used simulation methods in order to understand the 
process of dielectric failure that can lead to the breakdown of a high voltage device, and ultimately to a power outage. 
By developing a system for remote control of electrical devices we also allow for household power savings. These 
advances combined take us one step towards a more reliable and robust power system preventing costly outages. 

 
 
 

Context C  
ICT applications in power systems  

 

SMARTER GRIDS PREVENT POWER OUTAGES 

 

33



  

Sporadic problems in the power grid causes power outages, which cost the industry billions of dollars each year. The 
aim of the three projects within this context is to improve the reliability and robustness of the existing power grid. 
The work done in this context covers smart grid control systems, communication between the consumers and the 
grid, as well as the breakdown of insulating materials due to overvoltages. In the first project (C1), multi agent 
distributed control for smart grids were investigated by implementing a control system for the ICS village. The ICS 
village is a simple DC electrical grid model, which is mainly used for educational purposes. In the second project 
(C2), a smart meter prototype was created for a single load in the ICS village. The smart meter transfers the values to 
the grid, through a communication system with remote access.  
 
In project C1, a distributed control system based on cheap commercial of the shelf products (COTS), specifically 
Raspberry Pis and Arduinos, was successfully created. The agents can control the six loads on the ICS village and by 
cooperation, shed those loads according to a set pattern. A more advanced control system was also implemented in 
order to keep the total load of the system below a selectable maximum load threshold, by shedding the minimum 
combination of loads. Unfortunately the current control architecture is unable to handle a large expansion of the 
number of loads since the information flow would be too large. To solve this, a hierarchical structure would have to 
be introduced into the control structure in order to aggregate the information for every region. In project C2, a 
server-client communication system was built for a smart meter prototype. The smart meter was set up such that the 
server can receive information about the load (specifically, current and voltage). The client application could then 
obtain the measured values through remote access of the server. The prototype developed in this project can only be 
used for a limited number of loads. If a larger number of loads were required, the communication platform would 
have to be improved.  
 
A direction for future work is to expand upon the developed control system by adding a hierarchal agent structure to 
enable it to control a larger grid. Another interesting expansion topic is to add power generators and storage to the 
ICS village and expand the control system to handle a real micro grid. Additionally, the smart meter prototype could 
be further developed for AC systems and for two way communication between the consumers and the grid. This 
would allow the grid to communicate with consumers to reduce demand during peaks in power usage, i.e. peak 
shifting, to prevent brownouts or complete blackouts of the system. In society a smart grid could therefore be used 
to allow for a large scale local production of sustainable power. As an example, regular households with power 
production capabilities from a solar panel could then sell their produced power. This is good for a sustainable society 
since it allows for more localized production of power and larger use of sustainable power sources.  
 
In addition to using smart control systems to increase the reliability of the grid, the risk of power outages can also be 
reduced by improving the robustness of high voltage devices used in the power grid. In particular, the breakdown of 
a high voltage component due to overvoltages can cause a power outage and require expensive equipment to be 
replaced. The third project in this context (C3) is therefore focused on the process leading to dielectric breakdown in 
liquid insulating materials such as transformer oil. A numerical model of dielectric failure in liquids could be used to 
understand how different parameters of the insulating material affect the breakdown strength of the insulator. In the 
future, such a model could be used to evaluate liquid insulating materials and ultimately be used to develop optimal 
insulating materials, which have a reduced risk of failure. This project has taken one of the first steps towards 
creating such a model by simulating vapor bubbles which, under certain conditions, are formed when the liquid is 
stressed by high electric fields. It was found that the numerical model developed in the third project can be used to 
study the dynamics of vapor bubbles formed in liquids close to the boiling point, but when the temperature of the 
surrounding liquid is reduced more than a few Kelvin, the convergence gets significantly weaker. For simulations of 
this process at room temperature, which is a more typical working condition for many high voltage insulators, further 
development is therefore required. 
 

 

 

CONTEXT SUMMARY 
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ETHICAL ASPECTS 

Finally, it is of interest to consider the ethical aspects of the smart grid. With a transition of the electrical grid to a 
smart grid, there are positive impacts on the environment. Today, there is an overproduction of power in order to 
meet the consumer demands. As an example, up to 10% of the produced power is wasted during peak hours. A 
smart grid using load forecasting can minimize the amount of wasted power. The incorporation of smart grids also 
makes it possible to integrate various renewable power sources into the power market, such as local small scale solar 
panels. This allows for the development towards a sustainable society and a cleaner environment. Another aspect of 
the smart grid is security and consumer integrity. As an example, information about the consumers’ power usage 
should be protected in order to protect consumers' privacy. It is an engineer’s duty to improve upon the systems of 
today by making them more efficient and reliable. In many engineering projects like these, improvements also lead to 
a more environmentally friendly society and increase the quality of living. Therefore, inventing and developing more 
efficient and sustainable systems is what engineering is all about! 
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C1. DISTRIBUERADE KONTROLLSYSTEM

Distribuerade Kontrollsystem för Smarta Elnät
Baserat på Raspberry Pi

Andreas Berggren & Markus Eriksson

Sammanfattning—Artikelns fokus ligger på smarta elnät och
specifikt den distribuerade kontrollen av dem. Syftet med pro-
jektet var skapa hårdvaran och mjukvaran till ett distribuerat
informations- och kontrollsystem för att kunna styra lasterna till
en liten elnätsmodell, ICS byn (Industrial Information and Control
Systems). Speciellt så skulle det undersökas om det var möjligt
att skapa ett fungerande kontrollsystem med billiga kommersiella
produkter, Raspberry Pi:s och Arduinos. Projektets resultat
kommer sedan att användas för ett fortsatt utvecklingsarbete
på ICS.

För att skapa det distribuerade kontrollsystemet så användes
JACK Intelligent Agents, en utvecklings miljö för multi-
agent system baserat på Java. Rapporten tar upp de olika
hårdvarukomponenterna Arduino, en mikrokontroller och Rasp-
berry Pi, en linuxbaserad dator och transistorkretsarna som har
byggts för att kunna driva de elektromekaniska brytarna i byn
från Arduinon. Resultatet från projektet är att det går att skapa
ett fungerande distribuerat kontrollsystem med hjälp Raspberry
Pi:s och Arduinos.

En av slutsatserna är att det behövs läggas till en hierarki i
arkitekturen för skapade distribuerade kontrollsystemet då det
inte skulle kunna klara av en stor uppskalning av antalet laster.
Det ges flera förslag för en framtida utveckling av det skapade
kontrollsystemet varav en av dem är lägga till generatorer och
energilagringsförmåga till ICS byn och därmed kunna simulera
ett verkligt litet smart elnät.

Index Terms—Smarta elnät, ICS, multi-agent system, Rasp-
berry Pi, Arduino, JACK Intelligent Agents

I. INTRODUKTION

Energi är en allt viktigare fråga för vårt samhälle. Det ställs
allt högre krav på kostnadseffektiv el, förnybar energi och på
pålitligare och mer robusta elnät. Alla dessa krav besvaras med
hjälp av så kallade ”smart grids”, smarta elnät.

Ett smart elnät karaktäriseras bland annat av att man
genom en datorisering av elnätet går från ett centraliserat
informations- och kontrollsystem över till ett decentraliserat
distribuerat informations- och kontrollsystem med ett högt
informationsflöde mellan de olika delarna i elnätet, men också
mellan elnätet och konsumenterna och producenterna1. Att
kontrollsystemet är distribuerat innebär att det finns många
substationer som vardera kontrollerar en liten del av elnätet
och tillsammans med andra substationer/stationer styr hela
elnätet. Eftersom dagens elnät är centraliserat så är det inte
möjligt för alla enheter att kommunicera med informations-
och kontrollsystemet. De är alldeles för många för att en
centralprocess ska kunna hantera det. Fördelen med ett dis-
tribuerat kontrollsystem är att det möjliggör att antalet aktiva
enheter i elnätet mångfaldigas. Det medför att elnätet kan

1Konsumenter är de som köper och förbrukar el. Producenter är de som
skapar och säljer el.

styras på ett mer avancerat sätt och därmed öka stabiliteten
hos elnätet. Exempelvis skulle mätstationer genom att aktivt
kommunicera med varandra kunna förebygga elavbrott genom
att undersöka potentialskillnaden mellan dem. Genom att dess-
utom förändra elnätetsstruktur från ett enkelriktat, radielt trans-
missionsnät2 till ett distribuerat, dubbelriktat transmissionsnät
så är det möjligt att minska riskerna för elavbrott. Det beror
på att det finns fler vägar för elektriciteten att färdas genom.
En till fördel med ett dubbelriktat transmissionsnät är att alla
skulle kunna vara elproducenter och sälja el, exempelvis skulle
vanliga hushåll som har förmågan att producera el genom
skulle kunna sälja överproduktionen av sin egenproducerade
el [1], [2].

Att informations- och kontrollsystemet är distribuerat är
inte det enda som termen “smart elnät” inbegriper. Ett smart
elnät är mycket mer än det. Genom att använda de fördelar
som ett distribuerat information- och kontrollsystem har är
det möjligt att koppla samman konsumenterna, producenterna,
elmarknaden, nätägarna och elnätet till ett enda stort system;
Ett smart elnät [3], se Figur 1. Basen i ett smarta elnät
en tvåvägskommunikation mellan elnätet och konsumentern
och producenterna. Med det menas att elnätet kommunice-
rar med konsumenterna och producenterna och ger till ex-
empel information om elpriset, tillgång till förnyelsebar el
och eventuella höjdpunkter i elförbrukningen som uppstår.
Men det innebär också att konsumenterna och producenter-
na kommunicerar med elnätet och ger det information om
elförbrukning/produktion och så vidare.

Figur 1. Översiktsbild över ett smart elnät [4]

Produktionen av förnyelsebar energi är en mycket viktig del
av dagens samhälle. När produktionen av förnyelsebar energi
ökar medför det att produktionen av el blir mer geografiskt
spridd då det finns vindkraftparker i vissa delar av landet,
vågkraftverk ute till havs, vattenkraft i bergen och solceller

2Transmissionsnätet är det elektriciteten flödar genom. Dagens transmis-
sionsnät klarar enbart av att elektriciteten flödar i en riktning, därav “enkel-
riktat”
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på fastighetstak. Detta leder till att det finns stor varians i
mängden el producerad från de olika källorna då det vissa
dagar kan vara mindre vind eller molnigt väder. Det ställer då
högre krav på elreserver och reservproduktion för att kunna
klara av efterfrågan vid svackor [5], [2].

Fördelen med smarta elnät är att man kan använda strömmen
på ett mer effektivt sätt, till exempel så skulle elnätet kunna
samla information om hur elanvändningen ser ut. Med den
informationen skulle det vara möjligt att beräkna hur mycket
el som kommer användas vid olika tidpunkter och därmed
kunna optimera elproduktionen vid kraftverken och förhindra
att det blir en överproduktion av el. Detta möjliggör för ett
miljövänligare samhälle då det i dagsläget produceras el uti-
från hur mycket man tror kommer gå åt och då elen inte räcker
till kör man reservkraftverk vilket ofta är fossilbränsledrivna
kraftverk [5]. För att kunna genomföra dessa förändringar
ställs det även krav på konsumenterna som måste gå med
på att eventuellt stänga av mindre viktiga apparater som
varmvattenberedaren ett kort tag då belastningen på elnätet blir
för stor medan reservproduktion sätts in för att kompensera för
den ökade konsumtionen, [2].

Det finns med andra ord extremt många
tillämpningsområden för smarta elnät där de kan göra
mycket nytta. På Gotland utvecklas just nu ett av världens
modernaste elnät där stora mängder förnyelsebara energikällor
integreras i elnätet.[6]

Även i USA moderniseras just nu elnätet där man årligen
satsar 20 miljarder dollar på att övergå till smarta elnät, en
siffra som kommer stiga till över 100 miljarder dollar per
år inom år 2030. Varje år förlorar USA mellan 25 och 180
miljarder dollar på strömavbrott vilket gör det värt att bygga
ut till smarta elnät [1].

Eftersom det går att göra så stora vinster med att förbättra
vårt elnät så är det ett aktivt forskningsfält. På ICS på KTH
finns det en grupp PSMIX (Power System Management with
related Information Exchange) som forskar på olika områden
i samband med “smart grids”. Några projekt är:

Distributed control of active distribution networks
Målet är att skapa ett agentbaserat distribuerat system
för själv modellering av elkraftsystem.

Reliability of control and automation systems
Målet är att skapa ett programmeringsramverk som
möjliggör analys av pålitligheten och livslängden hos
ICT utrustning.

Market models for smart grid implementation
Målet är att skapa metoder för att kunna analysera
marknadsmodeller som behandlar implementationen
av smarta elnät

De har där en avancerad realtidselnätssimulator, OPAL-
RT som används för olika forskningsprojekt. PSMIX bedriver
även undervisning i form av masterkurser för masterstuden-
ter inom elkraft. De har en enkel fysisk elnätsmodell, ICS
byn som används i kurserna vid demonstrationer och labo-
rationer. Den återspeglar tyvärr inte dagens elnät då den är
förenklad. Det finns då ett intresse hos PSMIX att för framtida
kursomgångar kunna använda OPAL-RT simulatorn istället
då det möjliggör för mer avancerad undervisning. Det finns
också ett intresse om att kunna utöka simuleringsförmågan hos

elnätssimulatorn OPAL-RT genom att kunna koppla samman
hårdvara med den,[7], [8].

Det är den distribuerade kontrollen av ett elnät denna artikel
fokuserar på. Syftet med projektet var att skapa ett distri-
buerat kontrollsystem för ICS byn. Projektet var ett “proof
of concept” för att undersöka om det är möjligt att bygga
en fungerande plattform för ett distribuerat kontrollsystem
uppbyggt med billiga COTS (commercial-off-the-shelf ) pro-
dukter. Resultatet från projektet kommer sedan användas som
en grund för ett fortsatt utvecklingsarbete på ICS.

I sektion II ges en introduktion till de olika delar som
projektet har bestått av, speciellt multi-agent system. Där
förklaras också mer specifikt skillnaden mellan dagens elnät
och ett smart grid. Sektion III går in på metoden och utförandet
av projektet. Implementationen av kontrollsystemet ges där en
noggran förklaring, program som har krävts på mjukvarudelen
av projektet. I sektion IV finns resultatet. Sektion V diskuterar
resultaten och analyserar hur det skapade informations- och
kontrollsystemet skulle klara av en uppskalning av antalet
laster. Där finns också förslag om inriktningar för en fortsatt
utveckling av det skapade kontrollsystemet. Slutligen så tas
slutsatserna upp i sektion VI.

A. Avgränsningar

Artikeln inbegriper enbart skapandet av ett enkelt distribue-
rat kontrollsystem för att styra ICS byns belastningsfördelning.
Varken OPAL-RT simulatorn eller några mer avancerade
multi-agent metoder för distribuerad kontroll användes.

II. BAKGRUND

A. Hårdvara

Figur 2. Raspberry Pi modell B [9]

1) Raspberry Pi: Raspberry Pi är en linuxbaserad dator, se
Figur 2. Den är liten som ett kreditkort och kostar mellan $25
och $35 beroende på vilken modell man väljer att köpa. Den
modell som används i detta projekt är modell B vilket har två
USB portar, 512 MB RAM och en Ethernet port. Raspberry
Pi:n har en processorhastighet på 700 MHz [10].

Användningsområdena för Raspberry Pi är många, såsom i
utbildningssyfte, server, mediadator och terminal [10]. I detta
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projekt används Raspberry Pi för att köra programmet JACK
Intelligent Agents och fungerar som agenter som kontrollerar
var sin last i ICS byn.

Figur 3. Arduino Uno [11]

2) Arduino: En Arduino, se Figur 3, är en programmer-
bar mikrokontroller med ett antal I/O3 portar. Med hjälp
av Arduinos går det att mäta ström och spänning samt att
styra elektriska kretsar och apparater. Arduinos har många
tillämpningsområden såsom att styra en servo4 så att en
solpanel kan följa solens rörelser, detektera elektromagnetiska
fält eller för att fjärrstyra kameror. Fördelen med Arduinos
är att de både är användarvänliga och billiga att köpa då de
endast kostar ett par hundra kronor. De är ägnade för både
privat och kommersiellt bruk [12].

I det här projektet användes Arduino varianten Arduino
Uno. Arduino Uno har 14 digitala kontakter och 6 analoga
kontakter. Med hjälp av de analoga kontakterna är det möjligt
att mäta spänningar på upp till 5 V. De analoga kontakterna
har en analog-digital omvandlare med en upplösning på 10
bit. Spänningen som mäts returneras i form av heltal mellan
0 och 1023 och översatt till spänning blir det en upplösning
på 4.9 mV. Arduinon är känslig då dess analoga och digitala
kontakter högst tål en spänning på 5 V. Därför är det lätt att
skada den genom att låta den bli utsatt för hög spänning [13].

Arduino Uno har en 16 MHz processor och 32 kB Flash
minne, 2 kB SRAM och 1 kB EEPROM [14].

Flash minnet talar om hur mycket plats det finns för lagring
av programkod. Av det totala flash minnet tas 0.5 kB upp av
bootloader (uppstartsprogrammet). SRAM är mängden minne
som finns tillgängligt för Arduinon när den är i drift. EEPROM
används för att lagra information efter Arduinon har stängts
av.

I detta projekt användes Arduino Unos till att skicka signaler
för att slå av eller på laster på ICS byn och mäta strömmen
som går i varje last. Arduinons digitala kontakter används för
att slå av och på laster och för att mäta spänningen används
de analoga kontakterna.

3) Applikationsutveckling inom elkraft: Kontroll- och
övervakningssystemen för dagens elnät är främst uppbyggt
på SCADA (Supervisory Control And Data Acquisition).

3Input/Output
4elektrisk motor

Det är ett centraliserat informations och kontrollsystem som
inbegriper både hårdvara och mjukvara. Den centraliserade
kontrollarkitekturen fungerar då mängden information och
antalet stationer som det kommuniceras med är begränsad. När
elnätet övergår till ett smart elnät kommer antalet stationer som
kommunicerar med elnätet att mångdubblas. Detta är ett stort
problem för SCADA och kallar därför på ett mer distribuerat
kontrollsystem som har bättre skalningsförmåga.

Grunden i ett distribuerat kontrollsystem är att intelligensen
och beslutsförmågan är fördelad över hela systemet och att
det inte är någon central process som fattar besluten utan att
det är systemets många olika delar/processer som tillsamman
styr. Ett sådan system kallas ett multi-agent system. Med
agent menas en egen självständig del/process av systemet.
Kontrollsystemet för ett multi-agent system är helt annorlunda
än det för SCADA. I SCADA är det en centralprocess som
bestämmer vad som ska utföras medan för multi-agent system
så behöver agenterna samarbeta och komma till gemensamma
beslut. Det betyder att strukturen på kontrollsystemet behövs
göras om helt i en övergång till ett mer distribuerat nät.

Eftersom detta är ett mycket nytt fält finns det ett stort
behov av nya lösningar och plattformer för ett informations-
och kontrollsystem för multi-agent system [15], [16]

4) Multi-Agent System: Multi-agent system finns inom
många olika områden som bland annat reglerteknik, artificiell
intelligens och infomations- och styrsystem. Det används då
det finns flera separata program/processer, agenter som till-
sammans genom samarbete ska uppnå olika mål. Ett typiskt
exempel är inom smarta elnät där det krävs en distribuerad
kontroll.

Enligt [15] definieras en agent som:
En aktiv självständig process som genom informationsin-

samling och kommunikation med andra processer (agenter)
tillsammans arbetar för att uppnå ett gemensamt mål. Med att
de är aktiva menas att de pro-aktivt arbetar för ett uppfylla
vissa mål.

För att skapa multi-agent system finns det några färdiga
kommersiella plattformar. Det som användes i detta projekt är
JACK Intelligent Agents.

a) JACK Intelligent Agents: JACK är ett multi agent
programmeringsspråk byggt på Java. Utvidgningen av Java
är gjord i form av Java plug-ins vilket i kombination med
att Java är plattformsoberoende medför en stor flexibilitet och
portabilitet av program som skapas. Det är ett agent orienterat
språk med ett antal extra klasser, gränssnitt och metoder
definierade. De klasserna5 är:

Agents
Agents är grunden i ett multi agent system. Det är
de som driver själva programmet.

Events
Agents använder Events för att skicka meddelanden
endera till sig själv eller till andra Agents.

Plans
Agents använder Plans för att hantera inkommande
Events. Det är med hjälp av sina Plans Agents kan
föra resonemang och reagera på Events för att uppnå

5De engelska namnen på klasserna används för klarhet
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sina mål. En Agent kan ha flera Plans som hanterar
samma Event, den sorterar då ut den Plan som är
bäst lämpad för tillfället.

Capability
Capabilities är till för att kunna skapa färdiga funk-
tioner och färdigheter med Plans och Events. Agents
kan då sedan använda Capability för att kunna få
dess färdigheter.

För att underlätta skapandet av multi-agent system som
ofta blir mycket komplexa finns det ett grafiskt gränssnitt i
JACK. Med gränssnittet kan Agents, Events, Plans med flera
placeras ut grafiskt och deras relationer definieras direkt. Dessa
relationer översätts då direkt till programkoden.

I JACK finns ett inbyggt kommunikationsnätverk för att
hantera agent kommunikation mellan olika processer/datorer.
Kommunikationsnätverket är uppbyggt på UDP (User Da-
tagram Protocol) ett kommunikationsprotokoll som är snabbt
men inte garanterar leverans av meddelanden. För att göra
agent kommunikationen säkrare så finns det inbyggt i JACKs
kommunikations nätverk ett extra skyddslager som ser till att
meddelandena blir levererade. Inter-process kommunikation
mellan agenter upprättas genom att endera varje agent explicit
kopplar upp sig mot alla andra agenter eller genom att en
av processerna skapar en nameserver som agenterna kan
kommunicera genom,[17].

5) Elkraftmodeller för utbildning: För att ge framtidens
elkraftingenjörer de redskap som krävs för att utveckla tekni-
ken bakom ett smart grid behöver dagens elkraftsutbildningar
dels ge en stark bas i traditionella elkraft system men också
spetskunskap inom de nya smart grid teknikerna som distribu-
erad elproduktion, automation och nätverkade kontrollsystem.
Om elkraftsutbildningar ska kunna hålla den nivå som krävs
för att kunna uppfylla dessa krav, är elkraftmodeller som ger
en fördjupad förståelse och praktisk erfarenhet av dels traditio-
nella elnät men också distribuerade elnät en nödvändighet.[18]

a) ICS byn: ICS byn är en enkel elnätsmodell, se Figur
4. Den består av ett en fas 24 V DC nät med sex styc-
ken laster. Strömmen som går genom de olika lasterna kan
regleras med hjälp av vridbara potentiometrar. Lasterna kan
slås av och på genom att driva elektromagnetiska brytare
med en ström på ungefär 1 A. Strömmen som går i ICS
byn är låg, på storleksordningen 1 till 10 mA. För att kunna
mäta den förstärks spänningen med en differentialförstärkare.
En differentialförstärkare är en elektrisk krets som förstorar
spänningsdifferansen mellan två punkter.

ICS byn är en mycket förenklad modell av ett riktigt elnät.
Om modellen hade varit komplex hade det tagit fokus från
att köra eller skapa kontrolla applikationer till att förstå själva
modellen. Därför finns det ändå ett stort utbildningsvärde i
den. Det går till exempel att använda den för att illustrera
grundläggande elkraftsprinciper som bland annat att styra en
belastningsfördelning eller feldetektion med system reparation.
En belastningsfördelning är en benämning för det samlade
tillståndet på systemets laster. Alltså vilka som är av eller på.

III. METOD

Syftet med projektet var att skapa ett distribuerat kontroll-
system för ICS byn. Mer konkret var målen:

Figur 4. Bild på elkraftsmodellen (ICS byn) som finns på ICS på KTH

• Att skapa och implementera ett distribuerat laststyrsystem
baserat på Raspberry Pi:s och Arduinos som ska kunna
styra ICS byns belastningsfördelning i ett förutbestämt
mönster. Lasterna ska vara koordinerade så att bara en
last i taget är avstängd.

• Att skapa ett mer avancerat kontrollsystem som ser till
att hålla byns maximala elförbrukning under någon vald
nivå. Kontrollsystemet ska göra det genom att stänga av
så få laster som möjligt och samtidigt vara så nära gränsen
för byns elförbrukning som möjligt.

När programmet körs enligt det första projektmålet refereras
det hädanefter till “del 1” och då det körs enligt det andra
projektmålet refereras det till “del 2”

Projektet har varit uppdelad i två delar. En större mjukvaru-
del för att skapa applikationen till det distribuerade kontroll-
systemet och en hårdvarudel som möjliggör för applikationen
att fysiskt styra byn. Både mjuk- och hårdvaran arbetats med
samtidigt och testats separat allteftersom de har blivit klara.
Eftersom systemet har många separata delar har detta varit ett
krav för att kunna felsöka fel och buggar som uppstått.

Mjukvaran
Mjukvarudelen har bestått av att skapa applikationen
som Raspberry Pi:erna ska köra för att styra ICS
byns belastningsfördelning. Det har gjorts med hjälp
av JACK Intelligent Agents. Det har även skrivits ett
kort program för Arduinon för kunna slå av och på
laster och att mäta strömmen som går genom dem.

Hårdvaran
Hårdvarudelen har bestått av att fysiskt kunna läsa av
strömmen från lasterna samt skicka signaler för att
kunna slå av och på dem. Detta har gjorts med hjälp
av att koppla ICS byn till Arduinos som i sin tur är
kopplat till Raspberry Pi som kör applikationen som
styr belastningsfördelningen. Hårdvarudelen har även
bestått av att bygga transistorkretsar för att kunna
driva elektromekaniska brytare i ICS byn, alltså för
att kunna slå av och på laster. För att minimera risken
för slitage och skador så har även varje Arduino med
sina transistorkretsarna monterats in i skyddslådor.

Då spänningen på ICS byn ska mätas behövs differentiella
förstärkare för att höja strömmen i ICS byn som endast är
på några milliampere. För att kunna beräkna elförbukningen
för varje last krävs att effekten räknas ut och därför måste
spänningen och strömmen mätas. Spänningen betraktas som

40



C1. DISTRIBUERADE KONTROLLSYSTEM

konstant för hela byn och är 24 V. För att mäta strömmen
mäts spänningen över ett 1 Ω motstånd, enligt Ohms lag blir
då strömmen samma som spänningen. Eftersom strömmen som
går i ICS byn endast är på några mA blir spänningen för liten
för Arduinon att mäta. Därför används differentiella förstärkare
för att höja spänningen till mätbara nivåer. Spänningen som
Arduinon mäter är då proportionell mot strömmen som går i
ICS byn. För att förenkla beräkningarna betraktas mätvärdena
Arduinon skickar till Raspberry Pi:en som strömmen för
lasten. Eftersom det endast är strömmen som varierar, då
spänningen är konstant, innebär det att en optimering med
avseende på strömmen ger samma resultat som en optimering
för effekten6.

A. Transistorkretsar

Som tidigare nämnts behövs transistorkretsar, se Figur 5 för
kretsschema, för att kunna driva ICS byns elektromekaniska
brytare eftersom det kräver mer ström än vad Arduinon klarar
av att ge. Detta görs genom att använda en transistor (TO-
92 NPN 45 V 0.1 A, BC547BZL1G). Open/close kopplas
till kollektorn på transistorn. Jord är kopplat till emittern på
transistorn. Arduinon är kopplad till bas på transistorn och
jord på ICS byn och kan då genom att skicka en signal till
transistorn öppna upp kopplingen mellan kollektor och emitter
och därmed driva den elektromekaniska brytaren. Mellan
Arduinon och bas finns ett motstånd på 3.4 kΩ och mellan
bas och jord finns ett motstånd på 1 kΩ. Motstånden är till för
att skydda Arduinon mot eventuell bakström från transisorn
genom att sänka den höga spänningen på ICS byn till en nivå
Arduinon tål.

Figur 5. Schema över hur transistorkretsarna ser ut

B. Koppling av hårdvaran

Alla sex Raspberry Pi:s är kopplade till varandra via ett lo-
kalt nätverk så att de kan kommunicera med varandra, se Figur
6. Vidare är varje Raspberry Pi kopplat till en Arduino Uno via
en USB kabel. För att kunna styra de elektromekaniska brytar-
na kopplas två av de digitala utkontakterna på varje Arduinon
till en transistorkrets vardera. Sedan kopplas transistorkretsen
in på open/close på ICS byn, som förklarat i avsnittet om
transistorkretsarna. För att kunna mäta spänningen på ICS byn

6Hädanefter så används strömmen istället för effekten

är de analoga pin jord på Arduino kopplat till jord på ICS
byn och en analog pin är kopplat till ICS byns differentiella
förstärkare.

Arduinos in- och ut-kontakter är känsliga. Används fel
storlek på kabeln som stoppas in kan det förstöra kontakten
och göra den obrukbar. Därför har det lötts på dupont förenare
på kablarna för att förhindra att förstöra Arduinons kontakter,
alltså en förgrening som är anpassad för Arduinons kontakter.
Detta gjordes först mot slutet av projektet men borde ha gjorts
tidigare då två Arduinos fick kontakter förstörda på grund av
att en för tjock kabel använts.

Figur 6. Schematisk bild över hur hårdvaran är kopplat samman

C. Installation av Raspberry Pi

För att kunna köra JACK och styrsystemsapplikationen på
Raspberry Pi:erna behövdes en del olika program installeras.
De var:

Operativsystem
Operativsystemet som användes var Wheezy Raspian
version 2012-12-16.

Java
JACK kräver Java för att fungera. Versionen som
användes var Oracle:s JDK 8 for ARM Early Ac-
cess7.

Jack Intelligent Agents
Versionen som installerades var 5.6.

RxTx
För att kunna hantera seriellkommunikation i JACK
så behövdes seriellkommunikations biblioteket RxTx
för Java installeras. Versionen som användes var rxtx
2.0-7pre2. RxTx installerades med hjälp av linux
kommando apt-get som automatiskt installerar ett
program om det finns på datorn

7Engelska används för klarhet
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D. Implementation

Programmet är uppbyggt med hjälp av tre olika agenter,
RPAgent, ArduinoAgent och Observer. Varje Raspberry Pi har
en ArduinoAgent och en RPAgent. RPAgent representerar var
en last och styr vilka laster som ska vara igång. RPAgent är den
som sköter själva kontrollen av lasten, den kommunicerar med
andra RPAgents för att tillsammans styra byn på önksvärt sätt.
ArduinoAgent sköter kommunikationen mellan Arduino och
RPAgenterna. En separat dator används som kommunikations-
server. På den finns en Observer som kör en nameserver för
att möjliggöra kommunikation mellan de olika RPAgenterna.
Observern består delvis av ett grafiskt gränssnitt som visar
upp information om de olika lasternas status. Observern är inte
med i själva styrandet av byn utan är till för att dels underlätta
användadet av systemet och dels för att göra det möjligt att ge
olika kommandon till kontrollsystemet då det är i drift, som
att till exempel starta om systemet.

1) RPAgent: RPAgent är kärnan i styrsystemet. Den sköter
själva styrningen av lasten genom att kommunicera med de
andra RPAgenterna och sin ArduinoAgent. Vid skapandet av
RPAgent anger man i vilket tillstånd kontrollsystemet ska köra,
om det är “del 1” eller “del 2”. Beroende på vad man väljer
så agerar RPAgent olika.

När man har skapat en RPAgent startar man processen
genom att anropa metoden sendStartInfo. Den metoden ve-
rifierar först att kommunikationen med Observer och de fem
andra RPAgents är upprättad. Om det visar sig att det inte
går att kommunicera så väntar den tills kommunikationen är
upprättad. När RPAgent har fått nödvändig information från
ArduinoAgent om lastens tillstånd skickas det ut ett SendLoad-
Status Event, se Figur 7, som hanteras av SendLoadStatusPlan.
SendLoadStatusPlan skickar då ut ett LoadStatus Event till
de andra fem RPAgenterna och Observer med information
om lasten i fråga är på eller av samt vilken ström den
aktuella lasten har. När en RPAgent får ett Event LoadStatus
så har den en Plan och en Capability som kan hantera den.
InitializePlan används då systemet inte har startat än och sköter
initialiseringen av programmet, alltså hur uppstartsvillkoren
ser ut och PostStartUpCapability som sköter programmets drift
efter systemet har lyckats med uppstart.

Figur 7. Bild över RPAgent och hur den skickar information om laststatus

InitializePlan används av RPAgent för att samla in in-
formation om de olika lasternas status. När den har fått
information från alla andra laster skickar den informationen

med ett StartUp Event till RPAgents Capability StartUp.
a) Styra laster: När RPAgent ska slå av eller på sin

last skickas det både ett InstructionMessage Event till Ardu-
inoAgent men också ett SendLoadStatus Event till SendLo-
adStatusPlan. ArduinoAgent ser till att meddelandet kommer
fram till Arduinon. SendLoadStatusPlan ser till att alla andra
RPAgenter och Observern blir uppdaterad om förändringen
genom att skicka ett LoadStatus Event till dem. Efter uppstart
hanterar RPAgenterna LoadStatus med hjälp av sin Capability,
PostStartUpCapability.

2) StartUp: StartUp är en Capability som används av
RPAgent för att hantera de olika uppstartsvillkor som finns.
StartUp Capability väljer mellan fyra olika planer utifrån
informationen som finns i StartUp Event. Beroende på om
systemet ska optimera antalet laster igång eller inte finns det
olika planer som StartUp Capability kan använda sig av. De
tre första av dessa hanterar “del 1” och den sista hanterar “del
2”.

StartUpPlan
StartUpPlan hanterar scenariot om inga laster är av,
se Figur 8. Den ser till att mönstret börjar från den
första lasten.

StartUpWithOneLoadOfflinePlane
StartUpWithOneLoadOfflinePlan hanterar scenariot
där endast en last är av. Den ser till att mönstret
börjar från den last som är av.

StartUpWithMultipleLoadsOfflinePlan
StartUpWithMultipleLoadsOfflinePlan hanterar fallet
där två eller flera laster är av. Den ser till att mönstret
börjar från den första lasten som är av. Alla andra
laster slås på.

StartUpWithLimitedCurrentPlan
StartUpWithLimitedCurrentPlan beräknar med hjälp
av RPAgents metod maximizeLoadsRunning vilka
laster som ska vara på. Beroende på resultatet så slås
RPAgents last av eller på.

Figur 8. Illustration över hur uppstarten av programmet går till

3) Optimering av lasternas ström: RPAgent har en metod,
maximizeLoadsRunning som beräknar den optimala kombina-
tionen av laster som ska vara på för “del 2”. Optimeringen
är en brute-force som undersöker alla möjliga kombinationer(

antallaster
antallaster−n

)
där n går från 0 till antal laster genom att för

varje kombination summera den totala strömmen för lasterna
och se om den understiger begränsningen. Eftersom algoritmen
undersöker kombinationerna med flest laster, blir antalet laster
igång maximerat genom att välja den första fungerande kombi-
nationen. Om det finns flera kombinationer som fungerar, med

42



C1. DISTRIBUERADE KONTROLLSYSTEM

samma antal laster så väljs den som kommer närmast gränsen
för den tillåtna elförbrukningen, se Figur 9 för exempel.

Figur 9. Exempel på optimeringsalgoritmen

4) ArduinoAgent: ArduinoAgent är den som sköter kom-
munikationen mellan RPAgent och Arduinon.

För att kunna möjliggöra den seriella kommunikationen
används Capabilityn SerialInterface. SerialInterface innehåller
metoder för att koppla upp sig mot en seriell port, skriva till
den och läsa från den. Det ArduinoAgent gör i stora drag
är att den sätter upp en kontakt med själva Arduinon genom
den seriella porten med hjälp av SerialInterface, se Figur 10.
När RPAgent skickar ett InstuctionMessage Event för att slå
av eller på lasten till ArduinoAgent så skickas det vidare
till SerialInterface. SerialInterface Plan, SendToSerial skickar
sedan iväg informationen i form av en textsträng till Arduinon.

När det kommer en uppdatering från Arduinon om lastens
status skickar SerialInterface ett SerialUpdate Event till Ardui-
noAgent, se Figur 11. ArduinoAgent skickar sedan vidare den
informationen till RPAgents Plan, UpdatePlan. UpdatePlan har
några mycket viktiga funktioner. De är:

• Om systemet inte startat än ger UpdatePlan RPAgent
information om lastens status, om den är av eller på och
dess strömförbrukning.

• Om systemet har startat uppdaterar UpdatePlan RPAgents
och Observerns information om lastens status. Observern
informeras genom att ett UpdateLoadStatus Event skic-
kas.

• Om systemet körs i “del 2” och att lastens ström
har förändrats så använder UpdatePlan MaximizeLoads-
Running för att bestämma den nya optimala belast-
ningsfördelningen. Beroende på optimeringsresultatet slås
sedan RPAgents last av eller på. Informationen om den
nya belastningsfördelningen och den nya strömmen skic-
kas därefter till de andra RPAgenterna genom UpdateLo-
adStatus Event.

5) PostStartUpCapability: PostStartUpCapability är en
väsentlig del av programmet. Det är den som sköter hur

Figur 10. Illustration över ArduinoAgent och hur den skickar information till
den seriella porten

Figur 11. Illustration av ArduinoAgent och hur den tar emot information från
den seriella porten

RPAgent beter sig efter att systemet har startat upp. Den har
två delar beroende på om systemet körs enligt “del 1” eller
“del 2”.

a) Del 1: När styrsystemet körs i “del 1” så ska lasterna
slås av och på i turordning. Bara en last ska vara avstängd i
taget. När systemet har startat så har mönstret startat vid någon
last beroende på uppstartsvillkoren. När den lasten sedan slås
på skickas det ett LoadStatus Event till alla RPAgenter som
då blir informerade om förändringen. RPAgenterna hanterar
LoadStatus Eventet genom UnlimitedCurrentPlan som vidare-
befordrar informationen till PostStartUpPlan via ett Handle-
LoadStatus Event, se Figur 12. Det är PostStartUpPlan som
ger RPAgenterna förmågan att resonera sig fram till vem det
är som är näst på tur i mönstret. För den RPAgent som är
näst på tur ser PostStartUpPlan till att den slår av och på
lasten. Eftersom det återigen skickas ut LoadStatus Event till
alla andra RPAgenter fortsätter mönstret ad infinitum.

Figur 12. Illustration som beskriver hur styrsystemet då det körs i “del 1”
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b) Del 2: När styrsystemet körs i “del 2” ska antalet
laster maximeras medan hela systemets elförbrukning är be-
gränsad till en viss nivå. När systemet har startat så har varje
RPAgent redan gjort en optimering av vilka laster som ska
vara igång beroende på vad uppstartsvillkoren var. Efter att
systemet har startat upp finns det två olika händelser som
kräver att RPAgenterna utför en ny optimering för att hitta
den nya optimala belastningsfördelningen. De händelserna är:

1) Att strömmen för en RPAgents last förändras.
2) Att det manuellt sätts en ny nivå för den totala strömmen

för ICS byn.

Den första händelsen hanteras genom att UpdatePlan för
den RPAgent vars lasts ström förändrades beräknar den nya
optimala belastningsfördelning. Informationen om den nya
belastningsfördelningen och den nya strömmen skickas sedan
ut till de andra RPAgenter genom ett UpdateLoadStatus Event.
När en RPAgent får ett UpdateLoadStatus Event hanteras det
av PostStartUpCapabilitys LimitedCurrentPlan, se Figur 13.
LimitedCurrentPlan ser till att RPAgenten sparar informatio-
nen om den nya strömmen och att den slår av eller på lasten
beroende på vad den nya belastningsfördelningen är.

Figur 13. lllustration som beskriver hur styrsystemet då det körs i “del 2”

Den andra händelsen sker genom att Observern skickar
ut ett MVCMessage(Max Village Current) Event till alla
RPAgenter, se Figur 14. De hanterar MVCMessage genom
PostStartUpCapabilitys NewMVCPlan. NewMVCPlan räknar
ut den nya optimala belastningsfördelningen och ser till att
RPAgent slår av eller på lasten beroende på resultatet.

Figur 14. Illustration som visar hur uppdateringen av den maximala strömmen
går till

6) Observer: Observer är en Agent som samlar in informa-
tion om de olika lasternas status. Den har två syften. Det första
är att med hjälp av ett grafiskt gränssnitt visa upp relevant
information om elnätet på ett smidigt sätt. Det andra är att vara
ett redskap för att kunna kommunicera med alla RPAgenter.
Med hjälp av Observer så är det möjligt att starta om systemet,
att stänga ned systemet och att sätta en ny begränsning på
byns maximala elförbrukning. Mer konkret så är dess olika
funktioner följande:

Starta om
Om man vill starta om systemet skickas det ett
Restart Event till alla RPAgents, se Figur 15. Deras
Restart Plan sköter omstarten, genom att nollställa
all information RPAgenterna har om varandra och
omgivningen och sedan starta upp systemet igen.
När omstarten är genomförd skickar Restart Plan ett
RestartFinished Event för att informera Observern.

Stänga av
Om man vill stänga ned systemet så skickas det ett
ShutdownMessage Event till alla RPAgenter. Deras
ShutdownPlan stänger sedan ned programmet.

Ny strömbegränsning
Om man vill sätta en ny strömbegränsning så skic-
kas det ett MVC Event till alla RPAgenter. Deras
NewMVCPlan hanterar Eventet.

Uppdatering
När Observern får LoadStatus eller UpdateLoadSta-
tus Events från RPAgenter om deras lasts status
sparar Observern den informationen och uppdaterar
det grafiska gränssnittet så att det går att se den nya
informationen, se Figur 16.

Figur 15. Illustration som visar hur Observer fungerar och vilka event samt
planer som den hanterar

IV. RESULTAT

Projektet lyckades med att skapa ett distribuerat kontroll-
system för ICS byn med Raspberry Pis och Arduinos. Fastän
det bara är en mycket förenklad elnätsmodell, ICS byn som
det distribuerade informations- och kontrollsystemet skapats
för är det många delar som måste samverka för att det
ska fungera. Kretsarna för att kunna styra lasterna måste
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Figur 16. Illustration som visar hur Observer fungerar och vilka event samt
planer som den hanterar

fungera. Arduinon måste kunna reagera på de kommandon
som Raspberry Pi:n skickar till den och kunna på rätt sätt
använda kretsarna och dessutom kunna mäta strömmen som
går genom lasten. Den mätta strömmen ska den sedan skicka
till en Raspberry Pi. På Raspberry Pi:n så ska informations-
och kontrollsystemsapplikationen lyckas läsa informationen
från Arduinon och skicka den rätta kommandon för att styra
lasten. Sedan så ska varje applikation kunna kommunicera
med de fem andra över ett lokalt nätverk och tillsammans
styra ICS byns belastningsfördelning. Dessutom så ska själva
applikationen skapas vilket inte är lätt eftersom distribuerade
system är mycket mer oöverskådliga än centralstyrda system.
Det är minst sagt ett komplext system, till exempel att bara
koppla alla kablar rätt är svårt då systemet består av uppemot
hundra olika kablar.

Under utvecklingen av applikationen upptäcktes att Rasp-
berry Pi:erna inte var lämpliga att använda som utvecklings-
miljö då det tog uppemot 15 minuter att kompilera program-
koden. Det var därför ett tvång att använda andra datorer
med bättre processorer. Att distribuera applikationen till alla
sex Raspberry Pi:erna blev också ett problem. Att lägga över
den med hjälp av ett USB minne tog ungefär 30 minuter
eftersom proceduren var ganska tidsödande. Varje Raspberry
Pi skulle kopplas ihop med bildskärm, tangentbord och mus
och sedan startas, därefter kunde applikationen flyttas över.
När systemet sedan skulle köras uppstod problemet med hur
man applikationen skulle startas på alla sex Raspberry Pi:erna.
Att koppla in alla till bildskärmar, tangentbord och möss var
inte möjligt, det skulle dessutom vara väldigt tidsineffektivt.
Problemet löstes genom att göra så att varje Raspberry Pi au-
tomatiskt startade applikationen i samband med uppstart. När
systemet kom till teststadiet så uppstod det buggar på grund
av fel i programkoden, fel i kopplingarna mellan Arduinos och
ICS byn och fel i Arduinoprogrammet. Att felsöka systemet
blev i princip omöjligt eftersom det dels inte gick att se
felmeddelanden som uppstod på Raspberry Pi:erna och dels att
tiden det tog för att göra ett nytt test kunde vara flera timmar.

För att lyckas felsöka systemet simulerades mjukvarudelen
på en dator och hårdvarudelen felsöktes separat. Eftersom
det då inte gick att se på ICS byn om simuleringen styrde
lasterna korrekt skapades agenten Observer som kunde visa
upp all nödvändig information om systemet genom sitt grafiska
gränssnitt. Tiden mellan test blev därmed minimerad. När
simuleringen fungerade som den skulle och kunde läsa Ardu-
inons mätvärden fördes applikationen över till alla Raspberry
Pi:s.

V. DISKUSSION

Som nämnt i introduktionen finns på Gotland ett av världens
modernaste smarta elnät. Man börjar med andra ord att testa
detta i större skala. I USA moderniseras just nu elnätet där
man årligen satsar 20 miljarder dollar på att övergå till smarta
elnät, en siffra som kommer stiga till över 100 miljarder dollar
per år inom år 2030. Varje år förlorar USA mellan 25 och
180 miljarder dollar på grund av strömavbrott vilket gör det
lönsamt att övergå till ett smart elnät just för att det smarta
elnätet är mer stabilt jämfört med det traditionella elnätet [1].
Men för att kunna investera så stora summor pengar måste det
vara helt säkert att det är tekniskt möjligt att genomföra. Det
ställer mycket stora krav på utrustning och programvara. De
stora svårigheter som uppstått under detta projekt, som endast
skapande ett enkelt distribuerat informations- och kontrolls-
system för bara sex laster visar vilket förvånandsvärt svårt
tekniskt problem det är att skapa ett smart elnät för ett helt
land. Men för att åstadkomma detta krävs det att man testar
på en mindre skala som på Gotland och sedan utvidgar det till
en större skala.

A. Energistyrning i hemmet

En av de fördelar som nämns för smarta elnät är en ökad
kontroll över sin elförbrukningen i hemmet Det skulle kunna
ske genom att man har en styrenhet i hemmet som TV:n, disk-
maskinen, etcetera kopplar upp sig till. Med till exempel sin
mobil så går det att styra samtliga apparater via styrenheten.
Uppkopplingen mellan elektroniken och styrenheten bör ske
trådlöst eftersom man sparar material men det blir även lättare
att ändra i systemet om någon av de elektriska apparaterna
flyttas. Om styrenheten får information från elnätet om spot
priserna8 på el så kan den schemalägga vissa apparaters bete-
ende för ta tillvara på billig el. För vanliga hushåll som inte har
högeffekt apparater så kommer inte vinsterna av schemalägga
till exempel diskmaskinen till natten då elpriset är billigare
vara så stora. Att köra diskmaskinen på natten skulle dock
se till att belastningen på elnätet minskas då elförbrukningen
är som störst. Däremot är det mer intressant för större vil-
lor och fastigheter som har högeffektapparater, exempelvis
värmepumpar att kunna styra sina apparaters elförbrukning då
elvolymerna är större vilket gör att man kan tjäna mera pengar
[2].

8Priset just nu
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B. Expansion

Plattformen som skapats fungerar utmärkt för att styra ICS
byn, en liten elnätsmodell men för att klara av stor uppskalning
av antalet laster så finns det ett antal brister och problem.

Det första problemet är att optimeringsalgoritmen som
används inte är möjlig att använda då antalet laster är stort.
Den itererar igenom

(
antallaster

antallaster−n

)
där n går från 0 till

antal laster. Eftersom det är en enda Raspberry Pi åt gången
som bestämmer det nya optimala tillståndet för alla laster
så behöver antalet laster inte vara stort för att Raspberry
Pi:ns processor skulle vara otillräcklig. Genom att byta ut
Raspberry Pi:erna mot snabbare datorer går det att utöka
antalet laster något mer men det blir snabbt mycket kostsamt.
Det krävs därför ett smartare sätt att genomföra optimeringen.
Det kan ske genom att lasterna delar upp beräkningarna genom
parallellprocessering men det blir väldigt svårt att genomföra
effektivt för mycket stora (både fysiskt och till antalet laster)
elnät. Kraven på nätverket blir också orimliga då de måste
kunna tillhandahålla en tjänst som gör så att alla laster kan
vara med i arbetet, även de laster där avståndet till dem är stort.
Det som krävs är smartare optimeringsalgoritm, möjligtvis i
samband med lokal parallellprocessering.

Det andra problemet är att systemet inte är stabilt och
säkert nog för att klara av en stor uppskalning. Det beror
på att det saknas inbyggd felsökning i systemet. Eftersom
agenterna saknar intelligensen för att regelbundet undersöka
om sin uppfattning och information om omgivningen stämmer
överens med de andra agenterna så kommer förluster av
meddelanden och felaktiga meddelanden snabbt destabilisera
systemet. Det räcker med att ett meddelande förloras eller
sänds fel för att systemet ska bli instabilt. För modellen som
användes är det inte ett problem då risken för kommunikations
fel med endast sex laster är liten.

Det tredje är att antalet meddelanden en agent behöver
skicka varje gång dess status förändras blir mycket stort. Det
kommer att medföra att systemet blir långsamt då en Raspber-
ry Pi:s processorkraft är begränsad. Det problemet blir extra
märkbart vid uppstart då varje agent kommer att skicka en
statusuppdatering till alla andra. Eftersom lasterna kommer att
vara utspridda geografiskt så kommer det också bli förseningen
på grund av begränsningar i nätverkets hastighet. För att lösa
detta måste det skapas “nivåer” i det distribuerade systemet.
Det måste alltså införas en hierarki. Som plattformen ser ut nu
är alla agenter på samma “nivå”; Alla agenter kommunicerar
med varandra. För att minska mängden agenter varje agent
måste kommunicera med behövs systemet delas upp i delar.
Varje del måste då ha en sorts “huvudagent” som aggregerar
informationen från agenterna i sin del och kommunicerar den
vidare till de andra delarnas “huvudagenter” som sedan delar
ut den till sina agenter. “Huvudagenterna” är då en nivå högre
upp i hierarkin än de andra agenterna. Fördelen med den här
sortens struktur är att det är möjligt att göra den iterativt. Om
det blir för många “huvudagenter” kan de i sin tur delas upp
i delar på samma sätt som tidigare och då har vi en till nivå
i systemet.

För en framtida expansion skulle distributionen av pro-
gramkod till mikrokontrollerna och Raspberry Pi:erna behövas

automatiseras eftersom det skulle vara för tidsödande annars.

VI. FRAMTIDA UTVECKLING

För en fortsatt utveckling är det viktigaste att göra systemet
stabilare genom att implementera aktiva felsökningssystem hos
agenterna och att se till att agenterna verifierar meddelandens
leverans. Det är också viktigt för stabiliteten att möjliggöra
för till och från koppling av laster medan systemet är i
drift. När det är gjort finns det flera olika inriktningar för
en fortsatt utveckling av plattformen. En intressant utveckling
vore att lägga till generatorer och energilagring för att kunna
simulera ett verkligt litet smart elnät. En annan inriktning vore
att lägga till mer avancerade multi-agent beteenden för den
distribuerade kontrollen. Det skulle också vara möjligt att ut-
veckla styrsystemet för att kunna hantera ett trefas växelströms
elnät och därefter att koppla samman kontrollsystemet med
elnätssimulatorn OPAL-RT. Det går också att använda plattfor-
men som skapats som ett redskap för att utveckla laborationer
och use-cases för utbildning inom distribuerade information-
och kontrollsystem och smarta elnät.

A. Byte av mikrokontroller

Beroende på vilka krav som ställs på mikrokontrollern vid
en fortsatt utveckling skulle Arduinon kunna bytas ut mot
någon annan mikrokontroller som har bättre prestanda. Ett
förslag på en mikrokontroller skulle kunna vara Atmel 32-Bit
AVR UC3, vilket är världens mest effektiva 32-Bits mikro-
kontroller. Beroende på vilken serie av denna mikrokontroller
man väljer har de lite olika egenskaper[19].

Atmel 32-Bit AVR UC3 har upp till 512 kB Flash minne
och en 66 MHz processor jämfört med Arduino Unos 32 kB
Flash minne och 16 MHz processor. Detta betyder att man
skulle få plats med större program, vilket kommer att krävas
om mikrokontrollern behöver kunna utföra fler mätningar
och beräkningar. Processorn är också mycket snabbare vilket
möjliggör mer komplexa beräkningar på mikrokontrollern.

Just nu utförs ett internt projekt på ICS där man använder
sig av NI USB 6009 vilket är en en datainsamlare, DAQ (Data
Acquisition) som är snabbare och mer noggrannare än Arduino
så här finns också en kandidat för att samla in data vid en
eventuell större uppskalning.

VII. SLUTSATSER

Smarta elnät, och specifikt den distribuerade kontrollen av
dem har studerats och följande slutsatser har dragits:

• Projektet lyckades skapa ett fungerande distribuerat
informations- och kontrollsystem för att styra ICS byns
belastningsfördelning.

• Det går att skapa ett informations och kontrollsystem med
hjälp av billiga COTS produkter som Raspberry Pi och
Arduino.

• Informations och kontrollsystemet som skapats klarar inte
av en stor uppskalning. För att göra det krävs bättre op-
timeringsalgoritmer och inbyggda felsökningsfunktioner
för att garantera stabilitet av systemet. Det behöver också
införas en bättre distribuerad arkitektur där systemet delas
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upp i delar för att begränsa antalet agenter varje agent
behöver kommunicera med. Varje del bör då en sorts
“huvudagent” som kommunicerar med de andra delarnas
“huvudagenter”

• En fortsatt utveckling av informations och kontrollsy-
stemet skulle kunna vara att lägga till generatorer och
energilagrinsförmåga till ICS byn för att kunna simulera
ett verkligt litet smart elnät.

• Genom att göra elnätet smartare finns det stora
möjligheter att spara in pengar och att tjäna pengar. Till
exempel i USA förlorar man årligen mellan 25 och 180
miljarder dollar på strömavbrott [1].

• Det finns stora planer i världen på att investera för att
göra det stora steget till ett smart elnät. Bland annat så
utvecklas ett av världens mest avancerade smarta elnät
just nu på Gotland.
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Vi skulle vilja tacka vår handledare Nicholas Honeth som
har väglett oss under projektets gång. Ett stort tack till Nils
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Abstract –For many years, the distribution network has been 
structured in a pyramidal way, by starting from the High 
Voltage (HV) /Medium Voltage (MV) substation and 
dispensing electricity towards a bulk of consumers. Due to 
cost considerations, it has been ignored that the Low 
Voltage (LV) network has a real potential for energy-saving 
and optimization. If the LV networks are properly equipped 
and controlled with advanced smart meters; it can open new 
opportunities for innovative functions aiming to control and 
optimize this part of the network in more intelligent way. 
The meters used in power systems reads on various 
electrical parameters in a residential, industrial or business 
locality. These parameters can be sent to the Supervisory 
Control and Data Acquisition Systems (SCADA) for 
control. Low Cost Technologies are employed for the 
design of the meter and hence an effective solution for 
conservation of Energy. A Smart Meter Prototype of a load 
of the ICS Village, in the ICS Department at KTH, is 
created and a communication platform is established. The 
Raspberry Pi (server) – PC (client) model is set up for 
sending the data of the load to the client application, using 
DLMS/COSEM open source protocol with OBIS Codes.   
 
Index Terms – LV, Meters, Server, Client, Low Cost 
Technologies, DLMS/COSEM, OBIS, Raspberry Pi 

I. INTRODUCTION 

 
Automatic Metering Reading or Smart Metering Systems 
refers to a technlogy of collection of data and sending data 
to different meters. Automation ranges from connecting to 
meter through RS232 interface to transmit the meter 
measurements from the meter to a utility company. [1] 
 
Automations in Electricity meterings main motive is to 
modernize the energy and to improve customer service. 
Energy available will be more reliable and affordable[5]. 
Automatic Metering has been manufactured by various 
industries like Schneider, ABB, etc [7]. 
 
Low Voltage Substations are stations in which voltage 
levels are less than 600Volts and the number of large loads 
connected will be comparitavely less.[15] 

 
 

Fig. 1. Data Collecting System 

In this project, the data collecting system (Fig. 1), is 
intended to be connected to the power distribution 
simulation platform at the ICS department, called ICS 
village (Fig. 2), is used to perform electrical 
measurements.The ICS Village is a DC Village operated at 
24V and represents a LV Network. The research at the 
Department of Industrial Information and Control Systems 
at KTH, Royal Institute of Technology is initiated for the 
development of a complete cost-effective IT-based 
operating system for various industrial processes. Its main 
motive is to make successful IT implementations for 
industrial and households, starting from conceptual planning 
to operations. 
 
 

 
Fig. 2 ICS Village 

One of the advances in the field of power system is the 
utilization of available technologies, for an automatic 

Smart Meter Prototype for a Low Voltage 

Network 
Sneha Narasimhan 
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consumer type meter in order to measure required 
parameters in the LV substation; and transfer the data to a 
control center or specifically Supervisory Control and Data 
Acquisition System (SCADA). Such an alternative can be 
rose as areas of interest for researchers as well as industries.   
 
This meter prototype and communicaton system 
implemented in the project can be realised in real time 
situation. The spot market system in the developed countries 
will have variable tariff rates, which varies for an hour. 
Hence consumers can carefully use the devices according to 
the rates hence minimize their bills. The communication 
system provides a more flexible interface to access the 
values of the load from any part of the world. The client 
application can be realised with the view point of the grid. 
In this case the distribution station can read the values of the 
load and monitor it under conditions to prevent situations of 
complete power outages.  
 
The accuracy of the SCADA depends on the number of bits. 
The maximum accuracy is found to be 10 bits. The 
communication of SCADA is totally dependent on the 
Remote Thermal Unit and a uses a software platform for 
communication. In one of the automation cases of LV 
substation in the UK, ihost was used as a platform for 
communication[5]. 
 
The project is divided into two phases: Theoretical and 
Practical Phases. Section II,III,IV,V formulate the 
theorectical phase,in which Section III and IV provides and 
idea of the hardware used for the project.Section II gives a 
description of meters used. The Arduino used for obtaining 
data fron the ICS Village is mentioned in Section III. 
Raspberry Pi’s are used to act as the server in which the 
values are sent through the serial port. Section IV gives an 
outline of the server used. The DLMS protocol used for 
communication between the meter(server) and the 
user(client) and the use of OBIS codes is described in 
Section V.  The Methods used for the preject to be 
accomplished is described in Section VI and Section VII 
represents the results which constitute the practical phase. 
Section VIII provides the conclusions and discussion. 
Finally, the future scope is mentioned in Section IX. 
 

II. OVERVIEW OF METERS 

 
Managing a grid is as difficult as walking on a tight rope. 
The grid must be in a balanced state at all times between the 
consumer usage and power pant production. When this 
condition fails it results in brownouts,where the voltage 
level dips too low, which can damage various appliances 
and electronic equipments. Else it may lead to proper 
blackouts. [7] 
 
The balancing act will get more complex in the future wit 
addition of more renewable sources in the gird. Hence 
having a more exact and precise information of how 
electricity is consumed by the consumers provides an 
additional help for the balancing acts. 

 
Obtaining accurate and adequate data to support the day-to-
day decision-making activities of sub-transmission stations 
and distribution networks is one of the high level necessities 
for electrical distribution utilities. 
 
There are different types of meters which are used for the 
same but differ in their capabilities. They are:- 
 

1. Mechanical Meters  
 
These meters have been in use for more than a century. 
They work similar to theat of an electric motor through 
which the current passes and hence rotates a mechanical 
counter. They are simple and reliable and can be used to 
measure the total consumption of electricity for a period of 
time. Any additional features will require an upgrade of the 
entire meter. [7] 
  

2. Simple Digital Meters  
 
The simple digital meter is an electronic version of the 
mechanical meters. Instead of a wheel, this meter 
incorporates a sensor which measures the electricity.  
 
A meter of this kind can be read visually like that of 
mechanical meters, or with the help of a port mounted on 
the front. There are no wireless reciever or transmitters 
mounted inside the meter.  
 
Most of the models have an infrared communication port on 
the front, which helps in noting down the readings or even 
program it.  
 
The Mechanical and Simple Digital meters are calibirated to 
measure the Energy used in kWh. 
 

3. Remotely Read Meters  
 
Remotely read meters are also coined as Automated Meter 
Reading (AMR). 
 
These meters work similar to digital meter,s but the 
exception being these meters do not require a meter reader 
to drive close to a meter. While some do not use them at all. 
Instead they transmit data through different systems like: [6] 
  

 Telephone line 
 Radio 
 Cellular (GPRS) 
 Power line cables (PLC) 
 Wireless network (Wi-fi) 

  
Some models are termed as Electonic Reciever Transmitter 
(ERT). These models are read from a vehicle that drives 
through the neighbourhood with a small radio reciever, 
every month. A wireless computer recieves the responses 
transmitted by the meters, as the vehicle passes by. [7] 
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Most of the meters transmit through out the day, inspite of 
whether the meter truck is passing by or not. These are 
termed as “bubble-up” meters [7] 
  
“Wake-up” meters [7] have a reciever built in, which waits 
for a signal from a passing utility vehicle, before it starts 
transmitting and hence there is power saving possible. 
 
Certain models have a built-in phone modem by which it 
call up a computer, or are connected to a base station in the 
nearby locality using wireless transmitters or sending 
signals to the power line (PLC). These meters are 
programmed to transmit at a certain time, preferably around 
midnight of each day. They are unlikely used by the 
manufacturers these days. 
 
There are few models that transmit data more frequently 
with the help of wireless communication or power 
lines.There are not used to their full potential. 
 
There is some similarities between the remotely read meters 
and real smart meters. 
 

4. Smart Meters  
 
Smart Meters are also referred to as Advanced Metering 
Infrastructure, AMI. This meter has an ability to 
communicate in both the directions, i.e. the meter can 
transmit data to the utility and the utility can also send 
information to the meter. This occurs without having 
personel access to the meter. 
 
The information sent to the utility from the meter can 
include [7] 
  

 detailed usage information 
 voltage monitoring data 
 various alarms 

  
The information sent to the meter from the utility can 
include [7] 
  

 alarm/load-shed instruction 
 date and time 
 disconnect/reconnect instruction 
 pre-pay information 
 pricing information 
 programming of meter 
 upgrade of meter software 

 
 
There are three different types of smart meters obtained in 
variable dimensions. [6] 
 

 GISM is a single phase meter (230V) with the 
dimensions  224 x 148 x 105 mm. 

 GIST is a three phase meter (3*230/400) with the 
dimensions 224 x 148 x 107.5 mm. 

 GISS is installed for heavy consumers with the 
dimensions 290 x 225 x 129.2 mm 

 
The meter is already programmed by the utility providers 
and hence help the consumers to use it easily. Smart Meter 
manuals are available for future reference and customer care 
services for any valuable assistance. The customer will have 
a clear idea of the energy consumption and hence can 
accordingly automize it and save energy. The values in 
these meters change by an hour or minute or even seconds 
according to the design of the utility provider.[6] Sending 
data that frequently will help the utility to discover any 
faults in a quick span of time and can deal with them at a 
faster rate. 
 
A smart meter may be able to communicate with appliances 
in the home, using a Home Area Network.  It may 
communicate with: 
  

 a display screen 
 a gas or water meter 
 various appliances (room thermostat, water heater, 

etc.) 
  
It will communicate with the utility and the home’s 

appliances using one or more of these methods: 
  

 Telephone landline 
 Cellular modem 
 Fiber optic cable 
 Wireless network (Wi-Fi, etc.) 
 Power line network (PLC, HomePlug) 

  
 
A central controller is mainly performs more frequent 
broadcasts of date/time, to keep the meters synchronized for 
accurate time stamps. [7] 
 

5. Pre-pay Meters 
 
In this type of meters, the electricity bill is paid in advance. 
There is no monthly bill. When the meter is low on money, 
it warns the consumer. When the meter runs out on money, 
the power is automatically disconnected. These meters offer 
only a flat rate of electricity, and no discounts on off-hour 
use. These meters are also coined as “pay-as-you-go” 

meters [7].  
 
Earlier days coins were inserted in the meter in may parts of 
Europe.emPOWER meters [7] serves as an example for 
these kind of meters. The consumer byes a plastic card at a 
convenience store, which is used to add money to the meter.  
 
The meter consists of a control box, which communicates 
using wireless transmission with an electrical meter outside. 
This also displays the money left in the meter every 5-15 
seconds. When money is added to the box, with the plastic 
card, it transmits those details to the electrical meter.This 
sytem is more tolarable than the other meters that transmit 
frequently.[7] These meters also measure the energy 
consumed by the consumer.  
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III. ARDUINO UNO 
 
The Arduino UNO (Fig.3.)[14] is a microcontroller 
(ATmega328) board. It has 14 digital input/output pins, 6 
analog inputs, a 16 MHz ceramic resonator, a USB 
connection, a power jack, an ICSP header, and a reset 
button. It is powered with a USB cable, connected to the 
computer, or with an AC-to-DC adapter or battery to start 
up with. It is a low cost board, costing $ 35. It is an open 
source board and can be used for computational purposes. It 
can also be used for software development purposes, and 
make devices that can sense inputs from real time systems. 
 

 
Fig. 3 Arduino Uno [14] 

 
The Arduino uses C and C++ coding techniques and has 
inbuilt functions for the same. The Uno differs from all 
other versions of Arduino boards as it uses Atmega 16U2 
programmed instead of FTDI USB-to-Serial driver chip.  
 
The Uno [14] is the latest release in a series of USB 
Arduino boards. "Uno" means one in Italian and is named to 
mark the upcoming release of Arduino 1.0.  
 
The Arduino Uno has a resettable poly fuse that protects the 
computer's USB ports from shorts and overcurrent. The fuse 
acts as extra layer of protection apart from the in-built ones. 
If more than 500 mA is given to the USB port, the fuse will 
automatically break the connection until the fault is cleared.  
 

IV. RASPBERRY PI’S 
 
The Raspberry Pi (Fig.4.) is a credit-card sized device 
which can be used as computer, which plugs onto the 
monitor and peripherals like keyboard and mouse. It is a PC 
which can be used for various activities. Raspberry Pi’s are 

cheaper when compared to a personal computer and hence 
can be used in LV Substations where cost constraints play a 
prominent issue. It needs an SD Card which contains the 
image of the debian software and can be programmed.   
 

 
Fig. 4 Raspberry Pi Model B [10] 

 
There are two models of Raspberry Pi namely A and B. 
Model A has 256MB RAM, one USB port and no Ethernet 
port. Model B has 512MB RAM, 2 USB port and an 
Ethernet port. Model B is chosed as the server, as an 
ethernet port is required for the connection of the server and 
client of the prototype.This is a low cost of board of about 
35$[10]. 
 
The Operating System of the Raspberry Pi is Linux.The SD 
card must be inserted with the Raspberrian image for the 
functioning. The SD card is loaded with Raspberrian 
Wheezy, downloaded from the internet. By doing this, the 
Raspberrian image is copied to the card. 

V. COMMUNICATION PROTOCOLS 
 

1. Gurux DLMS/COSEM STANDARD 
 
The metering standard that supports electricity, gas, heater 
and water equipment’s, is known as Device Language 
Message Specifications / COmpanion Specification for 
Energy Metering [1]. It is a widely used standard namely 
IEC 62056.  
 
DLMS is an application layer specification where as 
COSEM presents an object oriented model for the meters, 
providing a insite of their functionality through 
communication interfaces. 
 
There are 2 types of referencing used in for metering 
devices[12]:  

 Short Name (SN) 
 Logical Name (LN) 

 
The data collection system (client) prefers the LN 
Referencing.SN referencing is inherited from the DLMS 
norms while LN referencing has evolved with the 
specifications. 
 
When SN referencing is used, the attributes and methods of 
the object is mapped to the DLMS named variables. This is 
incorporated during the design stage it self. Each variable is 
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identified with the short name, which is a 16 bit unsigned 
integer. When SN referencing is used, the DLMS named 
variables are accessed by the standard DLMS READ and 
WRITE services[13]. 
 
When LN referencing is used, attributes and methods are 
obtained using the logical name of the object. Logical 
names are defined by OBIS Codes[13].  

 
With the Gurux DLMS component it is easily to built a 
Automatic Meter Reading System (AMR) [9] to meet the 
requirements or create a DLMS compliant meter. This 
module helps to simplify the communication with DLMS 
devices. The DLMS library supports various languages like 
C++ , Java, .NET Open source and so on.This is easy to 
implement as Gurux provides an open source code to 
implement this protocol. 
 
There are three variable parameters, used by the 
manufacturers, namely[9]: 
 

 Logical Name(LN) or Short Name (SN) 
Referencing. 

 Server ID or Server Address or Primary Station. 
 Client ID or Client Address or Secondary Station. 

 
DLMS/COSEM provides standard codes to reference to 
each information in the metering device,OBIS codes. 
 

2. OBIS Codes 
 
OBIS provides standard identification codes (Fig.5) for all 
the items, which are used to obtain information about the 
parameters measured in the meter.  
 
 

 
 

Fig. 5 OBIS Code Structure [8] 

OBIS codes are organized in hierarchical structure that 
contains six groups, ranging from A to F, each of one byte 
(Fig.5.). The value A represents the type of the data to be 
identified.Value B defines the channel number,possibly 
from differnet sources. Group C defines the abstract or 
physical data items related to the information source 
concerned, for example, current, temperature, or voltage. 
Group D identifies the country specific codes. Group E 
represents the identifying rates used for further 
classification. Finally, Group F is used for determining 
historical values for further classification. A list of OBIS 
Codes for electricity metering is avaible in [8].  
 
The OBIS codes are developed considering the parameters 
metered are instantaneous values which signifies D is 7. 
These are considered as Electricity related object which 
implies A is 1. The entire values of the load constitute 
channel 1 implying B is 1 and is the total value which 

signifies E is 0.Group F is taken to be 255 as it is not 
specified. 31,32,21 implies Current, Voltage and Active 
Power respectively [2],[8]. 
 

 Current - 1.1.31.7.0.255 
 Voltage – 1.1.32.7.0.255 
 Power – 1.1.21.7.0.255 

 
 

3. Gurux Director 
 
This application used in the client (PC) is used to control a 
physical device in an easy and effective way. Gurux 
Director [11] is a powerful software applicable for product 
development, quality control, maintenance and general 
device control. 
 
There are various advantages of using this software [11]: 
 

 Open Source 
 One software is suitable for all devices. 
 The end user can add new device types, without 

programming skills. 
 Product development costs are reduced. 
 Training costs are reduced. 
 Device control is more efficient. 

 
This software is meant for systems with smaller amount of 
devices. The ICS Village includes just 6 lamp loads and this 
module is receiving data for a single lamp load. Hence, can 
be used for the same. If there is an increase in the number of 
devices, Gurux AMI is preferable.[11] 
 
Gurux Director uses various predefined profiles, or 
templates, created with Gurux Device Editor. The templates 
include information about protocols, settings and messages, 
understood by the physical device, in order to enable it to 
communicate with a PC [11]. 
 
With the use of Gurux Director, reading values from the 
meter is possible (Server), edit the values and write new 
values back to the device [11]. In this project, Gurux 
Director helps to read the values from the server. 
 
The values read from the physical device, can be saved into 
a file and can be restored easily after a breakdown or 
interruption. The values can be used in reports,summaries 
and other statistical methods. All types of devices can be 
attached to Gurux Director. This helps in controlling all the 
devices in one stroke, with one software [11]. 
 

VI. METHOD 
The prototype of the smart meter used to record the value of 
a load in the ICS village was done in five stages.  
 

1. The values of Current and Voltage was measured 
from a lamp load in the village. The values were 
observed in a PC using the serial port. 
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2. The server (PC1) was made to run using Netbeans 
IDE Software. 

3. The client (PC2) was connected to the server using 
the Gurux Director and values were observed in the 
client. 

4. Creating Executable Jar Files Using Netbeans IDE. 
5. The server was replaced with the Raspberry Pi and 

steps 3 and 4 were implemented again  
 
 

1. Read the Values  
 
An Arduino UNO is used for reading the current and 
voltage parameters of the lamp load.  
 
The power supply of the board is obtained from the USB 
Port of the Server. The ICS village is having a voltage of 
24V and the Arduino can take readings only upto 5V. A 
step down circuit is developed to reduce the voltage values 
of the lamp load using voltage divider circuit. The voltage 
divider in this case consists of two resistors. The resistors 
divide the supply voltage propotionatily. The resistor values 
used for the voltage divider is 3.9kΩ and 1.2kΩ calculated 
through trail and error method.The aim of the designed 
circuit was to obtain 5V across 1.2kΩ, when the supply 

voltage is 15V. The values of the resistor are standard 
values. The divider circuit was soldered on a PCB (Fig. 6). 
The output of the voltage divider is taken from the mid 
point of the resistor junction. The Voltage value is obtained 
in pin A1 of the Arduino. 
 

 
Fig. 6 Arduino with the Voltage Divider 

The current values are obtained from the inbuilt op-amp 
circuits of the ICS Village which amplifies the low level 
current readings to voltages, obtained in pin A0 of the 
Arduino. The Op-Amp’s [16] are configured in the non-
inverting configuration. A schematic representation of the 
set up is shown in Fig. 7. The Power of the load is obtained 
by multiplying the current and voltage values.  
 
The Values are displayed in the serial monitor with a code 
of ‘v’, ‘c’, ‘p’ appended in the beginning, for identification 

purposes of these readings in the server executable java(jar) 
files, hence make it easier to send these values to the exact 
OBIS Codes.  
 
The code snippet for the same is as follows: 
 
Serial.print(“Alphabet v/c/p”); 

Serial.println(Voltage value/Current Value/Power Value); 
 

 
Fig. 7 Schematic Representation of the readings in the ICS Village 

 
 

2. Running the Server in PC1 with Netbeans IDE  
 
A Project is created in Net Beans IDE. Go to the properties 
option of the project. The libraries are loaded for the project 
which are jar files namely, RXTXcomm, gurux.net, 
gurux.common and gurux.dlms. In the main project it 
consists of a part to chose between the referencing option, 
LN or SN ansd assign a port number for each referencing. 
Then the port name must be read and identified.This project 
uses OBIS Codes and hence LN Referencing. Then in the 
Gurux module the values must be sent to the required OBIS 
Codes. In this part of the code, the client connection is 
recognized and the values are sent. This is explained in 
much detail in the next step. 
 
The values sent from the arduino to the serial port is intially 
noted in the serial monitor at the end of the process. 
Initially, various names of the port is given in an array, for 
various Operatring Systems. Then the port name is read and 
matched with the array of port names, and if matched it 
reads the value from the serial port. From the values are 
read from the port, the three alphabets are seperated using 
the split command, and sent to the function along with its 
OBIS Codes.The sample code snippet for the above 
mentioned process is as follows: 
 
//Current 
String x = String.valueOf(chars[0]); 
if(x.equals("c")){ 
String[] inputString=inputLine.split("c");                                 
String inputStringf=inputString[1]; 
String inputStringf1="Current"; 
                                 
System.out.println("value = " + inputStringf1); 
System.out.println("value received = " + inputStringf); 
                                 
server.printDataFromArdino( inputStringf,  
"1.1.31.7.0.255"); 
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The OBIS codes are created for instantaneous values of 
current,voltage and power from [8] as described in Secton 
III. The program running on the NetBeans IDE acts as the 
server in the PC. Most of the activities are done by the 
packages imported for the Gurux DLMS.  
 

3. Running the Client in PC2 with Gurux Director 
 
Firstly, a profile is created in the Gurux Device Editor and 
Gurux Director Template is loaded. This helps in contolling 
the device. This acts as the client or the user interface. 
 
In the profile the host name which is the IP address of the 
server to be connected.The communicate via the ethernet 
port.The port name is given as 4061 as it is used for LN 
referencing in the java code snippet. 
 
Once the profile is created, connect it to the host (server) 
using the connect option, selected in Fig. 8. Click File  
Refresh to update the OBIS codes created in the server on 
the client. The OBIS codes can be given a description by 
clicking View  OBIS Codes.  
 

 
Fig. 8 Gurux/DLMS Director 

 
Select each OBIS code displayed and click the Read button. 
(Fig. 7) The value is read from the server. Hence the task is 
accomplished. 
 
 
 

4. Creating Executable Jar Files Using Netbeans 
 
Executable Jar files is created for using this server program 
in the Raspberry Pi. All the jar files used for the server 
application in PC1 has to combined, so as to use it in 
Raspberry Pi. The build.xml file in the Files Section of 
Netbeans is replaced with the code mentioned in [12]. Then 
Right Click the build xml file and go to Run for Target  
Other Target  package for store. The executable file is 
present in the store folder. The file is renamed as 
ServerClientExample. 
 
The Serial Port for the Raspberry Pi is dev/ttyACM0 and 
can be obtained from the command 
 
dmesg | grep tty  

 
5. Raspberry Pi as the Server 

 
The Arduino is connected to the Raspberry Pi as in Fig. 9. 
Initially Raspberry Pi is installed with the Librxtx and Open 
JDK, by running the RaspberryPi as a super user. The 
syntax is  
 
sudo apt-get install  
 

 
Fig. 9 Arduino with the Raspberry Pi 

Then the Raspberry is connected to the ethernet cable by 
changing it from the static  dhcp mode in the interfaces 
file present in /etc/network folder. The Keyboard 
configuration is changed to Swedish so as for its easy use. 
By default the settings is for a US based company. The 
executable jar file is sent to the Raspberry Pi using WinSCP 
software. The jar file is made to run in the Raspberry Pi 
using the command 
 
java -Dgnu.io.rxtx.SerialPorts=/dev/ttyACM0 –jar 
ServerClient Example.jar 
 
and hence, the server is made to run. 
 
The client application works the same as before with just 
the change in host name (IP address). 
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VII. RESULTS 
 
A Smart Meter Prototype is created with readings of 
current, voltage and power displayed in it. Initially, the 
values are sent from PC, which is the server, to PC2 (client). 
The Gurux DLMS Director, which is the client application, 
reads the values from PC1. 
 
Then the readings are sent to the Raspberry Pi (server) using 
the serial port and is connected to the client using the Gurux 
DLMS Director and values are read in the client.  
 
Installation of the Arduino IDE must be avoided in the 
Raspberry Pi, if not done it may lead to destruction of the 
Java Libraries irreversibly.  

VIII. DISCUSSION 
 
The Arduino UNO used for the first stage of collection of 
data has a resolution issue. The Current Values obtained 
from the Op Amp, used in the ICS village, to amplify the 
current values to equivalent voltages cannot be converted to 
the actual values; as the resolution of the Arduino is small 
and hence, these values can’t be read as the actual value 

ranges from 0-12mA. The Op-Amps used for measuring 
currents are in built systems for the ICS Village. Hence, 
extrapolating the exact values of the resistors was difficult. 
Hence, scaling down to the actual values was difficult. The 
code for the Arduino must be copied to it and never be reset. 
The reset option will result in losing the code. The software 
platform Java is an efficient platform to work with.  
  
The DLMS protocol used for Communication is highly used 
in European Countries and is fast. The advantage of using 
this protocol is that it is from an Open Source Community. 
The communication platform Gurux DLMS Director can be 
used only for a system with limited number of loads. For 
larger number of loads, the communication platform must 
be upgraded.[11] 
 
The use of Raspberry Pi as the server is a cost efficient 
method. It costs less and is way cheaper than the personal 
computer. The SD card used for installation of the image of 
the Raspberry Pi also costs less. Hence this installation can 
bring about a revolutionized change in the automation of the 
LV substation.  
 
Another benefit of incorporating Raspberry Pi’s and the IP 

(Ethernet) connection is that the server being placed in the 
remote location, if the IP address is known the client can 
access the data from any part of the world. This leads to safe 
metering, and also helps to identify any issues related to the 
load. Hence, the system can be monitored effectively. This 
also has an added advantage to identify electrical theft 
issues. 
 
If the command for running the jar files –  
Java –jar ServerClientExample.jar is directly used. It will 
show an error of cannot find COM port.  

In order to fix this issue initially, the Arduino IDE was 
installed in the Raspberry Pi. But due to this installation it 
irreversibly damaged the Java environment. This issue can 
only be solved with the reinstallation of the Raspberrian 
Wheezy on the SD card.  
But to avoid this error the command given in Section VIII 
part 4 must be used. 

IX. CONCLUSION 
 
The Smart Meter Prototype built in this project can be 
further enhanced with a better serial interface. Using of 
Open Source Communities and Raspberry pi’s leads to 

lower cost of the entire system and hence effective. The 
remote access feature of the communication system is an 
added advantage. 

X. FUTURE WORK 
 
The Arduino Uno can be replaced with another serial 
interface in order to overcome the issues that where 
encountered during the measurement of the current values 
of the load.  
 
In this project, a Smart Meter is developed for a Single 
Load. It can be further expanded for all the loads of the 
village. The Raspberry Pi’s of the loads can be connected 

with each other, which can in turn communicate with a large 
server. This can also be connected to the client using some 
Open Source Software’s, depending on the number of loads. 
 
Another addition can be the inclusion of “profile generic” 

objects [17]  [2] and create measurements versus time 
graphs and hence monitor the consumptions through the 
plots throughout the day. This can act as an additional 
application.This can also be further developed into a two 
way communication system.  
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Simulation of Microbubbles During the Initial
Stages of Breakdown in Cyclohexane

Henrik Frid

Abstract—The formation of a vapor microbubble has previ-
ously been suggested to be the initial mechanism in the process
of dielectric failure of dielectric liquids. The bubble is generated
by a rapid, highly localized heating of a volume close to a highly
stressed electrode, caused by electric currents in the liquid at
high voltages. In this paper, a numerical model is presented to
investigate the dynamics of a single microbubble in a point-plane
geometry in cyclohexane. A condition for the formation of a
vapor bubble is discussed. Thereafter, a Computational Fluid
Dynamics (CFD) model of two-phase flow with phase transition
is used to study the dynamics of the bubble from generation to
collapse, under a highly divergent electrostatic field in a subcooled
liquid. The amount of subcooling in the simulations is 5 K, and
it is found that convergence gets significantly weaker as the
amount of subcooling increases. The bubble expansion is also
simulated considering the electrohydrodynamic (EHD) processes
in the liquid and vapor phases. Finally, it is shown how the
electrostatic forces on the dielectric will cause a bubble to detach
from the electrode.

Index Terms—Dielectric failure, streamer initiation, bubble
dynamics, electrohydrodynamics, computational fluid dynamics

I. INTRODUCTION

D IELECTRIC liquids are commonly used as electrical in-
sulating material in high-voltage devices, such as power

transformers. If the liquid fails to maintain the applied voltage
between two electrodes, a process hereafter referred to as
breakdown, the device will normally be damaged or destroyed.
Therefore, the understanding of the process leading to break-
down in dielectric liquids is crucial for the design of robust
high-voltage systems. During dielectric failure, the dielectric
is subjected to both Coulomb and polarization forces [8]. As
opposed to dielectric failure in solids, which are not free to
flow, these forces will cause a violent, strongly rotational kind
of motion in liquid dielectrics [7]. In the literature, there is a
large number of empirical studies of prebreakdown phenomena
in the point-plane geometry, where a needlepoint electrode
is places over a grounded plane. This geometry is depicted
in Fig. 1. In these experiments, the tip radius is typically a
few micrometers and the distance between the needlepoint
and the grounded plane is typically a few millimeters [4], [1],
[9]. From these experiments, we know that the prebreakdown
process taking place when a large negative potential is applied
to the needlepoint is characterized by a series of events. The
process starts with a small current pulse with a duration of a
few nanoseconds and an order of a microampere that occurs
when the applied voltage is increased to a threshold voltage
[2], [1]. The current pulse is caused by an electron avalanche in
the liquid phase [2]. The resulting drift of charge carriers under
high electric field causes a rapid, highly localized heating of
the liquid close to the needle [3]. The injected energy, which

Fig. 1. In the point-plane geometry, a needlepoint electrode is placed over a
grounded plane.

is typically a few nanojoules [1], can in some cases result
in the formation of a vapor microbubble. After formation,
the bubble expands until it reaches a maximum volume, after
which it starts to implode and ultimately collapse [2]. The
maximum radius of the bubble is typically a few micrometers
and the lifetime of the bubble is typically a microsecond [1].
It has been suggested that ”bush like” streamers in liquids
grow initially from single bubbles [2]. The aim of this study
is to take the first step towards a numerical model that can
simulate this complicated process, by developing a numerical
model that can be used for simulation of a single vapor bubble
in a highly divergent electric field. The simulations presented
here were performed for the dielectric liquid cyclohexane.
Cyclohexane is well suited for this type of simulation work
since there are experimental results [2], [1], [4] that can be
used for comparison. The numerical model presented here
was implemented and evaluated using the commercial software
COMSOL Multiphysics, which is based on the Finite Element
Method (FEM).

When creating a numerical model, this process can be
broken down into several subproblems. The bubble formation
mechanism is discussed in Section III-C. The electrohydro-
dynamic (EHD) processes are studied using a multiphysics
approach based on Computational Fluid Dynamics (CFD). A
model for single-phase EHD flow is presented in Section III-A
and a model for two-phase EHD flow is presented in Section
III-E. In the later model, the liquid-vapor interface is tracked
using the Volume of Fluid (VOF) method. The temperature
and distribution of charge immediately after the current pulse
is estimated with the Electro-Thermal Model (ETM), which
was recently developed at the Royal Institute of Technology
[3], and used as the initial condition when simulating the
bubble dynamics. When the bubble starts to implode due to
condensation at the liquid-vapor interface, the pressure drops
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rapidly in the liquid phase. It is found that the large pressure
gradient related to large amounts of subcooling makes the
simulation numerically challenging. In this paper, the amount
of subcooling has therefore been restricted to 5 K. The results
from the bubble expansion and implosion phases are presented
in section IV-B. In the experiment performed by Lesaint et
al [4], it is observed that a bubble formed at the needle tip
ultimately detaches from the needlepoint electrode. This can be
predicted using the model presented in this paper. A simulation
of the detachment of a noncondensible bubble is presented in
Section IV-C.

II. ELECTRO-THERMAL MODEL

The ETM is based on the same idea as the model presented
by Hwang [10]; the charge density ρ = ρe + ρp + ρn where
ρe, ρp and ρn is the charge density due to electrons, positive
ions and negative ions respectively, is found by solving the
three continuity equations

∂ρe
∂t
−∇ · ρeµe

~E = −G(| ~E|)− ρe
τa
− ρpρeRpe

q
(1)

∂ρp
∂t

+∇ · ρpµp
~E = G(| ~E|) +

ρpρeRpe

q
+
ρpρnRpn

q
(2)

∂ρn
∂t
−∇ · ρnµn

~E =
ρe
τa
− ρpρnRpn

q
(3)

where µe, µp and µn are the mobilities of the electrons,
positive ions and negative ions. q is the magnitude of electronic
charge. τa is the electron attachment time constant to neutral
molecules. Rpn and Rpe are the ion-ion and ion-electron re-
combination rates respectively [10]. The production of charge
G, depends on the electric field strength, and will not be
discussed in further detail in this paper. The electric field ~E
is found by Gauss’s law

∇ · εrε0 ~E = ρ (4)

where εrε0 is the permittivity. This electrostatic approximation
is commonly used in simulations of dielectric failure [10] and
numerically, it is often treated by solving Poisson’s equation.
The current density is found as

~J = (ρpµp − ρnµn − ρeµe) ~E (5)

It is worth noting that by taking the sum of the continuity
equations (1), (2) and (3), we arrive at the total continuity
equation

∂ρ

∂t
+∇ · ~J = 0 (6)

which confirms that charge is conserved in this model since the
source term on the right-hand side adds to zero. Most material
parameters are dependent on temperature, T , which is found
by solving the heat equation

∂T

∂t
=

1

ρmc
(kT∇2T + ~E · ~J) (7)

where ρm is the mass density, c is the specific heat and kT is
the thermal conductivity. The Joule heating, ~E · ~J , appears as
a heat source in the heat equation.

III. SIMULATION MODEL

A. Velocity field

The velocity of the material is denoted ~u and is found
by solving Navier-Stokes equations. In the bubble dynamics
experiments performed by Jomni et al, the velocity of the
bubble interface has never exceeded 0.1c∞, where c∞ is the
speed of sound in the liquid [1]. For single phase EHD flows
in the point-plane geometry, the estimated liquid velocities are
also small [14] compared to the speed of sound in the material.
Therefore, compressibility effects are negligible and the flow
can be considered to be incompressible [11] in both single-
phase and two-phase simulations. Navier-Stokes equations for
incompressible single-phase flow are given by

ρm
D~u

Dt
= −∇p+ µ∇2~u+ ~f (8)

where p is the pressure, µ is the dynamic viscosity, ~f is the
volume force (which will be discussed in Section III-F), and

D

Dt
=

∂

∂t
+ ~u · ∇ (9)

is the material derivative [11]. The second term in the material
derivative is referred to as the convective term and it accounts
for the movement of the liquid. In addition, when there is no
phase transition, the incompressibility condition can be stated
as [11]

∇ · ~u = 0 (10)

In order to generalize the ETM to a fluid in motion, the time
derivatives needs to be replaced by material derivatives, that
is

∂

∂t
→ D

Dt
(11)

for all equations in Section II.

B. Electrohydrodynamic transportation of charge

Consider the left-hand side of the continuity equation for
negative ions (3), which has been modified to take into account
the movement of the liquid according to (11),

∂ρn
∂t

+ ~u · ∇ρn −∇ · ρnµn
~E = (12)

∂ρn
∂t

+ ~u · ∇ρn − ~E · ∇ρnµn −
µn

εrε0
ρnρ

where the divergence of the negative ion current density has
been expanded according to the product rule

∇ · ρnµn
~E = ~E · ∇ρnµn + ρnµn∇ · ~E (13)

The last term in Eqn. (12) is found by applying Gauss’s law (4)
to Eqn (13). This procedure can be repeated for the continuity
equations for electrons and positive ions. The last three terms
in Eqn. (12) describe three charge relaxation mechanisms;
convection, migration and Coulomb repulsion [23].
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C. Bubble formation and initial conditions

Experiments of prebreakdown phenomena are typically per-
formed at room temperature [1], which means that the average
temperature of the dielectric will be significantly smaller than
the temperature of saturation, Tsat. When the liquid temper-
ature is smaller than the temperature of saturation, then the
liquid is said to be subcooled and this temperature difference
is referred to as the amount of subcooling. Similarly, if the
liquid temperature exceeds the temperature of saturation, then
the liquid is said to be superheated. The formation of a single
vapor bubble close to a solid boundary due to a heat pulse,
that has been caused by a current pulse, has previously been
studied by Asai in the development of thermal microejectors
[6]. When a pure liquid is subjected to a heat pulse that rapidly
raises the temperature of the liquid, a vapor bubble can be
be formed spontaneously. This process is stochastic and takes
place when the liquid temperature is quickly raised well above
the temperature of saturation [6]. Experiments have found
that the formation of the vapor bubble follows the current
pulse by a few nanoseconds [2]. Therefore, the two-phase
flow simulations presented in this paper implements the bubble
formation as an initial condition; a spherical vapor bubble,
hereafter referred to as a bubble seed, is assumed to exist at the
initial time. The initial bubble is assumed to be spherical, since
the effects of surface tension tends to minimize the interface
area [12]. It is assumed that the fluids are initially at rest.
The initial temperature distribution and density of charge is
calculated by the ETM in [3]. In the simulations presented
here, it is assumed that the production of charge, G, is zero.

D. Computational domain and boundary conditions

The geometry of the simulations presented in this paper
is the point-plane geometry, which is depicted in Fig. 1.
The tip radius is 1 µm and the gap distance is 0.5 mm.
The computational domain is bounded by three boundaries;
the needle boundary, the grounded plane boundary and a
curved line connecting the two first boundaries. The two
first boundaries are referred to as solid boundaries and the
third boundary is referred to as the connecting boundary. The
electrostatic boundary condition along the solid boundaries is
constant potential (zero at the grounded plane, and the applied
voltage at the needlepoint electrode). The electrostatic con-
dition along the connecting boundary is zero surface charge.
Since mechanical process of interest occurs close to the needle,
an additional, spherical boundary is introduced. The radius of
this sphere is significantly larger than the radius of the bubble
and the Navier-Stokes equations are only solved in the domain
bounded by the sphere and the needle. The fluid dynamics
condition on the spherical boundary is constant pressure and
therefore, fluid is allowed to flow through the outer boundary.
The hydrostatic pressure is set to one atmosphere. As for the
needle boundary there are two possible options; slip or no slip
conditions. Neither condition allows fluid to flow through the
boundary. The no slip condition is normally used for interfaces
between a fluid and a solid wall [11] and it ensures that the
liquid does not slip along the needle by setting ~u = 0 at
the boundary. As one might expect, the slip condition does

not restrict the fluid at the boundary to move tangent to the
boundary. The effect of these two conditions on the bubble
expansion phase is compared in Section IV-B. The boundary
condition for the heat equation is given by the zero heat flux
condition at the needle boundary. The fact that this condition
is suitable for simulating a metal surface subjected to pulse
heating during a very short time period (microseconds) can be
confirmed by a comparative study; the computational domain
for the heat equation can be expanded to include the needle.
If the material parameters for a metal (e.g. copper) is used in
this subdomain when solving the heat equation, this can be
compared with the solution with the no heat flux condition.
A more accurate model could implement this improvement
instead of using the zero heat flux condition. The boundary
condition for the outer boundary will not notably effect the
bubble dynamics since the computational domain is very
large and the simulation time is very short. Therefore, either
constant temperature or no heat flux conditions are suitable
for the outer boundary.

E. Two-phase flow with phase transition

The liquid-vapor interface is tracked using the VOF method.
The equations governing the interface dynamics of a two-phase
flow can be described by the Cahn-Hilliard equation [13]. This
equation can be modified to allow for the change of phase [5]

∂φ

∂t
+ ~u · ∇φ− ṁδ

(
Vf,V
ρv

+
Vf,L
ρL

)
= ∇ · γλ

ε2
∇ψ (14)

where φ is the dimensionless phase field variable such that
−1 ≤ φ ≤ 1, λ is the mixing energy density (N) and ε is
a stability parameter (m) that is used to scale the thickness
of the interface. The vapor volume fraction variable Vf,V ∈
[0, 1] equals 1 in the vapor phase and 0 in the liquid phase.
Similarly, the liquid volume fraction variable Vf,L ∈ [0, 1]
equals 1 in the liquid phase and 0 in the vapor phase. Both
volume fraction variables can be calculated from the phase
field variable φ. The mobility, γ, determines the time scale
of the Cahn-Hilliard diffusion and must be large enough to
retain a constant interfacial thickness but small enough such
that the convective terms are not overly damped. The mobility
is implemented as γ = χε2 where χ is a stability parameter
(mskg−1). A rule of thumb is to take ε equal to 0.5h0, where
h0 is the maximum size of a mesh element in the region where
the interface passes, and to take χ close to unity [13]. The
interface delta function, δ, is a smoothed representation of the
interface between the two phases, defined as

δ = 3Vf (1− Vf )|∇φ| (15)

where the volume fraction Vf is given by

Vf =
1 + φ

2
(16)

The incompressibility condition is modified to account for
phase transition [5]

∇ · ~u = ṁδ(
1

ρv
− 1

ρL
) (17)

It can be noted that the flow is no longer divergence-free even
though the flow is still incompressible. This can be understood
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intuitively for the bubble expansion phase where the liquid
needs to ”diverge” in order to make room for the expanding
bubble. The rate of vaporization, ṁ, is estimated as

ṁ = CρL
T − Tsat
Tsat

(18)

where the stabilization parameter C (m/s) should be chosen
large enough to keep the interface at saturation temperature,
but small enough not to cause numerical instability. In order to
account for the vaporization, a heat sink Qs = −ṁLδ where L
is the latent heat of vaporization, is added to the heat equation
(7). With this modification and the addition of the convective
term in Eqn. (11), the heat equation is thus stated as

∂T

∂t
+ ~u · ∇T =

1

ρmc
(kT∇2T + ~E · ~J +Qs) (19)

The material parameters can be evaluated as convex combina-
tions using the volume fractions. As an example, the relative
permittivity of the dielectric is evaluated as

εr = εLr + (εVr − εLr )Vf,v (20)

where εLr is the relative permittivity of the liquid phase and
εVr is the relative permittivity of the vapor phase.

F. Volume forces
The volume force in a dielectric can be expressed as

~f = ρ ~E − |
~E|2

2
∇εrε0 +

1

2
∇
(
| ~E|2ρm

∂εrε0
∂ρm

)
+ ρm~g (21)

where the first and last terms are the Coulomb and gravi-
tational forces respectively. The second term is the dielec-
trophoretic term which arises due to polarization of the di-
electric [7]. The third term is the electrostrictive term, taking
into account the elastic deformation of a dielectric under an
electrostatic field [8] and can be neglected since the flow is
assumed to be incompressible.

G. Material parameters
The density of the liquid phase, ρL, is approximately 790

kgm−3 [18]. The density of the vapor phase, ρV , is estimated
from the ideal gas law

ρV =
m

V
=
nM

V
= M

p

RT
(22)

where R = 8.314 JK−1mol−1 [12]. Cyclohexane is given
by the molecular formula C6H12. The molar mass M can
therefore be estimated as 6·12.01uNA+12·1.008uNA ≈ 84.2
g/mol [22]. The dynamic viscosity of the vapor phase, µV , is
estimated to be the same as for steam, which is approximately
4 · 10−5 Pa·s [16]. The saturation temperature, Tsat, and
critical temperature, Tc, are 353 K and 554 K respectively [1].
The thermal conductivity of the liquid and vapor phases are
denoted by κL and κV and are estimated by 0.12 Wm−1K−1

[19] and 0.024 Wm−1K−1 respectively [20]. The latent heat
of vaporization is 3.6 · 105 Jkg−1 [17]. The liquid viscosity,
µL, is taken as a function of temperature [15]

µL = (10−3 Pa · s) · exp

(
−6.2946 +

2340.16

80.1952 + T/(1 K)

)
(23)

Fig. 2. Velocity magnitude (m/s) and white streamlines 25 ns after a charge
injection.

The surface tension σ is 25.5 mNm−1 [1]. The relative
permittivity of the vapor phase, εVr is estimated as 1 and the
permittivity of the liquid phase εLr is approximately 2 [21].

IV. RESULTS

A. Single-phase flow

In this section, a single-phase flow problem with no bubble
formation is considered to demonstrate some characteristic
properties of the EHD motion occuring in the point-plane
geometry. To start the analysis, consider a liquid initially
at rest. A high voltage is applied to the gap between the
electrodes and consequently, the dielectric is subjected to a
strong and highly divergent electric field. Let there be some
initial free charge in the liquid. The inital charge is given by
the ETM and will be mainly negative since the potential on
the needle is negative. The liquid closest to the needle will be
subjected to a very large volume force, which is dominated
by the Coulomb force. The process can now be studied by
solving the ETM modified according to Eqn. (11) coupled
with the CFD model with the volume force ~f = ρ ~E. Since
the liquid is initially at rest, the convective term is initially
zero, but it grows in magnitude as the liquid is accelerated
by the Coulomb force. The Coulomb repulsion term will
cause the charge to ”spread out” due to the repulsive force
between negative charges. The migration term will initially be
very large, but decreases as the charge is relaxed. In some
cases, there might therefore exist a critical time, t?, for which
convection becomes a more important charge transportation
mechanism than migration.

The velocity magnitude in the liquid after 25 ns is depicted
in Fig. 2. Since the geometry is axisymmetric, only a cross
section of the three-dimensional domain is required for com-
putation and visualization. At the top left of this domain is the
needle boundary, where the liquid velocity is zero due to the no
slip condition. The maximum velocity magnitude at this time
is 2.1 m/s. From looking at the streamlines, which are tangent
to the velocity field, it is clear that the flow is rotational. In
fact, this follows from the fact that the flow is incompressible;
liquid is transported away from the needlepoint along the axis
of symmetry and since the flow is incompressible and there
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is no inflow at the top of the computational domain, liquid
leaving the needle tip will ultimately travel back towards the
needle in a rotational fashion. This rotation can be seen as
closed streamlines in Fig. 2.

B. Bubble expansion and implosion

In a liquid subcooled by 5 K, the expansion and implosion
of a vapor bubble is simulated. The initial bubble seed,
which is introduced in Section III-C, is visualized in the
volume fraction plot in Fig. 3(a). The color scale is chosen
such that the liquid phase is white, and the vapor phase is
red. The radius of the initial bubble seed is 0.5 µm. In a
circular region close to the bubble, the mesh is approximately
uniform with a maximum length h0 = 18 nm of the mesh
elements. The stability parameter C was chosen to be 1 m/s.
In order to find a convergent solution, the required values
for the stability parameters ε and χ were 100 nm and 250
mskg−1 respectively. Although these values are small enough
for the liquid-vapor interface to be relatively thin, and to
prevent too much diffusion in the phase field variable, they
are significantly larger than the values from the rule of thumb
mentioned in Section III-E.

The bubble expands to a maximum volume, after which it
starts to implode due to condensation. The maximum volume
of the bubble is strongly dependent on the initial temperature
distribution given by the ETM. In this simulation, the initial
temperature is T = Tsat − 5 K everywhere except for a
small region close to the needle tip where the temperature
smoothly increases to 490 K. This maximum temperature is
closer to (but not larger than) the critical temperature than
the temperature of saturation, which means that the liquid is
strongly superheated and the spontaneous formation of a vapor
microbubble is expected. The maximum volume of the bubble
is seen in Fig. 3(b) and the radius-time dynamics is shown in
Fig. 4. The bubble radius is estimated by r̃, which is given by

r̃ =

√
2

π

∫
Ω

Vf,V dS (24)

The surface integral in equation (24) is taken over the com-
putational domain Ω. Due to axial symmetry, this integral is
equal to half the cross section area of the bubble. It is clear
in Fig. 4 that the bubble expansion is much faster than the
bubble implosion. This can be explained by the fact that the
amount of superheating, which is driving the vaporization, is
much larger than the amount of subcooling, which is driving
the condensation. The time of the expansion phase, i.e. the
time it takes for the bubble to reach maximum volume, is
approximately 2 µs. It can be noted that the velocity field
generated by the bubble expansion has a nonzero divergence,
as described by equation (17). An example of the velocity field
during the bubble expansion can be seen in Fig. 5.

In Fig. 7(a), the relative pressure (i.e. the pressure minus the
ambient pressure) is plotted during the onset of condensation.
The pressure distribution looks like expected for a bubble close
to thermodynamic equilibrium; the bubble is approximately
spherical and the pressure inside the bubble is relatively
uniform. In addition, there is a pressure jump between the

bubble and the surrounding liquid [12]. Although convergence
has been strong for the simulations presented so far, the con-
vergence gets significantly weaker if the amount of subcooling
is increased. It has been found that the pressure gradient
increases significantly during the onset of condensation if the
amount of subcooling is increased. The pressure drop in the
liquid phase due to bubble implosion in the simulation with 5
K subcooling is approximately 2500 Pa. When the amount of
subcooling is increases to 25 K, the pressure drop increases
to 62 000 Pa. Simulations with large gradients are often
challenging, and in spite of several attempts, no convergent
solution of the implosion phase could be found when the
amount of subcooling was increased to 25 K. The convergence
issue occurs at the onset of condensation, where ṁ is negative
over parts of the interface. At this time, some disturbances can
be seen in the pressure field, according to Fig. 7(b). Three
modifications to the discretization were tested in the search
for a convergent solution. Firstly, the time step was reduced
to 10−11 s while not changing the mesh. Secondly, the mesh
size, h0, was reduced while not changing ε and the time step.
The simulation was run with up to 500 000 elements. Lastly,
an adaptive mesh refinement technique, that during the course
of the simulation changes mesh such that a region of extra
fine mesh follows the bubble interface during the expansion
was tested. No convergent solution was found during these
tests. This is an indicator that the convergence issues for
increased subcooling are neither dependent on the temporal
nor the spatial discretization.

The bubble was also simulated in a saturated liquid. In this
simulation, the C stabilization parameter was chosen to 5. The
simulation is presented in Fig. 6. Due to the larger stabilization
parameter, the expansion in that simulation is faster and the
mass flux, ṁ, is larger. The slip condition was used for the
needle boundary in this simulation whereas the slip condition
was used in the simulation presented in Fig. 3 and 4. As can
be seen in Fig. 6, the bubble tends to ”curve” as in Fig. 6
when the expansion is very rapid and the no slip condition is
used. This can be explained by the velocity difference between
the expanding liquid-vapor interface and the fluid close to the
needle, which is slower due to the no slip condition. Since
the velocity field is continous, the velocity gradient in this
region is large and transverse to the radial expansion of the
bubble. Therefore, fluid with high velocity tends to curve
around the slower fluid. As noted earlier, a spherical bubble
has a smaller internal energy than a nonspherical bubble due
to surface tension. The surface tension will therefore act to
make the bubble more spherical, but when the expansion is
very fast, the effects of the boundary conditions becomes as
important as the effects of surface tension, which is why the
bubble deviates from the spherical shape. It is worth noting
that when the no slip condition is used, the shape of the bubble
is strongly dependent on the shape and position of the bubble
seed.

C. Bubble detachment

In order to analyze the detachment of a single bubble, the
EHD motion of a noncondensible bubble is simulated. The
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(a)

(b)

Fig. 3. Volume fraction plot of initial bubble seed (a) and maximum size of
bubble (b).

Fig. 4. Relation between bubble size and time.

Fig. 5. Volume fraction plot with velocity field plot during the bubble
expansion phase. The plotted vector field is proportional to the velocity field.

Fig. 6. Volume fraction plot where the bubble curves due to the no slip
condition.

bubble seed has an initial radius of 1 µm and is placed
attached to the needlepoint electrode, which can be seen in
the top left figure in Fig. 8. Due to the proportionality to
the squared electric field strength in the expression for the
dielectrophoretic term in Eqn. (21), this polarization force,
which is acting on the interface of bubble, will result in a net
force on the bubble, accelerating it in the direction of decaying
electric field strength. Due to the large electric field strength,
this force can be very large. The size of this force depends
on the interface thickness, which determines the maximum
magnitude of ∇εr. The interface thickness scales with the
stabilization parameter ε. In this simulation, the value of ε
is taken to be 5h0 = 45 nm and the maximum magnitude
of the dielectrophoretic force is approximately 1013 Nm−3.
Depending on the injected charge, the Coulomb force might be
of a similar order of magnitude. For the initial condition used
in this simulation, the maximum magnitude of the Coulomb
force is approximately 1012 Nm−3. The net Coulomb and
dielectrophoretic forces both act on the bubble in the direction
away from the needle. Since these forces are significantly
larger than the gravitational force acting on the bubble in the
opposite direction due to the difference in density between
the vapor and liquid phases, the bubble will detach and be
accelerated away from the needle along the axis of symmetry,
which can be seen in Fig. 8. The process depicted in Fig. 8
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(a)

(b)

Fig. 7. Relative pressure (Pa) during the onset of condensation when the
amount of subcooling is (a) 5 K and (b) 25 K. When the amount of subcooling
is 25 K, some disturbances can be seen in the pressure; the region of low
pressure under the bubble is disturbed by very small regions of very large
pressure. This is often an indicator that the simulation will not converge. The
length scales of the two figures differ.

takes approximately 0.5 µs.

V. DISCUSSION

During the last decades, the process leading to breakdown in
dielectric liquids has been understood mainly through experi-
ments. There is a large number of experimental observations in
the literature that a numerical model should be able to predict.
The aim of this study is to take the first step towards creating
such a numerical model. Once a model of the prebreakdown
process has been developed, it could be used to predict the
importance of different material parameters such as density,
viscosity and permittivity for the breakdown strength of a
material. This could be used for optimization of electrical
insulating liquids, e.g. transformer oil, used in high voltage
applications. In particular, numerical models are useful since
they allow new materials to be studied while less resources
are spent on costly experiments.

In the paper presented by Jomni et al [1], the maximum
volume and lifetime of a bubble were predicted with good
agreement by using the Rayleigh-Plesset equation. There has
also been attempts to model the single phase EHD flow

Fig. 8. Volume fraction plot at different times during the detachment of a
noncondensible bubble.

analytically by a self-similar solution, but this method requires
coarse assumptions such as constant electric field [23]. The
advantage of using CFD methods rather than analytical meth-
ods, is the detailed description of the velocity field. A detailed
model of the charge transport mechanisms is crucial for the
understanding of streamer initiation. Consequently, a model
for simulating a streamer growing from a single vapor bubble,
as suggested by Denat [2], requires detailed information about
the dielectric velocity which can be found using a CFD model.

For a spherical vapor bubble in a uniform field, the electric
field strength will be larger inside the bubbble than in the
surrounding liquid due to the difference in permittivity be-
tween the two phases [24]. In addition, the dielectric strength
of the vapor phase (assumed to be approximately that of air) is
smaller than the dielectric strength of cyclohexane. Therefore,
a partial discharge can occur in the bubble due to the large
voltage between the north and south interface of the bubble.
A model of partial discharge events in a dielectric-bounded
cavity has been presented by Illias et al [25]. A model of
prebreakdown phenomena in dielectric liquids should be able
to predict how this process is affected by the deformation and
movement of the bubble interface, which could be studied with
a CFD model.

In this paper, a numerical model for simulating the dynamics
of a single vapor microbubble is suggested. It is found that this
model can be used when the amount of subcooling is small,
typically only a few Kelvin, and that convergence issues occur
when the amount of subcooling is increased. This convergence
issue appears to be independent of the temporal and the spatial
discretization. The convergence issue could be caused by a
limitation in the method described in Section III-E. To the
authors knowledge, no simulations using similar techniques
have been performed with a larger amount of subcooling
than a few Kelvin. As an example, Forster and Smith have
published a simulation of a single vapor bubble in a subcooled
liquid using the ALE moving mesh method [26], but in that
simulation the amount of subcooling is only 5 K. In future
work, it would be of interest to investigate how the ALE
moving mesh method performs under greater amounts of
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subcooling. Another possible reason behind the convergence
issue is that FEM can not deliver a stable solution to the
equations in Section III when the mass flux is too large. In
order to develop a numerical model that can predict the bubble
dynamics observed by Jomni et al, a method for simulating
the dynamics of a vapor bubble in a highly subcooled liquid is
required and this will require some advances in CFD methods
for multiphase flow.

VI. CONCLUSION

A simulation model based on the VOF method is suggested
for simulations of the dynamics of microbubbles during the
initial stages of breakdown in cyclohexane. The expansion and
implosion phases of a vapor microbubble in a 5 K subcooled
liquid are simulated. The detachment of a noncondensible
bubble due to polarization forces is also simulated. It is found
that the stability parameters required for the expansion and
implosion simulation are significantly larger than previously
suggested values. Finally, it is found that the model can be
used for simulations close to saturation temperature, but when
the amount of subcooling increases, the model fails to produce
convergent solutions. This convergence issue appears to be
a limitation in the method rather than being caused by the
discretization.
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[19] V. V. Pugach, Wärmeleitfähigkeit von Cyclohexan und Cyclohexen bei
hohen Drücken, Izv.Vyssh.Uchebn.Zaved.Neft Gaz. 1980., pp.48-51

[20] R. A. Mustafaev, Investigation of the thermal conductivity of n-Alkanes
at high temperatures, Izv. Vyssh. Uchebn. Zaved. Neft Gaz, 1973, pp.71-
74

[21] P.L. Thorpe, Dielectric Constants and Heats of Mixing, Proceedings of
the Royal Society A, 1964, pp.423-436

[22] M. E. WIESER, Atomic weightw of the elements 2005, Pure Applied
Chemistry, Vol. 78, No. 11, 2006, pp. 20512066

[23] P. A. Vazquez, A. T. Perez, A. Castellanos Thermal and electrohydro-
dynamic plumes. A comparative study, Physics of Fluids, Vol. 8, No. 8,
1996, pp.2091-2096

[24] K. C. Kao, Some electromechanical effects on dielectrics, British Journal
of Applied Physics, Vol 12, 1961, pp.629-632

[25] H. A. Illias, G. Chen, P. L. Lewin, The influence of spherical cavity
surface charge distribution on the sequence of partial discharge events,
Journal of Physics D: Applied Physics, Vol. 44, 2011, pp.1-15

[26] C. J. Forster and M. K. Smith, The Transient Modeling of Single-
Bubble Nucleate Boiling in a SubCooled Liquid Using an ALE Moving
Mesh, Excerpt from the Proceeding of the 2011 COMSOL Conference
in Boston, 2011

66



  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Jordens närmaste rymdomgivning är fyllt av såväl materia i form av plasma (som är en elektriskt ledande gas) och 
elektriska och magnetiska fält. I magnetosfären (det område där jordens magnetfält dominerar) pågår många 
fysikaliska processer relaterade till norrsken, strålningsbälten (områden med joner och elektroner med mycket höga 
energier) och rymdväder som påverkar teknologiska system både i rymden och på jordens yta. Dessa 
plasmapopulationer hettas upp och accelereras av olika processer som drivs av solvinden; den ström av plasma som 
flödar ut från solen. En av konsekvenserna av denna energiinmatning i magnetosfären är norrskenet, en annan är de 
strömmar som flyter i jordens strålningsbälten. Exakt hur denna energiöverföring fungerar är inte känt. En viktig 
aspekt av dessa processer är att elektromagnetisk energi omvandlas till kinetisk energi. Senare års forskning har visat 
att dessa processer är väldigt tidsberoende och dynamiska. En konsekvens av dessa processer som fungerar som en 
länk i energiöverföringskedjan är lokaliserade områden av extremt höga plasmaflöden (upp till och ibland över 1000 
km/s) från magnetosfärens nattsida in mot jorden. Dessa flödesintensifieringar kallas på engelska för ”bursty bulk 
flows” (BBF). Vissa egenskaper hos BBFs börjar nu kartläggas, men mycket återstår att lära.  
 
I projektet D1 undersöktes livslängden och storleken av BBFs med hjälp av flersatellitmätningar. Resultaten visar att 
metoden fungerar och ger mer noggranna resultat än tidigare studier med enskilda satelliter. Vidare analyser bör dock 
utnyttja ett större tidsintervall då händelser lämpliga för storleksanalys var för få. 

 
 
 

Kontext D  
Flersatellitmätningar i jordens magnetosfär 

 

EXTREMA PLASMAFLÖDEN I JORDENS MAGNETOSFÄR 
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D1. FLERSATELLITMÄTNINGAR I  MAGNETOSFÄREN 

 
Sammanfattning – I denna artikel undersöks livslängd 

och storlek hos accelerade plasmaflöden i magnetosfären, 

benämnda Bursty Bulk Flows. Syftet med studien var att 

undersöka om nya metoder för utnyttjande av 

flersatellitmätning kunde appliceras för att få ett mer 

noggrant resultat än tidigare studier mha. enskilda 

satelliter. Arbetet har i stort sett inriktat sig på statistiska 

analyser av mätdata i form av grafer samt 

avståndsmätning. Medellivslängden uppskattades till 13:20 

(mm:ss) vid utnyttjande av flersatellitmätning. 

Flersatellitmätningen gav i genomsnitt en ökning med 40 

% registrerade händelser jämfört mätningsresultat från 

enstaka satelliter samt en genomsnittlig ökning av 

medellivslängden med 39 %. Bestämning av strukturernas 

storlek gav i några utvalda fall uppskattade storlekar på 

0.4-3.2RE i Z-led samt 0.04-0.4RE i Y-led. Resultaten från 

analysen av livslängd och storlek bekräftar resultat från 

tidigare studier och påvisar riktigheten i resultaten, dock 

finns en märkbar spridning av mätdata satelliterna 

sinsemellan.  

Resultaten leder till slutsatsen att metoden fungerar och 

ger ett mer noggrant resultat, vidare analyser bör dock 

utnyttja ett större tidsintervall då händelser lämpliga för 

storleksanalys är få. 

 

Sökord – Cluster, Bursty Bulk Flows.   

 

I. INLEDNING 
 

OLVINDEN består av ett flöde av laddade partiklar (till 
största delen protoner och elektroner) som kontinuerligt 
skickas ut från solens yta pga. reaktioner i solens inre. 

Dess medelhastighet är ca 400 km/s [1] och massan som 
slungas ut från solen är ca 1 miljon ton/s [2]. Förutom att 
slunga ut enorma mängder plasma drar den även med sig 
solens magnetfält och skapar det s.k. interplanetära 
magnetfältet [3]. Detta magnetfält växelverkar med jordens 
magnetfält och möjliggör inträngningen av en viss mängd 
solvindsplasma i jordens magnetosfär.            

Magnetosfären är det område kring en himlakropp där dess 
magnetiska fält har störst inflytande på rymdplasmats rörelse, 
dess gränsyta kallas magnetopaus (se fig. 1). Vid denna 
växelverkan så ”kapas” de magnetiska fältlinjerna av och 
sammanfogas sedan efter passagen längs med jorden (se fig. 
1). 
 
 
 
 

 

 
Fig. 1. Illustration av kollisionen mellan magnetfälten. 

(http://en.wikipedia.org/wiki/Solar_wind) 

 

Vid sammanfogningen med respektive magnetfält accelereras 
plasma upp till mycket höga hastigheter och ger upphov till ca 
10 minuter långa episoder av extremt snabba plasmaflöden. 
Dessa accelerade plasmaflöden går under namnet Bursty Bulk 
Flows (BBF) [4][5]. Tidigare studier har påvisat upp till 20 
minuter långa händelser [6]. Under sin livstid kan hastigheten 
på flödena variera kraftigt på kortare tidsskalor. 
 

 
Fig. 2. Clusterrotation samt vektorriktningar. 

 

Storlek och form på dessa flöden har behandlats i flertalet 
artiklar och den gemensamma uppfattningen bland de flesta 
forskare inom detta område är att flödena är formade som en 
avlång cylinder i x-led med en tjocklek på 3-5 RE (RE=1 
jordradie på ca 6371km, standardmått inom rymdfysik) i 
dawn-dusk riktning(se fig.2.)[7][8][9]. Denna uppfattning 
grundar sig dock på mätdata från arbeten med endast en 
satellit, vidare analys mha. 2 satelliter har påvisat 
storleksordningen 1-3 RE [10]. Syftet med denna studie är 
analysera tid och storlek av dessa BBF. Detta görs genom att 
utnyttja mätdata från Cluster-satelliterna, dessa satelliter ligger 
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i omloppsbana kring jorden i en tetraeder-konfiguration med 
satellitseparationer på mellan 100 km till ca 5000km (se fig. 
3). Studien kan ses som en förstudie till ett större projekt där 
man analyserar fördelarna med flersatellitmätning. 
Forskningen inom detta område är viktigt då det behandlar 
rymdmiljön kring jorden och solens påverkan på denna. Såväl 
satelliter som rymdfärjor färdas i detta område men även 
miljön innanför atmosfären påverkas av magnetfälten.  
 

II. INSTRUMENT 
 
A. Clustersatelliterna 

Data som analyseras hämtas från Cluster-satelliterna [11]. 
Cluster består av 4 satelliter i omlopp kring jorden med ett 
maximalt avstånd (apogeum) från jordens centrum på 19 RE. 
Satelliterna sändes upp från Baikonur (Kazakstan) år 2000 
mha. två ryska Sojuzraketer[12], den ursprungliga livslängden 
på projektet var två år men har förlängts ett flertal gånger. 
Enligt senaste driftsinformation är den planerad att vara i bruk 
till och med 2014 [13]. De fyra satelliterna formationsflyger 
med en bestämd separation (se fig. 3). De data som analyseras 
i denna förstudie (2002-07-04 till 2002-10-31) kan här ses ha 
en satellitseparation på ca 2000km. 
 

 
Fig. 3.    Satellitseparation. 

 

Alla fyra satelliter är likadana med sammanlagt elva olika 
instrument ombord. Ett av instrumenten avsett för mätning av 
elektromagnetiska fält och vågor (EFW) på vardera satelliten 
hanteras av Instutionen för Rymdfysik i Uppsala och 
Avdelningen för Rymd- och plasmafysik, KTH. De flesta 
undersökningar som görs kräver dock oftast ett samarbete 
mellan olika instutioner eftersom de flesta undersökningar 
kräver data från fler än ett instrument. Instrumentet som 
används i denna analys heter CIS (Cluster Ion Spectrometry). 
Instrumentet mäter jonfördelningar i 3D samt mass-
/laddningsfördelning [14]. Fördelen med 4 satelliter i 
formationsflygning gentemot en enda satellit är bland annat att 
man kan mäta ändringar hos plasmat och de elektromagnetiska 
fälten i tiden. 
Mha. de elektrofysiska lagarna kan man även beräkna andra 
storheter genom att studera hur olika storheter varierar mellan 
de punkter där satelliterna mäter samtidigt (t.ex. elektrisk 
strömtäthet genom Amperes lag). För tidsanalysen i denna 
förstudie kommer dock endast mätdata från de två satelliterna 
C1 och C3 användas eftersom instrumentet som används för 

denna mätning (CIS) ombord på C2 skadades vid 
uppskjutningen.  

Mätdata från satellit C4 anses vara för känslig och påvisar 
resultat som starkt avviker från C1 och C3 i amplitud. Mätdata 
från satellit C4 kommer dock används i storleksanalysen då vi 
där endast är intresserade av positionen av händelser och inte 
amplituden.  
 
B. Irfu-matlab 

För att bearbeta data från satelliterna används en 
matlabrutin kallad IRFU-Matlab [15] framtagen för 
bearbetning av rymddata, specifikt Clusterdata. Specifika 
rutiner för plottning och mätning av hastigheter på 
plasmaflöden och lokalisering av satelliter har även erhållits 
från handledare[16].  

 
III. METOD 

 
A. Tidsanalys 

I tidigare studier som gjorts har följande definition av bursty 
bulk flows använts [17]: 

1. BBF består av ett segment av ett kontinuerligt 
jonflöde med en hastighet VI som överstiger 100 
km/s. Denna hastighet måste överstiga 400 km/s i 
minst en mätpunkt. 

2. Mätpunkter med VI > 400 km/s mindre än 10 minuter 
från varandra anses tillhöra samma BBF, även om 
hastigheten skulle sjunka under 100 km/s mellan 
dessa mätpunkter. 

3. BBF startar när hastigheten överstiger 100 km/s och 
slutar när hastigheten faller under 100 km/s. 
 

En registrerad period som uppfyller dessa 3 villkor kallas en 
”händelse”, denna benämning kommer användas framöver. 

Med hjälp av en MATLAB-rutin från IRFU/handledare(se II. 
INSTRUMENT) fås mätdata för hastigheten av plasmat 
definierat i ett GSE-system (Geosentric Solar Ecliptic, se fig. 
2) [18]. Detta mäts över en given tidsperiod för satelliterna 
och absolutbeloppet av denna hastighet är vad som används 
för analysen. Fig. 4 visar ett exempel på en BBF. Mätningen 
ges här i koordinatsystemet GSM (Geosentric Solar 
Magnetic)[18], skillnaden mellan GSE och GSM är lutningen 
av Y-axeln längs med jordens magnetiska axel. Färgerna 
representerar de olika satelliterna(se fig. 6 för färgkod). 
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Fig. 4. Grafer över hastighetsvektorerna samt dess 

absolutbelopp. 

 
Fig. 5. Exempel på start och stopptider. 

 
Mha. definitionen för BBF antecknas start/stopptider och 

topphastighet för varje satellit(se Fig. 5) samt start/stopptid för 
flersatellitmätningen (d.v.s. totaltiden). Totaltiden för en 
händelse är där satelliternas registreringar sammanfaller, start- 
och stopptid blir här den första registrerade satellitens starttid 
resp. den sista registrerade satellitens stopptid. Registrerade 
händelser lokaliserades mha. en matlabrutin som antecknar 
datum och starttid när särskilda parametrar var uppfyllda 
under intervallet 2002-07-04 till 2002-10-31.  Mätdata 
kommer sedan sammanställas översiktligt i en tabell för analys 
av frekvens och snitt-tider och medelhastigheter. Tiderna 
kommer också presenteras i grafer där tider för satelliterna 
samt totaltiderna jämförs mot varandra. Därigenom kan man 
urskilja skillnaden mellan de båda tiderna men också 
analysera noggrannhetsskillnaden och fördel/nackdel med 
flersatellitmätning. De enskilda satelliternas registrerade tider 
kommer också att plottas mot varandra, detta för att analysera 
eventuella mönster i skillnaden mellan satelliterna. 
 

 
Fig.6. Satellitposition och rörelseriktning. 

 

 
Fig. 7. En händelse lämplig för storleksanalys. 

 
B. Storleksanalys 

En analys av storleken görs på så sätt att tidsskillnaden 
mellan registreringarna utnyttjas hos instrumenten för vardera 
satelliten då strukturen (plasmaflödet) passerar dem. Från 
detta kan man sedan med antagandet att hastigheten är 
konstant under händelsen samt konstant för varje satellit 
beräkna fram ett förhållande för sträckorna mellan den 
infallande strukturen och satelliterna. 

 
            

  

  
  

  

  
         [1] 

 
V4 samt V3 är här hastigheterna för strukturen relativt 

satellit C4 resp. C3. S4 är sträckan mellan satellit C4 och 
strukturen (se fig. 6), den uppskattade tiden för strukturens 
färd över avståndet är T4 (detsamma för S3 samt T3), T4 samt 
T3 fås genom att beräkna tidsskillnaden mellan 
registreringarna för C1-C4 resp. C1-C3 (se fig. 7). Då 
satellitpositionerna, registreringsföljden samt 
avståndsförhållandet mellan struktur och satelliterna är kända 
kan strukturen manuellt passas in i planet (se fig. 6). 
Avståndet och tidsskillnaden kan sedan användas för att 
beräkna hastigheten för endera satelliten, mha. av totaltiden 
för händelsen och den beräknade hastigheten kan sedan 
storleken på strukturen i den riktning den har relativt rörelsen i 
ZY-planet bestämmas.  

För att denna analys ska kunna göras smidigt eftersöks 
händelser där satelliterna registrerar händelserna efterföljande 
varandra samt att Z- och Y-led i princip saknar 
hastighetskomponent (se fig. 7). Vid lägre hastigheter blir 
instrumenten mer osäkra och då kan manuell beräkning 
användas för hastigheten i den riktning som den infallande 
strukturen har. Den beräknade hastigheten verifieras sedan 
mot de uppmätta mätningarna. 
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C. Feluppskattning 

För att validera riktigheten i resultaten kommer en enkel 
feluppskattning göras. För tidsanalysen består detta i att 
jämföra standardavvikelsen för dels de enskilda satelliterna 
samt för flersatellitmätningen.  I storleksanalysen antas 
hastigheten under hela händelsen vara konstant, detta gäller 
för alla satelliter. Genom att jämföra de beräknade 
hastigheterna med de uppmätta får vi en viss verifiering av 
denna metod men för att ytterligare testa den kommer skilda 
hastigheter testas för satelliterna. Detta kommer ge två olika 
fall och det kommer undersökas hur pass mycket de avviker 
från varandra och riktigheten i dessa beräkningar.  

 
IV. RESULTAT 

 
A. Tidsanalys 

Resultatet från tidsanalysen kan ses i tabell 1. 
I fig. 8 har händelsetiden för satellit C1 plottats mot den totala 
tiden för händelsen (händelser där C1 ej registrerat en 
händelse har uteslutits). 

Tabell I 

Sammanställning av data 

Satellit C1 C3 Totaltid 
Tid(hh:mm:ss)    
Total 14:06.19 12:22:36 20:12:35 
Medel 00:12:27 00:09:24 00:13:20 
Min 00:00:53 00:00:32 00:01:11 
Max 00:56:15 00:43:57 00:57:18 
Hastighet(km/s)    
Medel 761.91 703.57 732.74 
Min 428 403.9 403.9 
Max 1393 1477 1477 
Antal händelser 68 79 91 

 

 
Fig. 8. C1 mot totaltid för händelse. 

I fig. 9 kan uppmätt händelsetid för satellit C3 och totaltid för 
händelsen ses (även här är händelsen där C3 ej registrerat 
uteslutna) 

 
Fig. 9. C3 mot totaltid för händelse. 

 

För att urskilja om ett mönster existerar i skillnad mellan 
händelsetid för satellit C1 och C3 har dessa plottats mot 
varandra i fig. 10 (endast händelse där båda satelliter har 
registrerat händelsen är medräknade). 

 
Fig. 10. Registrerad händelsetid för C1 mot C3.  

 

För att tydliggöra skillnaden mellan mätdata från två 
satelliter och en satellit sammanställdes även medelskillnaden 
mellan totaltid för en händelse och tiderna för de individuella 
satelliterna. Då de individuella satelliternas registrering 
sammanfaller med totaltiden kallas det en sammanfallande 
händelse. Resultatet kan ses i tabell 2. 
 

Tabell II 

Sammanställning av data 

Satellit C1 C3 

Sammanfallande 

händelser 

27/68 28/79 

Totaltid händelser 00:12:27 00:09:24 
Medelskillnad 

totaltid-CX 

00:03:03 00:04:57 

Medelskillnad % 24.7% 52.7% 
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B. Storleksanalys 

En analys har gjorts av tre kandidater bland de händelser 
som registrerats, de valdes ut då de till större delen endast 
hade en hastighet i X-led samt att satelliterna hade en 
registreringsföljd för satelliterna som gjorde det enkelt att 
beräkna infallsvinkeln i ZY-planet. I fig. 11-12 kan resultaten 
från händelsen 2002-08-28 (01:20:00-01:30:00) ses. 

 
Fig. 11. Tidsgraf 28/8. 

 

Fig. 12. 

Satellit position och riktning på struktur 28/8. 

 
De registrerade tiderna mellan satelliterna samt totaltiden 

var följande:  
 

Tabell III 

Satellitseparation 2002-08-28 

Sträcka Tid 

C1-C3 00:00:40 

C1-C4 00:00:47.5 
Totaltid 00:06:59 

 
Mha. detta beräknades förhållandet fram mellan infallande 

struktur och satelliterna mha. (1) till: 
 

          
  

  
  

  

  
  

  

  
       [2] 

 
Mha. förhållande mellan sträckorna från den infallande 
strukturen fram till satelliterna kunde resultatet i fig. 12 tas 
fram, här kan ses att den infallande vågen traverserar fram 
genom ZY-planet med en vinkel relativt Y-axeln på ca 17.3 
grader. Mha. trigonometri och mätning i figur fås då sträckan 
mellan den infallande strukturen och satellit C4 till ca 1395.85 
km. Hastigheten kan då beräknas till 29.39 km/s. Detta ger då 
mha. totaltiden för händelsen storleken i vinkel ca 17.3 grader 

relativt Y-axeln till 19365.5km eller ca 3RE. Mha. 
satellitseparationen fås även att strukturens vinkelräta storlek 
relativt den tidigare givna riktningen blir minst 2565 km. I fig. 
13-14 kan resultaten från händelsen 2002-09-25 (17:40:00-
17:50:00) ses.  

 
Fig. 13. Tidsgraf 25/9. 

 

 
Fig. 14. Satellit position och riktning på struktur 25/9. 

 

Registrerad tid mellan satelliterna var följande: 
 

Tabell IV 

Satellitseparation 2002-09-25 

Sträcka Tid 

C3-C4 00:04:19 

C3-C1 00:04:36 
Totaltid 00:07:26 

 
Förhållandet mellan den infallande strukturen och 

satelliterna beräknades mha. antagandet att strukturen håller 
en konstant hastighet under händelsetiden till: 

 
           

  

  
  

  

  
  

  

  
      [3] 

 
Resultatet kan ses i fig. 14. Strukturen kan här ses följa 
negativa Z-axeln med en vinkel på ca 22.2 grader relativt Y-
axeln. Hastigheten beräknas mha. trigonometri till ca 5.66 
km/s vilket ger en storlek i riktningen given tidigare på ca 
2524 km alt. ca 0.4 RE. Mha. satellitseparationen fås även att 
strukturens vinkelräta storlek relativt den tidigare givna 
riktningen blir minst 387 km. I fig. 15-16 kan resultaten från 
händelsen 2002-10-03 (00:53:00-00:55:00) ses. 
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Fig. 15. Tidsgraf 3/10 

 

 
Fig. 16. Satellit position 3/10 

 

Tabell V 

Satellitseparation 2002-10-03 

Sträcka Tid 

C3-C1 00:00:11 

C3-C4 00:00:22 
Totaltid 00:01:49 

 

Förhållandet mellan den infallande strukturen och satelliterna 
beräknades mha. (1) till: 
 

       
  

  
  

  

  
  

 

 
       [4] 

 
Mätning i figur ger att strukturen är parallell med Z-axeln. 

Mätning och beräkning av hastigheten ger att strukturen färdas 
i positiv Z-riktning med ca 194 km/s. Totaltiden för händelsen 
och den beräknade hastigheten ger att strukturen i Z-led blir ca 
21146km, eller ca 3.2 RE. Mha. satellitseparationen fås även 
att strukturens storlek i Y-led blir minst 260km. 

 
C. Feluppskattning 

Resultat från tidsanalysen gällande avvikande mätningar 
och medelhastighet och tider ses i tabell 1-2. 
Standardavvikelsen för satellit C1 var ca 12:21 (mm:ss) och 
för C3 ca 08:18 samt för flersatellitmätningen ca 11:36. För att 
undersöka metoden med konstant hastighet för 
storleksanalysen valdes händelsen 2002-10-03. Då strukturen i 
stort sett följer Z-axeln i positiv riktning undersöks den 

uppmätta hastighetskomponenten i Z-led (se fig. 15). Här ses 
att satellit C3 och C4 uppvisar liknande hastigheter under 
händelsetiden medans C1 registrerar ca 40 % lägre hastighet i 
snitt, C3 uppmäter en hastighet på ca 160 km/s och C1 ca 65 
km/s. Dessa hastigheter ger storlekar på strukturen i Z-led på 
17440 km resp. 7085 km vilket skiljer sig från det tidigare 
beräknade mätresultatet (21164 km) med 3724 km resp. 14079 
km.  

 
V. DISKUSSION 

 
A. Tidsanalys 

Resultaten i tabell 1 och tabell 2 påvisar att 
flersatellitmätning ger en längre medellivslängd för i snitt 40 
% av fallen. Den utökade mätningen ger i snitt en 
medeltidsökning på 39 %. Skillnader finns mellan 
satellitmätningarna hos C1 och C3 men inte så stora som fig. 6 
och fig.7 visar. Närmare analys visar att endast 27 av 68 
registrerade händelser hos satellit C1 sammanfaller med 
totaltiden, för satellit C3 fås 28 av 79 sammanfallande 
händelser. Medel-skillnaden mellan totaltid och händelsetid 
för C1 och C3 är ca 3 min resp. 5 min. Undersökningen 
bekräftar tider på 13.20 min med händelser uppemot 25 min 
och extremfall på upp till 60min.  

I tabell 1 ses också övrig sammanställning av resultaten, 
jämförelse mellan satelliterna påvisar snarlika resultat för max 
och min värden av händelsetider samt hastighet. Värt att 
nämnas är att satellit C1 registrerar ett medelvärde för 
händelsetid som är 30 % längre än C3. En möjlig orsak till 
denna skillnad kan vara känsligheten hos instrumenten, satellit 
C1 uppmäter 8 % högre medelhastighet vilket ger en förhöjd 
hastighetskurva. En högre hastighetskurva ger en längre tid 
inom ramen för definitionen för BBF, d.v.s. en länge 
registrerad händelsetid. 

 Mätdata från satellit C4 påvisar att möjliga skillnader i 
känslighet och inställning kan finnas mellan instrumenten. 
Tecken på förhöjd störnings-känslighet kan även ses vid 
jämförelse av fig. 8 och fig. 9 där en ökad skillnad i spridning 
finns mellan resultaten, den ökade spridningen ger ett mer 
osäkert resultat. 

 
B. Storleksanalys 

Eftersom strukturen ej alltid rör sig rakt i koordinatsystemet 
blir det svårigheter att fastställa en storlek i Z- och Y-led 
direkt, däremot kan man med hjälp av trigonometri fastställa 
en storlek på strukturen mha. mätningar och beräkningar i 
figuren som kan ses i resultat ovan, resultaten stämmer till stor 
del överens med tidigare uppskattningar från andra arbeten i 
analysen av fallet 3/10 samt 28/8. Även 
hastighetsuppskattningen stämmer någorlunda överens med 
mätresultatet hos instrumenten vilket bekräftar metodens 
validitet. Fallet 25/5 har en storleksuppskattning som avviker 
från de första resultaten samt har en uppmätt hastighet som 
komplicerar jämförelsen mellan den uppskattade hastigheten 
hos strukturen. Detta avfärdar dock inte metoden utan påvisar 
endast att egenskaperna hos händelserna kan variera och att 
undantagsfall från medeltalet oftast uppkommer i mätningar. 
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C. Feluppskattning 
I tabell 1 har avvikande resultat från tidsanalysen 

presenteras. Maximala tiden för händelserna avviker stort från 
medeltiden, detta kan bero på ett flertal saker, dels kan det 
finnas störningar/felmätningar hos instrumentet vilket är svårt 
att undersöka inom ramen för detta arbete. Det kan också 
finnas möjligheten att dessa händelser egentligen är flera 
händelser i följd efter varandra alt. bara en ovanligt lång 
händelse. Minimum mätningarna hos satelliterna kan härröra 
från känslighet/felmätning hos instrument, från fig. 8 samt fig. 
9 ses att den större mängden av mätningarna ligger inom 
spannet 0-10 min, händelser som avviker både upp och ned 
förekommer men detta är normalt i mätningar i praktiken.  

Skillnaden i standardavvikelserna för satellit C1 och C3 
härrör troligtvis från känslighet hos instrumenten då 
satellitseparationen är så pass mycket mindre än storleken på 
BBF så sannolikheten att endast en satellit har registrerat en 
händelse verkar osannolikt. Standardavvikelsen för 
flersatellitmätningen påvisar att spridningen av mätresultat är 
ungefär lika som den för enskilda satelliter.  

Hastigheten varierar i de flesta av händelserna så att 
beräkna fram en storlek på strukturen med varierande 
hastighet skulle vara en monumental uppgift, antagandet var 
då att beräkna mha. en given medelhastighet. Utgående från 
registreringarna av Z-vektorkomponenten av hastigheten gav 
en stor skillnad i resultat. Hastigheterna är båda rimliga men 
grundar sig enbart på individuella beräkningar av hastigheter 
(baserat på tiden registrerad av de enskilda satelliterna). 
Storleken på strukturen beräknas i sin tur på den totala 
händelsetiden. Ingen hänsyn tas till satellitposition och 
registreringsföljd (fig. 15, fig. 16). Beräkning av sträcka 
mellan struktur och satelliter samt vinkeln mellan fronten av 
strukturen har gjorts med dessa hastigheter, slutsatsen är att 
inga möjliga realistiska uppställningar ges i ZY-planet med 
dessa värden.  

 
 

VI. SLUTSATSER 
 

Livslängd och storlek av Bursty Bulk Flows har undersökts. 
Syftet var att som en förstudie till ett större projekt undersöka 
om nya metoder för utnyttjande av flersatellitmätning kunde 
användas.  Detta för att få ett mer noggrant och detaljerat 
resultat än tidigare studier med enskilda satellitmätningar. 
Tidsanalysen bestod till stor del av manuell avläsning av 
hastighetsgrafer och positionsbestämning av satelliterna. 
Medellivslängden uppskattades till 13:20 (mm:ss) vid 
utnyttjande av flersatellitmätning. Flersatellitmätningen gav i 
genomsnitt en ökning med 40 % registrerade händelser 
jämfört mätnings-resultat från enstaka satelliter samt en 
genomsnittlig ökning av medellivslängden med 39 %.  

Storleksanalysen gjordes endast på ett par enstaka fall som 
ansågs vara lämpliga för analys. Resultatet var varierande med 
uppskattade storlekar på 0.4-3.2RE i Z-led samt 0.04-0.4RE i 
Y-led (vinkel relativt Y-axeln resp. Z-axeln på 0-22 grader). 
Resultaten leder till slutsatsen att metoden för tidsbestämning 
av Bursty Bulk Flows mha. flersatellitmätning fungerar och 
ger en högre noggrannhet i mätningarna. Analys av avvikelser 

i resultaten påvisar en viss spridning av mätdata men detta 
anses inte vara högre än normalt vid praktiska mätningar. 
Storleksanalysen gav till viss del resultat som ligger inom 
ramen av tidigare undersökningar och feluppskattningen 
påvisar att antagandet av en medelhastighet är riktig om man 
tar hänsyn till satellitposition och registreringsföljd. Pga. de 
fåtaliga resultaten av storleksanalysen och att endast 2 av 4 
satelliter kunde utnyttjas för tidsanalysen dras slutsatsen att ett 
större tidsintervall bör användas i framtida studier. 
 

TACK TILL 
Ett stort tack till Tomas Karlsson på Avdelningen för 

Rymd- och plasmafysik, KTH för hjälp med artiklar och 
handledning som underlättat detta arbete. 

 
REFERENSER 
 

[1] NASA, “Solar wind”, 
http://solarscience.msfc.nasa.gov/SolarWind.shtml, 2013-
04-28  

[2] Wikipedia, “Solar wind”,                   
http://en.wikipedia.org/wiki/Solar_wind 
2013-04-20 

[3] Wikipedia, “interplanetära magnetfältet”, 

http://sv.wikipedia.org/wiki/Interplanet%C3%A4ra_magnetf
%C3%A4ltet,  2013-04-30 

[4] Baumjohann et al., ”Characteristics of high-speed ion flows 
in the plasma sheet”,1990  

[5] Angelopoulos et al., ”Bursty bulk flows in the inner central 

plasma sheet”,1992 
[6] Cao et al., “Joint observations by Cluster satellites of bursty 

bulk flows in the magnetotail”, 2006 
[7] Angelopoulos et al., ”Magnetotail flow bursts: association to 

global magnetosphericcirculation,relationship to ionospheric 
activity and direct evidence for localization.”,1997 

[8] Kauristie et al., ”Ionospheric current signatures of transient 

plasma sheet flows”, 2000 
[9] Nakamura et al. 2001 
[10] Sergeev et al., “Detection of localized, plasma-depleted flux 

tubes or bubbles in the midtail plasma sheet”,1996 
[11] IRFU, “Cluster”, http://www.cluster.irfu.se/, 2013-04-30 
[12] ESA, “Mission summary”,  http://sci.esa.int/science-

e/www/object/index.cfm?fobjectid=31258, 2013-04-30 
[13] ESA, “22 nov 2010”, http://sci.esa.int/science-

e/www/object/index.cfm?fobjectid=48007, 2013-04-30 
[14] Cluster, “CIS”, http://cluster.irap.omp.eu/, 2013-04-30 
[15] IRFU, “IRFU-MATLAB”, https://github.com/irfu/irfu-

matlab, 2013-04-30 
[16] Tomas Karlsson, tomas.karlsson@ee.kth.se 
[17] Angelopoulos et al., ”Statistical characteristics of bursty 

bulk flow events”, 1994 
[18] Spenvis, “Coordinate systems”, 

http://www.spenvis.oma.be/help/background/coortran/coortr
an.html, 2013-04-30 

 
 

 
 
 
 
 

75

http://en.wikipedia.org/wiki/Solar_wind
http://onlinelibrary.wiley.com/doi/10.1029/1999JA900487/full
http://onlinelibrary.wiley.com/doi/10.1029/1999JA900487/full


  

 
 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Smältande glaciärer, översvämningar och extrem torka är problem som många tror orsakas av växthuseffekten. 
Under de senaste åren har debatten om mänsklighetens inverkan på växthuseffekten blivit intensivare. Forskare har 
länge känt till vilka mängder växthusgaser som finns längst ut i atmosfären och även närmast jordytan. Vad som är 
mindre känt är nivåerna i den så kallade mellersta atmosfären, på 70 kilometers höjd. Större kunskap om halter på 
denna höjd skulle kunna ge svar på hur vi människor påverkar jordens klimat.  
 
I experimentet ISAAC (Infrared Spectroscopy to Analyse the middle Atmosphere Composition) har vi utvecklat en 
metod som gör detta möjligt. Experimentet innebär att två mätenheter skjuts ut åt var sitt håll från en raket. Den ena 
mätenheten, ISAAC-Rx, kan följa den andras, ISAAC-Tx, rörelse i luften, bland annat genom att ta bilder med en 
kamera. Samtidigt utstrålar ISAAC-Tx ljus mot ISAAC-Rx. Delar av det utstrålade ljuset absorberas av koldioxiden i 
luften. Genom att mäta hur mycket ljus som tas emot av ISAAC-Rx och sedan jämföra med hur mycket ljus som 
ISAAC-Tx sände ut från början, kan man beräkna hur mycket som absorberades och därmed även mängden 
koldioxid i luften.  

 
 
 

Context E  
The Sounding Rocket Experiment 

 

RAKETMÄTNINGAR KAN GE SVAR OM VÄXTHUSEFFEKTEN 
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This context is a part of the ISAAC experiment. ISAAC stands for Infrared Spectroscopy to analyze the middle 
Atmosphere Composition. The experiment is part of the REXUS rocket program, which is a bilateral agreement 
between the German Space Agency, the Swedish National Space Board and the European Space Agency (ESA). 
Every year, REXUS launches a sounding rocket from Esrange Space Center in Kiruna. KTH has been annually 
contributing to REXUS with new experiments for several years. The students in ISAAC, the current REXUS project 
at KTH, are responsible for construction of the experiment concept as well as the hardware and software which is 
mounted in the rocket (provided by ESA).The goal of the ISAAC project is to measure the carbon dioxide profile in 
the middle atmosphere, on altitudes of approximately 70 km. This is done by ejecting two so-called Free-Falling 
Units (FFUs) from a sounding rocket, after which these will perform infrared spectroscopy between them: one unit 
will emit infrared light and the other will measure its intensity. Carbon dioxide absorbs infrared radiation of specific 
wavelengths and by measuring the rate of absorption, the carbon dioxide profile can be calculated in post-processing. 
In order to perform continuous measurements, the IR source of the transmitting unit must be facing the aperture of 
the receiving unit. This is made possible by letting the receiving unit track the other using a number of sensors: a sun 
sensing system, a CMOS camera and an angular rate sensor. 
 
The work is divided between three subgroups within ISAAC: the IR, tracking and power systems (groups E2, E3 and 
E1, respectively). The E2 group enables the spectroscopy to take place at optimal distances and altitudes. E3 
implements data communication with the three sensors and develops the concepts of the tracking algorithms. The 
E1 group provides the FFUs with suitable voltages and currents for the electrical components of the different 
subsystems. For example, the transmitting unit requires especially high currents due to the many power-consuming 
light sources that are used. 
 
In the end of the project, several parts of the subsystems remain unfinished. Most of the schematics for the 
electronics have been completed. However, the printed circuit boards have yet to be designed and manufactured. E2 
has selected a set of suitable components to carry out the measurements. Also, optimal measurement distances have 
been theoretically determined. However, optimal altitudes have not yet been established and an appropriate 
wavelength band in which measurements are made has not been decided upon. E3 has developed the foundation for 
a sun sensing system. Firmware procedures for data communication with the tracking camera and the concepts of the 
tracking algorithms have also been developed. Coding of the algorithms and data storage procedures, however, have 
not been finished. As for the power system, E1 has selected high power batteries and tested them for the expected 
experiment conditions. Strong emphasis has been put on designing the high current system needed for the 
transmitting unit, and it has been completed. This has led to the construction of the power system for the receiving 
unit being delayed, and has not yet been finished. 
 
The REXUS projects at KTH aim to progress technologically with every new project. Therefore, many subsystems 
and methods used in one project is passed on, thus letting the next project focus on new technology which may be 
previously unused within REXUS at KTH. For this reason, the many subsystems within ISAAC which mostly 
consist of heritage implementations from previous experiments have not been improved any further. For example, 
the rocket-mounted unit, from which the FFUs are ejected, and the post-flight recovery system have been given less 
attention due to the fact that they stem from previous projects. 
 
Future REXUS projects may benefit from several of the methods developed within the ISAAC experiment. For 
instance, the high current power system has never before been used within these contexts and might prove useful for 
other components with high power consumption. Also, the data communication with the tracking camera and the 
design of the sun sensing system may be beneficial for future applications. The data collection method used in the IR 
spectroscopy system has very high resolution and might therefore be applicable for other sensitive measurement 
circuitry. 

 

 

CONTEXT SUMMARY  

78



  

It is the hope of the entire ISAAC team that the experiment will demonstrate a new method for measuring the 
composition in the middle atmosphere. In addition, the tracking system is rather generic and can be used for any 
application which, for example, involves formation flight of some sort. 

ETHICAL ASPECTS 

It is widely known that elevated levels of carbon dioxide contribute to the greenhouse effect. Therefore, knowing the 
carbon dioxide profile in the middle atmosphere is of great interest, because it may aid us in preventing further 
worsening of this phenomenon. However, the ISAAC experiment gives rise to some ethical controversy.  
 
One may argue that the ISAAC experiment damages the environment more than its results will contribute to the 
long-term climate endeavors: When launching the REXUS rocket, a lot of fuel is consumed. The consequence of this 
is that it will pollute both the air and the ground below. But if the experiment succeeds, it will help us toward a more 
complete understanding of the carbon dioxide profile in the atmosphere. This may, in turn, help us prevent human-
induced climate changes. One needs to address whether the cost of this is overweighed by the gain of utility for 
humanity. 
 
The ISAAC project is funded by the Swedish National Space Board and the European Space Agency. Its budget is 
approximately €25,000 which, in the context of the bachelor theses at KTH, is quite the substantial amount. It might 
be considered insecure to trust undergraduate students with performing a task of this complexity and cost, and that 
these (taxpayer financed) funds would be of better use in other parts of society. However, spending money on high-
level education increases the collective knowledge in a country which, in turn, helps it progress technologically. Also, 
the extensive outreach initiative within the REXUS projects may increase the interest for environmental science and 
engineering among the young generation. 
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E1. POWER SUPPLY SYSTEM FOR ISAAC

Power Supply System for the ISAAC Rocket
Experiment

Saman Bidgol and Viktor Granberg

Abstract—This report describes the design of a power supply
system for the ISAAC rocket experiment. The experiment is about
measuring the carbon dioxide profile in the middle atmosphere by
IR spectroscopy. This is carried out by ejecting two free falling
units (FFUs) from a sounding rocket where one FFU will be
tracked by the other to be able to analyse the received IR light.
The power system shall provide these FFUs with sufficient power
during a time period from the ejection to the recovery of the FFUs
which can take up to 24 hours after landing. The focus has been
on making one of the FFUs called ISAAC-Tx shine as bright as
possible with red LEDs and IR sources to facilitate the tracking
and the IR spectroscopy, respectively. This requires much power
and high currents. Special high power batteries are used and high
performance of the DC/DC converters is important. The main
result is the design of the high power system used in ISAAC-Tx
that provides power to the light sources.

Index Terms—Power system, power supply, high currents,
switching-mode converters, batteries, Peltier cooling

NOMENCLATURE
CU Common Unit
DC Direct Current
ESA European Space Agency
FFU Free Falling Unit
FPGA Field Programmable Array
IR Infrared
ISAAC Infrared Spectroscopy to Analyse the middle

Atmosphere Composition
KTH Royal Institute of Technology
LED Light Emitting Diode
MUSCAT MUltiple Spheres for the Characterization of

Atmospheric Temperatures
PCB Printed Circuit Board
RAIN Rocket deployed Atmospheric probes

conducting Independent measurements in
Northern Sweden

Rx Receiver
REXUS Rocket-borne EXperiments for University

Students
RMU Rocket Mounted Unit
RXSM ReXus Service Module
SED Student Experiment Description
SPP Department of Space and Plasma Physics at

KTH
SQUID Spinning QUad Ionosphere Deployer
SSC Swedish Space Corporation
SU Specific Unit
Tx Transmitter

I. INTRODUCTION

ISAAC is a sounding rocket experiment developed at the
Department of Space and Plasma Physics at the School

of Electrical Engineering and the Department of Mechanics at
the School of Engineering Sciences within KTH, together with
MISU (Department of Meteorology at Stockholm University).
ISAAC is scheduled to be launched from SSC’s Esrange Space
Centre in March 2014 onboard REXUS 15. The project is
a part of the REXUS/BEXUS programme realised under a
bilateral agreement between DLR (German Aerospace Center)
and SNSB (Swedish National Space Board). The Swedish
share of the payload has been made available to students from
other European countries through collaboration with the ESA.

ISAAC’s mission is to design a system with two ejectable
FFUs, where one FFU is able to point to and track the other
one. This can have a number of applications: for example
observation of an object or any kind of formation flight.
ISAAC will also perform IR spectroscopy to measure the CO2

concentration and to demonstrate one possible application of
such a tracking system.

A. Scientific/Technical Background

It is widely known that CO2 in the Earth’s atmosphere has
an influence on our planet’s climate being a major contributor
to the greenhouse effect. Less is known about its function at
higher altitudes where it is responsible for strong radiative
cooling. One issue is that not much information is available
on the concentration in the middle atmosphere. More accurate
data would help to improve our understanding of the Earth’s
climate. The middle atmosphere is particularly interesting
since previous research suggests a decrease in concentration
starting at around 70-75 km altitude.

There is only a limited number of options for investigat-
ing the middle atmosphere, the layer at approximately 10-
100 km altitude. A lot of research is carried out by remote
sensing, either based on ground or on satellites. But remote
sensing has its limitations, therefore there is a need for in-
situ measurements. Since aircraft and balloons are limited to
altitudes of typically less than 40 km and orbital spacecraft
have a minimum altitude of well above 100 km, the only
viable solution to access the middle atmosphere is the use
of sounding rockets.

B. Experiment Description

The ISAAC experiment has two FFUs and one RMU.
The two FFUs have the same physical dimensions but differ
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regarding to the electronics inside. One FFU is named ISAAC-
Tx, which is the transmitting FFU, and the other ISAAC-
Rx, which is the receiving FFU. The FFUs are before the
ejection located inside the RMU which in turn is mounted
inside the REXUS rocket. When the rocket has reached the
desired altitude, the FFUs are ejected from the RMU. The
ISAAC-Rx are continuously tracking the ISAAC-Tx after the
ejection which makes it possible to perform IR spectroscopy.
The intensity of the received IR light is saved inside the
ISAAC-Rx. The GPS coordinates of the whole flight are also
saved inside both of the two FFUs which together with the
data from the intensity makes it possible to analyse the CO2

levels after the recovery of the FFUs.
Each one of the FFUs consist of a common part used in

both FFUs named CU and a specific part, named SU that is
different in the two units. The CU is used for saving GPS data
during flight and to transmit the position of each FFU during
the rescue phase after landing by using a wireless link and
a satellite modem. The ISAAC-TxSU’s main objective is to
radiate sufficient LED light and IR light to be able to perform
the tracking and the IR spectroscopy. The ISAAC-RxSU’s
main objective is to continuously track the ISAAC-Tx after
ejection to parachute deployment and to record the intensity
of the received IR light from the ISAAC-Tx. The ISAAC-
RxSU consists of several components to make the tracking and
infrared spectroscopy work. Among these are two motors: the
despin motor and the tilt motor. The motors are used to direct
the received light to the tracking camera and the IR detectors.

During the first five minutes after ejection from the rocket
the ISAAC-TxSU consumes much power, which is why high
power batteries and efficient DC/DC converters are used. The
power system provides the FFUs with power for 24 hours so
that the FFUs can be recovered during that period. This is
why there is need for a high performing power system which
is dimensioned to deliver the correct voltages and currents
during the whole experiment.

II. THE POWER SYSTEM

The purpose of the power system is to provide power to all
electrical components in the rocket. The power system consists
of four subsystems: the power supplies for the RMU, CU,
TxSU and RxSU. An overview of the power system is shown
in Figure 1. The power system which is implemented in the
ISAAC-Tx consists of two separate circuits; one with a more
powerful battery to cope with the demand from the IR sources
and the visible light sources and another to provide power to
the CU. In this chapter the power system of each subsystem
is explained.

A. Requirements for the Power System

The requirements below are written by E1 with help from
the rest of the ISAAC team and are taken from the SED [1]
due to their relevance to the power system.

F2.1 ISAAC-Tx shall emit light.

D1.3 The experiment shall not interfere with the electron-
ics of the rocket or any of the other experiments.

D1.4 The experiment components shall be able to with-
stand all stages of the mission (particularly vacuum
and thermal environment).

D1.5 The RMU shall be able to charge the batteries of
the FFUs through the umbilical connections.

D1.6 The RMU shall provide short-circuit protection for
the CU, TxSU and RxSU.

D2.3 The FFUs shall have batteries with sufficient power
and capacity during flight and after landing.

D4.4 The electronic components shall operate at temper-
atures in the range between −30◦ C and +60◦ C.

O2.1 While inside the rocket, the FFUs shall be turned
off except for housekeeping tasks.

O2.2 The experiment shall work independently of any
control from ground after lift-off.

C1.3 The experiment costs shall not exceed the limits
set by the funding available from KTH, SNSB and
possible sponsors.

An additional set of requirements were set for this
subproject by E1. These requirements are:

• The power systems must be able to provide the RxCU,
RxSU, TxCU and TxSU with the specific voltage levels
and correct currents that have been specified by the
ISAAC team.

• The power system of TxSU shall be able to provide
100 W to the visible light sources and IR sources for
five minutes.

• The power systems of the RxCU and TxCU should
provide the specified voltages for the recovery system
during 24 hours.

B. Free Falling Units

1) TxSU: The power system for the TxSU consists of
several DC/DC converters which are connected in parallel to
high power batteries. For each LED [2] the power system
provides 2.75 W since the LED requires 2.5 V and a current
of 1.1 A. There are two LEDs connected in series to each LED
converter which means that the DC/DC converter for the LEDs
provides 5.5 W through 5.0 V and 1.1 A to the LEDs. This
DC/DC converter is a current regulator that keeps a constant
current of 1.1 A through the LEDs.

For the IR lamps [3] there is one DC/DC converter for every
IR lamp. Each IR lamp needs 6.0 V and 1.8 A which means
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Fig. 1. Power system overview

that the DC/DC converter for the IR lamps provides 11 W.
The DC/DC converter for the IR lamps operates by regulating
the voltage. Table II shows the power budget for the TxSU
with the specified voltages and currents.

The TxSU and the RxSU are powered for five minutes
during the experiment. When the FFUs are ejected from the
rocket the SUs are activated immediately. This is done by
having the SUs sense the connection to the RXSM rocket pin.
A timer starts when disconnected from the rocket pin and
will control that the power system is turned on for five minutes.

2) RxSU: The power system for the RxSU consists of
DC/DC converters for the:

• Tracking camera
• Despin motor
• Tilt motor
• IR detectors
• Cooling
• Sun sensors
• Angular rate sensor
• Oscillator
• Memories
• FPGAs
The tracking camera requires a voltage of 5.0 V and a total

current of 175 mA, hence the required power is 875 mW.
The despin motor’s [4] drive electronic [5] requires a voltage
between 10-28 V and the same goes for the drive electronic
of the tilt motor [6]. Further, the drive electronics require
an input current of 90 mA and 40 mA, respectively. The
IR detectors require approximately 30 V and 30 µA, thus
0.9 mW power is used. Lastly, the cooling of the IR detectors
is done with the Peltier elements integrated inside the IR
detectors which require 2.0 V and up to 1.25 A each. The
current through the Peltier element is controlled by a current
driving circuit. A thermistor monitors the temperature of the
IR detector and sends the signal to a FPGA that processes

and amplifies it to the control input of the current driving
circuit. This means that the thermistor reading regulates the
current to keep the temperature at a constant level. The
DC/DC converter for the Peltier element is therefore of the
current regulating kind. However, the sun sensors, the angular
rate sensors, the oscillator, the memories and the FPGAs
DC/DC linear regulators are powered with the battery voltage
from the power system PCB. These DC/DC linear regulators
are not on the same PCB as the power system, hence these
components are not actually a part of the power system. Table
III shows the power budget for the RxSU with the specified
voltages and currents.

3) CU: The CU is inherited from MUSCAT and an iden-
tical power supply is used [7]. In both the Tx and Rx the CU
and the SU are two different circuits on different PCBs with
no connection in between.

C. Rocket Mounted Unit
The RMU charges the batteries until ejection. The charging

is done by using a current regulating charger that stops the
charging when a specific voltage is reached. This specific
voltage for the batteries in the CUs and the RxSU is 4.2 V
and 3.65 V for the batteries in the TxSU. The RMU is also to
provide the FPGA used in the CU, the oscillator, the camera
used for capturing the ejection and the sensors with power.
The RMU is connected to the RXSM and is powered by the
internal battery in the REXUS rocket. The RXSM provides
the RMU with 28 V. For further information about the RXSM
see the REXUS user manual [8].

III. METHOD

A. Power Budget
The power budget estimates the necessary battery capacities

for the experiment. Tables I to VI shows the energy consump-
tion during four phases of the experiment:
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Phase 1 Switch-on until parachute deployment
Phase 2 Parachute deployment until landing
Phase 3 Initial recovery phase
Phase 4 Low power recovery phase

The efficiencies of the converters are estimated to be 0.7
for TxSU and 0.9 for the CU and RxSU. The efficiency of
the TxSU is based on the test results, see section V-B. The
efficiencies of the CU and the RxSU are based on previous
years project. The power from the battery is calculated as
Pin = Pout/η, where Pout is the power to the components and
η the efficiency of the DC/DC converter. The energy consumed
from the battery is then calculated as Ebatt = Pin · t/60,
where t is the active time of the components in minutes.
Furthermore, Phase 1 is divided into a CU part, a TxSU and
a RxSU parts to more specifically show the different power
budgets of the Tx and Rx shown in Tables II and III. The
power budget calculations for the components of the CU is
based on previous work by the MUSCAT team [7] and shows
the energy consumption for each CU. Phase 1 uses much more
power than the other phases because of the high power light
sources. During the 20 minutes of Phase 1, the active phase of
the light sources are five minutes which is why the TxSU and
RxSU only are powered on during this long. The duty factor
in the power budget for each component corresponds to the
length of how long it is active during each phase.

B. Choosing the Batteries

For the TxSU there is need for a rechargeable high power
battery that can handle high currents and meet the capacity
calculated in Table II. Furthermore, for the CU as well as the
RxSU there are not the same requirements on the capacity as
for the TxSU. The batteries are selected regarding their ability
to operate in vacuum and the required temperature range. They
are also selected to fulfill the required capacity and, for the
TxSU, to meet the requirements for maximum current during
continuous discharge. Furthermore, the physical dimensions of
the batteries are of great importance to make sure the batteries
fit in the mechanical design. Also the weight is considered
so that the FFUs will not become unbalanced or unnecessary
heavy.

C. Testing the Batteries

The testing of the batteries is done by placing a battery
in a vacuum chamber and discharging it over a resistive
load. The battery voltage is then measured by connecting a
multimeter parallel to the resistive load. Further, the current
is measured by connecting yet another multimeter in series
with the resistive load. The battery is tested for five minutes
in vacuum. To avoid damaging the battery the resistive load
is disconnected before the battery voltage reaches the cut off
voltage.

D. Choosing the DC/DC Converters

The DC/DC converters are chosen regarding to the currents
and voltages it has to deliver. Table I to VI show the specifics

for each component in the system. The DC/DC converters
are selected on Farnell’s website [9] and are filtered out after
requirements set by the team. The most important attributes
when comparing and choosing the DC/DC converters are input
voltage range, output voltage range, minimum output current,
efficiency and operational temperature.

E. Testing the DC/DC Converters

Some of the selected DC/DC converters need to be tested
before deciding to be used in the power system design. The
test is split down in different parts to ensure it works under
our specific conditions. In addition, the DC/DC converters
that needs to be tested are soldered on a single layer board.

1) Open-circuit Test: To verify that the DC/DC converters
regulate at correct output voltage the output voltage is
measured without any resistive load at different input
voltages. The output voltage is measured with a multimeter.

2) Output Voltage Under Load: The regulation ability
of the DC/DC converters are tested by connecting different
proper resistive loads to the output. By increasing the load
it is possible to see if the DC/DC converters can regulate
at higher currents. The output voltage is measured with a
multimeter.

3) Efficiency Test: The efficiency vs. output current of the
DC/DC converters are tested by measuring the input voltage
and current as well as the output voltage and current under
different resistive loads.

F. Design of the Circuit Schematics and PCB layouts

The circuit schematics and the PCB layouts are drawn
in Board Architect from Mentor Graphics [10]. The design
of the circuit schematics is made with the help of each
specific DC/DC converter’s data sheet where suggestions of
how the implementation of the DC/DC converters should be
made. However, some components are decided afterwards and
iteratively so the circuit schematic works as intended. Also, at
certain places in the circuit schematics, the components are not
yet decided, thus some components are in parallel with several
identical components so last fine adjustments are able to be
done. In the circuit schematics all components are connected
as they are supposed to be connected. Further, all connections
are defined as well. The importance of the connections comes
when designing the PCB layout, where each connection on
the PCB layout corresponds to a connection on the circuit
schematic.

The PCB layouts are designed in cooperation with the
mechanical team, since they decide the geometry of each PCB.
Furthermore, the placement of each circuit schematic on the
PCB is done iteratively to maximize the use of the PCB area.
In addition, important design considerations are made when
designing the PCBs, for example: trace width, trace lengths
and how the ground connection should be made.
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TABLE I
PHASE 1 SWITCH-ON UNTIL PARACHUTE DEPLOYMENT.

Phase 1 CU part (20 minutes)
Component 1.5 V 2.8 V 3.0 V 3.3 V 5.0 V Duty factor
FPGA 10.0 mA 25.0 mA 100%

Oscillator 3.00 mA 100%

Memories 45.0 mA 100%

Pressure sensor 6.00 mA 100%

Gyro 6.10 mA 100%

Accelerometer, magnetic sensor 0.10 mA 100%

Antenna 30.0 mA 100%

A/D converter 0.90 mA 100%

GPS frontend 15.0 mA 100%

Antenna switch 29.0 µA 100%

Power consumption 15.0 mW 42.0 mW 322 mW 9.00 mW 30.0 mW
Efficiency losses (0.9 efficiency) 1.67 mW 4.67 mW 35.8 mW 1.00 mW 3.33 mW
Energy consumed 5.56 mWh 15.6 mWh 119 mWh 3.33 mWh 11.1 mWh

Total energy consumed: 155 mWh

TABLE II
TXSU PART OF PHASE 1

Phase 1 TxSU part (5 minutes)
Component 6.0 V 5.0 V Duty factor
LEDs (20) 11.0 A 100%

IR sources (6) 10.8 A 100%

Power consumption 64.8 W 55.0 W
Efficiency losses (0.7 efficiency) 27.8 W 23.6 W
Energy consumed 7.72 Wh 6.55 Wh

Total energy consumed: 14.3 Wh

G. Soldering and Verification of the PCBs

The last step is to solder the components on the PCBs for
the power system and then verify its functionality. Because it
has been decided that the power systems on TxSU and RxSU
are implemented on separate PCBs no collaboration is needed
with other teams when it comes to soldering the components
for these specific PCBs. The CU and RMU PCBs consist of
only one PCB each, hence collaboration needs to be done
between the teams when soldering them.

H. The Scope of the Project

Due to the size of the ISAAC project, this bachelor thesis
prioritises the power system of the TxSU and RxSU.

IV. DESIGN OF THE POWER SYSTEM

A. DC/DC Converters

There are different methods to regulate DC voltage. The
two used in the ISAAC power system are the linear and
the switching-mode DC/DC converters. The linear DC/DC
regulator is much simpler than the switching-mode converter
and creates a smooth output voltage. But it is not very efficient
when used together with high currents and high voltage drops,
because the linear DC/DC regulator dissipate heat equal to
product of the current and the voltage drop over the resistor

which determines the output voltage. This also means the
linear DC/DC regulator only can convert an output voltage
that is lower than the input voltage. The switching-mode
converter is much more efficient with high currents and can
create an output voltage that is much higher than the input
voltage because the inductor based switching-mode converter
stores magnetical energy in the coil during switch-on and
then releases the energy to the output during switch-off.
However, due to the switching it can create voltage ripple
that is unwanted by sensitive electrical circuits since it creates
electrical noise.

1) TxSU: For the TxSU a DC/DC converter that supports
high currents is used. A switching-mode DC/DC converter
is therefore the only suitable choice. The TxSU needs two
different voltages: 5.0 V for the LEDs and 6.0 V for the
IR sources. The current through each pair of LEDs is 1.1 A
and 1.8 A for each IR source. The switching-mode DC/DC
converter MAX669 [11] is used for both the LEDs and the IR
sources in different configuration. The LEDs require a current
regulating DC/DC converter while the MAX669 is a voltage
regulator. This is why a current sense circuit MAX4372 [12]
is used to measure the current in the output of the MAX669
as shown in Figure 2. The MAX4372 gives an output voltage
that is proportional to the measured current. This voltage is
connected to the feedback (FB) input of MAX669 in order to
make the MAX669 stable at a certain output current instead
of an output voltage. The feedback input’s stable voltage is
1.25 V, thus the MAX4372 gives a voltage level of 1.25 V via
a voltage divider when the output current of the MAX669 is
1.1 A. If the output current is lower than 1.1 A the feedback
voltage drops and the MAX669 increases the output voltage to
increase the output current. If the output current is higher than
1.1 A the opposite happens: the feedback voltage increases and
the MAX669 reduces the output voltage to reduce the output
current.

The IR sources do not need a current regulating DC/DC
converter because their known resistance value gives a limited
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TABLE III
RXSU PART OF PHASE 1

Phase 1 RxSU part (5 minutes)
Component 2.0 V 3.0 V 3.3 V 5.0 V 20 V 30 V Duty factor
IR detector (2) 60.0 µA 100%

Tracking camera (1) 50.0 mA 100%

Sun sensor (4) 100 mA 100%

Angular rate sensor (1) 50.0 mA 100%

FPGAs (5) 125 mA 100%

Memories (5) 50.0 mA 100%

Oscillators (2) 6.00 mA 100%

Cooling (2) 2.5 A 100%

Despin motor 90.0 mA 100%

Tilt motor 40.0 mA 100%

Power consumption 5.00 W 975 mW 19.8 mW 250 mW 2.6 W 1.80 mW
Efficency losses (0.9 efficency) 556 mW 109 mW 2.20 mW 27.8 mW 289 mW 0.20 mW
Energy consumed 463 mWh 90.3 mWh 1.84 mWh 23.2 mWh 241 mWh 167 mWh

Total energy consumed: 986 mWh

TABLE IV
PHASE 2 PARACHUTE DEPLOYMENT UNTIL LANDING.

Phase 2 CU (15 minutes)
Component 1.5 V 2.8 V 3.0 V 3.3 V 5.0 V Duty factor
FPGA 10.0 mA 25.0 mA 100%

Oscillator 3.00 mA 100%

Memories 45.0 mA 100%

Pressure sensor 6.00 mA 100%

Gyro 6.10 mA 100%

Accelerometer, magnetic sensor 0.10 mA 100%

A/D converter 0.90 mA 100%

GPS frontend 15.0 mA 100%

Antenna switch 29.0 µA 100%

Antenna 30.0 mA 100%

Commercial GPS 40.0 mA 100%

Satelite modem 500 mA 1%

Radio beacon transmitter 9.50 mA 100%

Power consumption 15.0 mW 42.0 mW 350 mW 158 mW 30.0 mW
Efficiency losses (0.9 efficiency) 1.67 mW 4.67 mW 38.9 mW 17.6 mW 3.33 mW
Energy consumed 4.17 mWh 11.7 mWh 97.2 mWh 43.9 mWh 8.33 mWh

Total energy consumed: 165 mWh

current for any given voltage. Therefore is the current sense
circuit not implemented for the power supply of the IR
sources. The feedback to the MAX669 is proportional to
the output voltage and is therefore stable when the output
voltage is 6.0 V. The schematics for the power supply of the
IR sources is shown in Figure 3.

2) RxSU: The DC/DC converters used in the RxSU are
switching-mode DC/DC converters regulators as well. As
explained before, some components require higher output
voltage than the input voltage, thus switching regulators are
used. In addition, some components do not need high current
nor high output voltage, hence linear regulators are used for
the simplicity. The despin and the tilt motor’s drive electronics
each need an input voltage between 10-28 V and a current of

13 mA. For this purpose, the MAX669 DC/DC converter is
used as well. Furthermore, the IR detectors need a high input
voltage which is 30 V. This high input voltage is provided by
using the twin of MAX669: MAX668, which is able to deliver
high output voltages with a specific configuration. The camera
needs an input voltage of 5.0 V and a current of 50 mA. For
this purpose, a simpler and smaller power supply design is
used, the LTC3521 DC/DC converter [13], which has been
used previous years by RAIN and MUSCAT.

The cooling of the IR detectors is done with integrated
Peltier elements inside the IR detectors and requires 2 V and
up to 1.25 A each. Figure 5 shows the schematic for the power
supply of the cooling system with the original design from
the datasheet of the MAX1968 [14]. The current to the Peltier
element is controlled by MAX1968. The Peltier element is
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Fig. 2. Schematic for the power system of the LEDs. Some of the component values are not the final values.

Fig. 3. Schematic for the power system of the IR sources. Some of the component values are not the final values.
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TABLE V
PHASE 3 INITIAL RECOVERY PHASE.

Phase 3 CU (12 hours)
Component 1.5 V 2.8 V 3.0 V 3.3 V Duty factor
FPGA 10.0 mA 25.0 mA 100%

Oscillator 3.00 mA 100%

GPS frontend 15.0 mA 100%

Antenna switch 29.0 µA 100%

Commercial GPS 40.0 mA 10%

Satellite modem 500 mA 1%

Radio beacon transmitter 9.50 mA 100%

Power consumption 15.0 mW 42.0 mW 104 mW 39.6 mW
Efficiency losses (0.9 efficiency) 1.67 mW 4.67 mW 11.6 mW 4.40 mW
Energy consumed 200 mWh 560 mWh 1.39 Wh 528 mWh

Total energy consumed: 2.68 Wh

TABLE VI
PHASE 4 LOW POWER RECOVERY PHASE.

Phase 4 CU (12 hours)
Component 2.8 V Duty factor
Radio beacon transmitter 9.50 mA 100%

Power consumption 26.6 mW
Efficiency losses (0.9 efficiency) 2.96 mW
Energy consumed 355 mWh

Total energy consumed: 355 mWh

connected between the two pins OS1 and OS2 of MAX1968.
A thermistor that is integrated in the IR detector is connected
in series with a resistor to a reference voltage and ground.
The thermistor resistance varies with the temperature which
varies the potential in the node between the thermistor and the
resistor. This node is monitored by a FPGA which processes
and sends the signal to the control input (CTLI) of MAX1968,
thereby regulating the current to keep a constant temperature.
The FPGA sets the temperature of the IR detector.

The drive electronics for the two motors each consists of
a H-bridge circuit that uses MOSFETs for the switching.
Figure 4 shows the circuit of the drive electronics. The
MOSFETS in the H-bridge are two p-channel MOSFETs and
two n-channel MOSFETs. These are controlled by two logical
inputs (Dir & Dir inv) that, depending on which input is
high one p-channel and one n-channel MOSFET is active
simultaneously, sets the direction of the motor spin. The drive
electronic also consist of a current sense circuit which gives a
voltage proportional to the current in the motor. If the voltage
exceeds a given reference voltage (V ref) a comparator shuts
down the n-channel MOSFETs and the current floats around
between the motor windings. This makes the comparator’s
output high and starts charging a RC circuit. When the RC
circuit reaches a given voltage level the n-channel MOSFETs
is powered on again and the current through the motor winding
is oscillating around the desired value set by V ref. This
design is inherited from SQUID [15] and is not yet modified
to meet the requirements of the tilt and despin motors.

B. Timer

The TxSU and RxSU are powered on for five minutes during
the experiment. When the FFUs are ejected from the rocket the
SUs have to be activated immediately. This is done by having
the SUs sense the connection to the RXSM rocket pin. A timer
is implemented in each SU and starts when disconnected from
the rocket pin. It is then powered on for five minutes and then
cuts the power to the SU. The timer consists of the rocket
pin which is a ground connection, connected to a resistor
and capacitor and then to an inverted Schmitt trigger. Before
ejection when the rocket pin is connected, the input to the
Schmitt trigger is a logical 0, thus the output a logical 1. When
ejected the rocket pin or in other words the ground connection
is removed and the capacitor on the input of the Schmitt trigger
starts to charge. When the capacitor is sufficiently charged, the
input of the Schmitt trigger is a logical 1, thus the output a
logical 0. This is why an AND gate is connected to the output
of the Schmitt trigger and the rocket pin connection. The AND
gate is then only giving a logical 1 as output if both the output
of the Schmitt trigger and the rocket pin is a logical 1. This is
then connected to the shutdown control input on each DC/DC
converter. The shutdown input on each converter is logically
inverted which means that a high logical signal powers on the
converter. The electrical schematic for the timer is shown in
Figure 6.

V. RESULTS

A. Battery

The battery selected for the CU is the same that MUSCAT
used, Saft MP 144350 [16] which has a capacity of 2.6 Ah and
gives a margin of more than 2.0 Ah. For the RxSU the battery
is the same as the one used in the CU and this gives a margin
of more than 2.3 Ah. However for the TxSU there is need for a
high power battery that can handle high currents, which is why
the battery selected is K2 Energy high capacity LFP26650P
[17] which also has a capacity of 2.6 Ah but can support
currents up to 42 A during continuous discharge. Because there
is need for more capacity than 2.6 Ah, two batteries are used
to give a capacity of 5.2 Ah. The margin is 217 mAh for
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Fig. 4. Schematic of the drive electronics for the motors. Some of the component values are not the final values.

each battery and is based on the calculation of total energy
consumed in TxSU (see Table II).

The high power battery is not vacuum proof, therefore it is
tested in a vacuum chamber to verify that it works properly
in vacuum. The test result is shown in Figure 7 where the
output power is measured as a function of the time. The battery
keeps approximately constant power over time. In addition, the
battery is not damaged or changed physically during the test.
See appendix A for full test report. However, the battery that
is inherited from MUSCAT is not tested, since it has already
been verified working under our conditions.

B. TxSU
Without any load the DC/DC converter holds perfectly the

output voltage for all suitable input voltages. In Figure 9 the
output voltage is measured as a function of output current
for different input voltages. The DC/DC converter almost
keeps the same output voltage for Vin = 3.5 V. Further, for
Vin = 2.5, 3.0 V the output voltage drops after Iout = 1.0,
1.3 A, respectively. In addition, in Figure 10 the efficiency
is measured as a function of output current for different
input voltages. The DC/DC converter has approximately an
efficiency of 0.7 for the purpose of the power system. The test
circuit is implemented on one single layer board. The circuit
is shown in Figure 11.

The TxSU PCB layout is shown in Figure 8 where all the
DC/DC converters for the LEDs and IR sources are drawn.
Also, the timer is drawn on the PCB layout.

C. Work to be done
The PCBs for the power system of the TxSU and RxSU

have not been ordered and soldered and thus not tested in its
complete state.

VI. DISCUSSION

The battery test shows that the chosen high power battery is
vacuum proof, but it does not guarantee that every battery of
the same kind is vacuum proof. A vacuum test for all the
batteries used in the experiment should therefore be made
to guarantee that each one will work as intended during
the experiment. The calculated power budget for the TxSU
(Table II) shows that the battery’s capacity is enough for the
power system of the TxSU. One may assume that the power
budget shows that the margin for the high power battery is
small. But, taken into account that the length of the TxSU
and RxSU part of phase 1 is only five minutes, the margin
calculated for each battery should be more than enough.
The margin also gives room for possible future changes of
components that may occur later on.

One of the most critical tests of the whole power system
is the test of the TxSU’s switching-mode DC/DC converter.
The test circuit shows that the DC/DC converter is able
to handle the high currents needed but drops in the output
voltage. Important to remember is that the DC/DC converter
will probably work even better when soldered on the PCB,
because PCB design such as trace length is of great importance
for the functionality of the DC/DC converter [18]. The test
result shows that the efficiency at 3.0 V is between 0.65 and
0.70. This does not deviate much from 0.70 which was the
efficiency used in the calculations of the power budget. The
test should also be redone when the PCB has arrived since
the efficiency probably will be different, most likely higher.
The power budget should in the future be recalculated with
the efficiency value from the new test results.

The DC/DC converters in the power system of RxSU have
not been tested. This is not a problem because the switching-
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Fig. 5. Schematic for the power supply system of the cooling system. Some of the component values are not the final values.

Fig. 6. Schematic of the timer used in the TxSU power system. Some of the
component values are not the final values.

mode DC/DC converter with MAX669 is used in the RxSU
as well only with a slightly other configuration to create
other voltages. However, MAX668 is also used in the RxSU
but has not been tested due to the priority towards the end
of the project was to focus on the TxSU. The schematic
of the switching-mode DC/DC converter with MAX668 is
similar to the one with MAX669 and may behave in a similar
way. The biggest problems from our perspective occur when
high currents are produced and because the configurations of
both MAX668 and MAX669 in the RxSU have much lower
currents, it might have less probability of failure. Furthermore,
a switching-mode DC/DC converter with LTC3521 is used for
the camera but is not tested since it has already been tested and
verified by RAIN [19]. Also, the power system used for the
cooling is inherited from previous project, whose functionality
is already tested.

The goal of the project was to have a finished power system
for the ISAAC rocket experiment. Due to the long time horizon

Fig. 7. The battery is able to keep approximately constant power during the
vacuum test.
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and the complexity of the project, the last steps have not
been finished: 1) the PCBs of TxSU and RxSU have not been
ordered and soldered 2) The verification of the PCBs of TxSU
and RxSU have not been done. Mainly, the reason for this is
the dependency on the other sub-projects of ISAAC, e.g the
collaboration with the mechanical team who is responsible for
the physical dimensions of the PCBs. The physical dimensions
of the TxSU were not done until the very end of this project
and the physical dimensions of the RxSU were not done until
after the project of this thesis was finished. The plans of the
electrical and the mechanical team were not well coordinated
in perspective of the PCB designs.
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Fig. 8. The PCB layout for the TxSU power system.

Fig. 9. The MAX669 DC/DC converter’s output voltage measured as a
function of the output current for different input voltages. As seen in the
Figure the output voltage drops around 1.0-1.2 A for input voltage 2.5 and
3.0 V.
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A. Future Testing

The timer has not been tested but due to the simplicity of the
circuit and the similarity to the solution used by the previous
team MUSCAT it is not main priority to test it in this stage.
The recommended tests that should be done in the future when
the PCBs are soldered are:

• Temperature test both TxSU and RxSU to verify it works
under correct environmental conditions.

• Perform load test to verify that the DC/DC converters
of the TxSU power system are able to deliver the high
currents.

• Test the timer to see if it is able to turn on/off the DC/DC
converters of the TxSU and RxSU within the correct time.

• Test if the batteries on the TxSU power system are able

Fig. 10. The efficiency measured as a function of the output current for
different input voltages. The MAX669 DC/DC converter has approximately
an efficiency of 0.7 for use in the TxSU.
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supply the TxSU during five minutes.
• Test the motor system to see the performance at the

specified supply voltage.

B. Experiences

This bachelor thesis has learnt us much about working
in a project and has also showed that cooperation between
individuals is very important. Besides this, we have increased
our knowledge in electronics and that theory differs a lot
from the practice. However, one important experience we have
gained from this project is that different tasks take much more
time than estimated.
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Fig. 11. The test circuit of the MAX669 implemented on one single layer
board.

VII. CONCLUSION

The high power battery’s vacuum test shows it works in a
vacuum environment and the battery’s margin is enough. Thus
we conclude it is suitable for the power system of the TxSU.

Taken into account that the PCB design will improve the
performance of the power system, the test results of the
MAX669 DC/DC converter are satisfactory and we conclude
that it is a good choice for powering the LEDs and IR sources
in the TxSU power system.

Even though no tests have been made on the RxSU, we
conclude with good confidence that the designed power system
of the RxSU will work.
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 E2. Infrared Spectroscopy  

 
Abstract—This report is one of the bachelor theses within the 

ISAAC experiment under REXUS. The report focuses on an 

infrared spectroscopy system in terms of theory behind 

measuring the amount of carbon dioxide in the middle 

atmosphere and the design and testing of a prototype by the 

implementation of two lead sulphide detectors. Special attention 

is put into the simulation and characterisation of the future 

experiment measurements and their corresponding distortion 

due to background noise and non-ideal components. The 

measurement system, consisting of two free falling units (IR 

transmitter and IR receiver), will be falling through the 

atmosphere while being separated from each other. The altitude 

span available for measurements is 70 km to 4 km (altitude of 

parachute deployment). 

Simulation through MATLAB has shown a distance restriction 

of maximum 300 m between the emitter and detector of the 

system and maximum measurement altitude of 50 km. 

  
Index Terms—Carbon Dioxide, Infrared Spectroscopy, 

ISAAC, REXUS, Upper Atmosphere Measurements. 

 
ABBREVIATIONS 
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DLR German Aerospace Center 
ESA European Space Agency 
ESRANGE European Sounding rocket launching 
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FFU Free Falling Unit 
FPGA Field Programmable Gate Array 
GPS Global Positioning System 
GND Ground 
HITRAN HIgh-resolution TRANsmission 

molecular absorption database 
IC Integrated Circuit 
IR Infrared 
ISAAC Infrared Spectroscopy to Analyse the 

upper Atmosphere’s Composition 
Rx Receiving unit (FFU) 
SPS Samples Per Second 
Tx Transmitting unit (FFU) 
KTH Kungliga Tekniska Högskolan 
LIDAR LIght Detection and Ranging 
LNA Low Noise Amplifier 
MISU Meteorology at Stockholm University 
NEP Noise Equivalent Power 
PbS Lead Sulphide 
PCB Printed Circuit Board 
PID Proportional-Integral-Derivative 
PSPICE Personal Simulation Program with 

Integrated Circuit Emphasis 
REXUS Rocket-borne EXperiments for 
 
 
 

This bachelor thesis report was submitted to Dr. Nickolay Ivchenko, at 
KTH, the 29th of April 2013. 

University Students 
RMU Rocket Mounted Unit 
RxSU ISAAC-Rx Specific Unit 
SNR Signal to Noise Ratio 
SNSB Swedish National Space Board 
TxSU ISAAC-Tx Specific Unit 

I. INTRODUCTION 
HIS thesis is a partial project named E2 within the ISAAC 
project which is a part of the REXUS program. REXUS is 

a student program realized under an agreement between DLR 
and SNSB. 

ISAAC is a sounding rocket experiment developed at the 
Department of Space and Plasma Physics within KTH, 
together with MISU. The objective is to launch a rocket to the 
upper part of the atmosphere where two FFUs will be ejected. 
Between these two units, carbon dioxide levels in the middle 
atmosphere will be measured by the implementation of 
infrared spectroscopy. ISAAC is scheduled to be launched 
from the Swedish Space Corporation’s Esrange Space Centre 
in March 2014 on-board REXUS15. 

The E2 project focuses on the technical and physical aspect 
of the infrared spectroscopy experiment. This includes the 
construction and testing of a measurement system that will be 
split into a transmitter and a receiver and later integrated in the 
two separate units, TxSU and RxSU. 

II. BACKGROUND 

A. Scientific Background 

It is widely known that carbon dioxide in the Earth’s 

atmosphere has an influence on our planet’s climate, being a 

major contribution to the greenhouse effect. Less is known 
about its function at higher altitudes, where it is responsible 
for strong radiative cooling [1]. 

The available information on the carbon dioxide 
concentration in the middle atmosphere is very limited. Better 
data would help to improve our understanding of the Earth’s 

climate. 
There are only a limited number of options for investigating 

the middle atmosphere, the altitudes of approximately    to 
    km. A vast amount of research is carried out by remote 
sensing (for example LIDAR [1]), either based on ground or 
on satellites. But remote sensing has its limitations. Therefore 
there is a need for measurements being made directly at the 
relevant altitude. Since aircraft and balloons are limited to 
altitudes of typically less than    km and orbital spacecraft 
have a minimum altitude of well above     km the only 
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viable solution to access the middle atmosphere is the use of 
research rockets. 

Measuring the carbon dioxide level with infrared 
spectroscopy is a method which is frequently used. This is 
often executed in a contained environment with consistent 
concentration of carbon dioxide. The challenge with this 
project will be that the measuring units will be falling 
independently through the atmosphere and be exposed to 
ambient radiation from the sun, and other disturbances that 
will affect the accuracy of the measurements. 

B. Technical Background 

Two FFUs, ISAAC–Tx and ISAAC–Rx, used for measuring 
the IR absorption, are located inside the RMU, which in turn is 
placed inside the REXUS rocket. The FFUs are ejected from 
the RMU when the rocket reaches above the dense 
atmosphere, at approximately 60 km. 

Fig. 1 shows the intended trajectory of the FFUs. ISAAC-
Tx will be equipped with a thermal emitter and ISAAC-Rx 
will be equipped with two IR detectors. The thermal emitter 
emits a broad spectrum IR radiation that will be registered by 
the detectors. From this, the carbon dioxide concentration 
profile of the middle atmosphere can be determined. 

 
Fig. 1.  The expected trajectory of the FFUs 

In order for the spectroscopy experiment to function, RxSU 
is required to track TxSU, recording the intensity of the IR-
source on-board. GPS units placed on-board each of the FFUs 
will record their position in three dimensional space. This 
allows for the calculation of the altitude of, and distance 
between the two FFUs. The GPS data combined with 
information from the IR detectors on the ISAAC-Rx and 
altitude data from the GPS will enable the carbon dioxide 
concentration profile to be obtained. 

III. METHODS AND THEORY 
 

 

TABLE I 
QUANTITY DESCRIPTION 

Symbol Quantity Unit 

   Spectral iradiance at distance 
r, wavelength   

           

   Spectral power of the source 
at wavelength   

       

      Area illuminated by the 
source at the detector 

   

  Solid angle    
  Distance between emitter 

and detector 
   

  Irradiance       
   Transmittance at wavelength 

  
         

  Concentration of absorbers     
   Absorption cross section                 
  Constant          
      Spectral irradiance at 

distance   , wavelength   
           

   Fixed distance   
       Reduction of irradiance due 

to absorption 
         

   Irradiance in band              

   Irradiance in band              

        Reduction of irradiance due 
to absorption in band   

         

        Reduction of irradiance due 
to absorption in band   

         

C Constant          

       Function of the 
concentration of absorbers 
and distance 

         

    Signal to noise ratio          

        Signal power   

       Noise power   

   Specific detectivity            
     Active detector area    

   Electrical bandwidth    

    Noise equivalent power   

      Chopping frequency    

  Time constant     

        Transmitted irradiance in 
vacuum 

      

     Transmitted irradiance in air       

    Voltage change over the 
detector 

  

   Spectral Responsivity       

  Incident energy       

   Load resistance   

   Detector bias voltage   

   Dark resistance   

     Amplification output voltage   

   Voltage over the detector   

        Cutoff frequency    

  Filter resistance   

  Filter capacitor   
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This section presents the modelling methods used to 
estimate the effect, which distance, carbon dioxide 
concentration, atmospheric temperature and pressure have on 
the intensity of the observed IR radiation. 

A. Problem Approach 

Immediately after the ejection, the distance between the two 
FFUs is linearly increasing as the altitude at which the 
measurements are being made increases parabolically until the 
apogee is reached. After this, the distance between the two is 
increasing as the altitude decreases. This introduces challenges 
mainly in terms of the choice of separation velocity. When 
allowing the measurement system to fall freely from a certain 
altitude and using the standard atmosphere [2], the only 
variable to determine is the separation velocity. This suggests 
that one will have to calculate at which distances and altitudes 
the measurements should be made. 

The overall density in the atmosphere increases as the 
altitude decreases, thus the reduction of intensity will depend 
both on the distance between the emitter and detector, and the 
altitude. The latter is dependent on both an increasing density 
and intersystem distance. Given a detector and thus, its noise 
equivalent power, there is a lower limit of altitude, below 
which the gathered data will not be useful, due to a low signal 
to noise ratio. 

By calculating a lower limit under which the irradiance 
incident on the detector is not sufficient for the collection of 
useful data, one can use the following model: 

 Choose the altitudes at which you want to make 
the first and last measurements. 

 Choose the highest acceptable accuracy in the 
determined concentration value. Convert this to 
lower acceptable SNR. 

 Calculate which intersystem distance the lower 
altitude corresponds to using the choices above. 

 Calculate the linear interpolation between the two 
sets of altitudes and their corresponding 
intersystem distances in order to determine the 
separation velocity. 

The choice of separation velocity comes down to the 
decision regarding which part of the atmosphere is the most 
interesting for the measurements. The separation velocity 
relates directly to the change in intersystem distance. By 
choosing a higher velocity, the SNR will decrease more 
rapidly in relation to choosing a lower velocity. With a high 
velocity, the distance between emitter and detector is longer 
and the amount of absorbers higher, thus shifting the 
collection of high accuracy measurements to higher altitudes. 
By lowering the separation velocity, the high accuracy 
measurements are shifted to lower altitudes instead. 

Besides keeping the SNR high, the absorption ratio is of 
high importance as the gathered data only is meaningful when 
the difference between the separate bands is detectable.  

The choice of separation velocity broadens, alternatively 
narrows the range of altitudes of the high accuracy 
measurement as well. In chapter III section B, this is looked 
into by the implementation of a MATLAB program. 

B. Infrared Spectroscopy Theory 

For descriptions of quantities and constants used in this 
section, see TABLE 1. 

The concentration of carbon dioxide in the atmosphere will 
be determined by a technique known as IR spectroscopy. All 
molecules absorb IR radiation at multiple discrete wavelengths 
which correspond to energy transitions between various 
vibrational and rotational modes. By looking at data from 
HITRAN [3], a certain band of wavelengths could be 
prioritized in the modelling of the usable altitudes and 
intersystem distances. 

The Absorption cross-sections for carbon dioxide for a 
range of temperatures and pressure levels were obtained from 
the HITRAN database. 

The cross-section data from HITRAN at an altitude of 40 
km is shown in Fig. 2. 

 
Fig. 2.  Absorption cross-section for carbon dioxide at different wavelengths, 

Data obtained from HITRAN. 

By comparing the absorption spectra of other atmospheric 
molecules it is possible to determine a spectrum of 
wavelengths which are mostly absorbed by carbon dioxide 
alone. The detector will also influence the selection of the 
absorption band.  

IR radiation emitted from a broadband source will be 
measured by two PbS-type detectors. This type of detector is 
covered in section IV, subsection B. One of the detectors will 
detect radiation in the selected carbon dioxide absorption 
band, while the other detector will measure radiation over a set 
of wavelengths where little to none absorption takes place. 
This allows the second detector to act as a reference. The 
selection of the passband is done by an optical filter. 

The broadband source will output a spectrum profile similar 
to that shown in Fig. 3. Ignoring the effects of carbon dioxide 
absorption the power reaching the detectors will be 
proportional to the irradiance within the selected passbands.
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Fig. 3.  Illustration of control band and absorption band intensities for a 

broadband source at 1200 K. 

The filter transmittance and the cross-section will relate to 
one another as shown in Fig. 4. The values in this plot are only 
relative. 

 
Fig. 4.  Relation between cross section data from HITRAN and filter 
specifications. 

Calculating how the irradiance decreases for a point source 
in vacuum, i.e. no occurrence of absorption, the inverse square 
of the distance produces the following relationship: 

   
  

     
 

  

   
 ,                         

where    is the irradiance at distance   from the source,    is 
the spectral power of the source,       is the area illuminated 
by the source corresponding to the distance   and   is the 
equivalent solid angle into which the point source emits the 
light. 

Assuming a uniform concentration of the absorbing 
molecules and accounting for absorption, the irradiance at the 
aperture within a passband of a filter is, according to Beer-
Lambert law: 

        
       ,                    

where    is the absorption cross section at wavelength  ,   is 
the concentration of the absorbers and    is the filters 

transmittance. 
The irradiance at the aperture can be rewritten as 

            
       ,                   

where       is the irradiance at a reference distance    and  

   
  

 
 
 
                        

is the geometric reduction factor. Normalizing to irradiance at 
the reference distance    in vacuum this can be rewritten as 

                   ,                  

where        is the reduction of the irradiance due to 
absorption: 

       
         

       

          
.                 

In the special case of infinitesimal bandwidth,     is 
foreshortened to: 

             .                    

Thus, at any given distance, the ratio of irradiance of the 
two different bands becomes  

  

  
 

                  
 

 

                  
 

 

  ,                   

where the geometric factor is equal in both bands, hence 

  

  
 

       

       
 ,                      

where   is the constant given by 

  
          
 

 

          
 

 

 .                       

The ratio of the band is a function of the product of the 
concentration of the absorbers and the distance    : 

  

  
       .                       

To measure the concentration of the absorbers knowing the 
functional dependence of   on       one needs to invert the 
function: 

        
  

  
 
 
                      

and 

  
    

  
  
 
 

 
 ,                        

where   is the distance between the emitter and the detector. 

1) Signal to Noise Ratio 

NEP can be defined as the incident signal power required to 
obtain a signal equal to the noise in a one Hz bandwidth 
       , where    is the power of the measured signal and 
   is the power of the noise [4]. SNR can be defined as: 

Control Band 

Possible CO2 
absorption Band 

Ib Ia 

 
(m) 
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,                       

where         is the power of the measured signal, and        
is the power of the unwanted noise. This would suggest that if 
one knows the power of the noise and which signal to noise 
ratio lower limit is needed, the lower limit for the signal power 
can be calculated. In order to easily compare the sensitivity of 
different photoconductive detectors, the specific detectivity, 
   has been defined as follows: 

    
       

   
 ,                       

where     is the optical power that gives SNR a value of 
one. The electrical bandwidth (also called the noise-equivalent 
bandwidth),   , is the range of temporal frequencies over 
which the detector collects signal and noise [5]. It is inversely 
related to the integration time. Deriving    from the temporal 
integration time,  , can be done as: 

   
 

  
 ,                         

The noise of the PbS detector increases at low frequencies 
as  

 
 . Splitting the signal in discrete pulses of light, it can be 

shifted to the frequencies of these pulses. By implementing 
this chopping technique other frequencies are filtered out. This 
in relation to the specific detectivity which is maximised when 
the chopping frequency,       is as follows: 

      
 

   
 ,                       

where   is a time constant related to the time it takes for the 
output of the detector to go from 10% to 90% of its steady 
state value. As   lies in the vicinity of a few hundred   ,       
is normally in the range of a few hundred Hz to one kHz. This, 
compared to the 2-4 Hz spin frequency of TxSU multiplied by 
the six IR emitters evenly distributed around its 
circumference. This would be equal to a chopping frequency 
of 12 to 24 Hz.  

C. MATLAB Code Development 

Implementation of the equations in chapter III, section A 
was done in MATLAB. See appendix for source code. 

The following assumptions were made: 
 The measurements will be executed between the 

altitudes of 20 km to 70 km in the atmosphere. 
 The carbon dioxide concentration is 0.0394% of 

the total amount of particles. This is the 
concentration of carbon dioxide in air at ground 
level. 

 The angle related to the area,          , is 5°. 
 The specific detectivity peak for the detector is 

         at       . 
 The peak responsivity for the detector is       

    at       . 
 The aperture area,      , is        m2. 
 The active area is        m2. 
 Bias voltage is 100 V. 

 Dark resistance is 1.23 M . 
 Detector temperature is -30°C. 
 The filters transmittance is zero for all wavelengths 

except for those in             and     
       , where the transmittance is 90%. 

Using the constant   ,      - a curve of the emitted spectral 
irradiances as a function of wavelength (  in nm),     - a 
transmittance curve of the filter, the following equation for the 
calculation of    - transmitted irradiance in vacuum, was 
implemented in MATLAB: 

                    .                   

Rewriting this, one can calculate the transmitted intensity, 
taking the spectral irradiance loss due to carbon dioxide 
absorption into consideration, using the following equation: 

               
         .                   

IV. INFRARED SPECTROSCOPY SYSTEM 

A. Experiment System Development 

As radiation reaches the detectors, the inner resistance 
changes from the dark resistance value to a lower value. When 
using the detectors, one often want to measure these changes 
in volts over the detector and not in resistance change. As the 
voltage drop over the detector occurs when resistance 
decreases this can be fulfilled, although the voltage variations 
will be small and need amplification to be measurable.  

The amplification circuit design was done with help from an 
example circuit by Hamamatsu. For schematic, see Fig. 5. The 
basic idea is the same but some changes were made to achieve 
the best performance for this application. 

 
Fig. 5.  Test circuit from Hamamatsu  [6]. 

  
To design the amplification circuit one needs to know how 

much amplification is needed. By knowing the lowest signal 
that needs to be amplified this can be calculated.  

To calculate the change in voltage over the detector for a 
circuit design as in Fig. 5 the following equation is used: 
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           .                       

   is often provided in the datasheet for the detector. If not, 
the output voltage can also be calculated as follows:  

       
       

         
  .                     

To calculate     theoretically is difficult. It is easier to 
measure the dark resistance change experimentally by 
exposing the detector to a radiation signal and measure its 
resistance.  

Knowing the voltage change one can now calculate the 
amplification as follows 

         
  

  
   ,                     

where  
   = Feedback resistance. See Fig. 5. 
   = Ground resistance. See Fig. 5. 
   can be calculated as follows 

     
  

     
      .                    

To get as reliable results as possible, unwanted signals and 
DC levels needs to be removed. This is done by adding filters 
to the amplification circuit. A lowpass filter and a highpass 
filter were implemented. The filters cutoff frequencies were 
calculated with the following equation 

        
 

    
 .                       

To verify the chosen values the circuit was simulated in 
PSPICE. This is discussed in chapter VI, section A. 

B. Hardware 

The infrared spectroscopy measurement system will consist 
of the two FFU subparts, TxSU and RxSU. Drafts of the 
internal layout of these subparts are shown in Fig. 6 and Fig. 
7, respectively. 

1) TxSU 

The main optical parts of the TxSU are the thermal lamps, 
parabolic mirrors and LEDs. The six light grey cylindrical 
parts shown in Fig.6 are the parabolic mirrors for the thermal 
lamps. Between each pair of parabolic mirrors, four LEDs are 
mounted. 

 
Fig. 6.  Layout of TxSU 

2) RxSU 

The main optical parts of the RxSU are half-transparent 
mirrors, two filters with a transmittance peaks at different 
wavelengths and PbS-type IR detectors. In Fig.7 the IR 
detectors are marked as 1, the filters as 2 and the half-
transparent mirrors as 3.     

  

Fig. 7.  Layout of RxSU 

3) PbS Detectors (RxSU) 

For this project, measurements with as high precision as 
possible at a given budget is needed to collect high accuracy 
data. For information about this budget, see [7]. This affects 
the selection of components used for the infrared spectroscopy 
system, specifically regarding the PbS detectors. Detectors 
with high linear sensitivity within the area of            is 
critical. Looking at Figure 2-1 on page 8 in Hamamatsu 
introduction of IR detectors, one can find that PbS detectors 
possess the desired characteristics [6]. 

RxSU will be equipped with two identical PbS detectors. 
Possible choices of these are: PBCD-2028130TH, PBCD-
2028330TH by Agiltron [8] or PBS-010-TE2 by EOS [9]. 

4) Thermal Lamp (TxSU) 

TxSU is equipped with the thermal emitter, IR-12 [9], 
paired with the parabolic reflector, MC-234 [10]. Both are 
produced by Scitec Instruments. 

1 

2 

3 
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5) Operational Amplifier (RxSU) 

The choice of operational amplifier was based on the 
Hamamatsu example circuit [6]. The TL071 is a low noise 
amplifier, well suited for high fidelity applications due to its 
JFET Input stage [11]. 

6) ADC (RxSU) 

To enable storage of the measured IR radiation intensities, a 
conversion from analogue to digital signals needs to be 
implemented. This is done with the ADS1256IDBT which is a 
24 bit ADC produced by Texas Instruments [12]. This ADC 
has a conversion rate of 30 kSPS and eight channels with a 
single ended input configuration, or four channels with a 
differential input configuration. The intended conversion rate 
for each channel is 2 kSPS. 

Using the single ended input configuration, eight different 
signals could be converted, allowing for four modes of 
amplification applied on each detection band. This subject is 
covered in section VI, subsection C. 

C. RxSU circuit overview 

The chosen ADC allows for the use of outputs from both 
detectors, split into different channels, each with a certain 
level of gain. With this approach, measurements of the 
incident IR radiation can be done with a higher precision over 
a greater range of intersystem distances and altitudes. Using 
only one channel, the output could saturate or become 
undetectable, whereas multiple channels would allow for the 
broadening of this measurement spectrum. The ADC and 
operational amplifier, covered in this section can both be run 
on a 0 to 5 V supply. This, together with knowledge about the 
maximum and minimum peak to peak voltage of the received 
signal, within the area of interest, can be used to find the 
different gains for each channel of amplification. 

D. Testing and Theoretical Verification 

This chapter lists and describes the tests executed. 

1) E1 - Thermistor Test 

The PbS detector’s detectivity varies with its temperature. 
At lower temperatures the detectivity is higher. Higher 
detectivity means better measured results, so a lower 
temperature is desired. Therefore the detector is equipped with 
thermoelectric cooling in the form of a peltier element. This 
element may be used to cool the detectors to temperatures 
below -30°C. The detector is also equipped with a thermistor, 
which resistance varies with the temperature. This enables the 
use of analogue or digital PID control. In order to implement 
this type of control system, the properties of the thermistor 
needs to be known. By calibrating the thermistor, a given 
resistance can be converted to a temperature. 

2) E2 – Emitter Test 

Thermal emitters do not heat up immediately and 
consequently do not produce correct measurements at the 
instant they are connected to a power supply. This property is 
illustrated in a graph of the resistance change in a PbS detector 
as a thermal emitter is illuminating the detector from the time 

it was powered. The results of this test may be used to 
determine when to start preheating the thermal emitters if 
desired and if so, possible. 

3) E3 - Distance Test 

By testing the emitter IR-12k [9] in complete darkness, one 
can measure how much intensity is lost due to a change in 
distance. This is an important aspect to consider as intensity 
loss due to distance change will be one of the biggest 
restrictions for this project. 

4) E4 - Output Dependence on the Angle of the Source 

The FFUs will have a constant spin during the 
measurements. Knowing how much the emitted intensity from 
the IR-source is reduced with the angle increase, is important 
because this describes how long one can collect data during 
one measuring period. The measuring period will affect the 
SNR and set some restrictions for the electrical components in 
the data collecting circuit. 

5) E5 - Drift Test 

During the previous experiments some drifting in the 
measured values from the detectors was noted. One example is 
in Fig. 17 where the voltage measured at positive angles is 
overall lower than the values measured at the negative values. 
All data for the positive angles were measured first and the 
ones at the negative angles afterwards. Finding the source for 
this drifting is the purpose with this experiment. 

V. RESULTS 

A. Simulation Results 

Using the assumptions from chapter III, section B, Fig. 8 
presents how different altitudes and distances limits the 
measurements in air for the reference band,   , and the 
absorption band,   . 
 
 

 
Fig. 8.  Irradiance related to inter FFU distance. 

Fig. 9 shows how the ratio of the reference band and the 
absorption changes with the altitude and the distance. 
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Fig. 9.  Absorption band related to control band at different inter FFU 

distances and altitudes. 

Fig. 10 shows the SNR for both the control and absorption 
band relative to the intersystem distance at the altitude of 20 
km. 

 
Fig. 10.  Signal to Noise Ratio for control band “SNRa” and absorption band 

“SNRb”relative to the distance between emitter and detector. Simulation 
altitude of 20 km. 

The incident signal causes a resistance change in the 
detector. When connected to the example circuit in [6] from 
Hamamatsu the output from the detector, before amplification, 
will vary as shown in Fig. 11, where Va is the voltage change 
for the control band and Vb is the voltage change for the 
absorption band. 

 
Fig. 11.  Detector output (voltage) change related to inter FFU distance at an 
altitude of 40 km. 

The ratio between the control band and the absorption band 
output will vary as shown in Fig. 12. 

 
Fig. 12.  Detector output for the absorption band related to the control band 

at different inter FFU distances. Altitude fixed to 20 km. 

B. Experiment results 

In these tests the thermal emitter was powered with the 
Kenwood PW18-1.8Q power supply [13]. The actual voltage 
over, and current through, the emitter is stated in each 
experiment. The tests involving the amplifier circuit in Fig. 15 
used the Powerbox 3525 as the power supply for the bias 
voltage and also for the operational amplifier [14]. 

The dark resistance for each detector was measured with the 
use of a multimeter, with the following results:       
     ,           ,            for PBCD-2028130TH 
[8], PBCD-2028330TH [8] and PBS-010-TE2 respectively 
[15]. 

1) E1 - Thermisistor Test 

The graph in Fig. 13 shows the resistance of the thermistor 
of each PbS detector in relation to the temperature. 

 
Fig. 13.  Thermistor resistance related to detector temperature. Datasheets 

for the detectors made by Agiltron may be viewed in [8], for “A12” (PBCD-

2028130TH) and “A24” (PBCD-2028330TH), and the detector made by 
Electro – Optical System INC, “EOS” (PBS-010-TE2) may be viewed in [15]. 

2) E2 - Emitter Test 

The supply voltage and current to the emitter was set to 
      and        respectively. The distance between the 
emitter and detector in this experiment was set to       and 
the detector resistance readings were taken every ten seconds 
from supply power connection until the readings levelled out. 
A graph of these measurements is shown in Fig. 14. 
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Fig. 14.  Resistor change in PBCD-2028330TH made by Agiltron, related to 

the time of IR emitter power supply connection [8], [9]. 

3) E3 - Distance Test 

The supply voltage and current to the emitter were set to 
    and       respectively. The nodes labelled E+ and E- 
were set to        and         respectively. 

The test was performed in a darkened room with all three 
detectors, one at a time. A     string was stretched across the 
room,       above the floor. At one end of the string the 
emitter was fastened and connected to a power supply. The 
detectors were mounted on a plastic frame that could be slid 
along the string. The detector and emitter were fastened so that 
they were aligned and facing each other. An amplification 
circuit, with a gain of 3.1 was connected to the detectors. A 
PSPICE model of this circuit is shown in Fig. 15. The 
component values in this figure were the actual values used 
during the experiment. Starting at     every        from the 
emitter the string was marked to show where data should be 
collected. The series of measurements was ended at    , as 
the difference between the measurements began to be 
undetectable, using the amplification circuit and a multimeter 
[16].  

 
Fig. 15.  The circuit used in the experiments involving signal amplification. 

This model was made in PSPICE. 

Measurement readings were done with the use of LEDs 
with low IR emittance. 

The results from the experiment are shown in Fig. 16. 
Observe the negative values for the EOS detector. The reason 
for them being negative is a dark resistance, greater than that 

of the load resistor, labelled R1 in Fig. 15.   

 
Fig. 16.  Amplified signal from the detector related to the distance between 

the emitter and the detector. Datasheets for the detectors made by Agiltron 
may be viewed in [8], for “A12” (PBCD-2028130TH) and “A24” (PBCD-

2028330TH), and the detector made by Electro – Optical System INC, “EOS” 

(PBS-010-TE2) may be viewed in [15]. 

4) E4 - Output Dependence on the Angle of the Source 

The supply voltage and current to the emitter were set to 
    and       respectively. The nodes labelled E+ and E- 
were set to        and         respectively. 

The test was performed in a darkened room. A plate with 
the ability to spin clockwise and counter clockwise was used. 
The plate was marked from    to      so one could know 
how many degrees the emitter was moved.     from the 
emitter the PbS detector was placed in the same height as the 
emitter pointing towards it and connected to the test circuit in 
Fig. 15. When moving the emitter    the output value from the 
detector system was noted, this was done from      to    . 
0° was set to when the emitter and detector were pointed 
straight at each other. The graph in Fig. 17 shows the results 
from the test. 
 

Fig. 17.  Angular test data. -20 ° to 20 °. A datasheet for the detector PBCD-
2028330TH  may be viewed in [8] and a datasheet for the IR emitter may be 

viewed in [9]. 

5) E5 - Drift Test 

The test was executed in a darkened room. Aligned and 
pointed at each other the IR emitter and detector were 
mounted on an iron rail [9], [8]. A plastic block was placed in 
front of the emitter so that no IR radiation would reach the 
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detector until the right moment. While waiting for the detector 
to stabilize, the output change was kept track of. Noticing that 
the values were drifting to a higher value and never really 
stabilizing, suspicion that the source was the multimeter arose. 
Therefore the multimeter was switched to another one. When 
plugged in it showed almost the same value as the first one 
showed in the beginning and after that the value stared drifting 
to higher values. The source of the drifting was the 
multimeter. 

VI. DISCUSSION 

A. Simulation Discussion 

The simulated results are only theoretical values and do not 
necessarily correspond to reality. Due to the difficulties 
emulating an atmospheric environment to perform 
experiments in, the simulated results are the expected 
outcomes. The values in all simulations assume full 
transmission of the light transmitted by each detector’s 

corresponding filter i.e. beam splitting occurs between the 
wavelengths transmitted for the absorption band and the 
wavelengths transmitted for the reference band.  

Fig. 10 shows that the SNR is equal to     at an 
intersystem distance of around     m. Gathering data while 
comparing each measurement with its corresponding SNR, a 
threshold can be set at the desired allowed percentage of error. 
By setting this to an SNR of    , i.e. the power of the signal 
    times greater than the power of the noise, measurements 
would be considered faulty if the output would consist of more 
than     noise. This threshold applied to the simulated values 
in section V, subsection A, would limit the intersystem 
distance to about      . As early expectations concerning the 
intersystem distance were approximately     , this result has 
caused a concern regarding the ejection speed of the FFUs, 
where having a too low ejection speed would affect the 
trajectory of the REXUS rocket. This change in trajectory may 
alter the conditions for other experiments carried out in the 
REXUS15 launch. In turn, this may put restrictions on the 
altitude range of the measurements, as higher velocities will 
result in reaching the intersystem distance maximum more 
quickly. 

Looking at Fig. 9, one can observe that for altitudes 
between    and       the ratio between the incident IR 
radiation for the control band and the absorption band is 
almost constant. This means that there is not much absorption 
at those altitudes i.e. the carbon dioxide concentration is too 
low to be measured with this kind of system and 
configuration. Therefore collecting data in that area is 
pointless and focus should be on altitudes lower than       

B. Experiment Discussion 

When testing the thermal emitter it took roughly       for it 
to reach a constant temperature i.e. a constant IR radiation. It 
is important that the radiation is constant, due to the possibility 
of misinterpreting fluctuations as a change in carbon dioxide 
concentration and produce false measurement results. The 
thermal emitter therefore needs to be on and running at least 

      before the measurements begin. This of course is only 
valid in the case of a ground level atmosphere and room 
temperature as a starting temperature. 

The thermistor in the detector from EOS differs much from 
the ones in the detectors from Agiltron. Agiltron’s thermistor 
reaches much higher values for lower temperatures, as you can 
see in Fig. 13. Reaching higher values means that each 
temperature change varies more in thermistor resistance and 
therefore it is easier to distinguish which temperature the 
thermistor is exposed to. 

Analysing Fig. 17, it can be observed that between     to 
   the percentage of the maximum measured value lies within 
    to      range. After this the percentage is decreasing 
rapidly towards zero. When measuring the carbon dioxide 
level, only constant emitted radiation is interesting. By the 
experimental results this is when the FFUs have rotated a 
maximum of    . 

Finding out that the source of drifting was the multimeters, 
one can question the accuracy of almost all the measured data. 
This would have been a problem if the tests were performed to 
find specific values. But in this case the test was mostly 
performed to analyse behaviour of the different components. 
This can still be observed despite the drift errors. So the 
consequence of the drifting error is not crucial. 

C. Future Work 

Where this bachelor thesis ends, there is still some work 
which is needed in order to have a working, IR spectroscopy 
system. This work lies mainly in the design of a circuit for the 
amplification and the conversion of analogue signals into 
digitally storable signals. This circuit can be based upon the 
experiment circuit in figure 17. To suit the distances used in 
our measurements, the circuit was designed to have a gain of 
   . This value is not useable in the actual ISAAC experiment, 
due to lower amounts of incident IR radiation. 

All MATLAB simulations has focused specifically on 
carbon dioxide absorption peaks centred at       . Another 
possible absorption band is centred at        according to 
data from HITRAN [3]. Regarding PbS detectors, this band 
looks less promising due to a lower detectivity within these 
wavelengths, although being wider in terms of absorption. 

The problem with using only one amplifier per detector is 
the dilemma of measurement accuracy (or detectability) versus 
saturation. With a high gain, relatively small amounts of 
incident IR radiation can be measured, while large amounts of 
IR radiation would cause the signal to be saturated. This 
implies that a series of two or more amplification circuits 
could be implemented. This would allow for the collection of 
data over a wider range of inter FFU distances. 

Tests, including a “chopper”, used to send discrete pulses of 
radiation instead of a continuous stream, are useful in 
characterising the inverse frequency noise, mentioned on p.18 
in the document: Characteristics and use of infrared detectors, 
from Hamamatsu [6]. 

Lastly, future testing needs to be implemented using a 
method which does not produce slowly oscillating 
measurements when the input to the system is kept constant. 
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VII. CONCLUSION 
The main objective of the E2 project was to calculate the 

restrictions regarding altitude and intersystem distance. This 
was to be done through MATLAB simulations and testing of 
components intended for the final design of the measurement 
system. 

The simulation of intersystem distance restrictions showed 
that the maximum distance was shorter than first anticipated. 
Simulation of the ratio between the absorption and reference 
band, and their respective original signals, were of negative 
outcome as they were smaller than expected, making them less 
easy to retrieve correct concentration data from. 

The production of a prototype of the detector circuit was not 
successful, firstly due to workloads within the other subparts 
of this project, secondly of software library restrictions and 
lastly as a result of synchronisation difficulties internally 
within the ISAAC project. Some contributions to the progress 
of this production were made, both in schematics and 
component sourcing as well as ideas involving multiple 
amplification channels as mentioned in this report. 
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E3. TRACKING SYSTEM FOR ISAAC

Construction and Implementation of Tracking
System for the ISAAC Sounding Rocket Experiment

Emil Lundkvist and Markus Silberstein Hont

Abstract—The ISAAC rocket experiment is part of the
REXUS–15 payload. It has two free-falling units performing
infrared spectroscopy between them. One of the free-falling units
will actively track the other in the sky so as to enable continuous
measurements. In this thesis report, the design of this tracking
solution is described. The general concept of the tracking process
is outlined, upon which the conceptuals as well as the hardware,
software and firmware of each subsystem are explained. Tests of
respective subsystems are conducted and conclusions are drawn
pertaining to the accuracy and suitability of each subsystem for
the tracking system.

Index Terms—Tracking system, Sounding Rocket Experiment,
VHDL, REXUS, I2C, FPGA, CMOS Camera Sensor, Sun Sens-
ing, Hardware Design, Software Design

ABBREVIATIONS

ADC Analog-to-Digital Converter
CAD Computer-Aided Design
CMOS Complementary Metal–Oxide–Semiconductor
CU Common Unit. Constitutes the top parts of both the

ISAAC-Rx and ISAAC-Tx
DLR German Aerospace Center
ESA European Space Agency
FFU Free-Falling Unit
FPGA Field-Programmable Gate Array
I2C Inter-Integrated Circuit
ISAAC Infrared Spectroscopy to Analyze the middle Atmosphere

Composition
ISAAC-Rx Receiving FFU
ISAAC-Tx Transmitting FFU
JTAG Joint Test Action Group
KTH Kungliga Tekniska Högskolan (Royal Institute of Tech-

nology)
LED Light-Emitting Diode
MEMS MicroElectroMechanical System
MUSCAT MUltiple Spheres for the Characterization of Atmo-

spheric Temperatures
PCB Printed Circuit Board
RAM Random-Access Memory
REXUS Rocket-borne EXperiments for University Students
RMU Rocket-Mounted Unit
RxSU ISAAC-Rx Specific Unit
SNSB Swedish National Space Board
SPP Department of Space and Plasma Physics at KTH
TxSU ISAAC-Tx Specific Unit
VHDL Very High speed integrated Description Language

I. INTRODUCTION

ISAAC - Infrared Spectroscopy to Analyze the middle
Atmosphere Composition - is a sounding rocket experiment

developed at the Division of Space and Plasma Physics at
the School of Electrical Engineering and the Division of
Mechanics at the School of Engineering Sciences within KTH,
together with the Department of Meteorology at Stockholm
University (MISU).

ISAAC is scheduled to be launched in March 2014 onboard
the REXUS–15 sounding rocket. REXUS/BEXUS is a student

Fig. 1: Chronological experiment overview

program realized under a bilateral agreement between the
German Aerospace Center (DLR) and the Swedish National
Space Board (SNSB) [1].

A. Scientific Purpose of the ISAAC Project

It is widely known that CO2 in the Earth’s atmosphere
has an influence on our planet’s climate, being a major
contribution to the greenhouse effect. But less is known about
its function at higher altitudes, where it is responsible for
strong radiative cooling [2]. One issue is that not much in-
formation is available on the CO2 concentration in the middle
atmosphere (altitudes of 12-80 km). The middle atmosphere
is particularly interesting since previous research suggests a
decrease in CO2 concentration starting at altitudes of around
70-75 km and better data regarding this would help improve
our understanding of the climate of the Earth [3].

B. Experiment Overview

Two FFUs, referred to as ISAAC–Tx and ISAAC–Rx, are
located inside the RMU, which in turn is placed on the REXUS
rocket. The FFUs are ejected from the RMU when the rocket
reaches above the dense atmosphere, at an altitude of approx-
imately 60 km [4]. After ejection, both FFUs are spinning
around their own cylindrical central axes. Throughout its free
fall, the ISAAC–Tx is continuously and actively tracked by
the ISAAC–Rx which provides the capability of performing IR
spectroscopy between them: the change in intensity between
emission from the ISAAC–Tx and reception at the ISAAC–
Rx is measured and thereby the CO2 concentration can be
calculated in post-processing. (Refer to Fig. 1.)
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C. Scope

The goal of this thesis report is to describe the design, the
construction and the implementation of the tracking system
which is crucial for the IR spectroscopy to take place. In
Section II, a general overview of the tracking process is
outlined and its different sub-systems are described, both
conceptually and theoretically, and how they interact with each
other in order to achieve tracking. Furthermore, the tracking
algorithm is described on a theoretical level. Section III
features the in-depth description of the hardware functionality,
how the specific components are chosen and how they function
electronically. Section IV features the actual implementation
of the tracking system. Circuit designs and layouts of the
PCBs used for the tracking are described. The in-flight data
processing and control algorithms which are executed by the
ISAAC–Rx in order to locate the ISAAC–Tx are presented
in detail in terms of the programming. Section V describes
test procedures carried out, including reasons for testing as
well as the ways in which they were performed. Section VI
presents the results from these tests and from the working
process of the thesis project. Section VII contains discussion,
both concerning results from tests as well as the thesis project
at whole.

II. TRACKING SYSTEM OVERVIEW

In order to perform spectroscopy, the aperture on the
ISAAC–Rx must be facing the IR light source on the ISAAC–
Tx. This is the sole purpose of the tracking system and the
concept of its execution is described below.

A. Tracking System Concept

The ISAAC–Tx serves as a ’passive’ unit in the sense that it
will be completely unaware of the whereabouts of the ISAAC–
Rx, which in turn is the unit entirely responsible for carrying
out the tracking. When the FFUs are ejected from the RMU,
they are spinning at the rate of the rocket [1]. In order to
enable the aperture on the ISAAC–Rx to be fixedly pointed
at the ISAAC–Tx, the Rx unit is divided into two sub-units:
the RxSU, which contains the aperture and all the tracking
hardware, and the CU, which contains a GPS system for post-
flight recovery, amongst other things which are not relevant
for the tracking. In between the sub-units is mounted a motor
which allows the RxSU to assume a non-spinning state in the
common reference frame of the FFUs, which fixes the aperture
horizontally. Vertical adjustments are made by tilting a mirror
which directs the IR light onto a sensor. Together, the repeated
vertical and horizontal adjustments allow the spectroscopy to
be carried out continuously throughout the data gathering stage
in Fig 1.

The amounts of these adjustments are calculated using data
from three different kinds of sensors mounted onto the RxSU:

1) Sun Sensors: The initial stage after the ejection of
the FFUs is for the ISAAC–Rx to roughly approximate the
location of the Tx unit in the sky. This is done by relating the
axis of rotation to the position of the sun using a sun sensing
system (the electronics of which is described in further detail
in section III).

2) CMOS Camera: Mounted (evenly spaced) onto the skin
of the ISAAC–Tx are 20 LEDs (placed in pairs). The purpose
of these is to increase the visibility of the Tx unit in the sky.
Once the approximate location of the ISAAC–Tx has been
calculated using the sun sensing system, the camera more
accurately determines where to aim the aperture. Images of
the LEDs are captured and analyzed (refer to section IV)
after which the rotation speed and mirror tilt angle can be
appropriately adjusted.

3) Angular Rate Sensor: In order to assume the non-
spinning state, the control algorithm needs data input con-
cerning the total spinning rate of the RxSU, and it is from
the angular rate gyro that these data come. Furthermore, the
image processing algorithm (refer to section II-C) uses data
from this sensor to predict movement of the LEDs across the
field of view.

Figure 2 describes the overall concept of the tracking
system.

Fig. 2: Conceptual diagram of the tracking system

B. Sub-System Theory

1) Sun Sensors: The FFUs are ejected from the REXUS
rocket at a given time, and therefore they follow a certain
known trajectory relative to the sun. This fact matters to
ISAAC for two reasons. Firstly, the position of the sun is im-
portant when, after ejection, the ISAAC-Rx attempts to make a
first rough approximation as to the whereabouts of the ISAAC-
Tx using its onboard sun sensors. Secondly, the performance
of the tracking camera would be severely degraded, should it
be ’blinded’ by the sun. This also needs to be accounted for.
There are four sun sensors mounted evenly spaced onto the
skin of the ISAAC-Rx. They measure the intensity of incident
sun light at any given sampling time. When ejection occurs, the
FFUs are spinning at a rate of approximately 4 Hz [1], which
allows for a periodic behavior in the intensity readouts from
each sun sensor. If all the sensors are sampled in phase with
each other, one can compare differences in intensity between
them and thus interpolate the relative position of the sun. These
data are then used to control the rate of the de-spinning motor
mounted between the RxSU and its CU in such a way that the
optical system is horizontally aligned with the ISAAC-Tx.
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Fig. 3: Conceptual diagram of the sun sensing system

The goal of the sun sensing system is to control the spinning
in such a way that one sun sensor (referred to as SS1 in Fig.
3) is constantly aligned with the sun in the plane of the RxSU.
This is achieved by seeing to that the intensity readouts from
SS1 are as large as possible. The two sensors situated closest
to SS1 (SS2 and SS4 in Fig. 3) serve to enable ’stereo vision’,
i.e. they provide information about in which direction to spin
the RxSU in order to achieve maximum intensity at SS1. For
example, if the intensity difference ISS4− ISS2 is positive (by
some margin where noise is taken into account), then the FFU
needs to spin clockwise (with a negative value of θ̇), and vice
versa.

The fourth sun sensor (SS3 in Fig. 3) compensates for
albedo effects from the Earth, which are due to the sunlight
being reflected in its surface. These are typically around 35%
of the incident sun intensity and cannot be neglected [5].
Should SS3 not be present, then the sun sensor system might
erroneously lock onto the ’light source’ stemming from the
albedo effect because it is unaware of there being a stronger
light source present, namely the sun.

When deciding where to mount the four sensors, one needs
to – in addition to the fact that they should be evenly spaced
– take into account what is considered the optimal position of
the sun in relation to the IR sensor aperture. Because SS1 is,
ideally, always facing the sun, then there exists a polar angle,
θa, between the aperture and SS1, which corresponds to the
optimal aperture–to–sun angle that can be predetermined. One
part of determining this angle is knowing in what direction
the FFUs are ejected from the REXUS rocket. This is done
by mounting yet another sun sensing system onto the RMU,
which keeps track of the RMU–to–sun relation and ejects the
FFUs once this is optimal. Using this method, parameters
such as the time of day become irrelevant, because the
only thing that matters is the angle of the sun within the
reference frames of the ISAAC–Rx and the RMU, respectively.

2) Distance Dependency of LED Intensity: The intensity
of the LEDs will, of course, not be the same at any distance
between the FFUs. In fact, the intensity of one LED will be

’spread out’ over a spherically shaped surface according to

I(rd) =
Φ0∫

Ω
r2
d dΩ

, (1)

where Φ0 [W] is the radiant flux of the LED, Ω is the total
solid angle across which the light radiates. rd is the separation
distance between the FFUs, and therefore the integral sum in
the denominator equals the area of the surface over which the
light spreads at rd.

In the particular case of the LEDs used for the ISAAC
project, Φ0 = 900 mW per LED and dΩ = sin θdθdφ with
θ : −θv → θv and φ : −θv → θv , where θv = 65◦ is the
angular interval from the center axis within which 90% of the
total flux is radiated [6]. This yields:

I(rd) =
900 mW∫

Ω
r2
d sin θdθdφ m2

≈ 304

r2
d

mW/m2 (2)

The intensity at the aperture then equals I(rd) multiplied by
the area of the aperture.

3) Angular Rate Sensor: The angular rate sensor system
is implemented using heritage from MUSCAT, a previous
REXUS team [7]. It utilizes the Coriolis effect to measure
angular rates. Coriolis forces on a rotating rigid body like the
RxSU are on the following form [8]:

Fcor = −2mω × v (3)

where m is the mass of the object and ω is the angular rate of
the object. Hence, Fcor is proportional to the angular rate of
the object. The angular rate sensor consists of a MEMS tuning
fork which, upon being subjected to Coriolis forces (the most
dominant ones in a rotating system such as the RxSU), vibrates
at its eigenfrequency with a velocity, v, of

v = a sinω0t (4)

where ω0 is the eigenfrequency of the tuning fork, and a is
the amplitude. Then, using (3), (4) and the fact that ω ⊥ v
in the case of the tuning fork on the FFU, the Coriolis force
becomes

Fcor = −2maω sinω0t (5)

The tuning fork is deformed, periodically and elastically, by
the Coriolis force, thus producing a current, Q, which can be
measured electronically [9]. It takes the form

Q = Aω sinω0t (6)

where A is an amplitude constant, dependent on the material
and the geometry. By knowing A, ω can be found.
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C. Algorithm Concept

1) Finding hotspots: A crucial part of the tracking algo-
rithm is being able to find the LEDs in the images captured
by the tracking camera. Noise is expected and makes it more
difficult to find the LEDs. In order to narrow down the image
to a set of possible areas, there needs to exist an algorithm
which locates hotspots – bright areas that represent prospective
locations of the LEDs. Firstly, one needs to define a threshold.
An area containing pixels with brightness above this threshold
will be considered a hotspot. The challenge is to determine
an appropriate value of this threshold brightness – the fewer
presumptive LED locations the better, but selecting an all too
high threshold increases the risk of not finding any LEDs at
all.

The algorithm begins by receiving pixel information from
one captured image and every pixel is gone through and
is compared to the intensity threshold. It is also checked
whether or not the current pixel already belongs to a
previously encountered hotspot. If the pixel intensity is above
the threshold and does not belong to a previously encountered
hotspot, then a new hotspot is considered to be found and the
pixel is added to it. When a new hotspot has been defined,
the algorithm begins expanding the hotspot by recursively
assessing whether the neighboring pixels reach above the
threshold. If a neighbor does qualify, that pixel is also added
to the hotspot, after which all of its neighbors are checked as
well. This continues until all pixels belonging to the hotspot
are found. When all neighboring pixels in the hotspots have
been found, the algorithm continues with the next pixel along
the row which does not belong to the hotspot and starts
looking for the next hotspot as described earlier. When the
image is completely searched through, a number of hotspots
has been found.

2) Tracking modes: In order to be able to perform the
tracking described in Section II-A a control algorithm is
needed. This algorithm takes a sun angle, an angular rate and
a list of possible hotspots as input. The output is the desired
mirror angle and the despin velocity. This algorithm consists
of three modes referred to as the Despin, Lock and Search
modes.

When the ISAAC–Rx is ejected from the rocket it will spin
with an angular rate of 4 Hz. At this stage, the algorithm is in
the Despin mode. In this mode the main inputs used are the
sun angle and the angular rate. The goal is to stop the RxSU
from spinning and set the angle to the sun in such a way that
the aperture is focusing on ISAAC–Tx (which was described
in Section II-B1). In total, this corresponds to

θ̇ → 0 ∧ θ → θdesired, (7)

where θ is the angle between SS1 (in Fig. 3) and the sun. When
these requirements are met, within a defined error margin, the
algorithm proceeds to Lock mode.

In Lock mode, the algorithm starts receiving input from
the camera images, which have been previously pre-processed
according to Section II-C1. This information consists of a list

of possible hotspots in which the LEDs might be found. In the
first iteration, it presumes that the most likely hotspot in the
first image (the brightest one) actually are the LEDs. In the
following iterations it uses information from earlier hotspots
to better predict where the LEDs are. It maps hotspots from
previously taken images to the current one and is therefore
able to track the movement of individual hotspots. These
movements are compared to the input movement from the
sensors which makes it possible to discard some hotspots as
noise. If the angular rate increases so much that the LEDs
might get out of the field of view or if the sun angle error
becomes too large, it means that ISAAC–Rx has begun to
rotate out of the optimal frame-of-view and the algorithm
enters Despin mode once again.

If in Lock mode one does not find any hotspots at all, it
most likely means that the LEDs are not in the field of view
of the camera. This triggers the Search mode. In Search mode,
the ISAAC–Rx is commanded to start a slow rotation in which
it still receives input from the camera. It then begins searching
for possible hotspots, and as soon as one has been found (i.e.
when a hotspot has been encountered and the condition (7) is
fulfilled) it again enters Lock mode.

The complete concept is shown in Fig. 4

Fig. 4: Conceptual diagram of the tracking modes

III. ELECTRONICS OVERVIEW

A. FPGA

FPGAs are integrated circuits with programmable logic
which are able to direct and process digital signals. Voltages
at the terminal pads of the FPGA are related to some given
interval (commonly between 0 and 3.3 V). If the voltage
is below the midpoint of this interval, then the signal is
considered LOW (i.e. a digital ’0’ bit), and if it is above
the midpoint it is considered HIGH (i.e. a digital ’1’ bit).
Digital information, consisting of sequences of these bits,
is transferred in between different instances of the FPGA
and/or different devices in relation to one or several clocks
which are often generated by physical oscillators with known
frequencies. The signals from this oscillator can be divided
into lower frequencies, should this be necessary. Table I shows
how the oscillator frequency is divided on the tracking PCB.

System Clock Vector Description
M TIME[0] 32.768 MHz Oscillator frequency
M TIME[1] 16.384 MHz
M TIME[2] 8.192 MHz
M TIME[3] 4.096 MHz
M TIME[4] 2.048 MHz
...

...
M TIME[25] 1 Hz Lowest defined frequency

TABLE I: Clock reference vector [10]
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1) FPGA Programming: For the ISAAC tracking system,
ProASIC3 FPGAs from Microsemi are used. The particular
model chosen, the A3P250, has 250.000 logic gates and 68
user-customizable I/O ports [11]. Logic is programmed in the
VHDL programming language which is written in the Libero
IDE suite provided by Actel. The code is designed using a set
of modules: a unit class within the code where the firmware
designer defines input and output ports and signals which then
are routed in relation to the clock. Signals are handled both
internally within the module and sent in-between modules.
When the VHDL code has been written, the developing
environment synthesizes a file containing the logic gate setup
which is to be used on the FPGA. In the last step, a JTAG
interface is used between the computer and the FPGA, which
then can be programmed according to the synthesized file.

2) I2C Communication: In order to enable the tracking
PCB to communicate digitally with the different sensors, I2C
is used. It is a serial data interface which is used to handle
communication between digital circuits. It consists of two
signals, the Serial Clock (SCL) and the Serial Data (SDA).
One of the devices (the FPGA chips in the case of the ISAAC
tracking system) is said to be the master, which is responsible
for generating the SCL and initiating communication with
the slave(s). These receive the SCL and respond to signals
sent by the master. Data are transferred through the SDA
by relating to the square wave shape of the SCL. Events,
i.e. sequences of bits transferred between the devices, occur
according to pre-defined firmware routines in which SCL
and SDA depend on each other. The I2C interface proves
useful when, for example, writing to and reading from the
registers of a digital circuit. Registers store bits of information
pertaining to the functionality of the device (such as write
speeds, hardware configurations, etc.). (Refer to Section III-B4
for the configuration of registers in the case of the CMOS
camera.)

B. Tracking Camera
The MT9T031 sensor from Aptina is used for the tracking

system. It is a 1/2.5 inch CMOS active-pixel digital image
sensor and has an active imaging pixel array of 2592 by 1944
pixels [12]. The sensor is able to perform column and row
skipping and pixel binning, which enables the user to read
images of preferred sizes (at the expense of the resolution).
It is also possible to control in detail the ways in which the
exposure is carried out. Table II shows the pin configuration
of the sensor header board.

Pin name Type Pin description
SCLK I/O I2C Serial Clock
SDATA I/O I2C Serial Data
TRIGGER Input Initiates triggering
STROBE Output Initiates data readout
EXTCLK Input Master Clock
DOUT[11:0] Output 12 bits of pixel data
PIXCLK Output Pixel readout clock
FV Output Frame Valid
LV Output Line Valid

TABLE II: Pin layout of the camera

Fig. 5: The full pixel array [12]

Fig. 6: Row and column skipping

1) Blanking: In addition to the active imaging pixels (i.e.
the pixels that are part of the actual ouput image), there
are two blanking areas and two dark columns, which serve
as offset from the sensor edges. Blanked pixels are indeed
exposed when the camera is trigged (refer to Section III-B3),
but they are not included when the data are read out. Dark
columns are read, but not exposed and function as a black
reference for the internal ADC of the sensor. Fig. 5 illustrates
this.

2) Skipping and Binning: Skipping of rows and columns
is used to make the resolution of the output images smaller
without reducing the field of view of the camera. An example
of this is shown in Fig. 6 where every second row and column
is skipped and is displayed grey in the image. Skipping can,
however, introduce undesired aliasing effects, which results in
poor, distorted images [13]. These effects can be reduced by
performing row and column binning. This method combines
pixels over some pre-defined number of adjacent rows and
columns. It can be done either by averaging or by summing
over the intensities of the pixels. The concept of binning is
shown in Fig. 7.

3) Exposure mode: The default exposure mode for the
CMOS sensor is to continuously output frames at a constant,
configurable frame rate. In order to better control the data
flow for the tracking system, non-continuous triggering may
be desired. This is made possible in the Snapshot mode, which
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Fig. 7: Pixel binning

Fig. 8: The Snapshot exposure mode [12]

allows the user to capture one image at a time, and is set by
writing ’0100 0001 0000 1111’ to the R0x01E register [14].
The sensor has two triggering pins, TRIGGER and STROBE:
TRIGGER enables the exposure, and STROBE enables the
actual readout of the data from the exposure. These pins are
used in essentially the same way for all the available exposure
modes [12]:

1) Wait for TRIGGER to occur, then start the exposure
2) Wait for STROBE to occur, then start the readout

It is the time interval and/or the pixel distance between these
two triggerings which differs between the exposure modes. In
Snapshot mode, the enabling TRIGGER is done manually and
initiates the exposure of the first row (with some delay because
of the dark column blanking which, as mentioned previously,
are non-exposed pixels that can be used to fine tune the black
level, but is not part of, the output image). After a small
period of time, tROW (which depends on binning settings,
clock speeds, etc.), typically 10µs, the second row begins
exposing. After an additional tROW, the third row is exposed,
and so on. When nrows · tROW has passed (where nrows is
the number of rows on the array), all rows are being exposed
upon which STROBE triggers automatically. This marks the
beginning of the data readout sequence. Once the first row has
been read out, TRIGGER can be enabled again, thus making
it possible to begin another exposure even before the previous
image has been fully read out. Figure 8 shows the timing of
the Snapshot mode.

4) Register Configuration: Settings like binning and expo-
sure modes are communicated to the camera by setting the
sensor registers to desired values. Registers are written to the
sensor using the I2C protocol. The sensor is the slave and the
control FPGA (see section IV-A) is the master.

A write sequence is initiated by the master setting the SDA
line LOW while the SCL line is HIGH. This is called a start

bit. This start bit is then followed by the specific 8-bit slave
address of the CMOS sensor sent on the SDA line with one
bit per SCL cycle when SCL is HIGH. During the next clock
cycle, the master releases the data line and the slave pulls
it LOW in order to communicate that the information was
received. This is called an acknowledge bit. Thereafter, the
register address is sent to the slave followed by the actual
register data which consists of two sequences with 8 bits
of data transferred in the same way described above, each
followed by another acknowledge bit from the sensor.

An example of this process is given in Fig. 9 (in which the
clock line is called SCL and the data line is called SDATA).
In the example the R0x09 register is written to with the value
’0000 0010 1000 0100’.

Table III shows the registers that are relevant for controlling
skipping, binning and exposure modes.

Register
Address

Register Name Register Description

R0x022 Row Address Mode Controls row binning and skip-
ping

R0x023 Column Address Mode Controls column binning and
skipping

R0x01E Read Mode 1 Controls exposure modes

TABLE III: Particularly relevant camera registers

5) Capturing: Images are captured from the camera sensor
in relation to its pixel clock (PIXCLK) output pin: the 12 data
bits in each pixel will be parallelly captured with every cycle
of PIXCLK. The frame valid (FV) and line valid (LV) output
pins give information about whether the sensor is transferring
valid pixel information or reading from one of the blanking
areas. When FV is HIGH, which it will be an integral number
of times equal to the number of rows that are read out, it
means that the sensor is outputting pixels on rows contiaining
active pixels (but do not necessarily belong to columns within
the active image area). Similarly, then LV is HIGH, the pixels
that are output are horizontally aligned with the active image
pixels. Thus, when both FV and LV are HIGH simultaneously,
the sensor outputs pixel data belonging to a valid image [12].
The 12 bits of data in each pixel are synchronized with the
pixel clock and are sent in parallel through DOUT (12 pins)
with 12 bits every clock cycle which is seen in Fig 10.

The default operational frequency of the CMOS camera
is 96 MHz. At the full resolution of 2592x1944 pixels (5
megapixels), the frame rate becomes 14 fps (frames per
second). In the ISAAC tracking system, the highest possible
master clock frequency of the oscillator being considered for
the experiment is 32.768 Hz (refer to Table I), and thus the
frame rate at maximum resolution would be approximately 4.7
fps, i.e. just above one image per revolution of the FFUs at
their initial spinning rate. However, in order to increase the
frame rate, the resolution may be lowered by either perform-
ing skipping, binning or reducing of the field of view. For
example, at a resolution of 640x480, the frame rate becomes
approximately 41 fps [12].

6) Color Filter: The LEDs emit light with a wavelength
peak within [655, 670] nm [6]. This means that a vast part of
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Fig. 9: Camera register write sequence [12]

Fig. 10: Image data readout sequence

the spectrum contributes to the noise in the camera images.
Therefore, a bandpass color filter is used with its peak at 660
nm and 10 nm bandwidth [15]. It is mounted together with
the camera optics on the RxSU.

C. Sun Sensor

The main component of the sun sensing system is a Silonex
SLCD-61N2 photodiode. When subjected to incident light, it
generates a current proportional to the intensity of the light, in
accordance with the photovoltaic effect [16]. This generated
current is converted to a voltage change in a load resistor,
which is then amplified using the LM7321 operational ampli-
fier from Texas Instruments and digitized in the MAX11617
ADC from Maxim Integrated [17]. The acquired data are then
used in the tracking algorithm in every stage of the data
gathering process. Figure 11 shows the schematics of one such
sun sensor circuit.

The particular photodiode used has a spectral sensitivity
of λs = 0.55 A/W, and an area of A = 21.4 mm2 [18].
Together with the fact that the sun radiates approximately
Isun = 1300 W/m2 on Earth, and that the current is converted
to a voltage drop in a 100 Ω resistor, one would expect there
to be a maximum voltage change of

∆U = λsAIsun ·Rload =

= 0.55 · 21.4 · 10−6 · 1.300 · 100 = 1.53 V (8)

Fig. 11: Sun sensor circuit

D. Angular Rate Sensor

The L3G4200D three-axis digital gyroscope from STMi-
croElectronics is used. It has a customizable measuring
range of ±250/±500/±2000 dps and a selectable bandwidth
of 100/200/400/800 Hz. The sampling rate can be set to
100/200/400/800 Hz. The gyroscope is controlled using the
I2C interface [19].

IV. IMPLEMENTATION

A. Schematics and Layout

The tracking PCB on the RxSU needs to handle several
different interfaces: communication with the three sensors (the
CMOS camera header-board and the two ADCs which convert
the analog sun and angular rate sensor signals into digital
signals), writing data from every instance of the tracking
sequence to flash memories, executing image pre-processing
and control algorithms and actuation of the motors which con-
trol the RxSU rotation and mirror tilt angle. Due to physical
limitations in the number of I/O pads on the FPGAs, and
because of their limited computational capacity, four FPGA
chips are used, configured as follows:

• FPGA 1a is responsible for communicating with and
collecting data from the CMOS camera. It reads to and
writes from the registers in order to change configurations
regarding binning, row skipping and the digital gain of the
pixels, for example. It also writes each image captured to
a flash memory which is saved for post-flight processing.
Lastly, it sends the image data to FPGA 2.

• FPGA 2 executes the pre-control processing of the cap-
tured image. Each image has a certain number of areas-
of-interest (hotspots) in which the LED source might be
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visible. FPGA 2 locates and takes note of these particular
areas and sends information about them to FPGA 3. The
purpose of this is to reduce the amount of data being
handled in FPGA 3. Because this algorithm cannot be
run continuously as the pixel data are being received from
FPGA 1a, there needs to be a buffer from which FPGA
2 can read once the entire image has been received. This
buffer is a RAM which is connected to FPGA 2.

• FPGA 1b is responsible for communicating with and
collecting data from the sun and angular rate sensors and
write it to a flash memory. It also pre-processes the data
from the sun sensors as described in section II-B1. Once
finished, the angular rate and sun location data are sent
to FPGA 3.

• FPGA 3 Processes the hotspot data uses the data from
FPGAs 1b and 2 to execute the control algorithm that
was described conceptually in section II-C. The results of
this are stored onto a flash memory. Also, logical pulses
are sent to current-controlled circuits which power the
rotation and mirror tilt angle stepper motors.

Fig. 12 shows a conceptual layout of the FPGA configura-
tion of the RxSU tracking PCB.

The schematics of the PCB are drawn in Mentor Graphics,
a CAD software. Once finished, the actual layout of the PCB
is created, i.e. the specific components and their wiring are
routed on the board. The PCB designs are then sent to an
external company which manufactures the board, with wiring
and solder pads. The components are then soldered by hand
at SPP.

Fig. 12: FPGA configuration of the RxSU tracking PCB. The FPGAs
with dashed borders are those executing algorithms, and those with
non-dashed borders acquire data.

B. FPGA Programming

The communication with the camera is handled with two
modules called Camera Core and Camera Controller as seen in

Fig. 13. The Core is responsible for the direct communication
with the camera sensor through the I2C protocol while the
Controller gives information to the Core about what data to
send and when to send them. The arrows indicate in which
direction each signal is sent internally and Table IV explains
them.

Initially, the Core and the Controller are in an idle state
in which the serial output pins (SCL and SDA) connected
to the camera both are HIGH. The Controller then initiates
the communication by setting the CoreReturn signal (viewed
upon as trigger) to HIGH. The Controller also sends the
slave address (SlaveAddress), the number of bytes to write
(NumberOfBytes) and then the first byte to write (through
DataOut). The slave address holds information about which
component to communicate with and also whether it is a
read or write sequence that is to be executed. For example,
in the case of a write sequence to the camera sensor, the
0xBA slave address is used [12]. The NumberOfBytes signal
indicates how many bytes that is to be written, and because
the camera registers consist of two bytes this is set to 0x02
(refer to Section III-B4). The Controller then waits for the
Core to communicate with the camera sensor and because it
possesses information about which state the Core is in (by the
I2CStateIn signal), it knows when the Core is finished. The
Controller then sends the second byte to write to the register
through DataOut. Because the Core knows that only two bytes
are to be written, it writes the last byte and thereupon ends
the I2C communication.

Signal Name Signal Description
CLK External clock
Reset External reset signal
CoreReturn Signals to the core when to start.
SlaveAddress Gives the slave address of the camera

to the core.
DataIn/DataOut Gives data to send to the camera to the

core.
NumberOfBytes Sets the number of bytes which are to

be written or read by the core.
StateOut/I2CStateIn Information from the core about in

which state it is.
SCL Serial clock to the camera.
SDA Serial data to the camera.

TABLE IV: Camera Core and Controller signals

C. Sun Sensor

Using the I2C interface, data are read out from the
MAX11617 ADC to FPGA 1b. The ADC has 10 independent
input pins, of which four are used for the photodiode circuits
while the others are not connected. All sensors are sampled
simultaneously, upon which the data are sent into the control
system which will make attempts to align the RxSU with the
sun in ways described in Section II-B1.

D. Angular Rate Sensor

Again, using the I2C interface, data are read out from the
gyroscope and into FPGA 1b. Once the sensor is powered on,
settings are configured on the sensor by the FPGA. Then the
gyro begins sampling data at a rate which can be configured in
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Fig. 13: Camera Core and Controller

a register in the sensor. The FPGA (which is the I2C master in
this case) enters a loop in which it monitors the state of a status
register for a ’data-ready’ bit. If such a bit is encountered, all
the 7 bytes of angular rate data are read out. Appended to the
data is also an eighth byte, containing IDs and such. After this,
the data are complete and can be written to the flash memory
and passed onto FPGA 2 [10].

V. TEST PROCEDURES

Below are descriptions of three tests conducted in order
to assess the performance of the different components of the
ISAAC tracking system.

A. Sun Sensors

One desires information about the performance of the sun
sensing system when subjected to sunlight from different
angles, θ, in the plane of the RxSU. Therefore, a quantitative
test was performed. The test was set up to simulate as closely
as possible the real scenario of the ISAAC experiment: Four
photodiode circuits of the kind described in Fig. 11 were
placed on the circumference of a circle with a radius of 120
mm (which matches the dimensions of the ISAAC-Rx) [4].
The sensors were placed evenly spaced according to Fig. 3 –
each sensor offset by 90◦ from its neighbors. The reference
frame was set so that θ was zero in the direction of the sun.
A screen of plain, white paper was installed at θ = 180◦ and
a distance of 500 mm from the center of the circle so as to
imitate albedo effects somewhat.

Measurements were carried out by noting the voltage output
from each of the sensors at angles θ : 0◦ → 350◦ with
increments of 10◦.

B. LED Distance

The tracking solution of the RxSU almost entirely depends
on how well it is possible to capture images of the LED
mounted onto the TxSU. The goal of this test was to give
an overview and to investigate at what distances one LED
was visible to the camera.

Using a demonstration PC software from Aptina Imaging,
which enables simple image capturing through a USB header
board, a sequence of images was captured at various distances.

Fig. 14: Hotspot tracking test image

The full pixel-array was read out as opposed to implementing
binning and skipping methods discussed in Section III-B2. The
PC software was set to convert all pixel intensities to digital
signals using the same gain setting. The LED was then located
manually in the image, upon which the brightnesses of its
pixels were noted, and the brightness of the background was
subtracted so as to not disturb the comparativeness between
the different images.

C. Hotspot Algorithm

In order to understand how well the concept of finding
hotspots in images (described in Section II-C1) functions, a
test program was developed. The program was written in C#
and implements the concept which is then tested on sample
images, both generic ones and images captured from the
camera. The program scans through the images and outputs
information about which hotspots it has found along with the
pixels belonging to them.

Fig. 14 shows an example image that was created using
Paint.NET. This image has some bright areas which, de-
pending on the threshold chosen, could be considered to be
hotspots.

Fig. 15 shows an image captured with the camera sensor,
containing an LED at a distance of 340 m. The white circle
indicated the location of this LED.

VI. RESULTS

A. Test Results

1) Sun Sensors: The plot in Fig. 16 illustrates the results
of the measurements described in Section V-A:

In this figure, θ corresponds to the angle between the sun
and SS1 in Fig. 3.
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Fig. 15: Hotspot tracking test image. The white circle indicates the
location of the LED.

Fig. 16: Sun sensor intensity readouts

2) LED Distance: Fig. 17 shows a fitted graph of the data
points measured. The fitted curve has the following equation:

f(x) = axb (9)

The results of the curve fitting were the following:{
a = 7.363 · 109

b = −2.851
(10)

3) Hotspot Algorithm: Table V shows how the number of
hotspots found in each image (Fig. 14 and Fig. 15) depends
on the threshold value chosing and using the test program
described in Section V-C. The threshold value ranges from 0
to 1 where 0 corresponds to black and 1 to white.

Image Threshold
value

Hotspots found

Generic (Fig. 14) 0.8 3 (all white)
0.7 5 (2 white, 2 grey, 1 mixed)

From camera (Fig. 15) 0.9 1 (the LED)
0.85 2
0.8 271

TABLE V: Number of hotspots found depending on threshold value

Fig. 17: LED distance dependency results

B. Project Outcome

The following sections outline the final outcome of this
bachelor thesis project, in terms of the results.

1) Hardware: As for the hardware, the goal of the thesis
project was to construct a sun sensing system and a tracking
PCB that could handle the incoming data from the sensors.
Also, the two existing sensor systems, namely the angular
rate sensor and the CMOS camera, were to be tested and
incorporated into the tracking system.

The sun sensor system has been constructed and its func-
tionality has been tested (refer to Section VII-A1 for the
discussion of the results). A test PCB was designed according
to Fig. 11 and has been used throughout the course of the
project. A more space-efficient PCB will be designed to fit
better on the skin of the RxSU.

As for the tracking PCB, the schematics have been designed
as specified in Section IV-A. Each component has been chosen
and all the schematic wiring has been routed. However, the
actual layout has not been drawn, and because of this, no
PCB has been ordered.

The angular rate sensor coming from the MUSCAT team
has been studied on a conceptual and theoretical level. Its
incorporation into the control algorithm has been developed.
However, it has not actually been tested for the purposes of
the ISAAC tracking system.

2) Software and Firmware: Included in scope of the soft-
ware development part of the thesis project was to develop
the signal communication between the onboard sensors and
the FPGAs. Also, a tracking algorithm was to be designed to
control the tracking.

The software that has been developed is:
• The I2C register communication with the camera sensor

which controls settings like binning, skipping, exposure
modes and such. (Refer to Section III-B.)

• Storage of image data from the camera sensor to the on-
chip FPGA memory buffer.

• Reading data from the on-chip FPGA memory buffer and
sending it through a COM interface for viewing on a
connected computer.

• A test program to demonstrate the concept of finding
hotspots.
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• A conceptual design of the control algorithm has been
developed.

The software that has yet to be developed is:
• An optimized hotspot finding algorithm written in C that

can be executed by an embedded core FPGA.
• Data gathering procedures for the sun sensors and the

angular rate sensor.
• The implementation of the tracking algorithm as de-

scribed by the concept in Section II-C2.

VII. DISCUSSION

A. Test Results and Performance

1) Sun Sensor: As stated in Section II-B1, the intensity
readout should assume a periodic behavior according to Fig.
18.

Fig. 18: Theoretical sun sensor voltage readouts

Again, θ is the angle between the sun and SS1 as described
in Fig. 3. The graph shows the intensity readouts in the case
of no albedo effects present. The calculations were carried out
using the circuit design showed in Fig. 3 and eq. (8).

As can be seen in this figure, one expects readouts between
0.4 V and 2.9 V. The lower limit was chosen so as not to
get signals too close to the supply rail of the operational
amplifier, because such signals would not be amplified at all.
This rail distance is amplifier-specific – 0.3 V in the case of
the LM7321 amplifier which was used for the sun sensors.
However, the limit to the upper rail was underestimated: it
should also have been at least 0.3 V as specified by the
LM7321 data sheet. In the setup used for the test, the rail-
to-rail distance was 3.2 V, with ground being the lower limit.
Therefore, with a maximum output of 2.9 V, one would expect
the amplifier to clip somewhat. This phenomenon can indeed
be seen in Fig. 16, where the signal is clipping at just about
2.9 V. This means that the signal would have reached a peak
higher than the figure shows, if the setup would have been
made in a more correct manner. The results are therefore
quite poor in that sense (but not completely useless in others
as can be seen below). They are, however, easily corrected,

time allowing, by either increasing the supply voltage of the
operational amplifier or lowering the feedback gain.

From Fig. 11, one expects there to be a ’gap’ between the
intensity peaks in which the intensity maximum of the sun
falls precisely in-between two sensors. This would present
problems with data processing because of the closeness to the
noise (i.e. albedo) floor in the ’blind spots’. This appears to
be confirmed by Fig. 16 – if the signal would not have been
saturated, then it seems that the gaps would have been present
as per the theoretical supposition.

One way of circumventing this problem would be to use a
larger amount of photodiodes (at the expense of geometrical
space on the FFU as well as increased complexity in the
processing) so as to narrow these gaps.

In the other end of the readouts in Fig. 16, the albedo
effects do indeed affect the results at low sun intensities
by increasing the noise floor. This was expected but do
seem compensable by the relatively strong signals at greater
intensities.

2) LED Distance: The curve in Fig. 17 predicts visibility
at a distance of well over 500 meters (depending, of course,
on how one chooses to define an LED being visible, in
terms of numbers of bright pixels and such). However, the
method is rough and effort has to be put into constructing an
algorithm which detects the LED in a more accurate manner.
Furthermore, weather and other measuring conditions were not
optimal at the occasion – sunlight fell upon the LEDs in such
a way that the brightness of the background was unnecessarily
elevated (which it would not be in the real experiment due to
the sun sensor system and the direction of ejection). Also, the
camera lens did not perform very well in focusing on the LED
at the furthermost distances which, too, affects the results. The
latter is solved in the ISAAC experiment by using a different
lens.

Geographical conditions did not allow for measurements
at further distances than those shown in Fig. 17. Such
measurements would have provided useful information for the
tracking solution, because the maximum operating distance
between the FFUs has yet to be definitively decided upon by
the ISAAC team. Should the spectroscopy require a larger
distance than 500 meters, then the only indicator of such
a distance being suitable for the tracking is the (perhaps
somewhat poorely) fitted curve in Fig. 17.

3) Hotspot Algorithm: The testing of the generic image
(Fig. 14) shows that the developed program, following the con-
cept described in Section II-C1, is indeed able to successfully
find all the hotspots in the image (above a certain threshold). It
also considers differently bright, but geometrically connected
areas that are above the threshold to belong to the same hotspot
(the grey and the white) as desired.

The same result is achieved when testing the image from
the camera (Fig. 15). If the threshold is high enough, only the
hotspot corresponding to the LED is found. If the threshold is
set to a lower value, it also considers other bright areas to be
hotspots.
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When using the concept of this algorithm in the real tracking
system (according to the theory in Section II-A2) there are a
number of problems to address. Since the computational power
will be limited (refer to Section IV-A) and the localization of
the LEDs has to be quick, the algorithm may have to be opti-
mized. It also needs to be rewritten (in another programming
language than C#) and compiled in order for it to be able to
be executed on an FPGA.

Furthermore, the threshold cannot realistically be set so
as to only find the hotspot which corresponds to the actual
LED, because the risk of not finding any LED would be
considerable. A more sober way of processing the hotspots
would be to set the threshold slightly lower, thus finding more
hotspots which can be processed by the control algorithm as
described in Section II-C.

B. Project Outcome

1) Hardware: As discussed in Section VII-A1, the test
conducted concerning the sun sensing system was perhaps
not as conclusive as one desires. This does indeed affect
the outcome of the hardware implementation of said system,
because it has not yet been definitively determined whether
the four photodiodes that were decided upon will suffice (even
though, as mentioned, the results are reassuring).

The tracking PCB was, as mentioned, not completely de-
signed as far as the actual layout. This is, of course, a failure
in the perspective of the thesis project. However, one must
take into account the fact that the tracking system constitutes
a small part of ISAAC at whole. When it comes to the PCB
layouts, the Mechanical team at ISAAC had yet to specify
the amount of space available on the RxSU for the tracking,
power and IR spectroscopy PCBs. This lead to the working
progress of the Electrical team coming to a halt at the point
of designing layouts. The schematics is the only part which
has been completed.

What remains to be done with the hardware goals stated
in Section VI-B1 is mainly the hardware characteristics of the
angular rate sensor. One desires to determine its responsivness
to changes in rotation speeds as well as its accuracy in its
readouts. Another important thing to determine, which serves
as an interface between hardware and software, is the sampling
rate at which the sensor collects angular rate data. This
would be important in several aspects of the control algorithm
described in Section II-C.

2) Software and Firmware: The part of the software devel-
opment scope concerning the signal communication between
onboard sensors has proceeded quite well, both in the sense
that the camera can be controlled by setting registers and that
data has been successfully read out from the pixel array to an
external computer. As for the data gathering from the sun and
angular sensors which has yet to be developed, much of the
heritage code from previous projects can be used. This is why
less effort has been put into this work, contrary to the camera
sensor, which is a new kind of hardware for the REXUS teams
at KTH.

The tracking algorithms – the hotspot locating as well as
the the control algorithm – are still in the concept stage. The

hotspot algorithm is written in C# for the x86 architecture.
However, it would have been preferable to write it directly in
C and then test it on the actual FPGA hardware. There are two
reasons why this has not been done. Firstly, the time needed
to develop the software and then test it would have been out
of range for the project. Therefore it was decided to develop
it with C# since it provides a much shorter development time
and enabled proof-of-concept of the functionality. Secondly,
executing C code on an FPGA requires an embedded core,
which has yet to be implemented by ISAAC.

The main reason that the algorithms were not finished was
that the E3 group did not prepossess enough expertise and
experience in the beginning of the project. Much time was
spent learning about hardware configuration and design as
well as the development tools and the programming languages
needed for configuring the software.

VIII. CONCLUSIONS

The goal of the ISAAC project has been briefly explained.
The specifics about the ISAAC tracking system has been
presented; the functionality of the different subsystems, as well
as the concepts of the tracking algorithms have been described.
The electronics of each subsystem has been described in fur-
ther detail. Choices of hardware and electronic implementation
has been outlined. Strong emphasis has been put on describing
the CMOS camera, as far as its electronic characteristics
and its signal interfaces. The actual implementation has been
described in the sense of layouts and data communication.

Tests concerning the sun sensing system, the distance
dependency of LED intensity, and image processing have
been presented. Despite being a little problematic in their
execution in some cases, they serve as proofs-of-concept for
three important subsystems in the tracking system.

In the end of the project, it remains to put together a
fully functioning tracking system. However, the different sub-
systems used for the tracking system have been thoroughly
explored. The hardware implementation needs finalizing, and
the control algorithm needs coding and testing.
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[7] Ó. Lárusdóttir, D. Kristmundsson, A. Myleus, E. Lozano, M. Bordogna,
L. Fidjeland, A. Haponen, A. Hou, B. Oakes, M. Lindh and M. Fjällid,
“MUSCAT Student Experiment Documentation (SED),” 2012.

[8] N. Apazidis, Rigid Body and Analytical Mechanics. Department of
Mechanics, KTH, 2010.

[9] H. Takenaka et al., “Angular rate detecting device,” patent US 5 239 868,
Aug. 24, 1992.

[10] M. Fjällid and M. Lindh, “Data Acquisition System in the MUSCAT Ex-
periment,” in Bachelor Thesis Project Proceedings, School of Electrical
Engineering, KTH, 2012, pp. 227–240.

[11] Microsemi Corporation, “Automotive ProASIC3 Flash Family FPGAs,”
2013.

[12] Aptina Imaging Corporation, “MT9P031 - 1/2.5-Inch 5Mp CMOS
Digital Image Sensor,” 2005.

[13] D. P. Mitchell and A. N. Netravali, “Reconstruction filters in computer-
graphics,” SIGGRAPH Comput. Graph., vol. 22, no. 4, pp. 221–228,
Jun. 1988.

[14] Aptina Imaging Corporation, “MT9P031 - Register Reference,” 2010.
[15] Edmund Optics, Inc., “Filter Capabilities, Part No. 67-076,” 2010.
[16] C. Kittel, Introduction to Solid State Physics, 8th ed. John Wiley Sons,

Inc., 2005.
[17] Maxim Integrated Products, Inc., “Low-Power, 4-/8-/12-Channel, I2C,

12-bit ADCs in Ultra-Small Packages,” 2012.
[18] Silonex, Inc., “SLCD-61N2 Solderable Planar Photodiode,” 2012.
[19] STMicroelectronics, “L3G4200D: three axis digital output gyroscope,”

2011.

117



  

 
 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

The Sun has been burning for 4.5 billion years and provided the Earth with the necessities to become a planet full of 
life and evolution. The process that fuels the Sun, fusion, may play an important role when solving the future energy 
and oil crisis. If we were able to mimic the Suns fusion process and replace our fossil fuels, future societies may have 
an abundant energy source free of carbon dioxide emissions. How do we bring this fusion process to Earth?  
 
Our research has lead to a better understanding of wall materials, plasma behaviour and the plasma temperature in 
different fusion experiments.  The material state that fuels the Sun, plasma, also affects our lives in a more indirect 
way. It disrupts our communication systems and affects our power grids. These disruptions are caused by the solar 
winds and solar eruptions. Therefore, new methods have been tested to more accurately measure the properties of 
the plasma flow generated by the solar wind in the Earth's magnetosphere. 
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Environment friendly and abundant energy sources are the key for the development of future societies. One 
technology that may solve the future energy crisis is nuclear fusion. Fusion is the merging of light atomic nuclei to 
form heavier elements, a process that has been utilized by the stars since the beginning of time. There are several 
different on-going fusion experiments that are being conducted all around the world. Different reactors, technologies 
and materials are examined in order to design a feasible fusion power plant. One of the common goals for the fusion 
society is the design and construction of the ITER experiment, a milestone in the creation of a feasible fusion power 
plant. There are many different areas to study in the field of fusion and in this context we have investigated plasma 
diagnostics (F3), numeric modelling of plasma behaviour (F2) and modification of inner wall materials (F1). 
   
The temperature required to achieve fusion is in the order of hundred million degrees Kelvin. In order to achieve 
these high temperatures and a fusion process that generates more energy than required to heat the plasma, the plasma 
needs to be contained without loosing energy to the surrounding reactor vessel. This confinement is achieved by 
different schemes in different experiments. In project F2, an analytic model of the magnetic field inside a Tokamak is 
developed. A particles motion inside the magnetic field is numerically computed and the path is studied as a function 
of different parameters, e.g. driven plasma current and initial conditions. The studies try to relate the different 
parameters to the concept of plasma confinement, i.e. how the particle is contained within the plasma to conserve 
energy and protect the inner vessel wall. The studies showed how the different orbits behave and that increased 
plasma current improves particle confinement. 
 
If a plasma particle loses confinement it will interact with the inner walls, a process investigated in project F1. This 
causes erosions of the walls and release of particles within these which, when introduced into the plasma, lowers the 
plasma temperature. Some plasma particles also get stuck in the walls, causing a hazardous area when using the 
radioactive particle tritium as fuel. A limiter tile made of graphite from TEXTOR was ion beam analysed in order to 
find the fuel retention of the material from a long period of use in the fusion device. The studies showed that 
graphite is not an efficient material to be used due to the high deposition of fuel of the plasma and extreme erosion 
of it, suggesting that other more suitable materials such as carbon-reinforced carbons should receive a larger 
attention. The materials does not only have to withstand high energy neutrons emitted from the fusion process but 
also high thermal gradient and thermal shocks, which is generated by the plasma behaviour. 
 
One important characteristic of fusion plasma is the temperature.  The high temperature required for the fusion 
process, makes it impossible to measure the temperature with classic methods. In order to compute the temperature, 
more indirect methods need to be utilized. In project F3 two different methods were used: spectral line broadening 
and Thomson scattering. These two methods measure the ion and electron temperature respectively. The work 
showed that the plasma temperature is dependent on the plasma current, in accordance with the Ohmic heating 
method.  
 
Together, the work conducted in this context demonstrates the diverse field of nuclear fusion as well as its 
complexity. The work done is a small part of the fusion science, but answers some of the core questions that are 
required to understand the basic functionality of fusion energy. 
  
In future work, other temperature measurement methods can be studied alongside, such as Electron Cyclotron 
Emission and the possibility to measure the plasma temperature in real time. The model developed to study the 
plasma behaviour can be improved further, e.g. the calculation of the magnetic field inside the experiment, collective 
effect of the other particles in the plasma and other plasma transport effects. The same applies to the material used in 
fusion device. More research is still required to find a material that can withstand erosion and fuel retention as much 
as possible. Future work should therefore conduct comparison between different candidates for use in wall materials 
in the devices. The results could contribute to the research conducted and speed up the search for the perfect 
material that maximizes the efficiency of future reactors. 
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ETHICAL ASPECTS  

The road to fusion power is uncertain. There are many different experiments that have to be conducted and aspects 
that need to be considered. The growing human population and the increasing demand for power is a problem 
present even today. Do the benefits of fusion power outweigh the investments needed in future research and 
development? 
 
There are already a wide variety of technologies that might provide green and sustainable energy that can be utilized 
in a much shorter time span. However, these technologies require that the underlying infrastructure, i.e. power grids, 
needs to be developed. Fusion energy is a bulk generation of power and therefore matches the current operating 
states of the different power grids. To sustain the fusion process, several conditions are required to be fulfilled. This 
assures a safe process that cannot go into a runaway, uncontrollable reaction unlike conventional nuclear power, 
fission. Fission generates radioactive waste that needs long-term storage, often in the time scales of hundred 
thousand years. Fusion will generate radioactive materials that are created from the neutron bombardment of the 
reactor vessel. These materials will have a shorter storage time, thus lowering the environmental impact and 
administrative requirements.  
 
The oil and gas reserves will be exhausted in a foreseeable amount of time. Fusion, that requires Deuterium and 
Lithium, will have an almost infinite reserve of fuel. Fusion power may change the face of human societies and save 
the Earths environment. 
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F1. WALL MODIFICATION FUSION  

Abstract—This report describes the research conducted in the 

field of plasma-facing materials within fusion devices. The 

purpose of this type of research is to find the best type of material 

that can withstand erosion caused by plasma discharges and 

minimize deposition of particles such as fusion fuel. A limiter tile 

consisting of graphite from the TEXTOR tokamak has been ion 

beam analyzed and simulated in the simulation software 

SIMNRA in order to find the amount of fuel that has been 

deposited and stored after some time of exposure to plasma 

during conducted fusion experiments. The results showed that 

the tile suffered from heavy depositions of deuterium in 

approximately 1/3 of the total area while the rest of the limiter 

had extremely little fuel bound to it. This indication of intense 

erosion concludes that graphite cannot handle the effects of 

plasma very well and should therefore not be used in fusion 

devices.    

 

Index Terms—fusion device, erosion, plasma discharge, 

deposition, limiter tile, TEXTOR, tokamak, ion beam analysis, 

SIMNRA, deuterium. 

 

I. INTRODUCTION 
HE goal for clean, environmental friendly energy has led 
mankind into researching methods to harness the same 

kind of power which the countless amount of stars use - fusion 
[1]. Devices have been constructed in attempts to recreate 
same conditions these giants withhold and hot temperature 
plasma has successfully been produced. Despite this 
achievement, energy through fusion is still not in the vicinity 
of our grasp due to several unsolved problems. One of the 
major issues is the fact that no material can withstand the heat 
of plasma required to commence fusion. The strong magnetic 
fields which are used to hold the plasma together and away 
from the walls in fusion devices does not have the ability to 
stop neutral particles from escaping the confinement. This, 
together with diffusion of high energetic ions from the plasma, 
leads to significant damage to the walls and equipment used 
inside the devices. 
   A solution to this problem is the use of limiter tiles. These 
can be found in the most common type of fusion devices 
called the tokamaks [1, 2], in which they are put in places 
where plasma has the highest chance of dealing any damage. 
While not being able to completely withstand erosion and 
deposition of materials occurring within the plasma (which is 
a big problem when the radioactive isotope tritium is used as 
fusion fuel), limiters still manage to protect key components 
and places within the tokamaks at the cost of increased plasma 
pollution. As such, different types of materials are heavily 

studied in order to find the most perfect type of limiter that 
provides maximal protection with minimal erosion for use in 
future fusion devices.  
   

II. PLASMA 
Plasma is the 4th fundamental state of matter, with the other 

three being solid, liquid and gas. It is composed out of ionized 
gas in which the electrons and the atoms are separated. This 
mixture of ions, electrons and atoms or molecules can be seen 
in almost 99% of our known universe [3], such as the stars, 
nebulas and the Sun. 

 

A. High temperature plasma 

There are two types of plasmas - high temperature and low 
temperature plasma. High temperature plasma is, as the name 
suggests, hot temperate gas which is fully ionized.  When a 
gas is heated to a certain high temperature, depending on the 
element the gas consists of, the random kinetic energy of the 
particles surpasses the energy required for ionization and the 
collisions between the particles become strong enough to 
separate the atoms from the electrons. The more a gas is 
heated, the more electrons free from the atoms, ionizing the 
gas further. Ideal plasma contains enough energy to ionize 
every single particle within and most of the plasmas seen in 
the universe are in this state [4]. 

High temperature plasma is more common in space than on 
earth. An excellent example of high temperature plasma is the 
ionized gas around a lightning in a thunderstorm, where the air 
ionizes after collisions with the electrons. Man-made attempts 
of creating high temperature plasma are being done within 
fusion devices which utilize plasma in order to create fusion 
energy (see III. Fusion device).   

 

B. Low temperature plasma 

Low temperature plasma is ionized gas created at much 
lower temperatures than high temperate plasma. Due to the 
low temperatures and therefore fewer collisions between 
particles within this type of plasma is often not fully ionized, 
containing a mixture of ions, electrons and atoms or 
molecules. 

Although plasma is often confused with extreme 
temperatures, low temperature plasma is a state of matter used 
in every day applications such as plasma displays, equipment 
for etching and welding and neon signs. It is very common 
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under terrestrial conditions. A more typical example of such 
plasma is the flame of a match, in which the wood reacts with 
the air, creating a mixture of ionized and non-ionized particles. 
Another example is fluorescent light often seen in use in 
buildings which uses short-wave ultraviolet light to fluoresce a 
gas, most commonly phosphor, in order to produce visible 
light. A third example, which is often sighted around the pole 
areas of the Earth, is the Auroras. This type of low temperate 
plasma is caused by collisions between charged particles 
deriving from solar winds (also low temperature plasma) and 
the particles in the thermosphere, creating unique and 
remarkable light scenes in the sky. 

 

III. FUSION DEVICE 
“Bringing the Power of the Sun to Earth” [5] is a well-

known slogan which exclaims one single goal - to create a 
stable fusion power device on this world. The idea behind this 
dream and soon-to-be reality is to construct a better and more 
efficient energy resource compared to other existing energy 
resources, such as nuclear fission and fossil-fuel power. 

Fusion power is still in the developmental stage due to 
unsolved problems, such as heat and stability issues. There 
exist, however, several functional fusion devices that are 
mainly used for scientific research of plasma and fusion. 
Although none so far are capable of delivering energy, the 
devices are more appealing than nuclear fission devices due to 
the former being more environment-friendly. As a direct 
comparison between fusion and fission, fusion power does not 
bestow any radioactive waste and cannot sustain a chain 
reaction, therefore having a clear advantage over fission 
power. 

 
The most notable of the fusion devices are the tokamaks 

(see Fig. 1). A tokamak is a donut-shaped vacuum vessel in 
which the plasma is contained away from the walls using 
strong magnetic fields. These fields, toroidal in nature, are 
generated using electromagnetic coils that are wound around 
the torus chamber, effectively trapping the ionized particles 
within. In addition, an iron core is often put through the 
middle hole of the toroidal chamber. By changing the 
magnetic flux of the core an induced current will flow inside 
of the plasma around the torus. The induced current forms in 
return a poloidal field around the plasma which, when used 
together with the toroidal field, allows the plasma to flow in a 
helical shape inside of the chamber [2]. 

 
The existing tokamaks have each been constructed in 

unique ways for different scientific purposes. One tokamak 
named TEXTOR can be found in Forschungszentrum Jülich in 
Germany, which has been in operation since 1978 and is 
mainly used to test how plasma interacts with the wall 
material during fusion processes. Apart from the coils and iron 
core mainly used in all tokamaks, TEXTOR is outfitted with 
exchangeable tiles on the inside of the toroids’ walls called 
“limiters”, exceptional diagnostic systems close to the limiters 
and a practical way of sliding apart the tokamak in half. 

There are several methods for plasma heating inside of 
tokamaks. The fusion device TEXTOR uses neutral beam 
injection [1], radio-frequency heating [1] and microwave 
heating [6]. The former type of heating uses neutral atoms 
which are injected into the plasma in straight lines, thus 
unaffected by the magnetic field. The atoms then collide with 
the charged particles within the plasma and become ionized 
themselves. The resulting ions and electrons then travel along 
the helical field in the same manner as the plasma, 
successively releasing energy to the plasma throughout 
collisions with its particles and eventually thermalize.  

Radio-frequency heating uses electromagnetic waves which 
are broadcast through the plasma. The wave accelerates the 
charged particles which, through collisions with other 
particles, then heat the plasma. 

Microwave heating, also known as electron cyclotron 
resonance heating, is a newer type of heating that uses high 
energetic microwaves (>100GHz) which are beamed into the 
plasma. The waves then transmit its energy to the electrons 
which accelerate and collide with other particles, subsequently 
heating the plasma. This type of heating has a big advantage 
over other in the way that the source of the microwaves can be 
placed away from the fusion devices and therefore avoiding 
possibilities of integration with the plasma, whereas other 
heating devices are integrated with the fusion device itself. 

 
So far, experiments have proven that fusion between 

deuterium and tritium are most effective in terms of energy 
provision [2]. These are isotopes of hydrogen, in which 
deuterium is made up by one proton and one neutron and 
tritium by one proton and two neutrons.  

To commence fusion, the two elements are heated to 
extreme high temperatures, thus being in form of plasma. 
Collisions between particles of deuterium and particles of 
tritium result in a fuse between these, creating helium and a 
single neutron. 

 
Fig. 1.  Tokamak layout. The word tokamak derives from Russian 
“токамак”, an acronym of “toroidal'naya kamera s magnitnymi katushkami” 
which literally translates to “toroidal chamber with magnetic coils”. [Online]. 
Available: http://www.generalfusion.com/magnetic_fusion.html 
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The reaction [1] is as follows: 
 

                              
 

 
 

 
 

 
  

 
The energies seen above are the kinetic energies of the 

particles produced.  
Due to the expensive and radioactive nature of tritium the 

conducting researches uses instead fusion between two 
deuterium particles. Albeit being less effective than the 
deuterium-tritium reactions, this type of fusion yields results 
similar to the former and is used for extensive research in 
devices such as TEXTOR. 

When using deuterium-deuterium fusion, there are two 
different reactions occurring depending on the concentration 
of different particles in the plasma. The reactions [1] and their 
energies are as follows: 

 
                   

 
 
 

 
 

 
  

                 
 

 
 

 
 

 
  

 

IV. PLASMA-FACING MATERIALS 
As stated previously, during fusion processes uncharged 

particles such as sole neutrons and helium are created. These 
aren’t affected by the strong magnetic fields which contain the 

plasma and seep out from the confinement, reacting with the 
walls. Although these reactions are necessary in order to 
absorb the excess particles and heat, the reactions deteriorate 
the walls. Not only does this lead to expensive costs due to the 
need of frequent repairs of the walls but plasma also gets 
polluted by the released particles from the walls which leads 
to lower temperature of the plasma, thus less effective fusion 
processes.  

The tokamak TEXTOR uses tiles of certain materials which 
covers the walls inside of the torus. These tiles have different 
properties depending on the region placement and servitude 
they grant within fusion devices. As mentioned previously, 
one of these types of tiles is the so called limiters which are 
tasked to limit plasma discharges from reaching and damaging 
the chamber walls, hence the name. The limiters inside of 
TEXTOR (see Fig. 2) are removed after different periods of 
time of use to study the effects from plasma - wall interactions 
during fusion processes in order to find the best suitable 
materials to be used by future fusion reactors. The studies 
have already contributed to several scientific solutions for 
plasma-facing materials to be used in the future fusion device 
ITER [7], which is currently under construction for the 
purpose of showing the world that it is possible to produce 
energy using fusion. 

 
For a limiter to work effectively in a fusion device one has 

to consider the type of material it should consist of. No known 
material can withstand the high temperatures of plasma 
without changing its properties and the frequent plasma 
discharges occurring during fusion processes are particularly 
troublesome. Not only do these damage the walls, but they 

also release particles and impurities within the walls, 
subsequently polluting the plasma which in turn lowers the 
core temperature and the efficiency. In order to avoid this as 
much as possible, a couple of criteria to be followed when 
choosing limiter material have been presented, namely: 

 
1) High resistance against plasma discharges. 
2) Low atomic number of the material to diminish plasma 

pollution. 
3) Good thermal conductivity for removal of excess heat 

from the device. 
 
As of the publishing of this article, there are mainly three 

types of materials that are heavily researched due to being fit 
candidates for use in future plasma - facing walls - tungsten, 
carbon and beryllium. 

 

A. Carbon 

Carbon [8, 9] is a very attractive candidate for use as limiter 
material due to the fact that it does not melt at any 
temperatures in normal atmospheric pressure. It sublimes, i.e. 
turns to gas instead of going through the liquid phase, at 
approximately 3550°C and has therefore the highest point of 
fundamental state change from solid state of all known 
elements.  

Being a vital part of all known organic life, carbon is a very 
common element on Earth. It is naturally found in the shape of 
graphite, charcoal and diamond and is used in many 
applications, such as the graphite found in pencils and in 
thermal protection systems used in spacecrafts for reentry of 
the atmosphere. As the 6th element on the periodic table, it is 
very light compared to tungsten but slightly heavier than 
beryllium and, when reinforced with carbon-fibres (thus 
creating carbon-fibre composite, CFC), it obtains an excellent 
thermal conductivity equivalent to the one copper has (≈ 500 

Wm-1 K-1 at room temperature).  
Being a material with near-perfect properties, carbon has a 

 
Fig. 2.  Inner layout of TEXTOR tokamak. The three marked areas indicate 
three different limiters; main toroidal pump belt ALT-II limiter (1), main 
poloidal limiter (2) and inner bumper limiter (3). Photography taken by DI. 
Harry Raimer, Forschungszentrum Jülich, Germany. 
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drawback in that it erodes easily when bombarded by particles 
let off the plasma, which increases the plasma pollution 
significantly. Although having such disadvantage, it is still 
considered as one of the best thermoresistant materials known 
and is heavily considered to be used in future fusion reactions 
in form of carbon-fibre reinforced carbons. The thermal 
conductivity of the considered material in subject is useful for 
transporting excessive heat produced by the plasma away from 
the torus, thus limiting damages and prolonging the device’s 

time of usability without reparation interrupts. It also has an 
improved composite strength compared to carbon, and 
different weave geometries and fibre types are studied 
intensively to find the perfect material for use in plasma-
facing components. 

 

B. Beryllium 

Beryllium [9, 10] is an alkaline earth metal and is the 4th 
element on the periodic table. It is quite a rare element on 
earth and is often found in combination with other elements in 
view of the fact that it is a divalent element. Being much 
lighter than aluminium yet stiffer than steel and having a 
melting point at 1284°C, beryllium is widely used in different 
applications, such as material for aircrafts and satellites. 

Pure beryllium is very toxic to organic tissue. 
Approximately 1% of the total world population is allergic to 
the element which, when inhaled, can cause the life-
threatening disease known as berylliosis. Due to the 
impossibility of knowing if one is allergic to beryllium 
without inhaling particles of it, extreme caution is required 
when handling the element.  

Although being more sensitive to erosion and having a 
lower melting point than the other two candidates, there are 
properties of beryllium which makes it an interesting choice of 
material to be used in plasma - facing walls. For instance, it 
has quite good thermal conductivity (≈ 190 Wm

-1 K-1 at room 
temperature) which is handy in terms of removing excess heat 
coming from the plasma, thus preventing the walls from 
overheating. In addition, it has great affinity to oxygen, 
meaning the material can absorb oxygen which is present in 
plasma and therefore lower the plasma pollution drastically. 
While refrained (for the time being) from being used in high 
heat flux areas, these two properties make beryllium still 
attractive for use in places where removal of oxygen and heat 
is required.  

 

C. Tungsten 

Tungsten [10-12], also known as wolfram, has the atomic 
number 74 and is considered to be a heavy metal due to its 
high density. It is exceptionally useful in high temperature 
devices due to having the highest melting point of all metals at 
3422°C and is therefore often seen in use within welding 
applications and sometimes, because of its natural hardness, in 
alloys with other metals. Being highly resistant to corrosion 
and having a satisfactory thermal conductivity (≈ 140 Wm

-1 K-

1 at room temperature), tungsten should be the perfect element 

in use within limiter materials of fusion reactors.  
Although seemingly exceptional for use as limiter material, 

tungsten has a few drawbacks. One is the brittleness of the 
element occurring at temperatures below 400°C. This creates a 
major disadvantage as compared to beryllium due to higher 
impurities of the plasma. Another weakness of the material is 
the strong tendency of recrystallization at high temperatures 
far below the melting point which causes deformation, leading 
to cooling problems and higher costs due to the frequent 
repairs needed. In addition, since tungsten is a very heavy 
metal, using massive amounts of it can cause stability issues 
with fusion devices’ structures and as such stronger 

foundation may be required. 
 

D. Limiters in TEXTOR 

There are currently three types of limiters used in TEXTOR 
- main toroidal pump belt Advanced Limiter Test II (ALT-II) 
limiters, main poloidal limiters and inner bumper limiters. 
These differ in both shape and type of materials (mainly CFC 
and graphite) they consist of, rendering different limitations of 
the plasma depending on which section they are placed in. 
ALT-II limiters are constructed to withstand the high 
temperatures of the core plasma due to being mounted on top 
of pump belts, which in turn are used to capture, neutralize 
and pump away plasma flowing over and around their 
covering tiles. Poloidal limiters are used as Radio Frequency 
(RF) antennas which create a RF field that in turn produces a 
ponderomotive potential barrier, limiting the radius of the 
plasma. Inner bumper limiters cover the central wall inside the 
torus and provide a general protection against plasma 
discharges and neutral beam bombardment.   

 

E. Fuel retention 

One of the major issues with all limiter materials is the 
aptitude of fuel retention. During fusion processes, ions have 
such high kinetic energy that the occurring collisions around 
the edges of the plasma results in ions propelling out of the 
magnetic field confinement and hitting the walls. Some of the 
ions get stuck on the walls, depositing layers of fuel and 
eroded materials which come from the walls that suffered 
from plasma discharges. The built up layers are quite 
problematic due to the fact that they lower the walls’ ability of 
heat transportation and, when using the radioactive isotope 
Tritium as a fuel source, can impose a health risk for workers 
nearby from the rising radioactivity in the vicinity of the torus. 
This issue is addressed in the research commenced around 
TEXTOR and some of the tiles which have undergone the 
effects of fusion processes within the tokamak in subject are 
sent to laboratories for research on minimization of fuel 
retention. 
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V. METHODS & RESULTS 
An ALT-II limiter tile from the TEXTOR tokamak (see Fig. 

3) codenamed #19 was used for a certain period of time and 
has suffered from plasma discharges and other commodities 
during the conducted fusion experiments. It was recently sent 
to the Accelerator Laboratory of Uppsala University for study 
of fuel retention using a method known as ion beams analysis. 

  

A. Ion beam analysis 

Fuel retention within limiters from TEXTOR and other 
fusion devices are analyzed using ion beams (see Fig. 4). 
These are high energetic particles, such as Helium-3, which 
are accelerated using a particle accelerator and bombarded 
against a target. When hitting the target, some of the ions 
backscatter away from the target while others trigger nuclear 
reactions within the material. These events are registered by 
two different detectors within the target chamber - one for 
Rutherford Backscattering Analysis (RBS) and the other for 
Nuclear Reaction Analysis (NRA).  

The particles that backscatter away from the target do so 
with certain energies depending on the elements hit. They 
strike the backscatter detector which registers all particles and 
their energies respectively. This then provides a spectrum with 
spikes resembling the total amount of particles registered at 
certain energies which forms curves. By knowing the total 
area of the curves and the exact element found at these 
energies one can estimate a precise amount of atoms in the 
area where the ion beam was targeted at.  

Nuclear reactions are registered similarly to the way the 
backscattered ions are. Single protons formed from the nuclear 
reactions within the target material are registered by the 
second detector which provides a spectrum in the same way as 
the former mentioned detector. The main difference between 
the two detectors is the energies detected. The RBS one has a 
high resolution for detection of smaller energies and is 
therefore better used when analyzing materials with high 

atomic numbers due to the low energies of the backscattered 
ions. The NRA one is dedicated to register a wider range of 
energies and excels in providing a broad spectrum at the cost 
of high resolution, making it a good choice when looking for 
light elements in materials.  

 
Before commencing an analysis of a limiter tile a 

calibration is required. The purpose of the calibration is to find 
a connection between the channel numbers of the detector and 
the energies of the particles since different analysis equipment 
has different channel responses to the various energies 
registered. It is done by using samples of known elements 
which are targeted with the exact energy and ion type as the 
one to be used when analyzing the limiter tile. The acquired 
connection provides with certain data that both lessens the 
amount of time required for simulation (see B. SIMNRA 

Software) of the given spectrum and increases the precision of 
finding the correct total amount of atoms within the limiter 
tile.  

 

B. SIMNRA Software 

As indicated in the previous chapter, ion beam analysis 
returns a spectrum with spikes formed by backscattered 
particles with certain energies which signify specific elements 
in the region targeted by the ions. In order to find the exact 
amount of atoms in that area the spectrum has to be analyzed 
using certain software programs, such as SIMNRA [13]. This 
program in particular lets the user create a simulation profile 
which has to match the spectrum. The more it matches the 
more thorough is the actual amount of particles in the 
analyzed area (see Fig. 5). 

Working with SIMNRA is an iterative process. As seen in 
Fig.6, a setup of SIMNRA is worked with in order to achieve 
an as precise result as possible. The left menu is focused on 
the parameters of the ion beam and the particle detector which 
has to have the right numbers filled in all boxes. The right 
menu focuses on the target where its amount of layers, 
elements and concentration of elements in each layer has to be 
added. Once the setup is completed the simulation starts. Fig. 
5 shows a spectrum of an ion beam analyzed sample of some 
silver on top of a silicon base. The blue line is the simulated 
spectrum which has to fit the curves as much as possible, 

                          
Fig. 3.  ALT-II limiter tile #19 from TEXTOR tokamak. Made of graphite. 
Note the crust on the top of the tile indicating an extra layer of materials 
deposited onto it.  
 

 
Fig. 4.  Ion beam analysis. A gas is ionized in an ionization chamber before 
accelerated. Using strong magnets the ions are directed to follow curves 
along the pathway before reaching the target chamber, in which they 
bombard the material. 
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yielding a more accurate result of the amount of silver and 
silicon the sample has. By changing the various parameters in 
the setup menus the blue curve alters in response.  
 

C. Calibration 

Before the ion beam analysis of limiter tile #19, sample 
materials of known elements were analyzed for the required 
calibration. The particle beam used in the analysis consisted of 
Helium-3 ions charged to 2800 keV. These backscattered off 
the samples and the tile at an angle of 165° towards a RBS and 
a NRA detector which had a resolution of 15 and 40 keV 
respectively.  

Following the ion beam analysis, the known sample 
materials showed occurring spikes in their respective spectrum 
from which the elements’ energies and channel numbers could 

be found (see Table I). When put in a diagram (see Fig. 7) the 
elements are connected using a single line from which the 
line’s equation is calculated. The equation gives two 

calibration variables necessary for the simulation profile of the 
limiter tile, namely Calibration Offset (-162.740 keV) and 
Energy per Channel (17.586 keV/Channel).   

The second step of the calibration is to find the amount of 
incoming particles and the exact size of the detector. During 
the analysis the total amount of electric charge (Q) hitting the 
sample was registered. The total number of particles (Nparticles) 
is given by: 

 

           
 

 
 

 
where e is the elementary charge (1.6022e-19 C). A thorough 
simulation of a reference spectrum, using the Calibration 
Offset and Energy per Channel that were calculated 
previously, gives Nparticles*Ω as output where Ω is the solid 

 
Fig. 5.  SIMNRA layout. The red dotted line represents the spectrum from ion beam analysis. The blue line is the simulation profile that has to match the red line 
as much as possible. The curve on the left side points to a high amount of silicon [Si] while the spike on right side indicates a small concentration of silver [Ag]. 
 
  

 
 
Fig. 6.  SIMNRA setup. The left menu sets up the parameters for the ion 
beam and particle detector. The right menu focuses on the targeted material 
where amount of layers, thickness of the layers and type of elements in each 
layer is chosen. 
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angle (or size) of the detector. The reason to use reference 
samples is that their spectrum is much simpler compared to 
the spectrum of a limiter tile (which contains more elements) 
and grants the user a very precise value. Since the total 
number of particles is known, the size of the detector can be 
calculated. In this case the solid angle (6.49 mSr) is the same 
for both the samples and the tile. For each target point on the 
tile Nparticles*Ω can then be calculated from the measured value 

of Q. This final number is needed as input for the SIMNRA 
simulation.  

 

D. Simulation 

With the calibration done, simulation of the limiter tile can 
be initiated. 20 different places of tile #19 were targeted and 
analyzed with the ion beams, giving a total of 20 spectrums. 
Each spectrum was then simulated separately using SIMNRA 
where the main focus lied within attaining the total amount of 
deuterium that has been attached to the tile by the plasma. 
Deuterium shows at very high energies in the spectrum due to 
the following nuclear reaction occurring during the ion beam 
analysis: 

 
     

 
 
       

 
 
  

 
The resulting high energetic protons formed are registered by 
the NRA detector and later used to measure the amount of 
deuterium that has been deposited into the tile.  

When the simulations are completed, the amount of 
atoms/cm2 of all included elements apiece is calculated by the 
program from which the sum of all deuterium particles in each 
analyzed area could be attained (see table II).  

 

E. Results 

As seen in Fig. 8 (based on results in table II), the amount 
of large deuterium deposits in the limiter tile covers 
approximately 1/3 of the total region. Given a closer look, the 
tile can be split in three different zones - the deposition zone 
(Fig. 9), the transition zone (Fig. 10) and the erosion zone 

TABLE I 
CALIBRATION VARIABLES 

Element Channel Energy [keV] 

Si 120 1964 
Cu 151 2489 

Ag 163 2687 
Au 170 2825 

C p1 221 3745 
C p0 336 5724 

D 654 11345 

Each element used as sample materials for the calibration offers a specific 
channel and energy. These are found in the spectrum given from the ion 
beam analysis. C p1 and C p0 indicates nuclear reactions between carbon and 
helium ions. 

 
 

 
Fig. 7.  Calibration variables put in a diagram. The known elements’ energies 
and channels sit in an almost straight line, providing an equation which in 
turn gives a value to each of the variables Energy per Channel and 
Calibration Offset.  
  

TABLE II 
AMOUNT DEUTERIUM ON LIMITER 

Spectrum 
File Position [mm] Amount [D] [1E17atoms/cm2] 

 

scan2_0_0 4 203.34  
0_14 9 164.94  

scan2_0_1 14 160.24  
0_13 19 152.74  

scan2_0_2 24 99.37  
0_12 29 117.39  

scan2_0_3 34 94.52  
0_11 39 17.41  

scan2_0_4 44 2.90  
0_10 49 3.29  
0_9 59 1.83  
0_8 69 2.96  
0_7 79 2.52  
0_6 89 3.43  
0_5 99 3.29  
0_4 109 3.12  
0_3 119 3.85  
0_2 129 2.99  
0_1 139 3.30  
0_0 149 2.41  

Each spectrum file was given from the ion beam analysis of the limiter 
tile in Fig.3. Value of position indicates targets distance from the top of the 
tile in mm. Amount [D] shows the calculated amount of deuterium in each 
position. 

 

 
Fig. 8.  Total amount of Deuterium along the limiter tile. The position in mm 
is counted from top to bottom of the limiter seen in Fig. 3. 
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(Fig. 11). 
The deposition zone includes the most amount of deuterium 

of all three zones. It is contained in the crust formed on top of 
the limiter tile, visible in Fig. 12, which contains a mixture of 
deuterium and eroded elements deposited by the plasma. 
Between the deposition zone and the erosion zone lays the 
transition zone, where the amount of deuterium is much less 
compared to the former zone. Lastly, the erosion zone contains 
almost no deuterium at all and has a very polished surface 
compared to the other two zones.   

 

VI. CONCLUDING REMARKS 
The ALT-II limiter tile #19 from TEXTOR shows a 

remarkable division of zones containing different 
concentrations of deuterium. The natural reason to this 
phenomenon is that a part of the tile, namely the erosion zone, 
must have sat closer to the plasma than the deposition zone 
within the torus. During the fusion experiments particles from 
eroded limiters inside the tokamak would, together with some 

of the deuterium from plasma, get deposited into tile #19. The 
layer would then successively build up in the deposition zone, 
resulting in the thick layer seen in Fig. 3. The erosion zone, 
however, would not be able to build up any layers due to the 
constant polishing of the plasma which yields the smooth 
looking surface and the name “erosion zone”.  

Drawing a final conclusion of a certain material from 
analysis of a single tile would be illogical due to the 
possibility of other tiles faring better than the tested one. On 
the other hand, tile #19 gave good results which clearly show 
how a graphite limiter is modified from long time exposure to 
plasma in a tokamak. The fuel retention, specifically in the 
deposition zone, was quite high and would impose a 
hazardous environment for nearby workers if used in future 
fusion devices utilizing deuterium-tritium fusion.  

Still being researched in TEXTOR, graphite seems to be a 
favorable material most likely due to its high temperature 
resistance. It can be questionable to as why it is still used 
when carbon-reinforced carbons have much higher resistance 

 
Fig. 9.  Deposition zone. High amount of deuterium, can be visible in the 
mix of particles layer on top of the tile in Fig. 12. 
  

 
Fig. 10.  Transition zone. Lower amount of deuterium than in the deposition 
zone but higher than in the erosion zone. 
  

 
Fig. 11.  Erosion zone. Very low amount of deuterium compared to the 
deposition zone. 
  

                         
Fig. 12.  Limiter tile #19 from TEXTOR tokamak. The tile has been divided 
into three zones containing different amounts of deuterium - deposition zone, 
transition zone and erosion zone.  
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to erosion and better thermal conductivity, but the answer lies 
in that CFC is still in its early research days and is not fully 
developed. Graphite is probably still used only for collection 
of information on how well carbon handles plasma during 
fusion processes but it should not be used in future fusion 
devices as a limiter material. There is still quite a lot 
information to be found during the hunt for the perfect plasma 
- facing material and graphite would be best leaving place for 
research of more promising materials, such as tungsten and 
beryllium.   
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Modelling Magnetic Confinement of Plasma
in Toroidal Fusion Devices

Adam Knutsson

Abstract—In this report, a study of how the magnetic field
provides confinement in a fusion device has been conducted. For
this purpose, a model of the magnetic field at different positions
inside the device has been developed. The magnetic field model
is implemented using numerical software together with a simple
description of the fusion plasma in order to calculate single
charged particle orbits inside the device. The orbits are studied
to examine how they are affected when the input parameters of
the model is varied.

The studies showed that there are two typical types of particle
orbits: the trapped particle orbit and the passing particle orbit.
The orbit type is related to the amount of parallel velocity with
respect to the magnetic field: a large parallel velocity generates a
passing particle orbit whilst a small parallel velocity generates a
trapped particle orbit. The studies also investigates what happens
to the confinement as the parallel velocity reach its limit between
the trapped and passing particle orbit.

The studies also examines the relationship between the level
of confinement and the plasma current. An increasing plasma
current improves particle confinement and a simple model to
describe this relationship is developed and tested.

This report is a bachelor thesis from the department of Fusion
Plasma Physics, School of Electrical Engineering at KTH Royal
Institute of Technology in Stockholm.

I. INTRODUCTION

THE global energy consumption is expected to double,
alternatively fourfold, by the end of 2100 [1]. In order to

supply the world with energy that is sustainable, considering
both the environment and the economy, and to meet the
increasing demand for power, there is an intense program
being conducted in the field of energy research.

Fusion energy, which is the energy released due to the
mass defect when light atomic nuclei are fused together to
form heavier elements, may play a vital role in preventing the
possible future energy crisis.

A wide variety of different fusion experiments is being con-
ducted around the world where different materials and reactor
types are being tested. The largest experiments, that will play
an important role for the future of commercial fusion energy, is
the International Thermonuclear Experimental Reactor (ITER)
with a planned start of operations around 2020 and DEMO, a
demonstration power plant with a planned start of operations
around 2050 [2].

ITER will be constructed as a so called Tokamak, meaning
that magnetic fields will be used to confine the plasma within
a torus and thereby allowing the fusion reaction to take place
without the extreme heat destroying the reactor vessel [3].

In this report, a model of the motion of a single charged
particle confined within a magnetic field with symmetrical
properties similar to those of a Tokamak, is developed, numer-
ically implemented, and tested. The model is approximative

with respect to the generation, and therefore also properties,
of the magnetic field in such a device. The model is also
approximative with respect to the physical construction of the
reactor vessel, meaning that elements such as limiters and
divertors, i.e. devices used for controlling the plasma exhaust
and protecting the vessel walls [4], is not taken into account.

The developed model is used to perform a series of sim-
ulations that studies how the particle orbits depend on input
parameters, such as the initial conditions of the particle and
the driven plasma current.

II. DYNAMICS MODELLING

A. Plasma Dynamics

Fusion reactions require extremely high temperature in
order for the atomic nuclei of the fuel to overcome their
natural repulsive force and fuse. The temperature required for
efficient Deuterium-Tritium reaction is in the excess of 108

K [5]. The high temperature turns the Deuterium-Tritium fuel
mixture into a so called plasma.

Plasma, sometimes referred to as the fourth state of matter,
is a gas where the atoms inside are partially or fully ionized.
A fully ionized plasma, which means that all the atoms in the
plasma are ionized, has characteristics that have to be included
when modeling the plasma itself.

Fusion plasmas are often fully ionized and have exception-
ally high conductivity, typically many times that of an ordinary
good conductor. This property can be explained with the fact
that a plasma has a very low particle density, often orders
of magnitudes smaller than that of a typical good conductor,
and has free electrons with high mobility. The low density
reduces the number of collisions between the particles, and
this low collision rate makes the resistance of the plasma very
small. The high conductivity also shields the plasma from
static electric fields [5].

The low particle density and the low collision frequency
makes the particles within the plasma exhibit so called
collision-less behavior. This means that a plasma particle will
not be significantly affected by other particles in the plasma
during time scales shorter than the collision time described
below [5].

If a fusion plasma is affected by a magnetic field, the
particles will interact with the magnetic field as described
by the Lorentz force. It is therefore sufficient to only study
the motion of individual particles, e.g. a proton, and the
surrounding magnetic field and to disregard its interaction with
other particles in the plasma.
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Fig. 1. A charged particle that enters a perpendicular, homogeneous magnetic
field accelerates in perpendicular relationship to the magnetic field and
velocity [6].

B. Particle Dynamics

A particle with charge q, moving with the speed ~v, through
a magnetic field, ~B, and an electric field, ~E, experience the
Lorentz force described in (1).

~F = q
((
~v × ~B

)
+ ~E

)
(1)

Equation (1) states that the experienced force is the sum of
two forces, one generated by the electric field, and the other
generated by the motion within the magnetic field. Since
fusion plasmas have very high conductivity, it is shielded
from static electric field. And thus the electric field within
the plasma is neglected. Particles will therefore only be
affected by their motion relative to the magnetic field. If the
remaining contribution from the Lorentz force is combined
with Newton’s second law of motion, which describes the
relation between force, mass and acceleration, the differential
equation (2) is generated.

~̇v =
q

m

(
~v × ~B

)
(2)

Equation (2) states that the acceleration of a particle within the
plasma is perpendicular to both the velocity and the magnetic
field. This behaviour is illustrated in figure 1.

From figure 1 and equation (2) a very important fact is
now realised: A particle moving perpendicular to a (locally)
homogeneous magnetic field will start to gyrate around the
field lines and form a circular path. This circular path has
certain properties such as its radius, also called gyro radius
or Larmor radius, and the number of revolutions the particle
makes around the path in one second, also called the gyration
frequency, fg .

In order to motivate the earlier mentioned collision-less
behaviour, the inverse of the gyration frequency, also called
the gyration time, Tg , is studied for a proton

Tg = f−1g =
2πmp

|q|| ~B|
≈ 6.556

| ~B|
· 10−8. (3)

For toroidal fusion devices such as Tokamaks the magnetic
field is often in the order of Teslas, e.g. the TEXTOR Tokamak
with a magnetic field strength of 3 T [7], which means that the
gyration time for protons inside Tokamaks is of the order 10−8

s.

44 Fusion power generation

e 

D 

v

z

b 

Figure 3.4 Electron with velocity v and impact parameter b “colliding” with a stationary deuterium
nucleus.

deflect the orbits preventing the particles from getting very close to one another. In other
words, for small relative velocities the cross section for a nuclear collision will be very, very
small. As the relative velocity increases, the Coulomb repulsion has a smaller effect and the
cross section increases. Thus, the cross section is in general a function of relative velocity:
! = ! (|v2 ! v1|). Combining these modifications leads to the following generalization of
the reaction rate:

R12 =
!

f1(v1) f2(v2) ! (|v2 ! v1|) |v2 ! v1| dv1dv2

= n1n2"!v#. (3.14)

Here, the definition of "W # from Eq. (3.13) has been used to obtain the second form of R12.
Lastly, note that for like particle collisions

R11 = 1
2

!
f1(v1) f1(v2) ! (|v2 ! v1|) |v2 ! v1| dv1dv2

= 1
2 n2

1"!v#. (3.15)

The factor 1/2 appears because when integrating over the two velocities v1, v2 each collision
is counted twice.

Second generalization of the reaction rate

The expression for the reaction rate just presented works well for calculating the fusion
power produced by short-range nuclear collisions in which each collision produces an
identical amount of energy Ef. In other words, the generalization of Eq. (3.10) can be
written as

Sf = Ef n1n2 "!v#. (3.16)

The second generalization corresponds to the situation where the interaction force is long
range in nature and the particle quantity of interest itself depends upon the relative velocity
and the geometry of the collision. This is typical of Coulomb collisions, which are very
important in fusion physics.

To understand the issue, consider the Coulomb interaction of an electron (the incident
particle) with a deuterium nucleus (the target) as shown in Fig. 3.4. Note that the geometry of

Fig. 2. An electron subjected to a Coulomb collision with a stationary
Deuterium nucleus [5].

The gyration time is the smallest time scale that is taken
into account in this report. If a particle is studied for only a
small amount of gyrations, the particle’s spatial position can
be known with good accuracy. However, during longer time
scales other effects need to be taken into account, such as
Coulomb collisions and plasma turbulence. In this report, only
the effect of Coulomb collisions are explained and discussed.

1) Coulomb Collisions: If the plasma is modelled as a gas
of ions, each particle will generate an electric field according
to Gauss’s law. Two ions in proximity to each other will
experience the Coulomb force that attracts or repel the ions to
one another. The scalar expression for the magnitude of the
Coulomb force is presented in (4).

|~F | = ke
|q1q2|
r2

(4)

Equation (4) states that the exerted force is large when the
particles are close to one another, and is proportional to
the inverse distance squared. Particles with different sign of
the charge will attract and particles with equal sign of the
charge will repel. The Coulomb force, combined with the fact
that plasma has a low density and high temperature, makes
the particle unlikely to preform classic kinetic collisions, i.e.
collisions can be described by the particles physically bumping
into one another like the balls in a game of pool. Instead, the
particle will be subjected to a more slow type of collision, only
noticeable after a series of cumulated Coulomb collisions. The
low collision rate makes the particle change course on a time
scale that is order of magnitude longer than that of the gyration
time, and its effect is therefore neglected in this report.

C. Particle Guiding Centre

If a particle has started moving inside a magnetic field, its
velocity may be divided into two components: perpendicular
to the magnetic field, v⊥, and parallel to the magnetic field,
v‖. The perpendicular component, as described earlier, forces
the particle to gyrate and the parallel component makes the
particle move along the field lines. The resulting particle
motion will be a helical path following the magnetic field. If
only the centre of this helical path is studied, it is referred
to as the guiding centre path and it is usually parallel to
the magnetic field lines. The guiding centre is the easiest
way to understand how a particle moves with respect to the
surrounding magnetic field. An example of a particle moving
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Fig. 3. Motion of a proton within an approximate Tokamak magnetic field.
The helical path is the true path of the particle an the other path is the guiding
centre.

through a magnetic field and its guiding centre is shown in
figure 3.

D. Particle Initial Condition

In order to solve the differential equation described in
section II-B it is essential that a particle is given an initial
velocity for the motion to continue. A stationary charged
particle within a time invariant magnetic field will remain
stationary.

The high temperature of fusion plasmas results in a high
thermal energy, often in the ranges of 10-40 keV for reaction
between Deuterium and Tritium. When the energy, E, is
known, and not large enough to generate relativistic motion,
the magnitude of the particles velocity, |~v|, can be calculated
using the definition provided by classical mechanics, described
in equation (5).

E =
1

2
m|~v|2 ⇔ |~v| =

√
2E

m
(5)

Since equation (5) only computes the magnitude of the veloc-
ity vector, further relationships between the particleäs motion
relative to the magnetic field is required.

Since the toroidal magnetic field in a Tokamak is larger than
the poloidal magnetic field, which will be shown in section IV,
a good first approximation of the magnetic field is a strictly
toroidal field that lies in the (x, y)-plane. It is now possible to
define the pitch angle, ϕp, which is ϕp = π/2− ϕ̄p and ϕ̄p is
the angle between the velocity vector, ~v, and the approximate
magnetic field, ~B 1.

However, the relationship that describes the pitch angle in
(6) is approximative and assumes that the magnetic field can be
written on the form ~B = B~ey and the particle initial position
is at y = 0.  vx =

√
2E
m cosϕp

vy =
√

2E
m sinϕp

(6)

III. GEOMETRIC MODELLING

In order to compute the magnetic field inside a toroidal
fusion device, e.g. a Tokamak, it is important to analyse the

1ϕ̄p is the conventional definition of the pitch angle. In this report the angle
ϕp = π/2 − ϕ̄p is used instead.

Fig. 4. A ring torus [8].

Fig. 5. Representation of toroidal angle (long arrow) and poloidal angle
(short arrow) [9].

geometric properties of the torus, which can be used as an
approximation of the reactor vessel in such devices.

A torus is the shape generated when the centre of a circle
with radius Rmi is rotated around another circle with radius
Rma. Here Rma is refereed to the major radius and Rmi is
referred to as the minor radius. An example of a torus is
displayed in figure 4. If Rma > Rmi the torus is referred to as
a ring torus, and this is the approximate shape of a toroidal
fusion device.

A. Toroidal Coordinate System

The symmetrical properties of the torus makes it possible to
define a coordinate system more suitable for describing points
within the torus rather than using classic Cartesian coordinates.
The toroidal coordinate system is based on two angles and a
distance and is defined as follows:
• The toroidal angle, φ, is defined as the angle that in-

creases or decreases as an object moves through the torus.
It lies in the interval 0 ≤ ϕ < 2π and is represented by
the long arrow in 5.

• The poloidal angle, θ, is defined as the angle that in-
creases or decreases as an object moves along the inner
wall of the torus. It lies within the interval 0 ≤ θ < 2π
and is represented by the short arrow in figure 5.

• The radius, r, is defined as the distance from the point
to the central axis, i.e. the centre on the circular toroidal
cross section in this report.

The relationship between the toroidal coordinate system and
the classic, Cartesian coordinate system is described by equa-
tion system (7) x(φ, θ, r) = (Rma + r cos θ) cosφ

y(φ, θ, r) = (Rma + r cos θ) sinφ
z(φ, θ, r) = r sin θ

(7)

where Rma is the major radius of the torus and treated as a
constant.
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B. Toroidal Unit Vectors

With the toroidal coordinate system defined, it is important
to find the basis vectors of the toroidal coordinate system
expressed as linear combinations of the standard basis. This
is essential, since the differential equation (2) uses the cross
product defined in the standard basis, while the magnetic field,
which will be shown in section IV, is much easier to describe
in the toroidal basis.

Since the toroidal coordinate system can be regarded as a
curvilinear coordinate system relative to the standard basis, the
new basis vectors can be computed according to equation (8)
[10].

~eφ =
∂x(φ, θ, r)

∂φ
êx +

∂y(φ, θ, r)

∂φ
êy +

∂z(φ, θ, r)

∂φ
êz (8)

The vector ~eφ is the vector that has the same direction as
the unit vector êφ. However, it is scaled and is possibly not
a unit vector since its length may be |~eφ| 6= 1 and requires
normalization.

In equation (8) the computation of the new basis vector
direction ~eφ is described. The process is the same for compu-
tation of ~eθ and ~er, though the derivatives are exchanged to
∂
∂θ and ∂

∂r , respectively. Performing the computation generates
the directions of the basis vectors accordingly

~eφ =
(
~ex ~ey ~ez

)
·

−r sinφ cos θ −Rma sinφ
r cosφ cos θ +Rma cosφ

0

 (9)

~eθ =
(
~ex ~ey ~ez

)
·

−r cosφ sin θ
−r sinφ sin θ

r cos θ

 (10)

~er =
(
~ex ~ey ~ez

)
·

cosφ cos θ
sinφ cos θ

sin θ

 . (11)

By normalizing the vectors ~eφ, ~eθ and ~er the corresponding
unit vectors êφ, êθ and êr are obtained.

C. Transformation of Coordinates

Equations (9) - (11) state, that in order to compute the
new basis vectors, it is essential that the toroidal angle φ,
the poloidal angle θ, and the radius r, are known. Since the
particle position will be known in Cartesian coordinates, it is
important to find a transformation from Cartesian coordinates
to toroidal coordinates. This is solved by studying the equation
system (7).

Through substitution, the toroidal angle can be obtained
using (12).

y

x
=

sinφ

cosφ
= tanφ ⇔ φ = arctan

y

x
(12)

However, since the result domain of for the inverse tangent
function in (12) only spans the interval (−π2 ,

π
2 ) while the

toroidal angle is defined in the domain (0, 2π], a numerical
scheme is implemented for four-quadrant inverse tangent [11].

Fig. 6. A magnetic field generated from an electric current described by
Ampere’s law [12].

If the torus is located symmetrically around the z-axis with
toroidal symmetry line in the z = 0 plane, the toroidal radius,
r, can be obtained using Pythagoras theorem described in (13).

r =

√(
Rma −

√
x2 + y2

)2
+ z2 (13)

Finally, the poloidal angle can be obtained using equation (14).

z = r sin θ ⇔ θ = arcsin
z

r
(14)

However, since the result domain of the inverse sine function
only spans the interval [−π2 ,

π
2 ], it is appropriate to rewrite

it as a inverse tangent function, described in equation (15),
and then implement the numerical scheme for four-quadrant
inverse tangent again.

θ = arctan

(
z√

x2 + y2 −Rma

)
(15)

IV. MAGNETIC MODELLING

In order to confine a fusion plasma within a Tokamak, a
helical magnetic field that rotates along the torus is required.
This is achieved by using a set of toroidal field coils and by
driving a plasma current [5].

A. Toroidal Magnetic Field

The toroidal magnetic field is generated by using a series of
coils symmetrically placed around the torus. The total current
that flows around the torus in the poloidal direction is the
current in each coil, IC , multiplied by the number of windings
per coil, NW , and lastly multiplied by the number of coils,
N . Using Ampere’s law, the toroidal magnetic field inside the
torus can be approximated using (16).

∮
C

~B d~l = µ0

∫∫
S

~J d~S = µ0Ienc = µ0NNW IC (16)

Since the magnetic field is constant in the toroidal direction
due to the nature of Ampere’s law as shown in figure 6 the
resulting toroidal magnetic field can be written on the form
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Fig. 7. The relationships between the drift motion, the magnetic field and
the magnetic field gradient. The right drift motion is for a negatively charged
particle and the left a positively charged particle [13].

~B = Btêφ where Bt is calculated according to (17) using the
relationship described in (16).

Bt(R) =
µ0NNW IC

2πR
= Bt(x, y) =

µ0NNW IC

2π
√
x2 + y2

(17)

B. Poloidal Magnetic Field

In order to generate a helical magnetic field, a poloidal
field component perpendicular to the toroidal field is required.
The poloidal magnetic field is generated by driving a plasma
current, IP , through the torus. The plasma current is driven
using a solenoid placed at the centre of the torus, acting as
the primary winding of a transformer, while the secondary
winding is the plasma itself. If the resulting current flow is
regarded as homogeneous inside the torus, the resulting current
density within the torus is described by (18).

~J =
IP
πR2

mi
~eφ (18)

Now, using Ampere’s law, earlier described in (16), the
poloidal magnetic field component at a distance r from the
centre of the toroidal cross section can be approximately
calculated using (19), by assuming the torus is bent only
slightly.

Bp(r) =
µ0πr

2| ~J |
2πr

=
1

2
µ0r| ~J | (19)

The total, resulting magnetic field is now described as a sum
of the toroidal and the poloidal field component in (20).

~B = Bt~eφ +Bp~eθ (20)

C. Magnetic Drift

Because the resulting magnetic field, ~B, is inhomogeneous,
the particles within the plasma will experience a drift motion
caused by the magnetic field gradient. The magnetic field is
also curved, resulting in a curvature drift that is caused by the
centrifugal force. The drift velocity of the particle caused by
these two phenomena is described by equation (21) [5].

~vD =
v2⊥ + 2v2‖

4πfg

~B ×∇| ~B|
| ~B|2

(21)

From equation (21) it is realised that the direction of the
magnetic drift is perpendicular to both the magnetic field
gradient and the magnetic field. This behaviour is described
in figure 7.

Fig. 8. Representation of different magnetic flux surfaces and the magnetic
field associated with each surface in an RFP device [14].

D. Magnetic Flux surfaces

A magnetic flux surface is the surface generated when
following a single magnetic field line inside a Tokamak for
a large set of toridal revolutions. Since the helical magnetic
field is bent around the torus, the poloidal component varies
depending on poloidal angle, θ, and the field line will in
general not end where the field line start after a fully performed
toroidal revolution. Instead it starts to weave a so called
magnetic flux surface.

The number of magnetic flux surfaces is infinite, and all
surfaces will have a slightly different magnetic field associated
with each surface. If the radius r → Rmi, the poloidal field
component will reach its maximum, and the resulting magnetic
field helix will have a relatively small level of inclination.
If the distance r → 0 the poloidal field component will
decrease, and the resulting magnetic field helix will have an
increasingly high level of inclination and finally be infinite,
i.e. the magnetic field will be strictly toroidal. The helical
behaviour on different flux surfaces is depicted in figure 8.

E. The Safety Factor

In order to use a convenient expression for the relationship
between the poloidal field strength and the toroidal field
strength, the safety factor is used. It is defined as the number
of toroidal revolutions the magnetic field requires in order to
perform one poloidal revolution. A strong toroidal field results
in a high safety factor and vice versa. The safety factor can
be approximately defined according to equation (22) [5].

Q =
rBφ
RmaBθ

(22)

The term safety comes from Magnetohydrodynamics, MHD,
where the safety factor is related to plasma stability [5].

V. NUMERIC IMPLEMENTATION

A. The MATLAB R© Environment

The simulation environment, developed to compute the
magnetic field inside the Tokamak and to solve the particle
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TABLE I
EXPERIMENT PARAMETERS BASED ON THE TEXTOR TOKAMAK.

Name Denotation Value
Major radius Rma 1.75 m
Minor radius Rmi 0.47 m

Toroidal field coils N 16
Winding per coil NW ≈ 60

Toroidal coil current IC ≈ 27 kA
Plasma current IP 800 kA

orbit, is described in full detail in appendix A. The environ-
ment mainly consists of the following components:
• One script for invoking the different routines in correct

order and for basic user input.
• Two input functions for loading of physical constants,

e.g. the permeability of vacuum, and machine parameters.
The input functions can be edited in order to change
simulation parameters, e.g. simulation time and driven
plasma current.

• Four functions for computing the magnetic field at a
spatial point in the Tokamak.

• One function for computing the initial velocity of the
particle.

• One function for invoking the numeric differential equa-
tion solver. Can be edited in order to set the solver’s nu-
merical parameters, e.g. relative tolerance and maximum
step length.

• One function for computing of the particle guiding centre
path, given the true particle path returned by the solver.

• One function for generating three dimensional plots and
two dimensional projections of the particle orbits.

As a compliment to the developed environment, a series of
analysing scripts were developed to collect and compare data
from different simulations.

B. Construction Parameters

In order for the model to generate realistic results, the exper-
imental parameters are based on the physical construction of
the TEXTOR Tokamak, located at Forschungszentrum Jülich
in Germany [7]. Experiment parameters used in the model are
presented in table I.

The toroidal coil current, IC , is calculated using the fact
that the toroidal magnetic field on the magnetic axis within
the TEXTOR Tokamak is 3 T [7]. The number of windings
per toroidal field coil is an approximate number due to the
fact that the data was obtained orally from an engineer at the
TEXTOR facility during a visit to Forschungszentrum Jülich,
Germany.

C. Particle Parameters

For the sake of simplicity and easier analysis of the sim-
ulation results, the initial position and the thermal energy of
the plasma particle are fixed during all simulations analysed
in this report. The particle simulated is a proton throughout all
simulations. All initial condition and particle parameters are
presented in table II.

TABLE II
INITIAL CONDITION AND PARTICLE PARAMETERS

Name Denotation Value
Energy E 20 keV
Mass mp ≈ 1.6726 · 10−27 kg

Charge e ≈ 1.6022 · 10−19 C
Toroidal angle φ 0 rad
Poloidal angle θ 0 rad
Poloidal radius r Rmi/2 m

x(φ, θ, r) Rma +Rmi/2 m
y(φ, θ, r) 0 m
z(φ, θ, r) 0 m

Pitch angle ϕp 0.1π ≤ ϕp ≤ 0.5π rad
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Fig. 9. Three dimensional plot of particle path with TEXTOR based
simulation parameters and ϕp = 0.1π.

VI. RESULTS & ANALYSIS

A. TEXTOR based simulation

If all parameters are fixed according to table I and II and the
pitch angle is selected to be ϕp = 0.1π the resulting particle
orbit is presented in figure 9.

The path in figure 9 shows that the particle performs
bounces when the poloidal angle, θ, reaches a certain point,
θ = ±θb. This is better visualized if the particle path is
projected to a two dimensional plot. The projection is achieved
by performing the mapping described in (23).{

R(x, y, z) =
√
x2 + y2

z(x, y, z) = z
(23)

The two dimensional projection with the TEXTOR based
parameters and ϕp = 0.1π is presented in figure 10. If the two
dimensional projection of the particle path displays the trapped
behaviour illustrated in figure 10 the particle is referred to as
trapped since its guiding centre doesn’t perform circular orbits
around the centre of the torus cross section.

The trapped behaviour depicted in figure 10 is caused by
the inhomogeneous magnetic field. The magnetic field gradient
points towards the z-axis and therefore the magnetic pressure,
described in (24), increases as the particle moves towards
smaller R.
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Fig. 10. Two dimensional projection of particle path with TEXTOR based
simulation parameters and ϕp = 0.1π. The dashed lines are a representation
of the different magnetic flux surfaces.

Fig. 11. The resulting force on particles gyrating in a magnetic field of
constant and changing magnetic field density.

Pm =
| ~B|2

2µ0
(24)

The increasing magnetic pressure is related to the increasing
density of the magnetic field, | ~B|. This increasing density is
illustrated by a compression of the magnetic field lines. This
effect causes the particle not only to accelerate towards the
guiding centre, but also in the direction reverse that of the
magnetic field gradient. A graphic representation of this effect
is displayed in figure 11.

If the particle follow the field lines in a magnetic field with
an increasing magnetic field strength, its parallel velocity will
decrease due to the force experienced by the particle. If the
initial parallel velocity is small, the parallel velocity will de-
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Fig. 12. Three dimensional plot of particle path with TEXTOR based
simulation parameters and ϕp = 0.3π.

crease and finally reverse its direction due to the acceleration.
If the particle has a large parallel velocity, it will be able
to overcome the increasing magnetic pressure and continue
its parallel motion after the magnetic compression occurred.
However, its parallel velocity is smaller after traversing this
magnetic threshold.

During the motion inside the Tokamak, the particle will be
affected by the magnetic drift and will move from one flux
surface to another. When the particle changes flux surface,
the magnetic field affecting it changes and makes the particle
following a new field line. It is this difference in flux surface,
that creates the characteristic shape depicted in figure 10.

If the pitch angle is increased, e.g. to ϕp = 0.3π, the ratio
between the parallel and perpendicular velocity of the particle
increase and this makes the particle able to move along the
field line and overcome the magnetic pressure. The resulting
projected particle path is an approximate circle. An example of
such a passing particle orbit is depicted in a three dimensional
plot and a two dimensional projection in figure 12 and 13,
respectively.

1) The Confinement Width: In order to relate the different
particle orbits to the concept of confinement, it is essential
to define a numerical measurement of how well the particle
is confined. A simple, yet intuitive measure, is the maximal
confinement width defined by equation (25).

w = max(r)−min(r) (25)

The confinement width can be seen as the particles tendency to
move across different flux surfaces during a transit- or bounce
period, i.e. during the time to complete one circular revolution
around the magnetic axis (transit period) or one complete
bouncing orbit at the side of the magnetic axis (bounce time).
If the confinement width is large, the particle traverses a large
set of flux surfaces and if w → 0 the particle is fixed to move
along one flux surface. The confinement width is displayed
for a trapped and passing particle orbit in figures 14 and 15
respectively.

In the field of fusion, the level of confinement is the
ability to retain particles within the plasma and prevent them
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Fig. 13. Two dimensional projection of particle path with TEXTOR based
simulation parameters and ϕp = 0.3π. The dashed lines are a representation
of the different magnetic flux surfaces.
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Fig. 14. Representation of max(r) (long arrow) and min(r) (short arrow)
for a trapped particle orbit.
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Fig. 15. Representation of max(r) (long arrow) and min(r) (short arrow)
for a passing particle orbit.
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Fig. 16. Confinement width, w, as a function of pitch angle, ϕp, with
TEXTOR based simulation parameters.

from touching the plasma vessel. Particles leaving the plasma
and interacting with the wall makes the plasma lose thermal
energy.

If a particle is confined within the magnetic field, it will
not lose confinement according to the model developed in this
report, since collisions and other transport effects are not taken
into account. However, if a plasma particle is subjected to a
collision, its orbit may shift towards the vessel wall. If the
particle is repeatedly subjected to collisions, its orbit will move
closer to the wall and finally, intersect the vessel wall, leading
to the loss of the plasma particle. The distance of the orbital
shift a particle is subjected to is proportional to its orbital
width, i.e., its confinement width, w.

A large confinement width makes the particle lose con-
finement after a relatively small number of collisions, whilst
particles that experience a small confinement width requires
a larger amount of collisions in order to lose confinement. A
small confinement width is therefore desired.

B. Pitch Angle Relationship

The different particle behaviours in figures 10 and 13
suggests that the particle motion is dependent on the pitch
angle, ϕp, i.e. the initial condition of the particle. At a low
pitch angle the particle becomes trapped and at a large pitch
angle, the particle becomes passing. In order to find the angle
of behaviour transition, ϕT , the confinement width is studied
as function of the pitch angle. The result is shown in figure
16.

Figure 16 shows that a trapped to passing behaviour thresh-
old is present somewhere in the the interval ϕp ≈ 0.24π ≈
0.75 when TEXTOR based simulation parameters are used.
More importantly, at the point of behaviour transition, the
confinement width is approximately halved meaning that the
confinement width of the trapped particle just before the point
of transition is double that of the passing particle confinement
width just after point of transition. This transition behaviour is
easier to interpret if a two dimensional projection of a particle
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Fig. 17. Two dimensional projection of particle orbit using ϕp = 0.245π
and TEXTOR based simulation parameters.
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Fig. 18. Two dimensional projection of particle orbit using ϕp = 0.248π
and TEXTOR based simulation parameters.

orbit with pitch angle close to the angle of transition is studied.
A two dimensional projection using ϕp = 0.245π is shown in
figure 17.

Figure 17 shows, that the particle almost performs a circular
loop before it bounces and traverses a different flux surface in
the backwards direction. If a pitch angle is selected so that it’s
slightly larger, the inner circular loop will be fully completed,
leading to the passing particle behaviour depicted in figure 18.
The ratio between the confinement width in figure 17 and 18
is approximately two.

C. Plasma Current Relationship

Since the plasma current generates the poloidal magnetic
field inside a Tokamak, it may be an important factor concern-
ing plasma confinement. In order to examine the relationship
between the plasma current and single particle confinement,
the confinement width is studied as a function of an increasing
plasma current. A set of two dimensional particle projections
for a trapped and passing particle with a fivefold larger plasma
current is depicted in figure 19 and 20 respectively.
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Fig. 19. Two dimensional projection of particle orbit with ϕp = 0.1π,
IP = 4 MA and otherwise TEXTOR based parameters.
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Fig. 20. Two dimensional projection of particle orbit with ϕp = 0.3π,
IP = 4 MA and otherwise TEXTOR based parameters.

Figure 19 and 20 shows that the trapped particle orbit pro-
jection becomes more compressed, and the particle traverses
a smaller number of flux surfaces. For the passing particle,
the projected orbit asymptotically becomes a circle with its
centre at the magnetic axis. The behaviour shows that the
confinement width decreases as the plasma current increases.
The dependency is depicted in figure 21 and 22.

Figure 21 and 22 shows that the confinement width decrease
as the plasma current increases. In order to set up a model
to describe this relationship, the transit time for a particle is
studied.

The transit time is the time it takes for a particle to complete
one bouncing or passing orbit and can be estimated as

Ttransit ≈
L

v
=

2πQR

v
(26)

where L is the orbit length and v is the guiding centre velocity
during the transit motion and can be approximated as the mean
of the parallel velocity, v ∝ 〈v‖〉. The confinement width is
now considered as a function of the magnetic drift velocity,
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Fig. 21. Relationship between the confinement width, w, and the plasma
current, IP , when ϕ = 0.1π and otherwise TEXTOR based parameters are
used. Dotted line represents fitted analytic inverse function.
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Fig. 22. Relationship between the confinement width, w, and the plasma
current, IP , when ϕ = 0.3π and otherwise TEXTOR based parameters are
used. Dotted lined represents fitted analytic inverse function.

~vD.

w ∝ vDTtransit = vD
L

v
(27)

Using equation (21), i.e. vD ∝ v2(RB)−1, and the earlier
mentioned orbit length, the confinement width can be ex-
pressed as

w ∝ v2

BR

QR

v
∝ Q

B
(28)

or
w ∝ rB

RBθ

1

B
∝ 1

Bθ
. (29)

Finally, since the poloidal magnetic field is proportional to the
plasma current w ∝ I−1P . From this relationship, a simple one
parameter model described in (30) can be used to estimate
how well the simulation data fits the model.

w =
k

IP
⇔ k = IPw (30)

All data points provided in figure 21 and 22 are used to
generate a series of estimates of parameter k. The two series
of k-estimations, one for the trapped particle and one for
the passing particle, are then analysed using relative standard
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Fig. 23. Dependency between the confinement width, w, and the safety factor,
Q, when ϕp = 0.1 and otherwise TEXTOR based simulation parameters are
used.
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Fig. 24. Dependency between the confinement width, w, and the safety factor,
Q, when ϕp = 0.3 and otherwise TEXTOR based simulation parameters are
used.

deviation. The resulting deviations are 1.3 % for the trapped
particle dependency and 6.7 % for the passing particle. This
data leads to the conclusion, that the dependency between
the confinement width and the plasma current are inversely
proportional.

If the relationship between the safety factor, which is recur-
sively dependent on the plasma current, and the confinement
width is studied, the result is a linear dependency as depicted
in figure 23 and 24.

Since the safety factor is defined according to equation
(28), the linear dependency between the safety factor and the
confinement width confirms that the relationship between the
confinement width and the plasma current is indeed an inverse
relationship.

VII. CONCLUSIONS

In this report, an analytic model for computing the orbit
of a single charged particle within a toroidal fusion device
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with properties similar to that of a Tokamak has been de-
veloped. The model has been numerically implemented using
MATLAB R© software and utilized to perform a series of
numerical studies concerning the particle orbit response to
changes in input parameters, i.e. changes in machine configu-
ration and particle initial conditions.

The studies have shown that the particle displays different
motion behaviours due to differences in the initial conditions
and is therefore dependent on the particle motion relative
to the surrounding magnetic field. The studies also showed
that the type of particle behaviour, i.e. trapped or passing, is
independent of the driven plasma current.

At the point of transition between the trapped and passing
particle behaviour, the confinement width is approximately
halved.

A larger plasma current improves the particle confinement
within a Tokamak, and the relationship between the confine-
ment width and the plasma current is sufficiently modelled
using the inverse function, i.e. w ∝ I−1P .
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Temperaturmätning av Plasma i Fusionsreaktor
Noj Kazemi och Johan Linder

Sammanfattning—Genom att använda två olika metoder,
Thomsonspridning och Spektrallinjebreddning kan temperaturer
för elektroner samt joner i plasma beräknas under körningar
med fusionsreaktorn EXTRAP T2R på KTH. Detta är välkända
metoder för att mäta temperaturer i fusionsplasma och målet
med detta projekt var att med teoretiska och praktiska me-
toder analysera och jämföra dessa två. Sammanfattningen
visar att temperaturen för elektroner och joner ökar med
plasmaströmmen men att de förhåller sig olika. Samt att
mätningsmetoderna har för och nackdelar som komplementerar
varandra.

Index Terms—Thomsonspridning, Spektrallinjebreddning,
Plasma, Jontemperatur, Elektrontemperatur,

I. INTRODUKTION

A. Bakgrund

V ÄRLDENS energibehov ökar i takt med att jordens
befolkning ökar och detsamma gör de dagliga utsläppen

[1]. I dagens miljöfrågor är framtidens energikällor en viktig
fråga, som förnyelsebara energikällor och energikällor med
minskade risker och utsläpp. I jakten på nya, effektiva och
riskfria energikällor kan en lösning till energifrågan vara
fusionskraft. Till skillnad från den kärnkraft som används idag
dvs fission, löper inte fusionskraft några risker för katastrofer
och radioaktiva restprodukter är betydligt mindre. Trots detta
innehar fusionskraft potentiella möjligheter till framställning
av energi vilka verkar nästan obegränsade [2]. I dagsläget är
fusionskraft bara i ett forskningsstadium, men dess teoretiska
möjligheter gör den till ett mycket hett ämne i dagens energi-
frågor och det världssatsas på gemensamma projekt som bland
annat ITER [3].

B. Fusionsreaktor

I en fusionsreaktor sammanslås deuterium-och tritiuma-
tomkärnor, detta kallas fusion. Vid sammanslagningen kom-
mer tyngre atomerkärnor bildas och det kommer frigöra en
mycket stor del energi. Denna energi kommer ge upphov till
en stor värmeutveckling som kommer tas tillvara. För att en
fusion skall vara möjlig måste ämnena vara i aggressionstill-
ståndet plasma. Fördelen med använda deuterium och tritium
är att dessa finns i stor skala. Detta då deuterium utvinns ur
vatten och tritium ur litium [2].

C. Problembeskrivning

I en fusionsreaktor värms atomerna upp tills att de är i ett
plasmatillstånd för att möjliggöra fusion. Fusion är en process
där atomkärnor smälts samman och bildas till en annan atom.
En atom är i ett plasmatillstånd när atomen faller samman.
Detta händer endast vid mycket höga temperaturer det vill
säga plasma är väldigt varmt ända upp till flera miljoner

Kelvin. Den extremt höga temperaturen gör det svårt att mäta
temperaturen på sedvanligt vis med en termometer [4]. Därav
krävs det metoder för att kunna beräkna fram temperaturen för
plasman. Då temperaturen är en viktig del av fusionsprocessen.

II. METOD

A. Spektrallinjebreddning

Detta är en metod för att mäta temperatur i plasma, ge-
nom att studera den ljusenergi som det förorenade joniserade
syret emitterar i plasman. Detta då en syrejon har en hög
koncentration, därav är det lättare att göra mätningar på den.
Jonerna emitterar foton energi eftersom elektronerna faller
från ett högre energitillstånd. På grund av detta uppstår en
dopplereffekt, då jonen kommer att ha en viss hastighet och
fotonenergin har en hastighet av ljusets hastighet. Detta medför
en viss skillnad i våglängd.

∆λ = ±v
c
λ0 (1)

Där v är hastigheten för jonen i plasman, c är ljusets hastighet
och λ0 är den våglängd som jonen har.

Jonerna kommer att ha en viss termisk hastighet
i plasmaströmmen som kan beskrivas med Maxwell-
Boltzmannfördelningen vid jämvikt.

dN =
N√
πvt

e
−
(
v−v0
vT

)2

dv (2)

dN är de specifika joner som rör sig med hastigheter inom
intervallet av v och N är då den totala mängden av joner som
emitterar fotoner. v0 är den hastighet som plasman rör sig
i och vT är den termiska hastigheten för jonerna. Eftersom
spektrallinjebreddning beror utav ∆λ substitueras v till ∆λ,
detta ger [5].

dN =
N√
π∆λD

e
−
(

∆λ−λs
∆λD

)2

d∆λ (3)

Där ∆λD kommer från den dopplereffekt som sker för den
termiska hastigheten och λs är för den dopplereffekt som sker
för den hastighet som plasman rör sig i.

∆λD =
vt
c
λ0, ∆λs =

v0
c
λ0 (4)

Detta ger att exponenten i ekvation (2) blir.

v − v0
vt

=
∆λ− λs

∆λD
(5)

Ekvation (3) fås genom den substituering som görs av ekvation
(1) och i ekvation (4).

För att få en funktion för det emitterade ljuset som plasman
avger, antas plasman vara väldigt tunn vilket leder till att det
emitterade ljuset är proportionell mot det ljus en jon emitterar.
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Alltså mot det antal dN som emitteras. Detta ger en gaussisk
funktion för intensiteten beroende på våglängden ∆λ.

I(∆λ) =
It√
π∆λD

e
−
(

∆λ−λs
∆λD

)2

(6)

Ekvation (6) är en gaussisk funktion och bredden vid halva
maximum (figur 1) kommer att vara det som avgör vad
temperaturen för jonen är, då temperaturen beror endast av
detta. Bredden för denna gaussiska funktionen tas fram genom
ekvation (7).

∆λBREDD = 2
√
ln2∆λD (7)

∆λBREDD

λ [Å]

I
(λ

)

Figur 1: Graf över fördelningen som sker

Utifrån ekvation (7) och den termiska hastigheten vt kan
temperaturen tas fram, då den termiska hastigheten kan be-
skrivs genom detta.

vt =

√
2eTi
mi

(8)

Detta kan kombineras med uttrycket för ∆λ i ekvation (4) och
med ekvation (7) vilket ger [5] [6].

Ti =
mic

2

8 e ln2

(
∆λBREDD

λ0

)2

(9)

Där mi = 2.67 × 10−26 är massan för joniserat syre och
e = 1.60217657× 10−19 är laddningen för en elektron för att
få temperaturen i enheten elektronvolt [eV].

För att kunna räkna fram temperaturen används en spektro-
meter som analyserar det ljus som frigörs av jonerna i plasman.
När detta görs, fås mätdata som ger en viss ljusintensitet bero-
ende på våglängden av ljuset som frigjorts. Dessa mätvärden
anpassas med en Gaussisk funktion då mätvärdena fördelar
sig enligt Maxwell-Boltzmannfördelning. Ekvation (6) skrivs
om till ekvation (10) då denna används för anpassningen för
mätvärde.

y = ae
− (x−b)2

c21 (10)

Detta ger figur (2) med mätvärden och en anpassning av
dessa med ekvation (10). Med hjälp av ekvation (10) som alla
mätvärden anpassas med kommer man att få fram konstanten
c1, vilket kommer att vara densamma som ∆λ som används
för att ta fram temperaturen.
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Figur 2: Mätdata anpassas efter en Gaussisk funktion

Där efter kan temperaturen tas fram med hjälp av bredden
vid halva maximum (ekvation 7) och sedan använda ekvation
(9).

B. Thomsonspridning
Utöver Spektrallinjebreddning finns det andra metoder för

att analysera temperaturen i plasman. Den andra metoden
som använts i detta projekt är Thomsonspridning vilken mäter
temperaturen av elektronerna som finns i plasman. Vid denna
metod används i huvudsak en laser samt en spektrometer. En
laser skickas in i fusionsreaktorn och genom en lins fokuseras
strålen till en punkt i plasman. Efter sin väg genom plasman
absorberas lasern för att förhindra att den reflekteras och
kan påverka mätningen. Vinkelrätt mot den infallande lasern
används en spektrometer för att avläsa det ljus som emitterats.
Se figur (3).

Figur 3: Bild över uppställning för Thomson mätningen

Laserns elektromagnetiska våg Ei beskrivs av ekvation (11).

Ei = Ei0e
(i(ki·r−ωit)) (11)

Då den elektromagnetiska vågen går igenom plasman kommer
denna att kollidera med elektroner vilka kommer emittera
energi i form av ljus. Ljusvågens elektriska fält Es beskrivs
av ekvation (12).

Es = Es0e
(i(ks·r−ωst)) (12)
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Ljusvågen kommer på grund av dopplereffekten ha en skillnad
i våglängd gentemot lasern som är proportionell till elektro-
nens hastighet, detta ses i figur (4).

Figur 4: Laser kolliderar med elektroner som sedan emitterar
ljus.

Då elektronens termiska hastighet är en fördelning kan den
beskrivas med hjälp av Maxwell-Boltzmanns fördelning.

f(v)dv =

√
me

2πkbTe
e
(− mev

2

2kBTe
)
dv (13)

Där me = 9.01093819 × 10−31 är elektronmassan, kB =
1.380650×10−23 är Boltzmanns konstant [7], Te är elektron-
temperaturen samt v är elektronens termiska hastighet. Då
hastigheten v = ω

k subtitueras detta in i ekvation (13), vilket
ger spektralfunktionen S(ω)

S(ω)dω =

√
me

2πkbTe

1

k
e
(− meω

2

2kBTek
2 )
dω (14)

Med hjälp av spektrometern mäts spektralfunktionen S(λ).

S(λ) ∼ e
(− mec

2

4kBTe
( λλi

)2 (15)

Vilket kommer av:

(ω/k)2 =
(ωs − ωi)

2

k2s + k2i
= c2

(λi − λs)
λ2i + λ2s

≈ c2 λ
2

2λ2i
(16)

Detta utav att laserns elektromagnetiska våg samt spektro-
meterns uppmäta ljusvåg är vinkelräta. Som vid spektrallin-
jebreddning kommer temperaturen vara beroende av bredden
vid halva maximum av S(λ) [5] [8] [9].
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Figur 5: De tre bandpassfilterna

I praktiken kommer spektrometerns mätningar passera tre
bandpassfilter med avseende på våglängderna (figur 5), det här
fallet gäller för EXTRAP T2R. De mätdata som analyseras är
faltningar mellan filtren samt spektralfunktionen med avseende
på tiden. Då signalen filtrerats efter vissa våglängder integreras
den för att få den totala signalen med avseende på våglängden.
Då endast tre olika filter används kommer endast tre värden
att fås beroende på filtrens våglängder, vilket ses i figur (6).
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Figur 6: Punkter från integrering av filtrerade mätvärden.

Det är problematisk att med endast tre punkter beskriva
S(λ) med en Gaussisk funktion. Därför används en simulering
av S(λ) med temperaturerna 1-1000eV, vilka filtreras med de
tre filtren. Funktionerna integreras då var för sig för de olika
temperaturerna på samma sätt som mätdatan. Två av dessa
divideras med varandra för alla temperaturerna och då fås figur
(7).
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Figur 7: Kvoten för simulering med punkter

Då kan mätdatan med punkter på samma sätt divideras
för att få en kvot som jämförs med simuleringen och då fås
temperaturen genom att avläsa grafen i figur (8). Här jämförs
M3/M2 mot CH2/CH2 då de har samma filter.
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Figur 8: Kollar temperaturen M3/M2

III. RESULTAT

A. Spektral linjebreddning

Denna typ av mätning sker 40 gånger under en period
från att plasman börjar rotera till att den slutar att rotera.
Detta gör att man ser utvecklingen av hur energin emitteras
då plasman börjar roterar tills att den har en konstant och
hög plasmaström för att sedan sjunka. Detta visar hur energin
börjar gå mot en fördelning som kan beskrivas av Maxwell-
boltzmannfördelningen.
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Figur 9: Detta är första mätningen när plasmaströmmen och
temperaturen är låg

I figur (9) kan man se att det är svårt att anpassa mätvärdena
med hjälp av gaussisk funktion, detta då plasman precis börjat
rotera och jonerna har då inte frigjorts tillräckligt mycket
energi än.
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Figur 10: Då plasmaströmmen är hög

När plasman börjar komma upp i en hög plasmaström fås
denna Maxwell-boltzmannfördelningen vilket kan ses i figur
(10). Vilken är lättare att anpassa som en gaussisk funktion än
i figur (9),
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Figur 11: Slutet av mätning med låg plasmaström

När plasmaströmmen sjunker blir det åter svårare att anpas-
sa mätvärdena. Vilket kan ses i figur (11).

För att få fram temperaturen för denna provtagning togs
bredden vid halva maximum fram med hjälp av ekvation (7)
och ekvation (9) för alla 40 mätningar. Detta för att kunna ta
fram temperaturen över tiden från att plasman börjar rotera
tills att den slutar rotera. Detta ger figur (12), där det även
kan ses att temperaturen är proportionell mot bredden vid
halva maximum av den gaussiska funktionen som mätvärdena
anpassades med.
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Figur 12: Plasmaström, Bredd, Temperatur avseende på tiden

Det gjordes även flera provtagningar med olika plas-
maströmmar för att se hur temperaturen beror utav plas-
maströmmen. För att göra detta togs medelvärdet för tempe-
raturen och plasmaströmmen för alla mätningar som gjordes.
Då medelvärdet togs av temperaturen sker det en standardav-
vikelse vilket kan ses i figur (13).
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Figur 13: Temperatur mot plasmaström med felmarginaler

B. Thomsonspridning

Från varje provtagning med Thomsonspridning fås tre fil-
trerade signaler (figur 14) som kommer från de tre kanalerna
CH1, CH2 och CH3. CH1 motsvarar signal filtrerad med filter
1, CH2 med filter 2 och CH3 med filter 3. Filtren ses i figur
(5)

−200 0 200 400 600 800
170

175

180

185

190

195

200

205

210

T ime [ns]

I
[a
.u
.]

 

 

CH1

CH2

CH3

Figur 14: Mätvärden som fås

Signalerna CH1, CH2 och CH3 vänds individuellt för att
kunna passas in med en Gaussiankurva, se figur(15), figur(16)
och figur(17)
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Figur 15: Mätvärden som passerat filter 1 (CH1).
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Figur 16: Mätvärden som passerat filter 2 (CH2).
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Figur 17: Mätvärden som passerat filter 3 (CH3).

Gaussiankurvorna integreras var för sig och dessa kommer
då anta tre punkter se M1, M2 och M3 figur (6) från tidigare.
Då kvoten mellan funktion CH1/CH2 tenderar att plana
ut, därav det lämpligare att använda kvoten CH3/CH2 för
att hitta temperaturen (se figur 7). De uppmätta värdena M3
och M2 divideras och jämförs med simuleringskurvan där
temperaturen tas fram (se figur 18).

0 200 400 600 800 1000
0

0.2

0.4

0.6

0.8

1

1.2

1.4

1.6

1.8

2

X: 488

Y: 1.316

Te [eV ]
K
v
ot

Figur 18: Temperaturen

På samma sätt görs det för flera olika provtagningar, med
skiftande plasmaström. Då ursprungssignalerna CH1, CH2
och CH3 innehåller en del brus (se figur 15, 16, 17) blir
inte Gaussian anpassningen optimal och får en viss standard
avvikelse. I figur(19) ses olika temperaturer med avseende
på plasmaströmmar och dess standardavvikelser. Standardav-
vikelsen togs fram genom att ta roten ur integralen av anpass-
ningarna för mätvärdena. Detta då integralen är proportionell
mot antalet fotoner som emitteras.
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Figur 19: Temperaturen med felmarginal

Då plasman ger en viss strålning och lasern ger ett visst
ströljus [10] kommer detta att påverka mätningarna. Då detta
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adderas med ljuset som emitteras från elektronerna (se figur
20) kommer mätvärdena anta ett felaktigt värde. Ströljuset
(figur 21) kan mätas och sedan anpassas med en Gaussisk
funktion för att sedan subtraheras från mätvärdena (se figur
22).
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Figur 20: Anpassning av mätning med ströljus
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Figur 21: Anpassning av ströljus
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Figur 22: Anpassning av mätning med ströljus subtraherat
med anpassning av ströljuset

Subtraktionen av ströljuset görs på samma sätt för alla
kanalerna CH1, CH2 och CH3 På samma sätt som för
mätvärdena med ströljus integreras mätvärdena utan ströljus
och antar tre mätpunkter (se figur 6). Punkterna M3 och
M2 divideras och kvoten jämförs med simuleringskurvan där
temperaturen avläses. I figur (23) ses att temperaturen är lägre
än figur (18) då ströljuset var inkluderat.
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Figur 23: Temperaturen

Temperaturen för olika provtagningar utan ströljus ses i figur
(24), där temperaturerna är lägre jämfört med provtagningarna
med ströljus figur (25).
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Figur 24: Temperaturen med felmarginal
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Figur 25: Temperaturen med ströljus och utan ströljus med
felmarginal
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Figur 26: Temperaturen för jon och elektron utan ströljus
med felmarginal

IV. DISKUSSION

En nackdel med spektrallinjebreddning är att man inte
kan mäta temperaturen vid specifika ställen i plasman. Detta
då ljuset emitteras från alla möjliga ställen. Vilket gör att
temperaturen som fås kan vara en lägre temperatur än vad
plasman har i sitt centrum. Då mätvärdena inte är allt för
spridda är det lättare att få en bra anpassning av dessa, vilket
leder till att standardavvikelsen är relativt liten. Det vill säga
att temperaturmätningen blir ganska precist där den mäts.

Det krävs många steg för att analysera och beräkna tempe-
raturen vid Thomsonspridning, då det i praktiken är omöjligt
att beräkna temperaturen mot bredden vid halva maximum
för S(λ). Detta för att S(λ) endast består av tre filtrerade
mätpunkter och inte kan beskrivas med en Gaussisk funktion.
Hade spektrometern bestått av ett tiotal filter skulle det kanske
varit möjligt att göra en Gaussisk funktion och med hjälp
av bredden på kurvan beräkna temperaturen. Som ses vid
figur (25) sjunker den beräknade temperaturen för mätdatan
utan ströljus jämfört med mätdatan med ströljus. Dock ökar
standardavvikelserna för dessa punkter, då det finns en form
av standardavvikelse för Gaussian anpassningen. Dels för
ströljuset och dels för den ursprungliga mätdatan. Det vill
säga då endast mätdatans temperatur beräknas fås endast
en standardavvikelse, medan för mätdatan subtraherat med
ströljuset uppstår två standardavvikelser som därmed ger ett
strörre totalt fel. Med ökad plasmaström ökar temperaturen i
elektronerna för både mätningarna med och utan ströljus se
figur (25).

I figur (26) kan man se att elektronernas temperatur är lite
lägre än vad jonerna är när man kollar vid plasmaströmmen
80−90 kA. Anledningen till att temperaturen för elektronerna
och jonerna inte densamma beror på att de inte hamnar i
jämvikt med varandra. Den tiden de tar för de att hamna i
jämvikt kan visas med ekvationerna i (17).

τee = 3.3 · 1011
T 1.5

nlnΛ
τii = 2.0 · 1013

T 1.5

nlnΛ

√
mi

mp
(17)

τeq = 3.2 · 1014
T 1.5

nlnΛ

√
mi

mp

Där τee är tiden för elektroner att hamna i jämvikt, τii är tiden
för joner at hamna i jämvikt och τeq är tiden för att de ska
hamna i jämvikt med varandra. Genom att använda parametrar
från EXTRAP T2R kan tiderna tas fram. För elektronerna tar
det cirka 0.62 µs att hamna i jämvikt. Det tar däremot lite
längre tid för jonerna att hamna i jämvikt, det tar ungefär
54 µs. Men för att de ska ha samma temperatur vid samma
plasmaström måste de hamna i jämvikt med varandra och
därmed få en gemensam energifördelning. Det tar cirka 850
µs innan de hamnar i jämvikt, men problemet med detta
är att plasman endast innesluts i cirka 0.2 ms i EXTRAP
T2R. Vilket gör att elektronerna och jonerna studsar ut mot
väggarna. Med detta hamnar de aldrig i jämvikt med varandra,
vilket innebär att de aldrig får en gemensam energifördelning
och samma temperatur. [11] [12]
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V. SLUTSATSER

För både elektroner och joner ökar temperaturen med
plasmaströmmen. Spektrallinjebreddning är en relativ säker
mätningsmetod då det är en förhållandevis låg standardavvi-
kelse på mätvärdena figur (13). Den är lätt att utföra praktisk
med den teori som metoden bygger på. Den är dock ganska
begränsad på sätt att det är en passiv mätningsmetod där inte
mätningen kan riktas till önskat område i plasman.

Thomsonspridning kan mäta specifika punkter i plasman
tack vare att det är en aktiv mätning där lasern kan riktas. Den
har dock relativt stora standardavvikelser, vilket ger osäkra
mätvärden se figur (24). Den är svår att implementera praktiskt
och kräver verktyg som skiljer mot teorin.
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In the future, hotels can use cheap, low powered sensors to slash energy bills. The sensors would turn off lamps and 
air conditioners in a room when the guest is away. In a large hotel the savings in electricity would be huge. This is 
just one example of what a supervisory control and data acquisition (SCADA) system is able to do. Widely used but 
often invisible, SCADA systems assist us in our daily lives. Currently common in industrial control areas such as 
power generation, these systems have the ability to automate tedious or sometimes even dangerous tasks.  
 
In our project we use inexpensive radio modules to build a scalable, reliable and secure wireless system that is able to 
navigate a Lego Mindstorms robot remotely. This system can be expanded to provide scalable wireless SCADA 
control in new areas such as hotels, businesses and homes. Additionally, it may one day be able to replace wired, 
traditional systems. 
 
 

 
 
 

Context G  
Remote controlled secure surveillance 
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This context (G) aims to create a Supervisory Control and Data Acquisition (SCADA) system that can wirelessly 
control a robot in a given area. The work covers three distinct parts of creating a SCADA system: control and reliable 
data acquisition (G1), scalable networking (G2) and security (G3). 
 
A connection between a control station and the robot is established wirelessly using a network of radio modules 
(nodes). These nodes are able to send messages between each other to form a mesh network. In a mesh network 
every node is connected to one or more other nodes. Information is passed from node to node until it reaches its 
destination. The ability to easily add and remove nodes to the mesh network allows the network to be expanded, or 
scaled. To account for lost messages a method of reliable transmission is required. A wireless network carries several 
security risks which must be countered, and the integrity of the connection must be ensured. Using this connection, 
control messages are sent to the robot and visual data feedback is sent back to the control station.  
 
When implementing a SCADA system, several challenges have to be addressed in order for the system to be usable 
in critical applications. First, when sending control messages to a destination, the system has to ensure the delivery of 
messages. We implement a series of protocols that define rules for communication between devices, granting the 
network various benefits. In our project a protocol for ensuring the reliable delivery of navigation messages is 
implemented. This protocol ensures that messages are reliably transferred, but makes no guarantee of the precise 
time when messages are delivered, as this depends on range, signal noise and other factors.  
 
Additionally, in order for the system to be called a SCADA system, methods to acquire data from the robot are 
needed. To accomplish this, the system provides an operator with visual data from an on-board camera. The low 
transfer rate when using the XBee radio modules make image transfer slow. To optimize image transfer rate, another 
more efficient protocol for bulk transfer is used, thus decreasing network load. As a further improvement, the 
transmission can be modified to only send parts of the image frame which has been updated since the last frame. 
 
To prevent eavesdropping on the network and potential hijacking of the robot, methods to guard the security of the 
radio channel has been implemented. A comprehensive analysis of the various possible threats is important in 
ensuring all methods of attack are covered. From this analysis a security framework implementing various security 
mechanisms secures the system against each possible threat. This is a crucial step in implementing a wireless SCADA 
system as it ensures that acquired data can be trusted and that navigational control is not compromised. It also 
ensures that only authorized personnel have access to the system. 
 
In order to provide the node to node communication, each node has to be able to pass on message and calculate 
paths through the network. To calculate the paths, all network nodes need information concerning all other network 
nodes. This problem was solved by implementing a gossip protocol where all nodes periodically exchange messages 
to learn about the network topology. In contrast to many other modern networks, this network has no central access 
point, meaning that the network is decentralized. This is beneficial, as a message can find an alternative route through 
the network if one node fails or a new node is added.  
 
To further improve the system in the future, parts of the code now implemented in Matlab could be written in Java. 
This would allow for the graphical user interface to be incorporated in one frame, instead of the two frames currently 
used. Other areas of improvement are more directly beneficial, for example an upgrade from the current method to 
resend lost messages, to a more efficient protocol which allows for the transmission of new messages while resending 
lost messages. 
 
This project shows that a subsection of full SCADA functionality can be implemented in a relative short time, which 
is able to perform non-trivial tasks. In a scalable network, robots can be navigated in unfamiliar surroundings, 
communicating with each other and the control station in a secure and reliable manner. Systems such as this can be 
used in a wide range of applications. Some examples would be to provide easily scalable wireless SCADA control in 
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new areas such as hotels, businesses and homes. Additionally, the wireless system can replace currently wired 
applications with the potential to reduce cost, installation time and enhance control. 

ETHICAL ASPECTS 

As automated systems combined with wireless networking are becoming increasingly common, several ethical aspects 
of this technology have to be discussed. The following topics will be outlined briefly: privacy, security, military 
applications, environmental impact and worker replacement. 
 
First, to be able to navigate the robot developed in this context, there is a need for an onboard camera. Although it is 
necessary for an operator to get visual feedback from the vehicle, the risk exists that people could be photographed 
without permission. This could be compared with Google Street View which maps streets using automatic 
photographic equipment. In response to critique Google implemented automatic face detection, blurring faces in the 
images in order to retain anonymity. 
 
Second, given that it is often assumed by people using the network that it is secure; sensitive information may be 
transmitted with the assumption that it will only be read by the correct people and will not be tampered with or 
altered. If an attacker finds an exploit for the system, the system can be compromised and the above concerns will 
become a reality. If a business, hotel or home owner implements our technology and it is found to be insecure, does 
the user take responsibility when they agree to use the software or do we take responsibility for not having 
comprehensive enough security?  
 
Additionally, the work in this context is using a decentralized network which could be used in a military context. For 
example when combined with advances in sensors and robotics, this type of technology could be used in networks of 
Unmanned Aerial Vehicles (UAV) or drones. This has a number of ethical implications which can be discussed from 
several points of view. On one hand the use of drones can replace the risk to human soldiers; on the other hand the 
use of drones in the past has lead to an impersonal, imprecise method of attack which has caused issues with civilian 
casualties. 
 
Further, to manufacture the robotic equipment and radio modules various resources could be required, such as rare 
earth metals. The radio modules also run on battery which can also have a bad impact on the environment. On the 
other hand, wireless systems reduce the amount of increasingly rare copper wire and this could have a positive 
impact on the environment. Moreover, a common application of SCADA systems is to regulate the consumption of 
energy, which also would have a net positive impact on the environment. 
 
Finally, new technology in industry has often proved to be able to improve the efficiency of manufacturing 
processes, from spinning frames in the 18h century to industrial robots today. Here we have to weigh the cost 
benefits of the improvement with the impact this has on labor workers becoming obsolete. Historically the 
introduction of new technology has proven to create more jobs overall, but there is no guarantee this will always 
happen in the future. 
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G1, WIRELESS SCADA

Remote Vehicle Control and Image Transmission
Over Zigbee Radio Link

Stevan Skrobić and Olov Pettersson

Abstract—SCADA systems are widely used by numerous in-
dustries in order to control a variety of processes. During
the development of such a system, one is faced with several
challenges concerning reliability, security and congestion control.
For example, in a traffic light application, systems to handle
reliability and congestion control have to be carefully designed, in
order to meet the high safety requirements. In other applications,
especially wireless, security is of great importance.

This report is aimed to describe and address a few of these
challenges, but does so in a scaled down version. This project is
part of a larger activity with the overall purpose to navigate a
ground vehicle from a control station and provide an operator
with visual information. The work covered in this project will
focus mainly on implementing reliable data transfer over a
ZigBee radio link and on creating an adaptive protocol for
efficient transmission of images.

To make the existing software more robust to link congestions
and faults, we develop methods to handle lost data packets and
packet duplication. Additionally, we implement the capability of
image transmission from the vehicle to the control station that
makes use of an adaptive quality selector especially designed to
not interfere with the ability to control the vehicle.

Index Terms—SCADA, radio transfer reliability, congestion con-
trol, automatic repeat-request, selective repeat

I. INTRODUCTION

SCADA (Supervisory Control And Data Acquisition) is
a type of control system that is common in industrial

processes, distribution processes and building automation. If
one ever wondered how traffic signals are controlled or how
the indoor environment is maintained at a steady comfortable
temperature, there is surely a SCADA system at work!

As described in Scada: Supervisory Control And Data
Acquisition [1], the first SCADA systems were composed of
panels, control buttons and meters connected to various control
devices and sensors. The connections were done by wire and
the need of computers and software were non existing. These
simple systems are called sensor to panel type SCADA and
are still used today in industries. The main drawbacks are the
amount of expensive wires needed for a larger system and the
lack of remote monitoring possibilities.

With the introduction of microprocessors came the Pro-
grammable Logic Controllers (PLC) and the Distributed Con-
trol Systems (DCS). These devices have multiple connections
for inputs and outputs and can be programmed or connected
via a field bus (network link) to a computer [2]. This means
that the amount of wire is reduced dramatically and also allows
a degree of remote control and monitoring. Unfortunately this
introduces programing problems which take away some of the
simplicity compared to the sensor to panel type system. These

problems consists of security, reliability or congestion issues
over the field bus.

Today there exist even more useful devices than PLC
and DCS called intelligent electronic devices (IED). These
can have integrated sensors and control systems and can be
connected directly via a field bus to one or more computers.
Implementation of IED require more sophisticated programing
because of the increased dependency on the quality of the
network, i.e., the data flow in the field bus is increased due to
the added information needed to direct the packets, making the
risk of congestion higher. Although expensive, they maximize
the control possibility and minimize the use of wire [3],
further, they could even be made wireless [4]. The impact
this would have to the market is substantial. Fortunes would
be saved in copper expenses and installation time, but there
are many problems to solve, the main ones being reliability
[5] and security [6][7].

This project is a part of an ongoing activity that spreads
over multiple groups and years, the aim is to construct a
stable and secure system, composed by a control station and a
ground vehicle. The overall task of the system is to allow the
vehicle to be remotely navigated from the control station. The
operator is also supplied with the ability to request an image
from a camera mounted on the vehicle. The project is a scaled
down representation of a wireless IED SCADA system, and
is intended to address some of the challenges involved in the
construction of such a system. Due to the use of a ZigBee radio
link as the means of information transport, several challenges
are encountered which would not be expected when using
wire.

Some of these challenges can consist of weak signals which
results in lost data packets. Relayed signals or reflections
caused by the surrounding environment may create duplicate
copies of packets. The slow speed of the radio in combination
with the large data flow that an image transfer results in,
will certainly create congestion problems. The large data flow
caused by image transfers could also call for a need to scale
down image quality and size, preferably in an adaptive way, as
a response to the current achievable throughput. The high risk
of data loss creates a need to divide large information packets
into smaller parts, which must be handled and resent if lost in
transmission.

The framework developed in this subproject is finally inte-
grated with two other subprojects. The final idea is to add the
ability to relay the radio signals via multiple nodes in order
to extend the operating range of the vehicle and the ability to
encrypt the signals in order to add extra security.

The report is structured as follows. In Section II we present
a brief introduction to the networking concepts used in the
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project, namely the OSI model and ARQ protocols. These
features are relevant to the project and the section is meant as
an aid for the sections that follow. Section III describes the
physical components and the original system architecture of
the supplied framework and includes a review of the involved
challenges. Section IV presents an overview of our approach to
the challenges. In Section V we discuss our design choices and
the relation between our project and real SCADA implementa-
tions. The section also contains a short discussion concerning
possible improvements to the framework and possible system
features. Section VI concludes this report.

II. BACKGROUND

In this section we present a brief introduction to the
networking concepts used in this project. These features are
relevant to the project and the section is meant as an aid for
the succeeding sections.

A. OSI Model

Figure 1. Simplified description depicting the layers of the OSI model

The OSI model [8] describes how the functions involved
in network communication between two endpoints can be
structured in terms of abstract layers. Each layer is responsible
for a different task in the communication and every layer
is horizontally associated to the corresponding layer in the
endpoint. A layer is both served by the layer below it and
serving the layer above. The OSI model is used to describe
all modern networking with the most prominent example being
TCP/IP which is used for communication between computers
on the internet [9]. In this example, TCP (Transport Control
Protocol) is the protocol operating in layer 4, the transport
layer, responsible for reliably sending and receiving data. The
IP (Internet Protocol) operates in layer 3, providing functions
for relaying data packets over network boundaries and routing.

A brief overview of the model is made in Figure 1 from
[10]. At the transmitting end the model is processed from the
top and most of the layers add their own header to the data.
At the receiving end, the model is processed from the bottom
and each layer interprets the header it is associated with.

The header is a data structure with a specific format placed
in the front of the data packet which contains information
about the packet and how it should be processed. A detailed
overview of the packet encapsulating process is reviewed in
section IV-C.

The focus in this project is in the application, presentation
and transport layers while the other layers are addressed by
the two other project groups.

B. Reliable Communication

The high packet loss when transferring data with ZigBee
radio devices and the fact that the loss probability increases
with distance and packet size, requires a way to transfer a
bulk of data packets in a reliable and more efficient way.
In this section we describe ways to provide reliable transfer
when sending data over a network and how this is connected
to the OSI model. One of the layers in the OSI model, the
fourth layer or the network layer, is responsible for providing
a reliable way to transfer data from one endpoint to another.
There are numerous ways to accomplish this, each with its
benefits and drawbacks. The first and most basic method we
describe is the stop and wait ARQ (Automatic Repeat-reQuest)
protocol in which the sender waits for an acknowledgement
from the receiver for each sent packet, before sending the next
packet. If the data link is slow the majority of the time is
spent waiting for acknowledgements rather then sending data,
making throughput less then optimal.

The other method we describe to achieve this goal is to use
the selective repeat protocol. Selective repeat is one of several
data transfer protocols in the ARQ family that detects missing
packets and resends them automatically. Among the used ARQ
protocols, selective repeat is one of the most efficient in terms
of time waiting for data packets to be acknowledged [11].

Figure 2. ARQ Transactions. (a) Stop-and-wait ARQ. (b) Selective Repeat
ARQ

In selective repeat, data packets are grouped together and
sent in windows with all packets in a window acknowledged
together. If one or several packets in the window are missing,
the receiver sends a packet requesting the missing packets
which then are resent. If no acknowledgement at all is received
by the sender in a specified time, a polling packet is then sent
to the receiver asking for missing packets to be resent. Figure
2, from [11], illustrates the transactions for stop-and-wait and
selective repeat ARQ. In a) a packet is lost in transmission
and a not acknowledged (NAK) packet is sent to indicate this.
In b) a sequence of packets is sent and three packets, namely
4,6 and 8, are lost.

III. SYSTEM ARCHITECTURE

The project Remote Video Capturing and Navigation [12],
that preceded this subproject, resulted in a framework that
we use as a starting point. The framework provides a basic
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functionality to send navigation messages from a controlling
computer to a vehicle. There is no guarantee that control
packets are delivered and the framework does not provide the
operator with images from the remote computer attached to the
vehicle. The software framework is built on two programming
languages, Java and Matlab, but this project focuses primarily
on the parts written in Java, as these contain the relevant code
for network transfer.

We start by describing the supplied hardware components
and software setup in the following subsections and we con-
clude the section by addressing the known limitations of the
framework. A schematic view of the setup is given in Figure 3.

Figure 3. The connections between the hardware components in the setup.

A. Hardware setup

The setup consists of a vehicle built from a Lego Mind-
storms kit and two computers connected with ZigBee radio
devices. We denote the computer that is connected to the
vehicle via USB as field equipment (FE) and the computer
sending control commands to the vehicle as control station
(CS). The robot is built out of Lego parts and is powered
by two motors. which are controlled from the programmable
NXT brick seen in Figure 4 from [13] . The NXT brick can

Figure 4. The Lego Mindstorms NXT brick

either be pre-loaded with a program compiled to run on the
brick or remotely controlled using Matlab and a third party

software, the NXT toolbox [14]. The mode of operation in
this application is remote control from a Matlab program.

The used radio link is composed of two XBee radio
modules, made by DIGI International. The XBee radios meet
the IEEE 802.15.4 network standard and thus are certified as
Zigbee devices. These small radio modules have the modest
power output of 1 mW, making them power efficient but
short ranged. Additionally, they have low transfer rates, only
250 Kbps, and this is the most challenging limitation of the
modules. Because of this, image transfers are expected to be
slow and a video stream would be impossible at this stage.
The camera used to get images from the vehicle is a simple
web camera and the computers are ordinary laptops.

B. Software framework
The software supplied to this project consists of a frame-

work made up of multiple Java and Matlab classes. These
classes are structured in such a manner as to make it easy to
distinguish the operations of the various parts of the program
and hence making a clear distinction of the workspace for the
three different project groups.

The parts responsible for sending and receiving data, the
CS and FE, are built on two fundamental software libraries:
the NXT toolbox which is used to build navigation control
messages, and the XBee API which provides the ability to send
data with the radio modules. As the NXT toolbox is written
in Matlab and the XBee API is written in Java, there exists a
need for integration of the two languages. This is done with
the JMI (Java-Matlab-Interface). This interface enables Matlab
to call Java methods an thus enables all complex logic and OSI
model layers to be implemented in Java. The Java classes in
the framework are structured in packages, but can be viewed
as a logical grouping of common classes, CS classes and FE
classes. Here we present the relevant modules.

1) Common Classes: The classes that are used by both the
FE and CS are called common classes and are responsible
for several important tasks. One of the tasks is creating and
reading packets with the so called packet forgers and packet
readers. These provide a robust way of handling packets
without the need to access the raw bits and bytes of the data
packets. The packet headers in the application layer are added
and read in this way. The common classes also include code
for pushing and receiving packets to and from the network
layer as well as tester classes to test different functionalities
of the framework.

The code for sending and receiving messages with the use
of XBee radios relies on the libraries in the XBee API. The
XBee-API, is a Java API (application programming interface),
provided by Digi, the company that manufactures the XBee
radios. The API consists of a library with all the necessary
methods to send data packets over the XBee radio link, seen
in Figure 3, in the OSI model terminology it operates in the
network layer. A data packet that is to be sent over the network
is pushed to a buffer in the network layer. This buffer stores
the packet until the thread [15] responsible for sending packets
is ready. When the thread is ready it consumes the packet from
the buffer and uses methods in the API to send the packet over
the network.
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2) Control Station: The Control Station is the computer
used by the operator to send control messages. The software
in the CS consists of a Graphical User Interface (GUI) built
in Matlab which uses the NXT toolbox and a Java part
which relays the commands over radio. The Mindstorms NXT
Toolbox is a free open source Matlab toolbox, developed by
the RWTH Aachen University. This toolbox gives the ability
to send NXT commands to the NXT brick through a Universal
Serial Bus (USB) cable. This is done through calling the
functions provided by LibUSB [16]. However, the toolbox has
been modified in the following way:

When a command has to be sent with this toolbox, the data
packet is captured and instead of sending it to the USB port,
methods in the common classes are called. The methods in the
CS relay the packet via radio to the FE, which in turn relays
the packet to the NXT brick. The CS and FE are thus acting
as middle-hands. The control station waits for the return value
and will not continue execution before it is received. In OSI
model terminology, the toolbox software creates the command
packets and is thus a part of the application layer that hands
over the packet to the presentation layer.

3) Field Equipment: The field equipment consists of a
stand alone program running on the computer connected to
the vehicle. When the program is executed, it initializes the
radio module and then listens perpetually for messages from
the control station. As an incoming packet is received it is
sent up from the network layer to be processed by the field
equipment class. The packet is then opened by the packet
reader and the type of packet is identified by its header. If
the packet is a navigation command, it is written to the USB
port and executed on the NXT brick. When the command has
been executed, the NXT brick sends a reply message to the
field equipment containing the outcome of the command. The
field equipment wraps the reply message in the same way the
command message was sent by the control station, using the
packet forger and the XBee API.

C. Shortcomings of the Previous Framework
The original framework suffers from several weaknesses

that this project is aimed to remedy.
• The communication is not reliable
• A lost packet causes the program to hang
• The CS is blocking while sending
• No method of getting images from the field equipment

Navigation messages sent with the original framework are sent
using a type of stop-and-wait protocol. This means that the CS
will wait for an acknowledgement from the FE before sending
the next message, not returning control to the user before the
reply is received. If the packet is lost in transmission, the
sender will wait forever for the reply, thus making the program
useless until restarted. Also no mechanism is available to
account for duplicate packets. In addition, the user has no way
of navigating the vehicle due to the inability of the framework
to transfer images from the FE to the CS.

IV. PROJECT WORK

In order to address the shortcomings of the supplied frame-
work we need not only to redesign existing code but also create

entirely new methods. In the following sections we present all
the involved work in this project.

A. Navigation Reliability

As explained in the previous section, the functionality of
the initial framework supports packet transfers on a rudimen-
tary level, excluding reliable communication or any form of
video transfer. This functionality needs to be reliable, since a
single packet loss will block the program. To solve this, we
implement a timer in the sender. The timer is used to timeout
the wait for reply, so that the sender does not wait forever but
rather makes the program resend lost packets. In addition to
this, we have to make sure to handle duplicate packets. These
can occur when relaying signals trough multiple nodes or if
signals bounce off the environment. As a solution to this, we
add an incremental id to each packet. This solution not only
solves the issue of duplicates but also the problem of packet
order.

B. Concurrent Packet Handling

Due to the need of processing data simultaneously as
listening to packets on the network, we introduce concurrent
tasks in the framework.

Concurrency is a concept in which individual tasks in a
program are handled simultaneously. The tasks are divided
into threads and information is sent between the threads using
a producer/consumer pattern. The producer-consumer pattern
describes two threads interacting via a buffer. The thread
acting as a producer is in charge of generating data and when
the data is processed it is stored in a buffer. The consumer
thread is then invoked and takes the data from the buffer to
process. The amount of threads implemented depends on the
purpose of the application, but all programs have one main
thread that is the thread running the program. Additional new
threads can be added to perform different tasks, for example
to separate the layers of the OSI model.

With the introduction of concurrency, threads need to be
prevented from accessing or altering an object simultaneously,
since this will lead to data inconsistencies or deadlocks. To
account for this, the threads must access the object in a
synchronized block, which locks the object from other threads.
If synchronized incorrectly, two threads could wait for each
other’s locks indefinitely in a so called deadlock. Another
phenomenon is called starvation in which a thread is holding a
lock for longer time than needed while other threads needing
the locked resources wait for it. This can be a result of
synchronizing a whole class or outside a main loop.

For the framework to be able to handle simultaneous tasks,
we divided it into parts that are running in different threads.
The main thread of the program listens for packets on the
network and a parallel thread is processing received image
packets.

C. Packet Headers

In accordance with the OSI model, different protocols are
used to perform different functions in the layered stack. When
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creating a data packet a packet forger is created to help with
the process. Depending on the type of packet to be sent, either
a NavPacketForger or VidPacketForger is created. First, the
packet forger automatically adds a unique packet id, then adds
a byte indicating the type of packet, navigation or video. After
this, it includes information about which command or subtype
the packet is, such as image data packet, or image request
packet. This is the data in the packet header and takes up
seven bytes. After the application level header is created and
the payload is added to the packet, the packet is sent down to
the next layer in the network stack, where additional headers
are added to the packet. When the packet has reached the
lowest layer, the physical layer, it is finally sent as a string of
bits over the frequency modulated data channel that the XBee
radio uses.

Figure 5. Encapsulation of data of different protocols.

As the packet is received, it travels in the opposite direction
in the network stack, with each layer stripping the packet
header relevant for that layer. When the packet is pushed up
to the application layer, it is read by a packet reader which
provides methods to extract data in a convenient manner with-
out knowing the exact format of the header. The encapsulation
concept is shown in Figure 5 from [17]

D. Image Processing and Transfer

1) GStreamer: To programmatically capture images from a
camera, a framework is needed in order to interface with the
camera drivers. One such framework is the GStreamer library
which is an open source library with the ability to perform
a wide range of multimedia tasks including capturing and
processing images from a camera. The library is written in C,
but Java bindings exist so the library can be used from a Java
environment without the need to call native functions. This is
the reason we use this library in the project. GStreamer has a
modular structure, meaning that different tasks are performed
by different plug-ins, which can be chained to process a data
stream in steps.

A data stream always start with a data source, which is a
handle representing some type of data, and an endpoint called
sink[18], where the data is presented in some way, for example
shown on screen or saved on disk. Between the source and the
sink, none or several plug-ins can be placed to process the data.
For example, a media player can be constructed by using the
library to read a file from the disk, pipeline it to a demuxer
(de-multiplexer) which splits the data stream in a video stream
and audio stream. The separate streams are then decoded and

finally sent to sinks, which respectively show the video on the
screen and plays the audio on the computer’s speaker. This is
shown i Figure 6 from [18]

Figure 6. A schematic representation of a sample media player. The arrows
illustrate data flow originating from sources to sinks.

As the maximum size of a packet that is to be sent over
the network is 100 bytes, the image frame has to be split into
smaller chunks before packed into data packets.

2) Image Transfer: When sending a file over a wireless
network the risk of packet losses has to be taken into account.
The transfer of large quantity of frames could be unfeasible
because the probability of failing the transmission grows with
the number of packets to be sent. To solve this, we create
a process to split up the image and sending the sections in
a reliable manner. This process is implemented in a newly
created common class called the video packet handler (vph)
that processes video packets in both the FE and CS.

The first step in the process of an image transfer consists
of the operator sending an image request using the CS. This
request creates a video packet and sets the byte in the packet
header and thus labeling the packet as an image request. The
vph also adds a number indicating the desired image quality
of the requested image.

The arrival of the packet in the FE notifies the waiting
thread responsible for handling packets. Upon arrival, a series
of actions are triggered. First, an image is captured from the
camera and processed according to the specified quality. We
then make use of resizing, jpeg compression and desaturation
to reduce the image size. The image is then split into blocks,
that are sized as not to exceed the maximum packet size when
headers have been appended. The vph finally proceeds to send
the packets using the selective repeat protocol.

In this way the FE first sends a packet informing the CS
that the request has been received and indicates how many
packets are about to be sent. The CS can then allocate an array
of sufficient size to hold the complete image. The CS also
allocates a buffer of size specified in the parameter window
size to hold packets that are received but not yet acknowledged.
The FE then sends the number of packets specified in window
size, and waits for an acknowledgement (ack) from the CS. If
a timeout expires and no ack has been received, a packet is
sent, asking the CS how many packets in the last window is
missing. This requests the CS to check the buffer for missing
packets and to send back a packet with the indices of these
packets.

We included another error detecting feature in the protocol.
If the CS receives the last packet in the window without
having received all the previous packets, it then sends a packet,
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requesting repeat of the missing packets automatically, without
delay. When all the packets in a window are received, the CS
copies the buffer to the image array, sends an ack, and the FE
proceeds to send the next window, until the whole image is
sent. When this happens, the CS assembles the image array
to a Java BufferedImage which can be shown on the screen
using basic swing [19] tools.

3) Adaptive Transfer Algorithm: In order to cope with
the non-constant bandwidth that varies with distance between
nodes, radio noise, etc, We include a method to automatically
adjust image quality depending on throughput. This adaptive
algorithm measures the throughput of the last image transfer
and converts the value to number on a linear scale. Each
value on the scale represents a discrete image quality setting
which is sent with the next image request. When the FE
receives the request, it adjusts the next image accordingly,
altering image size, jpeg compression level and saturation
level. While significantly reducing the amount of data to be
sent, it also diminish the ability to distinguish details in the
image. This gives the operator the possibility to control the
trade-off between image quality and transfer delay.

E. GUI Design

The GUI consists of two frames, the first has a panel for
navigating the vehicle with buttons for directional motion and
a button for sending an image request to the FE. The other
frame consists of a separate window showing the last received
image. An ideal GUI would contain all the functionality, both
navigation control buttons and image frame, of the program in
a single window. Due to complication with making function
calls from Java to Matlab, it proved impossible to update the
image frame without making the image request blocking the
thread. This forced the rest of the GUI to be unresponsive
until the image had been received. Since navigation control
is of higher priority than having a single panel for the GUI,
we made the decision to separate the controls from the image
frame, thereby moving the direct control of the image frame
to the CS Java class.

V. DISCUSSION

A. Challenges and Design Choices

The challenges faced when developing a robust SCADA
system include reliability, security and congestion control.
This project, being a scaled-down version of a full SCADA
system, faced a subset of these challenges, mainly establishing
a reliable communication channel with the use of inexpensive,
low power radio modules with low bandwidth, high packet
loss and non-constant delays. Other challenges were the use
of Matlab as a GUI, a task it was not designed for, and the
integration of Matlab with Java where it proved difficult to
call Matlab functions from Java.

These limitations affected the design choices in the project.
In particular, selective repeat was chosen as the protocol
for providing network reliability, as studies has shown it to
be an efficient protocol when communicating over a slow
data channel [20]. In addition, because of the non-predictable
bandwidth, an adaptive algorithm was developed to provide

the operator with a more predictable delay between requesting
and receiving an image, at the cost of image quality.

The impossibility of calling Matlab functions from Java
forced the choice to separate the GUI into two different win-
dows; one for the navigation controls and one for presenting
the image received from the FE. The original design, with a
single window would have to block the GUI while receiving
an image due to the fact that the underlying code has no way
of informing the GUI when an image has been completely
received. Although not optimal, the design with two separate
windows is preferable to not being able to control the vehicle
while receiving an image.

B. Potential Applications of the System

As this project is a scaled down implementation of a
SCADA system with the somewhat artificial purpose of con-
trolling a Lego robot over radio, the techniques used here
have meaningful applications in industry and academia. The
combined efforts to build this system could provide the ability
to create a network of battery powered nodes capable of
transmitting image data and control actuators. This is possible
due to the low cost and low power consumption of the XBee
radios and the extended networking functionality and security
added by the other subprojects.
This could be used as a foundation for applications such as
home automation, remote surveillance and control in process
industry, research involving visual coverage of large outdoor
areas, etc. Other types of sensors, for example infrared,
ultrasound or radar can be added to the framework to increase
usefulness. Additionally, the control software on the field
equipment can be run on low cost, energy efficient hardware,
extending battery life for each node.

C. Future work

In the following subsections, we list some improvements
that would significantly increase the system performance and
usability.

1) Restructuring the code: As the program is written now,
packets are pushed to the application layer from the network
layer in a class named Application.java. This class is responsi-
ble for both receiving packets, checking what type the received
packet is and dispatching the packet to either the video packet
handler or code in the same class that handles navigation
packets. To make the code more logically consistent, this
class should be broken up so that one class receives packets
from the network layer and dispatches them to two different
classes, running in own threads, processing the different types
of packets.

2) Debug Framework: As the code is written now, debug
and information messages are written to the console with
simple System.out.println() calls, typically for every method
call, making the output too verbose hard to read. This could
be improved by using a logging framework, such as Log4J
where every output is labeled with a level so that the user can
specify the level of messages to be shown. In this way, debug
level messages would only be shown when debugging, and
important messages shown always.

164



G1, WIRELESS SCADA

3) Protocol Analysis: Work could be done on improving the
selective repeat protocol. An example would be to implement
and analyze different ARQ protocols [20][21] for this partic-
ular application with low bandwidth and high packet loss. An
especially interesting comparison would be that between the
selective repeat ARQ implemented in this project and selective
repeat ARQ with sliding window protocol[22].

4) Replace Control Toolbox: There exists an open source
Java replacement firmware for the NXT brick called
LeJOS[23], which enables the possibility to run Java code
direct on the NXT brick. Using this, the control station could
be written entirely in Java, replacing the need for Matlab
entirely. This would have the advantage of not having to start
Matlab solely for such a small part of the framework as the
GUI and the GUI could also be constructed as a single window.

5) Video Streaming: Enhancing the compression of images
by taking advantage of redundant information. Since images
taken in successive order share many similarities, much of the
information can be reused, even a primitive implementation
would improve the user experience.

VI. CONCLUSIONS

In this project we investigated how to build a reliable
communications channel over a weak radio link and how to
transfer, in this context, large amounts of data efficiently. Due
to the constraints posed, a protocol for reliable data transfer
had to be implemented, for which selective repeat ARQ was
chosen. In addition, a simpler stop-and-wait protocol was
implemented for data transfer of navigation messages.

In redesigning the existing framework to achieve a robust
system, we addressed a number of issues, the first and foremost
being navigation reliability. It is now possible to control the
vehicle remotely without fear of losing control due to a single
missing packet. Also, thanks to the added functionality to
retrieve images from the on-board camera, the vehicle can now
be navigated in unfamiliar surroundings, maneuvering around
obstacles. Additionally, in response to the low bandwidth of
the radio link, we developed an adaptive algorithm which
automatically adjusts the image quality of the transferred
images to lower the transmission delay.
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Abstract—one of the most important issues with data 

communication is to be able to send information from one 
point to another. When mobility is desired wireless 
solutions are often implemented. Creating a wireless 
network can be a challenging task, especially when the 
network consists of several nodes. We need to make sure 
that information can be sent from any node to another in 
the network. The first problem is to be able to forward the 
message between nodes so that the message can reach its 
destination after multiple hops in the network. There are 
often multiple paths for a message to travel from one point 
to another, finding the best path can drastically increase 
the performance of the network, therefore it is essential to 
be able to effectively route the data through the network. 
We will in this report see how these problems can be 
addressed in a small scale by creating a multi-hop 
network. The network is created using multiple XBee 
nodes. A function for relaying the information between the 
XBee nodes is created. We will also see how to create a 
routing algorithm that can calculate the best path in the 
network. By building a simple testbed we can verify that 
our solution was working. 
 

Index Terms—routing, relaying, XBee, algorithm, multi 
hop network, data communication. 

I. INTRODUCTION 
IRELESS communication has become a big part of the 
modern society.  Today most people own a laptop and a 

mobile phone; these devices are strongly dependent on 
wireless technologies such as WIFI and Bluetooth. Wireless 
communication offers more mobility than wired connections 
and it is therefore often used where mobility is desired.  

Wireless networks often have short working distances. To 
be able to maintain connectivity in areas where a single node 
can't reach; the range has to be expanded somehow. This can 
be solved by expanding the network with more nodes. For this 
purpose, a multi-hop ad-hoc network is often used, where 
communication hops between nodes in order to reach its final 
destination. Ad-hoc networks have the advantages that it does 
not rely on existing, and sometimes expensive, infrastructure 
and that all entities in the network have the same authority. 
For such a network to function properly, there are many 
challenges that needs to be addressed. 

Wireless transmission is considerably less reliable than 
wired transmission and applications, such as streamed video,  
 

 
must be able to account for this. Applications in the network 
must have an increased amount of security.  

All the nodes in the network may not be able to reach each 
other, which would mean that messages would have to be  
relayed at certain nodes. This brings up the problem of which 
nodes a message would have to be relayed through and how to 
relay a message. Connectivity may change rapidly and the 
network would have to dynamically adjust accordingly. New 
nodes must be able to enter the network and be able to 
discover which nodes they are connected to. 

Access to the wireless medium must be restricted to prevent 
collision of messages and the medium must also be utilized 
well. Other issues are which frequencies are to be used and 
how to utilize the frequency band that is being used. 

 
It is clear from the above challenges that the field of Ad hoc 
networks is a multi-discipline field. 

In this project the networking challenges of routing, 
relaying and discovering nearby nodes are addressed. 
 Routing, which is the question of which path a message will 
take in a multi-hop network, and relaying is the question of 
how to relay a packet to another node. Node discovery is the 
process of discovering neighbours and information concerning 
these neighbours. This report addresses these challenges in a 
small scale by creating a network using XBee nodes, which 
uses the protocol 802.15.4, to expand the network and 
program these through JAVA using a provided interface, the 
API. The final goal of this project is to apply this in reality by 
providing the above mentioned networking features to a 
network, so that control and live stream video from a robot 
using this network may be developed. To evaluate the 
networking functions, the application can be simulated by 
creating a testbed.  
 This project, called G2, is in a larger context to create a 
secure, remote controlled surveillance using a robot. The 
context is divided into 3 different projects; G1, G2 and G3. G1 
is responsible for creating an application to control the robot 
and G3 is responsible for securing the channel. 

 
Fig. 1 Showing a simple connection between the control station and 
the robot. 
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In section II important basic networking theory and concepts 
are introduced. The XBee nodes and the 802.15.4 protocol are 
explained in section III. In section IV the protocols and 
functions implemented are explained and discussed. Section V 
explains how these protocols and functions are implemented 
by explaining the JAVA structure. Section VI discusses and 
evaluates the performance. Finally in section VII the results 
are be discussed. 
 

II. FUNDAMENTALS OF NETWORKING 
A network is a set of devices (nodes) connected to each other 
via some sort of communication link [1, p7], which can be 
either wireless or via cables. Networks must be able to meet 
certain criteria, referred to as the Networking criteria [1, p7]: 
 

• Quality of service: The network should be effective, 
and the transmission time between the nodes should 
be as fast as possible and without major delay. 

• Reliability: The network should be able to handle 
errors such as link failure and data loss. 

• Security: The transmission between nodes should be 
protected against unauthorized access. It should also 
be able to recover from breaches and data losses. 

 
The Internet, allows millions of users all across the globe to 
share information with each other just within a few seconds. 
The technological advances have made it possible to develop 
high quality services for the user, for example today many 
people use the internet to do private errands like bank transfers 
and shopping. This has led to an increasing demand for 
network security. By providing a secure and reliable 
connection to the user, sensitive information like credit cards 
and social security numbers can be handled over the internet. 
The growing number of networks services available to the user 
has led to significant growth of data traffic. The big amount of 
traffic flowing through the network together with the 
increasing number of users, demands a high quality network 
that is made to handle big amount of traffic. Another 
challenging area is to create mobility and flexibility to the 
user. The increasing number of mobile devices requires a 
network that is flexible and easy to use. In the following 
sections we will introduce some new concepts that will be 
helpful for understanding the solution provided. 
 

A. MESH NETWORKING 
A network topology is a geometric representation of the 
relationship between each of the nodes in the network. 
In a fully connected mesh network every node has a dedicated 
link to each other and in a partially connected mesh network 
every node has at least one connection with one other node. 
Even if a full mesh network is desirable, this will not possible 
in most wireless ad hoc networks due to the limited range of 
each node. Instead, a partial mesh is more likely.  

The benefit of this topology is that data packets may still be 
able to reach every node if proper relaying functions are 
provided. This makes mesh topology a very robust and 
reliable topology [8] and does not require individual nodes to 

have a long range. A mesh network also makes it easy to add 
nodes to expand the network. 

Due to the nature of the XBee nodes, which will be 
explained further, and the application with robots, the partial 
mesh topology is used in this project. 
 

B. LAYERING 
The many and often complex functions in a communication 
system between end-points are often divided into abstract 
layers. Each layer is a set of similar functions that are 
responsible for certain distinct tasks in the communication. A 
layer provides a service to the layer above it, but it is also 
dependent on the services provided by the layer below. Below 
is a short description of the layers involved in our project. [1, 
p27]. 
 
1) Application Layer 
The application layer is the highest layer; it is responsible for 
providing a service to the user [1, p795]. In this project, a 
service would be to control the robot or to send video stream 
through the network. The group G1 is responsible for this. 
Application data is sent down to the network layer represented 
as application packets. The group G3 is responsible for adding 
security to application packets. 
 
2) Transport Layer 
The transport layer is responsible for the delivery of messages 
from one process to another [1, p701]. It is also responsible for 
providing a reliable and error free stream of packets to the 
application layer. 
 
3) Network Layer 
The network layer ensures that data packets are delivered from 
source to destination [1, p647]. The network layer adds 
information to the application packet, so that it can reach its 
destination. The network layer is also responsible for choosing 
the best path to a given destination (routing). In this project we 
will focus on the network layer. 
 
4) Data Link layer 
The data Link layer is responsible for node-to-node delivery 
[1, p265]. The data link ensures that data can be exchanged 
between nodes; it is also responsible for error detection. The 
data link layer adds redundancy to the physical layer. 
 
5) Physical layer 
The physical layer is the lowest layer [1, p55]; converting 
Bytes and bits into electrical signals. The conversion into 
electrical signal involves modulation, channel and source 
coding. The physical layer also concerns bit rates and 
detection of signals. 
 

C. PACKET FRAMING 
A packet consists of two types of data, control information and 
payload. The control information provides the information 
needed to send data from one point to another, for example 
source and destination addresses. The payload is the 
information that you want to send across the network. We 
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need to provide the control information and the payload in the 
same data packet, as illustrated in figure 2. The standard is to 
place the control information in the header of the information 
packet, so that the control information can be read without 
having to look at the payload. 
 

 
Fig.2. The basic structure of a data packet. 

An important part of packet framing is to understand that each 
layer has its own header and that the different headers of each 
layer are strongly independent of each other. The header of an 
upper layer is never read by a lower layer. This concept can be 
seen in figure 3. For instance; in the Internet, the network 
header would contain IP addresses, whereas the application 
data could contain documents from a website. 

 
Fig. 3 Showing the header for the different layers 

D. NETWORK PROTOCOLS 
Imagine two people trying to communicate with each other in 
two different languages. They would have a very hard time 
understanding each other; hence the communication would be 
meaningless. A solution would be to speak in English, a 
language both could understand. The same solution exists for 
computer communication; every device has to be able to 
understand the device it’s interacting with. To solve this 
problem, protocols are used. A protocol is a set of rules that 
defines the way devices can communicate with each other.  

THE XBEE AND THE 802.15.4 PROTOCOL 

 
Fig.4.A picture showing the XBee node. 

E. THE 802.15.4 PROTOCOL 
The 802.15.4 protocol is a wireless standard issued by the 
IEEE (Institute for Electrical and Electronics Engineers) and is 
maintained by the IEEE 802.15 working group. 

The standard was developed with low data rate, low power 
consumption and easy connectivity in mind and is specified 
for the physical and data link layer. Some of the features of 
802.15.4[9]: 

• Data rates of 250 kbps, 40 kbps, and 20 kbps. 
• Two addressing modes; 16-bit short and 64-bit IEEE 

addressing 
• Power management to ensure low power 

consumption. 

F. XBee SERIES 1 
The hardware used in this project is the XBee series 1 RF 
module. Key features of this module are the following: 

• Range up to 30 meters indoor. 
• Transmitting power of 1mW. 
• Can receive signals as low as -92 dBm. 
• Data rate of 250kbps. 
• Uses the frequency 2.4 GHz 
• Low power consumption; can last for months on a 

3.6V battery. 
• Retries to send a message 3 times if no response from 

a node.  
 
The XBee Series 1 module has support for point-to-point and 
point-to-multipoint. The XBee also limits each data frame sent 
to 100 Bytes[6]. The power efficiency is what makes this 
module so popular. The slow data rate of 250 kbps and 100 
Bytes per data frame, however, is an important difficulty when 
designing this network. 
 The XBee also automatically responds to a message with an 
ACK or NACK. An ACK, acknowledgement, is a small 
message that confirms a successful transmission while the 
NACK confirms an unsuccessful transmission.  

III. MULTI-HOP WIRELESS NETWORKING USING XBEE 
The goal is to create a connection between the control station 
and the robot using a partially connected mesh topology. The 
first step is to allow the nodes to relay the data packets to its 
final destination. Due to the small scale of the network, the 
addressing that is used are the physical addresses which are 
supplied by the API. Such networking topics as sub-netting 
and fragmentation are out of scope for this project. This is also 
due to the size of the network and due to the fact that the data 
sent in this application is not expected to be big. Relaying, 
routing and node discovery is the fundamental topics required 
for a multi-hop network to work efficiently.  

A. RELAYING THE MESSAGE 
When sending a message we have to specify its source and 
destination address. The address is specified in the header of 
the data packet so that it can be passed on to the next XBee 
node. The XBee nodes support 64 and 16 bit addresses [8]. In 
this project 16 bit addresses will be used to avoid protocol 
overhead as it requires less data for addressing. 
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The customized header used by the network layer is a 4 
Byte header placed in front of the data from the application 
layer. As seen in figure 6, this network header contains source 
address and destination address, each being 2 bytes. The 4 
byte headers leave the application with up to 96 bytes of 
information per packet. A packet in the network layer will 
now be referred to as a network packet. 
 

 
Fig.6. This figure shows how a destination node pushes up a 
message.  

In point-to-point communication in this project, the sender 
assigns its own address as the source address and the remote 
XBee as the destination address. This can be seen in figure 6. 
When the remote XBee, in this case XBee 2, receives the 
network packet sent from the sender, it will look at the header 
of the packet and check if its own address corresponds to the 
destination address specified by the sender. If the addresses 
match, the network header will be stripped off and pushed up 
to the application layer. Down below follows the description 
of the case where an intermediate node relays a network 
packet. 

 
Fig.7 This figure shows the data link header changes during a multi-
hop transmission. 

In the case of sending a packet through an intermediate node, 
the destination address in the network header will be the 
address of the destination node, just as in the previous case. 
The link layer address of the next hop is resolved from the 
routing table, which will be explained later, and is unicasted to 
this next hop. In this case the next hop node is the intermediate 
node, XBee 2. The intermediate node receives this message 
and will examine the network header and see that the 
destination address doesn’t match to its own address and will 
then start relaying. The relaying function then resolves the 
next hop based upon the destination address, using a routing 
table, and sends it to the next hop node.  
 

B. ROUTING 
Routing is the process of selecting an efficient path for a 
message to travel within a network. Different links in a 
network will often have varying qualities, due to factors such 
as overloaded links, delays, bandwidth and speed of a link and 

many others. In order to find the most efficient path, a cost 
must be introduced for every link. This cost will then be based 
on the above mentioned quality factors. 
 
Figure 9 demonstrates a common routing problem. The route 
with the lowest cost is in fact not the path with the lowest 
amount of hops, but rather one with more hops, but with a 
lower sum of costs. One of the challenges in this project is to 
select an efficient routing algorithm and to assign a link cost.  
 

 
Fig.8.A mesh network with given link costs. 

C. DECIDING THE LINK COST 
A crucial point for the routing to perform well is to assign the 
individual links a link cost. This link cost has to give an 
indication of how well a link is performing. Cisco for instance 
recommends the weight to be set to be inversely proportional 
to its capacity [10]. Another plausible solution is to set the 
weight to be the physical distance between two nodes.  
 In this project however, the physical distance is difficult to 
estimate given that the distances are not static and the capacity 
of all links in the network is roughly the same and may also be 
difficult to estimate.  

The useful parameters that are available to us from the data 
link layer, is the signal strength of a message and also the 
number of sent packets and NACKs. These will have to be 
combined to create a link cost. The signal strength could be 
seen as a rough estimate of the distance between two nodes 
and a ratio between sent packets and NACKs would also 
indicate how well a link is functioning. The proposed link 
quality measure that is our solution is: 

 

2

( )                    if 100

( , , )
( )    if  100

abs P x

f P x y xabs P x
x y

≤


=   
• >  − 

(1) 

 
Where P is the RSSI, Received Signal Strength Indicator, here 
in dBm, x is the amount of sent packets and y is the amount of 
received NACKs. The idea of this equation is for a good link 
to have a low cost. For the first 100 packets sent, only the 
RSSI is used as link cost to account for possible slow starts in 
the network. A high NACK ratio would have to increase the 
link cost, hence the ratio is inversed. The ratio is squared in 
order to give the ratio an increased weight. 

D. DIJKSTRA ALGORITHM 
Dijkstra is an algorithm that finds the shortest path from a 
given node to all other nodes in the network [7]. In this 
project, all nodes perform this algorithm, which produces a 
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routing table that is unique to all nodes. This routing table is 
then used by the relaying function to resolve the next hop 
address. 

For this algorithm to function properly, information about 
all the link costs and nodes in the network is needed. Dijkstra 
requires a good link to have a low cost and a bad link to have a 
high cost, which is also how the link weight works as 
explained in section C.  
 

E. NODE DISCOVERY 
In this project, a method to discover nearby nodes is 
implemented. The method, which is called Node Discovery, 
periodically searches its surroundings to detect its neighbours. 
By performing the node discovery we can make sure that the 
network is aware of changes in the topology. If an extra node 
is added to the network, the node discovery senses this and 
updates the topology. The node discovery also stores and 
reports signal strength and addresses of its neighbours. 
 One important aspect of node discovery is how often this 
beaconing occurs. It is obvious that if this beaconing occurs 
too often, there would be an abundance of node discoveries 
that would slow down the network. If however this node 
discovery beaconing is performed infrequently, the system 
will not be able to account for semi-rapid changes in 
connectivity. The frequency of the beaconing that is used in 
this project was set to be every 30th second.  
 

F. GOSSIP PROTOCOL FOR EXCHANGING TOPOLOGY 
INFORMATION 
In order for the static routing protocol that is used in this 
project to function, all the individual nodes need to have full 
knowledge of the topology of the network. A protocol must at 
this point be initiated to make sure that all nodes actually do 
have the topology. The protocol would have to spread 
neighbour information from all nodes to all nodes. This is a 
challenge due to the fact that the network topology should be 
able to have any form, which means that all nodes will not be 
neighbouring each other. The solution provided consists of 
two parts; flooding the network with messages and how to 
format the network packet so that it becomes a gossip 
message.  
 
1) The format of a gossip message 

 
Fig.9. The figure shows structure of a gossip message. 

In figure 9, the formatting of the message can be seen.  

a) Network header 
The message starts with a network header. In order for the 
receiving nodes to recognize this packet as a gossip message 

and not an ordinary network packet containing data for the 
application layer, a special source and destination address is 
reserved for this kind of message. This kind of special source 
address and destination address was chosen to be (0xFF) and 
(0xFF), which is often referred to as the “Broadcast address”. 

b) Broadcast Option ID 
The first byte of the gossip header contains the broadcast ID. 
This integer reveals what type of broadcast message this is. In 
the case of a gossip packet, this is set to 0. Since this ID is 1 
byte, this means that for future works, there would be support 
for 255 different kinds of broadcast messages.  

c) Node address and number of Links 
The next two bytes of the gossip header contains the source 
address. And the 4th byte is the amount of neighbours that this 
node is in contact with. 

d) Gossip ID 
The next 4 bytes of the gossip header is a random ID which is 
unique for every gossip message. This ID is a 32 bit integer, 
which means that the likeliness of the ID not actually being 
unique is very small. This is to minimize the probability that a 
gossip message can travel to the same node twice. This is also 
prevents messages from traveling in loops. 

e) Gossip message 
The actual gossip message contains the links that the node 
heard from. Each link occupies 3 bytes, 2 bytes being the 
address of adjacent node and 1 byte being the link weight used 
by the static routing algorithm. In order to reduce the 
overhead, the link weight is 1 byte, which becomes an integer 
in the range 0 – 255. 
 
2) Flooding the network with gossip messages 
When the gossip message has been created and is ready to be 
sent, it is multi-casted to a list of neighbours. This is on the 
network layer seen as a multicast, but is on the data link layer 
actually a unicast. The message then arrives to an adjacent 
node, which treats the message as a gossip message due to the 
network header being set to the broadcast address and the 
broadcast option ID being set to 0. The adjacent node then 
checks the gossip ID and then multicasts the message to a list 
of adjacent nodes. This list of adjacent nodes must be chosen 
wisely to avoid gossip messages from being sent to the same 
node too many times. This is done by removing the root node 
and the node where the gossip message came from, from the 
list of neighbours that is provided by the node discovery.  

An example of this algorithm of one gossip message from 
one node is seen in figure 10 and is briefly explained. The 
cross denotes a message that gets discarded upon its arrival. 
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Fig.10.The steps of flooding for a single gossip message. 

In t1, node A sends its gossip information to its only neighbour 
B. In t2, B has four neighbours A, C, D and E. The gossip 
message from A is multicasted by B to C, D and E and not A, 
as A is the root node of the gossip message. In t3, C has 2 
neighbours, but only sends the gossip message to D, as the 
gossip message previously came from B. The gossip message 
from C is however discarded upon arrival as D recognizes this 
ID from the B´s multicast in t2. In t3 and t4 the messages are 
only sent one way. 

IV. JAVA IMPLEMENTATION 

A. XBEE API 
A Programming Application Interface (API) is a set of rules 
that allows applications to interact with each other. The 
XBeeAPI [5] allows the user to use predefined java functions 
to handle and access functions provided by the XBee. For 
instance, in the API it is possible to find functions for sending 
and receiving packets. In fig. 13, the framing of TxTransmit16 
can be seen. The function TxTransmit16 is the function that is 
used for sending the network packets. By using the API, these 
options may be set. Data is limited 100 Bytes for each packet. 
The XBee API can in this project be seen as an interface to the 
data link layer as it deals with delivering message from point-
to-point and provides an interface to the Network Layer.  
 
 

 
 
 

B. JAVA ARCHITECTURE 
The API communicating with the XBees was written in Java, 
and the existing framework that was given was also written in 
java, therefore it was decided to implement our solution in 
Java.  
A basic Java program with a working point-to-point algorithm 
was provided. The problem lies in extending the program with 
classes and methods to support all the functions described 
above. The programming was done in Linux with the IDE 
Eclipse. The program consisted of several Java Classes, which 
needed to be edited to fit our purpose. Some of the classes 
were programmed as threads. A thread is a class that allows 
multiple tasks to be executed simultaneously. 
The Java classes had been put in different packages to make 
the program more understandable. Later it was decided to add 
more sub-packages. In the original project there were 3 types 
of packages “net.” “comm.” and “sec.”, where sec stand for 
security, net for networking and comm. for communication. In 
this project we were limited to only work with the network 
packages since these concerns the network layer. These 
packages are explained in the following section. 
 
 

 
 
Fig. 11 Showing the Eclipse Environment with the imported project 

 
 

 
 
 
 
 

Fig. 5. The picture shows the packet structure of an TxTransmit16 packet, which is a predefined structure defined by the 
XBee API. Here it is possible to see that the packet data is 100 Bytes per packet and that there are a lot of different options 
that can be used.  
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C. IMPLEMENTED JAVA ARCHITECTURE 
 

 
Fig. 12 An overview of the Architecture of the program. 

A scheme of the JAVA implementation can be seen in figure 
12. Here all the main functions and threads are represented. 
Arrows indicates which thread communicates with which 
threads. 
 
1) NetworkNode 
This class provides several functions. The most important is 
that it provides a function to push down Application packets to 
the buffer. The NetworkNode class also receives all of the 
different kinds of responses from the API, which could be 
node discovery or simple messages bound for either the node 
or other nodes. The NetworkNode contains the important 
function of relaying of packets.  
 
2) NetworkNodeBuffer 
This class provides a buffer for Application packets and a 
buffer for network packets from the other threads. Also 
handles the removal of pending ACKs or NACKs. 
 
3) SendingThread 
The SendingThread class pops packets from the two buffers in 
the NetworkNodeBuffer class. The application packets are 
made into network packets and append source and destination 
addresses and then sends it to the next hop address. 
 
4) NodeDiscoveryThread 
The NodeDiscoveryThread is a class that performs node 
discoveries. The NodeDiscovery is performed using a special 
function provided by the API. The NodeDiscoveryThread 
class also provides timing for sending gossip messages and 
performing routing algorithms. 
 
5) Gossip  
This class handles, creates and relays gossip messages. The 
class receives gossip messages through the NetworkNode and 
analyzes its content and sends down the information extracted 
from this message to the RoutingTable class. When creating 
the gossip message, it creates a list of nodes to send the 
message to and extracts information concerning adjacent 
nodes from the NodeDiscoveryThread.  
 
6) RoutingTable 
This class receives information concerning neighbours from 
the NodeDiscoveryThread class. It also receives information 

concerning neighbours of remote nodes from incoming gossip 
messages to create a full network topology.  
The main function of the RoutingTable is to perform the 
Dijkstra algorithm and based upon the result provide the 
SendingThread class and the relayMessage function in the 
NetworkNode class with the next hop address through a 
routing table. 
 
7) Statistics  
This class registers events performed by all classes and 
records statistics, such as the amount of received and sent 
packets and number of ACKs and NACKs. 
 
8) Application 
This is the upper layer which uses the network layer and 
receives packets from the network layer. This uses method 
called pushPacket from the NetworkNode class and in the 
NetworkNode, a push function provided by the application 
layer is used. The push functions can be seen as interface to 
the lower layers. Due to the 4 Bytes of network header, the 
application is limited to using 96 Bytes of data per packet. 
For testing, this will be the testbed, which can also be 
considered a traffic generator. This traffic generator generates 
traffic with random amount of bytes uniformly distributed 
around 75 bytes and not succeeding the 96 Byte limit. The 
traffic generator also generates random amount of packets at 
random intervals. Both of those would be uniformly 
distributed around a reasonable number of packets and 
intervals.  

V. EVALUATING THE PERFORMANCE 
By sending packets through the network we can check that 
basic network functions such as relaying and routing works 
properly. We built a basic traffic generator for this purpose. 
The traffic generator was built so that a number of packets 
could be generated and sent through the network on demand. 
We managed to send information through the network by 
relaying the message using manually configured routing 
tables; we also managed to create a working node discovery 
method. By looking at the console in eclipse we could follow 
the packet through the network. We also built a statistics class 
to keep track of the statistics.  
 Through simple testing with only two computers and 2 
XBee modules per computer, it was concluded that more 
advanced evaluation of the system is required to make sure 
that all functions works properly. This evaluation would for 
instance require multiple computers equipped with XBees that 
are spread out to make sure that not all XBees are in range 
with each other.  
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Fig. 13 The project setup. 

VI. CONCLUSION & DISCUSSION 
We simulated a scenario close to reality. The plan was to 
integrate our project with the other groups in our context. In 
the near future we will meet up with the other groups and 
finish the integration. When the integration is finished we will 
be able to test functions like security and performance of our 
network. During the project we gained a solid understanding 
of Java and networking. Below follows some examples of 
possible improvements and additions to the project. 
 

A. EVALUATION USING TRANSPORT PROTOCOLS 
ACKS and NACKS give information about the transmission 
status between nodes, but it does not indicate whether the 
delivery of the message from start node to end node through a 
network was successful. The start node might get an ACK 
confirming positive sending status to the next hop node, 
although the message fails to reach its final destination. If an 
intermediate node fails during the relaying of the message, the 
start node will still see the transmission as successful. 

 
Fig.14 Error Handling 

This error handling is usually associated with the transport 
layer, but the reason why this is interesting for network layer 
is because it would indicate how well the network layer is 
performing. This error handling could possibly show how 
often an error occurs and how long time it takes to send a 
message front and back.  This would prove valuable when 
perhaps evaluating the effectiveness of the link cost and the 
network layer functions in general.  
 

B. DYNAMIC ROUTING PROTOCOLS 
The routing protocol that was implemented and discussed in 
this project was a static routing protocol. It was made 
somewhat dynamic by updating the routing protocol every 30th 
second. But in these networks, it is possible that network 
changes may occur more often than every 30th second, or 
perhaps as often as every 15th second. Instead of performing 
the node discovery more often, which introduces overhead in 
the system, a dynamic routing protocol could be used 

A choice would be to implement an ad-hoc on demand 
distance vector protocol (AODV). In AODV the path is 
calculated on demand [11] by flooding the network, searching 
for the destination node. By calculating the path on demand, 
we can let the let the network sleep while no path is needed, 
therefore utilizing the bandwidth more effective. Some AODV 
protocols also supports alternate paths, if the best path isn’t 
available the packets can then be rerouted to the second best 
path. The ZigBee protocol for instance, which is based upon 
the 802.15.4 protocol, is used in the XBee Series 2. The 
ZigBee provides routing functions by using the AODV 
protocol described above [9]. 
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G3. SECURE COMMUNICATION 
 

 

 
Abstract—Remotely controlled equipment is an 

increasingly useful tool for applications in safety, remote 

monitoring and operation in areas dangerous to humans. 

Data may be transmitted both ways, whether it be voice 

communication, control over remote vehicles or video data 

being received from remote equipment. It is crucial that this 

data is secured against eavesdropping or hijacking by 

attackers.  

This report aims to demonstrate a functional method of 

creating a secure communication channel for the exchange 

of data. The communication channel shall exist between a 

control station and a remotely controlled robotic vehicle; to 

which commands are sent and from which video data is 

received. The work in this project focuses on the various 

security vulnerabilities that may be present and the 

methods used to secure the channel against these 

weaknesses. This work has led to the creation of a security 

framework that can be integrated with an existing remote 

control mechanism to provide the required security to the 

system. 

 
Index Terms— Wireless radio networks, Security 

Framework, Java, Vulnerabilities 

I. INTRODUCTION 
ith security becoming an increasingly important concern 
due to the increasing amount of potentially vulnerable 

technology that surrounds us, improved methods of creating a 
secure environment for communication are needed.  

One example of such technology is remote equipment that is 
operated over a wireless channel. It is important to ensure that 
this channel is secure to prevent attackers from being able to 
eavesdrop on the status of the equipment or take control of the 
channel if it is intercepted. A compromised channel could have 
high repercussions such as hijacking or damage of remotely 
controlled equipment. 

 The security system is implemented by first identifying the 
numerous threats to communication security that are possible 
and the effect these threats may have on our specific situation. 
Appropriate countermeasures to these vulnerabilities can then 
be implemented in the security framework. An important 
consideration for this project is the impact on overhead and 
speed that the security framework has. A wireless system has 
some disadvantages that must be considered such as low 
bandwidth, packet loss and delays which may change rapidly. 
The security framework should therefore have as minimal an 
impact on speed as possible to prevent the service from 
becoming congested and unreliable.  

In section II a background on security considerations such as 

properties of secure systems and the mechanisms that achieve 
these properties is provided. Section III analyses the possible 
threats and their relevance for this system. Section IV details 
the methods implemented in the framework to account for these 
security considerations. Section V presents the results reached 
using the security framework. Sections V and VI discuss the 
results reached in the project and the conclusions of the report. 
  

II. BACKGROUND 
Numerous vulnerabilities are possible for a wireless network, 

as an attacker may acting as a relay node so that network 
packets are routed through them. This gives the attacker access 
to the packets being sent over the network which they may read, 
alter and send. In addition to acting as a wireless node an 
attacker may also attempt to act as a client or server, attempting 
or allowing authentication. Given that the attacker may monitor 
and capture the packets in transmission quite easily, they may 
replay or reflect valid packets that have been captured. This can 
cause the controlled robot to repeat the command contained in 
the packet, allowing the attacker some influence over the robot. 
 The importance of a reliable yet fast communication channel 
between the controller and vehicle implies that while the 
security of the system is crucial, overly complex and slow 
security systems may degrade the channel’s performance to a 

point of inoperability.  
A system that has been secured has a number of properties, 
helping ensure its protection against various threats. These 
properties are outlined in section II.A. 
 Possible attacks on a system such as this have been 
discovered in [1], allowing a list of security requirements for 
the system to be created. From this list a number of mechanisms 
can be chosen to secure the system against the potential threats. 
Provided existing well trusted security systems are 
implemented in a correct structure, it can be seen that these 
systems will be at least as secure as other implementations. The 
relevant security architecture is described in section II.B 
 There are two categories of attacks which the various 
vulnerabilities may be classified under [1]: passive and active 
attacks. 

A passive attack is where an attacker eavesdrops on a channel 
and monitors or records the packets being exchanged. This 
vulnerability is very common and easy to execute on a wireless 
system, due to the fact that wireless systems broadcast the 
packets over an open medium.  

An active attack refers to an adversary modifying or 
corrupting data or attempting to send certain packets with the 
intent to break the system or gain authentication. Active attacks 
are further described in section III.  

Securing the Communication Channel 
Matthew Evans 
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A. Security Properties 

A system needs to have a number of properties in order to be 
secure, which are classifiable as [1]: authentication, 
authorization, availability, confidentiality, integrity, message 
freshness and non-repudiation.  
 Authentication 
This method refers to proving that the sender or recipient of a 
message is the intended one. The identity of each entity is 
proved through mechanisms such as passwords, challenge-
response using a shared key or digital certificates. Provided that 
each user can authenticate the other, a communication channel 
that uses a secret that only those two parties know (such as a 
shared key) for the purpose of encryption, the data exchange 
will be confidential. 
 Authorization 
Authorization refers to a device only being accessible by the 
correct entity. In this context, only the correct users will have 
the ability to be authenticated to a device in the network and 
only the correct devices will be able to authenticate and 
exchange data between each other. 
 Availability 
This term means that a device used on the network is ready 
when needed and performs at an acceptable rate. If a device 
becomes overburdened with packets or calculations it will not 
be able to respond in a timely manner, denying the use of its 
service on the network. A denial of service attack as described 
below will affect availability, while an overly complex security 
system or network protocol may require such a high amount of 
computation that availability is also reduced. 
 Confidentiality 
This refers to ensuring that no entities other than the intended 
ones are able to read the contents of a message. Only the 
intended recipient and sender should have the ability to decrypt 
a message. Using a key which both parties only share with each 
other will provide message confidentiality. 
 Integrity 
Integrity means that data should not be able to be modified 
without the modification being detected. A packet can be 
intercepted and its contents changed by an adversary, but 
integrity provides a way for the recipient of a message to check 
that the message was not changed from what the sender 
intended to send. 
 Message Freshness 
Message freshness means that it is not possible to take a 
captured valid packet from a past transmission, send it to an 
entity and have that entity act on the packet as if it was a newly 
created and valid packet. Without this, a valid movement 
command could be replayed to influence the robot. 
 Non-repudiation 
This refers to the guarantee that any device that produces a 
message is unable to later deny its production of that message. 
Given that each device knows it is communicating with an 
authenticated device using a service that provides integrity, a 
message should be guaranteed to have come from the correct 
originator if its integrity is intact.  

B. Basic Cryptographic Primitives 

In order to achieve the aforementioned security properties, a 
set of cryptographic primitives can be implemented. Secret 
key cryptography algorithms such as Data Encryption 
Standard [2] (DES) and Advanced Encryption Standard [3] 
(AES), public key cryptography algorithm RSA [4] and 
message digests have been implemented. 
1) Secret Key Cryptography 

Secret key cryptography has only one secret key, which is 
shared between the two communicating entities who both keep 
the key protected. Secret key cryptography is reversible as the 
same key is used to both encrypt and decrypt data. Anyone with 
the secret key can encrypt or decrypt data, so it is imperative 
that the key is only known by the intended entities.  

 A consideration that must be made when implementing a 
secret key protocol is the use of block ciphers. Block ciphers 
are responsible for breaking data which is larger than the 
possible input size to a secret key algorithm into blocks of a 
certain size. Each block is then encrypted or decrypted 
separately, with different ciphers possibly linking each message 
mathematically. Two available operation modes of ciphers 
available in this security framework are Cipher Block Chaining 
[1] (CBC) and Electronic Code Book [1] (ECB), though ECB 
is only provided for the sake of performance analysis as it is 
vastly insecure [1] compared to CBC. For an example of 
encryption, ECB simply breaks the message up in to multiple 
blocks, then encrypts each of those blocks individually. CBC 
again breaks up the message into blocks, but then uses a random 
number which is applied to the first block before encryption. 
The encrypted message then acts as the equivalent random 
number for the next block to be encrypted. This prevents any 
identical blocks producing identical outputs. 

Secret key cryptography implements confidentiality and can 
be used to provide authentication. It can even be used to provide 
integrity by computing a checksum with the secret key scheme, 
though this is not used in this project. To provide 
authentication, a challenge response protocol can be used. 
However this implementation uses an authentication handshake 
protocol based on SSLv3 to authenticate entities. This protocol 
is described in section 4. 
2) Public Key Cryptography 

Public key cryptography is a form of cryptography where each 
entity has one key that only they know and a second key which 
is publically viewable and usable. Public key cryptography is 
irreversible, in that the key used to encrypt data cannot be used 
to decrypt that same data. Data is encrypted with the public key 
of an entity and can only be decrypted with that entity’s private 

key, but is unable to be decrypted with the same public key. 
This implies that the private key should only be known by one 
specific entity but the public key can be known by anyone. This 
implements confidentiality, authentication and integrity. 
 A public key system can also be used to create digital 
signatures, which are calculated on a hash of data and sent 
alongside the data. Hashing the data reduces a possibly large 
block of data to the size of the hash function which can be 
considerably smaller. A digital signature is computed by an 
entity by using its own private key, then this signature can be 
validated by anyone by applying the public key of the signing 
entity. If anyone can validate the signature but only one entity 
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can generate that signature, this proves that the message and its 
signature were created by the right entity. This implements 
authentication, integrity and non-repudiation 
 Another use of public key cryptography is the 
implementation of certificates, which are a signed message 
containing a public key and a name stating to whom the 
certificate belongs. Certificates are the means by which trust 
can be established between two entities. If a certificate is 
received and the signature on the certificate can be validated 
with the public key of who the certificate claims to belong to, it 
can be implied that the owner of the certificate owns the private 
key corresponding to the certificate. This allows a public key to 
be given to another entity, however this does not imply that the 
entity sending the certificate can be trusted to be the actual 
owner of the certificate. A solution to this is to have trusted 
Certificate Authorities (CA) which may generate certificates 
and sign them using the CA’s public key. If the CA may be 

trusted, it can be implied that the public key and owner’s name 

within the certificate can be authorized as the correct entity. 
However, the creation and use of a trusted CA lies outside the 
scope of this project, so the robot and control station will be 
preloaded with the public key of the other entity as well as its 
own private and public keys. This will provide authorization, as 
the private key will only be in possession of the intended entity, 
who can then use the private key to verify their identity. 

One main disadvantage of public key cryptography is the 
comparatively higher computational cost, compared to secret 
key cryptography algorithms such as AES and DES. According 
to benchmarking provided in [5] the following table can be 
drawn. 

 
This comparison implies a huge difference in speed despite 

an increase in byte size by a factor of 2 for AES. It can be seen 
that public key cryptography should not be used as the main 
confidentiality mechanism as an encryption scheme. Public key 
cryptography is thus often used to secure some part of the 
authentication handshake such as a secret key or number. 
3) Message Digest 

A cryptographic hash function takes data and performs some 
cryptographic operation on the data to produce a message 
digest of a fixed size. A hash function is irreversible, as it is 
not feasible to reverse the hash function to get the original data 
back. This function will always return the same output given 
the same data, but even the smallest change in the data will 
result in a wildly different output. This results in a digest of 
the message which can be sent alongside the message, where 
upon receiving the message the recipient can use the same 
hash function on the message to produce a second digest. If 
the two digests match, the message can be proven to not have 
been tampered with. This provides integrity for the message.  
However, given that a hash function may be used by anyone, a 
secret commodity must be used in the hash function to ensure 

only someone holding this secret can create the digest on the 
message. The other party holding the secret can then compute 
the digest with the secret and know that only the holder of the 
secret could have created the digest on that message, 
providing secure integrity. This is known as a keyed hash [1] 
due to the use of a secret key in the hash function. 
 
All of the above security mechanisms are dependent on each 
other to provide their part of the security requirements, as a 
message that tries to prove its freshness is not trustable if it can’t 

guarantee that its timestamp has not been tampered with and 
thus requires integrity.  

III. THREAT MODELLING AND ANALYSIS 
Ensuring that a system is secure against all the various types 

of threats possible to meet the security requirements of the 
system can be a challenge. In order to comprehensively secure 
the system and not inadvertently ignore some threats, a detailed 
method of analyzing the possible threats is needed. One such 
method is threat modelling and there are various approaches to 
threat modelling currently available. Two possibly relevant 
models are STRIDE [6] and Trike. Trike includes many 
considerations appropriate for businesses such as business 
objectives, business impact analysis involving shareholders and 
risk management. STRIDE focuses mainly on the possible 
threats and likely motivations of attackers. It does not require 
the consideration of the aspects of business impact, easily 
identifying the required security systems which secure a system 
against identified threats. For this reason, STRIDE was chosen 
as the threat modelling approach for this project. 

STRIDE is an acronym of 6 different kinds of threats, 
outlined in table 1 below.  

 
Each of the above threats can be defined in the following way: 
 Spoofing 

Spoofing is where an attacker succeeds in making another 
entity believe it is the intended entity with which it wants to 
communicate. This is a violation of security property 1, as the 
attacker has fooled an entity into believing it has authenticated 
the correct partner. Given a successful spoofing attack the 
adversary may gain access to keys used by the system or be able 
to act within the system as a valid controller.  
 Tampering 

Tampering is where an adversary successfully modifies the 
data being sent between two entities without the modification 

TABLE I 
BENCHMARKING OF ENCRYPTION ALGORITHMS 

Alogrithm # Bytes Encrypt Decrypt 

RSA2048 100 ~12ms ~180ms 

AES256 10000 ~9.2ms ~5.7ms 

TABLE II 
DESCRIPTION OF STRIDE 

Threat Security Property 

Spoofing 1. Authentication 
Tampering 2. Integrity 

Repudiation 3. Non-repudiation 
Information disclosure 4. Confidentiality 

Denial of service 5. Availability 
Elevation of privilege 6. Authorization 
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being detected and rejected. This is a violation of security 
property 2, as the user has the ability to make the system act in 
a way they intend without the packet being detected as having 
been tampered with. 
 Repudiation 

Repudiation refers to an entity being able to deny that they 
have performed an action such as authoring a packet. This is a 
violation of security property 3, as the attacker has been able to 
make a system believe that a message really did come from the 
announced author, without there being a way to disprove this. 
 Information Disclosure 

Information disclosure is where an entity other than the 
intended parties is able to read the contents of a message if it is 
intercepted or otherwise received. This is a violation of security 
property 4, with the message’s contents no longer being a 

confidential exchange of data between the two intended entities.  
 Denial of Service 

Denial of service refers to an attacker denying one or more 
services available on a network, such as the receipt of command 
messages on the robotic vehicle. This is a violation of security 
property 5, as the attacker has been able to prevent the entities 
in the network from acting in the manner they are intended. This 
can be a difficult threat to guard against in a wireless system, as 
an attacker is freely able to broadcast a high volume of 
messages to all members of the network. 
 Elevation of Privilege 

Elevation of privilege is where an adversary is able to gain 
access to a device or otherwise become authorized in the same 
manner as a valid entity. This is a violation of security property 
6, with the adversary being able to act as a valid entity in the 
system, effectively having broken all security mechanisms and 
will be considered a trusted member of the network.  
 
A. Vulnerability Analysis 

Based on the STRIDE modelling and [1] I have created the 
following list of possible attacks which will need to be secured 
against for our specific system. There are other possible attacks 
that are not relevant for our system. Each of these attacks can 
be seen as a stepping stone to achieving one of the threats in the 
STRIDE model. The notable attacks described below fall under 
the category of Active attacks and are described as they would 
be performed on an unsecured system. 
 Denial of Service 

An attacker may intend to simply make the network 
unavailable for users, though in some systems this can be used 
to fool users into believing the server has gone down, at which 
point the attacker poses as the legitimate system. To execute a 
denial of service attack an adversary might flood the server with 
authentication attempts or supposedly encrypted packets which 
the server will possibly need time to decrypt, to check if the 
packet is valid data. 
 Dictionary 

A dictionary attack can be used in lieu of the longer and more 
computationally expensive key searching (brute force) attack. 
A dictionary of the most common words, keys or passwords can 
be constructed and then applied to a system. If the system stores 

or sends passwords as a hash this may protect against the use of 
dictionaries containing English words and passphrases. 
However, if the hashing function is known to the attacker a 
dictionary of the hashed result of common passwords can still 
be used. A successful dictionary attack is an example of 
elevation of privilege threat, as the adversary gets the ability to 
act as a valid member of the system. 
 Eavesdropping 

This attack involves data or information being disclosed to a 
party that is not the intended recipient. If an attacker is able to 
read the content of messages between the control station and 
robot the adversary may have broken the cryptography scheme 
and will be able to thus create new packets and encrypt them in 
the same manner as a valid packet.  
 Man in the middle 

This attack can be done by having an attacker placed between 
two entities and modifying the packets as they are sent between 
each party. For example, if the two entities were agreeing on a 
shared key to be used for encrypting data, the attacker could 
modify the key to one of their choice allowing the data to be 
decrypted.  
 Tampering 

An adversary may attempt to modify data during 
transmission and if this modification is not detected, the 
receiving entity will treat it as a valid packet or command. The 
attacker may also target the authentication handshake, changing 
a value that is used for either the creation of a key or some data 
that authenticates the device, as an example. 
 Replay 

 Given that the wireless system is susceptible to 
eavesdropping, an attacker may record past valid packets and 
resend them later, causing the receiving entity treat it as a valid 
packet and possibly execute the command again. In the case of 
our system, an attacker could record commands for movement 
in different directions and thus gain the ability to control the 
robot if they can somehow receive feedback on which packet 
performs each movement (such as feedback from video). 
 Spoofing  
If an attacker as able to fool an entity into believing it is a 
different entity the attacker will be able to act as a valid sender 
and recipient of messages, compromising the system. With a 
spoofed identity of a member of the network, the attacker will 
be able to gain knowledge of the secret keys and be able to thus 
control the field equipment. 

IV. IMPLEMENTATION OF SECURITY MECHANISMS 
Given the above discussion of the threats and security 
properties of a system, the following systems have been 
implemented to provide the security properties needed. 
 
The security framework’s mutual authentication handshake is 
based on SSLv3, as in Figure 1. 
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A random number is sent by the client along with a list of the 
sets of security mechanisms (a suite of ciphers) it can support. 
The server sends its own random number and selects the 
strongest cipher suite from the list received.  

The client then generates a third random number known as 
the pre-master secret [7] and encrypts this with the server’s 

private key, ensuring only the server can read this number. 
The server then decrypts the received pre-master secret. Both 
devices then combine the pre-master secret with the two 
previously exchanged random numbers and a hash function is 
applied to the combined numbers. The result of the hash 
function is known as the master secret, from which the secret 
keys are then derived. After this both devices have knowledge 
of the shared secret keys used for encryption and integrity 
checking.  

The server computes a keyed hash of the master key, all 
previously received handshake messages and the device’s 
name. A digital signature of this keyed hash is generated and 
appended to the keyed hash to prove the server has knowledge 
of its private key. This combined data is then encrypted with 
the secret key and sent. The client decrypts the message with 
the secret key and checks the signature on the message. It then 
verifies the keyed hash by computing what should be an 
identical message using the server’s device name and 

compares the two messages. If the client can decrypt and 
verify the message this proves the server has knowledge of the 
secret keys.  

 The client generates its own version of this message with 
its device name and personal signature and encrypts the 
message with the secret keys. If the server can then decrypt 
and verify the message this proves the client also has 
knowledge of the secret keys. At this point, the handshake is 
considered complete and the channel can be used for secure 
data transmission. 

 
Figure 1 shows that at the end of the handshake, shared secret 

encryption and integrity keys have been computed and shall be 
used in the security context of the communication channel.  

As each entity includes its digital signature of the keyed hash 
in messages 4 and 5 authentication can be achieved. Including 
the name of the device sending the message ensures that a 
different hash is computed for each direction. As messages 4 
and 5 are encrypted with the newly created session keys, if both 
parties are able to successfully decrypt the message and validate 
its contents each entity can be confident that each will have the 
same shared secret confidentiality and integrity keys. The 
purpose of the keyed hash is to ensure that none of the previous 
three messages were tampered with during transmission, 
providing integrity for the handshake. Each entity keeps the 
number it generated and uses this to validate the keyed hash, the 
man in the middle attack is protected against as an attacker 
swapping out a random number for one of their choice will be 
detected during validation. An attacker attempting to replay 
authentication messages from a previous handshake will be 
unsuccessful, as new random numbers are generated for each 
handshake. 

The above shows that each entity knows it is communicating 
with an authenticated device as only authenticated devices will 
be able to derive matching secrets. 
 Authentication 
Authentication is crucial to creating a secure system, as 
although confidentiality and integrity can be implemented, they 
are not useful if the other party involved is not the intended one. 
Due to the digital signature being included in messages 4 and 5 
of the handshake, authentication can be achieved. Only the 
correct entity will be able to generate a digital signature that 
will be able to be validated using the intended entity’s public 

key. 
 Authorization 
During the handshake seen in figure 1 each entity’s private key 

is needed to sign the keyed hash of the handshake. Only the two 
intended entities will have access to their own private keys and 
a user is require to enter a password for the Java keystore file 
where the private key is stored. Only a user with knowledge of 
this password will be able to gain access to the private key. 
 Availability 
Availability is difficult to guarantee for a wireless system as an 
attacker is free to broadcast packets over the network to flood 
an entity with messages that look like encrypted data that needs 
to be checked for validity. The framework uses secret key 
cryptography and keyed hashing rather than public key 
cryptography and signing to achieve a fast way of decrypting 
and validating a packet, so minimum time is spent checking if 
the packet really did come from the other entity. Keeping 
turnaround time to a minimum should assist in keeping the 
system available in high loads, though packet flooding may still 
deny services on the network. 
 Confidentiality 
Confidentiality is achieved through the use of secret key 
encryption. The secret keys are generated in such a way that 
only the two intended parties will be able to have access to the 
secret keys, as seen in figure 1. This ensures that only the 
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Fig.  1. Handshake authentication protocol used in framework. 
E is used as the secret encryption key for the rest of the 
session. I is used as the secret integrity key for the keyed hash 
integrity mechanism. 

Key 
PMS : Random number 
K      : Master secret, computed with hash of RC, RS, PMS 
{}X  : Contents of brackets encrypted with key x 
[]       : Content of brackets is keyed hash 
E   : Encryption key derived from K 
I  : Integrity key derived from K 

Data protected with keys derived from K 
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intended recipient and sender are able to read a message being 
transmitted. Confidentiality is achieved using secret key 
cryptography, the two choices of cryptography algorithms are 
AES128 and DES.  

AES128 uses a key size of 128 bits and each call to AES 
takes a 128 bit block of data and produces an output of the same 
size. To encrypt data of a larger size, CBC is used to break the 
data into blocks which are then encrypted individually. To 
encrypt data of a smaller size the padding scheme of Public-
Key Cryptography Standard 7 [8] is used to increase the size of 
the data input to the block size of AES. 
 DES is a less secure cryptography scheme and is included for 
performance testing. DES uses a key size of 64 bits, though only 
56 bits of key strength is the result. A block size of 64 bits is 
received and the same block size is produced using DES. DES 
has a choice of CBC and ECB to break up data of a size larger 
than 64 bits, with ECB being a slightly faster but very insecure 
system. DES with data smaller than the block size employs the 
same padding scheme as AES: PKCS7. Neither DES with ECB 
nor DES with CBC should be used in real operation of the 
system, as both schemes are insecure against attack. 
 Integrity 
Integrity is achieved through the use of keyed hashing of 
messages. The keyed hash involves the integrity key calculated 
as part of the handshake, so only the two intended entities will 
be able to compute the correct hash on a message. Integrity of 
the handshake is gained through the use of the keyed hash of 
previous handshake messages, ensuring that no tampering 
occurred during the handshake. Integrity is achieved using one 
of three hashing functions: Message Digest Algorithm 5 
(MD5), Secure Hash Algorithm 1 (SHA1) or SHA256. When 
implementing a keyed hash, the key size will be the same as the 
underlying block size of the hash function used. All hash 
functions produce an output digest of the same size as the block 
size. MD5 uses a block size of 128 bits, SHA1 uses a block size 
of 160 bits and SHA256 uses a block size of 256 bits.  
 Non-repudiation 
As a signature of the keyed hash of the handshake messages is 
included and only the owner of the private key will have been 
able to create this signature, it can be seen that the sender is 
unable to repudiate the fact that it has the shared secret key. If 
this secret key is then used for data transmission and it can be 
guaranteed that no other entity is able to access this secret key, 
non-repudiation is achieved for the data transmission phase.  
 
Figures 2 and 3 show the data transmission phase and structure 
of a security packet. 
 

 
 
 

 
Figure 2 shows the interaction of the other project groups with 
the security framework, where an ApplicationPacket containing 
data relevant to their needs is secured with the function 
SecurePacketPayload to create a SecurityPacket. This 
SecurityPacket is then returned to be sent over the transmission 

Fig.  2. Data transmission phase showing interaction with 
control station and robot. SecurePacketPayload and 
ValidatePacket are public facing functions and are the main 
points of interaction between the other groups and the security 
framework. 
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Fig.  3. Structure of a SecurityPacket and how it relates to the 
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medium. When the packet arrives and requires decryption, 
function ValidatePacket is used to decrypt and validate the 
integrity of the packet. If the packet passes validation, it is 
returned as an ApplicationPacket and its contained data can 
then be accessed. If it fails validation for some reason such as 
data corruption or message tampering, a 
MessageValidityException is thrown to the function that calls 
ValidatePacket, which should then ignore the packet due to the 
exception that was thrown. 

Figure 3 shows the structure of the created SecurityPacket 
which encapsulates the ApplicationPacket header and data 
payload which are relevant to the other areas of the project 
system. The security header contains information relevant to the 
security framework, specifying whether the packet is a 
handshake packet or data transmission packet. The timestamp 
is used to verify message freshness, so that an old valid and 
encrypted packet can’t be captured and retransmitted at a later 
time. If the timestamp is not within the valid window, a 
MessageValidityException is thrown and the packet should be 
discarded. The keyed hash at the end is computed over the 
ApplicationPacket, its length and the timestamp, ensuring the 
integrity of all of these fields will have integrity protection. 

V. RESULTS 
The security framework is considered successful if it 
implements mechanisms to give the system the security 
properties listed in section II.A and protects against the threats 
listed in section III under the threat analysis. 
 
 Spoofing – Authentication 
This system protects against identity spoofing by implementing 
mutual authentication and authorization in the handshake 
through the use of digital signatures and the creation of shared 
secret keys. Only an entity with access to the correct private key 
will be able to compute a signature that is able to be validated 
with the corresponding public key. The secret keys generated 
from the handshake involving signatures means that only an 
entity able to create a valid signature will have shared secret 
keys with the other entity, providing authentication for the rest 
of the communication channel. 
 Tampering – Integrity 
This system protects against tampering by implementing 
integrity checking mechanisms in both the handshake and data 
transmission phases. Tampering of messages within the 
handshake will be detected with the signed keyed hash of 
received messages sent at the end of the handshake. Tampering 
of data during the data transmission phase will be detected due 
to the inclusion of an encrypted keyed hash of the message. If a 
message is tampered with, the included keyed hash of the data 
will no longer match the hash calculated on the received 
message. 
 Repudiation – Non-repudiation 
This system protects against repudiation through the use of a 
signature on the handshake messages, where the secret keys are 
generated. Only an entity capable of generating a valid 
signature will have access to the secret keys, providing non-
repudiation for data transmissions involving those secret keys. 
  

 Information Disclosure – Confidentiality 
This system protects against information disclosure and 
eavesdropping by implementing secret key cryptography 
during the data transmission phase. Only an entity with access 
to the secret keys established during the handshake will be able 
to decrypt and disclose the information contained within an 
encrypted message. 
 Denial of Service – Availability 
This system attempts to protect against denial of service attacks 
through the use of secret key cryptography and integrity 
mechanisms which allow the recipient to quickly determine if a 
message is valid. This reduces turnaround time on receipt of a 
message, hopefully preventing the recipient from becoming 
overburdened with messages which it must check for validity. 
Any further protection against denial of service attacks falls 
outside the scope of this project. 
 Elevation of Privilege – Authorization 
This system protects against an attacker gaining an elevation of 
privileges by implementing secure cryptography systems which 
are resistant to dictionary or brute force attacks on keys. AES is 
considered secure as there a no known attacks which can be 
completed more easily than simply trying every key that are 
possible. Searching for the key in this way has a time 
complexity of 2128

. AES-192 and AES-256 have been 
academically shown [9] to have attacks which have a 
complexity of 2176 and 2119 respectively. However these attacks 
are not feasible in practice as the attacks assume a lower 
complexity within the algorithm than is actually implemented. 
Thus an attacker will be unable to gain knowledge of the secret 
keys without being an authorized and authenticated entity. 
 Replay – Message Freshness 
This system protects against replay attacks with the inclusion of 
a timestamp in each message sent during data transmission. The 
timestamp can be compared with the current window of 
acceptable timestamps once it is received, allowing the 
recipient of a message to detect if the message has been reused. 
Tampering with the timestamp will be detected due to the keyed 
hash included in the message. 

VI. DISCUSSION 
The results above show that the security framework implements 
the necessary mechanisms to combat the threats identified 
during vulnerability analysis. This security framework is a 
method of creating a secure communication channel for the data 
transmissions between a control station and robot. As each 
security mechanism is separately trusted to provide a secure 
implementation of protection against given threats, the 
integration of these mechanisms provides security against the 
range of threats identified. 

Further work can be done to integrate the project with the 
other groups to produce secure control and video 
communication between the two entities. Another avenue of 
research would be investigating the overhead introduced to a 
system by the inclusion of secret key cryptography and 
integrity, and possible alternative to these two systems that can 
provide similar protection for the system. The security 
framework includes the ability to use variants of encryption and 
integrity mechanisms to enable testing of this overhead or 
expansion with new security mechanism variants. The 
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authentication system may be vulnerable to denial of service 
attacks through repeated authentication attempts. Further work 
could investigate the use of pre-authentication filter methods 
such as message specific puzzles [10]. This can reduce the 
need to have a server spend computational power on attempting 
to authenticate possible attackers.  

VII. CONCLUSIONS 
This report demonstrates a functional method of creating a 

security framework to protect against threats identified with 
vulnerability analysis and threat modelling. A channel between 
a control station and remotely controlled robotic vehicle is used 
for communication and has been secured against identified 
threats. Each of these threats were shown to be protected against 
in section V through the use of combined security mechanisms. 
The system will have a number of security properties enabling 
it to be considered secure in those areas. Specific 
implementation details such as handshake and datagram 
structures were described for the security framework and its 
interactions with the larger system are detailed. 

 Applications for this framework may include remote 
monitoring, safety and rescue or other operations in areas 
dangerous to humans. These applications will have their own 
specific circumstances which can affect the security 
requirements of the system, use of this system in those areas 
will require further analysis of security when exposed to 
situations outside the scope of this report.  
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När orkanen Katrina drog över USA försvårades räddningsinsatsen p.g.a. störningar i mobilnätet. I stora områden 
var det omöjligt att ringa mobilsamtal och ta emot nyhetssändningar via radio. Under en katastrof kan det vara 
livsavgörande hur snabb information når ut till de drabbade. Tänk om skadade människor kunde lokaliseras och 
drabbade informeras om katastrofläget. Tänk om de kunde få besked om var de kunde hitta mat, vatten och 
sjukvård. Tack vare det växande antalet mobiltelefoner och surfplattor världen över skulle ny teknik kunna 
kommunicera under liknande katastrofsituationer.  
 
Vi har utvecklat en applikation som gör detta möjligt. I arbetet har vi även beräknat hur snabb information kan nå en 
användare.  Meddelanden skickas automatiskt mellan närliggande mobila enheter och genom att de hoppar från enhet 
till enhet kan informationen spridas långa sträckor. Vår förhoppning är att tekniken ska underlätta vid framtida 
räddningsaktioner. 
 
 

 
 
 

Kontext H  
Katastrofvarnare och revolutionskatalysator 

 

NY TEKNIK HJÄLPER NÖDSTÄLLDA I KATASTROFSITUATIONER 
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In disaster situations the mobile infrastructure might be damaged and communication by normal means disabled. 
Mobile devices equipped with technologies such as Bluetooth and WiFi allow direct communication between users. 
This is known as ad hoc transmission and can be used in similar scenarios. Ad hoc provides good means for 
opportunistic networking, which means that messages are automatically sent between users when within contact 
range of each other. Hence, when the devices move the messages will spread as a random process.   
 
In this context an Android application and protocol (H3) for opportunistic communication has been developed 
which is suitable for use in a disaster situation. The application allows exchange of information such as text, GPS 
coordinates and pictures. In this implementation, because of limitations in the Android API, the devices 
communicate through a wireless access point. The battery life time and synchronization time has been evaluated for 
different numbers of messages and numbers of synchronizations. The result is a small impact on the battery life time 
and that synchronization time grows when increasing the number of devices in the system. 
 
Furthermore, a mathematical model was investigated that describes opportunistic spreading of messages (H2). This 
was done with continuous Markov chains which describe stochastic processes in continuous time. The inter-contact 
times, the time between two successive contacts between a pair of devices, are assumed to be exponentially 
distributed. In particular, the model provides performance metrics such as the expected time until all devices have 
received the message. These were compared to empirical data extracted from four different experiments performed 
by research groups. Calculations showed that deviations between real and theoretical values generally differs 
depending on which experiment is studied.   
 
The work in this context could provide means of communication when the mobile infrastructure is unavailable, but 
there are several aspects that can be improved and further investigated. In disaster situations, the time until 
information reaches its destination can be critical. The developed application provides communication between 
devices, but in order to work in a disaster situation the application must be implemented without the need of an 
intermediate access point. If this is done it would be possible to evaluate the performance of how information is 
spread and be compared with the mathematical model. Optimizing the synchronization time would lead to faster 
spreading of messages and also prevent interruptions between devices. This will increase the likelihood that 
important messages and information reaches the receivers. 
 
Since the application supports ad hoc communication it could be investigated if an intermediate access point could 
be used to speed up the spreading of messages. During a disaster scenario some access points may still be operating 
which should be used when available. This can be performed by automatically making use of local, not damaged, 
fixed infrastructure such as cellular base stations and WiFi access points.  
 
The results obtained from evaluating the model are based on a small set of experiments. In order to get a more 
generalized picture of the message spreading a larger set of data must be examined. Furthermore the mathematical 
model shows that this way of modeling opportunistic spreading of message might not be ideal. It could be 
investigated if the inter-contact times really are ideal independent and identically distributed (IID), or if they have 
different exponential distributions.  
 
It is our hope that this technology will provide new means of communication and support rescue action. There are 
many aspects that can be further investigated to make the technology more efficient during disaster situations. 

 

 

CONTEXT SUMMARY  
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ETHICAL ASPECTS 
 
The application has potential to help people and rescue teams in disaster scenarios. It could enable means of 
communication in situations where it was previously not possible. The application could be used to inform relatives 
about a user situation, send information to rescue teams, and to spread public service announcements. 
 
However, users should understand that message delivery is not guaranteed, and that message delivery could take a 
very long time. This could lead to a false sense of safety. Just as other communication systems it could be used for 
both good and evil, all messages are relayed without any distinction between them. Users are in control of what 
information is sent in the messages but should be aware that privacy is an issue, since messages are visible to any user 
in the system. Encryption could be added to make conversations private. Since everyone is able to send messages, 
malicious users could abuse the system by sending false information or spam. 
 
A potential problem is that users without the application installed might get help later than user with the application. 
Some people might have a harder time to use the application, and therefore not benefit as much as more technically 
competent users. The rescue coordinators should be aware of this, and only view the information as a complement to 
existing crisis plans. The systems efficiency depends on the number of smartphones in an area. It is unfair that the 
system would work better in richer countries where the use of smartphones is widespread, since the affect of natural 
disasters are often worse in poorer regions, where smartphones are not as common. The benefits of the application 
outweigh these concerns, since it could potentially save lives and improve the situation for victims. 
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Epidemic Spreading of Messages
Adam Hjerpe and Linus Jägrell

Abstract—Rapidly growing popularity of mobile devices such
as smartphones and digital tablets has changed the way people
obtain information. Cellular and wireless local area networks
provide almost ubiquitous connectivity. However, many scenarios
threaten to leave us disconnected for extended periods of time.
We study how peer-to-peer communication with mobile devices
can be used without network infrastructure. With epidemic
models for opportunistic content spreading we investigate the
performance of such systems and compare them to simulated
results. Real life mobility traces are used as a base to simulate
how information is spread between the devices and two different
types of spreading were studied in more detail. In particular, we
investigate how fast a percentage of the total number of devices
can receive the information. The results are displayed for the best
performing device and indicate that these models does not neces-
sarily have to agree with what actually happens. Nevertheless, we
argue that the models provide a good mathematical framework
for analyzing systems of this sort and conclude that these models
can be extended to incorporate more general assumptions.

I. INTRODUCTION

THE number of internet-connected mobile devices, such
as smartphones and digital tablets, increases more than

ever and has quadrupled in the last four years. By 2015
it is expected to surpass 2 billion units [1]. By means of
various networking technologies which they support, these
devices are capable of establishing wireless links between two
devices whenever they are in transmission range and without
the need of connecting to internet access points. Wireless
technologies, such as Wi-Fi and Bluetooth, allow this peer-
to-peer communication and it is commonly known as ad
hoc transmission [2]. This creates new possibilities in how
communication can occur and has great potential in a number
of areas.

In absence of an cellular infrastructure this way of sending
information still enables communication. Our dependency on
continuous connectivity makes us more vulnerable to these
kind of scenarios. This could be the case in disaster situations
such as after an earthquake or tsunami where communication
is vital and reporting to rescue teams or authorities are hard
by normal means. Devices in ad hoc mode could let you send
information about nearby hazards that are instantly shared to
people within contact range [3].

Peer-to-peer communication also has multiple other interest-
ing applications. A substantial part of the telephone operator
cost is because we require total coverage, new base stations
are built and the capacity is extended. Imagine if we could do
all we want without being connected, devices in ad hoc mode
provides just that possibility.

With an increasing number of devices and possibility of
spreading information this, of course, also increases the risk of
receiving malicious software with the potential of compromis-
ing your device or integrity. That aspect will not be discussed

further in this paper, however, the analysis of the spreading
of such software and diseases is a well explored subject in
mathematics. The theory and models of epidemic spreading
applies to any type of spreading if the right assumptions are
made, whether the content spread is a disease or information
of some type does not matter [4].

The goal of this paper is to analyze the spreading of
information between mobile devices using mathematical tools
and models developed in the field of epidemic spreading.
Comparing the performance of these analytic models to real
life mobility traces extracted from experiments performed by
research groups around the world [5]. These traces report
contacts between individuals that carry around devices that
are usually equipped with Bluetooth. We will use these traces
to simulate how information can be sent between the devices
and discuss two different types of spreading [6]. Specifically
we will calculate the time it takes for a fraction of the total
number of devices to receive the information.

The rest of this paper is organized as follows. Systematic
derivations of the theoretical expectation values are found in
section II where we introduce the theory needed to understand
the epidemic models. These models constitute the base for
the simulations which is describes in section III together with
the process of picking out the appropriate traces. In section
V we discuss potential continuations of this work and how
the performance of this technology could be explored in the
specific scenarios described earlier.

II. THEORY

A. Modeling epidemic spreading as Markov processes

A stochastic process with state space S is a collection of
random variables {X(t), t ∈ T} defined on the same proba-
bility space (Ω;F ;P ). The set T is called its parameter set
and it usually represents time. Then, the variable X(t) can be
seen as a state of the process at time t. We will only consider
continuous temporal dependence of the stochastic variables,
that is, t ∈ T = [0,∞). In particular, the process is called a
Markov process if and only if

P (X(tn+1) = in+1|X(tn) = in, X(tn−1) =
in−1, ..., X(t1) = i1) = P (X(tn+1) = in+1|X(tn) = in)

i.e. when the time evolution of the system only depends on the
current state and not the previous ones. This property is called
”lack of memory” and the requirement places great restrictions
on the possible distributions of the stochastic variables X(t).
One distribution that has memory-less property is the exponen-
tial probability density function (PDF) f(x) = λe−λx, x ≥ 0
(proof in Appendix B). We will from now on consider only
stochastic variables such that X(t) ∈ exp(λ), we say that
X(t) is exponentially distributed with rate λ.
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Fig. 1. Markov process for type I spreading.

The mobile devices, which we will refer to as nodes,
are assumed to spread information to other nodes instantly
when they are within contact range of each other. Adopting
the terminology from epidemic modeling, we denote nodes
carrying information as infected and nodes that want to obtain
the information susceptible. When information is sent from
an infected node i to a susceptible node j we say that node
i has infected node j. Since we assume that transfer occurs
instantaneously, we will only consider when two nodes meet,
not by how long. The mobility of the nodes is indirectly
modeled since we assume the inter-meeting times, the time
between two successive encounters between two nodes, to be
exponentially distributed. Furthermore, we make no distinction
between the nodes and assume that all the inter-meeting times,
Ti, have the same rate λ.

Two types of spreading are examined in more detail.
Type I: Only the originally infected node can infect others.
Type II: All infected nodes contribute to spreading content.

We consider unlimited sharing and limited sharing where
the number of times a node can infect others is limited to k
times. In the case of unlimited sharing k =∞.

Common for both types is that the nodes do not recover in
any way, that is, if a node has become infected it will stay in
the same state forever.

B. Transition rates

If X(t) is a stochastic variable describing the number of
infected nodes at time t with the initial condition X(0) = 1 we
have, for a system of N nodes, X(t) ∈ {1, ..., N}∀t. Let Ti be
the stochastic time until node i is infected. Then the probability
of staying in the same state and not infecting another node is
the probability that the time t is less than all stochastic times
Ti. In particular, the time has to be less than the minimum of
all the Ti’s.

P (X(s+ t) = 1|X(s) = 1) = P (X(t) = 1|X(0) = 1) =
P (T > s+ t|T > s) = P (T > t)

where T = min(T1, ..., TN ) and s is arbitrary since we
assume the probabilities to be time homogeneous, they do
not change with translations in time. Since the nodes cannot
recover and the restriction that no more than one node can be
infected in every instant of time the only possible transitions
from a state X(t) = i is to X(t) = i itself or to X(t) = i+1.
All other transitions are assumed to be impossible and their
probability zero, hence the probability of transitioning to a
higher state. i.e. of infecting another node is the compliment
of the transition above.

P (X(s+ t) = 2|X(s) = 1) = P (T < t) = 1− P (T > t)

Fig. 2. Representation of type II spreading Markov process.

Here a distinction has to be made between the two types of
spreading discussed.

Type I: For a given system of N nodes in a state where
i of them are infected, X(t) = i, there are N − i nodes still
susceptible of infection. Only the originally infected node can
spread the content, if Tj is the stochastic time until node j is
infected we have in general

P (X(s+ t) = i|X(s) = i) = P (min(T1, ..., TN−i) > t) =
exp(−(N − i)λt)

where Ti ∈ exp(λ) and the last step is evaluated through a
theorem of which the proof can be found in Appendix A. A
representation of the Markov process for type I spreading is
shown in Fig. 1.

Type II: Following the same procedure as in type I with
X(t) = i where all i nodes can infect the other N − i. Let
T ji denote the stochastic time until node i is infected by node
j. Then, there are N − i nodes susceptible of infection by
i already infected nodes. Thus, in total there are i(N − i)
possible configurations of how another node can become
infected and the probability is given by

P (X(s+ t) = i|X(s) = i) =
P (min(T 1

1 , T
1
2 , ..., T

1
N−i, T

2
1 , ..., T

i
N−i) > t) =

exp(−i(N − i)λt)

Fig. 2 shows the Markov process for type II spreading.

C. Expectation values

In order to make some predictions of the quantitative be-
havior of the system, we will look closer at two metrics. These
are overall delivery time, E[Todt], and individual delivery time,
E[Tidt], where the notation indicates that they are expectation
values of stochastic variables. The overall delivery time is the
total time until all the nodes are infected, while the individual
delivery time denotes the time until an arbitrary node is
infected. The metrics will, of course, depend on which type
of spreading we assume.

Type I: Since we make no distinction between the nodes,
the inter-contact times are independent and identically dis-
tributed with rate λ. Thus, the expected time until an arbitrary
node is infected is equal to the mean of the inter-contact time,
or

E[Tidt] =
1

λ

For E[Todt] we need to consider the total time from X(0) = 1
until X(t) = N , i.e. until all N nodes are infected. As we
saw, the stochastic time in state X(t) = i until a transition
to X(t) = i + 1 is exponentially distributed with rate λi =
N − i. The expected time until total infection is the sum of
the expected times in each state
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E[Todt] =
N−1∑
i=1

1

λi
=

1

λ

N−1∑
i=1

1

N − i

where the last summation can be rewritten, since it is a sum
of all inverted integers from 1 to N − 1, with the harmonic
number Hn =

∑n
i=1

1
i as

E[Todt] =
1

λ
HN−1

Type II: For the overall delivery time the same argument
as in type I applies, the time to total infection is the sum
of the expectation values in each state. For unlimited sharing
the time in each state is exponentially distributed with rate
λi = i(N − i)λ and thus

E[Todt] =
N−1∑
i=1

1

λi
=

1

λ

N−1∑
i=1

1

i(N − i)

The sum can be expressed in terms of harmonic numbers since

N−1∑
i=1

1

i(N − i)
=

1

N

(N−1∑
i=1

1

i
+
N−1∑
i=1

1

N − i

)
=

2

N
HN−1

The expected overall delivery time becomes

E[Todt] =
2

λN
Hn−1

The time until an arbitrary node is infected now depends on
the current state, since if X(t) = i there are i nodes that can
infect the N−i other nodes. Thus, the individual delivery time
is calculated as an expectation value over all the states as

E[Tidt] =

N−1∑
i=1

E[Tk,N−1]P{B} =

N−1∑
i=1

E[Tk,N−1]
1

N − 1

where we have used that P{B} = 1
N−1 is the probability

for an arbitrary node to be the k-th to become infected. It is
obviously uniform since we make no distinction between the
nodes, interchanging two nodes would constitute exactly the
same state. We also used E[Tk,N−1] which is the expected
time until k nodes have become infected, i.e. when we have
reached X(t) = k. This time is calculated in the same way
as E[Todt] where the upper limit is set to k instead of N − 1,
thus

E[Tk,N−1] =
1

λ

k∑
i=1

1

i(N − i)
so:

E[Tidt] =
1

λ(N − 1)

N−1∑
k=1

k∑
i=1

1

i(N − i)

where the double sum can be simplified by expanding it

N−1∑
k=1

k∑
i=1

1

i(N − i)
= 1+

1

2
+

1

3
+...+

1

N − 2
+

1

N − 1
= HN−1

and the individual delivery time for type II unlimited sharing
looks like

E[Tidt] =
1

λ(N − 1)
HN−1

TABLE I
SAMPLE OF ENTRIES IN A CHARACTERISTIC MOBILITY TRACE

Node Id 1 Node Id 2 tstart tend

1 2 410 415
1 3 650 661
... ... ... ...

III. METHOD

In this section we present the process of validating the
epidemic model with the real mobility traces. We will describe
what conditions are required from the traces in order to suit
our purposes and how we estimate the inter-meeting times
from the data. Finally, we will describe how we simulated the
spreading process by using the traces.

A. Selecting the traces

In order to compare the behavior of real systems to our
derived analytic expectation values, we will simulate the
spreading based on real life mobility traces. They are taken
from a database [5] where research groups upload their
experiments. We chose traces that best match our model,
representing mobile devices moving in a confined area with a
limited contact range. Quite generally these traces are a log
of entries that denote a specific meeting between two nodes.
Table I shows an approximate format and the most important
information contained in our traces. The first entry tells us
that node 2 was within contact range of node 1 between the
two given times. All our traces were collected over several
days and the recordings were performed even during the
nights, which resulted in many hours of inactivity where
no connections took place. Since these contacts are not as
interesting as during the day, we discarded all entries that
took place during the night. In a 24 hour period we called the
first 16 hours the day and the following 8 hours the night.
All times were adjusted accordingly and the resulting traces
are therefore joint collection of day times.

B. Inter-contact times

Let τi,j(n) be the n-th inter-contact time between node
i and j, our previous assumptions are that the sequence
{τi,j(n)}i,j,n is exponentially distributed with rate λ. The
expectation value of the inter-contact times is E[X] = 1

λ
and the best estimate to the expectation of the exponential
distribution is given by the arithmetic mean value [7]. τi,j(n)
is calculated from the traces through

τi,j(n) = tstarti,j (n+ 1)− tendi,j (n)

The sequence of all inter-contact times {Tict} in a given trace
is calculated by investigating all contacts between nodes i
and j, where we assume that the contacts are symmetric i.e.
τi,j(n) = τj,i(n). This symmetry allows us to only look at one
of the contacts and the sequence is finally used to estimate λ
according to

1
λ = mean({Tict})
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With the rate λ all expectation values can be calculated from
the analytically derived expressions, giving us a theoretical
description of the behavior of the system.

C. Simulation

The traces only contain entries about contacts between
nodes and not how information is sent between them. To model
this behavior, we simulate in Matlab the spreading based on
the traces for the two different types.

In accordance with the model we originally have one
infected node, i.e. the initial condition is X(0) = 1. If node
i is chosen to be infected we consider the first contact it has
with node j and take this to be the time of infection. For type
I spreading, only node i is capable of infecting others, but
for type II all nodes j that become infected also contribute to
content spreading. In state X(t) = n where n ∈ {1, ..., N}
and the infected nodes are named 1, ..., n, the first contact any
of these makes with an uninfected node is the time when the
transition to the state X(t) = n + 1 occurs. In the case of
limited spreading, we simply disregard any contacts after a
node i has infected k others.

For a trace containing N nodes we introduced certain
threshold limits to be able to evaluate the performance of the
spreading as compared to the theoretical values. Specifically
the time until a percentage, 50%, of the total number of nodes
has become infected were studied. The mean time according to
our theory can be calculated though E[Todt] where the number
of nodes were set to the threshold limit. We performed the
simulations for every node in the traces as the starting node
and only look at the best performing node.

IV. RESULT

The results of simulating the spreading for the best perform-
ing node is visualized in this section. For future reference the
traces will be referred to as: Sigcom [8], Haggle [9] [10] and
UoM (University of Milano) [11] . The two types of spreading
are presented separately.

A. Inter-contact times and expectation values

When modeling content spreading as Markov processes,
we assumed that the inter-contact times are exponentially
distributed. In Fig. 3 the cumulative distribution function of
the inter-contact times is displayed together with FX(t) =
1 − exp(−λt) with λ estimated from each trace. This figure
aims to provide an overview of how well the empirical data fits
the model, rather than comparing the individual traces. We can
clearly see that the inter-contact times are not exponentially
distributed. In particular the tail is significantly longer for the
empirical data. We will further discuss implications of this in
section V.A.

The theoretical expectation values were compared with the
performance of the simulated spreading when every node in
the trace was set as the starting node. The relative deviation,
Re, between the expected and actual time until the thresholds,
50% and 80% of the total number of nodes infected, are
visualized in Fig. 4 and Fig. 5 and is defined as

Fig. 3. Cumulative distribution function for empirical data and exponential
distribution for each trace.

Re =
T (threshold)− E[Todt]threshold

E[Todt]threshold

Fig. 4 and Fig. 5 display the results for type I and type II
spreading respectively. Most nodes perform worse than the
theory predicts, especially in type II spreading where the node
spreading the content slowest has a relative deviation of about
240. This means that the time until the node reaches the
threshold is 240 times the expected delivery time. We can also
note that no node performs notably better than the theory.

B. Type I spreading

When only the originally infected node is capable of in-
fecting others, the simulation reaches the threshold of 50% of
the total nodes infected slower than the theoretically expected
value (Fig. 6). This is for the best performing node in the
Sigcom trace and the actual time until the threshold is about
twice as long as the expected value, i.e.

T (50% of the nodes infected)

E[Todt]
≈ 2

This gives a relative error of 100% for the best performing
node which is displayed in Fig. 4.

C. Type II spreading

For this type all infected nodes are capable of spreading
to other susceptible nodes, where we study both unlimited
and limited sharing. Comparing Fig. 7 to the corresponding
trace for type I, Fig. 6, we see that it reaches the threshold
limit faster and that the expectation values are significantly
lower. The best performing node reaches the 50% threshold
10 times faster in unlimited type II spreading than in type I.
The corresponding number for the expectation values is about
15.

The Sigcom trace for limited type II sharing is visualized
in Fig. 8 for different k values. No node reached the 50%
threshold for k < 6 and by comparing the results to Fig. 7
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Fig. 4. Relative deviation between theoretical and actual delivery time to
50% threshold for type I spreading

Fig. 5. Type II relative deviation plot, 50% threshold for all traces

we find that the delivery time is significantly higher when we
limit the number of times content can be shared by a single
node. By comparing to Fig. 6 which is the same trace for type
I spreading, we see that limited spreading performs worse,
even though more nodes contribute to the spreading.

V. DISCUSSION

A. Agreement with theory

Modeling the system as Markov processes we were able
to analytically derive theoretical expectation values for the
performance of the spreading process. As shown in the results,
even the best performing nodes do not spread their content
according to what the theory suggests. In the process of mod-
eling the spreading as Markov process a series of assumptions
has to be made. These include exponential distribution of the
inter-contact times, all with the same rate λ. The results clearly

Fig. 6. Type 1 spreading for Sigcom trace.

Fig. 7. Sigcom trace for type II unlimited spreading.

states that this assumption might be too naive. In particular, the
tail of the CDF from the empirical data has much longer than
than the exponential CDF. This suggests that there are longer
inter-contact times that our theory does not take into account,
making the expectation values lower than the simulated results.

As expected, type II spreading reaches threshold much
faster than for type I since more nodes are participating
in content spreading and we found significant differences
between limited and unlimited sharing. This indicates that the
sharing is not cooperative and that a few nodes do most of the
spreading. If this is the case, information can get ”captured”
by nodes that do not share the content effectively and thus
contribute to making the overall delivery time longer. This
fact is strengthened by Fig. 5, where we see that only a few
nodes perform close to the expected time but most of them
are significantly slower.
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Fig. 8. Type II limited spreading for the Sigcom trace with different k values

B. Simulations

When performing the simulations and manipulating the
traces we make some simplifying assumptions that might influ-
ence the results. The traces were recorded over several days
which included night times, which we eliminated from the
traces in pre-processing. We were only interested in the most
active parts when most of the spreading occurred. Although
this might suit the assumption for the Markov process better,
this does not model real life where times of less activity are
to be expected.

The inter-contact times were also assumed to be symmetric
in the sense that when a node i recorded a contact with node
j for t seconds we assumed that j also recorded i for the
same amount of time. Bluetooth devices search for nearby
devices with a set time interval, and these intervals might
not be synchronized between the devices. This could lead
to non-symmetric contacts in the mobility traces that are not
accounted for in the theory if we assume them to be symmetric
and only use one in the calculations.

C. Future work

Due to the large variety of applications of this technology,
there are several interesting questions that could be further
investigated. The work in this project has mostly focused on
the performance of spreading the content to as many nodes as
possible where we introduced the threshold limits at 50% and
80% of total infection respectively. In a disaster situation, the
total number of infected nodes might be of less importance
than how fast information reaches a specific node, that could
represent an authority specific to the situation. The techniques
we used in our simulations could be applied to a similar case,
where the expected time for some content to reach a specific
stationary node is studied.

Our model assumes that information is sent to nodes within
transmission range without any restrictions regarding the type
of the content. A more realistic scenario would be that people

choose what type of information they want to receive or
subscribe from a news feed in line with their interests. How
that would be incorporated in our simple model and how
the performance would be affected when all nodes are not
cooperating in spreading the information are interesting topics
that could be explored.

Another topic that could be explored further is how accurate
the assumptions we make actually are; that is, if the inter-
contact times really are independent, identical and exponen-
tially distributed and if the rate λ is about the same for every
node pair. These are fundamental parts in our treatment but we
have not argued whether or not they are true for real systems.
Further investigations of this question could confirm that this
way of modeling is valid.

VI. CONCLUSION

Using mathematical models from the field of epidemic
spreading we have studied how real mobility traces perform
by simulating spreading between the nodes. We reached the
following conclusions:

• Epidemic modeling provides a good mathematical frame-
work for our studies where theoretical results are easily
analyzed and analytically derived.

• Our method of simulating the spreading was successful
and could be used to study more specific scenarios and
performance evaluation of metrics other than the overall
and individual delivery time.

• The inter-contact times from the real-life mobility traces
are not quite exponentially distributed.

• Even the best performing nodes did not reach the thresh-
old in the time expected by our theory.

APPENDIX A
PROOF OF LEMMA

If X1, X2, ..., XN are independent, exponentially distributed
stochastic variables with rate λ i.e. Xi ∈ exp(λ) and Y =
min(X1, X2, ..., XN ) then

P (Y > x) = P (min(X1, X2, ..., XN ) > x)

=
N∏
i=1

P (Xi > x) =
N∏
i=1

e−λx = e−Nλ

APPENDIX B
MEMORY-LESS PROPERTY

We want to show that a exponentially distributed stochastic
variable lacks memory, i.e. that the probability of an event
happening in a time interval is independent of when we
perform the measurement. We prove this in the following
manner

P (X ≤ x+ y|X > x) =
P (X ≤ x+ y,X > x)

P (X > x)
=

P (x < X ≤ x+ y)

P (X > x)
=
FX(x+ y)− FX(x)

1− FX(x)

where FX(x) = 1 − exp(−λx), x ≥ 0 is the cumulative
distribution function (CDF) and thus
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FX(x+ y)− FX(x)

1− FX(x)
=

1− exp(−λ(x+ y))− (1− exp(−λx))

exp(−λx)
=

exp(−λx)− exp(−λ(x+ y))

exp(−λx)
= 1− exp(−λy) = FX(y) =

P (X ≤ y)

which proves that the exponential distribution lacks memory.
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Building a Mobile Application for Epidemic
Spreading of Messages in Emergency Situations

Johan Johansson and Gustav Larson

Abstract—Recent natural disaster studies have shown that
many users rely on online communication systems such as Twitter
for information and communication when a disaster strikes. If
the fixed infrastructure is damaged during the disaster, Internet
connectivity and other means of communication might not be
available. By using opportunistic networking information could
be spread during short periods of time when two or more devices
are within communication range. This can allow information
to reach users who were previously left without any means to
communicate.

In this report we present the protocol and implementation of
an opportunistic messaging application for use in a disaster sce-
nario. The application is implemented for the Android platform
and allows for spreading of messages to peers in range through a
Wi-Fi connection. When two devices are within communication
range, they exchange the information about the messages in their
databases. Messages previously unknown to a device are inserted
into the database and will be spread in future contacts with other
devices.

Evaluation of the protocol and application shows that the
impact of the application on a device battery lifetime is small
even under a larger load. The system has been shown to work
in a small scale environment, but as the size of the system grows
issues with synchronization time have been discovered.

Index Terms—ad hoc networks, cellular phones, communi-
cation systems, energy consumption, message systems, mobile
communication, opportunistic software systems development,
peer to peer computing, protocols.

I. INTRODUCTION

TRADITIONALLY a wireless network consists of fixed
infrastructure such as a base station or a Wi-Fi access

point that provides connectivity for mobile users. Recent
technologies such as Bluetooth and Wi-Fi ad hoc have made
it possible for mobile users to exchange information without
the help of fixed infrastructure. Wi-Fi ad hoc networks work
without fixed infrastructure where devices can reach any other
device by relaying messages through multiple other devices.
Wi-Fi ad hoc networks require end-to-end connectivity.

Together with the widespread use of smart phones, Blue-
tooth or Wi-Fi ad hoc could allow public peer-to-peer delivery
of content among mobile devices. When two (or more) mobile
devices are within communication range, they can exchange
data directly with each other. When devices physically move
and get in contact range of new devices they exchange data,
allowing mobile nodes to receive information from nodes that
they have never been directly connected to. This is called
delay-tolerant broadcasting or opportunistic networking. In
opportunistic networking message spreading shows similar
characteristics as epidemic spreading of diseases through
human contact [1]. Several projects such as PodNet [2],
Haggle [3] and Twimight [4] have demonstrated the concept
of opportunistic networking.

Here we consider the use of opportunistic networking in
situations when fixed infrastructure might not be available,
such as during natural disasters. Studies have shown that
messaging systems such as Twitter have been widely used
by users affected by disasters [4], [5]. If fixed infrastructure
is damaged during a natural disaster, systems like Twitter
can not be used since they rely on an Internet connection.
The use of opportunistic networks could allow government
agencies, volunteer organizations and civilians to communicate
and spread important information.

Inspired by systems such as PodNet and Twimight, we
have designed and implemented a messaging system called
EpiDroid for use in a disaster situation. The messaging system
is implemented for the Android platform and the impact
on the battery lifetime has been evaluated together with the
synchronization time.

The rest of the paper is organized as follows. In Section II
we discuss an imaginary disaster scenario and discuss the
features needed in an opportunistic messaging application. In
Section III we give an overview of similar communication
solutions for opportunistic networking. Section IV presents an
overview of our protocol and the implementation of a messag-
ing client on the Android platform. The client and protocol are
evaluated and discussed in Section V. In Section VI we give
some suggestions for future work. Our conclusion is presented
in Section VII.

II. SCENARIO AND NEEDS

To give the reader an idea of how opportunistic networking
can be used when the infrastructure is damaged, a scenario of
a disaster like the hurricane Katrina in 2005 will be imagined.
The hurricane and the following flooding have taken many
lives and caused severe damage to the power system and
the communication infrastructure [6]. The result is a non-
existent mobile coverage and a cell phone will be useless to
a survivor since the phone will not be able to make calls,
send text messages or connect to the Internet. Emergency and
governmental organizations have no means to communicate
important information to the public, and can not receive
information from victims about damaged areas and injured
people.

A survivor who has access to a charged working cell phone
will be able to communicate with other survivors nearby by us-
ing opportunistic networking through an application installed
on the phone. The built-in GPS can also be used since this
technology relies on satellites which have not been damaged
by the disaster. The survivor immediately sends a message
to let his relatives know that he is safe. When exploring the
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Fig. 1. The system consisting of moving users communicating with devices
in range.

area the survivor encounters some survivors without access to
a cell phone. By adding a message to the database including
the encountered survivor’s names and condition the survivor
aids in the search for missing, maybe hurt, people. When
continuing the exploration the survivor comes to a badly
damaged building with a trapped survivor. They need help
from emergency organizations to get him out. The survivor
now takes a photo of the building and adds information about
the situation. By having the GPS enabled the location from
where the message was sent is automatically added to the
message.

While moving around the area the survivors’ phone will
connect to other devices over Wi-Fi which have the same ap-
plication running. When connected, the devices will synchro-
nize their message databases and transfer missing messages. In
this scenario the messages that our survivor sent out will even-
tually reach emergency response teams by opportunistically
spreading from user to user. The messages may be delayed
since there might not be a direct route from the survivor to the
response team, but as people move the messages will spread
whenever devices without the messages is encountered.

The emergency response team now knows the position
of the trapped survivor. Our survivor would at the same
time continuously receive updates and warnings from the
government and other survivors.

From the scenario described above we can derive some
important needs of a survivor:

• Letting relatives know that he/she is safe.
• Communicate with emergency response teams.
• Receive important information about location of shelter,

hospitals, food and water.
• Trusting the received information.
Fig. 1 shows a scenario with moving users communicating

with devices in range.

III. RELATED WORK

Several protocols and uses for opportunistic networking
have been developed. Haggle [3] is a middleware1 architecture

1Software that provides functionality to other software applications.

TABLE I
COMPARISON OF BLUETOOTH AND WI-FI [12].

Standard Bluetooth Wi-Fi
Maximal signal rate 1Mbit/s 54Mbit/s

Nominal range 10m 100m

for mobile devices, allowing applications to communicate
over opportunistic networks. Haggle-ETT [7] is an application
based on Haggle allowing creation of Electronic Triage Tags
(ETT). The ETTs contains health information about disaster
victims, and the information is forwarded to a central coordi-
nation point using opportunistic networking and a message
routing algorithm. Haggle is push-based, meaning that the
content holder decides how to forward the data.

PodNet [2] is another middleware for opportunistic network-
ing. Content is grouped into feeds, similar to podcast feeds,
and information is spread through users querying other users
for content that they are interested in as opposed to Haggle’s
push-based forwarding.

Twimight [4] is a disaster mode enabled Twitter application.
When operating in normal mode, Twimight is a basic Twitter
client allowing users to view and send 140-character tweets
through Twitter’s API. When disaster mode is enabled, tweets
are spread using opportunistic communication to other devices.
When Internet connectivity is reestablished the messages are
synchronized with Twitter’s servers. Twimight has a basic
security architecture [8] allowing for authentication of senders
identity and encryption of private messages.

Twimight uses Bluetooth and PodNet uses Wi-Fi ad hoc [4],
[9]. Haggle supports both Bluetooth and Wi-Fi ad hoc [10].

Other examples of applications developed for opportunistic
networking are a photosharing application for Haggle [10],
a blog and a personal profile sharing application for PodNet
[11].

Our system differs from Haggle and PodNet by not using
a middleware, instead designing the application and protocol
from scratch with the disaster communication application in
mind. The system differs from Twimight by not extending
an existing service (Twitter), instead building a new service.
Similar to PodNet and Twimight our system is pull-based.

IV. IMPLEMENTATION

We have implemented EpiDroid in Java for the Android
platform. Since Wi-Fi ad hoc mode is not supported on
Android devices without running the application in privileged
mode (rooted mode) [9], this prototype implementation uses
a fixed Wi-Fi access point for communication between the
devices. The implementation could later be used together with
Wi-Fi ad hoc mode when support is added to the Android API
or in rooted phones.

The use of an access point means that all communication
between two devices will be relayed through the access point,
as opposed to communication directly between two devices in
Wi-Fi ad hoc mode.

Bluetooth is not used because discoverability requires user
interaction. As shown in Table I Wi-Fi also has the benefit of
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(a) (b) (c)

Fig. 2. Screenshots from EpiDroid. 2a. Message timeline. Bold font indicates unread message. Checkmark indicates that the message is authenticated.
2b. Detailed message view including picture and GPS coordinates. 2c. Sending a message.

greater range and higher speed. The tradeoff is that Wi-Fi is
more energy consuming than Bluetooth [12].

The implementation uses an Android service which runs in
the background and is responsible for synchronizing messages
with peers that it discovers. The service contains two modules;
the discovery module responsible for discovering peers con-
nected to the same network and the synchronization module
responsible for synchronizing messages with peers that the
discovery module has found.

An Android activity can then bind to the service and present
the messages in the database through a graphical user interface
(GUI). The activity also allows the user to create and send new
messages. Fig. 2 shows screenshots from EpiDroid.

All devices are assigned a 128-bit unique ID generated
according to version 4 of RFC 4122 [13] upon first start of the
application. This is done in order to create a fixed identity for
each device that is not subject to change. The phone number
is not used since users might want to use the application on a
device without a phone number, such as an Android tablet.

All protocol messages are in JSON [14] format. All mes-
sages contain the device ID of the sender and a type field
which can be one of the four following message types: hello,
request, reply and reject. The type of the message
determines how the receiver will handle the message.

A. Discovery module

When devices are connected to a Wi-Fi network they
broadcast a hello message on regular intervals on a prede-
fined UDP port. The hello messages contain the device’s
unique ID and the timestamp when the device’s message
database was last updated. On a separate thread the device
listens for incoming hello messages from other devices.

The discovery module maintains a cache of peers that it
has been in contact with along with the timestamp of when
synchronization occurred for each peer. If a new peer, or a
peer with a timestamp newer than the timestamp in the cache
is discovered the module notifies the synchronization module.

B. Synchronization module

The synchronization module consists of two threads: 1) a
server thread running in the background listening for inbound
TCP connections; and 2) a client thread which is created after
the discovery module notifies the synchronization module of
new content in a peer. The client thread is destroyed after
synchronization is finished.

Fig. 3 gives an overview of the protocol message exchange
in the discovery and synchronization phase.

When the client thread is created, it establishes a TCP
connection with the server thread of a peer and sends a
request message over the connection. The TCP port that
the server thread runs on is predefined, and the IP to connect
to is known by looking at the sender’s IP adress of received
hello messages.

The request message contains a syncFrom timestamp
from which the device wishes to synchronize its database with
the peer. This way devices who have recently synchronized
only exchange the updates since the last time they were in
contact with each other. The request also contains the sha-1
field which is a SHA-1 hash based on the messages that the
client has and are newer than syncFrom.

When the server receives a request message it compares
the value of the sha-1 field with the SHA-1 hash that it
computes from its own database. If the hashes match the
devices databases contain the same messages. This could
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User A (client) User B (server)

Ti
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Discovery Synchronization

hello

Check if synchronization
is neccessary
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Check hash.
Send back all messages
since syncFrom

reply

Send back messages
not in reply from server

reply

Fig. 3. Overview of a protocol message exchange without any attached
pictures. The device who establishes a connection to a peer after a received
hello message is referred to as the client.

happen if both devices have synchronized with a third device
before synchronizing with each other. The server then sends
a reject message explaining that the hashes matched and a
synchronization is unnecessary.

If the hashes did not match the server sends the client a
reply message containing all of the messages received since
syncFrom. The client parses the response and inserts all
messages that it does not already have into its database. The
client checks its database for messages that it did not receive
from the server and sends a reply message back to the server
containing messages that it can be certain that the server does
not have. The server then inserts the missing messages into its
database.

If the communication between the devices fails during the
synchronization, the timestamp in the device contact cache will
not be updated. If they synchronize again they will transfer all
the messages since the original syncFrom.

C. Message format

Each message contains the following fields: messageID,
timeCreated, and messageData. The messageData
field stores information such as message text, GPS coordinates
and picture information.

The message ID is generated as a SHA-256 hash of the
timeCreated, messageData and the sender’s device ID
and name and is generated upon message creation. This makes
message ID collisions improbable, and makes it computa-
tionally hard to craft messages with a specific message ID.
Without this, it would be trivial for a malicious user to spread
messages with the same IDs as existing messages. This would
cause devices to deny messages if they have already received
a message with the forged ID and could act as a denial of
service attack.

The receiver always checks the validity of the message ID
before inserting it into its database.

D. Pictures

It is possible to send larger files such as pictures by
including a reference to a file name in messageData. After
the client have parsed a response it queries the server for
missing files. By transferring the pictures after the messages
have been synchronized, the traffic will be kept limited, since
no unnecessary data will be sent from the server.

The downside of sending the pictures after the messages is
that if the connection between the devices is lost during the
synchronization, this might lead to delivered messages without
its pictures. This is a result from prioritizing the information
as text ahead of the information as pictures in EpiDroid.

If the connection fails during picture transfer the message
will be saved without the picture. During later synchroniza-
tions the device will request missing pictures.

E. Authentication

As in all systems security is a serious concern. We have
implemented a basic solution for message authentication using
public key cryptography.

In public key cryptography each user generates a key pair
containing a public and a private key. Messages signed with
the private key can be verified with the corresponding public
key [15].

In this basic security solution the final application would
come pre-installed with public keys for government agencies,
emergency response teams and volunteer organizations. This
way a user in a disaster scenario would be able to trust that
a sender of an important message is authentic, and not a
malicious user trying to spread false information.

V. EVALUATION

A. Energy consumption

In a disaster scenario the electric power system may be
damaged. Since it might not be possible to recharge the battery
energy consumption is an important parameter for EpiDroid.
To be able to communicate with other devices for as long as
possible the battery life must be used efficiently.

When running tests of the energy consumption the battery
level was monitored using the Android application Battery
Log [16]. All measurements was performed on the same HTC
Wildfire S A510e running Android 2.3.5 with no other services
running in the background. In order to prevent the phone
from turning off the CPU in order to save battery, the screen
was always on with a fixed brightness. The SIM card of
the phone was removed to avoid any impact from external
communication.

In Fig. 4 the battery consumption is compared for four
different scenarios: 1) Wi-Fi turned off and EpiDroid not run-
ning; 2) Wi-Fi turned on and EpiDroid not running; EpiDroid
running with interval between hello messages configured to,
3) 5 s; and 4) 0.5 s.

From Fig. 4 it is clear that the use of Wi-Fi significantly
decreases the battery life. The affect on the battery life by
running EpiDroid in different scenarios increases the energy
consumption slightly. The results from the energy consumption
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Fig. 4. Energy consumption measurements for different interval between
hello messages and impact from use of Wi-Fi.
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Fig. 5. Energy consumption measurements for receiving messages from
another device with different interval. Interval between hello messages set
to 5 s for all measurements.

evaluation agrees with the measurements by Helgason et al.
[9].

The interval between hello messages in the application
was chosen to 5 s, since we believe that this is a reasonable
trade-off between battery consumption and discovery time.

In Fig. 5 the impact of receiving messages is compared for
three different scenarios: 1) EpiDroid running, not receiving
any messages; EpiDroid running and receiving: 2) 1 mes-
sage/minute; and 3) 60 messages/minute. The interval between
hello messages was set to 5 s for this measurement.

From Fig. 5 we can conclude that the effect on battery
life from receiving messages is minor. When receiving 60
messages/minute the battery life is approximately 50 minutes
shorter than having the Wi-Fi interface turned on, but not
running the application.

a b c d e
0

5

10

15

20

S
y
n
ch

ro
n
iz

at
io

n
 t

im
e/

s

 

 
Local processing

Other

(a) All measurements

a b d
0

1

2

3

4

S
y
n
ch

ro
n
iz

at
io

n
 t

im
e/

s

 

 
Local processing

Other

(b) Detailed view

Fig. 6. Duration of synchronization including standard deviation for:
a) 1 message of 200 characters; b) 50 messages of 200 characters; c) 200 mes-
sages of 200 characters; d) 1 message of 20000 characters; and e) 50 messages
of 20000 characters.

B. Synchronization time

In a mobile scenario two devices might only be in contact
range for a short duration of time. An important parameter for
EpiDroid is therefore the efficiency of the synchronization.

The duration of a synchronization was logged for four dif-
ferent scenarios: 1) 1 message of 200 characters per synchro-
nization; 2) 50 messages of 200 characters per synchroniza-
tion; 3) 200 messages of 200 characters per synchronization;
4) 1 message of 20000 characters per synchronization; and
5) 50 messages of 20000 characters per synchronization.

For each scenario we conducted 5 runs. In Fig. 6 we show
the mean processing time for the client together with the total
time for synchronization and standard deviation for total time
of synchronization. The total time measured is the time it takes
for the client thread of the synchronization module to run.

From Fig. 6 it is clear that each message adds processing
time for the client, which explains the time difference between
measurement b and d. The bytes transferred between the
phones is approximately the same in both measurements. This
delay would get shorter as the computational power of phones
increase.

VI. FUTURE WORK

Out of the evaluation of the application follows some
proposals, presented below, on possible future work to improve
EpiDroid.

A. Energy consumption

An option to increase the battery life in future work is to
make the application toggle the Wi-Fi network on and off in
cycles. The downside is that it will affect the communication
and the opportunity to spread messages by decreasing the time
for devices to connect. When users are moving the optimal
would be for devices to connect as soon as they are in range.
By toggling, the devices might connect too late and not be
able to transfer all of the information.

B. Internet connectivity

Our system only communicates with other devices using
opportunistic communication, even when an Internet connec-
tion is available. The advantage of this is that no centralized
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server is needed, but message delivery will be slow and not
as reliable. Twimight uses Twitter as a centralized server
when Internet connectivity is available [4] and PodNet uses
multicasting [11]. Implementing a solution for communication
with Internet connectivity available is left as a suggestion for
future work.

C. Scaling

Our system forwards and stores all messages and with a
small number of messages this is not a problem. When the
message rate is increased, it would be possible for the user
to filter/search the database to find information of interest.
However, the time of contact between two devices could be
very short, and the time will eventually not be enough to
exchange all missing messages [4]. This is confirmed by the
measurements shown in Fig. 6.

As the size of the system increases, the need for smart
content dissemination increases. If there is no time to transfer
all messages some sort of prioritization of messages would
have to be implemented. A solution suggested by Hossmann
et al. [4] is the exchange of user’s interests before the syn-
chronization of any messages and prioritizing the transfer of
certain messages.

D. Distribution of public keys

In our prototype implementation of EpiDroid we suggest
that the application is distributed with the public keys of
important organizations and emergency response teams. How-
ever, this would require an update to the application in order to
add new keys, and revoke invalid keys. One way to transfer a
public key to other devices is with the technology called Near
Field Communication (NFC) which some newer smartphones
supports. When a user encounters another user they can bring
their phones together and exchange their public keys. Since
the communication range for NFC is very short, the users can
be sure that the received public key has not been intercepted
and changed.

Capkun et al. [17] suggests the use of certificate chains by
letting other users sign the users’ self generated public key and
distributing these to other peers in the opportunistic network.
This has the advantage of not relying on any fixed servers
or trusted authorities. The Twimight however use a server to
manage and distribute keys and certificates to clients before
connectivity is lost [8]. This approach is simpler and a good
solution for systems which are not completely opportunistic,
but uses Internet connectivity whenever available.

E. Specific receiver

In EpiDroid users have access to all received messages. A
feature which can be added in future work is private messages
where a user can choose which users to be able to see the
messages. This can be of interest if the user only wants to
send a message to relatives.

VII. CONCLUSION

In this report we present the protocol and implementation
of an opportunistic messaging application for use in a disaster
scenario. EpiDroid is implemented for the Android platform
and allows for spreading of messages to peers in range through
a Wi-Fi connection.

Features of the application include:
• Discovering and synchronizing messages with peers.
• Include data such as GPS position and pictures in the

messages.
• Basic authentication of the author’s identity for a mes-

sage.
Tests have shown that the impact of the application on

devices battery life is small, even under a larger load.
The system has been shown to work in a small scale envi-

ronment. Measurements of the synchronization time between
two devices have shown that for a large amount of users and
messages, there is a need for smart content dissemination.
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It is not just your phones that are getting smarter, it is the buildings as well. Wouldn't it be great if you didn't have to 
worry about cleaning your house or doing your dirty dishes? In the near future, mobile robots will be able to perform 
these tedious tasks for you at almost no cost at all.  
 
We have investigated different ways for the robots to navigate in a smart home. In order for them to do this, it is 
important that they can perceive and interpret their surroundings. Our work enables the robot to complete these 
tasks while smoothly avoiding common household objects, such as furniture and windows. By introducing this 
technology in your home, a whole new world of novel applications unravels. The robots of tomorrow could actually 
help the fire brigade by localizing injured people. Other robots could wash and guard the cars of a whole company, 
while the employees work. Potentially, this could save not only time and money, but also making environments safer. 

 
 
 

Context I  
The Smart Building 

1. AUTONOMOUS GROUND AND AIR VEHICLE PROJECTS 

ROBOTS DOING YOUR DIRTY WORK 
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In this context the usage of autonomous vehicles in smart buildings is investigated. The smart building concept is 
based on modern sensing and wireless networking technologies. The goal of this context is to develop methods to 
enable vehicles to operate autonomously in this kind of indoor environment. To accomplish this goal, it is necessary 
to study both airborne (project I5) and ground vehicles (project I4a and I4b). Navigational algorithms and controllers 
must be designed in order to achieve tasks autonomously. Different sensors and positioning systems need to be 
studied to evaluate which would be the most suited for these vehicles. In addition, new applications are proposed by 
each project group. 
 
The work done in this context regards integration of both ground and airborne vehicles into a smart building. For 
these vehicles to be able to perceive and interpret surroundings existing in smart buildings, sensors are studied and 
evaluated. Results show that different sensors are suited for different purposes and this is why the vehicles in this 
context are equipped with multiple sensors. The first step in the implementation of these vehicles is to create a 
navigation controller and an algorithm for avoiding obstacles.  
 
The Autonomous Ground Vehicles (AGVs) and their sensors are modeled and simulated for home environments. 
These simulations are done using different kinematic models of the AGV structure. With proportional controllers an 
output signal is created for steering the vehicle. To navigate this vehicle in an environment with static and moving 
objects two methods are proposed. The concept of the first navigation algorithm is to use potential mapping to 
create a visualization of the surroundings, allowing the AGV to find the shortest and most secure way to the target. 
The other method uses a breadth first search on a discretized map of the targeted area to complete the previous 
mentioned task. With the methods and controllers suggested the AGVs are able to safely navigate through various 
simulated indoor environments.  
 
In earlier projects, Unmanned Air Vehicles (UAVs) and UAV control have already been investigated through 
simulations. Thus, the focus of this years’ projects lies on implementing a navigation controller to a real UAV. For 
operating in small areas that can occur in houses a quadrotor is preferable as an UAV. A communication path 
between vehicle and control program is suggested and implemented for the UAV. An obstacle avoidance algorithm is 
proposed and combined with a navigation controller of PID structure.  
 
The results show that there is great potential for the use of robots in smart buildings. Autonomous navigation was 
successfully achieved, with implementation of air vehicles and simulations of ground vehicles. This proves the 
capabilities of these systems of performing tasks in indoor environments. The implemented communication path is 
of great assistance when integrating autonomous vehicles into the smart building environment. The quadrotor 
managed to autonomously detect and avoid a wall and then fly through a corresponding window with a small 
clearance. This indicates a good first step towards the complete implementation of the UAV to the smart building. 
The project tasks are too time-consuming to also involve sensor modeling. Since not every project group 
implemented their algorithm, it was difficult to actually model the sensors mathematically, which according to one of 
the project goals should have been done. This could possibly be a project of its own, where sensors and positioning 
systems for autonomous vehicles could be studied and tested more in depth. Introducing this project would make it 
more realistic for the autonomous vehicles to actually be implemented. Since an implementation also includes 
wireless communication, a project group investigating this could collaborate with the others as well. 
Project I5 did implement their algorithm into an actual robot. As for future work, it would be interesting to evaluate 
if the vehicle could actually perform a task, other than simply navigating. For example, the vehicle could try to 
transport something from one point to another. For an even greater challenge, multiple vehicles could together 
transport objects which are too heavy for a single vehicle.  
 
Hopefully, the results of these projects will lead to further research in the area of autonomous vehicles in smart 
buildings. Potentially, these applications could save time, energy, money and make home environments safer. 
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ETHICAL  ASPECTS 
 
The use of UAVs and AGVs in ordinary homes can be of great assistance but can also cause moral dilemmas. Some 
of these are class segregation, environmental issues, human knowledge, security, surveillance, military purposes and 
job opportunities. These are accordingly addressed below.  
 
This technology could increase the standard of living for people. However since this application is fairly new and 
expensive only a few will be able to afford it. When the products are introduced to the market this can temporarily 
lead to a more segregated society.  
 
The production of robots uses materials that are often extracted in development countries. If the production gets on 
a larger scale then the environmental aspect has to be considered. This is due to the fact that non renewable minerals 
are used in the production. It has to be weighed whether or not a higher standard of living for some people is worth 
the environmental degradation. 
 
To have robots perform tasks for people could really impact peoples ability to understand and perform these tasks 
themselves. What happens in the case of technical failure? Will people evolve beyond the knowledge of these robots 
if their main purpose is to replace them? 
 
Some of the tasks these robots can be used for are monitoring and surveillance which brings up the ethical aspect of 
integrity. It is one thing to constantly get watched in your own home, but what if these applications are used in 
hospitals? While it might raise the level of security, it might also violate peoples personal integrity. 
 
Of course, the technology developed here might be used outside smart buildings as well. The developer of said 
technology might have responsibilities even if it is used outside its original context. For example, both AGVs and 
UAVs are commonly used in military operations, which awakens yet another ethical standpoint: Is it really acceptable 
that our innovation is used to fight wars in other countries? It is quite likely that the vehicles are included in activities 
that could mean harm to people.  On the other hand, the vehicles could be used for civil protection such as for mine 
disposal.  
 
The development and production of these robots would create job opportunities. At the same time these robots 
could perform jobs that have previously been handled by people. Though, this is not all bad. Consider environments 
which can be dangerous to people. In buildings on fire a team of robots could be sent in to help, or just localize 
people in danger and thereby reduce the risk for the firefighters. 
 
Before further development and an eventual release of the applications mentioned, it is necessary to discuss how they 
might impact people, society and environment. 
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Imagine being unable to perform even the simplest tasks in your own home, such as turning on the light or adjusting  
the temperature. Imagine being completely dependent on other people to take care of you. This is the reality for 
many people rehabilitating from a stroke for example. Fortunately there are ways to help them live more 
independently in the comfort of their own home and at the same time saving society millions of Euros. Smart 
buildings provide this solution. 
 
We have developed systems for smart buildings to control home appliances with facial expressions, automatically 
control the temperature and track moving objects. This is achieved by wirelessly connecting many types of sensors, 
such as cameras and thermometers. These are only a few applications made possible with smart buildings. They also 
save energy, cleans your house and reduces carbon emissions. With further research we believe that the lives of many 
people can be improved. 

 
Smart buildings are houses that use technology to help people have a better home experience. When implementing 
such technology it is called a smart application. It can for example raise the temperature in a room automatically, 
track people inside a house or even turn on a lamp with the blink of an eye literally speaking. A smart building 
benefits not only the occupant, but also the society in terms of saving energy. In three different projects, students 
have investigated different smart applications: detection of moving objects (I6), temperature control (I2) and health-
care (I3). All of these projects investigated applications which used different sensors: cameras, brain activity sensors 
and thermal sensors. 
 
The results of sub-project I6 were methods to detect moving objects with cameras and Ultra Wide-Band sensors. 
Objects can be positioned in 2D or 3D, and group I6 have characterized how many cameras were required. Only one 
camera was needed to position an object in 2D, and at least two cameras were required to position an object in 3D, 
at least two cameras were required. Wireless communication was desired between cameras for easy implementation. 
Sub-project I2 investigated communication between sensors and how they could be used as a smart application. This 
was done in an implementation of a system that regulated the temperature in a room. It used a controller called 
Proportional Integrative and Derivative (PID) controller to raise or lower the temperature automatically. The result 
was that sensors could be used for regulating temperature in a room.  Finally, several health-care applications were 
investigated by sub-project I3 and in particular, a brain computer interface was developed by using brain activity 
sensors. This was achieved by using electroencephalogram (EEG) to detect facial expressions in order to control a 
device. Sub-project I3 also studied the theory and implementation of how to detect a fall and administrate drugs. 
This resulted in a proposed theoretical system of each area. A fall detection system based on an accelerometer that 
not only measured the impact of the fall, but that also determined the posture of the body after the fall. This sensor 
was complimented with a network of vibration sensors that could detect the fall based on the vibration patterns in 
the floor. The other proposed system was a medicine cabinet that took in to account the patients current state, both 
mentally and physically, by measure e.g. alpha wave symmetry (AWS) with EEG or blood pressure. AWS was a way 
to measure mental simulation and could be used to detect a depression. 
 
These projects had similarities; the most common factor was the wireless connection to connect the sensors. This 
was a crucial part in every system investigated because it provided easier deployment and the ability of mobile 
sensors. The projects also studied the theory of PID control that was used in all applications.  

 

2. SMART HOME PROJECTS  

THE REHABILITATING POWER OF SMART BUILDINGS 

 

CONTEXT SUMMARY  
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Each project had areas that could to be furthered researched. Group I6 that studied detection and tracking discussed 
further studies of wireless communication. For example, communication between cameras might need a specific 
communication protocol that allows transmitting of larger packets of information. This would be needed to enable 
implementation of detection applications in a wireless camera network. 
 
For future project studying similar areas there could have been improvements regarding the goals of the projects. 
The different goals of the projects could be have been phrased more concrete to achieve clear results. It would also 
benefit if formulated to focus on a task consisting of only one system. The demand of smart applications in homes 
are growing, therefore the technology will continue improve the standard of living.  

ETHICAL ASPECTS 

There are ethical issues that need to be addressed when developing new technology for smart buildings. These issues 
might have a negative impact on the society and therefore researchers and engineers have to take responsibility for 
the development. The main issues in this context are privacy concerns and social isolation. Other risks are that jobs 
can be replaced by the technology and the social gaps may increase because of the expenses a smart home brings. But 
smart buildings also have a positive effect on society: they need to be put in comparison with the negative impacts. A 
decision can then be made if the technology should be implemented. 
 
We will now discuss some specific ethical issues. The privacy of personal information is a big concern in today’s 
digital society. Collecting large amounts of data, often considered as personal, is a crucial part of a smart building. 
For example, camera systems designed to protect you in different ways needs to monitor the activities in the home. 
Such a system could even save lives by alerting the emergency service in case of a heart attack. But this data has to be 
protected from security breaches and controlled by the user, otherwise outsiders can obtain sensitive private 
information and use it for malicious reasons. 
 
Another example is when automatic systems replace simple tasks for a disabled person, such as cleaning, turning on a 
lamp or a TV. These tasks are usually done by a caretaker who also provides human contact. Losing this human 
connection might lead to depression and even suicide. This could also result in caretakers losing their jobs. On the 
other hand the technology of smart buildings could also provide means for increased communications using e.g. the 
internet. 
 
There are several other concerns like people getting too dependent on the technology and losing practical knowledge 
or induce laziness. Finally, the increased cost when building new houses might lead to increased social gaps. 
 
However, our conclusion is that the positive affect the technology of smart buildings has on society outweighs the 
negative effects. We also believe that with the right implementations and regulations most negatives affects could be 
countered. But it is essential to make the systems as secure and robust as possible with tools such as encryptions. 
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Building Control and Automation via PID and WSN
Ni Dong†

Abstract—This paper introduces temperature control method
by using PID controller and realizing it over wireless sensor
network, starting with some basic knowledge about PID controller
method, and communication protocols ZigBee based on IEEE
802.15.4. Then, the temperature model be built, by considering
time delays and packet losses. Also, some results are given
by Matlab simulations which could show the performance of
temperature control system. In order to achieve temperature
control via wireless sensor network, TinyOS software can help
us make temperature model virtualized. TinyOS, which contains
several components, can form the applications executable. Hence,
the wireless network control can be implemented on TinyOS
platform. By the end of this paper, a new application is proposed
and discussed basic merits and drawbacks.

Keywords—Temperature, PID Controller, ZigBee, Wireless Sen-
sor Network, TinyOS.

I. INTRODUCTION

AUTOMATION in smart building is attracting increasing
attention from many researches due to many it makes

possible to automatically and wirelessly monitor and dominate
the physical variables such as the temperature in the room and
the humidity level of the wine cellar and so on. The smart
building can also control the intensity of light in rooms to
provide us a comfortable life. Furthermore, automatic detection
in smart building could reduce the response latency from
accident and enhance the security level. Not only does the
smart building provide a better environment at home, but also
it saves energy for the future.

To achieve the automation, wireless sensor network (WSN)
[1] is used to gather measurements from the environment and
then send the control signal to actuators. To make the best
of WSN, the wireless network communication protocols that
are implemented on standard IEEE 802.15.4 are studied. Then
ZigBee [3] is chosen as protocol in this smart building wireless
network due to the easy implementation in the commercial
behalf.

On the other hand, in order to establish such a building
that can satisfy our basic needs, PID controller, which is a
worldwide controlled method to be easily implemented in real
life, needs to be taken into consideration. To investigate the
use of PID controller in the automation, a temperature control
system is proposed.

In this system, the measurements of the temperature inside
the room are sent to a remote PID controller via wireless
by WSN. And the control signals are calculated by the
PID controller and sent back to the temperature system to
maintain the suitable temperature in the room. This application
is implemented by two motes and a personal PC. TinyOS

†Ni Dong, KTH Royal Institute of Technology, nid@kth.se

platform[10] is performed on these motes that simulating the
environment and the control besides the wireless communica-
tions. Here TinyOS programs are composed of named software
components, some of which present hardware abstractions.
A component in TinyOS provides and uses interfaces, which
contain commands and events. Moreover, interfaces specify
the interaction between two components, the provider and the
user. Commands are such like calls from user to provider
with respect to events that are calls from provider to user.
The components interact each other via interface only. Due
to achieving this wireless network, seven components are
proposed on the TinyOS platform while using on eleven inter-
faces to get connection and transfer the information between
motes and computer. At the same time, building the simulated
environment on the software Matlab to monitor the whole
system, thus the smart building can totally be imitated via
test-bed platform.

However, WSN introduces the transmission delays and mes-
sages losses into the control system. To investigate the impact
of the delays and losses, theoretical and experimental analysis
is given. The analysis shows that since the sampling time is
very large in this temperature control system, large transmis-
sion delay can be tolerated by PID controller. Moveover, since
the open loop system is stable, high message losses rate can
be also tolerated by PID controller.

To rest paper is organized as follows. Section II and Sec-
tion III gives the introduction of PID controller and ZigBee,
while Section IV introduces the model of the proposed tem-
perature control application. Then the parameter for PID con-
troller is obtained in Section V. Furthermore, Section VI gives
the theoretical analysis of the impact from the transmissions
delays and message losses. Section VII gives the numerical
results, followed by a new potential application in Section VIII.
Finally, the paper is concluded in Section IX.

II. PID CONTROLLER

A proportional-integral-derivative controller (PID controller)
is a generic control loop feedback mechanism (controller)
widely used in industrial control systems. A PID controller
calculates an error value as the difference between a measured
process variable and a desired setpoint. The controller attempts
to minimize the error by adjusting and monitoring the process
control inputs.

A. Basic control method
The PID controller calculation (algorithm) involves three

separate constant parameters, and is accordingly sometimes
called three-term control: the proportional, the integral and
derivative values, denoted by three letters here P, I, and D.
Heuristically, these values can be interpreted in terms of time:
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P depends on the present error, I is on the accumulation of past
errors, and D is a prediction of future errors, based on current
rate of change. The weighted sum of these three actions is used
to adjust the process via a control element such as the position
of a control valve, a damper, or the power supplied to a heating
element. The overview of the PID controller algorithm is given
by the following equation:

u(t) = Kpe(t) +Ki

∫ t
0
e(τ)dτ +Kd

d
dte(t)

= Kp

(
e(t) + 1

Ti

∫ t
0
e(τ)dτ + Td

d
dte(t)

) (1)

where Kp is proportioanal gain, Ki is integral gain, and Kd

is derivative gain, which, three parameter are all the tuning
variables. e is an error, t is time or instantaneous time, τ
is a variable of the integration and it takes value from 0 to
the present time τ . However, the time constant Ti and Td are
called integral time (constant) and derivative time (constant),
are sometimes used instead of the integral and derivation gains.

B. Discrete Time PID
Consider the ideal PID controller written in the continuous-

time domain form given by Equation (1), to discrete the PID
controller, we need to approximate the integral and derivative
terms to be handled by computers. To look for methods
to approximate, there are three apparent choices to achieve
integral and derivative in discrete time by using values only at
the sample instants and not in between values. Mathematically,
the discrete approximations can be summarized as follows.
• Forward Difference:

u(k + 1) ≈ u(k) + e(k)T

• Backward Difference:

u(k + 1) ≈ u(k) + e(k + 1)T

• Tustin’s Approximation:

u(k + 1) ≈ u(k) +
e(k + 1) + e(k)

2
T

After analyzing the stability of mapping region between
s domain and z domain, stable continuous controllers are
approximated by stable discrete controllers and unstable con-
tinuous controllers are mapped to unstable region with respect
to using Tustin’s Approximation. So in practice, we always
choose Tustin’s approximation (bilinear transformation) to
converting continuous-time plant to discrete-time plant. Using
this approximation, a continuous-time PID controller law can
be given by the following equation:

u(k) =Kpe(k) +Ki
T

2

q + 1

q − 1
e(k) +Kd

q − 1

T
e(k)

=(Kp −
KiT

2
)e(k) +KiT

k∑
j=0

e(j)

+
Kd

T
[e(k)− e(k − 1)]

=KP e(k) +KI

k∑
j=0

e(k) +KD[e(k)− e(k − 1)]

C. PID parameters tuning

In the absence of knowledge of the underlying process,
a PID controller has historically been considered to be the
best controller. By tuning the three parameters in the PID
controller algorithm, the controller can provide control action
designed for specific process requirements. The response of
the controller can be described in terms of the responsiveness
of the controller to an error, the degree to which the controller
overshoots the setpoint and the degree of system oscillation.
Note that the use of the PID algorithm for control does not
guarantee optimal control of the system or system stability.

In purpose of getting better performance via PID controller,
parameters tuning is necessary. As for the proportional gain
Kp, the error goes decreasing with the increasing Kp, but
the larger proportional gain Kp always makes system shock
and more oscillatory, even unstable by far. The higher value
of parameter Kp implies larger overshoot with respect to the
response of system. Nevertheless, integral action guarantees
that the process output agrees with the reference signal in
steady state and provides an alternative to the feedforward
term. We can conclude that with integral action the error
of the system compared to the reference value will be zero
if it reaches a steady platform and also the achievement
of using Ki has better results than using feedforward term
in practical. And with respect to the integrated error, the
error is inversely proportional to the integral gain Ki. The
larger Ki is, the slower integral speed is. It’s thus a kind of
measurement of the effectiveness of disturbance attenuation.
A large gain Ki attenuates disturbance effectively, but too
large term also gives oscillatory behavior, poor robustness and
possible unstable performance over the closed loop system.
The original motivation for derivative feedback was to provide
predictive or anticipatory action. Performance deteriorates if
the derivative gain is too high. Actually, the derivative cannot
be totally achieved over the real experiment, thus we always
choose the first order inertia link with as smallest as possible
time constant instead of the derivative part.

Some applications may require using only one or two actions
to provide the appropriate system control. This is achieved by
setting the other parameters to zero. A PID controller will
be called a PI, PD, P or I controller in the absence of the
respective control actions. PI controllers are fairly common,
since derivative action is sensitive to measurement noise,
whereas the absence of an integral term may prevent the system
from reaching its target value due to the control action [2].

III. ZIGBEE

In order to investigate the use of controller together with
wireless network, we need to define our communication proto-
cols which are regulated the rules in the network of our system.
We choose ZigBee as our protocols, which is an established set
of specifications for wireless personal area network (WPAN)
based on an IEEE 802.15.4 wireless networking standards. And
about the IEEE 802.15.4, its a standard which specifics PHY
layer to the MAC layer for the low-rate wireless personal area
network (LR-WPAN). In the investigation of the PID controller
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REDUCE FUNCTION DEVICE
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Fig. 1. Topologies of ZigBee, which consist of pan coordinator, full function
devices, and reduced function devices; The lines is the communication flow
between nodes.

together with wireless communication infrastructures, proto-
cols like ZigBee, wirelessHART [12]or ISA100 [?] are to be
needed. After making comparisons among several protocols,
ZigBee is chosen to be protocols via wireless network in the
smart building model. ZigBee is developed by the ZigBee
Alliance who is an association of companies working to-
gether to enable reliable, cost-effective, low-power, wirelessly
networked, monitoring and control based on an open global
standard [5]. The goal of the ZigBee Alliance is to provide
the consumer with ultimate flexibility, mobility and ease of use
by building wireless intelligence and capabilities into everyday
devices. ZigBee technology will be embedded in a wide range
of products and applications across consumer, commercial,
industrial and government markets worldwide. For the first
time, companies will have a standards-based wireless platform
optimized for the unique needs of remote monitoring and
control applications, including simplicity, reliability, low-cost
and low power [3].

ZigBee is poised to be a world wide standard over the
communication network. It provides some beneficial features
like simply implemented and low consumption in daily life.
And also, the low power usage is another bright spot in
that long power can be entitled by the smaller batteries.
Moreover, ZigBee network can be configured to operate in a
variety of different methods to fit many different applications
and environment. High-density nodes in per network can be
allowed, although it might be many devices in the network
because ZigBee network built upon the MAC layer and PHY
layer. It attributes for massive sensors and control network to
be permitted.

ZigBee be a wireless network standard that meets the unique
needs of sensors and control devices. They do need low latency
and low energy consumption for long battery life and for large
device arrays between each other [4].

A. Components
ZigBee network consists of three different components that

determine the nature of the devices, commence and reply
the binding request, and that ensure a secure relationship
among the devices. The coordinators, the routers and the end
device deploy the ZigBee logical device type. And about the
end devices, the full function device (FFD) and the reduced
function device (RFD) are be designed to the network. Only
one coordinator that is as important as the root of the tree
can be permitted in per network. The responsibilities for
the coordinators are to initialize the network, to store the
information, and to manage the network nodes. For the full
function device, they can function in any topology while
the reduced function device can only be limited in the star
topology. More important thing is that the FFD can serve as
a network coordinator with respect to line powered. Any FFD
powered by batteries can be allowed to talk to other FFDs or
RFDs, where RFD can only be enabled to talk to a coordinator.

B. Topology
Supported topologies included peer-to-peer topology, star

topology, and mesh/cluster tree topology as shown in Figure 1.
The peer-to-peer topology defined by such nodes, which can
connect to each other directly. And for the star topology, each
node connects directly to the central coordinator. A cluster tree
is a number of the star topologies connected whose central
nodes are also in directly communication with the single
coordinator.

IV. SYSTEM MODEL

This section introduces system model based on temperature
control. The system model built upon a simulated system
designed over the wireless network and controlled by using
PID controller, which is an easy implemented and wide-used
controller, especially in commercial and industries field, in
daily life. The PID controller always performs better using in
feedback control and more than 90% of regulatory controllers
utilize the PID feedback method based on a large number of
surveys. Hence, the temperature in smart building can be easily
controlled over PID proposed in that it only compares the
difference between the reference signal and current variables.

As for the model of this temperature control system, several
factors, which are effect the variables we desire to control
in the smart building might take into account. For example,
temperature inside is determined by such elements as the
outside weather, inside temperature, the radiator’s and the floor
heating temperature influence. Thus, the whole model can be
defined by the following equations:

Ṫr =α1(Th − Tr) + α2(To − Tr) (2a)

Ṫh =α3(u− Th) (2b)
y =Tr (2c)

where Ti is the inside room temperature, To is the outside
temperature determining by the weather, and Th is the tem-
perature due to the electronic device like the floor heating and
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the radiators. Assuming several things first in the office of
smart building:

1) The volumn of each office is V = LWH where length
L = 10 m, width W = 6 m, and height H = 3 m.

2) The desired and final controlled temperature in the room
is 20 ◦C or 293.5 ◦K.

3) The atmosphere pressure is 1.00 ATM (101.325 kPa).
4) The equivalent molar mass of air around (78% N2 and

21% O2) is 28.97 g/mol.
5) At 20 ◦C and 101.325 kPa, dry air has a density of

1.2041 kg/m3.
Thus, according to physical laws,

dQh
dt

= (Th − Tr)Mdotc ,

dQloss

dt
=
Tr − To
Req

,

dTr
dt

=
1

Mairc
(
dQh
dt
− dQloss

dt
) ,

∆Tr = ∆Th −∆Tloss ,

where Tr is the current room air temperature, Th is the
temperature of hot air from heater or radiator, and To is
the outside temperature. And ∆T represents the changes in
temperature. Q is the heat, Mdot is air mass flow rate through
heater and radiator [6], while Mair is mass of air inside the
room, Req is the equivalent thermal resistance of the house
[7], c is heat capacity of air at constant pressure.

Moreover, assume that

∆Tloss = ∆To ,

we have

∆Th =
1

Mairc

dQh
dt

=
1

Mairc
(Th − Tr)Mdotc

=
Mdotc

Mairc
(Th − Tr)

Similarly,

∆Tloss = ∆To =
1

Mairc

dQloss

dt

=
1

Mairc

Tr − To
Req

=
1

MaircReq
(Tr − To) .

Here, we define

α1 =
Mdot

Mair
, α2 =

1

MaircReq
,

while the temperature caused by heater and radiator,

Ṫh = α3(u− Tr),

where α3 can be calculated by heating laws developed by
Newton:

d

dt
T = −α3(T − Th) ,

T (t) = Th + (T − Th)e−α3t ,

then the coefficient α3 is given by

α3 = − 1

tm
ln

(
T (tf )− Th
T (t0)− Th

)
,

where T (tf ) is final temperature and T (t0) is initial tempera-
ture. Note that:
• The mass of air inside the room, Mair = ρV , where ρ is

the density of air under 20 ◦C, corresponding to 216.783
kg.

• The mass of air flow rate through heater and radiator
Mdot is equal to 0.03 kg/s or 108 kg/hr.

• Assume that T (tf ) = 20 ◦C, T (t0) = 15 ◦C, tm =
300 s.

Then the model of room temperature can be established
as following. Considering two factors influenced on room
temperature[9], we have(

Ṫr
Ṫh

)
=

(
−α1 − α2 α1

0 −α3

)(
Tr
Th

)
+

(
0 α2

α3 0

)(
u
To

)
(3a)

y = (1 0)

(
Tr
Th

)
, (3b)

where α1 = 1.38 × 10−4, α2 = 1.58 × 10−3, and β =
5.36 × 10−3. The eigenvalues of system (3) are both in Left
Half-Plane, which leads to system (3) is stable. Moreover, by
introducing new state To to Equation (3), we can have an
Single Input Single Output (SISO) system asṪrṪh

Ṫo

 =

(−α1 − α2 α1 α2

0 −α3 0
0 0 0

)(
Tr
Th
To

)
+

(
0
α3

)
u

y = (1 0 0)

(
Tr
Th
To

)
.

With the sampling time of h = 100s, the discrete-time state
space equation can be obtained as:(

Tr(k + 1)
Th(k + 1)

)
=Φ

(
Tr(k)
Th(k)

)
+ Γ

(
u(k)
To(k)

)
=

(
0.866 0.010

0 0.585

)(
Tr(k)
Th(k)

)
+

(
−0.003 0.147
−0.415 0

)(
u(k)
To(k)

)
y(k) = (1 0)

(
Tr(k)
Th(k)

)
The eigenvalues of matrix Φ can be obtained, where λ1 =
0.866 and λ2 = 0.585. Moreover all the eigenvalues are inside
the unite circle. So the system is definitely stable.
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Fig. 2. Temperature Tr vs. Time, while Kp = 80, Ki = 0. From the
illustration, Pu is around 700.

V. PID DESIGN

In this paper, we use PI controller to maintain the tem-
perature. The laws of PI controller: The rise time will be
short if we increase Kp properly. But larger Kp always make
system shock and overshoot even unstable. The increasing of
Kp implies larger overshoot for system. And, decreasing the
static error is the main function for parameter Ki. The error can
be diminished by the integrator. The larger Ki is, the slower
integral speed is. So the effect of integrator will be wake if
we use strong integral control. For a larger difference system,
we can use PI controller to accelerate the speed of dynamic
response.

To find the proper parameters for Kp and Ki, we use
Ziegler-Nichols method to obtain good initial values. Then use
Matlab PID tuning toolbox to to discover the “best” value for
PI. Ziegler-Nichols method is introduced by John G. Ziegler
and Nathaniel B. Nichols in the 1940s. The P gain is increased
until it reaches the ultimate gain, Ku, at which the output of
the loop starts to oscillate. Then the parameter values for PI
can be obtained as following, while Figure 2 illustrates the
output when oscillation occurs and Pu = 700.

Kp = 0.45Ku = 36 .

Ki = 1.2Kp/Pu = 0.13 .

where Pu is the oscillation period. Moreover, Matlab simula-
tion suggests following values, Kp = 26 and Ki = 0.1

VI. THEORETICAL ANALYSIS OF DELAY AND LOSS

In this section, we will theoretically analyze the impact of
transmission delays and messages losses, which are introduced
by wireless transmission, on the stability of the temperature

system (3) using the P part of PID controller designed in
Section V. With controlling temperature, larger time delays
are necessary to be thinking. And for the networked-induced
delays, there is two typical delays included. One is the delays
that’s introduced from the sensors to the controller, and another
one is from controller to actuator delay. These kinds of delays
either constant or time-varying can degrade the performance
of control systems, which designed without considering the
delays, and destabilize the system. When using network control
system, one have to be considered not only network delays,
but also the data packet losses. It might be disadvantages of
network communication. Due to avoiding the losses during
information transferred, we could consider the method with
solving packet dropout when designs the PID controller.

A. Time delays
There are two types of delays from the network control-

ling process: sensor-to-controller delay τsc and controller-to-
actuator delay τca. For designing controller which can satisfy
the time delay problem, the sensor-to-controller delay and
controller-to-actuator delay can be lumped together as τ = τsc
+ τca. We think about the situation that the delay less than
one period. Consider the system (3), we can have the system
model with the time delay τ < h, where h is the sampling
interval.

ẋ(t) = Ax(t) +Bu(t), t ∈ [kh+ τk, (k + 1)h+ τk+1]

y(t) = Cx(t)

u(t+) = −Px(t− τk), t ∈ [kh+ τk]

Consider the delay, we have

x((k + 1)h) = Φx(kh) + Γ0u(kh) + Γ1u((k − 1)h)

y(kh) = Cx(kh) ,

where

Φ = eAh

Γ0 =

∫ h−τk

0

eAsBds ,

Γ1 =

∫ h

h−τk
eAsBds .

By introducing the state u(kh− 1) to the system, we have(
x(kh+ h)
u(kh)

)
=

(
Φ Γ1

0 0

)(
x(kh)

u(kh− h)

)
+

(
Γ0

I

)
u(kh)

Now assume that a P controller is used. The whole system can
be modeled as(

x(kh+ h)
u(kh)

)
=

(
Φ− Γ0Kp Γ1

−Kp 0

)(
x(kh)

u(kh− h)

)
, (4)

which is stable when the eigenvalue is inside the unit circle.
Since in this model, the sampling period is 100 seconds.
Compared to the time delay, it’s really a large number while
the transmission delays might get less than one second about
between motes and PC. Thus the case τ < h is enough. Now
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Fig. 3. The maximum eigenvalues of system (4) varus time delay.

let’s insert the Kp = 26 into the system, which is obtained in
previous section as the P part of the designed PID controller.
The maximum eigenvalues of system (4) varus time delay is
illustrated in Figure 3. Figure 3 indicates that the system is
always stable for any τ < h [11].

B. Packet Losses
Network packet losses always happen on network control

system when there exist nodes failure or message/information
collision. Generally, feedback controlled process can survive a
certain amount of data losses. However, we necessarily need
to find out whether the whole model is stable or not when
transmits the packets at certain rate, which is estimated the
precerntage of successfully data transmissionand calculate the
lower bound on packets transmission rate. The data packet
losses can be modeled as an asynchronous dynamical system
with rate limited on events. Hence, we define r as transmission
rate. The lower bound on transmission rate r can be given by
Theorem [11].

Assuming that the closed-loop system with no dropout is
stable

1) If the open-loop system (Φ) is marginally stable, then
the system is exponentially stable for all 0 < r ≤ 1.

2) If the open-loop system is unstable, then the system is
exponentially stable for all

1

1− γ1
γ2

< r ≤ 1,

where,
γ1 = log[λ2max(Φ− ΓK)],

γ2 = log[λ2max(Φ)].

Fig. 4. Simulation for temperature control model
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Fig. 5. Step response with PI controller

Since our open-loop system is stable, for all the rate r, the
packet drop can be tolerated.

VII. IMPLMENTATION

A. Matlab simulation

For the Matlab simulation, first we build such system with
discrete-time PID controller in a feedback control system,
zero-order hold also provided. In Figure 4, with a step input,
we try to use PID as our controller, but actually, the effect
of PI controller is better than PID. The derivative part is also
caused more damped as the derivative gain is increased. The
better way is using PI controller instead. The Figure 5 shows
step response with PI controller. From the figure, obviously,
the rising time is corresponding to 900 seconds which means
desired temperature obtained after nine sampled times. The
overshoot of the system is about 5%. Over 2000 seconds,
the system is gradually trended to 20 ◦C which we set as a
standard no matter how we change the control signal or initial
conditions. Figure 6 shows the varying of the control signal.
Note that here we assume the control signal is limited to [0, 5]
V.
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Fig. 6. Control signal
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Fig. 7. Step response with PI controller with τ = 50 and packet loss rate
r = 0.5.

Figure 7 illustrates the system under τ = 50 s and packet
loss rate r = 0.5. Compared with Figure 5, there has major
difference, however the result is consistent with the conclusion
in Section VI.

B. TinyOS
Besides Matlab, we also use TinyOS to implement our

system. In this subsection, we give a brief introduction of
TinyOS. TinyOS is such a platform written in nesC to support
the resource-challenged embedded system space. It contains

one or more components model assembled, or wired, to form
an application executable. Components built define two scopes,
and one is for their specification which includes the names of
their interfaces and second scope is for their implementation.
The provided interfaces are intended to represent the function-
ality that the component provides to its user in its specification.
And the used interfaces represent the functionality the compo-
nent needs to perform its job in its implementation. Interfaces
are bidirectional: they specify a set of commands and events.
The commands is like functions to be implemented by the
interface’s provider while the events is such functions to be
implemented by the interface’s user. One component may use
or provide many interfaces and multiple instances over a single
interface. Two types components in nesC is module and config-
uration. Modules provide the implementations of one or more
interfaces with respect to the configurations which are used
to assemble other components together. We use this platform-
TinyOS, which is an open source software based on operating
system targeting wireless sensor networks (WSNs), to build
communication between PC and motes [10]. In wireless sensor
network, motes are usually designed to be totally independent
and autonomous. The control system consist two sensors and
both of them get connected to the personal computer. Between
mote1 and mote2, they can achieve wireless control over this
test-bed built on TinyOS. Programs involved are built out of
named components as following.

MainC:
A kind of application-level boot sequence only
provides one interface Boot, which uses in system
module, and can use one interface SoftwareInit. We
use it to boot the program in the motes.

LedsC:
Set current LED configuration using a bismark.
Commands given to LED can control the state of
LEDs whether turn it on or turn it off. We use it to
show the transmission status in the motes.

TimerMilliC:
Give an independent millisecond granularity timer.
We use it to provide sampling rate.

ActiveMessageC:
Provide the best-effort and single-hop communica-
tion abstract, as a basic hardware independent layer
(HIL) to packet-level communication. For each ac-
tive message, it has a 16-bit destination address and
a 8-bit type. We use it to construct the information
packages.

AMSenderC:
Virtualize active message send abstraction. Each
instantiation of it has its own queue of depth one.
We use it to send packages.

AMReceiverC:
Virtualize AM reception abstraction. We use it to
receive packages.

C. TinyOS implementation
In this paper, the dynamic system is written into mote1

by codes which can show the changes of that system, like
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Fig. 8. The experiment setup for TinyOS implementation.

increasing temperature or keeping it down as shown in Fig-
ure 8. However, the mote2 used here is to prove changes. Some
conditions can be defined to get signals. If the temperature
is lower than a constant defined by users, one of LEDs on
the sensor will turn green on. After controlling by feedback
PID controller, the temperature gets higher and larger than
that value, the LED will turn off. That’s the way to show both
whole dynamic system and information transmitted between
two sensors. And also, the output value of this system can be
printed on the personal computer.

Over TinyOS environment, we write the continuous-time
system into sensors, and also put the PI controller into con-
troller part. As what said in the previous part, the output is
printed on the screen to show data information. If the output is
smaller than 18 ◦C, the Led on the mote will turn red light on.
Otherwise, the green light will turn on. Figure 9 and Figure 10
indicate the performance of PI controller and control input
respectively. Note that in Matlab the initial temperatures are
set to 0 ◦C without delay and losses or 15 ◦C with those, while
in TinyOS the initial temperature are set to all 15 ◦C, and the
temperature outside is obtained by the sensor on the motes,
which is around 15 ◦C. Note that in TinyOS implementation,
we introduce about 10 s delay and 0.2 packet losses rate. The
result is still consistent with the theoretical analysis.

VIII. NEW APPLICATION

A new application is going to propose here. We can use
PID controller over such a field like controlling the soft level
of the mattress. People need different levels of softness for
better quality of their sleep determined by their position.
Gerenally speaking, somewhat hard mattress does good to our
vertebration when we sleep like lying low. In other words, we
would like to sleep on a little bit more soft mattress when we
lie on one side. People may feel comfortable if the softness
of mattress can be controlled automatically. The control signal
can be given by measuring contact area. The maximum area
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Fig. 9. Step response with PI controller via TinyOS
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Fig. 10. Control signal via TinyOS

always be on the low lying position. And the smaller area is for
lying on one side. The area of contact depends on individual.
People can set the reference value determinged by their own
body size.The system attempts to maintain a constant changing
speed to ensure that it won’t bother our sleep when mattress
is tuning. As for the time delay, we do not need a qiuck
response when there exists sleeping position changing. This
shares the same aspect of temperature control. What we have
to say here is that a better controller designed can descrease
the possibilities of spinal diseases. Peaceful and comfortable
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life everyone pursuits will come true.

IX. CONCLUSION

In smart building, the purpose is to make people feel
comfortable and ease. We took the temperature control in smart
building. People may feel hot when summer comes and feel
cold in winter, so the temperature in building needs to fit hu-
man desires. Analyzing the several factors influenced on inside
temperature, the small model was proposed basing on some
assumptions according to real situations. So as to control tem-
perature inside, we chose the common PID controller which
could achieve best performance by tuning three parameters,
proportional gain, integral and derivative gain. The implemen-
tation was not only design such a controller which can satisfy
our needs, but also to implement it over wireless network
by TinyOS. Protocols in network communication needed to
be obeyed which determine the rules through network. The
algorithm of controller could load into sensors, and brought
about data and message information through sensors over
wireless method. The performance with time delay and packet
dropout was analyzed theoretically and experimentally. From
the whole implementation, the performance of PI controller
was enforced to realize temperature control.
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PID in Building Control and Automation
Valdemar Stenlund and Viking Flyhammar

Abstract—This paper presents a method for implementing
a system relying on Proportional Integrative Derivative (PID)
control and Wireless Sensor Networks (WSN). This will be used in
a temperature control application. The study is done by modelling
a system and analysing its features such as delays, message losses
and sampling. A testbed is built to analyse the communication
between sensor boards and a controller. Based on results from
simulations of the system it was concluded that a temperature
control application with WSN and PID control is possible to
implement. For this application delays had insignificant influence
on stability, it needs further analysis if one is to develop new home
applications.

Index Terms—Wireless Sensor Network, PID control, Commu-
nication Protocol, Mote, TinyOS

I. INTRODUCTION

SMART control and automation of applications in build-
ings has become an increasingly interesting field for

researchers and engineers. The advances in technology such
as Wireless Sensor Networks (WSN) has made it possible
to make buildings more efficient in terms of economy and
environment [1]. Some applications can with PID control
regulate different physical quantities of indoor environment
e.g. temperature, light intensity and humidity.

This paper includes an approach for a solution for a temper-
ature control system which can be installed in a smart building.
The reason why temperature control is important to evaluate is
because of the possible impact on economy and environment.
A more efficient way of regulating temperature indoors results
in decreased energy consumption.

There are many different communication protocols for
building control and automation. They are important to con-
sider because in a WSN the nodes run on batteries, and the
receiving and transmitting data consumes a lot of power. So to
achieve a longer lifetime for the network, the protocol running
on the sensor network must use the nodes resources efficiently,
as stated in [2]. The best protocol is not always self-evident,
that is why a survey on how they relate to the desired applica-
tion is appropriate. This paper surveys two notable protocols,
ZigBee and WirelessHART [3]. A comparison between them
shows which protocol to use. In this report nodes are sensor
boards which will be referred to as motes.

In the system a protocol and a PID controller interact. The
signal calculated by the PID controller is sent wireless via the
motes where the protocol is running. The protocol prepares
the signal to make it transmittable.

A control system can become unstable in a WSN due
to delays and message losses, referred to as packet drops.
Simulations on the control system will show how many packet
drops and how long delays it can tolerate before becoming
unstable. This is more explained later in the paper.

To test the WSN a simple testbed is constructed. With
motes the temperature is measured and transferred wireless
to a controller which can calculate a signal to an actuator.

To get an overview of the report a short description of the
sections is presented. The report will start with an introduction
to the system and which transfer function to control in
section II and III. Thereafter theory behind PID control and
a comparison of protocols are done in sections IV and V in
order to be able to regulate a radiator. Then implementation of
a WSN with motes is done in section VI and implementation
of PID control of a temperature application done in section
VII. Finally a new building application which is not known so
far will be proposed. Its potential influence in the society will
be discussed as well as the future of building applications.

II. SYSTEM DESCRIPTION

One of the purposes of this paper is describing features
of an application that is using both PID and WSN. Fig. 1
shows the closed loop system. This section will give a short
explanation of the system. Later sections will entail more
detailed information about the different steps in Fig. 1.

A mote sense the room temperature and sends packets with
information wireless to another mote that is connected to a
computer. This computer acts like a central controller which
calculates a correct control signal to an actuator, in this case
a heater. The controller does this by using a reference value,
which the user decides, and subtracts the actual temperature.
This error in temperature is then run by the PID controller.
The control signal u[n] coming from the PID controller is
then transmitted to another mote that is attached to an actu-
ator. Different channels are used to avoid possible collisions.
Depending on the control signal the heater’s effective output
is regulated, and the first mote senses the new temperature.
This makes it possible to regulate temperature in a room.

At this point a few issues in the system has to be considered.
Delays and packet losses are important to analyse. These occur
because the system is transmitting and receiving messages
wireless. A more detailed description about these topics can
be read in later sections.

To be able to simulate the system a mathematical description
of the temperature in a room is derived in the next section. It
is described with a transfer function.

III. MODELLING

For the model to be realistic a reasonable transfer function
of the system must be obtained [4, ch.8]. Reasonable in
the sense that it is a quite slow process. Usually increasing
temperature takes a while, depending on different factors like
room size, wall properties and effectiveness of the heater. The
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Fig. 1. A model of the closed loop system of the implementation. y[n] is the
temperature of sample n, y(t) is the output temperature in continuous time t
and u[n] the discrete control signal calculated by the PID controller. In both
y[n] and u[n] losses of samples can occur when transmission fails.

procedure of obtaining a transfer function is described in this
section.

The temperature in the room Tr can be treated as the output
signal of the model. Th and To are the temperature of the
heater and outside respectively. The heat transfer through the
walls is proportional and depend on the difference between
Tr and To. The heat transfer between Th and Tr are also
proportional to this. A mathematical derivation of the transfer
function is described below.

As explained the room temperature is heated proportionally
to Th − Tr and is cooled proportionally to Tr − To. The
following appears,

Ṫr = α1(Th − Tr)− α2(Tr − To). (1)

α1 and α2 are proportional constants that will be evaluated
later. For now we use the notation for simplicity.

The heat balance for the heater is similar to (1).

Ṫh = −α3(Th − Tr) + α4u, (2)

where u is the applied voltage to the heater.

Ṫo = 0. (3)

The outside temperature To is considered constant, so its
derivative is zero.

Equation (1), (2) and (3) describes the behaviour of the
system in differentiation form. A method of obtaining the final
transfer function is by first writing these equations in a state
space representation. Doing this yieldsṪhṪr

Ṫo

 =

−α3 α3 0
α1 −α1 − α2 α2

0 0 0

ThTr
To

+

α4

0
0

u. (4)

Introducing some new notations,

x =

ThTr
To

 , y = Tr, (5)

we get the state space model as

ẋ =

−α3 α3 0
α1 −α1 − α2 α2

0 0 0

x+

α4

0
0

u. (6)

Fig. 2. The considered model of a room with the system where Th, To and
Tr are the heater, outside and room temperature respectively. In both y[n]
and u[n] losses of samples can occur when transmission fails.

Now the above formula can be written as

ẋ = Ax+Bu, (7)

where u is the control signal to the heater. The room temper-
ature can be written as

y =
(
0 1 0

)ThTr
To

 = Cx. (8)

To get from here to the convention of representing a transfer
function, the use of Laplace is needed. If the initial temperature
values are assumed to be zero the transformation is

sX = AX +BU, (9)

where X and U are the Laplace transform of x and u respec-
tively. The equation can be written as

(sI −A)X = BU, (10)

where I is the identity matrix. The above equation can be
reshaped as

X = (sI −A)−1BU, (11)

inserting this equation into the Laplace transform of the output
signal y results in

Y = C(sI −A)−1BU. (12)

Now the transfer function of the process have been identified
as

G(s) = C(sI −A)−1B. (13)

Inserting matrices A,B and C in (13) and solving for G(s)
with the help of Matlab reveals the following transfer function
as

G(s) =
α1α4

s2 + (α1 + α2 + α3)s+ α2α3
. (14)

PID controller will be used to make the system respond to
changes in temperature faster; this is described in the next
section.

220



I2. PID IN BUILDING CONTROL

IV. PID CONTROL

One of the goals in this project is to use PID control in
a wireless sensor network. A brief explanation of the phe-
nomenon is important for understanding of the implementation
of PID control.

The fundamental idea of PID control is to regulate a desired
quantity to a certain level. To achieve this, an actuator raises
or lowers the level. This may in some cases be hard to do
manually and that is why PID control is used instead. It
calculates what the actuator will do next in order to achieve
the desired level in an efficient way.

The PID model consists of a Proportional (P), Integrating
(I) and Derivative (D) part, where every part depends on the
actual error e(t). The error is the difference between actual
level y(t) and desired level r(t) as shown in (15).

e(t) = y(t)− r(t). (15)

With the use of this error, the continuous time PID model
will be

u(t) = KP e(t) +KI

t∫
0

e(α)dα+KD
de(t)

dt
, (16)

where u(t) is the control signal. It is sent to the actuator and
depends on three parts. The first part is proportional to the
error and consists of a constant KP . The next one is integrative
and uses a constant KI . The last one is derivative and uses
the constant KD.

If these three constants are altered carefully, the control
signal will make the actuator very intelligent. It will be
intelligent in such a way that it adjust the quantity of the
value to the desired level very fast and in a smooth way.

It is in some cases desired to analyse the equation of PID
control in the frequency-domain or even more general, the
Laplace-domain.

The Laplace transform performed on the control signal u is
given in (17)-(20).

U(s) = P (s) + I(s) +D(s). (17)

P (s) = KP e(s). (18)

I(s) =
KI

s
e(s). (19)

D(s) = KDse(s) ≈
KDs

1 +KDs/(KPN)
e(s). (20)

Here N is a filtering time constant usually chosen from the
range of 3 to 20 [5]. At low frequencies the approximation is
quite accurate, but at higher frequencies, where measurement
noise occurs, the gain is limited, according to [5]. When
implementing a system, the controllers are discrete-time and
not continuous-time. The continuous-time controller can be
approximated with a discrete-time one with sampling interval
h and sample k. The discrete-time PID controller algorithm is
given in (21) - (24).

u(kh) = P (kh) + I(kh) +D(kh). (21)

P (kh) = KP e(kh). (22)

I(kh) = I(kh− h) +KIhe(kh). (23)

D(kh) =
KD

KD +KPNh
D(kh− h)

+
KDKPN

KD +KPNh

[
e(kh)− e(kh− h)

]
. (24)

A. Delays
There are several sources for delays in wireless sensor

networks (WSN). Protocols, physical environment, distance
between motes, computer hardware and software are some
sources.

The effect of the delay will be noticed when the control
signal u stop acting as it should. It will no longer force the
actuator to adjust the desired quantity towards a specified level.

To determine how large a delay may be, an analyse of the
system is needed. The two main parts concerning the delay is
sampling time and software. Long sampling time will allow
the delay to be longer before it is registered. In the case where
a delay is registered, the software may be constructed to take
a delay into consideration. If the software is built intelligently
the delay tolerance may be increased once again.

B. Robustness
To improve robustness of the control system, packet drops

needs to be reduced. To reduce them the sampling interval h
may be increased to give the packages more time to transmit
before they become lost. The backside of this is that the control
model bases the prediction of the control signal on present
values of measurement. When a present value of measurement
is old enough, the prediction of control signal turn out wrong
(the control signal tells e.g. the heater to fasten up or slow
down), if the control signal is wrong enough, the control
system may become unstable.

C. Tuning of parameters
The PID control uses parameters KP ,KI and KD. These

parameters determines the behaviour of the PID control. If the
parameters are chosen carefully, the PID control can make the
system stable to keep a certain quantity to a specific level.
To achieve parameters that are making the system stable, the
system has to be analysed.

1) Open loop system: To choose parameters for optimal
control, the open loop system is investigated. The investigation
shows how much the open loop system amplifies and phase
shifts the input signal r(t) for different frequencies. For this
purpose a phase margin and amplitude margin are used to
make sure the system maintained stable if a disturbance is
introduced. An example of an open loop system may be a
PID controller connected to the system, see Fig. 3.

2) Phase margin: The output signal y(t) in the open loop
system may have been shifted in phase, see Fig. 4. If the shift
is greater than −180 deg and the amplification more than 1
at the same time, the system will become unstable [4, ch.5].
To this purpose, a phase margin φm is used to measure how
many degrees are left until the system becomes unstable. It is
used in the tuning of parameters in Matlab.
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PID control System to control

Open Loop System

r(t) y(t)

Fig. 3. Representation of a general open loop system where r(t) is the
continuous input reference signal and y(t) the continuous output signal.

t

Signals in open loop system
r(t)  - input
y(t) - output

phase shift

-180o

y(t) r(t)

Fig. 4. The phase shift for a continuous reference signal r(t) passing through
the open loop system when being sinusoidal with a constant frequency.

3) Amplitude margin: The open loop system may amplify
the input signal r(t) so that the output signal y(t) becomes am-
plified very differently for various frequencies. It is not desired
to have an amplification greater than one when the phase shift
is −180 deg or more [4, ch.5]. The system would then amplify
an unstable system in such a scenario. At a frequency where
the phase shift becomes −180 deg, the amplification is desired
to be lesser than one in order to achieve a stable system. The
amplitude margin at this phase shift is determined as 1/Am.
It is the amplification until the system becomes unstable. The
parameter Am is called amplitude margin and is a key factor
when tuning the parameters in Matlab.

V. COMMUNICATION PROTOCOLS

Communication protocols are used for exchanging packets
between computing systems. It is a system of rules and
conventions for delivering and receiving packets [6]. There
are many different kinds of protocols all of them with unique
technical characteristics. Which one that is most appropriate
depends on the desired implementation.

There are a few important properties that are desirable
in many home automation appliances. These properties are
described in the source code of the protocol. For some home
applications there is no need for high speed data communi-
cations and long range communication. Furthermore the size
of data set transmitted does not need to be very large. Again
this varies between applications. A very important property is
power consumption. The use of batteries instead of electric
wires are vastly more convenient and will be used in the

Application Layer

Network Layer

Medium Access 
Control Layer (MAC)

Physical Layer (PHY)

Physical Interface 
(Air Interface)

ZigBee 
Appliance 
Specified

IEEE 802.15.4 
Standard

ZigBee 
Standard

Fig. 5. The different communication layers in a ZigBee protocol stack.

implementation in this project. The power consumption must
be low if frequent battery change are to be avoided. With
low transmission rate and small packets transferred, the power
consumption becomes lesser. The two protocols which are to
be explained in this section are WirelessHART and ZigBee.
A conclusion of what protocol is best for this project will be
found at the end of this section.

A. ZigBee

The wireless communication protocol that ZigBee utilise
is applied in short range and low transmission rate between
devices [7].

ZigBee has an Open Systems Interconnection (OSI) layer
design. It is based on the physical layer that is specified in the
IEEE 802.15.4 standard [3]. The outline of the protocol stack
can be seen in Fig. 5. The Medium Access Control (MAC)
layer ensures that transmission collisions are avoided. It is
possible by waiting for a confirmation reply from the recipient.
If the recipient does not transmit any confirmation reply, the
MAC layer produce a new transmission if needed.

A network topology describes how the nodes are connected
together. A ZigBee network can be deployed in different types
of topologies, such as star, mesh and cluster tree [8].

In a ZigBee network all the nodes share the same channel.
For minimizing the risk of interference the devices scan for a
channel with the least amount of traffic, but then the channel
is fixed.

One of the reasons why a ZigBee node has low power
consumption is that it has a non-working-mode. That means it
is not sending or receiving signals when the node is inactive.
When it is in working-mode the low-rate and small data
transmission contributes to the low power consumption.

B. WirelessHART

WirelessHART has like ZigBee an OSI layer design. The
physical layer is the same but the other layers are specified
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Fig. 6. ZigBee devices in a Cluster Tree Topology. The router forwards
messages between networks and also to the end devices. These are the last
destination of the messages and usually only have functionality to transmit
and receive to the router. The arrows indicate the two-way communication
between devices.

differently from IEEE standard to give WirelessHART its
unique properties. The others layers are Data-link, Network,
Transport and Application layer.

For successfully coexist in the 2.4 GHz spectrum, that Wire-
lessHART uses, it can hop between the 16 channels defined
in the physical layer, so interference can be avoided. Another
thing that makes WirelessHART network avoid collisions is
that it is based on Time Division Multiple Access (TDMA)
[3]. It means that all devices are synchronized in time and
communicates in already known set lengths time-slots. This
also contributes to a low power consumption.

All devices in WirelessHART can be treated equally, that
means that all devices must have routing capabilities. This is
different from the devices in a ZigBee network, where network
topology can be in a cluster tree, which means that some of
the nodes only communicate with one central controller node,
a router, see Fig. 6.

Security is a very important feature in WirelessHART,
because WirelessHART is often used in industries. Different
keys are used to ensure all communication are secured. This
is important especially in industrial factories where outside
attacks on the network is important to eliminate. This means
that the devices connected can not be completely turned off,
thus consume more power.

C. Comparison and Conclusion

It is safe to say that WirelessHART is of better use in
industries, because it focuses more on reliable and secure
communication. Otherwise espionage from competitors is a
possibility. This is not a problem for the purpose of this
project, not many outsiders would steal information about
e.g. the temperature in a private home. It does not need long
range because applications are deployed in a house. All these
properties makes the devices battery life last much longer.

TABLE I
PROTOCOL CROSS REFERENCE TABLE [9].

Parameter ZigBee WirelessHART
Topology Mesh, Star, Mesh, Star

Cluster Combined
Power Consumption Lower Low

Battery Life Years < Years
Range 50-100m 50-100m

Maxmimum Data Rate 250Kbps 250Kbps
Frequency 868MHz, 915MHz, 2.4GHz

2.4 GHz
Security Low High

Robustness Low High
Cost Low High

Applications Context Home Automation, Industrial
Commercial Monotoring

Many values in TABLE I are estimations. For example
range indoor varies very much depending on obstacles. Power
requirements depends on which application that is used.

The main property to be considered in this paper is the
battery life. Battery life of the hardware depends on how
the protocol is used. For example bit rate and the power
requirements.

For applications in a smart home the best suited protocol
can be chosen because enough information is known about
the appliance. The conclusion is that ZigBee is better suited,
because it focuses more on power consumption than Wire-
lessHART. It is also a low-rate, easy to implement and cost-
effective wireless communication protocol [10].

VI. TINYOS IMPLEMENTATION

This section will explain the testbed for the part of the
system where motes are used. It starts with a short review
of some operating systems that are needed for the implemen-
tation. Then it continues with the testbed and experiments.

A. Operating Systems

Different programs and devices are used in the implemen-
tation of this project. The constraints of small size and low
power consumption has limited the sensor boards physical
resources, such as bandwidth and memory. New technology
will, rather than increase resource capability, decrease size
and power consumption. To meet these demands different
computing programs and platforms has been developed. The
ones used in this paper are described in this section.

1) TinyOS: TinyOS is an open-source component-based
operating system used for wireless sensor networks, it focuses
on responding to external events and low power processing.
[11].

TinyOS is developed so that it is functional for different
hardware platforms. It has the ability to adapt to application
requirements, for instance sensing and communication. It must
be robust, because a WSN must be able to keep on going
without attendance for long periods of time. Along with low
resource usage these properties has made TinyOS a worldwide
standard when it comes to programming sensor boards. Still
there is a lot of research to be done in this field, including
some of the mentioned properties of TinyOS.
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Fig. 7. The TelosB mote [13].

2) TelosB: The wireless sensor nodes, motes, used in this
project are TelosB. The TelosB mote is built up of four
modules: the power supply, sensor, radio and processor [12].

The motes are used for receiving and transmitting informa-
tion and are deployed in a WSN to achieve the purpose of an
application.

The advantages of using TelosB motes are that they are
designed to minimize the power consumption. Another reason
why the TelosB mote has become widespread is that it is
easy to experiment with and it is more software and hardware
robustness than previous mote generations [12]. It has three
LEDs that can be used as an indication if a program is running
correctly. The radio of the mote is using the standard of IEEE
802.15.4, which makes it compatible with ZigBee protocol.
See [13] for more information on the TelosB mote.

3) nesC: The programming language of TinyOS imple-
mentation is nesC. It is a dialect of the C language and has
been developed towards programming networked embedded
systems, such as motes [14].

To execute an application on a mote the nesC program must
consist of components connected together. A component uses
and provides interfaces, which corresponds to the functionality
the component needs to execute in its implementation. Mod-
ules and configurations are the two types of components. The
module describes the implementations and the configuration
wire together components.

A software that implements nesC in a very convenient way
is Eclipse. Eclipse is an open source, full featured platform
for coding in many languages [15].

4) Matlab and Simulink: Matlab has many helpful func-
tions to make it easy to extract data from a mote connected to a
computers USB port and plotting the environmental variables
in real time [16]. Matlab is very powerful when simulating
a dynamic system. A graphical extension of Matlab, called
Simulink [17], is used for building up the entire system of
the application. The user interface of Simulink with blocks
representing different functions makes it more approachable
and manageable than it would be with code-syntax.

Matlab also has the very convenient function of tuning
parameters for PID-controller. This functionality is used when
simulating the system.

B. Testbed

The testbed was implemented as shown in Fig. 8. Two
motes were used, the first mote gathered information about

1

- Sender

- Receiver

Send
TEMPERATURE, y[n]

1 computer

Receive 
TEMPERATURE, y[n]

y[n] (Temp)

            
                      n

Channel 1

Fig. 8. The testbed with temperature y[n] for each sample n.
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Fig. 9. 160 samples of data from a mote plotted in Matlab (four samples per
second). Applied temperature after 10 seconds for verification of functionality.

the temperature, and sampled it with samples n. Then it
transmitted the data over the communication channel to the
second mote, the receiver. This mote transferred the data to
the computer via the USB port.

nesC was used to program the motes. When a nesC code
had been constructed, it was installed on a mote and the mote
worked as described by the nesC code. Different programs
were installed on the motes, describing the task that the motes
would have. The first mote was programmed to measure the
temperature and send the information over the radio channel.
The second one to receive from the radio channel and send
the information to the USB port on the computer. The motes
LED lights ensured that the programs were running correctly.

A Matlab code that could extract data from the USB port
was constructed. This code also generated a real-time plot
which showed the temperature change in the room.

With Eclipse environment the nesC codes were edited and
the installation of the motes was done in the TinyOS.

The testbed measured temperature with the use of a mote.
The mote sampled the temperature four times per second and
sent each measurement to the other mote. The other mote
which received the data of samples, sent the data to the
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Fig. 10. Output temperature y(t) of the system performance when introducing
three different sizes of packet drops.

computer and Matlab represented the temperature in a plot.
To test the samples a measurement session of 40 seconds was
made. After ten seconds a person blew on the mote for ten
seconds to test if it worked. The test was successful and a plot
in Matlab can be seen in Fig. 9.

VII. MATLAB IMPLEMENTATION

This section will explain the simulation part of this paper.
It is done in Matlab and especially in Simulink, see Fig. 12 .

A model of a typical quadratic room in which the applica-
tion could be deployed is seen in Fig. 2. The temperature is
assumed to be equally distributed in the space. For simplicity
the outside temperature Tout is pretended to be constant,
which is quite realistic. The arrows in the figure represent
heat transfer. The direction of the arrows indicates that heat is
passing through the walls. The control signal u[n] is a varying
voltage that determines the power of the heater.

A. Obtaining Transfer Function

To make the transfer function behave naturally, the constants
α1, α2, α3 and α4 from (2) need to be determined so the room
temperature does not change unrealistically.

Equations (1) and (2) shows that the constants needs to be
small. This because a change in the room temperature Ṫr does
not vary in the pace of which the difference Th − Tr does.

Equation (1) shows that α2 should be smaller than α1,
because α2 is proportional to a difference in temperature
with walls in between. α1 is proportional to two temperatures
inside. Also it makes sense that the heater contributes more to
the temperature than the outside does.

To determine α3 and α4 we look at (2). u is the applied
voltage to the heater and to make the magnitude of the voltage
reasonable α4 can be chosen. The smaller α4 the larger u must
be. Plotting the control signal with different values of α4 is
done so a reasonably value can be obtained.
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Fig. 11. Control signal u[n] to the actuator for the simulated control system.
Here the size of the packet drop is two.

From the above discussion the values of the constants were
chosen as

α1 = 0.1, α2 = 0.01, α3 = 0.01, α4 = 0.05. (25)

These estimated values is inserted in (14) to give the final
transfer function as

G(s) =
0.005

s2 + 0.12s+ 0.0001
(26)

This transfer function was put in the system seen in Fig. 12.

B. Block Diagram of the System

Fig. 12 shows the entire system in Simulink. For our
simulation all temperatures are initially zero. The reference
temperature is set to be 20◦C.

In a WSN some packet drops may occur when packets are
being transmitted. In our system there are two communication
channels. These are represented in Fig. 12 as Packet Drop
1 and Packet Drop 2. In Simulink these packet drops corre-
sponds to delays in discrete-time because delays occur when
transmission fails and the WSN tries to send the same packet
again. The delay can be larger than the sample time and in that
case one may receive zero, one or more than one sample in a
single sample period [18]. In this case the packet is considered
lost, this is called a packet drop, and becomes a delay in
the system. The first packet drop is equal to the transmission
between the controller and the actuator. The second packet
drop corresponds to the transmission between the mote that
sense the temperature and the controller.

The WSN present sampling of measurement, in this case
the temperature. When sampling some information are lost,
namely the values of the measurement between samples.
For this implementation there is no need for high sampling
rate because the temperature changes slow rate. The discrete
control signal u[n − d] acts on the actuator and its output
is a time-continuous temperature. Then a mote samples the
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Fig. 12. Simulink Block Diagram of the system.

temperature and sends the discrete signal to the controller.
The sampling interval in this simulation is chosen to Ts = 60
seconds. This is more than enough for regulating temperature
in a room.

There is also a time-continuous delay in the system. This
occur because it takes some time for the mote to sense the
temperature that the actuator delivers to the room. This time-
delay varies on the distance between the mote and the actuator.
It is set here to be 60 seconds.

The effect of packet drops can be seen in Fig. 10. It
illustrates the regulated temperature when the size of the
packet drops d is zero, two and six. It means that for every
accomplished transmission of a temperature; zero, two or six
messages after are lost.

With packet drops d as two and the rest of the values
inserted in the system set as above the PID parameters was
tuned with a Simulink toolbox. This is a very bad WSN
since two of three packets are lost. It was possible to vary
respond time and overshoot in the toolbox. When these were
determined, Matlab calculated the parameters P, I and D
according to the theory described in section IV-C. The fastest
respond time were chosen and overshoot not exceeding 10%
of the reference value. So the temperature does not rise too
much over the reference value set by the user. The parameters
for the PID controller are

P = 0.0359, I = 2.945 ∗ 10−6, D = 1.542. (27)

The control signal to the actuator can be seen in Fig. 11. The
control signal settles at 0.4 voltage. The actuator needs to be
on all the time so the temperature does not decrease because
of the coldness outside.

In Fig. 10 the temperature change is plotted in three
scenarios. In the bad case scenario where two of three packets
are dropped it can be seen that it takes less than one hour for
the system to become stable and settle at the reference value
of 20◦C. It is a relative fast heating process in relation to an
ordinary heating system in a house and a likely scenario that
this can occur is in a small room with very good wall isolation
and an efficient heater.

C. Delay effects

Communication between sensors, actuators and controllers
produce network-induced delay. When not considered, the sys-
tem may loose stability or even become unstable. According
to [18], network-induced delay can be constant, time varying
or even random depending on the MAC layer in a protocol.
It also mentions that packet drops occasionally happens when
transmission failure occur in a Network Controlled System
(NCS). It may be caused by a node failure or message
collision. Even though network protocols uses re-transmission
for a limited time. The packet is dropped after the time is
exceeded. In addition it is advantageous to drop a packet for
priority of a new packet. In this way the controller always
receive present data.

The limitations of network-induced delay and packet drops
in NCSs is analysed below. The system is described as

ẋ(t) = Ax(t) +Bu(t), t ∈ [kh+ τk, (k + 1)h+ τk+1], (28)

y(t) = Cx(t), (29)

u(t+) = −Kx(t− τk), t ∈ {kh+ τk, k = 0, 1, 2, ..}, (30)

where τk is the network-induced delay of each sample k and
is assumed less than one sample period h.

According to [18], the restrictions for the network-induced
delay is specified by the maximum eigenvalues of Φ̃(k), where
k represents the sampling instant. If the eigenvalues of Φ̃(k)
is inside the unit circle, the current network-induced delay is
acceptable for a stable system.

Φ̃(k) =

[
Φ− Γ0(τk)K Γ1(τk)
−K 0

]
, (31)

where Φ, Γ0(τk) and Γ1(τk) are

Φ = eAh, (32)

Γ0(τk) =

h−τk∫
0

eAsBds, (33)

Γ1(τk) =

h∫
h−τk

eAsBds. (34)
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A and B are the matrices found in section III and K is the
row vector

[
0 P 0

]
.

When delay is bigger than one sample period h = 60 a
packet is considered lost. Referring to the text in [18, p.12],
if the open-loop system is marginally stable, the system is
always stable for all 0 < r < 1 where r is the rate of packets
transmitted. If the open-loop is unstable, then the system is
exponentially stable for all

1

1− γ1/γ2
< r ≤ 1, (35)

where γ1 and γ2 are system specific variables.
The open-loop system is marginally stable by nature be-

cause the temperature rarely becomes larger than 50 ◦C or
lower than −50 ◦C and naturally converge to a certain level,
thus the system is always stable for every 0 < r < 1. This
means the temperature control system is stable for all network-
induced delays and even if all packets are dropped.

In section VIII a new application in NCS is introduced. This
will require shorter sampling time and may become unstable. It
may experience effects from packet losses and thus an analysis
of conditions explained above with the help of [18] is needed.
The analysis consider P control, thus a new application will
require a P control to be able to be fully analysed.

VIII. NEW APPLICATION

A continuously developing field in technology is smart
applications. It is interesting to analyse the possible impact
on the society of a new application.

An new application in the home entertainment area is
proposed in this section. The idea is that sound level from
a speaker could be regulated dependently on how loud people
are speaking in a room. For example if there are a few people
in a room, talking in normal sound level, the music volume
would be on a pleasant level. Now imagine some friends are
coming in to the room and they are very loud. Microphones
attached to motes placed in the room sense the new sound level
and transmits the information to a controller that calculates a
control signal for the speaker that changes the sound level.
This can be desirable if you still want to hear the music when
making conversation. Of course a person could change the
volume manually, but it is proven that it is difficult to change
the volume to a state that everybody are happy with.

A question mark quickly arises about how the controller
would distinguish between sound from people and sound
from the speaker. A method for solving this can be if the
microphones and the speaker are placed in such a way it
is possible to distinguish from which direction the sound
came from. This may be done by the central controller which
receive the information from the microphones. A method
using correlation between data from different microphones
may solve this problem. The sound will then be sorted into two
categories, one with speaker volume and one with conversation
volume. The conversation volume will be used to device a
reference level of sound on the speakers. This may need further
study to determine which relation between conversation sound
level and speaker sound level is to prefer. When having a
reference level, a P, PI or PID control may be used to adjust

the level of sound of the speakers. If a P controller is used
the stability of the system NCS may be done with conditions
(31), (35) and [18]. Other controllers may need other methods
to analyse the stability.

This application would make a get-together go more
smoothly. The common conversation throughout the room
would flow easier when having a pleasant level on the back-
ground music. This may have a positive effect on social events,
when people start having easier to chat with each other. An
application like this would most likely have a very small
impact on the society because it mainly focuses on personal
experiences.

IX. DISCUSSION

In this paper an investigation was done towards creating
a method for implementing motes and PID control in a
Networked Controlled System. The implementation studied
temperature control for use in a building. This was made
analytically in Matlab and with an implementation using two
motes to measure temperature.

The Matlab implementation showed on how fast a PID
controller may control a temperature to a certain level in a
room. The time to raise the temperature from 0◦C to 20◦C
was about one hour and seemed reasonable for a small room
with good wall isolation and an efficient heater. During this
time, the outside temperature was assumed to zero. To verify
the system’s capability to communicate environmental data,
two motes was programmed to monitor the temperature in a
room. The result showed the advantages of using motes for
monitoring temperature in a room.

A purpose in this project was to study the delays in Net-
worked Controlled Systems. In the system implemented it was
found that stability was not an issue because the temperature
can not exceed certain levels. But many new applications does
not have these constraints but they still can be approached in
the same manner, but with different properties like sampling
and delays. Therefore a theoretically study on how delays in
NCS relate to P Control was made. One possible application
that can use this theory on delays is presented in section VIII.
If one decides to develop new home applications with shorter
sampling time this report may be used.

A way of making the transfer function in the model as
realistic as possible is to include more factors that affects how
temperature behaves in a room. Some possible factor are heat
transfer through walls and air, humidity, actuators efficiency,
room size and outside temperature. If these factors were taken
in to account the transfer function would definitely become
more realistic.

In the future more analysis of how different features such
as delays, packet drops and sampling influence the system to
control is required. It is important to do this because many new
applications might be more complex and are more unreliable
in terms of stability. A better understanding about how PID
control and Wireless Sensor Network combined in a system to
make a home application makes it possible for technological
progress and in the end a better life for those who choose to
use it.
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X. CONCLUSION

We demonstrated in this paper a method of implementing
a system relying on PID control and a Wireless Sensor Net-
work. Different communication protocol were compared and
a decision of which to use was motivated. The characteristics
of a temperature control application were presented for home
usage. It focused on how Wireless Sensor Networks combined
with PID control could work together to form a functional
application.

The study was done by modelling a system that included
features such as delays, packet drops and sampling. A testbed
was built to verify the working of communication between
sensor boards and a controller.

Through simulations of the system a temperature control
application with WSN and PID can be implemented in a room.
For this application delays and packet drops played a very
small role, but needs to be analysed in other home applications
for stability verification. It also showed that our approach can
be used in other applications that utilise PID and WSN.
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Brain Activity Sensors and
Health-Care Systems Control

Jens Eriksson and Olov Jacobsen

Abstract—Health-care systems will be a part of the future
smart homes. In this article we investigate some possible appli-
cations such as automatic fall detection systems, smart medicine
cabinets that take into account the patients’ current physical and
mental state. In particular we show how electroencephalogram
(EEG) can be used to control devices and home appliances with
simple facial expressions. Finally, a new application is proposed
to help stimulate incapacitated patients in their everyday life,
using EEG readings. Different entertainment media is then used
for stimulation that adapts to the patients responses.

I. INTRODUCTION

In the near future, smart buildings and smart cities are
thought to be a part of our everyday life. A smart building
consists of a network of sensors that work together to form
different applications, e.g. cameras and thermal sensors can
be used to adjust the temperature in your home, depending
on your presence. Automatic health-care systems are and will
likely continue to be a big part of this development [1]. Even
though the field of smart buildings have not been as vibrant as
earlier predicted, a large array of applications already exists
today [1]. The main focus in this field aims to give elderly
people the ability to function more autonomously. A typical
example is an automatic fall detection system that calls the
emergency service center in case of a fall detected.

The use of sensors at home can also provide the doctor with
useful information about the patient’s current state and well-
being. A new technology that is being researched using EEG,
is alpha wave symmetry in the brain, which is used in detection
of depressions [2]. EEG headsets that can detect thoughts,
feelings and expressions are available on the market and offers
new possibilities for smart homes. Another possibility with an
EEG headset is to control various devices and home appliances
with simple facial expressions. In this report we provide a
detailed description of a system capable of this. The system
is utilized with an off-the-shelf EEG sensor headset, a regular
laptop and wireless senders and receivers.

All these system however, require many different sensors
that can often be intrusive in one way or another. In the future
we will hopefully see an improvement of these sensors, such
as the EEG headsets to be smaller lighter and easier to use. If
new standards when building apartments and houses could be
agreed on to include a selection of health-care system, more
research should be triggered in this field.

With a more technical literate population and further re-
search the potential for saving the society resources simul-
taneously as improving the quality of care looks promising.
With many countries facing a large increase in care demand
as the post war baby boomers are approaching old age, a
vastly more efficient health-care is unavoidable. Increasingly

more health-care is today practiced at home as this lower the
cost for expensive hospital rooms and is often the wish of the
patients. A fall detection system would be of great benefit in
this context. Elderly people living alone or patients suffering
from epilepsy are just two examples of patients this could be
invaluable for. In the future these systems could possibly be
improved to actually prevent and soften the fall. This results
in lots of suffering and resources saved, as these injuries are
common and frequent [3]. The ability to automatically evaluate
a user’s emotional response is not only a convenient solution
for technical system but could also provide patients, unable
to effectively communicate with the world around them, an
increase of well-being and stimulation. This is something we
explore in our new proposed applications.

The remainder to this paper is organized as follows: In
section II, the theory behind this project is explained. Section
III explains how fall detection systems works and we present
our own fall detection system. We will show how different
applications can be used to help with smart drug administration
in section IV, where we propose a medicine cabinet and a
detection of current state system. Section V explains how we
implemented a system to control a device by using EEG. The
approach we used to our experiments is presented in section
VI and our new application is described in section VII. In
section VIII, we present our results from our implementation
of a system to control a device. Our results and findings are
discussed in section IX and finally, the conclusions are made
in section X.

II. PRELIMINARIES

In this section we will describe some of the fundamental
theory this project in based on. We will give a brief description
of EEG and a short explanation of the concept of signal
detection theory (SDT). Finally, we provide an introduction
to brain-computer interface (BCI).

A. Electroencephalogram

An EEG records the electrical activity that are generated by
the brain neurons. Electrodes are used to measure the voltage
on multiple places on the scalp. The electrodes are placed in
a symmetrical pattern to record the variation between each
corresponding pair, see Fig. 1. In order to detect the signals,
a reference node for correction is needed on the scalp where
there is no brain activity, e.g. on the bones behind the ear.
The recorded signals are faint, normally ranging between 10-
100µV, and therefore needs to be filtered and amplified.

The power spectra of the brain’s activity can be divided
into distinct frequency bands, such as delta (1-3 Hz), theta

229



I3. BRAIN ACTIVITY SENSORS

Fig. 1. Electrodes placed in a symmetrical pattern on the scalp [4]. Each dot
in the figure represents an electrode.

(4-7 Hz), alpha (8-13 Hz), beta (14-30 Hz), and gamma (31-
50 Hz). The alpha wave is the most easily observed rhythmic
wave and therefore is often used in studies and applications
of EEG [5].

In the medical field, EEG is today used to diagnose an
array of disorders and illness involving the brain. Some of
the most notably are epilepsy and narcolepsy. It is also used
as a complimentary method to determine if a patient is brain
dead.

EEG however, have limitations: (1) The signals most clearly
detected are the ones generated at the superficial layers of the
brain (closest to the scalp) and (2) signals with its origin from
deeper layers is far harder to detect [6]. It is also not possible
to detect the exact origins of a set of signals as the potentials
cancel out each other. In other words, it is only possible to
see the outcome of a more complex process [7].

B. Signal Detection Theory

Signal detection theory (SDT) is a way to analyze the
signals signal-to-noise ratio. SDT is often used among psy-
chologist when they want to measure the way we make
decisions under uncertainty [8]. When a decision is made,
SDT assumes that the person is an active decision maker, who
makes perceptual judgments under conditions of uncertainty.
This is a useful tool when it comes to distinguish a signal from
noise, due to the fact that EEG measurements are so faint and
needed to be amplified which results in noisy signals. The
model that is used in SDT consists of four responses which
are shown in table I.

These four terms can be described as:
• Hit, an accurate detection of the signal.
• False alarm, an incorrect detection of a signal.
• Correct rejection, a correct rejection of a signal.
• Miss, an incorrect rejection of a signal.
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Fig. 2. Visualization of the signal detection theory model. The curves
represent the noise and signal probability distribution. The effects of a
threshold can be calculated from the areas to the left and under each curve.

TABLE I
RESPONSES IN SIGNAL DETECTION THEORY

Detected Not Detected

Signal Present Hit Miss

Signal Absent False Alarm (FA) Correct Rejection

To determinate if a particular detection of a certain signal
is made, a threshold is needed to distinguish it from noise.

The SDT model makes the assumption that the noise and
the signal has normal distribution, see Fig. 2. The intensity of
the signal is shown by the x-axis and the noise distribution
is centred at zero. The distance between the signal and the
noise distribution is called d‘ and is equal to the mean of
the signal distribution. The point where the two distribution
curves meet is a significant point called the ideal observer’s
threshold. The name refers to a imaginary observer that is
neither conservative nor liberal in its detection of signals. This
means that the observer strikes a perfect balance in trying
to avoid false alarms and maximize hits. However, this is
rarely the desired threshold as either minimizing false alarms
or maximizing hits is often valued more.

We can calculate the area under each respective curve, to
the right of the threshold line, to get the different probabilities
of hits and false alarms. The value of the threshold is often
measured from the ideal observer’s threshold and denoted C.
C = B − d′/2 where B is the value on the x-axis at the
threshold.

The SDT model is based on Gaussian distribution that
depends upon two parameters: the mean (denoted µ) and the
variance (denoted σ2). Each of the curves in Fig. 2 can be
represented with:

G(x, µ, σ) = 1

σ
√
2π

exp

{
− (x− µ)2

2σ2

}
The values of µ and σ2 are arbitrary in the model of SDT

and therefore can be set to µ = 0 and σ2 = 1 which simplifies
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the equation for the noise, see Fig. 2.

N (x) =
1√
2π

exp

{
−1

2
x2

}

C. Brain Computer Interface

A Brain-computer interface (BCI) uses a computer to recog-
nize brain activity patterns in order to communicate with and
control an external device. It is often used in medical contexts
for disabled people at assisting, augmenting, or repairing
human cognitive or sensory-motor functions [9]. Research into
BCI systems has mainly involved recording of EEG signals
using surface electrodes and has been done since the 1970s.
The BCI system can be built to include feedback to optimize
the user’s performance. The main task when designing BCI:s
is to reach the zero false detection rate while the true detection
rate is kept at a high level.

III. FALL DETECTION SYSTEMS

Public health-care increasingly favors nursing at home to-
day. This results in many elderly, often frail, living alone
and unsupervised [10]. Simultaneously, falls are one of the
common causes of injuries among the elderly population [3].
This creates a need for a reliable cheap system to detect a
fall that can trigger an emergency call. Manual systems have
been around for years, often in form of a button attached to
the wrist or mounted on a wall at a low height. These systems
however, requires an action from the user after the fall, which
is not always possible especially in more severe falls. This
has led to the rise of automatic fall detection systems. The
automatic systems for fall detection developed so far can be
divided into three major categories: (A) wearable devices, (B)
camera based detection and (C) ambiance detection [11].

A. Wearable Sensors

The wearable types of sensors are often the cheapest [11]
and easiest to deploy. The functionality of the system is not
either restricted to a location as other types of approaches.
However, some people can see them as intrusive and the
functionality fully depends on the users willingness and ability
to remember to use the devices. Measurement and detection
of wearable sensors can be divided into the following types:

1) Posture: The basic idea behind detecting a fall from
the body’s posture is to detect a lying state. This is
often combined with motion detection to separate from
voluntary lying. Gyroscopes are commonly used for
measuring orientation, but also an accelerometer can
be used for this task. A 3D axis accelerometer can
determine its angle towards the ground by measuring the
earth’s gravity in all axis. This requires a fixed relation
between the body and the accelerometer [12].

2) Movement: The primary sensors for measuring the body
movement are also accelerometers and gyroscopes. The
accelerometer can reliably detect the collision with the
floor or ground. The gyroscope can be used to measure
the angular velocity of a point on the body [13].

3) Altitude: Barometric sensors can be used to determine
the current height by measuring the air pressure. The
accuracy can be within 25 cm [14]. By attaching the
sensor to a specific place on the body, rapid changes in
height can be detected.

B. Camera Based Detection

Camera based detection generally require more expensive
equipment than other approaches [11], especially accounting
the deployment of the systems. But cameras are getting more
affordable everyday. These kind of systems have the advantage
of not having to rely on the users ability to remember to wear
or activate them. They also have the ability to send a picture
or a live video stream to the alarm center for them to verify,
at the occurrence of a fall. Camera based detection is heavily
based on complex algorithms to detect body shape changes,
inactivity or some kind of tracking of motion to determine a
fall.

C. Ambiance Detection

Ambiance sensors is a mix of sensors that can be very differ-
ent from each other. Some have many similarities with camera
based detection. But with crucial difference that the sensors
does not process visual light. This often brings advantages
and allows for less complex algorithms to detect a fall. Others
ambiance sensors are based on different concepts and have
more specialized functions. But they often have the advantage
of low cost in common. This leads to the ability that more
sensors can be used.

1) Presence: Presence sensors are often more simple types
sensors that are limited to some parts of the home.
For example bladders that detects the pressure of the
patient’s weight in the bed to ensure that the patient
have not fallen out of it [15]. These applications can be
very effective in special use cases but are often limited
to just that.

2) Changes and Patterns: Infrared sensors have the ability
to see only warm targets and therefore effectively filter
out most of the object in a home, apart from the human
body. These sensors can be mounted i arrays to provide
more detailed data for detection algorithms to be run on
[16]. Another approach is the use of supersonic sensors
in arrays mounted in the ceiling. These sensors can
detect a fall by measuring the time for the beam to
reflect against an object. The length to the object can
be calculated from the time data. [17]. By measuring
continuously at one spot the sensors can detect if the
distance from the ceiling matches the length to the
floor, a person standing up or a person lying down.
Vibration sensors mounted on the floor can detect a fall
by detecting patterns matching a fall of a human body.
The ability to rule out an object falling is even possible
[18]. By combining these sensors a network, to cover
the whole house or apartment, can be created.
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Fig. 3. The architecture of a proposed fall detection system.

D. Proposed System

Our proposed system is based on the existing technology
that we have researched, a combination of these devices
and sensors is used to create a more accurate system. The
criterias for this system are to be cheap, reliable and flexible.
This should be a system that the public health-care system
could deploy at least in theory. In the calculated cost both
deployment and hardware are considered. It should be reliable
in the sense that the system should have a very high detection
rate and a very low false alarm rate. The flexibility of the
system consists of the ability to work in all types of homes.

The system will consist of three parts: (1) A wearable
accelerometer, (2) a network of vibration sensors that are
mountable on the floors of the home and (3) a shared pro-
cessing unit.

1) The Accelerometer: The accelerometer should contain
the ability to process its own information, in order to
ensure the privacy and security of the collected data.
The ability to connect to a phone or similar device when
being outside of the home could also be implemented.
The details of an algorithm to detect a fall will be
omitted in this paper, but it should at the least have
the ability to detect both posture and movement.

2) The Vibration Sensor Network: The vibration sensor
network will consist of an arbitrary number of vibration
sensors that each process its own information. The
sensors should be able to detect and distinguish the fall
of a person based on the unique characteristics of the
vibration pattern of that event.

3) The Unit: The accelerometer and the vibration sen-
sors will both connect to a shared unit for some final
processing. Only when both the accelerometer and the
vibration sensors indicates a fall, the system should
trigger an immediate emergency call. If only one of
the systems detects a fall, the unit should alert the user
within 5 minutes. An emergency call will be triggered

unless an action is taken, e.g. pressing a button on the
accelerometer.
This unit should also have the ability to connect to the
internet or a phone service. The sensors connect to the
unit through a WiFi network where the unit can act as
an access point or connect to an existing WiFi network.

E. Explanatory Statement

The reason why these particular parts were chosen are based
on the set criterias of the system. The accelerometer is cheap
and widely used in these kind of systems. It also have the
ability to both detect posture and movement which should
improve the false alarm rate. The vibration system is both
cheap and unobtrusive compared with a camera based system,
it also requires less complex processing which in turn requires
a less powerful processor. In a report authored by Alwan et
al. also claims a very good detection and false alarm rate in
their system based on vibration sensors [18].

IV. THEORY FOR DRUG ADMINISTRATION

Today’s science and medicine has made it possible for
us live longer. Although there are some side effects we can
not fully prevent, like dementia. Demented people are often
obligated to take medicine to be able to live a normal life but
there are many risks of inappropriate intake of medication (e.g.
overdose). The technology today offers a variety of solutions to
be combined to help prevent this with a smart medicine cabinet
[19]. Along with medication, monitoring some personal habits
can provide insight into the patients well-being.

A. Medicine Cabinet

The average elderly (over 75 years) in Sweden take 5-6
pills every day, usually at different times of the day [20]. We
would like to propose a smart medicine cabinet to help the
patient to keep track of when it is time to take the medicine.
The primary task is to announce to the subject to take the pills.
The cabinet would be able to keep a large amount of medicine
that are stored inside medicine containers. The containers are
ring-shaped and divided into small storage spaces, where each
space hold one pill, see Fig.4. In every container there is also
an empty space with no bottom. To extract a pill simply rotate
the container towards the empty space and the pill falls out.
The reason these containers are ring-shaped are because they
are mounted on rotating shafts inside the cabinet, see Fig.5.

There are multiple shafts that each hold several medicine
containers. Each shaft is programmable for a separate type of
medicine. Since the containers are of a standard size with the
same amount of pills in everyone, it is easy to keep track of the
remaining pills. The cabinet would be monitored by a doctor or
a nurse and connected to the subject’s e-prescriptions (digital
prescriptions for drugs) through a server. The front of the
cabinet has a display which shows information about the drugs,
e.g. instruction for ingestion. The cabinet is equipped with an
alert system that notifies the subject when it is time to take the
pills with a sound. It also flashes a LED to help indicate this, if
the subject has bad hearing. The cabinet notifies the caretakers
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PILL

Fig. 4. Overview of the function of the medicine cabinet.

when it is time for a refill. When it is time for the patient to
take medicine, the pills end up in an opening in the front. There
is a lid in front of the opening that notifies the system that the
pills has been taken. If the medicine is not removed within a
set time, the alert system sets of another alarm with increased
intensity. After a longer period of inactivity the cabinet could
sends an emergency message to the caretakers.

• The cabinet notifies the subject that it is time to take the
medicine.

• The cabinet notices that a pill has been removed.
• The server is updated with the right amount of pills in

the stock.

B. Detection of Medicine

Even if the pill is removed there is still a chance that the
subject is not swallowing it. This can be prevented with a
digestible RFID-chip [21] that is placed inside the pill. When
the digestive fluids activate it inside the stomach it sends an
ultra-low power signal to a recorder that can be mounted on
the subject’s body, see Fig. 6. The reader mounted on the
subjects body sends a signal that the pill has been taken and
the stocks inventory is updated.

Fig. 5. Conceptual render of the medicine cabinet.

RECEIVER

Fig. 6. Visualization of pill with digestible RFID-chip inside the stomach.

C. Detection of Current State

There are different ways to detect a person’s current state,
the best way is to combine a number of sensors such as EEG,
electromyography (EMG) and electrocardiography (ECG).
They provide useful information about the brain activity,
muscle activity and heart rate. EMG offers the possibility to
evualuate the patterns of the subject’s daily task to check for
diseases like Parkinsons disease [22]. However, this requires
a quite amount of sensors that the person must wear.

The human brain’s principal emotion processing field is
located in the anterior part of the frontal lobes [23]. In that
area it is possible to detect a depression with EEG. Studies
have shown that depressed subjects has less left-side activation
[2]. The right hemisphere is more involved in processing
the negative emotions as compared to the left hemisphere
which is more involved in processing positive emotions. The
alpha waves are strong when a person is relaxed and reflects
”inactivity” and decreases when a person’s brain becomes
more active. Researchers in brain asymmetry uses the frontal
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Fig. 7. An overview of the system architecture for our system to control a
device using EEG [24] [25].

brain asymmetry (FBA) ratio as a numerical measure. [2]

FBA =
PαR − PαL
PαR + PαL

(1)

Where PαL = left alpha power, PαR = right alpha power.

V. CONTROLLING DEVICES WITH EEG
In this section we will first describe the basic architecture

of the system and then go into more depth on the software
side. Finally, we will describe the details of the final systems,
the experiments and the tests performed.

A. Architecture

The system we have created to control a device with EEG, is
built around a headset from the company Emotiv. This is a pro-
prietary system that we only can access via a supplied software
development kit (SDK) [4]. The headset sends encrypted EEG
signals wirelessly to a Universal-Serial-Bus (USB) dongle
connected to a laptop. We have created a program in C++
that runs on the laptop and interacts with the SDK to perform
detection of a number of selected facial expressions. When
an expression is detected the program will send a signal to a
different USB-port, using serial communication. In that port
we have plugged in a wireless sender of the brand Tmote
Sky [26]. The Tmote Sky is running a lightweight operation
system called Contiki [27], on which a basic program written
in C is running. The program takes the input from the serial
communication and broadcasts it. This broadcast is picked up
by another Tmote connected to the device we want to control.
The Tmote is running a software designed to receive the signal
and map it to the appropriate commands to interact with the
device in question. The described architecture is visualized in
Fig. 7.

Initialize and Connect to SDK
Open Serial Connection to USB-port
Open Log File

Get New State from SDK
Get the Prominent State

Detect Command
 Check Duration from Start State
 Check Power of Detection

Write to Log File

Close Serial Connection
Close Log File
Disconnect SDK

Detect State Switch
 Set Start State
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Send Command String to USB

Fig. 8. A high level overview of the software structure on the computer.

B. Software Design

The software for this system consists of three parts, the
SDK, the C++ program on the laptop and the C programs
on the wireless sender and receivers. The main focus for this
report will be on the C++ program, which interacts with the
SDK. The basic structure of the C++ program is visualized in
Fig. 8.

The structure of the C++ program can be divided into
the initializing-phase, the program loop and the terminating-
phase. In the initializing-phase the connections to the SDK
and the USB-port (in which the wireless sender is attached)
are established. We also open a comma separated values (CSV)
log file in which we will later log activity. In this phase the
class StateHandle is also declared. The class is designed to
hold one state, in form of an id-number, with values for power
of detection and a time stamp. All these values are easy derived
from functions provided by the SDK. See Fig. 10 for more
details.

The program loop will continuously run until the program
is terminated. The very first thing that happens in the loop is
that we ask the SDK for a new state, this is an internal opaque
class in the SDK which include the necessary information we
need to make our detections. This class should not be confused
with the native class StateHandle. We will continue to ask for
a new event until we get an updated state.

We used a function to check against all different facial
expressions to determine which state is most prominent at
the given moment. The expression with the highest detection
power is returned. Given that the power of this state is
higher then the configured threshold for this expression. If no
expression can be detected this way, an id of zero is returned.
The state determined by this function will be returned as
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Fig. 9. Visualization of threshold and duration in detecting facial expressions.
The duration is being measured as long as the threshold of power is being
fulfilled.

currentState, an object of the class StateHandle.
Next we make two basic detections; (1) is it a new session

and (2) has the state id changed? The detection for a new
session checks if the time stamp is zero and it will then reset
two objects of the class StateHandle: startState and lastState.
StartState will hold the first detected state of a specific id and
it will be set every time a change in id is detected. This state
is used to determine a duration of the current state. LastState
is used in the detection of state id changes. It simply compares
the currentState and lastState.

Next the different facial expressions can be detected. Based
on the threshold of duration for the specific state id. It is also
important to note that the threshold of power has an effect. A
duration will only be measured if this requirement of power is
fulfilled during the entire span of time measured, see Fig. 9.
If the power goes below the threshold the id will be switched
to zero and the duration measurement will be reseted. If a
detection can be made, a string will be sent to the serial port
(USB). See table II for required settings.

The last thing to be executed in the loop is the function to
write to the log file and to set the lastState to the currentState
for the next iteration. The function to write to the log file
simple detects the power of each facial expression and prints
them out to a CSV-file, which can conveniently be opened in
a spreadsheet-application for review.

When the program is terminated, the serial connection and
the log file will be closed and the SDK disconnected.

C. Software Development Kit

The SDK [4], as previously mentioned, is supplied with the
Emotiv headset. It provides a handful of functions to connect
to the headset and to detect different EEG patterns. The SDK
is divided into three different modes: expressive, affective
and cognitive. The expressive mode is used to detect facial
expressions. The affective mode is used to detect emotional
states and was not relevant for this project. Finally, the
cognitive mode tries to detect patterns from focused thoughts
without any movement. It was hard to get any reliable results
in this mode, which lead to the expressive mode to be our
single focus.

VALUES
 int id
 �oat power
 �oat timestamp
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 set_state(id, power, timestamp)

return name of expression

name(id)

id()   return id

timestamp()  return timestamp

power()  return power

Fig. 10. An overview of the class stateHandle used in the software to detect
commands on the computer.

The SDK contains functions to connect to the headset
directly, via a provided control panel or to a testing program
called EmoComposer. The control panel have the ability to
train and manage patterns to different expressions in order
to get more reliable detections. By connecting via the control
panel this data can be used in the SDK. The EmoComposer is a
development tool that gives us the ability to simulate different
states. This tool was very valuable during the development.

The functions provided for detection, basically consists
of two types: (1) detect if a specific expression or state is
present and (2) access the information about this expression
or state. The relevant information for this project was: power
of detection, how strong the current detection is and a time
stamp, how many seconds in of the session the detection took
place.

We chose four different expressions: raise eyebrow, furrow
eyebrow, smirk left and smirk right. Details are listed in table
II. These where chosen, among a limited selection, as they
seem the most intuitive for controlling a device like a small car
with the commands for forward, backward, left and right. The
expression chosen was also provided with a power of detection
float value unlike, e.g. blink that only gave a boolean value.
Finally, the expressions was both on the upper part of the face
and the lower part. This is of advantage as we keep the cross
influences between the expressions to a minimum.

D. Serial Communication

The serial communication to the USB-port and in turn the
Tmote Sky was setup via the Windows Application Program-
ming Interface (API). This allows us to connect to a specific
COM-port as if writing to a file. With the details listed in
table III this connection was successfully achieved. As we only
needed to send information and not receive any, the connection
is quite simple. The strings that are sent to the Tmote consists
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of one character, that symbolizes the command we want to
execute on the other side of the wireless connection. Attached
to the character is also \n\0 this is simply the way to mark
the end of a string.

VI. EXPERIMENTAL WORK

Thresholds for both power of detection and duration is
needed to be set on a per expression basis. These thresholds
was set on a trial and error basis as getting data to make cal-
culation based on detection theory turned out to be nontrivial.

Experimental work was done continuously during the work
of implementing the system. Each part of the system was
tested separately before assembled in larger chunks and fi-
nally the whole system. During the experimental work, tools
provided by the SDK were used to make testing faster and
easier.

VII. A NEW CONTROL APPLICATION FOR HEALTH-CARE

People who have suffered brain damage in some way and
lost the ability to express their feelings, are often left out to
depend on others. They need supervision and the stimulation
to keep their mind exercised. This responsibility falls on the
caretakers who only can guess what the person feels and wants.
Studies have shown that music, art and learning stimulates the
brain and decreases the possibility for the patient to develop
dementia [28]. It is possible with EEG to register if the person,
in a relaxed state, is feeling stimulated or under stimulated
using the FBA (1).

We would like to propose a new BCI system that contin-
uously detects the activity in the frontal lobe and uses the
feedback to detect changes. A wireless headset is mounted
on the patient’s head and activated to detect brain activity. It
sends the EEG signal to a computer which determines whether
the alpha wave activity is low or high in the left side of the
frontal lobe. The computer controls various external devices in
the room such as TV, stereo, digital frame and sends a signal to
the caretakers if something is wrong. The computer possesses
a profile customized after the patient’s needs and interests. If
a person is feeling under stimulated, it can start a song on
the stereo from the patient’s favorite artists. It then analyzes
whether there is any change in the alpha wave activity and if
not another device might be a better option to try.

VIII. RESULTS

In this section we list the details of the resulting system from
this project. Table II shows a summary of the facial expressions
we detected and all the information configured around these
expressions. In table III we can see the details in connecting
to the serial port. These settings is needed to communicate
with the Tmote.

In Fig. 12 we can see a screenshot from the C++ program
in action. A new line is triggered when the state id is changed.
The id corresponds to the different actions listed in the figure.
When an expression is detected the text turn green, also an
arrow and the corresponding command string is added to the
line.

�

PATIENT WITH EEG SENSOR

INTERNET

COMPUTER

AUDIO BOOKS RADIO

TELEVISON

Fig. 11. Architecture of the system proposed in our new application [24]
[25].

TABLE II
SUMMARY OF EXPRESSION THAT CAN BE DETECTED

ID Facial Power Duration String
Expression Threshold Threshold to Serial

0 None - - -

1 Raise Eyebrow 0.1 1.5 s F\n\0

2 Furrow Eyebrow 0.1 1.5 s B\n\0

3 Smirk Left 0.1 1.5 s L\n\0

4 Smirk Right 0.1 1.5 s R\n\0

TABLE III
PARAMETERS USED IN SERIAL CONNECTION

Baud Rate 115200

Byte Size 8

Parity No Parity

Stop Bits 1

Flow Control None

IX. DISCUSSION

A. Fall detection

To detect a fall reliably is no easy task and if we also
adhere by the limitations of convenience and cost it becomes
quite a challenge. One way to tackle this problem is to use
multiple systems that complement each other. In this project
we proposed a system that relies on a 3D axis accelerometer
and a network of vibration sensors. The accelerometer is a
commonly used sensor for fall detection and several algorithms
are available to improve results, e.g. the ability to determine
the body’s general position after a fall. This combined with
its primary function makes it more suitable than a gyroscope.
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Fig. 12. Screenshot of the C++ software running, showing the detections of
facial expressions and executions of commands.

The vibration sensor is more of an unproven option, but
convincing test results combined with its ease of use makes it
an attractive solution. Also the low sense of intrusion versus a
camera should give it a good edge. However, our proposal is
untested and exactly how they could complement each other is
hard to determine. In contrary, our theory was that measuring
different aspects of a fall should improve the quality of the
system the most. Instead of measuring the same aspect, e.g.
the movement, twice in different ways. The limitation to just
two systems is purely economic, that we feel is an important
constraint for a realistic context.

Power consumption is also an issue with this system.
Which poses the problem if the user remembers to wear
the accelerometer, as it will have to be charged regularly. A
solution, for example, is that the accelerometer can notify the
user with a signal if it has been inactive for too long. To
achieve best possible battery life we want to minimize the data
processing in the accelerometer unit. However, it is important
to ensure the security of the data so encryption would be
required. Encryption requires data processing, especially if this
should be performed in real time. Which would be needed if
we would like to process the data in a detached processing
unit. With this in mind we decided on processing the data
in the accelerometer which would eliminate the real time
requirement for the encryption. But on the other hand, power
for the on-board calculation is now needed. We estimate
however, that this consumes less processing power and in turn
less electrical power.

The real goal of a fall detection system is to prevent or
soften a fall. This requires even more precise measurement
and makes the task of detection both more critical and much
harder. The limited time is one factor, but the biggest problem
is probably the similarity of the detection patterns with ev-
eryday tasks. In other words, the margins will shrink. This is
limited to a subset of sensors, e.g. the vibration sensors would
prove useless. Finally, a very quick but safe response to soften

of prevent the fall will need to be taken.

B. Theory for drug administration

A smart medicine cabinet is beneficial because of the
importance of taking medications correctly. Even though the
detection of current state is considered as intrusive, we believe
the advantages to be considerably greater if the system were
to be implemented with this function. This results in a more
thoroughly treatment that can be monitored by a doctor or a
caretaker without the need for regular visits.

An extra safety feature with IR sensors detects how many
pills that are extracted from the containers to users via the
opening. If the pills needs to be ingested in different ways, a
box divided into multiple spaces separate the pills. Each box is
marked with the name of the medicine. The medicine cabinet
relies on the power supplied by the building but this could
be prevented with an uninterruptible power supply (UPS) to
keep the medicine cabinet running for a couple of hours. It
will immediately send a notification to the caretaker when the
power is disrupted.

Further research needs to be done to make the detection of
current state possible in the patient’s home. It is not convenient
for the patient to wear all of the sensors for EEG, EMG and
ECG all of the time. This needs to be an easy applicable
system that the patient could manage without anyone assisting.
All of these sensors is generally mounted on the surface of
the patient’s skin. The frontal brain asymmetry opens up an
interesting field of options in the medical field. The mental
health is just as important as the physical and this could make
it easier for the doctor to detect a depression at an early stage.

The violation of integrity can be minimized with proper
handle of prescriptions, confidential records with strong en-
cryption and strict routines.

C. Controlling devices with EEG

In this project we have made a specific application to control
a few simple commands, this alone has many beneficial uses.
Simple commands could quite easily be turned into something
much more complex with some kind of menu system. What
we expect in a more complex system, is a more fluid control
that does not require facial expressions. This for example
can be the ability to control a mouse cursor or an analog
joystick. With this kind of control, most devices would be
easy interacted with and hopefully a sense of freedom would
be enhanced.

Smaller improvements to our system could also be done. A
limitation is that only one facial expression can be detected at
any given moment. For controlling devices as a permobile or
a model car, this is limiting as we usually want to control
both gas and direction at the same time. There is also an
input lag of around a second from a facial expression to the
command being executed. While multiple commands could be
implemented quite easily in the existing system, a reduction
of the input lag would require an alternative architecture to
what the Emotiv SDK can provide.
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D. New application

This application is mainly aimed against people with some
type of disability that makes it hard for them to communicate
with the people around them. There are a lot of medical fields
where this application is useful. Dementia is often common
among elderly to develop. The number of people in Sweden
suffering from dementia are today closer to 150.000 and that
number is increasing every year [29]. It is an untreatable
disease which often requires a lot of supervision from the
relatives. We think that this application could offer some relief
to both patients and relatives. Although studies have shown
that EEG is harder to detect in older people as the brain
withers. With further research and more accurate sensors, we
think this could still be achieved with good results. Since this
application is only theoretical, we have no way of testing or
measuring the accuracy for such a system.

X. CONCLUSION

The projects results conclude that controlling a device such
as a model car by detecting the EEG from facial expressions
was possible. We were able to detect four different expres-
sions and make a clear distinction between them. Controlling
devices with fewer commands, such as on and off, could
reasonably be assumed to work to satisfaction as well. We feel
confident that this system could be developed into a solution
of great benefit to disabled people, in their everyday life.

The biggest improvement for our system would be to
implement the ability to detect two or more expressions at the
same time. This would allow a more fluid control over several
types of devices. In a larger context, we consider the EEG
headset to be the part of the system that could be improved
the most.

The research on fall detection systems and theory for drug
administration shows that even though a complete usable solu-
tion does not exist today, the possibilities for these potentially
lifesaving systems shows strong promise. We came to this
conclusion as we can see a large variation of existing partial
solutions to this problem. We could not draw any distinct
conclusions from our proposed systems in these fields, as they
have not been subject to testing or experiments.
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I4A. AUTONOMOUS GROUND VEHICLES

Networked Control of Autonomous Ground Vehicles
Erik Hallqvist and Sebastian Håkansson

Abstract—This project addressed the so called Autonomous
Ground Vehicle (AGV), a vehicle able to navigate without human
control. AGVs are today used for a variety of tasks, but this
project focused on applications in smart buildings. The AGV was
modelled with two different models, one in which the AGV uses
a single steering wheel, and one in which it uses two differential
steering wheels. Based on the models, a controller was designed.
In order for the AGV to choose the fastest way and to avoid
obstacles, a navigation algorithm is created. The algorithm is
based on making a discrete potential map where the potential
gets higher the further the vehicle gets from the goal position or
the closer it gets to an obstacle. The AGV is then told to always
move towards lower potential, and therefore avoids any obstacles.
Available sensors necessary for navigation was also studied. As
the results show, the AGV was able to navigate successfully in an
environment with previously known and unknown objects, even
in the presence of noise, even though the performance decreased
when the number of unknown objects increased. Based on the
above, a novel application was proposed; namely an AGV for
car maintenance. Among other things, it was concluded that the
AGV with differential steering wheels handled noise much better
than the other model.

I. INTRODUCTION

AUTONOMOUS ground vehicles (hereafter simply re-
ferred to as AGVs) are ground vehicles that are able

to navigate through a space without the need of human con-
trol. Instead, the AGV uses different sensors and positioning
systems to make its way through an area.

AGV’s are used for a variety of assignments, such as indoor
cleaning of warehouses [1], military operations including
searching and disarming mines, surveillance and reconnais-
sance missions [2], and also for material handling systems
(manufacturing plants, warehouses, distribution centers and
terminals) [3].
As the above applications suggests, AGV’s are commonly
used for assignments that are tedious or dangerous, but also
to monitor areas inaccessible for humans. All these types of
assignments could easily occur in an indoor environment, or
more specifically, in a smart building. The AGV’s could be
used to vacuum or to mop floors, they could be used to monitor
when the vision of the network of cameras is blocked. They
could even be of use in case of danger, such as fire. The AGV
could help the fire brigade to localize and transport victims
[4].
All the applications above require high mobility. It may
sometimes be of utter importance that the AGV move from
point a to point b as quickly as possible without hitting an
obstacle. This is the main aim of the project; to study how
the AGV navigate through a room with obstacles. To actually
be able to tackle this problem, the problem of navigation was
divided into lesser topics which was handled individually.
First of all, the benefits of using an AGV in a smart building
will be investigated. The AGV would find it very hard to

navigate without sensors, so naturally this will be addressed.
Also how the AGV gets from point a to point b as quickly as
possible will be addressed and simulated in MATLAB. Finally,
a new, not yet known application for AGV’s will be proposed.
In Section II, the different models used in this project are
presented. The controller that was designed to perform closed-
loop control can be read about in Section III. The navigation
algorithm and potential mapping is presented in Section IV. In
Section V, different sensors used to perform aforementioned
navigation are described. Finally, a new application and its
potential impact on society was presented in Section VII.

II. KINEMATIC MODELLING OF THE AGV

In order to simulate AGV properly, it is necessary to
establish kinematic models for the AGV. Two models will
here be considered; the first one in which the AGV has one
steering wheel and two other passive wheels, and the second
one in which there are two wheels that both can accelerate
independently, and therefore let the AGV turn by accelerating
the wheels in opposite directions.
The AGV uses different means to move. Some common means
of movement are tracks, wheels and legs. Legged vehicles
are able to travel through uneven terrain and tracked vehicles
works good in slippery terrain. Since these types of terrain
rarely occur indoors wheels will be used in this simulation.
Wheels are also the fastest and most efficient alternative on
level terrain [5].
When choosing sensors, it is also important to have a good
model of the vehicle. Since after understanding the physical
quantities that are involved in the model, it is possible to
determine what sensors are necessary.

A. One steering wheel

The easiest model that will be considered is the one with a
single steering wheel (see Fig. 1). In the back there are two
passive wheels that can not turn or accelerate, and in the front
there is have one wheel that accelerates and turns. v is the
velocity of the vehicle and ϕ is the direction relative to the
x-axis. x and y denotes the position of the vehicle.

With these quantities introduced, it is possible to establish
differential equations describing the vehicles movement:{

ẋ = v cos(ϕ)
ẏ = v sin(ϕ).

(1)

More details about this model can be found in [6] where it
was used as an underground mining vehicle. A typical task of
the vehicle is to move ore from the rock face to a centralized
dumping point.
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Fig. 1: Model with one steering wheel, where v is the velocity
and ϕ is the angle in reference to the x-axis. The front wheel
can accelerate and turn, while the two other wheels are passive.
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Fig. 2: Model with two differential steering wheels. Where v1
and v2 are the speeds of the left and right wheel respectively,
v the total speed of the AGV, ϕ the angle in reference to the
x-axis and ϕ̇ the turning speed of the AGV. Both wheels are
fixed, but can accelerate in opposite directions respectively.

B. Two differential steering wheels

The second model (see Fig. 2) that will be considered is the
one with two wheels that have a fixed heading but are able to
accelerate in two directions independently and thereby rotate
the robot. The vehicle is described with the same differential
equations as in (1): {

ẋ = v cos(ϕ)
ẏ = v sin(ϕ).

(2)

The difference, however, is that the total speed v of the vehicle
is dependent on the individual speed of both wheels, v1 and
v2. Therefore, the expression for the speed of the vehicle is

v =
v1 + v2

2
. (3)

The turning speed of the vehicle, ϕ̇, is expressed as

ϕ̇ =
v1 − v2

b
, (4)

where b is the distance between the two wheels.
More information regarding this model can be found in [7].

III. DESIGN OF CONTROLLER

With established models, it is possible to look at the whole
navigation process. The whole navigation process of the AGV
can be looked on as a closed-loop system (see Fig. 3). In the
figure, R(s) is the reference signal. In this application, it is
the goal position of the AGV. E(s) is the static error, which
is the distance to the goal in reference to the current position
of the AGV. U(s) is the control signal, which tells the AGV
what it has to do to get to the desired position. As seen from
the kinematic models, the control signal will be the velocity
or velocities and the heading angle. Z(s), the output, is the
actual position of the AGV. D(s) is disturbance, here modelled
as multiplicative noise (it is not necessarily multiplicative) in
the mechanics of the AGV. G(s) is the AGV itself. Finally,
F (s) is the controller, which is to be designed. This section
is dedicated to the design of aforementioned controller. And,
since two models will be considered, two controllers needs to
be designed, one for each model.

A. Controller for AGV with one steering wheel

The controller is designed as follows:

v = Kvr
ϕ = Kϕθ,

(5)

where v is the velocity of the AGV, ϕ the angle of the steering
wheel, θ the angle towards the next position of the AGV and
Kv and Kϕ are proportional constants. r is the distance left
to the next navigation point.
This is a very intuitive controller, the velocity is proportional
to the next position of the AGV, and the angle is proportional
to the angle to the next position as well.

B. Controller for AGV with two differential steering wheels

Here, the controller is designed as follows:

V1 = Kvr +Kϕ(θ − ϕ)
V2 = Kvr −Kϕ(θ − ϕ),

(6)

where the variables are the same as in (5) and V1 and V2
are the velocities of the right and left wheel respectively. The
procedure for choosing the proportional constants is covered
in Section VI.

IV. TRAJECTORY PLANNING

Trajectory planning is to move from point a to point b
without colliding with obstacles. This might be the most
important task of the AGV, since this is possibly the greatest
strength of the AGV; that it is mobile. It could in some
situations be important that the travel between two points is
quick, and therefore the AGV needs to get to its goal as fast
as possible.
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Fig. 3: The whole system seen as a closed-loop system. The
current position Z(s) is feedbacked and subtracted from the
goal position R(s).

Fig. 4: Generated potential map with no walls. Deep blue is
the lowest potential, while dark red is the highest.

There exists a large variety of algorithms designed for this,
such as grid-based search together with search algorithms
such as A∗ [8], or sampling-based algorithms. More about
sampling-based algorithms can be found in [9]. The one used
here, however, is discrete and called potential field mapping.

A. Potential map for an empty space

First, the space in which the AGV is to navigate is divided
into a discrete grid. The next step is to assign potentials; the
goal point has its potential set to zero. Every box adjacent
to this one has its potential raised by one, giving it the total
potential of one. Then the same is done for the boxes that
just got its potential raised, so the boxes adjacent to the boxes
with the total potential of one get the total potential of two.
This is repeated until every square of the map has a potential
(see Fig. 4). When the map is drawn, the potential in each
box represents the distance from that box to the goal. There is
now a potential map in which the AGV may navigate. For it
to find the quickest way, it is simply told to go to the lowest
potential.

Fig. 5: Generated potential map with walls. The walls are seen
as dark red, with a lighter coloured extension.

B. Potential map for a space with walls

Even if there are walls or obstacles in the space which the
AGV is to navigate in, the same method as above can be used.
The walls and obstacles are given a very high potential and the
potential map is drawn as above with the difference that walls
can not be driven through. Therefore the potential is assigned
based on its distance to the goal, having accounted for the fact
that the AGV has to navigate around the walls. To make sure
that the AGV will not even get close to a wall, the walls are
expanded by one square, giving it the same high potential as
the wall itself (see Fig 5).
When navigating using potential mapping, it is quite common
that vehicles get stuck in a local minima. This is a point where
the potential in every adjacent box is higher than the one the
vehicle is currently standing in. Since the vehicle always will
go towards lower potential, it can not move. However, this
algorithm does not generate any local minimums since walls
are being accounted for. This is, however, unless there are
unknown obstacles. The strategy for avoiding these unknown
obstacles will be explained later in this section.

C. Navigation algorithm

Once the potential map has been created, it is just a matter
of letting the AGV navigate in the area. The AGV navigates
according to these steps:

1) Check the current potential (the potential in the square
in which the AGV is currently standing);

2) Check the potential in every adjacent square;
3) Compare the potentials and determine which is the low-

est. If there are two boxes with equally low potentials,
either can be picked;

4) The angle ϕ to this box is calculated;
5) The above information is feedbacked and sent to the

controller, which generates an angle for the vehicle and
velocities for the wheel/wheels.
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Fig. 6: Generated potential map with previously unknown
objects. They are not being considered when the original
potential map is created. When they are discovered, they are
treated as walls, also getting extended by one square.

This algorithm is repeated until the current potential is zero,
and the goal position has been reached.

D. Avoiding previously unknown objects

In the examples above, the area is known by the AGV
beforehand, and it can thereby draw a potential map. In reality,
there can be objects that are unknown. In a smart building,
these could very likely be humans, for example.
Unless the AGV is to crash into objects or get stuck in a local
minima this needs to be solved. In other words, the AGV needs
to be able to avoid previously unknown objects. This means
that the unknown objects can not be involved in the original
potential map, but must be avoided once they are detected (see
Fig. 6). To solve this, a proximity sensor was used.
In addition to the navigation algorithm above, a proximity
sensor is used to determine whether or not there is an object
within 1.5m from the vehicle. If there is such an object, a
new potential map is created, now having accounted for the
previously unknown. In other words, it is now treated exactly
as the walls were when creating the original potential map.
The only difference is that the extra space added to the walls
is not visible in the simulation, even though it is there. When
the new map is created, the AGV can go back to navigating
according to the navigation algorithm.

V. SENSORS

In order to navigate, the AGV needs sensors. As seen from
equations (1) and (2) both models require sensors that measure
the velocity of the vehicle and in which direction it travels. For
measuring the velocity, an odometer can be used. An odometer
measures distance travelled, and from that the velocity can be
calculated. The direction is measured with a compass.
In addition to above mentioned sensors, the AGV needs to be

able to detect objects and needs to position itself in a room. For
these applications there are several different sensors that each
has their pros and cons. Therefore a section will be dedicated
to each of these sensors.

A. Positioning systems

For the AGV to know where in a room it is, a positioning
system is required. Two systems will here be considered;
Global Positioning System (GPS) and a network of cameras.

1) Global Positioning System (GPS): The Global Position-
ing System can determine the position of the vehicle by having
a GPS receiver receive signals transmitted from GPS satellites,
measure the time between each signal received and hence
calculate the position. [10]
The GPS is used both by consumers and for military uses. It
works no matter what the weather conditions and its rather
cheap, which probably is the reason it is commonly used.
However, since there is no direct line of sight with the satellite
(there are reflections on the walls that make the estimation to
be off by a large systematic error), the GPS will not work
indoors and would therefore be of no use in a smart building.

2) Network of cameras: In collaboration with group I6: De-
tection and Tracking by Wireless UWB and Camera Networks
the option of positioning the AGV with the camera network
incorporated in the smart building was evaluated.
Intuitively it is a good idea to use the network of cameras
for AGV positioning; the camera network is already installed
for other uses, and it would be able to position the AGV
with relatively little error according to group I6. However, the
camera network would have a rather large energy consumption
because of the large amount of data generated by the camera
nodes [11].
In spite of the large energy consumption the network of
cameras is probably the best alternative since the GPS will
be very unreliable when used indoors.
It is also worth mentioning that the network of cameras also
could be used to determine in which direction the AGV is
heading. In order to do this, a pattern would have to be
constructed and painted on top of the AGV. The pattern
obviously can not look the same from two or more sides.
When this is done, the network of cameras would be able to
tell in which direction the AGV is heading.

B. Proximity sensors

It is important for the AGV to know if there are any
obstacles nearby and how close the AGV actually is to them.
For this purpose the AGV needs proximity sensors. Again,
there are multiple choices of sensors, and some of them will
be compared below.

1) Infrared sensor (IR-sensor): The Infrared sensor consists
of two parts; one or more IR LEDs to emit light and one PIN
photodiode as a receiver. The emitted IR light is back-scattered
on the surface of a potential obstacle and received by the PIN
photodiode. The magnitude of the returning light can thereby
be measured and the distance to the object may be calculated.
However, thanks to their non-linearity and their dependency on
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back-scattering, these sensors are very imprecise for measuring
a distance. They are only reliable on measuring distances under
25cm. The cost is low, and so is the response time (typically
2ms). For detecting objects, they will do the job.
There are IR sensors that instead are based on the measurement
of phase shift. These sensors are able to measure from 5cm
to 10m. These sensors, however, are generally very expensive.
See [12] for further details.

2) Ultrasonic sensor (US sensor): The Ultrasonic sensor
uses ultrasound to determine a distance. It has a transducer
which emits a sound wave and receives it once it has reflected
on an obstacle. The transducer acts as a loudspeaker when
sound is emitted and as a microphone when sound is received.
The time between the emission and the receiving of the sound
is measured and the distance travelled by the sound can be
calculated [13].
US sensors are widely used thanks to their low price and
precise measurements (approximately 1cm error when mea-
suring up to 6m). The drawback is that the response time is
rather high (approximately 35ms at 6m) and that the angular
resolution is rather low [12].

3) Stereo vision: Another way of measuring the distance
to an object is to use a technique called stereo vision. The
technique uses the same principle as a couple of eyes; depth
information is recovered by analysing the difference of two
images, here cameras are used instead of eyes. [14, p. 14]
Using this technique to detect objects and measure the distance
to them would be very power consuming for the same reasons
that was brought up in Section V-A2. Possibly even more so,
since there now has to be two cameras.

4) Light Detection and Ranging (LIDAR): The LIDAR
sensor works similar to a radar; electromagnetic radiation
is transmitted into the atmosphere and some of the power
is scattered back to the receiver. The difference is that the
LIDAR transmits and receives electromagnetic radiation at
higher frequencies. Instead of radio waves, electromagnetic
radiation in the ultraviolet, visible and infrared is transmitted
and received [15].
The range, area, resolution and frame rate in which a LIDAR
works varies a lot between each LIDAR. For example, one
LIDAR planned to be used on mars can measure distances
up to 2km with a resolution of 2cm [16]. For this application,
such a LIDAR will not be necessary. There are LIDARS which
measure up to 10m with a resolution of 1cm, which should
be enough for usage in a smart building [17].
As for frame rate, for this application somewhere around 10Hz
would be enough.

VI. RESULTS

When proper models are established and a controller has
been designed, the only thing remaining before simulation is
to determine the values of the constants in (5) and (6).

A. Controller constants

Controllers were established for each model in Section III.
Before simulating the AGV’s, we need to set these constants
to actual values.

To be able to determine good values for the established
constants, the size of the AGV was set to 0.3 × 0.3m, making
the distance between the wheels, b, 0.3m. A square in the
potential map was set to 0.5 × 0.5m. In order to make the
AGV navigate properly, the position of the vehicle needs to
be updated five times per second, i.e. 5Hz. It then would
make sense to let the AGV travel a maximum of 0.3m before
information about position and goal is updated. Since every
new goal is an adjacent square and the fact that the velocity is
determined by the distance left to this goal and the proportional
constant can be determined by

1

f
= Kvrmax ⇒ Kv =

0.6
1
5

√
2
≈ 2. (7)

This comes from the fact that 0.6 squares is 0.3m (it was earlier
defined that one square in out established grid was 0.5m) and
that rmax is

√
2. The value Kϕ was received with trial-and-

error, and was for the one wheel controller Kϕ = 0.5 and
Kϕ = 1 for the differential wheel model. The results of the
simulations can be seen in figures 8a, 8b, 11a and 11b.

B. Simulation

With models established, controller constants chosen and a
navigation algorithm designed the AGV could be simulated.
This was done in MATLAB.

1) Navigation in a space with walls: The result of this
simulation is in figures 7a and 7b. In figure 7a the AGV makes
a turn at the start position. This is due to the fact that the AGV
faces towards the goal position, and since the AGV can not
go through the wall, it has to turn. The AGV here has one
steering wheel, so it has to go a bit forward to turn.
Other than this, the simulations are almost identical. There
seems to be a small difference in how close the AGVs are to
the extended walls though. The differential wheels AGV tends
to get a little closer than the one wheel AGV. This is because
the AGV with two differential steering wheels is able to turn
better and faster.

2) Navigation in a space with previously unknown obsta-
cles: An environment with three previously unknown objects
was chosen. The results can be seen in figures 8a and 8b. There
are a few things that needs to be explained in the figures.
In 8a, the AGV gets very close to the extended part of the
wall at one point. This is fine, since that part is extended, and
not really a part of the real wall. Also, when avoiding the last
object, the AGV actually takes a longer path than necessary.
This is due to the fact that the walls of the unknown objects
are extended as well, so even if it could pass between the wall
and the object, it is programmed not to.
There are not really much differences between the models in
this simulation. The vehicle in 8a has a bit of a tendency to
make bigger turns than the vehicle in 8b.
Also, it is noteworthy that the different AGVs chooses different
paths when avoiding the first obstacle. This seems to be thanks
to the fact that the AGV with one steering wheel makes a turn
at the start, making it go a little to the right as well. So from
that position, going to the right of the vehicle is the best way.
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(a) One steering wheel AGV.

(b) Two differential steering wheels AGV.

Fig. 7: Simulation with previously known objects.

To further see how the AGV handled unknown objects,
the number of unknown objects was increased and another
simulation was made. The result can be seen in 9a and 9b.

Interesting things when comparing the figures here is that
the AGVs takes different routes when avoiding the first two
obstacles; the one steering wheel AGV (fig. 9a) goes between
the obstacles, which is actually forbidden since the walls are
extended. The problem here is that the extended walls are not
extended diagonally, leaving every corner unextended (as the
walls are in every figure). And once the AGV is between the
obstacles it is too late, since it can not turn in a fixed position;
it has to move forward. The AGV then forces its way through
an extended wall.
This is bad, but could easily be fixed by letting the AGV
reverse, which in this simulation it does not. The AGV with
two differential steering wheels does not have this problem,
since it can rotate eve though it is standing still.

(a) One steering wheel AGV.

(b) Two differential steering wheels AGV.

Fig. 8: Simulation with previously unknown objects present.

Both AGVs, however, avoids the other two obstacles where
they could go through. As mentioned above, this is thanks to
the extended walls. To really understand, this was visualized
in 10a and 10b.

3) Navigation in the presence of noise: The AGV is sim-
ulated as before, but this time there is noise present. The
noise was added multiplicatively to the velocity and angle of
the vehicle in the model with one steering wheel, and to the
velocities of both wheels in the model with two differential
steering wheels. The noise factor, here called n, was random
and could assume values according to 0.75 < n < 1.25. In
other words this is a 25% decrease or increase in angle and/or
velocity.
As clearly seen, both figure 11a and 11b show that the
simulation gets pretty shaky with present noise. However,
it seems as the AGV with two differential steering wheels
handels the noise better. One reason to believe that it is this
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(a) One steering wheel AGV.

(b) Two differential steering wheels AGV.

Fig. 9: Simulation with several previously unknown objects
present.

way is that the wheels in the model with differential steering
may actually compensate each other, whilst in the other model
there is nothing to compensate with.
Another part when it is clearly seen that the differential
wheel AGV is better is in figure 11a. When avoiding the first
obstacle, the noise makes the AGV take a longer path than
necessary. Going to the left would be faster, but instead it
goes to the right of the obstacle.

Again, to further see the performance in the presence of
noise, more unknown objects were added. See figure 12a and
12b.

As in figure 9a figure 12a passes through an extend wall,
but actually not at the same extended wall. The noise makes
the AGV get enough out of course to avoid the first obstacle
correctly (even though going into the extended wall of the first
obstacle). However, later along the path an extended wall is

(a) One steering wheel AGV.

(b) Two differential steering wheels AGV.

Fig. 10: Simulation with several previously unknown objects
present and all extended walls plotted.

passed. Yet again, it is obvious how sensitive the one wheel
steering AGV is to noise.
Even though being very near the obstacles sometimes, the
differential wheels steering AGV (fig. 12b) navigates quite
good even in the presence of noise and quite a lot of unknown
objects.

C. Simulation results

Both models are able to get the AGV from start to goal
without crashing into a wall or obstacle. This means that the
navigation algorithm did work. The AGV with two differential
steering wheels performs better with noise present or not.

VII. NEW APPLICATION

AGV’s are used in various applications, as seen in Section
I. They are mostly used for tasks tedious or dangerous to
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(a) One steering wheel AGV

(b) Two differential steering wheels AGV

Fig. 11: Simulation with previously unknown objects and noise
present.

humans. One task that many find tedious is maintaining a car,
and it could quite possibly be done by an AGV instead.

A. Car maintenance

A car needs to be maintained every once in a while. It could
be changing the oil, the windshield washer fluid and possibly
even electrical fuses.
If two AGV’s were to cooperate tiers could even be changed.
One could act as a jack and lift the car, while the other could
remove the tier which is to be changed and then put on the
new tier. Lesser mechanical tasks could possibly be executed
as well, for example replacement of a damaged part.
This application would probably be of best use in a big
garage or parking lot, where many cars are parked every day.
For instance, this could be used at a company with many
employees. It would then be a good idea to have a team of

(a) One steering wheel AGV

(b) Two differential steering wheels AGV

Fig. 12: Simulation with previously unknown objects and noise
present.

AGVs to maintain the cars that need maintenance.
To make effective use of this application, it would be necessary
to have sensors measure what needs to be changed. This
information is sent to the AGV which is then sent to the car
which needs something changed or added.

B. Impact on society

Many technical solutions tend to replace the need for
peoples work. This application, however, will probably not do
that. Tasks like changing tiers and fuses are tasks often done
by the owner of the car. They are not particularly difficult to
do, they just require some of peoples valuable time. So the
impact part here is that people, hopefully, would get more
time to do other things.
The one fact that makes this application hard to implement
in reality is that the cars probably would have to look a bit
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different. For example, many fuses are changed from the inside
of the car, inaccessible to the AGV’s. Also, cars tend to differ
a lot in general, and thereby also the location of the fuses, for
example. So, for this idea to be implemented one would more
or less have to change the whole car industry to standardize
these types of things. To be realistic, this probably will not
happen in a near future.
Another advantage, aside from saving time, is that this would
probably make cars and their drivers more safe. If a car is not
maintained, it is less safe to drive.

VIII. DISCUSSION

A. Future work

1) Implementation: In this project, the AGV’s were only
simulated. To see how they would behave in a real environ-
ment, you would need to implement our results in a real AGV.
Only then would it be possible to evaluate the performance for
real.
The difference is that in reality, there is no room for mistakes.
Under no circumstances would it be acceptable for the AGV
to crash into an object. Also, it would not be acceptable to let
the AGV drive too slow. To improve this, new models could
be designed for example. The ones presented in this report are
rather simple and intuitive. More complex model could lead
to better performance of the AGV.

2) PID-controller: As seen in Section III, the simulated
controller was nothing but a simple proportional controller.
The problem with a proportional controller is that you can
never eliminate the static error, E(s) completely. In this
simulation, this means that the AGV will never actually reach
its real goal. If fig 8b is studied closely, one might notice that
the AGV does not reach the middle of the square. This is
due to the fact that there is no integral part of the controller.
Therefore, future work could be designing a PI-controller for
the AGV, or even a PID-controller if one would want to get rid
of some overshoot. This could be important when navigating
in a narrow environment or when it is very important that the
exact goal is reached. PID’s are designed as

Kpe(t) +Ki

∫ t

0

e(τ)dτ +Kd
d

dt
e(t), (8)

where e(t) is just L−1{E(s)}. Kp is the proportional constant,
Ki is the integrative constant and Kd is the derivative constant.

3) Potential map creation: The process of creating the
potential map could be improved. The way the potential map
algorithm is designed and implemented in MATLAB, there is a
limit to the resolution of the potential map. It can not be greater
than 30 × 30 squares. This is due to the fact that the code
is very recursive, and calls the same function approximately
800 times. When you try to increase the resolution, and you
approach 900 recursive calls, MATLAB crashes. This is a
combination of lack of memory in MATLAB and the computer
used for executing the MATLAB code.
The future work here would be to improve the code so that
higher resolution could be received. Higher resolution would
let the map be more exact, and the AGV would that way be
able to navigate with greater accuracy. For example, in figure

11a the AGV chooses a longer path when avoiding the third
obstacle. As mentioned before, this is due to the fact that extra
space is added to the objects. However, with greater resolution,
this would not be an issue, and the AGV could choose a better
way.
Rewriting the code for potential map creation could also speed
up the process, which could be an issue.

B. Avoidance of previously unknown objects

In Section IV-D an algorithm for avoiding previously
unknown obstacles was proposed. A proximity sensor was
used to detect objects, and the potential map was recreated.
However, the process of creating the potential map all over
again is a rather slow one. In reality, this would most likely
cause the AGV to stand still for some time. Depending on the
application, this could be completely unacceptable, especially
in an area where many unknown objects come and go often.
This could for example be a place with a lot of moving people.
If there are moving people another problem arises. If the AGV
detects a person it would stop to recreate the potential map.
The person, however, may not be in the same place when
new potential map has been made. So, the local maximum is
not actually where it is on the new potential map. This is very
likely to cause problem when navigating in busy environments.
The advantage of this way to navigate is that the AGV is
almost certain never to crash into an object or to get trapped
in a local minima. This is due to the fact that it is not possible
for the AGV to move towards a higher potential. So if it is
an application where it is acceptable for the AGV to take its
time, but never to crash into an object, this algorithm could
very well be implemented in reality.
Also, as seen in figure 10a, the AGV might sometimes travel
through the extended walls of previously unknown objects.
This could be fine, since the walls are extended, and not part
of the actual obstacles. However, this shows a flaw in the
navigation. This problem would not occur if the AGV could
reverse.

IX. CONCLUSION

In this project, an AGV was modelled and simulated.
Sensors needed for navigation were also studied. Finally,
using all knowledge gained during the project process, a new
application for AGVs was proposed. This work has led to some
conclusions:

• AGV’s that are fully able to navigate in a room can
be modelled and possibly implemented with fairly non-
complex models, even if noise is present.

• An AGV with two differential steering wheels handles
noise better than an AGV with a single steering wheel in
this simulation.

• In the presence of noise, it is possible that the AGV
travels through an extended wall. The AGV with one
steering wheel might travel through an extended wall even
when it is not in the presence of noise. This can be fixed
by letting the AGV reverse.

• Local minimums in a potential map can be avoided by
using a proximity sensor.
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• Theoretically, AGV’s could possibly be used for main-
taining cars. However, this would probably have to lead
to a change of the current car industry.

• The designed controller did the job for this application.
But, if there are higher demands on the position of the
AGV, a PID-controller would need to be designed in order
to eliminate the static error.

• There are a wide variety of sensors available for the AGV.
For positioning, a network of cameras works better than
a GPS, since the GPS gets rather unreliable when used
inside. For object detection and distance measurement, a
LIDAR would probably be the best sensor to use thanks
to its high resolution and fast response time.

• For future work, one could improve the creation of the
potential map by making the algorithm less recursive. The
current algorithm is rather slow and has low resolution.
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Abstract—There is great potential in the field of robotics. 

Much has happened in the applications of robots during these 

last decades, and as the functionality gets more complex so must 

the understanding of how these are engineered. When working 

with autonomy the requirements put on robots become even 

more challenging and more aspects are needed to take into 

consideration. The purpose of this paper is therefore to give 

information on various sensors which an autonomous ground 

vehicle (AGV) can use to gather information, how an AGV can be 

controlled and some navigational strategies in different 

environments. MATLAB was used in the implementation of the 

breadth first search (BFS) algorithm that proved to be effective 

at finding the shortest distance between two points, provided a 

discretized map. Successful navigation from a starting point to a 

destination was achieved in the presence of both known and 

unknown obstacles. The chosen algorithm, and the way it was 

implemented, had some limitations such as requiring much 

memory when having a too large map, and not being capable of 

moving diagonally and achieve smooth turns. The memory issues 

could to some extent be amended for by good use of a mapping 

method, and the others could be improved by the use of vectorial 

calculations such as Bézier curves. 

 
Index Terms—Automation, AGV, mobile robot, control, 

sensors, navigation, breadth first search 
 

I. INTRODUCTION 
HE field of robotics is growing. As technology moves 
forward it expands the limits of what is possible to achieve 

with robots. An autonomous ground vehicle (AGV) is a robot 
which is programmed to perform desired tasks without the 
control of humans. These can be utilized to improve the 
standard of living in certain circumstances or perform tasks 
that make human labor less of a requirement. They can aid in 
rescue missions in environments that are dangerous to people 
or monitor for security purposes [1].  

Adding autonomous robots to a security system could make 
it more dynamic and versatile. These are rarely supposed to 
replace people altogether, but more as a complement. Robotic 
security does not tire, and can be equipped with sensors such 
as smoke and gas detectors. Some tasks which these robots 
could perform are automated patrol and handling of hazardous 
elements, such as bombs or toxic materials. 

To help reduce the need for human labor a good example is 
the robots developed by KIVA Systems which can streamline 
the whole back-end process of a delivery company [2]. The 
way it works is that the autonomous robots move the goods 
from the storage floor to the worker who then packs the 
delivery items and sends them out, rather than having the 
workers moving the goods.  

Another interesting field is the cleaning industry where 
iRobot has developed a line of robots which can clean in 
different environments [3]. Probably the most well known in 
this lineup is the one called Roomba - a robot which navigates 

around autonomously to sweep and vacuum the floors. Many 
robot solutions, like the one from KIVA, require the robot to 
be in a certain environment where external sensors and 
processors help with the navigation of the robots on the floor. 
This environment is could be referred to as a Smart building - 
a building with a network infrastructure which can collect 
external information and relay it to the units. 

This thesis aims to provide an overview of AGVs and some 
aspects which are important to consider in implementation. 
One needs information on how the robot is going to collect 
data from its surroundings and how this data is going to be 
used in order to achieve autonomy with goal orientation. 

In Section II different sensors are presented and evaluated 
by their properties and suitability. Section III is where the 
control theory behind a vehicle is described to provide a 
deeper understanding of the kinematics and control. How to 
characterize the environment and different ways to navigate 
are discussed in Section IV. The results of the trajectory 
planning are presented in Section V. After this we discuss the 
results and suggest areas in which further research should be 
made in Section VI. In Section VII we present a new 
application of AGVs which has not yet been implemented, and 
lastly we provide our conclusions in Section VIII. 

II. SENSORS 
The data from the sensors are what makes the robot aware 

of its surroundings. This is especially important when one 
desires a fully autonomous robot. To have systems that can 
achieve this kind of degree of independence, these need to 
possess the ability to perceive their surroundings and know 
their position relative to obstacles and other objects. 
Depending on the purpose, specific sensors are chosen. One 
can measure distance to objects, distance travelled, 
acceleration, speed, positioning and more. Sensors have 
different advantages, like pricing, effectiveness and resolution 
of measurements. Below individual sensors are presented, 
discussed and evaluated. The first two are passive sensors 
which provide information on the different physical 
subsystems of the robot, whereas the others are active sensors 
which acquire data about the external environment. All 
sensors have their individual limitations and that is why it is 
common to combine multiple sensors to achieve the best 
possible result.  

A. Odometers 

Odometers are designed to determine the position and 
orientation of a mobile robot by obtaining the number of 
revolutions of the wheels. The simplicity and low cost is a 
major advantage offered by the odometers. However, one will 
need to recalibrate often due to possible misalignment or 
changes in the radius of the wheels. This technique is also 
vulnerable to imperfections in the ground and wheel slipping. 

Mobile Autonomous Ground Vehicles  
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The fundamental idea of odometry is that the integration of 
motion increases over time, which inevitably leads to an 
accumulation of errors. These sources of error are often 
categorized into systematic and nonsystematic [4], which are 
discussed further in this section, subsection F. The 
accumulation of errors in the orientation in turn causes large 
errors in the position, which increases proportionally to the 
distance traveled by the AGV. Despite these limitations, 
odometry is an important part in robot navigation systems.  By 
improving the precision of the odometry by recalibration, one 
could simplify the navigation process [4]. 

B. Accelerometers 

There are two ways to illustrate positioning, relative- and 
absolute positioning. A typical example of absolute 
positioning is the global positioning system (GPS) which uses 
the aid of satellites. An example of relative positioning is the 
Inertial Navigation Systems (INS) which uses gyroscopes and 
accelerometers in dead-reckoning navigation - which means 
estimating the position based on measurements in relation to a 
previous position [5] - though gyroscopes are mostly 
necessary when moving on angled floors or on uneven 
surfaces. Accelerometers, like the name suggests, measure the 
rate of acceleration. These measurements can be integrated 
once to provide the velocity or twice to provide a distance or 
position. As with odometry, any error in these integrations, 
e.g. uneven ground or a not perfectly horizontal inclination, 
will grow with time and distance [6], [7]. This is why 
accelerometers can be unsuitable for positioning over an 
extended period of time. However, other sensor types can be 
used to realign and recalibrate the accelerometer to achieve 
better measurements. 

C. Infrared Based Sensors 

Infrared sensors can be both active and passive. For motion 
detection purposes one can use a passive infrared sensor. 
These sensors are stationary and measure changes in 
temperature in time intervals [8]. To have it mounted on a 
moving robot one needs an active infrared sensor. These 
sensors emit an infrared beam to measure distances to objects 
which reflect it. Because of the nature of infrared light these 
measurements are highly dependable on phenomenon like the 
surface properties of the object being measured and the angle 
of incidence. Also they generally have a shorter range than 
other sensors such as SONAR and LIDAR. An infrared range 
sensor suited for robotics could have a range of 10 to 80 cm 
[9]. Some advantages of using infrared sensors are their low 
cost and narrow beam width [10]. Also since infrared uses 
light for measurements, a low response time is achieved which 
can be a real advantage when it comes to mobile robots. 

D. SONAR 

Sound Navigation And Ranging, SONAR, like infrared can 
be both active and passive. Passive SONAR basically picks up 
sound without transmitting and is mostly used for surveillance. 
Active sonar transmits sound waves and is mostly used for 
communications, navigation, detection and tracking [11]. 
Active SONAR is one of the most commonly used sensor 
techniques in mobile robots where it can measure time of 
flight to calculate the distance to objects, or for mapping 

purposes. This popularity is mostly due to their low cost, 
simplicity and ability to provide distance measured directly. 
But while this data is easy to collect, it proves more difficult to 
from this extract a rich description of the surroundings, which 
is why SONAR may be more suitable for low-level 
interactions like obstacle detection and avoidance.  

Although ultrasonic sensor operation is relatively simple, 
these sensors are subject to important limitations that must be 
considered. One such limitation is the angle of incidence. The 
sensor detects an obstacle if the incidence angle of an emitted 
pulse is within the limits of detection. The face of the object 
can exceed the limit at which the sensor does not receive the 
reflected pulse; this is known as specular reflection. Another 
source of error of this sensor is the false readings which occur 
when pulses bounce multiple times before being detected, 
resulting in an erroneous measurement. If a vehicle is 
equipped with more than one ultrasonic sensor there is a risk 
of detecting ghost objects. A pulse reflected several times 
could be detected by other ultrasonic sensors, which would 
result in the detection of a nonexistent object. That is why 
when SONAR arrangements are used, individual sensors are 
fired one at a time. It should also be mentioned that the 
ultrasonic sensors as their counterpart IR sensors, are 
susceptible to surface properties. In some cases these can 
absorb the pulse and consequently no obstacle is detected.  

E. LIDAR 

Light Detection and Ranging, LIDAR, consists of a 
transmitter and a receiver. The principle of operation is 
basically the same as with active SONAR- or IR-based 
sensors, measuring the time of flight of the reflected pulses. It 
attains considerably better performance than its counterpart 
ultrasonic sensor as it uses light, making the detection of 
smaller objects possible. LIDAR sensors also offer a better 
angular and depth resolution. This can be seen on p.111 in 
[12]. One disadvantage of these sensors is that they are 
generally more expensive. To mitigate this, a common 
arrangement is a rotating mirror which can direct the laser 
beam in all directions, sweeping around the environment. 
Another disadvantage is that they are heavy and require 
electronics capable of managing high frequencies and thus 
more processing power. Ground vehicles make use of this 
rangefinder for object detection and obstacle avoidance, but 
unlike the ultrasonic sensors, the LIDAR sensors do not detect 
the presence of transparent surfaces such as glass, and this can 
be a major problem in specific environments such as museums 
or art galleries.  
F. Sensor Modeling 

Sensors are imperfect devices and should always be 
assumed to have errors and therefore uncertainty in their 
measurements. In this subsection we provide a short overview 
of the nature of these uncertainties.  

The deviation from the real value is the sum of many 
uncertainties and can be categorized into: A) those which can 
be modeled by statistical methods, and B) those which can be 
evaluated by other means. It is important to note the difference 
between error and uncertainty. Error (type B) is commonly 
known as systematic error as it arises from systematic effects 
e.g. linearization of a sensor transfer function. This error can 
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be compensated for by calibration. Uncertainty (type A) is 
always present as it arises from random effects such as 
thermal noise and hysteresis [13]. This type A could be 
described by statistical methods. Given a set of measurements 
from a sensor, we can then call 𝑋 a stochastic variable for 
these sensor readings and thus estimate a mean 𝜇 and standard 
deviation 𝜎. The error model is often a Gaussian distribution 
due to its ability to represent deviations. It also helps 
accomplish better estimation of e.g. position when specific 
readings differ more than usual, possibly caused by errors 
associated to a specific sensor [12] p.184. 

III. CONTROL THEORY BACKGROUND 
Beyond the knowledge of the sensors it is practical to 

understand how the data from these are translated into 
movement. Two important aspects are the navigational system 
and the control system. The navigational system is the 
decision maker of the vehicle and the control system is what 
carries out the instructions. This section will explain how the 
robot can be represented with a kinematic model and some 
theory about the control system. 

A. Kinematics 

The kinematics deals with the geometric aspects of the 
movement. It is characterized by specifying a particular time, 
position, velocity and acceleration of an object. To correctly 
control the AGV it is necessary to understand the physical 
principles related to the wheel configuration. This process 
begins by choosing one of the available configurations.  

The configurations with the simplest kinematics are single 
steering wheel (tricycle), differential drive wheels and 
Ackerman configuration (automobiles). Each wheel 
contributes to the movement of the robot and adds constraints 
to the motion. The differential configuration is among the 
most popular [2] [3], as it can rotate around its axle center, 
something which is possible for neither one steering wheel nor 
the Ackerman configuration. Applications making use of this 
wheels array were presented in Section I.  

The differential wheel configuration consists of two wheels 
placed on an axis perpendicular to the direction of the vehicle 
as shown in Fig. 1. Each wheel is controlled by a motor, so 
that the rotation of the robot is determined by the difference in 
wheel speed. To turn left, a higher speed is given to the right 
wheel and vice versa. A problem which arises with the 
differential configuration is that the wheels are always 
pointing forward and some maneuvers can be tricky. Another 
problem is balancing as it consists of two wheels, to which 
castor wheels are added with free rotation. These castor 
wheels are to horizontally hold the robot, so it can rotate 
freely. Depending on requirements, you can add free-turning 
wheels. The problem that arises due to more than three wheels 
on the robot is the loss of traction and serious errors in the 
calculation of the position in rough terrain. The lack of 
traction is more probable when there is more than one free-
spinning wheel; such AGVs are therefore not suitable for 
irregular terrain. Below is described how to model the 
differential wheel configuration. 

 
Fig. 1.  Representation of the AGVs position(𝑥, 𝑦). The local and global 
coordinate systems for the robot are represented by 𝑦𝑅, 𝑥𝑅 and  𝑥𝐼, 𝑦𝐼 
respectively. 𝜃 is the angle between the two coordinate systems. 

Let 𝑙 be the distance between the wheels and the center 
mass of the AGV, and 𝑟 be the radius of the wheels as showed 
in Fig. 1. Then call 𝜔𝑙 and 𝜔𝑟  the angular speeds measured in 
radians of the left and right wheels respectively. 𝜃 is the angle 
between the two coordinate frames. It is now necessary to map 
the position 𝑃𝑅 of the AGV in its local coordinate system to a 
position 𝑃𝐼  in an inertial arbitrary coordinate system, Fig. 1. 
This could be written as in (1), where 𝑃�̇�  and 𝑃�̇� are vectors 
derived from 𝑃𝐼  and 𝑃𝑅. 

 
 𝑃�̇� = 𝑅(𝜃)𝑃�̇� , (1) 

 
𝑅(𝜃) is a transformation matrix that maps the state of the 
robot in its local frame to a global frame. 
 

 𝑅(𝜃) = [
𝑐𝑜𝑠𝜃 −𝑠𝑖𝑛𝜃 0
𝑠𝑖𝑛𝜃 𝑐𝑜𝑠𝜃 0
0 0 1

]. (2) 

 
We can analyze the contribution of each wheel to the 

motion independently by fixing one of the wheels to a point 
and letting the other rotate around in an arc with radius 2𝑙 as 
described on p.52 in [12]. (3) shows the result of these 
assumptions, 

 𝑃�̇� = [

𝑥�̇�

𝑦�̇�

𝜃�̇�

] =

[
 
 
 
 
𝑟

2
(𝜔𝑟 + 𝜔𝑙)

0
𝑟

2𝑙
(𝜔𝑟 − 𝜔𝑙)]

 
 
 
 

. (3) 

 
Combining (1), (2) and (3) yields: 
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 𝑃�̇� = [

�̇�
�̇�

�̇�

] =

[
 
 
 
 
 
𝑟

2
(𝜔𝑟 + 𝜔𝑙)𝑐𝑜𝑠𝜃

𝑟

2
(𝜔𝑟 + 𝜔𝑙)𝑠𝑖𝑛𝜃

𝑟

2𝑙
(𝜔𝑟 − 𝜔𝑙) ]

 
 
 
 
 

. 

 

(4) 

 𝑃�̇� expressed as a function of the linear speeds becomes: 
 

 𝑃�̇� = [
�̇�

�̇�

�̇�

] =

[
 
 
 
 
 
(𝑣𝑟 + 𝑣𝑙)

2
𝑐𝑜𝑠𝜃

(𝑣𝑟 + 𝑣𝑙)

2
𝑠𝑖𝑛𝜃

(𝑣𝑟 − 𝑣𝑙)

2𝑙 ]
 
 
 
 
 

. (5) 

 

B. Layers of Control 

Reliability is an important factor in fully autonomous 
mobile robotics. By implementing a layered architecture of 
control one can achieve advantages like robustness, 
buildability and testability [14]. To build a robot with a high 
level of competence the system needs to account for multiple 
things. For instance, it should be able to correctly decide on a 
priority of different goals. Moreover the system needs to 
properly handle sensor data from different sensors and take 
into account the error components of each. Additionally it is 
desirable for the robot to be robust enough to stay functional 
even if a number of sensors fail to provide accurate 
measurements. If possible it is also advantageous to make it 
extensible so that you may add more functionality or improve 
the level of competence at any time. A layered architecture 
means that rather than having a linear flow, from sensor data, 
to mapping the environment, to planning the trajectory, to 
engaging the actuators and motor and with a closed loop do 
this over and over, you make it so that these are handled more 
separately. The first layer could for instance handle obstacle 
avoidance. The next level can then with the aid of data from 
the levels beneath it perform a task of higher difficulty. With a 
hierarchical model like this, higher levels can suppress the 
output of lower levels but not the other way around. These 
layers are represented by modules that intercommunicate over 
low-bandwidth channels. 

C. Closed-loop Control 

Closed-loop systems are able to control the output of the 
system at every moment and modify it if necessary. Thus, the 
system is able to function automatically and cyclically with no 
human intervention. Below we present how to perform closed-
loop control with a proportional-integral-derivative (PID) 
controller for the system in question. The parameters to be 
regulated are measured by sensors and fed back for 
comparison with the imposed reference. The system presented 
in Fig. 2 would be the lowest level of the layers of control for 
an AGV. Its fundamental task could be robot motion while 
avoiding obstacles. 
 

 
Fig. 2.  Closed-loop control for an AGV. The DC servomotor is a common 
actuator to be controlled. Sensor readings are fed back for comparison with 
the reference signal. 

In the diagram 𝑅(𝑠) is a goal signal, 𝑈(𝑠) is the control 
signal, 𝑌(𝑠) is the system output signal sensed and fed back, 
and 𝐸(𝑠) is the result of the comparison between the reference 
and the measured signal. This error 𝐸(𝑠) is of particular 
interest as it is the input for the controller which will 
determine the reaction of the wheel motors. (6) describes the 
controller 𝐹(𝑠), where 𝐾𝑃, 𝐾𝐼  and 𝐾𝐷 are the parameters for 
the proportional, integral and derivative parts respectively. 
The adequate selection of these parameters can greatly affect 
the speed and stability of the system. Detailed information 
about how to choose these parameters is described in [15]. 

 

 𝐹(𝑠) = (𝐾𝑃 + 𝑠 ∙ 𝐾𝐷 +
1

𝑠
∙ 𝐾𝐼)𝐸(𝑠). (6) 

 
Observe that the chosen configuration will have two motors 

to be controlled, thus each one will have its own closed-loop 
system. The closed-loop system 𝐺𝑐(𝑠) is described by (7), 
where H(s) is the sensor transfer function: 
 
 
 

𝐺𝑐(𝑠) =
𝑌(𝑠)

𝑅(𝑠)
=

𝐹(𝑠) ∙ 𝐺(𝑠)

1 + 𝐻(𝑠) ∙ 𝐹(𝑠) ∙ 𝐺(𝑠)
. (7) 

 
So far we have assumed perfect sensor measurement. As 

studied in section I, sensors will always add some uncertainty 
which will affect the regulation of the motors. As a 
consequence of this, the desired position may not be the actual 
position which the robot is located at. This is particularly 
evident if only odometry is used for vehicle positioning [4]. 

IV. NAVIGATION 
Autonomy in robotics means having enough independency 

to perform tasks without the aid of people. To get from point 
A to point B while avoiding obstacles will certainly be a 
necessary function of most AGVs. This can be done in a 
number of different ways and the suitability of each approach 
is dependent on factors like the properties of the environment, 
i.e. how dynamic the environment is, and the resolution 
provided by the sensors. In Section II we discussed how the 
robot perceives its surroundings and creates its own view of 
the world. In this section we will explain how this data can be 
interpreted and put to use. 
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Fig. 3.  Search tree of a Depth First Search. The arrows indicate the search 
direction, and the numbers illustrate the order in which they are discovered. 

A. Principles of Trajectory Planning 

There are two key parts in the navigation of the robot; 
planning and reacting. The trajectory planning can be either 
local, global or both. Local trajectory planning means not 
having any a priori information about the environment so that 
all planning and avoiding must be calculated in real-time. 
Global trajectory planning is performed when knowing the 
environment beforehand. A path can be calculated from 
known data and the robot is then deployed with the knowledge 
of a full course from start to goal. Another aspect is whether or 
not the environment is static or dynamic. If there are moving 
objects or obstacles the environment is considered to be 
dynamic. If you consider a dynamic environment you 
understand that this would require some degree of local 
navigation. If an obstacle is detected and is blocking the path, 
a new trajectory must be devised. Depending on the method of 
trajectory planning chosen, one will have to consider a map of 
the environment differently.  

Some examples of map concepts are: a) real map with 
objects; b) line-based map; c) grid based map, as described in 
[12] on p.197. The fidelity of the map affects the fidelity of 
the position and the precision of the trajectory planning. The 
more complex representation of the environment the more 
computational power is needed to perform the calculations. 
Some examples of very popular strategies when it comes to 
localization are the Markov localization and the Kalman filter 
localization. When Markov localization is applied, the robot 
can be deployed at any position. It is very reliable and has the 
ability to recover from ambiguous situations. This 
functionality will in turn lead to strain on memory and 
computational power. Kalman filter localization on the other 
hand is very precise and efficient when it comes to tracking 
from known positions, but can fall short in situations where 
unexpected errors occur. More about these localization 
methods can be found in [12] on pp.212-244.  

B. Classical Approaches 

An important matter to consider when performing trajectory 
planning is the representation of the robot environment as 
previously mentioned. Here we briefly describe three classical 
approaches for mapping and navigation.  

 
Fig. 4.  Search tree of a Breadth First Search. The arrows indicate the search 
direction, and the numbers illustrate the order in which they are discovered. 

1) Cell decomposition. This approach divides the maps 
into cells which are either free or occupied. Thereafter 
one can create a connectivity graph that shows how the 
cells are linked to each other. The final step is to find a 
route through adjacent cells connecting the robot’s 

actual position to the goal. 
2) Road map. These methods create a network of one-

dimensional curves in the free space. Every point can 
be reached through this network. Then the task is to 
find a set of routes connecting the initial and final  
points in the trajectory of the robot. In a Visibility 
graph [16] the idea is finding paths close to the 
obstacles, resulting in the shortest possible way to the 
goal. Voronoi diagram [17] on the other hand finds the 
roads that stay as far away as possible from the 
obstacles. 

3) Potential field. One method to navigate in an 
environment with obstacles is to characterize it with a 
potential field [18]. The obstacles can be viewed as a 
negative potential - which makes the robot less inclined 
to travel in their direction - and the goal as a positive 
potential. The destination and the obstacles act like 
attractive and repulsive forces respectively.  
Potential field is used for both mapping and planning 
the trajectory. If new obstacles are detected the 
potential field must be updated. 

C. Search Methods 

When navigating with search methods such as depth first 
search (DFS) and breadth first search (BFS) it is required a 
discretized map where each traversable point represents a 
node. At the top of the search tree of nodes is the starting point 
and somewhere below is the destination, and depending on the 
search algorithm different ways between these two points are 
found. Fig. 3. illustrates the DFS. DFS uses a stack which can 
be described by LIFO (Last-In, First-Out) [19]. Essentially 
this means that when a new node is found, a new connection 
from this node is explored. The numbers in the circles in Fig. 
3 and Fig. 4 represents the order in which they are found, and 
the arrows represents in which direction the search goes. In 
DFS it explores the depth first, then from left to right.  

BFS on the other hand uses a queue and therefore the FIFO 
method (First-In, First-Out), so that when a new node is 
explored, all nodes connected to it are added to the queue and 
in turn expanded sequentially, see Fig. 4. 
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Fig. 5.  Trajectory planning in an environment with only known obstacles. 
The resolution of the grid was 30x30. 

Consider the lower left node to be the goal position. From 
Fig. 3. one can see that this node is the third node to be found 
by the DFS, and in Fig. 4., the BFS, it is the fourth node. This 
means that the DFS in this case is faster than the BFS 
algorithm, but in the case of the BFS you are sure that this is 
the shortest way to the goal. DFS is generally faster when it 
comes to finding a way from node A to node B if there is a 
great distance between the two and BFS is the way to go if the 
distance is shorter. So depending on what is searched for, the 
speed of these algorithms will vary, but if one want to be 
certain to find the shortest distance only the BFS algorithm 
can guarantee this. 

V. RESULTS 
In this project simulations were first performed with global 

trajectory planning, which means that a starting point, a 
destination and the obstacles were all known. After these 
simulations were done, some unknown obstacles were added 
which required local trajectory planning as well. Furthermore 
the environment was assumed to be static - no moving objects 
or obstacles. The map provided is assumed to come from 
approximate cell decomposition as explained in Section IV, 
subsection B. 2). 

When finding the shortest trajectory, the map is expanded 
from the starting point towards the goal, where every adjacent 
position is analyzed to see if it is traversable. To be available 
and added into the search tree, each position must fulfill three 
conditions: 1) it must not be outside the grid, 2) the point must 
not already be in the search tree, and 3) there must not be an 
obstacle on that position. In this expansion, and therefore the 
movement ability of the robot, it is assumed that it can only 
travel left, right, up or down and not diagonally.  

 
Fig. 6.  Trajectory planning in an environment with both known and unknown 
obstacles. The resolution of the grid was 30x30. 

In Fig. 5. one can see the trajectory of the robot when in an 
environment with only obstacles known a priori. The lower 
left dot (red) is the starting position, and the upper right dot 
(blue) is the destination. The grey rectangles are the obstacles. 
The larger circle around the robot represents its detection 
range, which in the first simulation did not detect any 
unknown obstacles. This detection method could be thought of 
as an array of ultrasonic sensors. Obstacles within the radius 
of this circle are thus discovered and moved from unknown to 
known. These previously unknown obstacles were illustrated, 
after detection, with a darker grey color in Fig. 6. Notice the 
dots of the trajectory getting slightly darker towards the goal. 
This was to illustrate every time a new trajectory was 
calculated. For this setup of unknown obstacles the trajectory 
had to be calculated one initial time, and subsequently four  
more times, once every time about to hit an obstacle. The  
runtime of the calculations to find the shortest path decrease 
drastically as you advance the goal. On a map with a 
resolution like this the search algorithm required only 
fractions of a second. 

Here we break down the simulation program for an 
environment with both known and unknown obstacles into its 
major parts. 

1) Create the map and draw obstacles which are known a 
priori. 

2) Place a starting point and a destination on the map and 
call the breadth first search function to find the shortest 
way between the two. 

3) When the shortest way is found, start traversing on this 
trajectory. 

4) If obstacles are detected, add these to the vector of 
known obstacles and show these on the map. 

5) If an obstacle is blocking the planned trajectory, jump 
back to step 2 and repeat, now with a new start position 
at which to begin the BFS. 

In an environment with only known obstacles you simply 
create the map, calculate the trajectory and then travel from 
start to goal. 
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VI. DISCUSSION 
We chose to simulate with MATLAB because with a search 

algorithm such as BFS a numerical computing tool like 
MATLAB performs well. The search algorithm BFS was 
chosen because it is easy to understand and implement. Also it 
is sufficiently fast and very reliable when working with lower 
resolution maps. The memory usage of the calculations 
increases exponentially with map size, but a tradeoff with 
maps of lower resolution is that the ability to find narrow 
paths decreases. If a higher resolution of the map is needed 
another algorithm should be considered. Depending on the 
environment in which the AGV is to move there may be more 
suitable mapping solutions and navigational algorithms. In the 
results provided, a grid of 30x30 was used and the speed of the 
calculations was practically non-existent. When using a grid of 
150x150 the first trajectory calculation took about 4-5 seconds 
which would be very problematic if in a dynamic 
environment. A map with a size of 100x100 required short 
computing times but could still be able to provide a fairly 
detailed environment when thinking locally. By efficient use 
of the cell decomposition method one could reduce the 
resolution to increase computational speed, at the cost of 
having a less detailed map. In addition to the memory 
requirement, another shortcoming of the BFS algorithm, as 
implemented here, could be the steep turns. The algorithm will 
have many 90 degree turns when limited with no diagonal 
movement. One could on a local level make the turns much 
smoother by implementing it in combination with something 
like Bézier curves. These could even be used in order to avoid 
obstacles [20]. 

FUTURE WORK 
There are some steps between the measurements from the 

sensors and the mapping of the environment. These areas 
would benefit greatly from actual tests. An area to explore 
further could then be to test sensors to produce actual 
measurements and with these create the maps which are 
described. The algorithm could then, without too much work, 
be implemented and tested on an actual AGV. Furthermore, 
actual tests of the sensors would provide more information on 
how the error of these would affect the system when 
implemented. 

VII. NEW APPLICATION 
People spend many hours in shopping centers and wander 

around looking for things they might need, or just to see what 
is new in the fashion world. Sometimes there are things people 
need but they just do not know it yet. That is where Rekoboto 
comes in. Rekoboto is the new shopping center helper, 
minimizing the gap between consumers and products. 
Shopping centers usually offer environments with good 
communication possibilities and multiple wireless 
connections. This would be a fitting environment for the 
deployment of a Wireless Sensor Network (WSN) in which an 
autonomous ground vehicle could navigate. Our proposed 
application for an AGV could offer capabilities such as: 

 

 Having a robot move around autonomously with 
advertisement and information on it is not something 
you see very often. The Rekoboto will catch the 
attention of people and update them on current offers 
and deals.  

 Interactive language skills integrated with an 
information center. People could be directed to 
destinations they ask for or be given information 
regarding other questions they might have. 

 Simple interface for people with hearing impairment.  
 Ordering food and drinks. Some fast food restaurants 

offer an express ordering service. People could be able 
to place orders with certain restaurants or ice cream 
shops before actually arriving at them. 

One challenge regarding this application would be the level 
of obstacle avoidance which would be required. In very 
dynamic environment like these there would be high demands 
on mapping and navigation. The robot must be able to avoid 
all people and things while at the same time appear to be in 
complete control so as not to disturb or worry anyone. To 
achieve a behavior of catching attention while at the same 
time seamlessly move in the vicinity of humans would be a 
balancing act. 

VIII. CONCLUSIONS 
We investigated the fundamentals of autonomous ground 

vehicles, and presented our findings in this report. First we 
studied different sensors and the suitability of these. Then we 
discussed the kinematics and the idea of different layers of 
control followed by how to perform closed-loop control for an 
AGV. After this the principles of navigation for a mobile robot 
were investigated, from mapping to navigational algorithms. 
Lastly simulations of trajectory planning in different 
environments were done with MATLAB. Some of the key 
conclusions of this project are as follows: 
 The sensors which were brought up could when 

combined provide a satisfyingly accurate description of 
the surroundings of an AGV. 

 Sensors measurements are affected by systematic and 
nonsystematic errors. 

 Layers of control is an effective approach to achieve a 
more robust and reliable system. 

 The breadth first search algorithm effectively 
calculated the shortest path between two points 
provided an appropriately discretized map. Though the 
computational power increases when using a map of 
higher detail, this could to some extent be avoided 
when implemented by efficient use of the cell 
decomposition method when creating the map. 

 To achieve a trajectory with smoother turns one could 
apply some vectorial calculations such as Bézier 
curves. These could also be used for obstacle 
avoidance. 
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Abstract— It is not just the phones that are getting smarter, it is 

the buildings as well. Connecting multiple sensors in a house to a 

main control unit allows this smart building to control things that 

a human normally would have to. Unmanned Air Vehicles 

(UAVs) are aircrafts that are capable of piloting without a 

human on board and is a great addition to the smart building 

environment. The main goal of this project is to investigate the 

possibility of integrating UAVs to smart buildings by 

implementing a PID steering controller and an obstacle 

avoidance algorithm. In order to make the smart building more 

autonomous new applications for UAVs are discussed. As a 

conclusion this report is able to show that the UAV used in this 

project successfully avoided a wall and then managed to navigate 

through a window in order to reach a reference point located at 

the other side of the wall.  
 

Index Terms—Automatic control, Avoidance, Detection, PID, 

Quadrotor, Sensor, Smart building, Unmanned air vehicles 

 

I. INTRODUCTION 
NMANNED Air Vehicles (UAVs) will in a short period 
of time have a significant role in our modern society. Due 

to their ability to reach and scan areas human would have a 
hard time doing on their own, the autonomous UAV is perfect 
for use in a smart building. This smart building contains many 
different kinds of sensors which are connected to the main 
control unit of the house capable of controlling all household 
electronic devices. With automatic control this can save both 
time and energy whilst simultaneously providing a better 
standard of living.  
The focus of this project has been to integrate the UAV to the 
smart building by designing and implementing a steering 
controller and an obstacle avoidance system. These are two 
important prerequisites for the use of UAVs in houses to 
become a reality. A test was derived to check that the steering 
controller and the obstacle avoidance system worked properly. 
It was based on letting the UAV fly to a point behind a wall 
with a corresponding window, thus having to detect and avoid 
the wall whilst it has to find the window and fly through it to 
get to the given reference point behind the wall. To pass this 
test was set to be the main goal of this project. 
A quadrotor is an UAV with four rotors controlled 
individually which leads to a great potential for steering it in 
tight situations that can emerge in a smart building.  
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Due to this attribute it is an easy choice to use the quadrotor as 
the UAV that the steering controller and the obstacle 
avoidance system shall be implemented on.  
A study of the quadrotor and its available sensors is made in 
Section II. A mathematical model of the quadrotor is 
described in Section III. This quadrotor has been controlled 
with four different PID controllers and they can be found in 
Section IV. These controllers were integrated with an obstacle 
avoidance system which is shown in Section V. How the 
communication between the control program and the 
quadrotor works is shown in Section VI. The results of this 
project can be seen in Section VII. In Section VIII and IX both 
existing and new applications is discussed. A conclusion is 
made in Section X and in Section XI some topics for future 
work is suggested. 

II. STUDY OF THE QUADROTOR 
As said before the quadrotor is an UAV with four 

symmetrically placed rotors that can be controlled 
independently. The quadrotor used in this project can be seen 
in Fig. 1 below. With control of the speed of these four rotors 
an on board controller is able to produce the roll, pitch and 
yaw angles which can be seen in Fig. 1. When implementing 
the steering controller these three angles plus the total throttle 
of the four rotors combined are used as the input parameters.  
Before the quadrotor is integrated to the smart building it first 
has to be equipped with some useful sensors [1]. Some of 
these sensors can measure parameters such as position, 
velocity, acceleration and attitude angles while others can 
provide a virtual image of the surrounding which is vital for 
obstacle avoidance. In this section the sensors that correlate to 
the parameters above will be investigated even though not 
every sensor is available for this project. 

1. Magnetometer 

A magnetometer is used to measure the size and direction of 
the magnetic field at the current position. With this the attitude 
angles of the UAV can be determined. When calibrating the 
magnetometer the declination at the current position must be 
given for the calibration to be accurate [2].  

2. Accelerometer 

An accelerometer is a device for measuring different 
accelerations. The acceleration can either be static or dynamic. 
The static accelerations are due to constant forces acting on an  
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Fig.  1. Figure displaying the quadrotor used in this project. 
 
object such as the gravitation field. Dynamic acceleration 
occurs because of changes in velocity of an object.      
This device is especially useful for UAVs because by 
measuring accelerations it is possible to determine in which 
direction the UAV moves and calculate the force needed to 
change the movement of it. It can also be used to determine 
the attitude angles of the UAV in respect the gravitation field 
[3].     

3. Gyroscope 

A gyroscope is a frequently used device in aircraft for 
measuring the pitch, roll and yaw angles based on the 
principles of angular momentum [3].  This device can of 
course be implemented into an UAV and is a huge addition to 
the accelerometer when determining the angles. 

4. Global Positioning System 

Global positioning system, or GPS as it is called, is a 
navigation system based on satellites which is used for 
determining an object’s latitude and longitude position. The 
GPS device can be used for navigation all around the world 
with high precision. This is great for steering and navigating 
an UAV outside, but the problem with GPS is that it will not 
work indoors since the roof and the walls tend to block the 
signals from the satellites. Since the goal is to implement 
UAVs in a smart building it has to rely on other sensors for 
navigating inside the building.  However, the GPS device is a 
great addition for navigating through big areas outdoors, and 
can be turn on when it is needed [4].      

5. Sonar 

Sonar is a sensor that can be used to measure the distance to 
an object. This is done by sending sound waves and measuring 
the time it takes for these waves to return to the UAV and then 
the distance to the object is calculated. The surface of the 
object has to be smooth for this to work properly and that is 
why it is mostly used to determine the height of the UAV by 
sending the sound waves towards the ground. This combined 
with a GPS would give an accurate position of the UAV as 
long as it is relatively close to the ground.  

6. Camera 

For surveillance and monitoring applications a camera may 
be installed on the UAV. This allows for constant footage of 

 
Fig.  2. Figure showing the earth fixed coordinate system E and the quadrotor 
body fixed coordinate system B and how they are linked together. 
 
the desired area where the data can be sent to a computer for 
processing. It is also possible to use the camera for the 
detection of obstacles which is crucial when implementing the 
quadrotor in any unknown or dynamic environment. There can 
also be a recognition part of the camera which allows it to 
specify what object that has been detected and then acting 
based on that information. When the UAV is indoors the main 
purpose of the camera is to navigate through the house based 
on the recognition of some fixed reference points that have 
been placed in the smart building. It could also be given the 
motion patterns of humans and specific animals to be able to 
tell them apart. With a camera capable of this the number of 
applications of the UAV drastically increases.  

III. MATHEMATICAL MODEL 
To fully understand how to create an obstacle avoidance 

system it is necessary to describe the quadrotor with a 
mathematical model. This model will develop the differential 
equations that describe the dynamic system of the Unmanned 
Air Vehicle and it will also present the restrictions of the 
quantities in these equations.  

1. Coordinate systems 

In order to develop the mathematical model, two coordinate 
systems must first be defined.  The first one is a system fixed 
to the earth and the second one is a system fixed to the body of 
the quadrotor where the x and the y axis will correspond to the 
arms of the quadrotor. This is illustrated in Fig. 2. The angles 
between the different axes of the two coordinate systems are 
defined as following: The pitch, θ, is the vertical angle 
between the two x-axes and the roll, 𝜙, is the vertical angle 
between the two y-axes whilst the yaw, ψ, is defined as the 
horizontal angle between the two x-axes.  
It can easily be seen from Fig. 2 that it is smart to model the 
quadrotor as a second order differential system with the 
gravitational force in the negative ZE-direction and the force 
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generated from the rotors in the positive ZB-direction. To do 
this differential equation it is necessary to be able to project 
the forces in the ZB-direction onto the unitary vector nZE, 
pointing in the positive ZE-direction, depending on the 
quadrotor angles θ, 𝜙 and ψ. This is done with help from the 
rotational matrixes RotX, RotY and RotZ [5] and the unitary 
vector nZE. 
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To express this unitary vector nZB, pointing in the ZB direction, 
in the fixed coordinate system the unitary vector nZE is rotated 
around the ZE-axis, then the XE-axis and lastly a rotation 
around the YE-axis and thus getting [4]:  
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2. Limitations 

This model assumes direct control over the parameters θ, 𝜙 
and ψ whilst in reality there are some limitations to these 
variables. The relationships between the actual values and the 
desired values, θdes, 𝜙des and ψdes is modeled as first order 
differential equations: 
 
  desk     (6) 
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The fact that the rise time of (6), (7) and (8) must be limited 
imposes that the rate of change of θ, 𝜙 and ψ must have an 
upper and a lower limit. This will lead to an upper and a lower 
limit to kθ, k𝜙 and kψ. There will also be a saturation of the 
control parameters θ and ψ which implies a maximum and a 
minimum limit  of these values which will hinder the 
quadrotor from tipping over.  

3. Differential equations 

Adding the gravitational force mg for a quadrotor with mass 
m combined with the total force F from the rotors to (5) the 
following relationship is derived: 
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With this finished the step of writing the differential equations 
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IV. NAVIGATION CONTROLLER DESIGN 
In order to control the quadrotor a steering controller must 

be implemented. Since this is a project for obstacle avoidance, 
it is really important that the steering is exact with no large 
oscillation around the reference point. The choice of 
controllers will be documented in this section. 

1. Choice of controllers 

The complete steering controller will be divided into four 
different sub controllers which are yaw, pitch, roll and height 
controller. All controllers will be a proportional-integral-
derivative (PID) controller. This PID controller generates an 
output u(t) from the error e(t) between the desired and the 
current position. With constants Kp, Ki and Kd it is possible to 
affect the significance of the different parts in the PID 
controller. The form of this controller is shown below [6]:  
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The yaw angle which corresponds to the alignment between 
the earth fixed coordinate system and the quadrotor body fixed 
coordinate system is controlled by changing the yaw output. 
By examining (12) it is possible to see that by setting the yaw 
angle to zero the following relationship is derived: 
 

 sinEX    (14) 

 sinEY cos    (15) 
 

261



I5. UNMANNED AIR VEHICLES 
 

Fig.  3. The figure shows a block diagram that represents all four controllers. 
The whole system illustrates the relationship between desired and current 
position. Some disturbances due to uneven airflows may occur during the 
flight and is therefore also included in the block diagram. 
 
With this it is easily seen that for small θ and ψ the 
acceleration in the XE-direction will be directly proportional to 
the pitch angle and the acceleration in the YE-direction will be 
directly proportional to the roll angle. That is why the input of 
the pitch controller will be the difference in the XE-direction 
between the quadrotor and the reference point and the input of 
the roll controller will be the difference in the YE-direction 
between the quadrotor and the reference point. The input of 
the height controller will be the difference in ZE between the 
reference point and the quadrotor and its process variable will 
be the throttle output. Each controller is independent of the 
others and does only affect the difference from the quadrotor’s 

current position to the reference point in its own direction. The 
four controllers will be able to work simultaneously as a 
combined unit in a feedback system shown in Fig. 3. 

2. Pitch and roll controller design 

Since the quadrotor is symmetrical the pitch and roll 
controller will be identical. For controlling pitch and roll with 
high precision it is decided to use a complete PID controller.  
It is quite unusual to have an integral part for a basic steering 
controller [7] because they are usually allowed to have a larger 
error when following a trajectory but for this project the I part 
serves a big role for stabilization around the reference point. 
As mentioned earlier stabilization is prioritized in this project 
since the goal is to pass through a window with small error 
margins where no sideways drifting is allowed.  
The PID parameters will be tuned in a way that the rise time of 
the system will become very small and thusly minimizing the 
total sum of error. This was due to the fact that a big integral 
part may cause large oscillations. 

3. Yaw controller design 

The yaw reference angle will always be set to zero in order 
to keep the quadrotor’s coordinate system aligned with the 

earth fixed coordinate system and therefore allowing the pitch 
controller to only control movement in the XE-direction and 
the roll controller to only control movement in the YE-
direction. To achieve this, a PI controller will be used with the 
only purpose of keeping the yaw angle stable at zero degrees 
throughout the flight [8]. The D part will be excluded to avoid 
small oscillation problems around the reference point.  

4. Height controller design 

The height will also be controlled by a complete PID 
controller. The request for this specific controller is that the 
rise time will be small and therefore minimizes the error for 
the integral part. A small overshoot is allowed as long as the 

   
Fig.  4. Algorithm describing how to set reference points to avoid an obstacle. 
 
quadrotor quickly stabilizes around the reference point. Since 
a short rise time is requested the P part has to be large.  

5. Tuning parameters 

The tuning of the PID parameters of each controller will be 
done by experimental tests. After each tests the results will 
carefully be studied and with the knowledge of PID controller 
tuning new parameters for better performance can then be 
produced until a satisfying result is achieved. 

V. OBSTACLE AVOIDANCE SYSTEM 
To be able to avoid obstacles is crucial for any 

implementation of the autonomous quadrotor. Without it the 
areas of usage for the UAV would be drastically decreased. In 
this section an algorithm to avoid obstacles is described. It is 
also shown how the implementation of this was done.  

1. Algorithm 

The obstacle avoidance algorithm main idea is to set new 
reference points around or through the obstacle to get to the 
wanted coordinates. A flowchart of this algorithm can be seen 
in Fig. 4 and in Fig. 5 an example of how the algorithm gets 
the quadrotor through a window is showed. The following 
paragraph will refer to the points in Fig. 5 when describing 
this algorithm.  
At the start of every flight the quadrotor flies from the starting 
point S toward the desired point F. It keeps this path as long as 
it doesn't detect any obstacles. When an obstacle has been 
detected at the point D, the quadrotor finds the point W, where 
it is safe to pass. It then sets the reference point an orthogonal 
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Fig.  5. Describing how to get from S to F whilst having to detect and fly 
through the window W. The letters represents a series of reference points 
which is set by the obstacle avoidance algorithm. 
 
safety distance, r, in front of these coordinates which 
corresponds to point A. 
When it has reached these coordinates it has to stay within a 
margin of error of that point for a specified time, where the 
margin and the specified time is based on how much clearance 
there is between the quadrotor and the object.   
 
For example if the quadrotor is to pass through a small 
window, the margin of error will be small and the time will be 
large to avoid crashes, whilst if the quadrotor is to pass a 
larger doorway the margin can be greater and the time a bit 
smaller.  
If the quadrotor has achieved this it is classified as stable and 
starts to calculate and follow the safest trajectory through the 
object. The safest trajectory is defined as the trajectory where 
the clearance between the quadrotor and the object is 
maximized in each of the XE, YE and ZE-directions. When this 
trajectory has been followed and the quadrotor is through the 
object at point B the algorithm starts over again by setting the 
reference point to the coordinates it had in the start of the 
flight i.e. point F. 

2. Window 

From Fig. 5 with a given position. (XW, YW, ZW), and a 
certain yaw angle, ψW, for the window W and with a safety 
distance r the coordinates for point A and B are easily 
obtained: 
    
    sin , cos ,W w w w wA X r Y r Z       (16) 
  
    cos , sin , W w w w wB X r Y r Z      (17) 
 
When calculating the safest way through the window the 
waypoints are interpolated between point A and B which will 
create a smooth and secure flight through this object. 
 
 

 
 

Fig.  6. Block diagram showing the relationship between sensor and actuator. 
The controller continuously calculates a control output based on the readings 
of the sensor and sends it to the quadrotor actuator.  

3. Implementation 

Since no detection sensors were available for this project 
both the window and the sensors had to be created with help 
from the external positioning system. A wall was added beside 
and in the same yaw angle as the window by interpolating 
points between the position of the window and the minimum 
and maximum coordinates covered by camera system. To 
create an imaginary sensor it was decided that the obstacle 
was detected when the distance from the quadrotor to the 
closest point of the obstacle was less than a detection distance 
d. 

VI. IMPLEMENTATION TESTBED 
The communication is a vital part for the use of UAVs in 

smart buildings to become a reality. This section describes in 
detail the communication between the controller and quadrotor 
and how the positioning system works. A short description of 
the software LabVIEW is also done.   

1. LabVIEW 

For implementing the controllers a graphical programming 
software named LabVIEW was used. It is a great software for 
small practical implementations which this project consists of. 
LabVIEW also has a built in toolkit for creating and 
implementing PID controllers which will be a great asset. 
Furthermore there were already existing programs that 
handled the communication between the computer and the 
quadrotor as well as the part of retrieving data from the 
external positioning system. 
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Fig.  7. Figure displaying a Tmote which is used for communication between 
the controller and the quadrotor. 

2. Tmote communication 

Since the steering controller in this project is implemented 
using the programming software LabVIEW the controller will 
be running on an ordinary computer. Then in order to control 
the flying quadrotor a wireless communication path between 
the controller program and quadrotor must be established.  In 
this project the communication problem will be solved by 
using two Tmotes which are shown in Fig. 7. These motes can 
send and receive data using radio communication. One Tmote 
is connected to the computer on which the control program is 
running whilst the other one is attached and connected to the 
quadrotor. 
However, before the Tmote that is connected to the computer 
is able to start sending data, a connection between the 
controller program and the Tmote must also be established. In 
this case a TCP server will serve this purpose. In order to 
accomplish this, a TCP server will be opened on the same 
computer as the control program and the server will connect to 
the Tmote that is in the USB-port of the computer. The 
LabVIEW program where the controller is implemented will 
function as the client.  
Once the control program is started, the first action is to 
establish a connection to the TCP server. When the TCP 
server has responded positive for the connection request it is 
possible to start sending data over the TCP protocol. For every 
iteration in the control program new data packages will be sent 
and in this particular project the iteration time interval was set 
to 100 milliseconds. The control program then processes and 
sends the data to the Tmote which in turn transmits the data 
package to the receiving Tmote connected to the quadrotor. 
This is done, as mention above, with radio communication 
over a protocol named IEEE.802.15.4 [9].            

3. Qualisys positioning system 

Since the quadrotor in this project is not equipped with any 
kind of positioning sensors, the position of the quadrotor must 
be determined by an external positioning system. All 
experimental work in this project is done in the KTH Smart 
Mobility Lab due to the fact that this lab is equipped with a 
motion capture system from Qualisys. The setup for this 
system consists of twelve cameras that are mounted in the 
ceiling of the lab. The positions of the cameras form a square 
which allows the positioning system to cover a cubical space.  
The Qualisys camera system is able to detect and determine 
the position of reflective markers. These markers can then be 
attached to any physical object. Once the markers have been 
attached to an object it is possible to select those markers in 
the software to define the object as a rigid body. When a body 
is created the Qualisys software can keep track of it and its 

coordinates in real time. It is also possible to define several 
bodies which can be recognized at the same time.  
Once that the bodies are defined, the Qualisys software is then 
able to send the coordinates of each body to the computer on 
which the controller is running by using the TCP protocol [10] 
. The Qualisys software will then work as a server for sending 
body coordinates. The coordinates can then be retrieved by 
using Qualisys’ own client for receiving coordinates. It is also 
possible to determine the update frequency for which 
coordinates are obtained. The whole communication path 
between controller, positioning system and quadrotor can be 
seen in Fig. 6. 

VII. RESULTS 
There have been many successful flights through the 

window placed at different yaw angles but in this section only 
one of these will be commented. Some of the flights can be 
seen at the YouTube channel Eyiwin[11]. The flight is similar 
to the setup shown in Fig. 4.  

 
 Height Pitch Roll Yaw 

Kp 6 8 8 1 

Ki 5,17 1,67 1,67 0,007 

Kd 0,25 0,3 0,3 0 
Table 1. Height, Pitch, Roll and Yaw controller PID parameters 

 

1. Demands 

In section V, a margin of error, a stabilizing time and a 
detection distance is discussed. In this test the margin of error 
of the displacement from the reference point is set to 5 cm. 
Why the drift can’t be larger than this is due to the clearance 

between the quadrotor and the window. A measurement yields 
the horizontal clearance to only 7 cm and the vertical 
clearance to 8 cm. The time the quadrotor had to stay within 
this margin of error at the reference point in front of the 
window was set to 5 seconds. This time can be lower but that 
would lead to an increased risk of crashes. The detection 
distance, at which the quadrotor finds the obstacle, is set to 1.4 
meters. This parameter would be much larger if real detection 
sensors were used but being able to avoid obstacles with a 
lower detection distance will increase the performance when 
real sensors is implemented.  

2. Height controller 

In Fig. 9 the throttle output, which is a binary scale from 
zero to 127, is plotted over time. A base throttle is added to the 
controller output to decrease large oscillations of the height. 
This base throttle is the value of which the quadrotor hovers a 
few cm above the ground and in this project it is set to 54 
which is seen in the first part of the plot. Due to a powerful 
quadrotor the throttle output had an upper limit which was set 
to 70. Whilst examining the height plot in Fig. 8 a drop in 
altitude is seen after a few seconds. This is because of the 
force from the ground almost vanishes completely at that 
height and the controller has troubles controlling this. The 
reference height, shown as a horizontal line, is set to the height 
of the window which is 0.9 meters. It is also observable that 
the quadrotor overshoots this reference height, with 10 cm and 
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Fig.  8. Step response in ZE with the horizontal line as the reference point. The 
desired difference between these is set to be zero throughout the flight.     

 
Fig.  9. Figure showing throttle control output over time. The base throttle is 
set to the approximate lift off frequency of 54 to decrease oscillations. The 
throttle controller corresponds to the difference between the reference and the 
current height.     
 
then stabilizes with oscillations smaller than 5 cm which was 
the demand to fly through the window. When the quadrotor 
tries to stabilize in front of the window it is sometimes 
unrecognizable to the camera system and a new controller 
output will not be added until the position of it can be tracked 
again. This leads to a drift away from the reference point and 
thus increasing the time before it can pass through the 
window. Since the quadrotor managed to fly through the 
window this height controller is found acceptable and its PID 
parameters can be found in Table 1. 

3. Yaw controller 

The scale of the yaw control output in Fig. 11 is in binary 
and reaches from zero to 127. The basic output, at which the 
controller output is added, is set to 64 which is the value of 
which the yaw speed was zero. This can be seen in the first 
few seconds of the plot. Since it was decided to control the 
position XE with the pitch controller and the position YE with 
the roll controller it is necessary to keep the yaw angle at zero. 
The yaw angle is displayed in Fig. 10 but it can be seen that 
the yaw angle never reaches zero. This is because of 

 
Fig.  10. Step response of the yaw angle ψ with reference point set to zero 

degrees throughout the flight.  

 
Fig.  11. Figure showing yaw control output over time. The output 
corresponds to the difference between the reference and the current yaw angle.    
 
differences in what the camera system and the control board of 
the quadrotor defines as zero yaw. 
When examining the yaw angle during the takeoff sequence 
some spikes are seen which are due to disturbances when the 
quadrotor is close to the ground. The controller compensates 
for this and stabilizes the yaw angle after only four seconds of 
flight time. With that in mind the performance of the yaw 
controller is considered acceptable and its PID parameters can 
be found in Table 1. 

4. Pitch controller 

Since the scale in Fig. 13 reaches from zero to 127 it could 
be assumed that the value which gives zero pitch would be the 
middle value 64 but this is not the case. Due to a displacement 
in the control board it was found that the pitch controller 
output that yielded zero pitch angle occurred at the value of 
70. The PID control output is added to this base value and is 
called the pitch control output. Due to safety reasons this 
output was limited to be within 25 from the base value.  
Fig. 12 displays the distance XE to the reference point over 
time. As mentioned in section 3 the obstacle avoidance 
algorithm creates new reference points to avoid obstacles. This 
is observable when the plot is having large spikes. These 
spikes are being evened out in a matter of seconds by the 
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Fig.  12. Step response of the distance in XE to the reference point. The 
reference point constantly changes due to the avoidance algorithm but the 
desired difference, shown in the plot, is always zero. 

 
Fig.  13. Figure showing the pitch control output over time. The base output is 
set to the value when the pitch angle is zero. The output corresponds to the 
difference between the reference and the current XE position. 
 
controller and then kept stable around the value zero. In the 
middle of the plot the margin of error is less than 5 cm which 
was the demand to fly through the window. Since the 
quadrotor managed to not vary more than 5 cm from the 
reference point this pitch controller is found acceptable and its 
PID parameters can be found in Table 1. 

5. Roll controller 

With the same arguments as for the pitch controller, it is 
seen in Fig. 15 that the base value of the roll output which the 
roll angle is zero is set to 58. Due to symmetry the roll 
controller is limited in the same way as the pitch controller is. 
The distance in YE to the reference point in Fig. 14 has the 
same kind of behavior as the distance XE to the reference point 
in Fig. 12. With the same arguments as above it is found out 
that this roll controller is as equally good as the pitch 
controller and thusly it is found acceptable. Its PID parameters 
can be found in Table 1. 
 
 

 
Fig.  14. Step response of the distance in YE to the reference point. The 
reference point constantly changes due to the avoidance algorithm but the 
desired difference, shown in the plot, is always zero. 

 
Fig.  15. Figure showing the roll control output over time. The base output is 
set to the value when the roll angle is zero. The output corresponds to the 
difference between the reference and the current YE position. 

VIII. APPLICATIONS 
As UAVs become more and more advanced the applications 

of them increases. Most of these are for military purposes and 
a few can be useful to the public. Their small size and their 
ability to be controlled from a remote location are the two 
most popular attributes to use in applications. One of the goals 
for this project was to investigate and propose new application 
for an UAV. The first three applications shown below are 
existing state of the art applications and the last three are new 
applications that have been discussed during this project. 

1. Spying 

Because UAVs don’t need space for humans they can be 
relatively small in size. Due to their small size it is hard to 
spot them at larger distances. This makes them perfect for 
spying where it is crucial not to be seen.  UAVs can be 
equipped with a high resolution camera which is able to take 
pictures and shoot videos from a far distance. The UAV can 
then be controlled from a distant computer that is connected to 
the UAV through a wireless network. The footages will be 
sent in real time to the distant computer where it is analyzed 
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and saved as proof. It is also possible to monitor suspects for 
longer periods of time without him or her even noticing that 
they are being followed [12].  
Since no humans are on board the UAV there are no risks for 
human casualties. Because of the wireless network connection 
which makes it possible to save the evidence directly at a safe 
location there are no risks of someone destroying it along the 
way. UAVs with long range communication have also been 
used to spy on other countries to gather information about 
military secrets. 

2. Attacks 

UAVs can be equipped with heavy weapons such as 
missiles capable of taking out large targets. This is primary for 
use in warfare where it is a great advantage to strike an enemy 
without risking any own casualties. These UAVs are also 
controlled by a distant computer and can be operated from a 
safe location [13]. 
Their small size is a valued characteristic since the UAV 
might have to travel a large distance to the target which can be 
very fuel consuming for larger aircrafts. The small size also 
helps them to avoid being spotted by the enemy’s radar when 

flying behind enemy lines. The size advantage also allows 
them to make extreme steering maneuvers. Since no humans 
are on board the UAVs can be able to self-detonate and 
therefore preventing the enemies from receiving valuable 
information about the UAV [14]. 

3. Surveillance 

The UAVs have come to play a big role in the surveillance 
industry because of their ability to scan and monitor large 
areas in a short period of time. Since the UAVs can be 
relatively small they are easy to afford and cheap to operate. 
As mentioned in the previous section of this report UAVs can 
be equipped with many different sensors based on the task 
given [12]. 
A UAV can be a better solution than static cameras due to the 
fact that is capable of following tracking the person of interest 
even if it leaves the covered area.      

4. Monitor and defend cattle 

The idea of this application is to combine the quadrotor’s 

great ability to survey and monitor large areas with its unique 
power to intimidate animals. The thought is to let the UAV 
monitor cattle and other animals existing in a farm and detect 
if any predator emerges. With an on board camera with motion 
pattern recognition it will be able to separate predators such as 
wolves and foxes from cattle and humans.  
This will be very useful to farmers that have sheep and 
chickens because of the many wolf and fox attacks that occur 
in Sweden. The UAV will patrol in a trajectory around the 
fold that keeps the sheep in. When a wolf approaches and it is 
detected by the UAV it will position itself between the sheep 
and the wolf hopefully intimidating it due to the noise the 
UAV makes. If the wolf continues to approach the fold the 
UAV can take drastic measures against the predator and set 
the reference point somewhere on the wolf where the damages 
from the rotor blades wouldn’t be severe enough to kill it but 

enough to scare it away.  

5. Lawn mower 

One application that has been discussed during this project 
is to have a quadrotor as an autonomous lawn mower. This 
will basically be an ordinary quadrotor with just one design 
requirement – the spinning propellers have to be the part of the 
quadrotor which is closest to the ground. The propellers work 
as natural cutting blades for grass however they might need to 
be reinforced and sharpened. A plastic cover can be placed 
over the quadrotor to protect the surroundings form the 
dangerous spinning blades.  
It will be easy to set the speed of the quadrotor as it travels 
through the grass. If the grass is thick the propellers will slow 
down and this will be registered by the controller which 
automatically lowers the quadrotor’s horizontal speed.  A 

tricky thing to control will be the height of the quadrotor 
which must be equal to the height of the grass. The height 
controller has to be very stable and extremely insensitive to 
disturbances.   

6. Help in storages 

One application for UAVs in general would be as a help in 
storages. In storage rooms with a high ceiling it is common to 
stack goods on top of each other which creates huge stacks 
that are impossible for a human to reach without some sort of 
ladder.   
Since the UAV easily can travel vertically it will be a great 
assistance for fetching lighter objects that are placed on the 
top shelf. For grabbing and holding on to an object a device 
consisting of Velcro can be applied. This device is attached to 
the bottom of the UAV and to the top of the object.   

IX. CONCLUSION 
In this project the aim was to integrate the UAV to the 

smart building by designing and implementing a steering 
controller and an obstacle avoidance algorithm. This was to be 
tested by letting the UAV detect a wall and fly through the 
corresponding window. Even though no real detection sensor 
was available the task could still be done by using the external 
positioning system to receive the coordinates of the obstacle. 
Based on the experience received from trying to complete this 
test some new and exciting applications of the UAV were 
suggested.  
With both a study and a mathematical model of the quadrotor 
the task of designing, implementing and evaluating the 
steering controller became easier. An investigation was made 
regarding the communication and it was established that 
Tmote communication was a good and reliable way to 
transmit the data from the controller to the quadrotor.  It was 
found that the steering controller combined with the obstacle 
avoidance algorithm was more than sufficient for completing 
the task of flying through a small window. With real detection 
sensors and more experiments it is believed that the 
integration of the UAV to the smart building will become a 
reality in a close future. 

X. FUTURE WORK 
In this project no detection sensors were used and an 

external positioning system had to be used to detect obstacles. 
A future project could implement the obstacle avoidance 
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system that was developed in this project with an actual 
detection sensor and test it on the different types of obstacles 
that can exist in a house. It should also be able to detect and 
avoid moving objects such as a human or another UAV. The 
function for planning the safest trajectory to the desired point 
could also be improved once real detection sensors are 
available.  
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Detection and Tracking by Wireless
UWB and Camera Networks

Pontus Belvén and Alexander Sjöberg

Abstract—In this report, methods are proposed on how to
detect and track moving objects in an indoor environment,
by using Ultra-Wideband (UWB) radio sensors and camera
sensor networks. Theory of UWB radio sensors and camera
sensor networks are reported. A method to position objects using
UWB sensors is proposed. Image processing algorithms which
are used to detect and track moving objects with cameras are
shown. Two of the algorithms were implemented using a webcam
and MATLAB. Studies of how vision information from multiple
cameras can be fused together to obtain a 3-D position are
presented and it is characterized how many cameras are needed.
To enhance the navigation of an Autonomous Ground Vehicles
(AGV), the position from an on-board UWB radar sensor can be
combined with the position from a camera sensor network, and it
is proposed how this can be done. There are also explained how
a Kalman filter is used to refine the tracking of moving objects.
Finally, an new application is proposed which tracks important
objects in a home to ensure they will not be lost.

I. INTRODUCTION

FULLY automated vehicles such as robots and quadro-
copters are becoming increasingly popular and an increas-

ing number of applications are being developed. There is a
common denominator for these devices, and that is that they
rely on information about their position. Since there exists a
well functioning GPS system this is not a problem outdoors,
but it is also of interest to use positioning technology indoors.
In recent years, research has been focused on methods using
wireless sensors for indoor localization [1].

One type of sensors that can be used are camera sensors.
They have generated a lot of interest due to the availability
of inexpensive high quality cameras, and the increasing need
for automated video analysis [2]. Camera sensors can be used
in a wide variety of applications. These include surveillance
of automated production lines, surveillance of people [3], as
well as personnel localization, such as rescue personnel, and
industrial or commercial asset tracking [1]. Camera sensors
can not only be used in industries or for commercial use but
can also be used in smart homes [4]. One example of what
a camera sensor network can be used for in a smart home
is to monitor elderly, analyzing their mobility and posture to
discover abnormal behavior or if an accident has occurred [3].

Another kind of sensor which is of particular interest to
use for indoor positioning is the Ultra-Wideband (UWB) radio
sensor [1]. This is a sensor that makes it possible to build an
indoor navigation or communication system for a little amount
of money. They are very energy efficient and can generate
a very accurate position when using them in a radar sensor
network [5], [6].

In this report, we propose how to use Ultra-Wideband
(UWB) radio sensors to detect and track moving objects. We
also present different algorithms and methods that can be used
to detect moving objects using camera sensor networks, two of
which were implemented using MATLAB. The implementation
is described and the results from it are presented in the
report. Furthermore, camera sensor networks can also be used
to track moving objects and several different methods and
algorithms are presented. A single camera can only give a
position of objects in 2-D, but how many cameras that are
needed to perform 3-D localization can vary with different
scenarios. We will characterize how many cameras are needed
to perform 3-D localization, in different kinds of scenarios.
When performing 3-D localization with multiple cameras, each
camera will give different information. To locate a moving
object in 3-D, the information from each camera must be fused
together, and we will propose a method to do that. Besides
fusing information from different cameras, the information
about an objects position given by a camera can also be fused
with the position information of an object from UWB sensors.
We will propose how to fuse camera data with on-board UWB
sensor data from an Automated Ground Vehicle (AGV). To
fuse position data from different kinds of sensors will enhance
the localization of a moving object. This can also be done
using a pre-existing model or description of the movement
of the object, for example with a Kalman filter, and we will
propose and discuss examples where this is evident. Finally
we will propose a new application of camera sensor networks
for smart homes, and discuss its potential impact in society.

The outline of the remainder of the report is as follows:
in Section II, the theory of UWB sensors is explained and
also how they are used to position objects. The theory of
camera sensor networks and how they are used to detect and
track objects is described in Section III. Section IV explains
how information from multiple camera sensors can be fused
together, how positions from camera sensors and UWB sensors
can be fused and how a pre-existing model can be used to
enhance object tracking. In Section V, we present our results
from our implementation. In Section VI, we propose a new
application using camera sensor networks, and in Section VII
and VIII our results and findings are discussed and we present
our conclusions.

II. THEORY OF UWB SENSORS

In this section Ultra-Wideband (UWB) sensors will be
explained and how the technique can be used to detect and
position moving objects.
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Fig. 1. Angle of arrival. The white ball is the object and the blue balls are
the UWB sensors. θ1 and θ2 are the measured angels [6].

A. UWB Sensors

Ultra-Wideband (UWB) is a wireless data transfer technique
that is designed to transfer a large amount of data using ”short-
pulse” over a wide frequency spectrum [5], [6]. Signals from
an UWB device commonly have a large absolute bandwidth of
more than 500 MHz or a large relative bandwidth that exceeds
20% of the centre freqency. This technique can be used in a
small wireless network for data communication or as a radar
systems. The UWB radar is a impulse radar which means that
the radar device sends an short pulse and then measures the
time for the pulse to return. As the pulse extends over a wide
frequency spectrum the UWB radar have a higher resolution
than the conventional technology of radar [7].

B. Distance Measurement

To be able to position an object using UWB radio sensors,
it is necessary to measure the distance between the sensor
nodes and the object. There are several techniques to measure
the distance, for example ”angle of arrival” (AOA), which is
based on measuring angles of the target seen by reference
nodes, see Fig.1. Another technique that is called ”signal
strength” (SS) is based on measuring the signal strength. Due
to the high cost of the antenna arrays which are needed for
the AOA method, and due the sensitivity of the SS method,
none of these techniques are suitable for indoor tracing and
positioning. The most natural choice of distance measurement
methods when using UWB sensors is the ”time of arrival”
(TOA) method. This technique is based on measurements of
the time for the reflected signal to return to the node from the
object. However, using TOA requires that all the sensors have
the same clock [6], [8].

C. Positioning

To detect and determine the position of an object in a
known environment a ”multistatic radar” system can be used.
It basically means that all sensors are fixed and the position
of the sensors are known in the system. All the sensors are
equipped with at least one transmitting antenna (Tx) and

two receiving antennas. By sending a signal from the Tx
and then receiving the scattered signals from the object, a
distance can be determined using TOA. The actual position
of the object can the be estimated by fusing the data from all
the sensors with a imaging algorithm. However, the sensors
will not only get scattered signals from the moving object.
They will also receive reflections from other objects in the
environment. In this case when the system is installed in
a known environment we can assume that the surrounding
environment is static, resulting in that the disturbance is time-
irrelevant. So, to get a clean reflection from the moving object
the background disturbance must be estimated and subtracted
from the received signals [9].

III. THEORY OF CAMERA SENSOR NETWORKS

In this section the other sensor that can be used for detection
and tracking of moving objects is introduced. Methods that can
be used to transform a regular camera into an object detecting
device will also be presented.

A. Camera Sensor Networks

Camera sensor networks consists of camera nodes, with
enough processing capabilities to perform image processing
[10]. Several camera nodes form a network where each camera
is able to retrieve the desired information and the camera nodes
are able to collaborate to accomplish a specified task [4].

The main reason to use camera sensor networks instead of
a single camera is that a network of several camera nodes
can cover a larger area than possible with a single camera
[10]. It would also bring the advantages of seeing objects from
different angles when cameras at different fixed locations as
well as on moving vehicles could complement each other [11].

The main difference between camera sensors and other
kinds of sensors is that a single camera provide 2-D informa-
tion where most others, like thermometers and microphones,
only provide information in 1-D [4]. While the visual data
from cameras provide more information than other sensors,
this means that the demands on computational power and
bandwidth are increased to process and transmit the visual
data [12].

B. Image Processing

To retrieve the desired information from the camera nodes
the images need to be processed using different image pro-
cessing algorithms [4]. This can be done at different levels
of the camera sensor network. The image processing can be
done at a local level where each camera processes the images
before sending it to a base station, or all visual data can be
sent to a base station to be processed there. The last option is
impractical due to the bandwidth it requires [12]. However, it
is sometimes necessary to do so if the on board processors of
the cameras do not have enough processing power.

When most applications using camera sensor networks need
real-time images, good performance is vital. The aspects of the
camera network which limits the performance are the time
it takes to process images and the time it takes to transmit
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information [4]. This means that the flow of information is one
of the main considerations when designing a camera sensor
network [10].

One way to make sure that only the useful information
is being transmitted from the camera nodes is to use visual
data filtering techniques that will extract only the information
which is relevant to the application. This could for example
be projecting the 2-D image data into 1-D, reducing the
resolution of the images, filter out images that does not show
any changes from previous ones [12]. This requires the camera
nodes to execute image processing algorithms, but will make
sure that only essential information from each camera node is
transmitted which will reduce the bandwidth needed [11].

C. Object Detection

In order to track an object using visual information, an
object detection mechanism is required. It can be used either in
every frame or when an object first appears in the video [2] and
is often used to initiate the camera node’s image processing
and transmission. Because object detection often is the first
step of the tracking process it needs to be fast and simple
[13].

The most wide spread way to detect an object in an image
frame is to use background subtraction algorithms [4], which
means that objects must be separated from the background of
an image [14]. This can be done using a number of different
algorithms and the most common ones include offline back-
ground estimation, frame by frame subtraction and adaptive
background subtraction [3].

1) Offline Background Estimation: Offline background esti-
mation algorithms analysis one or a number of frames without
any interruption from moving objects in the foreground and
creates a model of the background. Every next frame in the
video sequence is compared with the background to determine
what is a part of the background and separate new objects from
it [3]. The simplest way to describe it is that a pixel at the
location (x, y) in the image frame It is considered to be a part
of the foreground if

|It(x, y)−Bt(x, y)| > τ (1)

where Bt(x, y) is the pixel at the location (x, y) in the
background image Bt and τ is a predefined threshold [15].

2) Frame by Frame Subtraction: Frame by frame subtrac-
tion algorithms compares every new frame with the previous
one. This means that it will be very fast and will take
all permanent changes into account. It will however have
problems when objects enter the frame and become stationary
since they will be considered to be a part of the background
[3], and when only parts of an object are moving they will be
considered to be new objects [13]. A simple way to describe
it is that a pixel at (x, y) in the current image frame It is part
of the foreground if

|It(x, y)− It−1(x, y)| > τ (2)

where It−1(x, y) is the pixel at (x, y) in the previous image
frame It−1 and τ is a predefined threshold [15].

3) Adaptive Background Estimation: In contrast to offline
background estimation algorithms where a model of the
background is constructed before the foreground is detected,
adaptive background estimation algorithms can create a model
of the background and detect the foreground simultaneously.
Adaptive background estimation will adapt the background
to small changes over time like slightly moved objects and
lighting changes [3]. It is vital to integrate the incoming
information into the current background image and this can
be done using

Bt+1(x, y) = (1− α)Bt(x, y) + αIt(x, y) (3)

where α is an adaption coefficient. The larger α is the faster the
incoming information will be integrated into the background
[16].

To further enhance object detection when using different
background subtraction algorithms blob analysis can be used.
Blob analysis analyzes connected pixels in an image to connect
similar pixels to create blobs consisting of homogeneous pixels
[17].

There are several other methods which may be used in
object detection and they are: point detectors, segmentation,
supervised learning [2] and optical flow [18].

4) Point Detectors: A point detector algorithm is used to
find points of interest in an image. The interest points are
pixels which stand out from their surrounding pixels, and a
point detector is used to identify texture variations in an image.
These points are identified by calculating the variation of the
image intensity in all directions and evaluating each pixel in
a small area [2].

5) Segmentation: Segmentation algorithms will divide an
image into different, similar looking segments. This can be
done by evaluating pixels with regards to some characteristics
such as color or texture and each pixel will be labeled accord-
ing to its characteristic. All pixels are put into homogeneous
segments with pixels with the same label [19].

6) Supervised Learning: Supervised learning algorithms
use stored templates as learning examples, and the object
detection can be performed by learning different object views
from these examples. The examples are composed of object
features and classes, and it is very important to define the
features of each object class carefully in order for it to work
properly. When the features are selected different appearances
of an object can be learned. The supervised learning methods
detects objects by generating a function that will map the input
images to the learned appearances of different object classes
[2].

7) Optical Flow: Optical flow algorithms uses the charac-
teristics of flow vectors [18]. It is defined as the movement of
points in an image relative to the camera [3] and is used to
detect moving regions in an image frame [18]. If the optical
flow of an entire image is determined, discontinuities can be
used to segment the moving objects from the rest of the image
[20]. The advantage with using optical flow algorithms in
object detection is that it can detect independently moving
objects even when the camera is moving. The disadvantages
are that optical flow algorithms are very complex and require
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high computational power and they are very sensitive to noise.
Furthermore, they need specialized hardware if they are to be
applied on real-time video streams [18].

D. Object Tracking

When an object of interest has been detected the next
step is to track it. This means tracking moving objects over
consecutive image frames by typically matching features such
as line, blobs or points [18]. It is very challenging to track an
object using a camera network, not only because it demands
high computational power but also because object occlusion
is nearly unavoidable. With larger camera networks object oc-
clusion is less likely due to providing more views, but with the
price of requiring even more computational power. That makes
it very important to use lightweight algorithms [4]. Methods
for tracking objects are divided into four major categories and
they are: region based tracking, active contour based tracking,
feature based tracking and model based tracking [18].

1) Region Based Tracking: Region based tracking algo-
rithms track objects by computing the movement of them.
The objects are represented by an object region with a simple
geometric shape such as a rectangle or ellipse and they are
tracked by computing the movement of the region in consec-
utive frames [2]. These kinds of algorithms uses background
subtraction. Region based tracking works well with only a few
objects to track but since it cannot handle occlusion it works
poorly when the background is cluttered or when there are
many objects to track [18].

2) Active Contour Based Tracking: Active contour based
tracking algorithms works by tracking the outline of an object,
and this can be done by finding the edges of an object and
matching the object with a shape model. Shape matching is
performed by searching the current image frame for objects
that match a hypothesized shape model based on previous
image frames [2]. An object is tracked when its contours are
similar enough to the shape model. The shape model can be
continuously adapted by extracting the shape of the object
from the latest frame to use as the shape model in the next
frame [21]. To find the shape of an object a standard edge
detector can be used in most cases [3]. Active contour based
tracking will give a more effective and simpler description of
the object than is possible with region based tracking, which
reduces the computational power needed. Another advantage
is that if the shape model is continuously updated it is possible
to track an object even if it is partially occluded [18].

3) Feature Based Tracking: Feature based tracking algo-
rithms tracks an object by recognizing extracted features of an
object and matching the features between image frames [18].
Selecting the best features to track is critical in order to be
able to distinguish the object from the rest of the environment
[2]. One example of a feature that could be used to track an
object is its color for example the skin color of a person. Other
features that these algorithms focus on tracking are primitive
geometrical shapes like points, circles [22] and line or curve
segments [18]. Another feature that could be tracked is texture
which is a measure of variations in the intensity of a surface
[2]. One example of a feature based tracking algorithm is a

face detector [3]. The best way to do it is to use different
algorithms to detect and track different features of the face
and then fuse the information. That will create the most robust
algorithm [23]. This works very well when people needs to
be distinguished from other objects [3].

4) Model Based Tracking: Model based tracking algorithms
track objects by matching them with pre-made object models
for example a CAD model or a template of an object [22].
The advantage with these sorts of algorithms is that with the
knowledge of the 3-D contours or surface of the objects the
algorithms become vary reliable and they can obtain better
results even when objects are occluded. The drawback with
them is that in order for them to work models of the objects
must be made beforehand [18].

E. Object Classification

In an image sequence there could be several different
objects and to further analyze and track them they need to
be classified. There are two major approaches to classifying
objects and they are: shape based classification and motion
based classification [18].

1) Shape Based Classification: Information of an object’s
shape is often used to automatically classify an object. To be
able to use the shape of an object to classify it, the shape of
the object must be segmented from the image [24] by using
for example background subtraction and blob segmentation
[25]. There are different ways to describe the shape of moving
regions in an image frame. The shape of moving regions in an
image frame can be described by for example points, blobs,
silhouettes and boxes and they can be used to classify moving
objects [18]. One example of using shape based classification
is to use the shape of a human to classify objects as humans.
There are many properties of human blobs that can be used
to distinguish humans from other moving objects. Most man
made objects have more straight edges than a human. This
can be used by measuring the percentage of straight edges in
a blob and if it is below a certain threshold the object will be
classified as a human [25].

2) Motion Based Classification: The main steps of motion
based classification are to extract the appropriate motion
information from an image sequence and organize it into
motion models, and to compare unknown motion with stored
motion models. To extract movement from an image sequence
optical flow could be used. When the movement of an object is
extracted and organized it is matched with a stored movement
model to classify the moving object [26].

Shape based classification and motion based classification
can also be combined to effectively classify moving objects
[18].

IV. FUSING SIGNALS AND POSITIONS

In some cases it is interesting to use more than one or two
cameras to improve the tracking of an object. It could also be
necessary to use UWB sensors and camera sensors together.
This means that different types of position data need to be
fused. The difference between 2-D and 3-D localization will be
explained in this section. It is also explained how descriptions
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Fig. 2. Model of pinhole camera with the camera center in point C. The
captured object X is projected onto the image plane to point x [27].

Fig. 3. Model of pinhole camera in the Y and Z plane. The camera center
is in point C and the image plane in point p [27].

of objects’ movements can be used to enhance the tracking of
objects.

A. 2-D Localization

To be able to determine a 2-D position of an object in a
room using a captured image, it must be clarified how the
real 3-D position of the object is represented in the image.
This can be shown with a model of a pinhole camera. The
model in Fig.2 is based on a pinhole camera with the pinhole
at origo (C) and the image plane is perpendicular to the Z
axis. The object, which is represented by a point X, have the
3-D position X = (X,Y, Z)T . This point projects onto a point
x = (x, y)T in the image plane. With the focal length f , shown
in Fig.3, the following equations can be derived.

x = f
X

Z
(4)

y = f
Y

Z
(5)

When this is known, the projection X→ x can be calculated
as in (6), according to [28].

(X,Y, Z)T → (f
X

Z
, f
Y

Z
)T (6)

This method can be used in situations where the distance
Z between the camera and a plane (a wall, whiteboard, floor)
is constant. So, small objects that are detected by the camera
and then are represented by a position x = (x, y, )T can be
positioned in ”real world” coordinates using only two cameras.

Fig. 4. Model of two pinhole cameras and one object P. The centers of the
cameras are in points C1 and C2. θ1 and θ2, the angels that the cameras are
facing the object in point P with, and the distance b are known. The Image
planes are represented by IP1 and IP2 [27].

B. 3-D Localization

The difference between a 2-D and 3-D position is that the
depth Z, as seen in Fig.2, needs to be determined to obtain
a 3-D position of a moving object. This can be done with
”stereo vision” which means that only two cameras will be
used. The calculation of the depth can be explained by using
the model of the pinhole camera and the theory of epipolar
geometry.

In Fig.4 the pinholes are placed at C1 and C2, the object P
and the 2-D projection of it, p1 and p2 in the image plane IP1

and IP2. The baseline b is given as well as the focal length f
and the length of v1 and v2. Every variable that is needed to
calculate the depth D are known and from the triangulation
in Fig.4 the following equations can be derived [28].

D = f
b

d
(7)

d = v2 − v1 (8)

X̂∑
i

(9)

This shows that it is possible to obtain a 3-D position with
only two cameras. But if two cameras do not cover the hole
area it can be necessary to have a couple more camera. This
means that data from the same type of sensors need to be
fused together to obtain a position. Consider that there is a
multi-camera system installed with M cameras. Xi is a random
variable modeling position on the plane estimated from the
cameras. µ̂ and the var-covariance matrix (9) are estimated of
Xi by unscented transformation according to [29]. Assume that
E(µ̂) is equal to µ which is the real location. µ̂X = (µ̂x, µ̂y)T

is the minimum variance estimate. Let xt = [xt, yt, ẋt, ẋt]
T be

the state space at time t. By using a constant velocity model
the state evolution equations can be defined as following.

273



I6: UWB AND CAMERA DETECTION AND TRACKING

xt =


1 0 1 0
0 1 0 1
0 0 1 0
0 0 0 1

 xt−1 + ωt (10)

Where ωt is noise. The observation vector yt consists of
location means estimate from all the cameras in the system.

yt =

 µ̂1

...
µ̂M


t

=


1 0 0 0
0 1 0 0
...
1 0 0 0
0 1 0 0

 xt + ∧(xt)Ωt (11)

Here is Ωta zero mean noise process with an identity var-
covariance matrix. ∧(xt) sets the var-covariance matrix of the
overall noise that is defined as following.

∧xt =


∑1

x(xt) · · · 02×2

...
. . .

...

02×2 · · ·
∑̂M

x (x)t

 xt−1 + ωt (12)

i∑
x

(xt) (13)

Where 02×2 is a 2 × 2 matrix with only zeros and (13) is
the var-covariance of Xi when the true location on the plane
is xt [29].

C. Fusing Camera and UWB Signals

One situation where it could be interesting to fuse position-
ing data from the camera network with radar data from an
UWB sensor is when a AGV (autonomous ground vehicle)
navigates in a room. One navigation technique for AGVs is
based on a potential map like the one in Fig.5 where the AGV
will navigate towards a lower potential. The camera network
could be feeding the AGV with the real-time position but an
on board UWB radar could detect obstacles that the camera
system does not detect. Based on research in this report, there
can be a possibility to fuse the estimated position generated
from the camera positioning system with the on board radar
sensor using a Kalman filter. Then it is possible to refine
the estimated position yielded from the camera system by
weighing the estimation against the distance data from the
UWB radar sensor. This have also been tested in [30] where
the technique is implemented in a car. The radar and the
camera are working independently with their own tracking and
positioning algorithms. Then data from the two different types
are fused together by using a Kalman filter where the next state
is estimated based on data from the different sensors.

D. Pre-existing Model to Enhance Tracking

A pre-existing model that describes an object’s movement
can be used to enhance the tracking of the object. One way
to do this is to use a Kalman filter.

Fig. 5. Potential map used for AGV navigation. The potential is represented
by the brightness of the colors. Darker color is equal to lower potential. The
small obstacles are detected with an on board UWB radar sensor.

1) Kalman Filter: A Kalman filter is used to estimate the
state of linear Gaussian systems and it works in two steps,
prediction and correction [2]. It combines the information
about the state of the system and measurements given by
sensors. The state of the system in discrete time is given by

xk = Fkxk−1 + Bkuk + wk (14)

where xk is the predicted state at the time k, Fk is a motion
model, Bk is the control input, uk is the action input and
wk is, what is assumed to be, Gaussian noise. The linear
measurement of the system’s state given by sensors is assumed
to be

zk = Hkxk + vk (15)

where zk is the measured state, Hk is a measurement model
and vk is measurement noise assumed to be Gaussian dis-
tributed [31]. Both vk and wk are zero-mean random noise
which means that on average they are zero with a deviation of
σv and σw respectively [32]. The output of the Kalman filter is
the state x̂k [31]. The initial estimate of the location is x̂0 with
the variance σ2

0 . With the knowledge of the system model, it
is possible to predict the most likely position for each time
step k. The location can be calculated with

x̂k = Fkx̂k−1 + Bkuk + 0 (16)

Because of the fact that wk is zero-mean it is equal to zero
in (16). The uncertainty in the location prediction can be
calculated as

σ2
k = σ2

k−1 + σ2
w (17)

If no measurements are made the uncertainty calculated in
(17) will keep increasing but if measurements are made they
can be used to reduce the uncertainty. In other words, the
measurements can be used to correct the predicted location.
If measurements are made they can be combined into the
prediction of the location. This can be done using a weighted
average between the uncertainty in the observed location from
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the measurement zk, and the uncertainty from the predicted
location x̂k as

x̂+
k =

σ2
v

σ2
k + σ2

v

x̂k +
σ2
k

σ2
k + σ2

v

zk = x̂k +
σ2
k

σ2
k + σ2

v

(zk − x̂k)

(18)
If there is much uncertainty σ2

k in the location prediction more
information of the measured location will be used, and if there
is much uncertainty σ2

v in the measurements more information
of the predicted location will be used [32].

The Kalman filter is very efficient in terms of computational
power required and together with its simplicity it is superior
compared to other methods. The major drawback with a
Kalman filter is that it only works when the motion and
measurement can be described by a linear model and when
the noise is Gaussian distributed. To deal with motion and
measurement models which are not linear, the Kalman filter
can be modified thus creating an Extended Kalman filter.

2) Extended Kalman Filter: An Extended Kalman filter is
designed to deal with nonlinear motion and measurement mod-
els. The predicted state and the measured state are described
by

xk = f(xk−1,uk) + wk (19)
zk = h(xk) + vk (20)

where the function f(xk−1,uk) is the motion model, the
function h(xk) is the measurement model and neither has to be
linear [31]. The principle with an Extended Kalman filter is to
linearize f(xk−1,uk) and h(xk) for each time step, by using
first order Taylor transforms, and to linearize their covariance
matrices by using Jacobian matrices, around the current state
[3].

The described state prediction model used with the Kalman
filter is enough to describe simple and irregular motion. It
works well enough when the objects are slow moving, but
if that is not the case a more complex prediction model is
needed. It would not only increase the computational power
needed but also it would require knowledge of the motion of
the object [11]. That means that a Kalman filter works well
when the motion of the tracked object is known. It would for
example work well when tracking a robot which follows a
predefined path. It would however work quite poorly when
tracking, for example rescue personnel, when the motion is
entirely unknown, and especially if the tracked objects move
fast.

V. IMPLEMENTATION OF CAMERA OBJECT DETECTION

Two of the the object detection algorithms described in
Section III where implemented using a web cam and MATLAB.

A. Camera Setup

A single camera was used for the implementation and the
camera used was a WebCam SC-13HDL11624N which is an
integrated laptop web cam. The image sequence that was
analyzed was recorded using the Image Acquisition Tool in

MATLAB. The image sequence was recorded with a resolution
of 640×480 and in an RGB color space. It was recorded with
a frame rate of 15 frames per second and the entire image
sequence was 298 image frames long. Running the image pro-
cessing algorithms in MATLAB required high computational
power. To reach an acceptable performance level the resolution
had to be reduced from 1280 × 1024 to 640 × 480 and the
frame rate also had to be reduced from 30 frames per second to
15 frames per second. The same pre-recorded image sequence
was used for all the object detection implementations.

B. Image Processing

The two image processing algorithms that were imple-
mented were the offline background estimation algorithm and
the adaptive background estimation algorithm both of which
are described in Section III. A built-in function in MATLAB
was used to implement both the offline background estimation
algorithm and the adaptive background estimation algorithm.
To be able to run the built-in background subtraction function
in MATLAB the image sequence had to be converted from
an RGB color space to an intensity color space. Images
in the intensity color space are binary which means that
areas are either black or white. This was also done using
a built-in function in MATLAB. Image sequences were run
in both an RGB color space and an intensity color space
simultaneously. When the foreground was detected in the
binary image sequence a bounding box was drawn in the RGB
image sequence around the area corresponding to the detected
foreground. To further enhance the object detection a built-in
function in MATLAB was used to run blob analysis on the
binary image sequence. If the size of the blobs were over an
experimentally determined threshold they were classified as
objects otherwise they were just classified as noise.

C. Single Object Detection

To detect a single object, offline background estimation
and blob analysis were used. The first image frame in the
image sequence was used as the background and every next
frame was compared to it. The results are shown in Fig.6. The
upper image in Fig.6 shows the detected object with a green
bounding box drawn around it and the lower image shows the
binary image. The black area corresponds to the background
in the image and the white area corresponds to the foreground.

D. Multiple Objects Detection

When multiple objects were to be detected, offline back-
ground estimation and adaptive background estimation to-
gether with blob analysis were used. This was done mainly to
show how a static object will eventually become a part of the
background. The results of the offline background estimation
is shown in Fig.7. The background is represented by the black
areas in the binary image in Fig.7 and the foreground is
represented by the white areas.

The built-in background estimation function in MATLAB
used a given number of image frames to tweak the leaning
rate with which the background is adapted. In this case the 50
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Fig. 6. Single object detected using offline background estimation and a
bounding box is drawn around it. The black in the binary image corresponds
to the background and the white corresponds to the foreground of the image.

first image frames were analyzed to decide what is part of the
background and at which rate the background is to be updated.
Fig. 3 shows how a static object gradually becomes a part
of the background when adaptive background estimation was
implemented. This can be compared with Fig.7 which shows
the results of the offline background estimation. In Fig.7 the
right object does not fade into the background because the
algorithm never adapts but in Fig.8 the same object fades into
the background after having been static for a period of time.

VI. NEW APPLICATION USING CAMERA NETWORKS

In this section a new application for smart homes using
camera sensor networks is proposed.

A. Existing Applications

In [3] Andersen and Skovgaard Andersen propose an ap-
plication, which would increase elderly people’s capabilities
to live in their own home with minimal assistance. It focuses
on fall detection and activity monitoring. It works by tracking
the position of people present in a scene in real-time, deter-
mining the mobility of people and analyzing their posture.
The people could be classified as either mobile or stationary.

Fig. 7. Two objects detected using offline background estimation and
bounding boxes are drawn around the objects. The black in the binary image
corresponds to the background and the white corresponds to the foreground
of the image.

By measuring the activity of people and combining it with a
location estimate, it could be used to detect abnormal behavior.
By classifying people as either standing, sitting or fallen and
combining it with a location estimate, abnormal behavior and
accidents could be detected.

B. New Application

The new application we want to propose is an application to
help people keep track of their important things, such as wallet,
cellphone or medicine bottles. The application would use a
camera sensor network to keep track of everything specified
by the user. The system would consist of a network of cameras
and a main unit. The objects that the user wishes to track are
loaded into the main unit. In this case, model based tracking
would be ideal since the shape of the objects always will be
known. A 3-D model of the objects could be loaded into the
main unit. This would make the tracking very reliable and the
system would obtain very good tracking results even when
objects are occluded. The system would look for objects that
matches the pre-made 3-D models of the objects and save
the positions of the objects in the main unit. When an object
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Fig. 8. Static object gradually fading into the background with adaptive
background estimation. The black in the image corresponds to the background
and the white corresponds to the foreground of the image

that matches a pre-made model is found it would be classified
based on which model it matches. This would make sure that
the correct positions of the objects would be loaded into the
main unit. The latest known position is always saved when
objects disappear from the camera networks view.

Like the application Andersen and Skovgaard Andersen
proposes in [3], our application would allow elder people to
live in their own home for longer with less supervision. If
people are able to live in their own home for longer, a lot
of money will be saved when they do not have to live in
expensive service homes.

VII. DISCUSSION

During this project we were fascinated by how a simple
webcam together with simple image processing algorithms
could be used detect and track objects. We feel that camera
sensor networks have great potential, although they have some
major concerns which need to be addressed.

The focus of the project was on using camera sensor
networks in smart homes. This immediately poses problems
concerning people’s privacy. We think that most people would
oppose being recorded by cameras even in their own home.

This problem could be solved by not making any recordings.
This could be possible if a camera sensor network could
process images and complete specified tasks in real-time. If a
camera sensor network could execute tasks in real-time, only
the information vital to the application could be stored and no
recordings would have to be made. To be able to run object
tracking algorithms with camera sensor networks in real-time
requires high computational power. That means that in order
for it to work, the cameras need to be able to run image
processing algorithms or stream all the vision information to
a main unit, where all the image processing can be done. In
either way, the costs would be very high.

When it comes to our proposed application, it has a number
of drawbacks that have to be taken into consideration. The
first drawback concerns privacy. A lot of people would not
want to have a home full of cameras. Our applications main
use is to enable elder people to live in their own home
with minimum assistance. If a home full of cameras would
mean that people could live at home for longer and avoid
service homes, they might feel more comfortable with the
cameras. As discussed earlier it could also help if nothing was
recorded. If all information was processed in real-time, only
the positions of the tracked objects could be saved and nothing
else. The second drawback is that fixed cameras are not able
to see everywhere, like under tables. This could be solved by
complementing the fixed cameras by one or several mobile
cameras, that could, for example, be mounted on AGVs. To
install such a system in a home might be too expensive.

The bottom line is, although we feel like camera sensor
networks have great potential, we feel like they are not ideal
to be used in homes, due to privacy concerns and costs.
We think that they would be better to use in places where
privacy is not as much of an issue, like in public buildings,
factories or in service homes. Due to their simplicity and
accuracy UWB radio sensors would be a better solution to
indoor tracking. There would be no privacy concerns, and
computational and energy costs would be lower. If a simple
imaging algorithm is used, the system does not need, not even
close the computational power which is needed when using
cameras to track objects in real-time. It is also possible to use
the UWB system for the new application. It could be done by
attaching tags on the objects that should be tracked. Because
of the wide frequency spectra, the UWB radar would be able
to track items that are inside a purse or a drawer.

VIII. CONCLUSION

In this report, we proposed how to use UWB radio sensors
to detect and track moving objects. By using multiple UWB
sensors to get distance data and then use an imaging algorithm,
a very accurate position could be determined.

We presented different algorithms and methods that could be
used to detect moving objects using camera sensor networks.
The most common ones were offline background estima-
tion, frame by frame subtraction and adaptive background
subtraction. They were thoroughly explained and described
mathematically. Object detection algorithms needed to be fast
and simple and it was obvious why during the implementa-
tion. Offline background estimation and adaptive background
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estimation were implemented using MATLAB. The resolution
and frame rate had to be significantly reduced to perform
at an acceptable level. The results from the implementation
showed how new objects entering the image are subtracted
from the background. We were able to detect multiple objects
and a bounding box was drawn around each object. We
showed how a static object faded into the background when
using adaptive background estimation in contrast to offline
background estimation when the object did not fade into the
background.

We explained how several different methods and algorithms
to track moving objects using camera sensor networks work.
That included region based tracking, active contour based
tracking, feature based tracking and model based tracking. We
also presented shape based classification and motion based
classification. They are used to analyze and classify objects,
which is often needed to further track an object in a scene with
several objects. Occlusion has shown to be nearly unavoid-
able when tracking objects using camera networks. Object
classification and using multiple cameras were ways to solve
occlusion problems, but required high computational power. In
a system that already demanded high computational power this
could create a problem if the computational demands became
too high.

We have declared the differences between 2-D and 3-D
localization and characterized how many cameras are needed
to perform this two types of localization in a given scenario.
The information about an object’s location from multiple
cameras could be fused together and we proposed how this is
done. We proposed how information about an object’s location
from camera sensors and an on-board UWB sensor on an AGV
can be fused together and explained why this is interesting.

Examples where it is evident that a pre-existing model or
description of an object’s movement enhances the tracking of
an object were proposed and discussed. A Kalman filter or an
Extended Kalman filter could be used to enhance the tracking
of a moving object by using a model of the object’s motion.
They worked well when an object moved slowly and when
the the motion was known. The example we proposed, when
it worked well, was when a robot followed a pre-defined route.
The example when it did not work well was when tracking a
faster object, where the movement was unknown, like when
tracking rescue personnel.

Finally we proposed a new application of camera sensor
networks for smart homes, and discussed its potential impact
in society. The application we proposed was one that kept track
of important objects, such as cellphones, wallets or medicine
bottles, in the home. It raised some privacy concerns. They
could be solved by not making any recordings, which could
be done if the system could track the objects and save their
position in real-time.

REFERENCES

[1] A. De Angelis and C. Fischione, “A distributed information fusion
method for localization based on pareto optimization,” Piscataway, NJ,
USA, 2011, pp. 1 – 8.

[2] A. Yilmaz, O. Javed, and M. Shah, “Object tracking: A survey,” Acm
Computing Surveys (CSUR), vol. 38, no. 4, p. 13, 2006.

[3] M. Andersen and R. Skovgaard Andersen, “Multi-camera person track-
ing using particle filters based on foreground estimation and feature
points,” Master Thesis, Department of Electronic Systems, Aalborg
Univerity, Aalborg, Denmark, 2010.

[4] S. Soro and W. Heinzelman, “A survey of visual sensor networks,”
Advances in Multimedia, pp. 640 386 (21 pp.) –, 2009.

[5] R. Kshetrimayum, “An introduction to uwb communication systems,”
Potentials, IEEE, vol. 28, no. 2, pp. 9–13, 2009.

[6] S. Gezici, Z. Tian, G. Giannakis, H. Kobayashi, A. Molisch, H. Poor,
and Z. Sahinoglu, “Localization via ultra-wideband radios: a look
at positioning aspects for future sensor networks,” Signal Processing
Magazine, IEEE, vol. 22, no. 4, pp. 70–84, 2005.

[7] M. Hussain, “Ultra-wideband impulse radar-an overview of the princi-
ples,” Aerospace and Electronic Systems Magazine, IEEE, vol. 13, no. 9,
pp. 9–14, 1998.

[8] C. Chang and A. Sahai, “Object tracking in a 2d uwb sensor network,” in
Signals, Systems and Computers, 2004. Conference Record of the Thirty-
Eighth Asilomar Conference on, vol. 1, 2004, pp. 1252–1256 Vol.1.

[9] R. Zetik, S. Jovanoska, and R. Thoma, “Simple method for localisation
of multiple tag-free targets using uwb sensor network,” in Ultra-
Wideband (ICUWB), 2011 IEEE International Conference on, 2011, pp.
268–272.

[10] K. Obraczka, R. Manduchi, and J. Garcia-Luna-Aveces, “Managing the
information flow in visual sensor networks,” vol. 3, Piscataway, NJ,
USA, 2002, pp. 1177 – 81.

[11] J. Sanchez-Matamoros, J. Martinez-de Dios, and A. Ollero, “Cooperative
localization and tracking with a camera-based wsn,” Malaga, Spain,
2009, pp. 1–6.

[12] Y. Charfi, N. Wakamiya, and M. Murata, “Challenging issues in visual
sensor networks,” IEEE Wireless Communications, vol. 16, no. 2, pp.
44 – 49, 2009/04/.

[13] Y. Benezeth, P.-M. Jodoin, B. Emile, and H. Laurent, “Comparative
study of background subtraction algorithms,” Journal of Electronic
Imaging, vol. 19, no. 3, 2010.

[14] M. Akdere, U. Cetintemel, D. Crispell, J. Jannotti, J. Mao, and
G. Taubin, “Data-centric visual sensor networks for 3d sensing,” vol.
4540 LNCS, Boston, MA, United states, 2008, pp. 131 – 150.

[15] Y. Dedeoglu, “Moving object detection, tracking and classification for
smart video surveillance,” Mater Thesis, Bilkent University, Bilkent,
Turkey, 2004.

[16] J. Heikkila and O. Silven, “A real-time system for monitoring of cyclists
and pedestrians,” Los Alamitos, CA, USA, 1999, pp. 74 – 81.

[17] T. Jia, N.-l. Sun, and M.-y. Cao, “Moving object detection based on
blob analysis,” Piscataway, NJ, USA, 2008, pp. 322 – 5.

[18] W. Hu, T. Tan, L. Wang, and S. Maybank, “A survey on visual
surveillance of object motion and behaviors,” IEEE Transactions on
Systems, Man and Cybernetics, Part C (Applications and Reviews),
vol. 34, no. 3, pp. 334 – 52, 2004/08/.

[19] R. M. Haralick and L. G. Shapiro, “Image segmentation techniques,”
Computer vision, graphics, and image processing, vol. 29, no. 1, pp.
100–132, 1985.

[20] B. K. Horn and B. G. Schunck, “Determining optical flow,” Artificial
intelligence, vol. 17, no. 1, pp. 185–203, 1981.

[21] H. Hahn and Y. Han, “Visual tracking of a moving target using
active contour based ssd algorithm,” Robotics and Autonomous Systems,
vol. 53, no. 3-4, pp. 265 – 81, 2005/12/31.

[22] A. Comport, E. Marchand, and F. Chaumette, “Robust model-based
tracking for robot vision,” vol. 1, Piscataway, NJ, USA, 2004, pp. 692
– 7.

[23] B. Castafieda, Y. Luzanov, and J. Cockburn, “A modular architecture for
real-time feature-based tracking,” vol. 5, Piscataway, NJ, USA, 2004, pp.
685 – 8.

[24] H. van der Werff and F. van der Meer, “Shape-based classification
of spectrally identical objects,” ISPRS Journal of Photogrammetry and
Remote Sensing, vol. 63, no. 2, pp. 251 – 8, 2008/03/.

[25] A. M. Tabar, A. Keshavarz, and H. Aghajan, “Smart home care net-
work using sensor fusion and distributed vision-based reasoning,” Santa
Barbara, CA, United states, 2006, pp. 145 – 154.

[26] C. Cedras and M. Shah, “Motion-based recognition: a survey,” Image
and Vision Computing, vol. 13, no. 2, pp. 129 – 55, 1995/03/.

[27] R. I. Hartley and A. Zisserman, Multiple View Geometry in Computer
Vision, 2nd ed. Cambridge University Press, ISBN: 0521540518, 2004.

[28] C. Seres, “Robot navigation in indoor environment,” 2008.
[29] A. Sankaranarayanan and R. Chellappa, “Optimal multi-view fusion of

object locations,” in Motion and video Computing, 2008. WMVC 2008.
IEEE Workshop on, 2008, pp. 1–8.

278



I6: UWB AND CAMERA DETECTION AND TRACKING

[30] F. Tango, E. Richter, U. Scheunert, and G. Wanielik, “Advanced multiple
objects tracking by fusing radar and image sensor data-application on a
case study.” in Information Fusion, 2008 11th International Conference
on. IEEE, 2008, pp. 1–7.

[31] P. Yves, “Dynamic objects tracker in 3d,” Master Thesis, Autonomous
Systems Lab, Swiss Federal Institute of Technology Zurich, Zurich,
Schweiz, 2011.

[32] R. Negenborn, “Robot localization and kalman filters,” Ph.D. dis-
sertation, Institute of Information and Computing Sciences, Utrecht
University, Utrecht, The Netherlands, 2003.

279



  

 
 

 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



  

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Har du svårt att hitta butiken du söker? Har du koll på vart ditt barn är just nu? Går det långsamt att surfa på 
telefonen? Vardagen i ett shoppingcenter är stressig. Det är många människor som rör sig, pratar i telefon, skickar 
bilder och letar efter personer eller butiker. GPS fungerar inte inomhus och det kan vara svårt att hitta i ett 
shoppingcenter. De flesta kunderna har en smartphone som de använder till att ringa och spela spel. Men de kan 
användas till så mycket mer! Du kan med den teknik du redan har i din telefon och med teknik som kommer finnas i 
nästa generations telefoner kunna lokalisera barnen, familjen eller butiken. Du kommer också att kunna ringa och 
surfa snabbare.  
 
Inom kontexten har olika metoder undersökts, simulerats och testats i verkligheten. Matematiska modeller har 
skapats och analyser av data har gjorts. Detta arbete leder till att du i framtiden ska kunna använda enkla 
applikationer i telefonen för att underlätta din shoppingupplevelse. 
 
 

 
 
 

Kontext K  
Smart shopping med smartphone 

 

 SÅ SHOPPAR DU SMARTARE MED DIN SMARTPHONE! 
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Många människor vistas dagligen i gallerior eller andra offentliga byggnader. Detta upplevs av många som en stressig 
och påfrestande miljö. Målet med delprojekten inom detta kontext var att uppnå en förhöjd shoppingupplevelse för 
besökarna genom att med ny och existerande teknik erbjuda ett antal användarvänliga mobila tjänster. 
  
En del av detta kontext utvärderar olika former av positioneringsteknik med hjälp av Wi-Fi i delprojekt K1 och K2, 
samt Ultra Wideband i delprojekt K3. Gallerior består av flera våningar med många butiker vilket gör att kunder har 
svårt att hitta. Det finns därför ett behov av att kunna positionera sig med hjälp av sin smartphone. Metoden använd 
i delprojekt K3 gav precision ända ner till centimeternivå, men tekniken funger bara i områden med avstånd på upp 
till cirka 6 meter. Dessutom är tekniken mycket störningskänslig. En passerande människa ger en mycket märkbar 
störning. I delprojekt K1 undersöktes möjligheten att positionera sig med hjälp av Wi-Fi. Då tidigare projekt som har 
använt sig av mer avancerade metoder har haft dålig precision i verkligheten, så används här en förenklad teknik. 
Idén går ut på att betsämma vilken accesspunkt som ger starkast signalstyrka och med hjälp av denna information 
bestämma i vilken butik eller avdelning användaren befinner sig. Då befintliga WiFi-accesspunkter och befintlig hård- 
och mjukvara i mobiltelefoner kan användas har denna metod stor potential att bli implementerad i en applikation. I 
delprojekt K2 undersöktes möjligheten för föräldrar att med hjälp av sin smartphone kunna hålla koll på sina barn. 
En applikation i förälderns telefon mäter signalstyrkan från barnets telefon och kontrollerar ifall den sjunker för 
snabbt eller kommer under en viss nivå. Applikationen fungerar på så sätt att den varnar föräldern om barnet rör sig 
iväg för långt eller försvinner bakom objekt så som en grupp människor eller en vägg. I dagsläget fungerar 
applikationen tillfredställande.  
 
Inom delprojekt K4 och K5 har även möjligheten att minska belastningen på bandbredd och kommunikationskanaler 
undersökts. All kommunikation i det mobila telefonnätet sköts idag via basstationer, och då många telefoner 
använder samma basstation går kommunikationen långsammare. Vid internetanvändande yttrar det sig i att sidor och 
dokument laddas långsamt, vilket kan vara irriterande. Ett sätt är att minska belastningen är att komprimera 
multimediafiler vilket undersöktes i delprojekt K5. Uppgiften var att undersöka ett antal olika metoder för att 
komprimera media för överföring mellan mobiltelefoner. Resultaten visade att några av metoderna var bättre för 
komprimering av PNG-bilder medans andra gjorde bilderna större. T.ex. uppnåddes en komprimeringsgrad på cirka 
98% vid anvädning av wavelet-transformer och vektorkvantisering gav komprimeringar på upp till 87.5%. Användes 
däremot Huffman-kodning så ökade bildfilens storlek med cirka 14%. Arbetet utfört i delprojekt K5 är en början 
men mer arbete behöver utföras innan ett slutgiltigt svar på vilken komprimeringsmetod som är bäst kan ges. En 
annan lösning för att minska belastningen på basstationerna är att låta telefoner kommunicera direkt med varandra i 
stället för att gå via basstationer. Denna metod kallas för Punkt-till-punkt kommunikation som har undersökts i 
delprojekt K4. Undersökningen av detta visar att det med hjälp av hybrid-ARQ, en metod för att korrigera fel i 
dataströmmen, går att uppnå bra prestanda trots de opålitliga förhållanden i kommunikationen som kan uppkomma 
när man inte går via en basstation. Arbetet utfört i detta projekt öppnar för vidareutveckling inom flera områden. 
Positionering inomhus är ett område som efterfrågas men det finns arbete att utföra för att göra tekniken mer 
tillförlitlig. Genom att bygga ihop de olika positioneringssystemet kan en ny applikation där barnets faktiska position 
kan visas på en karta. Ultra Wideband är ett område som utvecklas mer och mer. Ny teknik förbättrar precisionen 
och ökar räckvidden avsevärt. Genom att minska belastningen på det mobila nätverket ges möjligheter för överföring 
av mer data med mindre störningar. Punkt-till-punkt kommunikation kan sammankopplas med positionering då 
avståndet mellan telefonerna inte kan vara för stort.  
 
Många av delprojekten visar på klar utvecklingspotential. Ultra Wideband-positioneringen har utnyttjat föråldrad 
hårdvara, och ny utveckling inom detta område visar på klara förbättringar på alla fronter. Ett tänkbart 
forskningsområde för nästa års kandidatexaminationsarbete är att utvärdera den nya hårdvaran inom Ultra 
Widebandpositionering och jämföra den nya prestandan med den som nu har uppmätts. Det finns stora möjligheter 
för fortsatta studier inom detta område. Wi-Fi-signalstyrke-metoden som nu undersökts utnyttjade bara en Wi-Fi-
accesspunkt. Genom att hålla koll på vilka accesspunkter användaren har passerat så kan precisionen öka. Idag finns 
ett problem med att om den starkaste signalstyrkan under kort tid kommer från en accesspunkt på en annan våning 
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så kommer positionen vara fel. Men om applikationen märker att den har passerat en viss given accesspunkt, 
geografiskt kopplad till en trappa eller en hiss, kan den veta vilken våning användaren befinner sig på. Wi-Fi-RSSI-
metoden använder också huvudsakligen befintlig teknik, men det finns potential att utveckla mer effektiva algoritmer. 
Ett annat möjligt projekt är att skapa en kommerisell applikation som hjälper föräldar att hålla uppsikt över sina barn, 
kanske som en form av utökat testande. En annan möjlighet är att vidareutveckla applikationen så att två föräldrar 
kan hålla koll på samma barn, och att låta föräldrar övervaka mer än ett barn i taget. Arbetet inom projektet som 
undersökt multimediakompression gav tydliga resultat. Dock undersöktes bara ett enda filformat, vilket inte ger en 
representativ bild av en genomsnittslig användares behov. Mer arbete behöver göras där andra mediaformat och 
kompressionsmetoder testas, bland annat kan en analys av det mycket vanliga MP3-formatet vara användbar. 
Undersökningen av punkt-till-punkt kommunikation utvärderade kommunikationsprotokoll via simuleringar i 
MATLAB. Ett möjligt nästa steg här är att testa protokollen via experiment där telefoner kommunicerar med 
varandra via punkt-till-punkt kommunikation, för att se om de simulerade resultaten stämmer med verkligheten. 
Vidare kan detta tillåta utvärdering av metodernas tillförlitlighet när brus och andra störningar uppkommer. Ett annat 
viktigt område att undersöka i framtiden är hur telefonerna ska veta att de är nära nog för att inte behöva gå via en 
basstation.  
 
Sammanfattningsvis kan man säga att det finns stor utvecklingspotential inom området. Tre av projekten i detta 
kontext, barnapplikationen (K2), kompressionsmetoderna (K4 och K5) och WiFi-positionering (K1), har potential 
att direkt utvecklas till kommersiella smartphone-applikationer som kan användas för att förbättra vardagen för 
många shoppande människor. Den sista (K3) kräver i vissa fall ny förbättrad teknik eller mer utveckling för att 
användas, men är trots detta mycket relevanta i den nära framtidens tekniska samhälle. 

ETISKA ASPEKTER 

Positionering är en teknik som kan underlätta mångas liv, men att andra kan veta exakt var man befinner sig är 
problematiskt ur integritetssynpunkt. Om företag sparar information om sina kunders köpvanor kan de erbjuda 
skräddarsydda produkter och tjänster, men de kan använda den privata informationen till mycket mer än så. Hur ska 
vi kontrollera vilka som får använda sådana tjänster? Kommer det att finnas en myndighet som delar ut 
övervakningsrättigheter till företag som ansöker? Hur skulle granskningen av denna myndighet ske? Om tekniken 
dessutom skulle börja användas av det styrande skiktet i en totalitär stat skulle det kunna leda till ett mycket effektivt 
sätt att hålla landets medborgare under kontroll och förhindra personlig frihet. 
 
Vad skulle konsekvenserna bli av en kommersiell barnövervakningsapplikation? Å ena sidan skulle det underlätta 
vardagen för många föräldrar som inte behöver rikta sin fulla uppmärksamhet mot barnet hela tiden. Å andra sidan 
kan applikationen användas för att övervaka andra än barn, till exempel kan en svartsjuk man använda den för att 
hindra sin fru från att lämna hemmet. När blir ett barn för gammalt för att få övervakas? Föräldrar skulle kunna 
fortsätta övervaka sina barn upp i tonåren, och därigenom hindra deras naturliga utveckling. Övervakningen kan 
bidra till att förhindra vissa brott, som exempelvis kidnappning av barn från shoppingcenter, eftersom föräldern 
direkt märker när barnet försvinner och appen kan skicka barnets nuvarande position kontinuerligt till polisen. Men 
den kan också i fel händer bidra till att skapa brott, som till exempel olaga frihetsberövande. I den nuvarande formen 
av appen kan vem som helst som vet barnets nätverksnamn övervaka det, inklusive potentiella kidnappare och 
pedofiler. Föräldern, eller den person som övervakar, får majoriteten av fördelarna medan alla konsekvenser faller på 
den om blir övervakad. Trots detta anser vi att fördelarna med appen överväger nackdelarna och att den kan lanseras 
kommersiellt om vissa saker tas i beaktande. Bland annat bör man ändra appen så att man inte kan övervaka 
främmande barn utan bara sina egna, och begränsa tiden appen fungerar så att man bara kan övervaka en viss period. 
 
Problemet med punkt-till-punkt kommunikation är att operatören, och i förlängningen polisen, inte kan kontrollera 
var och vid vilken tidpunkt samtal skedde. Detta gör att om personer med ont uppsåt ringer samtal för att planera 
eller utföra brottsliga handlingar går det inte att i efterhand kontrollera basstationernas loggar för att veta var 
samtalen tog plats. 
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Sammanfattning—Det här kandidatarbetet har som mål att ta 

fram en metod och simuleringsmodell  för inomhuspositionering i 

köpcentrum dit GPS-signaler inte når. Rapporten ämnar 

undersöka huruvida man med tillfredsställande precision kan 

positionera sig genom att endast mäta upp vilken WiFi-

accesspunkt som är starkast för stunden och sedan anta att man 

befinner sig vid denna. Mätningar och simuleringar har gjorts 

för att utvärdera denna metod. Arbetets slutsats är att denna 

metod fungerar så pass bra att man når ner till en precision på 

butiksnivå. I större butiker når man ända ner till avdelningsnivå. 

 
Index Terms—WiFi, Positioning, RSS, Signalstyrkemätning 

Inomhuspositionering, Path loss. Indoor localization 

 

I. INTRODUKTION 

A. Bakgrund 

DAG använder sig många människor av positionering i 
mobilen för att ta sig fram till okända platser. Detta fungerar 

väldigt bra utomhus tack vare Global Positioning System 
(GPS), t.ex. när man vill ta sig till ett visst köpcentrum. Men 
när väl man passerat dörrarna och vill navigera sig inomhus så 
fungerar tjänsten inte längre. Detta är på grund av att GPS-
signalen är väldigt svag och är nästintill omöjlig att plocka 
upp inomhus med en smartphone. Ett annat problem med 
GPS-signalen är att den bara är tvådimensionell[2] samtidigt 
som köpcentrum ofta består av flera våningsplan. En lösning 
till detta är positionering med hjälp av WiFi, där man utnyttjar 
de WiFi-accesspunkter som redan finns i stora köpcentrum 
och andra kommersiella byggnader. Att kunna få sin position 
känd i en komplex byggnad med många rum eller butiker kan 
skapa många möjligheter. Ett väl fungerande system kan 
utnyttjas av både kunden och varuhuset. Kunden kan med 
hjälp av en applikation på sin smartphone se på en karta vart i 
byggnaden man befinner sig och med hjälp av detta kunna 
navigera sig mellan olika avdelningar. Butiken å andra sidan 
kan använda sig av riktad reklam. Till exempel att man kan se 
på vilken avdelning en viss kund befinner sig. Då kan man 
välja att visa upp kampanjvaror från denna avdelning i 
kundens smartphone för att locka kunden till att handla.  
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B. Problembeskrivning 

Ett stort problem med WiFi-positionering eller inomhus-
positionering i stort är att precisionen är betydligt sämre än för 
GPS. Till att börja med så varierar signalstyrkan mycket med 
tiden så det krävs långa mätperioder i varje punkt för att man 
ska få ett bra väntevärde[3, 4]. Till exempel vid användning av 
en beprövad metod som kallas WiFi-fingerprint, se Sektion II 
avsnitt B. Därför är det svårt att i realtid positionera sig med 
bra precision. Det är även flera andra faktorer som spelar in, 
t.ex. väggar och möbler, dörrar som öppnas och stängs, men 
även sättet hur man håller i mobiltelefonen påverkar signalen 
som når fram till mottagaren. I det här projektet ska en metod 
tas fram för att se hur bra precision som kan uppnås genom att 
endast använda signalstyrkan från den för stunden starkaste 
accesspunkten och sedan anta att man befinner sig vid denna. I 
ett köpcentrum kanske det fungerar tillräckligt att bara veta 
vid vilken butik eller café man befinner sig.       
        

II. JÄMFÖRELSE AV POSITIONERINGSSYSTEM 
Som inom alla områden finns det många olika lösningar för 

ett problem här är några presenterade som inte riktigt lyckats 
eller fått genomslag för inomhuspositionering.  

A. GPS – Global Positioning System 

Det vanligaste systemet för utomhuspositionering är Global 
Positioning System, även kallat GPS. Det är en väl fungerande 
teknik som används världen över i till exempel bilar, båtar och 
flygplan. Idag är de flesta nya mobiltelefoner utrustade med en 
mottagare för GPS. Tekniken bygger på att satelliterna har 
inbyggda atomur vilket gör att de kontinuerligt kan skicka ut 
mycket exakt tidsinformation. På jorden kan man ta reda på 
skillnaden i tid som det tar för satelliternas signaler att nå 
mottagaren. Med hjälp av denna information kan mottagaren 
sedan beräkna var man befinner sig, med en säkerhet på 5-50 
meter i realtid[5]. 

 

B. Fingerprinting 

En av de mest beprövade metoderna för inomhus-
positionering är WiFi-fingerprint. Metoden går ut på att man 
mäter upp signalstyrkan i flera förutbestämda punkter och 
sparar dessa i en offline-karta. När man sedan vill positionera 
sig så använder man sig utav offline-kartan tillsammans med 
diverse beräkningar för att bestämma sin position på kartan[6]. 
Denna metod fungerar väldigt bra i teorin, men så fort lokalen 
fylls med människor så ändras signalstyrkan i alla punkter. 
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C. Ultrawideband för inomhuspositionering 

Ultra-Wideband även kallat UWB är en radioteknik som 
snabbt kan skicka stora mängder information trådlöst, dock på 
korta sträckor. Olika metoder kan användas för positionering 
med hjälp av Ultra-Wideband. Till exempel metoder som 
bygger på Time of Arrival (ToA), Angle of Arrival (AoA) och 
Received Signal Strength (RSS)[7]. 

III. TEORI 
 

A. Path loss-modellering 

Att försöka predikera signalstyrkan från WiFi-nätverk har 
visat sig vara svårt att få precist. Speciellt om man tänkt 
använda sig av flera accesspunkter samtidigt, då signalstyrkan 
varierar väldigt mycket med tiden[8]. Det beror till mesta del 
på att i många inomhusmiljöer så finns det väggar, tak, golv, 
möbler och framför allt personer som rör på sig, så signalen 
kommer dämpas och reflekteras[9]. 
Eftersom det finns många olika faktorer som spelar in som 
hela tiden varierar i tid och rum. Så är det väldigt svårt att i 
teorin bestämma en tillräckligt bra modell utan att empiriskt ta 
fram vissa värden.  
Path loss-modellering används för att förutspå hur 
signalstyrkan kommer dämpas beroende på de olika 
omständigheter som tagits upp ovan.  
Ekvation (1) beskriver en path loss-modell som beror på 
avståndet mellan sändare och en mottagare. 
Path loss-modellen är en stokastisk modell. Det vill säga en 
matematisk modell där ett upprepat skeende eller fenomen 
tillåts ha olika förlopp, utan någon bestäm orsak[10]. 
Modellen kan beskrivas med ekvationen: 
 

0 0

0

( ) ( ) 10 log( )
d

PL d PL d n X
d

   [1]      (1) 

Där 
n  kallas för ”path loss exponent” och kan enklast jämföras 
med hur en signal avtar i fri rymd med 21/ r där exponenten 
på radien motsvarar värdet på n . Dels på grund av att access-
punkter kan ha riktade antenner och att signalen reflekteras på 
till exempel väggar, tak och golv vilket kan resultera i ett lägre 
värde på n  än den för fri rymd.  
X är en lognormalfördelad stokastisk process med 

väntevärde 0.  
Och 0 0( )PL d är ett referensvärde mätt i dBm (decibel per 
milliwatt) vid ett bestämt avstånd från accesspunkten, 
vanligast är att välja vid avståndet 1m då det förenklar 
ekvationen något. 0 0( )PL d kan beskrivas matematiskt med 
formeln  

0 0 1 2 0( ) 20log(4 / )PL d G G d     [1] (2) 

Där 1 2,G G är Antennförstärkningarna och  är våglängden 
av signalen.   

Parametrarna n  och X  har vi valt från Tabell I nedan som 
är tagen ifrån empiriska mätningar gjorda av författarna för 
rapport[1].  

 
Vi har använt HUT2 typ A Korridor-Rum för val av våra parametrar. 
 

B. Positionering med hjälp av WiFi-nätverk 

Inomhuspositionering med hjälp av WiFi-nätverk använder sig 
av fasta accesspunkter med känd position utplacerade på en 
karta. Med dessa kan en mottagare med inbyggt nätverkskort 
visa vart du befinner dig, ner till rumsnivå. Till exempel i form 
av en smartphone tillsammans med en applikation med 
implementerad karta. 
Detta görs genom att telefonen kommer att sampla 
information med ett visst tidsintervall. För att sedan sortera ut 
de inkommande signalstyrkorna från accesspunkterna, välja ut 
den starkaste signalen och para ihop den med tillhörande 
BSSID (Basic Service Set Identifier)[9]. Vilket används av 
anledningen att den är unik för alla nätverk, även då en 
accesspunkt delar ut fler nätverk[11]. Målet i projektet är att ta 
reda på om det är möjligt kunna med ett smart val av 
placeringen för accesspunkterna få en tillräckligt god position 
för att kunna avgöra, exempelvis vilken butik man befinner sig 
i, i en galleria. Genom att anta att man befinner sig i rummet 
eller avdelningen där accesspunkten med den starkaste 
signalstyrkan är placerad. 
 

IV. SIMULERING 

A. Test av simulationsmodell 

Med hjälp av ekvation (1) så kan vi modellera hur 
signalstyrkan kommer att minska som funktion av avståndet 
mellan en sändare och mottagare. I modellen för signalstyrkan 
användes referensvärdet 38[ ]dBm för 0 0( )PL d och X

med standardavikelsen 3.1dB och path loss-exponenten 
2.9n  valda från Tabell I. För att testa path loss-modellen 

så har en enkel kvadratisk 2-dimensionell miljö tagits fram. 
Där avståndet mellan sändare och mottagare har beräknats 
med Pythagoras sats.   

 
TABELL I 

PAT H  LOSS-MODELL  

Kategori Miljö Konfiguration d [m] n  
STD 
[dB] 

 

Inom 
Siktlinje 

HUT 1 Korridor 8-60 1.3 4.7 
HUT 1 Korridor 8-60 1.3 5.3 
HUT 2 Korridor 10-70 1.5 4.8 
VTT Korridor 3-25 1.4 3.4 
AIRPORT Hall 8-100 1.3 2.0 

Utom 
Siktlinje 

HUT1 typ C Korridor-Rum 5-30 4.8 5.5 
HUT2 typ A Korridor-Rum 10-72 2.9 3.1 

HUT2 typ A Korridor- 
Korridor 6-25 3.5 5.6 

Airport Hall 
 35-200 1.9 1.7 

Tabellen är ett axplock från ur Table I från  rapport[1]. För mer information 
angående miljöbeskrivningarna hänvisar vi till [1]. STD är standardavvikelsen 
i decibel 
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2 2( ) ( )sändare mottagare Sändare mottagared y y x x     (3) 

 
Där y motsvarar värdet på kordinaten i y-led och x motsvarar 
värdet på kordinaten i x-led 
 
I Figur 1 så visas fyra stycken simuleringar med 
testsimuleringen av path loss-modellen och av 1000 mätningar 
visades rätt ”rum” i 97 % av fallen. Resultatet var 
tillfredställande nog för att gå vidare till simuleringar med 
verkliga ritningar. Där öppna ytor med olika avdelningar och 
ett scenario med mindre butiker och en korridor som binder 
samman butikerna ska testas med path loss-modellen och 
jämföras med verkliga mätningar. Simulationsmodellen är 
gjord så att varje mätpunkt är slumpad. I ”PathLoss Model(3)” 

i Figur 1 väljer algoritmen fel accesspunkt.  

 

B. Möbelvaruhuset 

Simulationen av ett möbelvaruhus har gjorts med en verklig 
karta över ett befintligt möbelvaruhus. Kartan föreställer ett av 
planen i möbelvaruhuset. Simuleringar har gjorts både med de 
befintliga accesspunkterna samt ytterligare en accesspunkt för 
att testa om detta resulterar i en noggrannare positionering.  
Här är det tänkt att man ska kunna positionera sig ner till 
avdelningsnivå istället för att bara se vilken butik man 
befinner sig i. 

 
 

C. Kårhuset Nymble 

Tanken med att göra mätningar och simulering på plan 3 i 
Kårhuset är att utnyttja dess planritning. Som kan tänkas 
efterlikna en mindre galleria med ca 3-4 butiker och en 
korridor som binder samman butikerna. Problemet med att få 
den här simuleringen att efterlikna verkligheten är att alla 
olika rum har olika väggar ut mot korridoren, till exempel så 
har vi tegelvägg på en och glasvägg på den andra detta gör 
troligen att simuleringen kommer skilja sig från verkligheten 
då signalen kommer dämpas mycket starkare mot tegel än mot 
glasväggen. Simuleringen gjordes med samma punkter som 
verkliga mätningarna och med fler accesspunkter i korridoren 
för att se om det gav noggrannare positionering. 
 

 

V. MÄTNINGAR 
En smartphone av modell Samsung Galaxy Nexus tillsammans 
med applikationen Student Framework[12] används som 
mottagare. Datorprogrammet Matlab används för att behandla 
all mätdata som erhålls från mobiltelefonen. Applikationen 
Student Framework utför mätningar som innehåller en mängd 
information om nätverk i närheten.  Till exempel information 
om nätverkens namn, signalstyrka, frekvens och BSSID. För 
det här projektet är vi endast intresserade av signalstyrkan och 
BSSID för de närliggande accesspunkterna. Vi har skrivit ett 
program i Matlab som sorterar bort all för oss, onödig 
information och sparar den för stunden starkaste signalstyrkan 
tillsammans med dess BSSID. 
 

A. Möbelvaruhuset 

Mätningarna gjordes på ett väl etablerat möbelvaruhus. Med 
tanke på varuhusets storlek koncentrerades mätningarna på ett 
av butiksplanen. Detta plan innehöll tre stycken accesspunkter 
utspridda på olika avdelningar. Två olika typer av tester 
gjordes i denna butik. Rörliga signalstyrkemätningar där en 
person tillsammans med en mobiltelefon förflyttade sig genom 
butiken. Här var tanken att testa på vilket avstånd mellan två 
accesspunkter som programmet slår över från den ena 

Figur 3. Simulering av Kårhuset med samma placering av access-
punkter som de verkliga mätningarna.  Även simuleringar med fler 
accesspunkter gjordes. Se figur 7 i resultat. Där symbolerna är samma 
som figur 1. Skala: 25 pixlar per meter. 

Figur1 Grön fyrkant är mottagarens position, röda cirklar är sändare och gul 
trekant är den sändare som har starkast simulerad signalstyrka till mottagaren. 

Figur 2. Simulering av möbelvaruhuset med samma position av 
accesspunkterna som mätningarna. Där symbolerna är samma 
som i figur 1. Skala:15.5 pixlar per meter. 287
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accesspunkten till den andra. Med andra ord när signalstyrkan 
från accesspunkten man närmar sig blir större jämfört med den 
som man rör sig ifrån. Den andra typen av test som gjordes 
består utav 13 stycken okända positioner där 
signalstyrkemätningar utfördes. För att göra så det hela skulle 
efterlikna en verklig positionering vill man ha så korta 
mätperioder som möjligt i varje punkt. För att försäkra sig om 
att tillräckligt med information sparades så gjordes mätningar i 
fem sekunder i varje punkt. 
 

 
Figur 4. Mätpunkter i möbelvaruhuset.  

B. Kårhuset Nymble 

I KTH:s kårhus Nymble gjordes mätningar i 14 fasta punkter. 
Mätningarna gjordes på ett av planen vilket påminner om hur 
en liten del av en galleria kan se ut. Det gula rummet skulle 
kunna föreställa ett parkeringsgarage som är anknutet till 
köpcentrumet. Från parkeringsgaraget kan man ta sig till en av 
köpcentrumets korridorer som i sin tur passerar tre stycken 
butiker, här med namnen TV-Rummet, Radiorummet och 
Musikrummet. 
 

 
Figur 5. Mätpunkter i kårhuset Nymble 

VI. RESULTAT 

A. Simuleringar 

 
1) Möbelvaruhus 

För denna simulering har samma position för accesspunkter 
och mätpunkter använts som i mätningarna. Så som varuhuset 
var uppdelat, föll det sig naturligt att dela upp den i tre 
avdelningar som skulle kunna vara till exempel säng-, soff- 
och matrumsavdelning. Positionerna av accesspunkterna var 
inte jämt fördelade längs butiken, vilket inte är optimalt för att 
lyckas med WiFi-positionering. Så lösningen på problemet 
blev att placera ytterligare en accesspunkt och sedan fördela 
de andra jämt över varuhuset för bättre resultat. Därefter 
delades våningsplanet upp i fyra avdelningar. 
 

 
Figur 6. Simulering av möbelvaruhuset med en extra accesspunkt.  

Resultatet av simuleringen med en extra accesspunkt 
minskade felet i gränszonerna mellan accesspunkterna. 
 
2) Kårhuset Nymble 

När simuleringen av våning 3 i Kårhuset gjordes med lika 
många accesspunkter och med samma positionering som vid 
mätningarna, så uppstår en frågeställning i och med att det inte 
finns accesspunkter i korridoren utanför TV-rummet, 
Radiorummet och Musikrummet. Behöver man veta sin 
position i korridoren eller räcker det med att kartapplikationen 
visar vilken närmaste butik man befinner sig vid. En 
simulering gjordes då tre extra accesspunkter placerades i höjd 
med rummens ungefärliga mittpunkt. Med flera accesspunkter 
utplacerade i korridoren så skulle man kunna få en ungefärlig 
position som skulle kunna vara utmärkt likt accesspunkterna i 
figur 7. Med allt för tätt placerade accesspunkter i öppna ytor 
så kommer det hända att man kommer får en position som 
visar fel zon. Det vill säga om varje accesspunkt ska motsvara 
en egen positioneringszon. Detta går såklart att lösa genom 
flera intilliggande accesspunkter motsvarar samma zon. 
 

 

 
Med hjälp av med smartare placering och fler accesspunkter 
kunde nu problemen med felaktig positionering förbättrats 
betydligt. 

B. Mätningar 

 
1) Möbelvaruhuset 

Resultaten från möbelvaruhuset visar att man kan se vilken 
accesspunkt som är starkast och med hjälp av det bestämma 
vilken avdelning man befinner sig i, se figur 8. I punkterna 
som ligger på gränsen mellan två avdelningar varierade 
resultaten om vilken accesspunkt som var den starkaste. Detta 
kan vi se i testpunkterna som är halvfärgade med de två olika 
avdelningarnas färger. Det här problemet kan undvikas genom 
att addera en ny accesspunkt till den röda avdelningen i mitten 
samt flytta de befintliga accesspunkterna till en central plats i 
varje avdelning.  

Figur 7. Där simulering med ytterligare 3 accesspunkter jämfört 
med figur3. Där symbolerna motsvarar samma som tidigare.  
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Figur 8. Mätresultat från möbelvaruhuset som visar färg efter vad mätningarna 
gav för utslag. 

 
2) Kårhuset Nymble 

Resultaten från kårhuset Nymble visar att väl inne i varje rum 
fungerar metoden för att visa vart man befinner sig. Men i 
korridoren kan det bli lite fel. En orsak till detta var att en 
befintlig accesspunkt i radiorummet satt väldigt långt ut i 
hörnet och inte centralt i rummet som vi helst hade velat. 
Detta gjorde att programmet trodde att vi befann oss i, eller 
utanför Radio-rummet när vi egentliget befann oss utanför 
TV-rummet. För att få högre precision i korridoren kan därför 
accesspunkter placeras ut där, vilket testas i simuleringen. 
 

 
Figur 9. Mätresultat från kårhuset Nymble som visar färg efter vad 
mätningarna gav för utslag. 

 
3) Rörelsemätningar mellan två accesspunkter. 

 

Mätningar i möbelvaruhuset som gick ut på att en person 
tillsammans med en mobiltelefon startade vid en accesspunkt 
och gick till en annan. I det här undersöktes när övergången 
mellan vilken av accesspunkterna som var starkast skulle ske. 

Från figur 10 ser vi att övergången från accesspunkt 1 till 
accesspunkt 2 sker relativt tidigt. Detta påminner om 
resultaten från mätningarna i de fasta punkterna. Troligtvis 
beror detta på att man passerat en tjock vägg som dämpar 
signalerna från accesspunkt 1, se Figur 4. 
Från figur 11 ser vi att programmet hoppar fram och tillbaka 
mellan accesspunkt 2 och accesspunkt 3. Troligtvis kan detta 
bero på att när man rör sig mellan två stycken accesspunkter, 
så kommer man ha ryggen vänd mot den ena punkten. Därmed 
skärmar man av mer av den första signalen än från den andra. 
Det kan även bero på hur signalen reflekteras mot vissa ytor 
och vinkeln för den. Och kan därför erhålla ett ojämnt resultat 
i gränslandet mellan två accesspunkter. 
 

C. Jämförelse av simulering och uppmätta mätpunkter  

 
Nedan är en sammanställning av våra mätresultat med 
motsvarande simuleringar för varje mätpunkt, se figur 4 och 5. 
I Tabell II och Tabell III jämförs signalstyrkorna från de 
verkliga mätningarna och från motsvarande simulationer med 
samma accesspunkter.  
Som tidigare nämnts samplades fem stycken värden i varje 
mätpunkt. Av dessa användes sedan de tre första värdena för 
att beräkna medelvärdet av signalstyrkan i varje punkt. I 
mätpunkterna 5 och 9 ur Tabell II  samt mätpunkt 13 ur Tabell 
III uppstod konflikt om vilken accesspunkt som var starkast. 
Här användes då resterande mätdata från den konflikterande 
accesspunkten för att belysa detta problem. Samma situation 
uppstod även vid simuleringar och löstes på samma sätt.  
 
 

Figur 11. Rörelsemätning mellan accesspunkt 2 och 3 i 
möbelvaruhuset. Röd stapel motsvarar accesspunkt 2 där testet 
började och blå motsvarar accesspunkt 3 där testet avslutades 

Figur 10. Rörelsemätning mellan accesspunkt 1 och 2 i 
möbelvaruhuset. Röd stapel motsvarar accesspunkt 1 där testet 
började och blå motsvarar accesspunkt 2 där testet avslutades. 
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VII.  DISKUSSION 

A.  Inomhuspositionering 

Vi har kommit fram till att denna metod fungerar på ett 
tillfredställande sätt när man vill navigera i t.ex. ett 
köpcentrum där man inte hittar. 
Kunderna kommer inte att få sin exakta position, men det 
fungerar bra om man bara vill veta vilken butik man befinner 
sig närmast för tillfället, eller i en större butik om man vill 
veta vilken avdelning man befinner sig i. 

 I ett köpcentrum beståendes av flera små och stora butiker 
skulle detta kunna fungera väldigt bra. Man kan tänka sig att 
alla butiker, restauranger och caféer vill ha ett eget trådlöst 
nätverk för sin affärsverksamhet och även ibland för besökare. 
Små butiker klarar sig med en accesspunkt medan de större 
kanske behöver fler. I och med detta så får man i de små 
lokalerna nöja sig med att veta vilken butik man befinner sig i. 
Medan i de större lokalerna med flera accesspunkter kan man 
avgöra vilken avdelning i butiken man befinner sig. När man 
befinner sig i allmänna ytor mellan de olika butikerna så 
kommer man i realtid kunna avgöra vilken butik eller vilket 
café som man befinner sig närmast. Den här typen av 
positionering kommer inte att fungera i situationer där hög 
precision eftersöks. Man kommer alltså inte kunna hitta en 
exakt position på en viss produkt i en butik. Men vi anser att 
det kommer fungera perfekt för ett stort köpcentrum där man 
bara behöver hjälp att hitta till en viss butik eller avdelning i 
en stor butik. 
Lösningen med att använda många accesspunkter i en lokal 
med öppna ytor kan även skapa problem då det samtidigt ökar 
sannolikheten för att programmet kommer välja en 
intilliggande accesspunkt och på så sätt visa fel avdelning. Ett 
annat problem är som vi stött på under mätningarna är att det 
sker en konflikt om vilken accesspunkt som är starkast, se 
figur 8 och 9. En tänkt applikation skulle då hoppa snabbt 
mellan de två intilliggande avdelningarna, se figur 11. Detta 
skulle kunna lösas med hjälp av en algoritm som kräver att en 
accesspunkt måste vara den starkaste under ett visst antal på 
rad följande sampels. 
 

B. Smartphoneapplikation 

Vi tänker oss att man skulle kunna utveckla en applikation till 
olika mobila operativsystem som fungerar till alla 
köpcentrum, flygplatser och liknande offentliga platser. Denna 
applikation skulle ha som främsta funktion att hjälpa 
människor att navigera sig inomhus på okända platser. Men 
den skulle även innehålla smarta funktioner som en 
produktsökfunktion som kan söka upp produkter du letar efter 
och leda dig till rätt butiker.  
Köpcentrumet ser vilken butik kunden befinner sig i och hur 
denne har rört sig tidigare. På så sätt kan man skicka 
erbjudanden och reklam som matchar kundens profil utefter 
vad man tror denne vill handla.  
Man kan också kartlägga och jämföra hur folk rör sig under 
sina besök och använda denna information för att på ett smart 
sätt placera ut butiker, uttagsautomater, toaletter och caféer i 
köpcentrumet. Enligt [13] så är personers orientering och 
vägval en viktig faktor hur man planerar ett köpcentrum. Men 
på grund av brist på forskning är det svårt  applicera på 
designen. 
När man parkerar sin bil i köpcentrumets parkeringsgarage 
kan man spara positionen på den närmsta accesspunkten i 
applikationen, se figur 12. När man senare vid 
shoppingdagens slut har glömt bort vart man ställde bilen kan 
man enkelt navigera sig tillbaka med hjälp av telefonen. Med 
en sådan här applikation skulle köpcentrumen kunna dra ner 
på antalet informationsdiskar då de flesta kunderna skulle 
kunna få svar på sina frågor genom applikationen direkt i sin 
mobiltelefon. 

TABELL II 
JÄMFÖRELSE AV RESULTAT MELLAN MÄTNINGAR OCH 

SIMULATION I MÖBELVARUHUS 

Mätpunkt 

Mätningar Simuleringar 

Starkast 
AP 

Medelvärde 
signalstyrka 

[dBm]  

Starkast 
AP  

Medelvärde 
signalstyrka 

[dBm] 
1 1 -82 1 -73.8 
2 1 -82 1 -64.8 
3 1 -65.7 1 -56.8 
4 1 -58 1 -56.8 
5 1/2 -75.5/-81.3 1 -70.8 
6 2 -79 1/2 -76.3/-79 
7 2 -69 2 -72.5 
8 2 -47 2 -53 
9 2/3 -68/-66.5 2 -62.5 
10 3 -61.3 3 -67.5 
11 3 -58.3 3 -65 
12 3 -72.3 3 -64.8 
13 3 -67 3 -54.5 
Eftersom den mottagna signalstyrkan från mobilen är avrundad till 
närmsta heltal, så har vi även avrundat den simulerade signalstyrkan till 
närmsta heltal. AP står för accesspunkt 

TABELL III 
JÄMFÖRELSE AV RESULTAT MELLAN MÄTNINGAR OCH 

SIMULATION  
I KÅRHUSET NYMBLE 

Mätpunkt 

Mätningar Simuleringar 

Starkast 
AP 

Medelvärde 
signalstyrka 

[dBm] 

Starkast 
AP  

Medelvärde 
signalstyrka 

[dBm] 
1 1 -41 1 -51.8 
2 1 -41.3 1/2 -59.5/-59.5 
3 2 -45 2 -45.5 
4 4 -56.7 3/4 -58/54 
5 3 -47.7 3 -45.3 
6 3 -47 3 -45.5 
7 4 -53 4 -54.3 
8 4 -49.3 4 -48 
9 4 -53 4 -59 
10 5 -57.3 5 -59.8 
11 5 -49 5 -53.8 
12 5 -54.3 5 -53.8 
13 5/6 -48.7/-51 5 -60.8 
14 6 -49.7 6 -49.5 
Eftersom den mottagna signalstyrkan från mobilen är avrundad till 
närmsta heltal, så har vi även avrundat den simulerade signalstyrkan till 
närmsta heltal. AP står för accesspunkt 
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Figur 12. Köpcentrum med utplacerade WiFi-punkter i form av 
röda ringar. 

C. Simuleringsmodellen 

Simuleringsmodellen vi använde oss av går såklart att göra 
smartare och mer avancerad. Till exempel i matlab skulle man 
kunna lägga in ytterligare funktioner som kan se vilka väggar 
och dylikt som signalen måsta passera för att nå mottagaren. 
Vi skulle då få en mer realistisk simuleringsmodell. Detta är 
en nödvändighet om man med bra resultat vill simulera en 
byggnad med flera våningar[14]. Trots vår relativt simpla 
modell har vi fått goda resultat i simuleringarna jämfört med 
mätningarna. 

 

D. Mätningar 

När man är vilse och ska försöka positionera sig anser vi att 
man stannar upp för att kunna lokalisera sig oavsett om man 
använder sig av en karta i pappersformat eller en smartphone. 
Förutom när man inte försöker navigera sig från punkt A till 
punkt B. Därför har vi lagt stort fokus på att se hur bra det 
funkar när man står stilla i en butik och vill veta sin position. 
Telefonen hölls hela tiden i en naturlig position och aldrig 
medvetet riktad mot en accesspunkt för bättre mottagning. Vi 
anser att om man inte kan positionera sig tillräckligt bra 
oavsett hur man riktar telefonen. Så kommer metoden aldrig få 
genomslag som ett alternativ för inomhuspositionering.  
Våra mätningar vid kårhuset och möbelvaruhuset har skett vid 
en relativ låg folktäthet. Vilket så klart inte testar på om 
metoden skulle funka när större mängder folk är i rörelse som 
påverkar signalstyrkan. Signalstyrkan kan till exempel variera 
mellan 7-28 dBm i ett kontor med 3-4 personer beroende på 
hur mycket de rörde sig[15].   

E. Fortsatta arbeten inom inomhuspositionering 

Vi anser att denna metod har potentialen för att bli en fullgod 
positioneringstjänst för köpcentrum, om man nöjer sig med en 
positioneringsprecision ner till butiksnivå. Nästa naturliga steg 
är att fortsätta med mätningar som är mer utmanande. Såsom 
mätningar där man rör sig i byggnader med flera våningar, för 
att se hur bra det fungerar när man rör sig mellan de olika 
våningarna. Det kan även vara intressant att göra mätningar 
vid rusningstid då det är stor rörelse av personer i byggnaden. 
Ett väldigt intressant projekt skulle vara att ta fram en 
applikation för smartphones. I denna applikation ska det vara 
lätt att ladda in en karta där man sedan kan placera ut de olika 
accesspunkterna.  

VIII. SLUTSATS 
Inomhuspositionering i köpcentrum med hjälp av den starkaste 
accesspunkten fungerar. Man når ner till en precision på 
butiksnivå. I större butiker och till exempel parkeringsgarage 
når man ända ner till avdelningsnivå. Detta kan verkligen 
komma till användning om man besöker ett stort köpcentrum 
där det är lätt att gå vilse. Eller till exempel på en flygplats där 
man försöker ta sig till rätt gate. Köpcentrum kan ta hjälp från 
information av hur kunder rör sig under sina besök för att 
planera anläggning av nya caféer och butiker. En väldigt bra 
anledning till varför man vill fortsätta utvecklingen av 
positioneringssystem som använder sig av WiFi-signaler, är 
att de flesta köpcentrum och butiker redan har trådlösa 
nätverk. På så sätt slipper man undan dyra kostnader för att 
installera andra tekniker. Man kan helt enkelt bara använda sig 
utav befintliga sändare. Eftersom man inte behöver logga in på 
specifika nätverk där man vill positionera sig så har den god 
potential för att bli användarvänlig då man endast behöver 
starta den tänkta applikationen. Så kommer den genast känna 
igen vilket köpcentrum man befinner sig i eftersom BSSID 
adresserna är unika. 
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Child Supervision Using Wi-Fi RSSI
Jacob Greenberg and Charlie Palmér

Abstract—Children have a natural curiosity about the world
around them and want to explore it. It is easy for a busy parent
to lose track of their child, especially if simultaneously having to
focus on other things, such as shopping. This paper presents a
study on different solutions for trying to locate and supervise a
child’s mobile phone running the Android operating system using
another Android mobile phone. Through testing and research, a
method was chosen and implemented in the application ”Child
Supervisor”, which warns the parents once the child might be
out of sight. The method used was to analyze the signal strength
received from the Wi-Fi antenna on the child’s cell phone. Many
possible solutions for an effective application were considered and
these are presented in this report. The final solution implemented
in the application ”Child Supervisor” was to calculate the average
signal strength received and take into consideration the rate of
change of the signal strength. The rate of change indicates if the
child has either moved too far away or moved behind a structure
such as a wall. If any of these events occur, the application will
notify the parent through an auditory warning signal and on-
screen text.

Index Terms—Antennas and propagation, Propagation losses,
Indoor environments, Indoor radio communication, Wireless
networks, cellular phones, Multipath channels, Rayleigh chan-
nels, Time of arrival estimation, Wireless LAN, Attenuation
measurement.

I. INTRODUCTION

W IRELESS systems have become more and more inte-
grated into various products that people use daily. The

possible applications are many and they are developed at a
high rate, e.g., cell phones, wireless routers and sensors in
homes that are wirelessly connected to a main computer.

Positioning with the help of wireless signals is a field where
a lot of effort has been put. The GPS (Global Positioning
System) [1] is a widely used satellite system that works
good in an outdoor environment. The difficulties with indoor
positioning are that many NLOS situations (Non line of sight)
are common. NLOS environments forces the signal beacons
to travel different paths or through mediums with different
propagation speeds than air. One method is using RSSI (Re-
ceived signal strength indication) fingerprints, where a pre-
measured reference map is created through measurements
from existing Wi-Fi access points. The main disadvantages
with RSSI fingerprint is that it is dependent on knowledge
about the environment that it is implemented in [2].

An ideal system would be one that is working without pre
known information about the surroundings, as this makes the
application useful in more situations. Parents always want to
know where their children are, but they often have multiple
tasks to do which forces them to divide their attention between
multiple things. By using technology it may be possible to
put shift their focus away from the child until the application
alerts them. At the same time the children can discover and
play freely which is important for their development. Such

technology could also be useful for fire fighters in unknown
environments with low visibility, to ensure that they do not
get separated from each other.

The focus of this project was to design and program an
Android [3] application in Java. The aim was to aid parents
to ensure that their children do not wander too far away from
them. With the help of the Wi-Fi-antenna built into modern
cell phones, the RSSI can be analyzed in various ways to
estimate if the children are within an acceptable range from
the parent. The child’s phone sends out Wi-Fi beacons that the
parents phone receives. In the parents phone an application is
running and analyzes the RSSI using an algorithm. The choice
of algorithm has been evaluated, in an attempt of creating a
functional application in different environments.

Section II briefly explains reasons for signal attenuation.
The theory, used in this project, about how to model signal
attenuation is presented in Section III. In Section IV different
methods for estimating the position of a wireless device are
discussed. Simulations and implementations of signal atten-
uation models are shown in Section V. The end result is
presented in Section VI and discussed later on in Section VII.

II. SIGNAL ATTENUATION

A signal traveling between a transmitter and a receiver is
attenuated by the distance, fast and slow fading [4]. Slow
fading, also known as shadow fading, occurs when there are
large obstacles in the propagation path, such as thick walls or
entire buildings. The other type of fading, fast fading occurs
due to multiple paths of the signal. Multiple paths occurs when
the signal travels in a NLOS environment and takes different
paths to the receiver. Both types of fading can be modeled as
statistical functions with different properties depending on a
large number of factors, such as the number of walls that the
signal travels through or the thickness of the floor [5, p. 22].

Distance attenuates signals due to flux through mediums.
Different mediums affect the signal at different rates [6].

III. POSITION ESTIMATION

A. Single point estimation

To position an object in a three dimensional space three
different views, i.e., access points, are needed. An access point
can only determine how far away from itself the object is;
without help from others the direction is unknown.

B. N-log distance model

Estimating signal attenuation is a complex process, since
the dependencies on the surroundings are great. The path loss
is the difference between power sent (PT ) and power received
(PR) measured in dBm as showed in (1).
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PL = PT − PR (1)

A widely used approximation of the attenuation, taking in
consideration the surrounding attenuation, is expressed as the
path loss in (2) [7, p. 139], [8, p. 528].

PL = PL0 + 10γ log10

(
d

d0

)
+Xg (2)

PL0 is a reference measurement of the path loss in dB at a
distance d0 in m. The reference distance d0 in short range
projects is commonly set to 1m, which simplifies (2). d is the
distance between transmitter and receiver. Xg represents the
slow fading of the signal [7, p. 209]. Slow fading is mainly
caused by obstructions in the path i.e., NLOS environments
and it is commonly modeled as a log-normal distribution
with zero mean. γ is the path loss exponent, representing the
attenuation of a signal expanding through space. The path loss
exponent is dependent on the type of environment and defined
as in (2) and calculated with (3) [8, p. 529].

γ =
PL− PL0

10 log10

(
d
d0

) (3)

For the remainder of this report d0 will be set to 1m. Typical
path loss values in different environments will be displayed in
section V-C.

C. Area based model

A different approach to positioning is to trade accuracy for
precision. [9]. The goal of an area based model is to estimate
with a high level of certainty that an object is positioned within
an estimated area. Here the accuracy is defined as the distance
from an estimated area to the correct position. Intuitively the
precision of a single point estimation is infinite; for an area
based model however the precision varies depending on the
size of the estimated area. If the size of the area is large the
precision is greater since there is a higher probability that the
device will be within the predefined area.

IV. DEVELOPED SYSTEMS

There are numerous previous attempts at developing local-
ization systems. They were evaluated in the course of develop-
ing the ”Child Supervisor” application described herein. The
pros and cons of a few different methods for positioning are
explained below.

A. Received signal strength indication (RSSI)

The distance between two nodes is estimated by mapping
certain values of the RSSI to a distance. The measured signal is
affected by slow fading, fast (multipath) fading and path loss.
Therefore in an ideal environment without fading, the position
can be estimated as a 2-dimensional circle around the node.
Ideally, taking an average of the RSSI over a long period of
time removes the effects of fast and slow fading. This results
in the following simplified model [10, p. 265].

P = P0 − 10γ log10

(
d

d0

)
(4)

P is the average received power in dB at distance d, γ is the
path loss exponent and P0 is the power in dB at a reference
distance d0.

In an application it is not practical to use an averaging
function that eliminates the effects of slow (shadow) fading,
since this results in a very slow response time. Instead another
model, the N-log distance model, is proposed to include slow
fading, (2) [7, p. 139].

PL = PL0 + 10γ log10

(
d

d0

)
+Xg (2)

B. Angle of Arrival (AOA)

By using an array of several antennas the AOA can be
estimated by looking at the time delay of arrival at different
antennas in the array. The main idea of an AOA estimation
is to measure the time difference between arriving signals at
different antenna elements and include the angle of arrival if
the geometry of the array is known. The AOA is measured
through the phase shift of the incoming signal. To show this,
consider an array of two antennas spaced half of a wavelength
apart. Signals arriving perpendicular to the array will be
arriving simultaneous to the antennas with a phase shift of
0◦ which corresponds to an AOA of 0◦. If the signal comes
in from the side of the array, the signal will have a phase shift
of 180◦, corresponding to an AOA of 90◦.

AOA is costly because several antennas are needed to
pinpoint the direction of the transmitter. For AOA to function
properly there is a need for a reference direction which is used
to calculate the AOA against [11]. To clarify, the orientation
of the antennas in the array has to be known. Alone, AOA can
not tell the distance to the transmitter, but in combination with
RSSI it can be done. It is also possible to localize a node in
an unknown position with AOA measurements from several
known positions [12].

C. Time of Arrival (TOA)

Similar to RSSI, TOA can only give the distance between
the transmitter and the receiver when using only two nodes.
This means that the position of the transmitter only can be
estimated to a circle as shown in Fig. 1.

To be able to estimate the distance between two nodes
the transmitter and receiver have to either exchange time
information or have the same clock. The reason for this is
that there is correlation between the propagation speed and
the distance between nodes. Similar to RSSI, TOA is not
robust against errors. Where RSSI has problems with path
loss and fading, TOA has a problem with propagation speeds.
In a vacuum, radio waves propagate with the speed of light
3 · 108 m s−1. The propagation speed in air can be considered
to be the same. However, in different mediums denser than air,
the speed will be lower changing the time of arrival for the
signal. The radio wave velocity is dependent on the medium’s
parameters according to the following equation

V =
1
√
εµ

=
1

√
εrµrε0µ0

(5)
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Fig. 1. Illustration showing a possible location on a circle.

Fig. 2. Illustration showing one possible position on the hyperbola computed
from two reference nodes.

where V is the radio wave velocity in m s−1, ε and µ are the
medium’s permittivity in F m−1 and permeability in H m−1

respectively [13, p. 25]. As seen in (5) the propagation speed
is lower in other mediums than air, and the time to travel
the same distance will be longer. Also, multiple paths is a
problem. If the signal takes a longer path the TOA will be
different. Work has been done on trying to determine a direct
signal path between transmitter and receiver and disregarding
signals affected by multipath environments. [14].

D. Time Difference of Arrival (TDOA)

Unlike TOA, TDOA does not require synchronization of
time between the transmitter and receiver. However there is a
need for two or more reference nodes to estimate the distance
and position. The reference nodes need to be synchronized.
By measuring the time between the target node and, in this
case, the two reference nodes a hyperbola function is created
estimating the position anywhere on the hyperbola Fig. 2.

If more than two nodes are used more hyperbolas can be
computed, and where these overlap a more accurate position
can be estimated [15, p. 1]. Comparing Fig. 1 and Fig. 2,

one sees that accuracy of TDOA is much better than TOA
and RSSI, since the device will be between the two nodes
compared to the omnidirectional positioning in TOA and
RSSI. The accuracy of TDOA comes at the cost of a more
costly system due to the need of reference nodes.

TDOA is, in its simplest form, not very robust against
multiple paths but by using a generalized cross-correlation as
proposed in [16], [17] and [18] , a filtered version of the signals
are cross-correlated to be more robust against multiple paths
to reduce the main issue with signal propagation in a NLOS
environment.

E. Global Positioning System (GPS)

A well known and well-used system to estimate a position
is the GPS-system. It is used in navigation devices and in cell
phones, often with great precision (5m with 95% confidence)
[1, p. V]. To get this accuracy the device has to be outdoors
since indoor environments reflect and scatter the signal, which
prevents the signal to reach devices located indoors. GPS will
therefore not work for this project.

F. RSSI Fingerprinting

The idea of fingerprinting is to create a reference map
containing information on the RSSI values at multiple given
points. By measuring the RSSI and correlate the values with
the reference map, a localization estimation can be done. In
experiments it has been shown that fingerprinting has far better
accuracy than simple RSSI measurements [19]. However, it is
expensive because the reference map has to be constructed and
thus there has to be several access points. Further, if anything
changes in the area, such as new inventory or a wall or access
point has been moved, the map has to be reconstructed.

V. IMPLEMENTATIONS

A search through the literature revealed no earlier projects
about distance approximation between two mobile devices
using only Wi-Fi beacons. In this project potential multiple
solutions have been tested and discussed, resulting the product
discussed in this report.

A. Theoretical simulation

The wireless signal is, as mentioned above, affected by
attenuation in the form of path loss. However, this is not the
only disturbance that has to be taken into consideration when
designing a wireless system or modeling wireless transmis-
sions.

A model for fast fading is Rayleigh fading. Rayleigh fading
is a statistical model based on a Rayleigh distribution that
changes the amplitude and phase, depending on what band-
width the signal has and if there is a Doppler shift of the
signal.

The Rayleigh model is useful in environments that scatter
the signals such as urban areas and indoor environments.

The Rayleigh distribution probability density function is
given as (6) [7, p. 210] where σ2 is the time-average power
of the received signal.
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p(r) =
r

σ2
e−r(2σ

2)−1

r ≥ 0 (6)

This is used to calculate the probability that the envelope of
the received signal exceeds a specific value R given by the
cumulative distribution function (CDF) as seen in (7)

P (R) = Pr(r ≤ R) =
∫ R

0

p(r)dr = 1–e−R
2(2σ2)−1

(7)

Using MATLABs built in function to create a frequency-
flat Rayleigh fading channel, meaning that it is uniformly
affected by fast fading. Too be able to consider the channel as
frequency-flat the coherence bandwidth will have to be larger
than the signal bandwidth. This occurs when the signal propa-
gates in a multipath environment creating a delay spread due to
small differences in the signals traveled distance between the
transmitter and the receiver. The coherence bandwidth, [20],
is calculated as

Bc =

{
1

50σt
η0 = 0.9

1
5σt

η0 = 0.5
(8)

where σt is the delay spread and η0 is the level of frequency
correlation. Two typical values for the threshold levels of the
coherence is η0 = 0.5 and η0 = 0.9 [20]. A signals fast
fading is considered Rayleigh faded if the signals propagates
in a NLOS environment. There are, however, a way to model
the fast fading in a LOS environment. This is done through
the use of Rician fading. Rician fading is a stochastic model
to describe fast fading where there are LOS between the
transmitter and receiver. The fading occurs due to the signal
partially canceling itself [7, p. 212]. The experiments resulting
in Fig. 4 were done in a LOS environemnt and the RSSI were
averaged. So the effects of fast fading, Rician- and Rayleigh-
distributed, is essentially zero since averaging the RSSI will
diminish the effects of fast fading.

B. Test environment and data acquisition

All measurements in this section were made in the corridor
on floor two between the two house bodies at Osquldas väg
10 and Osquldas väg 6 at the Royal Institute of Technology.
The corridor were about three meters wide and 28 meters
long. During all measurements there were no obstacles in
the corridor. Two HTC Desire A8181 running Android 2.2
were used for the measurements, one for sending and one
for receiving Wi-Fi signals. A measuring tape was used to
determine the exact distance between sender and receiver.

A test environment in MATLAB was set up, according to the
N-log path loss model, which processed obtained RSSI values
from Per Zetterberg and Martin Ohlsson’s software, ”Student
FrameWork” [21].

C. N-log path loss distance estimation from measured data

The first step was to average a set of 23 measurements at
a distance d0 = 1m to decide PL0 which is made by taking
the difference between the output in decibel and the RSSI
at d0 as in (1). The problem with this is that Android does

TABLE I
DISPLAYING TYPICAL PATH LOSS EXPONENTS FOR DIFFERENT

ENVIRONMENTS [7, P. 139].

Environment Path loss exponent, γ
Free space 2

Urban area cellular radio 2.7 to 3.5
Shadowed urban area cellular radio 3 to 5

In building LOS 1.6 to 1.8
Obstructed in building 4 to 6
Obstructed in factories 2 to 3
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Fig. 3. Measurements from the corridor between the two house bodies in the
Q-building. Static sampling for approximately one minute per measurement,
mean value was used for the N-log distance model calculations.

not include any ways of knowing the output power sent from
the antenna and the antenna gain would also be unknown. In
this project the solution to this was sampling the RSSI with
another phone and trying to achieve as high RSSI as possible.
The highest value recorded, −3 dBm, was assumed to be the
output power. The obtained average PL0 = 32.217 dBm was
calculated using measurements done at 1 meter. 32.217 dBm
is in accordance with1 the results obtained in [8].

The next step was deciding a value for γ using (3). To
achieve a more accurate result and decrease the impact of
temporary disturbances, a total of 292 samples was obtained
from different distances, ranging from 1m to 25m. It resulted
in a range of values for γ between 1.9 and 3.2 with an average
γ = 2.475. The obtained value for γ is within an acceptable
range according to TABLE I even though it is slightly larger
than expected based on the test environment.

A new set of measurements was made in the same en-
vironment with different distances between transmitter and
receiver. By using the calculated γ and PL0 the distance can
be estimated. As seen in Fig. 3 the error between estimated and
measured distance was large for all measurements and grows
with distance. In Fig. 4 the measured values are shown together
with the theoretical signal strengths obtained through the N-
log distance model with γ = 2.475. Due to poor accuracy
when testing, this method was discarded.
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Fig. 4. Theoretical attenuation using N-log distance model in comparison
with the measured values.

D. Area based estimations

Localizing the object’s position was not attempted in any
way but only making sure that the object was within a given
area. The only attempt to locate the object was by using the
RSSI rate of change and a minimum RSSI value.

Since the RSSI values obtained by the HTC Desire A8181
were very unstable in accordance with the Rayleigh model,
they were not trustworthy enough to be considered one at a
time. Instead an averaging function was implemented, where
the last 20 samples were considered and an average was made
out of them. With a sample time of 100ms the average was
based on the last two seconds. The number of samples used
represents a trade-off. If too few samples are used, the non-
stable measurements may cause the application to send out a
false warning that the child is too far away from the adult.
On the other hand, if too many samples are used, the system
responds slowly to changes. This is not desirable because a
late warning will make it more difficult to locate the child.

Since the goal of this project is to ensure that the child’s
phone does not get too far away from the supervisor a limit
must be set. Because a distance is not possible to determine
with satisfying accuracy the limit will need to be based on
unprocessed RSSI values. The maximum RSSI value was set
to −75 dBm, since that value gave an adequate range in most
cases while testing the application in different environments
in the Q-building. This approach results in different distances
in meters that is seen as in range which is a wanted effect.
A larger distance is accepted between the supervisor and the
supervised in an open environment than when visibility is
limited. As seen in Fig. 4 the measuered value never drops
below −75 dBm. This is due to an effect known as waveguide.
Waveguiding occurs when the signal propagates in a confined
space, such as a corridor, lowering the propagation loss of the
signal significantly [22, p. 10].

When testing, an interesting phenomena was observed. If
one device moved behind a wall, the signal strength would
drop substantial without having to reach the lower limit set

in the application. This created a problem, since it was no
longer possible to see the device but no alert was sent. So to
get an even quicker response from the application an analysis
of the rate of change, the derivative, of the RSSI value was
implemented.

xaverage(n)− xaverage(n+ v) = RoC (9)

In (9) xaverage(n) is the first sample and xaverage(n + v) is
the sample v itterations later. RoC is the rate of change. If
RoC is positive, the distance between the phones are most
likely increasing.

Through testing of the application, the sampling rate for
the derivative was chosen. In initial testing the number of
iterations between the samples was set to one. This did not
work since the derivative would not change fast enough to
send out an alert. To create a derivative large enough to send
an alert, the user have to run fast away from the supervisor.
For the next test, the value was set to 15 iterations between
the samples. This created another problem, the device did not
have to move very far away to send out an alert since the
RSSI value change was large. So through more testing with
different sample delays, a final value of five iterations between
samples and a limit on the rate of change to 3.5 dBm was set.
3.5 dBm was chosen since the derivative is calculated using
the average of the RSSI values. But since the RSSI fluctuate
this might trigger an alert. To make the application robust
against fluctuations an alert is only sent out if there are four
consecutive derivative values larger than the set limit.

VI. RESULTS

A. Child Supervisor application

The application ”Child Supervisor” was the final product of
this project. It was developed in Eclipse with Android SDK.
Per Zetterberg and Martin Ohlsson’s framework ”Framework-
BachelorChild” [21] was used as a base for the application.
The framework had already a built-in Wi-Fi-gathering system
that was essential for the ”Child Supervisor” application and
numerous other predefined functions to simplify the applica-
tion development.

The main goal was to notify the supervisor when the
supervised phone exceeded the predefined range limit. This
was successfully implemented with both an auditory alarm and
an on screen text, informing the supervisor what has happened
as seen in Fig. 5.

VII. DISCUSSION

A. Signal propagation

In free-space the signal propagation is known and can
be effectively modeled with great precision. These models
however are not of great use in practical work since they do not
take into consideration all the effects that exist and influence
the signal. The main problem making a model are that there are
to many aspects that is needed to be taken into consideration
for the model to work. For example, a model may be suitable
for one specific house but not work adequately in another.
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(a) Start screen. (b) Child is in range. (c) Child is too far away. (d) Child is leaving rapidly.

Fig. 5. Prints of ”Child Supervisor” application.

Another aspect worth taking into consideration is the fact
that indoor localization generally involves shorter distances.
A small deviation in meters is relatively speaking a large
deviation in percent when comparing distances indoors versus
outdoors. This results in a higher performance demand on
indoor localization to satisfy user expectations.

The application is intended for indoor usage and there
were hopes of being able to use a linear model for the
signal strength. This because the changes are much larger as
mentioned above, and as seen in Fig. 4 a linearization seems
possible up to the first five meters. However, the changes were
to small after the first five meters to maintain a linear relation
and therefor a good precision could not be achieved. Tests in
environments different from the experiment setup, this linear
effect was not as prominent.

Since the signal propagation is unpredictable the perfor-
mance of the Child Supervision application may vary. This
supports the idea of having different profiles available for the
parent. If the user wants their child to be able to move a
bit more freely than the application allows it, the parameters
can be changed to achieve that. The profiles have not been
implemented yet, but are under development.

B. Guidance to child

One feature that was not fully implemented in the applica-
tion during the project, but would be a great improvement, is
to allow for the possibility of guiding the supervisor to the
child. The only help that was implemented was the on-screen
RSSI averaged value, which is updated twice every second.

Based on the change of the RSSI, a change in distance
between the child and the supervisor can be determined. With
an increase in RSSI the distance can with great certainty be
determined as decreasing, which leads to finding the child.
The opposite happens with a decrease in RSSI. By analyzing

the change when moving, some directions can be filtered out,
indicating that this is the wrong direction towards the child.

However this direction eliminator only works on the as-
sumption that the child is standing in one place. Since the
child most likely moves to see something that interests it, it is
difficult to guess when the child is standing still, and for what
duration of time, since attention might shift to something else
close by.

C. Fields of use for application

The application is developed as a help for parents, keeping
track of their children when in e.g., shopping malls, town
squares and forests. That is, this application should work in
an environment or situation where children and parents have
the possibility to get separated from each other.

However, this is not the only use for this application.
Fire fighters work daily in unknown indoor environments
with low visibility. By keeping track of positioning the of
firefighters work would become safer if something happens.
The application could also aid fire fighters who go into a
burning house, so that they can stay close together.

As long as the goal is to monitor the distance between two
mobile nodes the ”Child Supervisor” is adequate. Possibly
some tweaking might be needed to change the range and rate
of change that should invoke a warning from the application.

D. Alternative solutions

This project has focused on distance measurements using
two nodes, which makes it applicable in almost any environ-
ment. However it does not locate the exact position of the
nodes, nor the distance. The application only deals with the
change in RSSI between the two nodes.

Another solution is to use trilateration using existing Wi-
Fi access points. Today, most shopping malls have several

298



K2. CHILD SUPERVISION USING WI-FI RSSI

access points around their interior and by utilizing this together
with prior knowledge of the locations of the access points an
application can calculate the position of the client and show it
on a map. Compared to fingerprinting there is a lower setup
cost since there is no need to create a radio map. However,
similar to this project, the signal strength changes, if there are
more or less obstacles between the access point and the client.

VIII. CONCLUSION

Signal models are practically impossible to define exact
enough to be able to estimate distances adequately in unknown
environments. This leads to more expensive implementations
in buildings where an environment-adapted model is possible
to do. In buildings where an adapted model is not possible to
do, there is as of today no good implementation to use.

In this project an attempt was done to make an application
that would function in different environments, despite the
difficulties with unknown signal propagation behavior. The
end result was an application with an implemented model
that analyzed the RSSI and the rate of change of it. With
some further development with the graphical user interface a
commercial application could be released based on the model
used in this project.

Despite the success of the application, there is a lot more
to work to do with regards to indoor localization. Since no
good estimate of the distance between two cell phones was
accomplished in this project, adding more access points to
trilaturate a position will not be successful. The uncertainty in
the approximations will still be high.

There is a lot of work being done on creating a system to
estimate an indoor position of a wireless node in an unknown
environment. Most of the papers found in the literature search
focus on trying to locate a stationary node, such as an access
point or a wireless sensor, and not a moving node, such as a
child’s phone.
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Abstract - The goal of this project was to determine the 

positioning accuracy of a wireless system called ultra wideband, 

or UWB, and to see if it could be implemented into a shopping 

mall for localization of people. 

Numerous measurements were done in different kinds of 

environments to study the influence of various interference and 

obstacles. Additional analysis was done to examine the systems 

properties.  

Accuracy higher than 30cm was achieved up to 5 meters, but the 

penetration through obstacles, especially human bodies, is low. 

Modifications and improvements have to be done to ensure a 

reliable system in a shopping mall.       

I. INTRODUCTION 

ODAYs most widely used system for localization is GPS, 

and it has sufficient accuracy for commercial outdoor 

usage. However, due to several limitations GPS is not suitable 

for indoor usage [1]-[2].  

There are many different techniques and systems, besides 

UWB, for indoor localization, but the common disadvantage 

of all these systems is low accuracy [3]. UWB on the other 

hand has good localization accuracy and some other 

advantages such as high data rates and low power 

consumption [4].  

UWB does not transmit a continuous signal but sends bursts of 

pulses spread over the whole bandwidth which is usually 

greater than 500MHz. Due to the low power-spectral-density 

UWB is not interfering with other systems within the same 

spectrum.    The operating frequency of a typical UWB radio 

is between 3.1GHz and 10.6GHz, but it can also operate at 

lower frequencies between 0.3GHz and 1GHz [5]-[6]. 

For this project a system based on the lower frequencies was 

used. The system consists of two identical units, one 

programmed as master and another programmed as slave. The 

aim was to get accuracy higher than 30 cm for an 

implementation into a shopping mall to be realistic and to 

examine the systems vulnerability to different obstacles.  

In Section II we will explain the different parts of the 

equipment and how they work together as a unit. Section III 

will address the methods used to accomplish the tasks.  

Section IV contains our results. In Section V we will discuss 

the results and eventual errors, and Section VI is about our 

final conclusions.  

II. THEORY 

The first thing we needed to do was to get familiar with the 

equipment. Our equipment is based on independent and 

asynchronous units, which can perform as a master or a slave. 

Every unit consists of three main parts: FPGA (Field-

Programmable Gate Array) [7], UWB measurement card and a 

discone antenna, shown in Fig. 1. 

 
Fig. 1. UWB unit: 1. FPGA; 2. Measurement card; 3. Discone antenna. 

A. FPGA 

FPGA is a general-purpose programmable logic device, 

which due to its flexibility can be used for many different 

purposes [7]. Our FPGA, ML505 Virtex-5 [8], has a 

maximum clock frequency of 100MHz and its task is to 

control the measurement card and send the measured data to a 

computer through a JTAG (Joint Test Action Group) cable [9]. 

The JTAG cable is also used to program the FPGA. 

B. Measurement card 

The measurement card has a maximum clock frequency of 

25MHz in various sections [6] and consists of three main 

parts, a time-to-digital converter (TDC) [12], a 12-bit Digital-

to-Analog converter (DAC) [10] and a UWB Transceiver [6]. 

 The UWB transceiver is a UWB radio which is based 

on the impulse radio (IR) approach [5]. It has a pulse 

generator which creates a burst of pulses. The burst is 

sent through a Receiver/Transmitter (RX/TX) switch 

to the antenna. The RX/TX switch gives us the ability 

to use only one antenna for receiving and 

transmitting. There is also an Energy Detector which 

registers the incoming pulses higher than the 

threshold voltage, adjusted on the FPGA. 

 The TDC measures the round-trip-time (RTT), the 

total time it takes for the master from transmitting to 

receiving the pulse, with a resolution of 65ps and 

converts it to a 32-bit binary digital code. This high 

resolution is essential for our system because it gives 

high measurement accuracy. 

 A DAC converts a binary digital number to a 

physical quantity. In our case, it converts the digital 
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binary number from the FPGA to a voltage threshold 

used to detect the receiving signal [10]. 

 

C. Discone Antenna 

Our antenna is wideband omnidirectional [11], which in 

ideal case sends radio waves equally in every direction in one 

plane. 

D. System function overview  

By default, the master is in transmitting mode and the slave 

is in receiving mode. To start transmitting, the FPGA 

initializes the pulse generator and the TDC. This is the start 

point of the measurement. After the signal is transmitted, the 

FPGA changes the master mode from transmitter to receiver. 

When the signal arrives to the slave, it switches to transmitting 

mode, this takes some time and a delay factor had to be 

calculated, the signal then returns to the master and the energy 

detector sends a stop signal to the TDC. The binary digital 

code is then converted back to time domain by a simple 

equation (1), which was obtained from the TDCs datasheet 

[12]. 

 

                                  
                

   
                         

 

E. Software 

During the practical part, the software Xilinx ISE Design 

Suite 14.2 [15] was used to program the FPGA and extract the 

data. Matlab was used for all the calculations. 

III. METHOD 

There were four main steps to be done during the project: 

calibration, validation, ranging and positioning. These four 

steps were made in the reactor hall R1 at KTH because of 

large open area and low interference. Calibration and ranging 

were also done in an office environment. Beside the main 

steps we did additional measurements, trough glass, walls, and 

humans, to see how the system would perform in a real 

environment. 

Before doing any measurement for calibration, we were 

adjusting the threshold on both master and slave FPGAs in 

order to find the maximum range. If the system is going to be 

implemented in a real situation, it is important to use the same 

threshold in all the steps. 

All the calculations started with analyzing the extracted data, 

which contained around 65000 values in every measurement 

point. The raw data had more or less noise, depending on the 

distance, which had to be filtered out. This was done by 

zooming in on an area with lesser noise to see the maximum 

and minimum bounds of the actual signal and then filtering the 

noise that was outside the bounds. An illustration of this can 

be seen in Fig. 2. 

 

 

 

 

After filtering the data, an average value, standard deviation 

and noise percentage was calculated at every point. At greater 

distances, it was sometimes necessary to study the histogram, 

due to the high noise level. 

   
Fig. 2. Difference between raw and filtered signal at 1 meter. 

 

A. Calibration 

This is the most important step in the practical part, because 

the more precise it is, the more accurate the positioning will 

be. The essence of this step was to get a time-to-distance 

relation, needed for the positioning. All calibrations were done 

at known distances, measured with a handheld laser range 

finder, between 0.5 and 15 meters with half meter intervals 

and then time was plotted as a function of distance. These 

measurements were then fitted with a polynomial curve and 

the delay factor could be extracted, as the point where the 

curve intersected the y-axis.  

B. Validation 

In this step, measurements were done on random distances 

within the same range as for the calibration. The time-to-

distance relation was applied to check if it provided accurate 

distances. 

C. Ranging 

We determined the maximum range of the equipment by 

moving the slave until no signal was received, but we only 

used the range where the system could provide the required 

precision. 

D. Positioning 

The positioning was done by using a method called 

trilateration [13]. This method is used widely in other 

positioning systems, such as GPS. It is based on finding the 

interception (target position) of three circles, which can be 

calculated by applying least-square method on a system of 

three circle equations [14]. The center points of the circles are 

at known positions and are called anchors. A sketch of this 

method is shown in Fig. 3. 
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Fig. 3. Sketch of trilateration 

 

In our project, we were measuring an approximate radius 

from the slaves (anchors) to the master (target position). Due 

to the lack of slave units, only one was used and we were 

moving it at the three anchor positions. A grid was made and 

the anchor was placed at the following coordinates: (0, 0), 

(4.8, 0) and (0, 4.8) meters. The master unit was placed at ten 

different positions with 0.5 meters interval, between (2.4, 0) 

and (2.4, 4.5) meters.  The RTTs were then converted to 

distances by using (3). After solving the system, we estimated 

the target positions and accuracy was extracted.  

For the additional measurements with obstacles the RTT was 

measured and compared with the calibration curve acquired in 

R1.  

IV. RESULTS 

In the office environment we did two calibrations in a 

narrow corridor, one without obstacles and one with a big 

metal cabinet. The results were not satisfying because the data 

could not be fitted by a second order polynomial fit. A fourth-

order fitting was used as it provided significant improvement 

over the lower-order fit. The measurements were very similar 

up to about 10 meters, where the cabinet was placed, but then 

the RTT increases more rapidly in the measurement with the 

cabinet as can be seen in Fig. 4. Because of very high noise 

level which gave inaccurate data at large distances we decided 

to do the rest of the measurements only up to 10 meters. The 

ranging resulted in a maximum range only a few centimeters 

beyond 15 meters. 

 

 
 

Fig. 4. Office environment calibrations. Each point in the figure is the average 

RTT value acquired at a specific distance. 

 

The calibration in R1 gave similar result as in the office 

environment, a maximum range of about 15 meters and with a 

fourth order polynomial fit depicted in Fig. 5. Because of the 

bad data after 7 meters we decided to do the positioning only 

up to 5 meters. 

 

 
 

Fig. 5. Calibration in R1. Each point in the figure is the average RTT value 

acquired at a specific distance. 

 

The fitting was redone up to 5 meters and a second order 

polynomial fit (2) was achieved, where x is the distance in 

meters and the last constant in (2) is the delay factor. 

 

                                                 (2) 
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                       (3) 

 

Then a validation was done by the inverse equation (3) of (2) 

at 0.8, 1.6, 2.4, 3.9 and 4.7 meters and all the results except 

3.9 had an error lower than 0.11 meters, which was deemed 

sufficient for the positioning. The results from the validation 

can be seen in Table I. 
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TABLE I 

RESULTS FROM THE VALIDATION IN R1 

Real distance [m] Estimated distance [m] Error [m] 

0.80 0.82 0.02 

1.60 1.60 0.00 

2.40 2.37 0.03 

3.90 3.58 0.32 

4.70 4.81 0.11 

 

The positioning’s grid which includes the positions of the 

anchors, the actual and the estimated master positions are 

represented in Fig. 6. 

 
 

Fig. 6. Positioning 

  

The results of the positioning can be seen in Table II. The 

desired accuracy, higher than 0.3 meters, was achieved in all 

points except three.  

 
TABLE II 

RESULTS FROM THE POSITIONING 

Actual Position  

(x, y) [m] 

Estimated position  

(x, y) [m] 

Error  

[m] 

(2.4, 0.0) (2.41, 0.20) 0,20 

(2.4, 0.5) (2.36, 0.50) 0,04 

(2.4, 1.0) (2.25, 0.79) 0,26 

(2.4, 1.5) (2.28, 1.62) 0,16 

(2.4, 2.0) (2.24, 2.07) 0,18 

(2.4, 2.5) (2.21, 2.44) 0,19 

(2.4, 3.0) (2.13, 2.80) 0,33 

(2.4, 3.5) (1.79, 3.14) 0,71 

(2.4, 4.0) (1.74, 3.50) 0,83 

(2.4, 4.5) (2.26, 4.33) 0,22 

 

The error in Table II is the distance between the actual and the 

estimated position at the current point, which was calculated 

by (4) [16]. 

 

      √                                     (4) 

 

The measurements with obstacles gave different results. The 

signal went through glass almost unhindered with only some 

reflections that were easily filtered. Through walls the RTT 

was increased, which resulted in a similar curve only shifted 

upwards due to the longer flight time of the signal.  

The most affecting obstacle was the human body where the 

actual flight time of the signal got more than 10 times higher. 

This can be seen in Fig. 7, when two people passed between 

the units.   

 
 

Fig. 7. Two people passing between the units. 

 

V. DISCUSSION AND ERROR ANALYSIS 

During the project, several difficulties related to the 

equipment occurred. The most apparent ones, which worsen 

the results, are the great noise, the unsynchronized clocks of 

the units, and the low range of the equipment.  

A. Noise 

There were in general two types of noise. The first and 

largest part of the noise was due to reflections of the signals. 

This causes either higher or lower RTT, depending on how the 

reflections occurred. The second type of noise was the TDCs 

timeout. This happens when no signal is received during the 

TDCs measurement range [12], and a zero RTT is registered. 

To improve the quality of the signal the threshold level has to 

be balanced, because low threshold detects more reflections 

and high threshold increases the probability for TDC timeout. 

B. Unsynchronized clocks 

Both the FPGAs on the master and the slave unit have 

slightly unsynchronized clocks. Our FPGAs have a clock 

frequency of 100MHz with a maximum error of ±200Hz. This 

results in a triangular waveform of the measurements. Let’s 

assume that the slave unit has little higher clock frequency 

than the master and that the both units started running at the 

same time. This means that every next RTT measurement will 

be shorter, because the slave managed to respond faster than 

the previous RTT measurement. After some time, the units 

will be synchronized again due to the periodicity and the 

process will repeat. To prove this, we did a simulation in 

MATLAB by generating two clocks with a main frequency of 

100MHz and frequency difference of 400Hz. The simulation 

time was only 10ms but this is enough to notify the triangular 

waveform. To make the simulation even more similar to our 

system, we added a delay factor of 5000ns on every RTT 

measurement. In Fig. 8, we made a comparison between a real 

RTT measurement and our simulated system. 

304



       K3 Positioning - UWB 

 

 

 
 

Fig. 8. Comparison between real and simulated triangular waveform. 

 

This phenomenon affects our results, because now we are 

calculating the average value which would not be necessary if 

the units were synchronized as the RTT would be almost a 

constant with additive noise. If we want to have a very fast 

real time system, this problem has to be resolved. After 

analyzing our simulation, we discovered that the frequency 

difference between the units could be extracted by dividing the 

simulation time with the number of triangles. This gives us the 

period of one triangle and the frequency difference is the 

reciprocal of the period. By knowing this, it would be possible 

to make a wireless synchronization. Another importance is 

that the triangles provide the clock frequency of the FPGA and 

it is the reciprocal of the height of the triangle.  

C. Low range 

Heavily noisy measurements on larger distances, shown in 

Fig. 9, are responsible for low range accuracy. 

 
Fig. 9. Heavily noisy signal. 

 

If we compare the signals from Fig. 8 and Fig. 9, we can see 

that the triangles in Fig. 9 are absent, making it impossible to 

identify the actual RTT. The low range of the system can be 

improved by amplifying the transmitting signals on both the 

master and the slave but this leads to higher power 

consumption and manufacturing cost. 

D. Human factor 

The measuring of the correct physical distances was done 

with a laser, and even if it has millimeter precision larger 

errors will be added, mainly because of the difficulty to 

measure the exact distance between the two discone antennas. 

This causes the error to propagate through all the steps from 

calibration to positioning.  

The filtering boundaries in Matlab were predetermined 

manually for every single point. Wrong boundaries give 

wrong average value of the RTT. Because of the high speed of 

the signals, an error of 1ns corresponds to around 30cm if we 

approximate the signal speed with the speed of light. 

E. Analyzing the results from the positioning 

As can be seen in Fig. 6, all the estimated points are 

increasingly moving to the left as the master is moving up the 

y-axis. After examining the results by plotting circles around 

the anchors with the RTTs as radius, we saw that the anchor in 

origo gave lower RTTs, compared to the anchor in (0, 4.8), 

when they should have the same RTT because of symmetry. 

One reason for this can be placing the origo anchor at wrong 

position. Another reason can be that, the grid did not have 

perpendicular axis. In order to improve this, better measuring 

equipment has to be used. 

Another type of error occurs due to the non-ideal hardware. 

This can, for instance, cause variation of the delay factor. The 

antennas are also non-ideal and they don’t send the signals 

equally in every direction [11], which causes irregular RTTs 

on different distances. If one of the antennas is slightly tilted, 

due to the omnidirectional property, the other one will receive 

weaker and weaker signals as the distance increase, resulting 

in higher RTTs.  

F. Other implementations 

This system has a great potential to be implemented in other 

situations. 

 As we saw before in Fig. 7, the system can easily 

detect passing people between units, which can be 

useful for situations where a number of passing 

people has to be calculated. 

 Another implementing area is in great factories, 

where products have to be tracked in real time. This 

provides direct information if there is a stop 

somewhere in the production process. 

 It can be used for navigating robots in hostile 

environments. 

 If the system is synchronized and integrated with the 

GPS in a car, the total system would get better 

localization accuracy and the UWB could take over 

where the GPS doesn’t work, as in a tunnel or in big 

garages where the drivers even could be navigated to 

free parking spaces. 

 

VI. CONCLUSION 

Although the system has great potential, we draw the 

conclusion from our results that this system is not yet ready 

to be implemented in a shopping mall. The low range for 

which the accuracy is sufficient is not enough for an 

implementation to be profitable, because many units have to 
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be installed to cover the whole area. Also, the low 

penetration ability through obstacles means that you need a 

free line of sight to get accurate positioning. This is not 

convenient in a shopping mall where a lot of people are 

frequently passing the signals. 
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Point-to-Point Communication
Henrik Forssell

Abstract—Mobile communication is an essential part of our
everyday life. In many situations we rely on being able to
use the mobile network. The mobile network uses cellular
communication which means that connections are managed by
base stations. Cellular operators have observed that many of the
connections made in shopping malls are made between people
within the mall. One suggestion that could decrease the load
on the base station is to allow mobile devices, within a short
distance from each other to communicate directly. To do this
a reliable point-to-point communication needs to be established
between the mobile devices. Point-to-point communication can be
challenging in fluctuating channel conditions. One way to deal
with this is to increase transmission power. But this is problematic
with limited resources in the mobile devices. Another solution
is to use channel codes for controlling errors in transmitted
data. The two standard error control techniques are forward
error correction (FEC) and automatic repeat request (ARQ).
The main focus of this report is on the combination of FEC
using low-density parity check (LDPC) codes and ARQ. These
types of schemes are called hybrid-ARQ (HARQ). Theory of
digital communication and these error control techniques is
presented. Simulations were carried out in MATLAB showing
the performance of the discussed schemes. The most important
result is that in varying channel conditions a HARQ scheme with
incremental redundancy has the best performance.

Index Terms—Forward error correction, Automatic repeat
request, hybrid-ARQ, Low-density parity check codes

I. INTRODUCTION

THE robustness of the mobile communication network is
of great importance in the modern society. People rely

more and more on the ability to communicate and receive
information in every situation. The mobile network is based on
cellular communication, meaning that all connections are made
through a base station. Operators of cellular networks have
observed that in crowded places like a shopping malls, many
of the connections are established between devices within the
mall. For example when people making calls to decide a
place to meet. These short-distance connections, as any other
connection, occupy part of the bandwidth of the base station.
One suggested method for reducing the load on the base station
is to allow the mobile devices to communicate directly.

To make this possible a wireless point-to-point communi-
cation network needs to be established between the mobile
devices. Due to limited resources in the small and energy
efficient mobile devices, we have limited power for the
transmitted signal. With low transmitting power the noise
introduced by the wireless channel will distort the signal to a
great extent. This makes it challenging to establish error-free
point-to-point communication in poor and fluctuating channel
conditions. One solution is to use channel codes for controlling
errors introduced by the channel.

There are basically two techniques for controlling errors in
data communication called forward error correction (FEC) and

automatic repeat request (ARQ) [1]. FEC gives the commu-
nicating receiver the ability to correct errors in the received
data stream. ARQ makes the receiver automatically request a
retransmission of a packet that is received in error. The use of
ARQ and FEC in combination is called Hybrid-ARQ (HARQ).

The 3rd generation partner project (3GPP) that has devel-
oped the 3G mobile phone system introduced the high-speed
downlink packet access (HSDPA) protocol. This standard in-
clude error control methods of HARQ type. More specifically
a FEC technique called Turbo Codes is used in combination
with ARQ scheme [2], [3].

One FEC method that lately has shown good performance
is the use of the low-density parity check (LDPC) codes.
These codes and an iterative decoding algorithm was first
introduced by Gallager in 1963 [4]. These codes were not
frequently used for several years. But in the last years it
has been proven that they outperform the previously popular
Turbo codes in terms of bit error rate [5]. It has been shown
that LDPC codes and ARQ schemes combined in HARQ
schemes can perform close to the capacity of the channel [6],
[7]. As LDPC codes have been shown to perform better
than Turbo codes it is a natural choice to use these codes
in mobile communication to achieve better performance in
the future. Studying HARQ with LDPC codes will therefore
be interesting both for the considered use in point-to-point
communication as well as mobile communication in general.
The main focus of this report is to study the theory needed
to understand how FEC codes work in HARQ schemes. Then
investigate the performance of different schemes in varying
channel conditions. It will also discuss the possible benefits
of using these schemes for point-to-point communication, for
example in an shopping mall.

In Section II the communication theory needed is described.
More specifically theory of ARQ and channel coding is
presented along with definitions of important concepts such
as bit error rate, throughput and the additive white Gaussian
noise (AWGN) channel model. In Section III the simulation
results is presented. Most important is the throughput of type-
I and type-II HARQ for different signal-to-noise ratios. In
Section IV some conclusion are drawn and the most important
results are summarized.

II. COMMUNICATION THEORY

In digital wireless communication the digital data is mod-
ulated into a signal. The signal is transmitted through the
wireless channel to the receiver which demodulates the in-
formation. Since the wireless channel introduces unwanted
noise to the received signal, the received demodulated data
is generally not the same as the transmitted. To deal with
this inevitable noise the sent information is coded to give the
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Fig. 1. Block diagram of communication system

Fig. 2. Block diagram of BPSK in AWGN channel

receiver the ability to detect or correct error introduced by the
channel. A simple diagram showing this principle can be seen
in Fig. 1.

A. BPSK in AWGN Channel

Phase shift keying is a modulation scheme where the phase
of a carrier wave is varied. Binary phase shift keying (BPSK) is
the special case where the carrier has two phase states shifted
180 degrees from each other. The binary information b gets
mapped into these two phases, which can be represented by
two analog levels as following.

s =

{ √
Eb if b = 1
−
√
Eb if b = 0

(1)

Where Eb is the symbol energy. The demodulator in the re-
ceiver calculates an estimate b̂ of the transmitted data sequence
according to

b̂ =

{
1 if r ≥ 0
0 if r < 0

(2)

assuming the binary bits 0 and 1 are equally probable.
One way of modeling transmission through a noisy channel

is the AWGN channel. Fig. 2 shows a block representation
of BPSK modulation in AWGN channel. In this model white
Gaussian noise is added to the transmitted signal which can
be described as

r = s+ n, (3)

were the noise n is a stochastic process of gaussian distribu-
tion with zero mean and variance N0

2 , where N0 is the power
spectral density of the noise. This means that the probability
density function (PDF) for the noise is given by

p(n = x) =
1√
πN0

e
−x2

N0 . (4)

The PDF of the received signal can then be written as

p(r = x|s0) =
1√
πN0

e
−(x+

√
Eb)

2

N0 , (5)

Fig. 3. Probability density functions for signal with AWGN

given the event s0 denoting that a 0 was transmitted. Or

p(r = x|s1) =
1√
πN0

e
−(x−

√
Eb)

2

N0 , (6)

given the event s1 denoting that a 1 was transmitted.
This distribution of the received signal is visually repre-

sented in Fig. 3. Now assume that 0 and 1 are sent with
equal probability and the decoding is using the hard decisions
described by (2). Let e denote the event that the symbol is
demodulated in error. Then the probability of error given s0
is

P (e|s0) =
1√
πN0

∫ ∞
0

e
−(x+

√
Eb)

2

N0 dx. (7)

With the definition

erfc(x) =
2√
π

∫ ∞
x

e−x
2

dx, (8)

we can rewrite (7) as

P (e|s0) =
1

2
erfc

(√
Eb

N0

)
. (9)

With the same method, or by use of symmetry we can derive
that also

P (e|s1) =
1

2
erfc

(√
Eb

N0

)
, (10)

These probabilities is represented by the shaded areas in
Fig. 3. The results from (9) and (10) are combined in the total
probability of error

P (e) = P (e|s0) + P (e|s1) = erfc

(√
Eb

N0

)
, (11)

which corresponds to the total area shaded in Fig. 3.
An important quantity is the bit error rate (BER) defined

as the average number of errors in the received data. The
probability P (e) can also be interpreted as the BER when
transmitting through the AWGN channel. When dealing with
channels without taking the bandwidth into account we use
Eb/N0 as a measure of amount of signal relative the noise.
This quantity is called the normalized signal to noise ratio
(SNR) or SNR per bit. Sometimes it is preferable to express
this quantity in dB as in the following definition[

Eb

N0

]
dB

= 10 log10

(
Eb

N0

)
. (12)
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B. Channel Capacity

For a given bandwidth and signal-to-noise ratio there is
an upper bound on the amount of information that can be
transmitted thorough the channel per time unit. This was
shown in Claude E Shannon’s paper [8] in 1948. In this paper
Shannon showed that in the AWGN channel this upper bound
is

C =W log2

(
1 +

S

N

)
, (13)

where C is the capacity, W is the bandwidth, S is average
signal power and N is average noise power. The capacity in
terms of correctly received bits per sent channel symbol is

C =
1

2
log2

(
1 +

S

N

)
. (14)

C. Channel Coding

As seen previously, the noise and fading introduced by the
channel results in errors in the received data. To deal with
this the data can be coded before transmission. The codes
add redundant bits to blocks of information. The receiver
knows the structure of the code and can by use of a suitable
decoding algorithm detect or correct errors. Linear codes is
one way of coding information. These codes take blocks of n
information bits and turns them into codewords of l = n+m
bits, where m is the number of redundant bits. This is done
by multiplying the information bits with a (n × l) generator
matrix G = [In|P ]. Where In is the (n × n) identity matrix
and P is a (n × n − l) matrix. All valid codewords are
linear combinations of the rows of G. All vector and matrix
operations performed on linear codes are modulo-2 since we
deal with binary information. So for example 1+1 = 0 when
multiplying vectors. The code is defined either by its generator
matrix or the parity check matrix H = [−PT |Il−n]. Where
PT denotes the transpose of P . Since

GHT = P − P = 0, (15)

all valid codewords c will satisfy

cTH = 0. (16)

A property of linear codes is the code rate R = k/l that
describes the proportion of information bits in the codeword.
Some linear codes also gives the decoder the ability to correct
errors. Something that is used in FEC schemes.

D. Low Density Parity Check Codes

LDPC codes are error correcting codes first introduced by
Gallager [4]. The LDPC code is a linear code with a sparse
parity check matrix, meaning that the columns of the parity
check matrix consist of a small number of ones. The parity-
check matrix generally has dimension (k × l). A LDPC code
is called regular if every codeword bit is contained in a fixed
number wc of parity-check equations and every parity-check
equation contains a fixed number wr of codeword bits. This
means that a regular parity-check matrix have wc ones in each

Fig. 4. Tanner graph of LDPC code with parity-check matrix (18)

column and wr ones in each row. therefore, a regular parity
check matrix will satisfy

kwr = lwc. (17)

An example of a regular low density parity-check matrix
with wc = 2 and wr = 3 is

H =


1 1 0 1 0 0
0 1 1 0 1 0
1 0 0 0 1 1
0 0 1 1 0 1

 . (18)

The number of linearly independent rows of H is defined
as

rank(H) = l − n. (19)

were as before l is the codeword length and n is the number
of information bits in each codeword.

If

rank(H) = k, (20)

the parity-check matrix is of full rank and the code rate

R =
l − rank(H)

l
= 1− k

l
= 1− wc

wr
. (21)

The LDPC code can also be represented by a graph con-
sisting of variable nodes connected to a number of check
nodes. These are called Tanner graphs. The Tanner graph
corresponding to parity-check matrix (18) is presented in
Fig. 4. The variable nodes connected to the same check node
make up a parity check equation. For a valid codeword all
parity check equations will be satisfied as in (16).

The variable nodes receive a message that is generally
corrupted by noise. An iterative process, first presented by
Gallager, makes it possible to decode the original message,
given that enough redundancy was added. In this process
probabilities is represented by a function L(x) called log-
likelihood ratio (LLR). For example the LLR of a probability
P will be

L(P ) = log
1− P
P

. (22)

The iterative decoder assigns a LLR Li to each codeword
bit

Li = L(Pi), (23)
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where Pi is the joint probability that the sent symbol is 1
given that all parity check equations are satisfied. Because a
joint probability is a multiplication of probabilities the Li will
be a sum of LLRs. The decoder can then use Li for estimating
the sent codeword by

ĉi =

{
0 if Li > 0
1 if Li ≤ 0

. (24)

The process iterates by sending information back and forth
between the bit nodes and the check nodes. The information
sent from check node j to bit node i is denoted Ej,i which
is only defined for the check nodes j ∈ Ai connected to bit
node i. The information sent from bit node i to check node j
is denoted Mj,i which is only defined for the bit nodes i ∈ Bj

connected to check node i.
The first term in the sum equal to Li is Ri. This is the LLR

of the probability that a codeword bit ci = 1 given that the
received symbol is ri. So

Ri = log
P(ci = 0|ri)
P(ci = 1|ri)

. (25)

This will for example mean that a negative value of Ri

indicate that it is more probable that ci = 1 than ci = 0 given
the channel state and received symbol ri. By the use of Bayes
rule and assuming P(ci = 0) = P(ci = 1) we can rewrite
(25) as

Ri = log
P(r = ri|ci = 0)

P(r = ri|ci = 1)
. (26)

To calculate an initialization of Ri we must fully know the
state of the channel. With the AWGN channel model we can
substitute (9) and (10) into (26) and obtain

Ri = −4ri
√
Eb

N0
. (27)

Which means that for the AWGN channel we have full
knowledge of the channel state if we know N0. Ri is the
first information sent from the bit nodes to the check nodes
in the decoding process. So at initialization

Mj,i = Ri. (28)

The other terms in Li are the information Ej,i from the
check nodes. Ej,i is the LLR

Ej,i = L(P ext
i,j ). (29)

where P ext
i,j is the probability that ci = 1 given that the jth

check equation is satisfied. This is the same as the probability
that the bit nodes i′ ∈ Bj that is connected to the jth check
node contains a odd number of ones. This can be expressed
as

P ext
i,j =

1

2
− 1

2

∏
i′∈Bj ,i′ 6=i

(1− 2Pj,i′), (30)

according to[9]. Where Pj,i′ is the estimated probabilities
of the other bit nodes connected being 1. We can see that Ej,i

is dependent of the other variable nodes in parity check node
j. With substitution of (30) into (29) we obtain

Ej,i = log

(
1 +

∏
i′∈Bj ,i′ 6=i(1− 2Pj,i′)

1−
∏

i′∈Bj ,i′ 6=i(1− 2Pj,i′)

)
. (31)

This expression can be rewritten as

Ej,i = log

(
1 +

∏
i′∈Bj ,i′ 6=i tanh(Mj,i′/2)

1−
∏

i′∈Bj ,i′ 6=i tanh(Mj,i′/2)

)
. (32)

With the previous definitions the decoder then calculates

Li = Ri +
∑
j∈Ai

Ej,i, (33)

and estimates the codeword according to (24). If the esti-
mated codeword satisfy all parity-check equations the decod-
ing is finished. Otherwise all information in the bit nodes is
sent back to the check nodes by calculating

Mj,i =
∑

j′∈Ai,j′ 6=j

Ej′,i +Ri, (34)

and another iteration begins with these new Mj,i values.
This iterative decoding algorithm generally converges if the

parity check matrix is properly generated. However if there are
too many error the number of iterations can theoretically be
infinitely many. Therefore in practice the maximum number
of iterations are limited.

E. Automatic Repeat Request

ARQ is another way of dealing with the errors introduced
by channels. In ARQ systems the receiver have the ability
to detect errors in received data. The data is sent in pack-
ets of information. If an error is detected in a packet the
receiver requests a retransmission of this packet. This scheme
therefore requires a reliable feedback channel. There are two
messages that passes though the feedback channel and tells the
transmitter if a transmission was successfull. The messages
can either be a positive acknowledgment called ACK or a
negative acknowledgement called NACK. The performance of
a ARQ protocol can be measured in terms of throughput,
defined as the average number of received information bits
per transmitted channel symbol [1].

Suppose a symbol of length l = k + m is sent with k
information bits and m coded bits. The coded bits are the
ones used for detecting errors. The number of retransmissions
needed before the symbol is received correctly can be inter-
preted as a discrete stochastic variable N with a distribution
described by (35).

P (N = x) = (1− (1− p)l)x−1(1− p)l. (35)

Were p is the probability that a bit is transmitted in error.
The average number of transmissions needed for correctly
receiving the symbol is the expected value of N defined as

E[N ] =
∞∑
x=0

xP (N = x) =
1

(1− p)l
. (36)
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The throughput Thr, is as mentioned earlier defined as the
average number of received information bits per transmitted
symbol. So

Thr =
1

E[N ]

k

k + n
. (37)

There are three different ways of implementing ARQ. These
are Stop-And-Wait (SW), Go-Back-N (GBN) and Selective-
Repeat (SR) ARQ [10], [11], [12].

The simplest method is SW-ARQ. In this protocol the trans-
mitter waits for an ACK from the receiver before transmitting
the next packet.

In the GBN-ARQ protocol the transmitter do not wait for
an ACK after every transmitted packet. Instead the packets
are numbered by an integer. The ACK or NACK associated
with every packet is numbered with the same integer. This
way the transmitter can keep sending packets as long as ACK
is received from the feedback channel. When the transmitter
receives a NACK it looks at its number and goes back to the
packet that was transmitted in error. This packet is retransmit-
ted and the transmitter continues to send the following packets
again. This means that sometimes packets that was actually
transmitted correctly will be retransmitted. The number of
packets that can be numbered are limited to 2k − 1 where k
is the number of bits in each packet dedicated for numbering.

SR-ARQ solves the problem of correctly received packets
being retransmitted. In this protocol the transmitter works
almost the same way as in GBN-ARQ. Except that upon
retransmission of a packet, the transmitter continues were it
was when it received the NACK.

F. Hybrid-ARQ

The combination of FEC and ARQ are referred to as HARQ
schemes. In this error control scheme the receiver have both
error correction and detection capabilities. If the FEC fails to
correct the received message a retransmission is requested as
in traditional ARQ schemes. There are three types of HARQ
often referred to as type-I, type-II and type-III [13]. In type-I
all packets are coded with the same code rate.

Type-II uses an incremental redundancy technique where the
transmitter sends more redundancy for every retransmission.
The idea is that if the transmitter receives an NACK it
retransmits the codeword with increased redundancy, i.e. lower
code rate. Lower code rate increases the receivers capability
of correcting errors. This way the type-II scheme adapts to
fluctuating channel conditions by only adding redundancy
when needed.

One way of implementing type-II HARQ is by using rate
compatible (RC) codes for FEC. In RC codes the parity bits
of the higher rate codewords are embedded in the lower rate
codewords. This mean that in a type-II HARQ the transmitter
only needs to retransmit the extra parity bits to decrease the
code rate. The receiver then appends the extra parity bits to the
previously received codeword to obtain a lower rate codeword.

In [7] a RC-LDPC code is proposed for use in type-II
HARQ scheme. Their results indicate that use of code rates
8/13, 8/14, ..., 8/19 gives good performance. This means that

Fig. 5. Extension of RC-LDPC parity check matrix

blocks of l = 1024 information bits would be decoded by a
640×1664 parity-check matrix. And for every retransmission
blocks of 128 extra parity bits would be added resulting in
128 added rows and columns to the first parity-check matrix.
A visual presentation from [7] of the expandable parity-check
matrix can be seen in Fig. 5.

In Type-III HARQ each packet is self-decodable [13]. The
type-III scheme is not further discussed in this report.

III. SIMULATION RESULTS

All simulation results presented in this section were carried
out in MATLAB. BPSK modulation were consequently used.

The BER when transmitting an uncoded message through
the AWGN channel have been simulated. White gaussian noise
were added to a randomly generated binary message of 106

bits. The message where decoded as presented in Section II.
The result can be seen in Fig. 6 together with the theoretical
BER calculated according to (11). The results in Fig. 6 shows
that simulated BER in AWGN channel agree very well with
the theoretically calculated. This result is important since the
BER is used to compute the theoretical throughput for ARQ
protocols. It also gives a visualization of how the probability of
receiving a bit in error decrease with better channel conditions.

Fig. 7 show the simulated throughput of ARQ protocol
with different packet lengths. This is presented together with
the theoretical throughput calculated according to (37). In
the simulation random packets of l bits were sent through
the AWGN channel and decoded as described in section II.
Perfect error detection was assumed meaning that the received
packet was compared to the sent in order to detect errors. If
one or more errors was detected the packet was retransmitted
through the AWGN channel and the number of transmissions
was counted. This procedure was done 104 times per SNR
value and a mean number of transmissions were calculated.
The simulation show that for lower SNR values the probability
of a bit error in a packet increase, hence more retransmissions
needed resulting in a lower throughput. Another important
result is that longer packet lengths results in a overall lower
throughput. This is because a longer packet lengths results in
a higher probability of one or more errors in the packet.
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Fig. 7. Throughput of ARQ in AWGN channel for different packet lengths

Fig. 8 show the simulated BER of LDPC code over AWGN
channel. In this simulation LDPC codes of R = 0.5 and code
lengths l = 100, l = 500 were used. The LDPC parity-
check matrix was generated by a MATLAB function written
by the project supervisor Iqbal Hussain, a function used in
all following simulations. The decoder was using the iterative
log-likelihood algorithm described in Section II. The BER is
a mean of 1000 samples for every SNR value.

Fig. 9 and Fig. 10 show the simulated throughput in
AWGN channel of a type-I HARQ protocol. In Fig. 10 the
FEC is using LDPC codes with rate R = 0.5 and lengths
l = 500, l = 750 and l = 1000. While in Fig. 9 the length
l = 1000 is constant and rates R = 0.5, R = 0.4 and
R = 0.3. In these simulations codewords of 1000 bits were
sent through the AWGN channel and decoded as presented in
Section II. The error detection was implemented by comparing
the received and sent data. To make sure that a infinite loop of
retransmission could not occur if the LDPC code was unable
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Fig. 8. BER of LDPC (R=0.5) for different code lengths over AWGN channel
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Fig. 9. Throughput of type-I HARQ with LDPC code over AWGN channel
for different code rates

to correct all errors the maximum number of retransmissions
were set to 10. Reaching this limit was defined to correspond
to an infinite number of retransmissions giving a throughput
of 0. The throughput is an average of 50 samples for every
SNR value.

Fig. 10 show that the throughput of type-I HARQ is almost
unchanged for the chosen code lengths when the code rate
is constant. The LDPC code is known for a lower BER with
longer code lengths, this can be seen in Fig. 8. One conclusion
might be that longer code length would result in smaller
number of retransmissions and thus a higher throughput. But
with the ARQ scheme the probability of one or more errors in
a transmitted packet is increased with the longer code length.
This results in a almost unchanged throughput when the code
length is varied.

The type-I HARQ scheme typically has a lower limit SNR,
under which it does not perform well. This is illustrated in
both Fig. 9 and Fig. 10. As an example the scheme with
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Fig. 10. Throughput of type-I HARQ with LDPC (R=0.5) code over AWGN
channel for different code lengths

R = 0.5 in Fig. 9 has a throughput of almost zero for
Eb

N0
< 0 dB. Fig. 9 also show that this lower limit is decreased

with decreasing code rate. This is because a lower code
rate implicates more parity check equations, which gives the
decoder more information and the capability of correcting
more errors. We can also see that the code rate becomes an
upper limit for the throughput in the type-I HARQ scheme.
This means that by decreasing the code rate to cope with poor
channel conditions the systems maximal performance in good
channel conditions is lowered. Fig. 9 can be divided into three
SNR regions corresponding to were each code rate has the
highest throughput. This implies that the use of a code rate
that adapts to the channel conditions i.e type-II HARQ would
combine the best qualities in each region. This is exactly what
was implemented and simulated. The results can be seen in
Fig. 11

In the simulation of type-II HARQ the rates described
in Section II was used. 1024 information bits were coded
with rates 8/13, 8/14, ..., 8/19 with the highest rate first.
Because of limitations in time a RC-LDPC matrix could
not be generated. The parity-check matrices were instead
created independently. Leading to that the matrices lack the
property of higher rate codewords being embedded in lower
rate codewords. This means that the implementation simulated
would not work in reality. But given a RC-LDPC code with
sub-matrices that have the same error correcting capabilities
as the independently generated, then this simulation show the
performance of the type-II scheme. As we can see in Fig. 11
the proposed type-II HARQ scheme perform close to the
channel capacity. It also show that this scheme adapts better
to varying SNR values.

IV. CONCLUSION

The objective of this report was to investigate point-to-point
communication between mobile devices in a shopping mall.
One conclusion we can draw is that in order to make this
possible the devices need to control the errors introduced by
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Fig. 11. Throughput of type-II HARQ with LDPC code over AWGN channel

the wireless channel. Especially since the channel conditions
between the mobile devices can change during transmission.
This lead us to study the problem of error control in poor
channel conditions. The approach was to present theory and
simulations of FEC and ARQ combined in HARQ schemes
more specifically with focus on the LDPC code as FEC
technique. As the LDPC code has been shown to perform
better than other FEC codes this is an important field of study
in the future.

ARQ was simulated in AWGN channel. Showing that a
longer packet lengths result in an overall lower throughput.

Two schemes for HARQ where presented and evaluated in
this report; type-I and type-II. The most important result is
that the type-II HARQ scheme is better suited in a environment
where the condition of the channel is changing over time. Sim-
ply because it adapts to the channel conditions by incrementing
the redundancy added to each packet. The result also show that
this scheme is capable of performing close to the capacity of
the channel. The simulations also show some features of how
the LDPC code behaves, both as stand alone FEC as well as
FEC used in a HARQ schemes. It was shown that with a LDPC
code of constant code rate, the throughput was unchanged with
the different code length used. While a lower code rate has two
effects. The scheme achieved higher throughput in the lower
SNR region but at the same time suffered lower throughput in
the higher SNR region.

Finally the benefits of using LDPC codes in point-to-point
communication would be a low decoding complexity without
loss of throughput. With poor and varying channel conditions
the LDPC code in a type-II scheme would be a good choice.
Implementation of HARQ schemes using LDPC codes in
mobile communication could be a future solution to both better
performance in general, as well as applications such as point-
to-point communication in a shopping mall.

313



K4. POINT-TO-POINT COMMUNICATION

ACKNOWLEDGMENT

I would like to thank my project supervisor Iqbal Hussain
for useful advices and support throughout the project.

REFERENCES

[1] M. El Bahri, H. Boujernaa, and M. Siala, “Performance comparison of
type i, ii and iii hybrid arq schemes over awgn channels,” in Industrial
Technology, 2004. IEEE ICIT ’04. 2004 IEEE International Conference
on, vol. 3, 2004, pp. 1417–1421 Vol. 3.

[2] (2013) 3gpp a global initiative. [Online]. Available:
http://www.3gpp.org/HSPA

[3] E. Soijanin, N. Varnica, and P. Whiting, “Punctured vs rateless codes
for hybrid arq,” in Information Theory Workshop, 2006. ITW ’06 Punta
del Este. IEEE, 2006, pp. 155–159.

[4] R. G. Gallager, “Low-density parity-check codes,” Cambridge, MA: MIT
Press, 1963.

[5] J. Hou, P. Siegel, and L. Milstein, “Performance analysis and code
optimization of low density parity-check codes on rayleigh fading
channels,” Selected Areas in Communications, IEEE Journal on, vol. 19,
no. 5, pp. 924–934, 2001.

[6] S.-Y. Chung, J. Forney, G.D., T. Richardson, and R. Urbanke, “On
the design of low-density parity-check codes within 0.0045 db of the
shannon limit,” Communications Letters, IEEE, vol. 5, no. 2, pp. 58–60,
2001.

[7] M. Yazdani and A. Banihashemi, “On construction of rate-compatible
low-density parity-check codes,” Communications Letters, IEEE, vol. 8,
no. 3, pp. 159–161, 2004.

[8] C. E. Shannon, “A mathematical theory of communication,” The Bell
system technical journal, vol. 27, pp. 379–423, 1948.

[9] S. J. Johnson, Iterative error correction. New York: Cambridge
University Press, 2009.

[10] R. Fantacci, “Throughput efficiency and queueing analysis of generalised
stop-and-wait arq protocols,” Communications, Speech and Vision, IEE
Proceedings I, vol. 139, no. 3, pp. 251–257, 1992.

[11] G. Benelli, “Go-back-n arq scheme with buffer at the receiver,” Commu-
nications, Radar and Signal Processing, IEE Proceedings F, vol. 133,
no. 3, pp. 271–276, 1986.

[12] M. Aghadavoodi Jolfaei, K. Aghadavoodi Jolfaei, S. Baucke, and
J. Kaltwasser, “Improved selective repeat arq schemes for data commu-
nication,” in Vehicular Technology Conference, 1994 IEEE 44th, 1994,
pp. 1407–1411 vol.3.

[13] A. Uchoa, R. Demo Souza, and M. Pellenz, “Type-i harq scheme
using ldpc codes and partial retransmissions for awgn and quasi static
fading channels,” in Wireless Communication Systems (ISWCS), 2010
7th International Symposium on, 2010, pp. 571–575.

314



K5. SOURCE CODING 

 

Source Coding of Images and Multimedia 
Anders Wildros 

Abstract –During the last decade, the rise of smart 
phones and image sharing services has led to an 
explosion of image traffic and sharing.  This, in turn, 
has led to a cellphone internet that is continuously 
congested by the large amounts of data interchanged in 
the form of image and multimedia files. How should we 
cope with this rapidly expanding issue? 
This report aims to investigate and implement six 
different methods of image data compression – Huffman 
Coding, Vector and Scalar Quantization, Discrete 
Cosine Transform, Wavelet Transform and Singular 
Value Decomposition – with a cellular phone application 
in mind and the goal to reduce data traffic without 
compromising image traffic. 
It finds that Huffman Coding is useless in compressing 
PNG images, that Vector Quantization is a lot more file 
size efficient than Scalar Quantization, and that the 
Wavelet Transform is fast and efficient in compressing 
images. For the given application and using the results 
obtained in this report, Vector Quantization seems to be 
the best suited method to compress images and 
multimedia. 
 

I. INTRODUCTION 
 
During the last decade or so, the so-called ‘smart phones’ 
has led to data traffic in the cellular phone network more or 
less exploding [1]. As stated in [2], “Limited bandwidth is 
one of the fundamental challenges in mobile and wireless 
networking systems”. One way of coping with a low 
bandwidth is to send compressed data, we will investigate 
six different methods for doing so.  
 
As stated in [3], “The need for image compression becomes 
apparent when one computes the number of bits per image 
resulting from typical sampling rates and quantization 
schemes.” In [3], some examples are given, such as a TV 
quality image needing around six million bits of data 
storage space (this was in 1991, age of the floppy disk). 
 
Therefore, we will hereby survey some commonly used and 
easily accessible compression methods, aiming at analysing 
how applicable they are at image data. Not in general, but 
with a certain application in mind: smart cellular phones, 
and compressing images and multimedia before sending 
from one phone to another. 
 
Sections II through IV covers the background of source 
coding and the technical details of the implementations 
used in this analysis of source coding methods. The reader 
may also proceed directly to sections V through VI for the 
results of the analysis of compression methods and 
conclusions. Section V also contains a list of all images that 
were analysed as well as their technical specifications. 

 
II. THEORY OF SOURCE CODING 

A. General definitions 
Let’s start with the easy bit: what is an image? 
“…an image is a representation of a person, animal, or 
thing. Technically speaking, however an image is a two-
dimensional signal perceived by the human visual 
system…” [4]. Since the image in our case is a signal, we 
can apply theorems and functions found in basic signal 
analysis courses on it just like with any other type of signal. 
 
A movie is basically a sequence of images shown one after 
another, so all principles and source coding methods that 
can be used to compress a single image can also be used to 
compress a movie. 
 
Source Coding is technically defined as follows in [5], in a 
description of a general data transmission scenario: 
 
A Source generates a signal s. This signal is mapped into a 
bit stream b by a Source Encoder. It is transmitted over a 
transmission Channel and a bit stream b’ is received in the 
other end of the Channel. It is processed by a Source 
Decoder to yield a reconstructed signal s’. This signal is 
sent to a Sink, typically a human observer. [5] 
 
In this case we will focus on the Source Encoder that maps 
a data signal x to a bit stream b. We will not consider the 
transmission channel (that might or might not add distortion 
to the bit stream) or any other part of the transmission 
scenario, but only the source encoding part. In our case, the 
data signal is also a bit stream, and our goal is to compress 
the bit stream x so that the compressed bit stream, b, is of 
smaller size than x. 
 
A Symbol is the smallest element in the signal that will be 
compressed. The definition of a Symbol differs between 
applications, it could be a letter, a byte (a value between 0 
and 255, inclusive) or a single binary 1 or 0. 
 
B. Different types of Source Coding 
Images are typically filled with quite redundant 
information: according to [3], there are: 

• spatial redundancy due to neighbor pixels’ values 
being correlated, 

• spectral redundancy (or, color-space redundancy), 
and 

• temporal redundancy (which only occur in motion 
pictures (movies) and animates images such as 
GIF, where there is often little difference between 
two subsequent frames of the picture; does not 
apply to still images). 
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According to [4] , “the principles of image compression 
algorithms are: reducing the redundancy in the image data, 
and (or) producing a reconstructed image from the original 
image with introduction of error that is insignificant to the 
intended application”. In other words, there exist two 
fundamental methods of compression: lossless – or, 
sometimes called, non-lossy – and lossy. All compression 
methods are either of these, or a combination thereof. 
 
C. Lossless Source Coding 
As the name implies, Lossless Source Coding (or Lossless 
Compression) is the act of compressing data so that the 
original data can be completely reconstructed from the 
compressed data. While lossy compression can just throw 
data away so that there’s less data to store, lossless 
compression needs to store all the information it 
compresses in the output data so that it is possible to 
retrieve the original information – otherwise it technically 
wouldn’t be lossless, because it’d lose everything. In other 
words, lossless source coding can be seen as a reversible 
one-to-one mapping between a set of input data and a set of 
output data. 
 
D. Lossy Source Coding 
As the name implies, Lossy Source Coding (or Lossy 
Compression) is the act of compressing data in such a way 
that information is permanently lost, and when 
reconstructing the original data from the compressed data, 
only an approximation can be achieved. (The 
approximation can be fairly good, though, depending on 
what compression method was used and how much the data 
was compressed). Why would you want to permanently lose 
some of your data? To quote [5], “The practically relevant 
bit rate reduction that can be achieved with lossy source 
coding techniques is typically more than an order of 
magnitude larger than that for lossless source coding 
techniques”, that is; a lossy compression scheme might 
result in compressed data that’s just 10% - or less - of the 
data compressed using a lossless one. Which, in turn, means 
you can store – or transmit – many more photos. Lossy 
compression schemes are mostly used when there is no 
need to preserve the compressed data perfectly. Sometimes, 
image compression algorithms may be referred to as 
“visually lossless” [3] or a similar description, but that is a 
highly subjective description – especially when you take 
zooming into account – and it is more suitable for 
advertisement flyers than a scientific text. 
 

III. COMPRESSION METHODS CONSIDERED 
A. Huffman Coding 
Huffman Coding, named after its inventor David A. 
Huffman, is a lossless compression method and is the only 
lossless compression method considered in the scope of this 
report. It is optimal in the sense that it 
“…produces the shortest possible average code length 
given the source symbol set and associated probabilities. 
The shortest average code length is achieved by Huffman 
Coding, provided that all source symbol probabilities are 
exact powers of 1/2 [4]” 

A proof that Huffman Coding minimizes the average 
codeword length is also given in [6]. Huffman code works 
by assigning (binary) codewords to the symbols that appear 
in the source data, with the goal of giving more probable 
symbols shorter codewords so that the average length of the 
source-coded message is short. If the library (list of 
codewords and what symbols they are mapped to) is known 
to the receiver, there is no need to transmit or store it. 
 
 
B. Vector and Scalar Quantization 
Scalar Quantization is a special case of Vector Quantization 
since a scalar is essentially a one-dimensional vector. 
Therefore, the two methods are very similar to each other. 
In [6], one read that “Every signal or parameter that is to be 
transmitted or stored in digital form must be quantized.” 
Computers operate with limited-length strings of digital bits 
(ones and zeroes) and thus numbers cannot be represented 
with mathematical-sense full precision. 
As [6] explains, Scalar Quantization is the process of 
converting a signal with continuous amplitude into a signal 
with a discrete amplitude, with only a set, finite number of 
discrete amplitudes. Furthermore, for each converted 
sample, typically chooses a discrete amplitude that is close 
to the continuous amplitude in order to get a smaller so-
called quantization error. Vector Quantization is essentially 
the same as scalar quantization, except that the signal is a 
vector instead of a scalar, is represented with one of a finite 
number of vectors, and that one tries to choose the vector 
that is the closest to the continuous-signal vector in order to 
minimize quantization errors. 
 
C. Singular Value Decomposition 
Singular Value Decomposition relies a lot on the following 
theorem, found in [7]: 
 

• If A is an m x n  matrix, then A can be expressed 
in the form 
 
                               A = USVT, 
 
where U and V are orthogonal matrices and S is an 
m x n  matrix whose diagonal entries are the 
singular values of A and whose other entries are 
zero.  
 

In order to understand it, the following definition (also 
found in [7]) is also necessary: 
 

• If A is an m x n  matrix, and if λ1, λ 2, … λn are the 
eigenvalues of ATA, then the numbers σ1 = �λ1, 
σ2 = �λ2, … σn = �λ𝑛, are called the singular 
values of A. 
 

To compress data using Singular Value Decomposition, the 
general idea is, according to [7], to do the decomposition, 
and then only save the diagonal, nonzero values of S. While 
U and V still need to be saved because they are image 
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dependent, the total number of values needing to be saved is 
lower. 
 
 
D. Discrete Cosine Transform 
The Cosine Transform is a special case of the Fourier 
Transform, and it can be naturally interpreted as a spectral 
decomposition [3] of the data, that is, you see the data as a 
sum of sine waves with different frequencies. To compress 
data, you could take note of the sine waves with the greatest 
amplitude (because they affect the end result the most), 
save those (that is, their frequency and amplitude), and 
delete the rest of them. In the Discrete Cosine Transform, 
amplitudes and frequencies are discrete. 
In [8], the following is said: 
“The DCT is closely related to the discrete Fourier 
transform. You can often reconstruct a sequence very 
accurately from only a few DCT coefficients, a useful 
property for applications requiring data reduction.” 
The Discrete Cosine Transform is used in the JPEG image 
format [9], a commonly used lossy image compression 
format. 
 
E. Wavelet Transform 
The wavelet transform is, as the name implies, a type of 
transform that uses wavelets. So what is a wavelet? In [4], a 
wavelet is described thusly: “A wavelet is a function of a 
variable, which is localized and oscillating”. The everyday 
oscillating function one usually considers as an example is a 
sine wave; it is not a wavelet since it goes on towards 
infinity. An example of a wavelet would be a single period 
of a sine wave. It is localized (because it’s nonzero only at a 
finite interval) and it’s oscillating. The definition is wide, so 
there are many other wavelets. Wavelet transforms works 
by seeing a function as a sum of samples [4], each one 
being the product of a wavelet function (that need not to be 
the same between samples) and a constant corresponding to 
the sample value. One interpretation of this is that we don’t 
sample using convolution with the dirac pulse function, but 
instead convolve the signal with a wavelet function instead. 
 
F. Sound Compression Methods 
This report does not consider or analyse sound 
compression, but for the sake of completeness, here is a 
brief presentation of some commonly used methods to 
compress sounds. 

• The MPEG (Motion Picture Experts Group) 
format: this is a family of multiple different 
compression schemes [6], the most famous might 
be the MP3 format. Data is stored in layers of 
increasing complexity [6], which lets the user or 
application select an appropriate compression and 
quality level for the situation. MP3 is named as the 
abbreviation of “MPEG, Layer 3”. 

• The OGG format, often referred to as OGG 
Vorbis, is an open-source format marketed as an 
alternative to MP3. It is named after a specific 
game slang term, to ogg, which means to 
overcome an obstacle through brute-force. To 

quote [10],”Ogg Vorbis is a general purpose 
compressed audio format for high quality … audio 
and music at moderate fixed and variable 
bitrates”. The compression algorithm uses a 
lossless compression scheme (that might be 
implementation-dependent) such as Huffman 
Coding, then stuffs the resulting code sequence 
into as few bytes as possible using a so called bit-
packing algorithm, which may be the reason the 
name was chosen. The compression in itself is 
lossless, but the sampling of the sound from raw 
audio data is lossy. Therefore, OGG is a lossy 
compression method. 

 
G. Movie Compression Methods 
This report does not investigate movie compression 
methods, as movies consist of multiple images that could 
possibly be compressed using still image compression 
methods. Still, for the sake of completeness, here follows a 
brief presentation of some commonly used methods to 
compress movies and image streams. 

• The CCITT (Comité Consultatif International 
Téléphonique et Télégraphique, i.e. The 
International Transfer Consult Committee) format: 
This is a family of compression standards 
commonly used in video conferencing and video 
telephony [4] – at least in 1995, before the smart 
phones we use today. According to [4], the CCITT 
Recommendation H.320 suite is the only 
internationally approved real-time visual 
communications services standard, or so to say, 
the standard standard. Data is transferred in ‘macro 
blocks’, that is, pretty big blocks that are arranged 
in even bigger blocks on arrival. Blocks can 
contain different types of information (such as 
quantization information) and has a header that 
informs the receiver about what sort of information 
the block contains. 

• The MPEG (Motion Picture Experts Group)  
compression format: the MPEG Video algorithm is 
a very complicated procedure using multiple 
different parts such as predictors. Some building 
blocks [6] are as follows. It can be seen that the 
MPEG algorithm uses more or less all the methods 
covered in this report. 

o Prediction, to exploit redundancy between 
the individual sub-images of the movie. 

o DCT with frequency domain sub-
division. 

o Quantizers with selective reduction. 
o Variable-length lossless source coding. 

 
 
 

IV. IMPLEMENTATION 
A. Implementation Overview 
Functions for Huffman Coding, Scalar Quantization, Vector 
Quantization, Singular Value Decomposition, Discrete 
Cosine Transform and Wavelet Transform were 
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implemented in MATLAB for the analysis of the images. 
Singular Value Decomposition, Discrete Cosine Transform 
and Wavelet Transform functions were quite easy to 
implement since the functions used are built-in in 
MATLAB, while the other functions were harder to 
implement. Huffman Coding, in particular, required the 
implementation of multiple custom data structures such as a 
binary tree, a queue and a priority queue. Vector 
Quantization required a custom auxiliary function to 
compute the arg min of a vector. However, it was possible 
to implement scalar quantization as a special case of vector 
quantization (since scalars can be thought of as 1-
dimensional vectors) with relatively small effort, resulting 
in another compression method and hopefully a more 
interesting and relevant analysis. 
 
B. Huffman Coding 
An algorithm to produce the codeword library for Huffman 
Coding is found in [4] and is as follows: 

1. List the probabilities of the source symbols, and 
produce a node set by making these probabilities 
the nodes of a binary tree. 

2. Take two nodes with the smallest probabilities 
from the node set, and generate a new probability 
which is the sum of these two probabilities. 

3. Produce a parent node with the new probability, 
and mark the branch of its left child node as 1 and 
the branch of its right child node as 0, 
respectively. 

4. Update the node set by replacing the two nodes 
with the two smallest probabilities for the newly 
produced node. If the node set contains only one 
node, quit. Otherwise go to Step 2. 

In implementation, the true probabilities of the symbols 
were not known. An additional step was required to 
approximate the probabilities. This was done for each 
image rather than once in the beginning, which took more 
time but hopefully resulted in a codeword set that were 
better suited for the particular image. A drawback of this 
method is that the codeword set needs to be stored (and/or 
transmitted) with the data in order to make it possible to 
decode the image again. 
 
C. Scalar and Vector Quantization 
The quantizers used in the analysis have a bit depth of 4, 
that is; they use 16 different quantizer levels, meaning; each 
input data element is assigned to one of 16 different 
possible data elements. This is a quite low number and it’s 
quite possible that the performance (quality of image) could 
be improved with a higher number of elements (at the 
expense of less compression rate; an appropriate trade-off 
between quality and quantity has to be found). The vector 
quantizer in the implementation works on vectors of the 
size of 8 elements, with the same bit depth. 
 
For a visual comparison between quantization of the same 
image at different bit depths, see section V, part E. 
 
 
 

D. Singular Value Decomposition 
The image used in the analysis is the rank 8 SVD 
approximation to the original image. The Singular Value 
Decomposition compression method is implemented using 
the definition of Singular Value Decomposition and basic 
matrix operations such as transpose and matrix left division. 
Using the built-in MATLAB function for Singular Value 
Decomposition, svd, the U, S and V matrices were 
obtained. Since this method uses a built-in MATLAB 
function, rather than a code loop using its definition, it is 
expected to run faster than some other functions. The term 
“n-th rank approximation” refers to only using n singular 
values and columns/rows of U and V, which is a lossy – but 
handy – way of compressing the data further than is 
possible with pure singular value decomposition. 
 
E. Discrete Cosine Transform 
The built-in function in MATLAB for discrete cosine 
transform, dct (described in the official MATLAB 
documentation [11]), was used in the implementation for 
discrete cosine transform. One word of warning is that there 
exist multiple overloaded functions with this name, so care 
must be taken to use the right one. The example code 
available at [11] was an useful foundation to create a 
functional implementation. 
 
F. Wavelet Transform 
The built-in function in MATLAB for two-dimensional 
discrete wavelet transfom, dwt2 (described in the official 
MATLAB documentation [12]), was used. The example 
code available at [12] was an useful foundation to create a 
functional implementation. There is no ambiguity in 
function naming for dwt2 at the time of writing.  
 

V. IMAGE ANALYSIS 
A. Image Specifications 
For the analysis, a series of images of varying sizes were 
used. The images used were as follows: 
 

• CDPROBE_256 (fig.1), details of a screen capture 
of a scan-tunnelling microscope measurement of 
the surface of a normal CD disk, 256x256 pixels. 

• SIRI (fig.2), a photograph of a borzoi dog, 
576x432 pixels. 

• NEON (fig.3), a digitally recolored photograph of 
some ancient clay vases, 336x256 pixels. 

• HEAVEN (fig.4), a photograph of some clouds 
and the horizon at dusk, 864x1152 pixels. 

 
All images are in the PNG format, bit depth 8. All images 
have been created by the author (CDPROBE_256 as a 
screen dump during a laboratory exercise, the other three as 
normal everyday photographs with a camera). 
 
The PNG format was chosen arbitrarily. Other formats were 
initially considered, but not supported by MATLAB, and 
when looking through the list, PNG was first format that 
was possible to use with all required functions. With the 
results in hand, the choice to use PNG files seems bad in 
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retrospect, and an uncompressed format like BMP could 
have done the compression methods more justice. 
 

 
Fig.1 CDPROBE_256.PNG 
This image has a very limited palette and huge parts of it 
are exactly the same shade of yellow. 
 

 
Fig.2 SIRI.PNG 
This image is an intermediate size and has a fairly limited 
palette, although it is much more varied than 
CDPROBE_256. 
 
 
 
 
 
 

 
Fig.3 NEON.PNG 
This image is quite small (but larger than CDPROBE_256) 
and has a palette with mostly blueish and greenish, highly 
saturated colors that differs a lot from the natural colors 
seen in SIRI and HEAVEN. 
 

 
Fig.4 HEAVEN.PNG 
This image has a large range of colors, ranging from red 
near the horizon to blue in the sky, and also has a great 
range of lumiosity, with both white clouds and a dark 
horizon. It is also the largest image of the four. 
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B. Analysis And Measurement Specifictions 
All the above images were processed using the 
implemented compression functions and measurements 
were taken. 

• Because of MATLAB representing a 3-color-
channel image as a 3-dimensional (that is; x, y, 
color channel) matrix and some built-in functions 
would only accept 2-dimensional (that is; x, y) 
matrices as input, images were converted to 
grayscale before compression. This does not affect 
the results, as it would be possible to split up the 
image into 3 different 2-D matrices, compress 
them one at a time, and then recombine them. The 
two reasons not to do this was laziness, and that it 
would take less time to compress one matrix of 
data than it would to compress three – MATLAB 
is known to be a very slow language as it is. 

• The time taken between the function starting to 
process the actual compression and ending 
processing the actual compression was measured. 
Time needed to build codeword libraries, etc, 
counted towards this time, but resizing the input 
data or otherwise converting it to fit the function 
did not count towards it. The reason for this 
distinction is that, in an end application, it is 
assumed that data is stored in the correct format 
that the application will use, which was not 
necessarily the case during this simple test run. 

• The output file size was measured by having the 
program save the compressed data to a file. The 
file was then manually measured using the tools 
provided in the operative system default file 
browser. 

• The mean square error (MSE) was computed by 
comparing the compressed data vector with the 
original data vector directly after finishing the 
compression. Since Huffman Coding is lossless 
per definition, MSE was not computed since the 
error is zero for every sample. 

• Using the output file size and the original file size, 
the compression rate was computed for each of the 
compression methods. In this report, the 
compression rate is defined as ‘how much smaller 
the data got’ rather than ‘what is the ratio between 
the compressed data and the original data’. That is, 
a compression rate of 0% means the data did not 
change size and a compression rate of 100% means 
all the data was gone. 

• Using the MSE, the Quality Ratio was computed 
as the inverse to the MSE. Therefore, a higher 
Quality Ratio means that the total error is smaller, 
and ideally the Quality Ratio should be infinite. 

 
C. Numerical Results 
After the main analysis, table 1 was compiled. The results 
of the measurements can be found in table 1 as follows, 
sorted by image and compression method. 
 
 

D. Visual Results 
Some visual results – that is, images processed by one of 
the compression algorithms – are as follows. This does not 
cover all the results but should give a good picture about 
what results can be expected when the different 
compression methods are applied. 
 
As part of the compression process, all images were 
converted to grayscale images (so that only one array of 
values was needed to be compressed rather than 3 values, 
one for each color channel of a full-color image). In other 
words, the scope is changed from compressing a 3-
dimensional matrix to a 2-dimensional matrix, which was a 
requirement to get some built-in functions to accept the 
input values. However, by compressing each color channel 
separately, all methods covered in this survey should be 
possible to apply to images of any color depth. 
 
In short, this means any results obtained in this survey 
should also apply to normal color images. 
 

 
Fig.5, DCT approximation of HEAVEN.PNG 
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Fig.6, SVD approximation of NEON.PNG 
 
By a quick look at fig.6, it becomes quite evident that a 
rank 8 Singular Value Decomposition of the image is not a 
high-quality way of compressing the image information. 
The image is severely blurred and has multiple chunky 
artifacts. It is nearly impossible to see what the image 
originally depicted without prior knowledge. The 
conclusion is that for being used in an image sharing 
application, a SVD compression method should use a 
higher rank approximation than 8. 
 
On the other hand, fig.5 is quite clear. Some inherit 
quantization has reduced the amount of colours in the 
image, leading both to increased blur and increased 
crispness in different areas. 
 
 
E. Quantizer Comparison 
Some visual results are as follows. We will study how an 
image will look after being quantized by an uniform scalar 
quantizer with different bit depths ranging from 1-bit and 
upwards. There is no reason to go past a 8-bit quantizer 
since the images are in unsigned 8-bit integer format 
already, that is, they are already quantized at 8 bits, so 
quantizing them at that bit depth or higher would have no 
effect on the image. This will be evident when comparing 
fig.10 with fig.11, and it should help visualizing the 
performance of a quantizer. 
 
Fig.7 shows the 1-bit quantization of the image. It has two 
colors, black and white, and is in other words a 
monochrome image. Some artefacts occur, but it’s quite 
clear where the sky ends and the ground begins with the 
exception of the dark cloud in the bottom left. Most of the 
details are gone, however. 
 
Fig.8 shows what an additional bit of information can do: in 
this 2-bit image, not only is it more clear what is sky and 
what is ground, some of the clouds are visible as well. 
 
Fig.9 is the 4-bit quantization of the image, and now it’s 
really close to the original to the extent that it starts getting 
difficult telling them apart. Fig.10 and Fig.11 are per 

definition identical to each other since the 8-bit image in 
fig.10 – that is, with the same bit depth as the original 
image – is also possible to reproduce with an error of zero 
in the 16-bit image in fig.11. 
 
For this image, we see that a significant perceived increase 
of quality appeared for the first few extra bits. The rise in 
quality gradually got less for each extra bit. Also, adding 
too many quantizer levels, such as here when a bit depth of 
16 was used for a bit depth 8 image, will not improve the 
image quality at all since in one sense, the image is already 
represented perfectly with no errors. 
 

  
Fig.7, HEAVEN.PNG quantized at 1 bit. 
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Fig.8, HEAVEN.PNG quantized at 2 bits. 
 

  
Fig.9, HEAVEN.PNG quantized at 4 bits. 
 

 
Fig.10, HEAVEN.PNG quantized at 8 bits. 
 

 
Fig.11, HEAVEN.PNG quantized at 16 bits. 
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Table 1. Results of image compression analysis 
Statistics for test run with CDPROBE_256.PNG 

  
Original size: 

 
27,9 kB 

 METHOD Time usage (s) Output size (kB) MSE Compression rate (%) Quality Ratio 

 HC 10,011516 31,9 0 -14,33691756 Infinite 
 SQ 46,320796 27,9 6,3837 0 0,156648965 
 VQ 3,564975 3,49 253,2847 87,49103943 0,003948126 
 SVD 0,09987 17,7 0,35739 36,55913978 2,79806374 
 WT 0,010556 16,6 2970570 40,50179211 3,36636E-07 
 DCT 0,234349 0,584 1,0973 97,90681004 0,911327805 
       
Statistics for run with SIRI.PNG Original size: 69,1 kB 
 METHOD Time usage (s) Output size (kB) MSE Compression rate (%) Quality Ratio 

 HC 16,124392 79 0 -14,32706223 Infinite 
 SQ 118,032118 69,1 6,0357 0 0,165680866 
 VQ 7,167762 8,63 259,1212 87,51085384 0,003859198 
 SVD 0,273156 78,5 9,672 -13,60347323 0,103391232 
 WT 0,027345 1,1 11575719,87 98,4081042 8,63877E-08 
 DCT 0,55748 85,7 0,57884 -24,02315485 1,727593117 
       
Statistics for run with NEON.PNG Original size: 36,4 kB 
 METHOD Time usage (s) Output size (kB) MSE Compression rate (%) Quality Ratio 

 HC 10,011516 41,6 0 -14,28571429 Infinite 
 SQ 46,320796 36,4 6,3017 0 0,158687338 
 VQ 3,564975 4,55 248,7331 87,5 0,004020374 
 SVD 0,09987 38,8 0,35739 -6,593406593 2,79806374 
 WT 0,010556 0,649 2970570 98,21703297 3,36636E-07 
 DCT 0,234349 38,2 1,0973 -4,945054945 0,911327805 
       
Statistics for run with HEAVEN.PNG  Original size: 215 kB 
 METHOD Time usage (s) Output size (kB) MSE Compression rate (%) Quality Ratio 

 HC 37,737123 245 0 -13,95348837 Infinite 
 SQ 328,583774 214 6,6759 0,465116279 0,149792537 
 VQ 31,795829 26,8 253,3895 87,53488372 0,003946493 
 SVD 0,804305 175 4,3044 18,60465116 0,232320416 
 WT 0,126142 3,19 4439882 98,51627907 2,25231E-07 
 DCT 1,545276 215 0,44075 0 2,268859898 
 Notes: 
Quality Ratio is defined as 1/MSE. In other words, a low error means a high Quality Ratio. 

MSE is defined as MSE = 1
𝑁
� �𝑥[𝑛]𝑟𝑒𝑎𝑙 − 𝑥[𝑛]𝑐𝑜𝑚𝑝𝑟𝑒𝑠𝑠𝑒𝑑�

2𝑁

𝑛=1
 where x denotes the data. 

Compression Rate is defined as CR = 1 – (output file size/original file size)  
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VI. DISCUSSION 

One striking thing is that the MSE of the image compressed 
with WT is several orders of magnitude larger than the 
MSE of all other methods. Studying this closely suggests 
that there is a possible error in the implementation of the 
computation of the MSE for that method. The actual 
problem has currently not been pin-pointed. However, all of 
the other data collected seems to be reasonable and possible 
to analyze in order to draw conclusions. 
 
Quantizer methods take a lot more time to execute than 
others. One possible reason to this is that the time needed to 
build codeword libraries (so-called “training” of the 
quantizer: adapt the codeword library to minimize some 
error measure) was taken into account for this analysis. If 
the quantizers were trained in beforehand using a large 
amount of different images, this time could be omitted from 
the measured time. Depending on definitions, thus, the 
quantizers could perform a lot better in terms of time and 
complexity than the data obtained here suggests. As an 
additional benefit, a codeword library created in advance 
could be stored internally in both phones, meaning that no 
time or bandwidth needs to be allotted to transmit the code 
words before transmission of the actual message. This 
benefit is extra large in the case that most of the compressed 
data being transferred is small in size (few data points), 
because then the bulk of the transfer would be the codeword 
library. However, many images – the application we are 
having in mind when doing this survey – are quite large. 
 
 A very modest, 4-bit codeword library – like the one used 
in this survey – has 256 different entries. An image with 
256 sample points would be 16x16 pixels, which is a very 
low resolution, especially among photographs. A 16-bit 
codeword library has 65536 entries, which is the same 
number of entries as the number of data points in a 256x256 
image, a more reasonable size for an image although it is 
quite a low resolution with today’s standards. Since the 
number of data points in the codeword library increases 
exponentially with the bit depth, it seems like having a too 
big bit depth results in a really large codeword library. The 
conclusion is that for a large bit depth, the size of the 
codeword library gets very big – and right now we do not 
even consider that the length of the codewords increase 
with the bit depth, meaning that more bits are needed to 
store them digitally – it simply becomes unfeasible to 
transfer them. 
 
Wavelet Transform and Discrete Cosine Transform take a 
really short time to execute compared to the other methods. 
One possible explanation to this could be that they rely 
almost entirely on built-in functions that are compiled and 
fast to execute, while the others (especially Huffman 
Coding and the Quantization methods) heavily relies on 
loops and interpreted MATLAB code, so that the 
instructions take more time to execute. For the scope of this 
report, however, we will not analyze the effects of the 
coding language any further. For a more in-depth future 

analysis, however, trying to compensate for such effects 
could result in a more fair comparison. 
 
Huffman Coding has a negative compression rate for all 
images, that is, images compressed with Huffman Coding 
get larger by the compression. This doesn’t even take into 
account the extra space needed to store the codeword 
library! This seems to contradict the statement above that 
Huffman Coding produces the shortest average codeword 
length. So what could cause this? The reason is that all 
images are in PNG format, and thus they are already 
compressed [13] – and since they are compressed with 
lossless methods already, there is no redundancy to take 
advantage of. 
 
The smallest file size was achieved by Wavelet Transform, 
and after that comes vector quantization. Both of these 
methods achieve a compression rate of nearly 80-90% 
while many of the others achieve only a few percent, 
nothing at all, or even expanding the size of the images.  
 
Singular Value Decomposition seems to be very image-
dependent in terms of compression rate, since it achieves a 
nearly 20% compression rate with HEAVEN.PNG and 
almost 40% compression rate with CDPROBE_256.PNG 
but inflates all other images. One idea could be that SVD is 
more efficient for larger images and that for small images it 
is not effective. Curiously, CDPROBE_256 is the smallest 
of all the images and HEAVEN the largest, so there is no 
general size trend. Another possible explanation is that 
SVD is more efficient for smaller images. More likely, 
however, is that the horizontal-to-vertical image size ratio 
of the image affects the output efficiency. Consider the 
extended definition of the main diagonal of a matrix found 
in [7]: a matrix with larger breadth than height has a longer 
main diagonal than a matrix with larger height than breadth. 
Therefore, a thin but tall image has a short main diagonal, 
and since only the elements on the main diagonal of the 
singular values matrix are nonzero, there are fewer nonzero 
elements that need to be stored. Still, CDPROBE_256 is a 
square image, and has the longest possible main diagonal, 
so using this argument, we would expect it to have a worse 
compression rate – we would expect it go get inflated, since 
SIRI and NEON both get inflated. But in our analysis, 
CDPROBE_256 was compressed the most efficiently of all 
images. It is hard to form a conclusion about SVD using the 
data obtained in this experiment. 
 
Wavelet Transform has the highest compression rate of all 
the surveyed compression methods, nearly 98% 
compression rate for all images. The downside is that no 
useful quality data was possible to obtain, which means it’s 
hard to judge the performance of the method. 
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VII. CONCLUSIONS 
One conclusion is obvious: Huffman Coding is useless to 
compress PNG images, because the compressed images are 
larger than they were originally. Wavelet Transform gives 
the smallest filesize for most of the images (in particular the 
largest ones has a noticeable size difference) but due to lack 
of reliable data, it is impossible to judge if the loss in 
quality makes up for the loss in file size. Vector 
quantization is an order of magnitude more efficient than 
scalar quantization, but at a cost of a similarly loss of 
quality. Discrete Cosine Transform inflates most of the 
images, albeit less in average than Huffman Coding. 
 
The conclusion drawn using the available data is that Vector 
Quantization is the most suitable compression method for 
the given application, with Wavelet Transform as a possibly 
better, possibly worse method that is about equally 
effective. Singular Value Decomposition is sometimes very 
effective, but there is no visible trend. All other methods 
have a negligible or inflating compressive effect and are not 
very suitable for this given application, compressing PNG 
files to transfer between cellphones.  
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