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Abstract 

This study has two major purposes: (1) To determine the applicability of ISO standards for calculating 

sound power levels emitted by acoustic noise sources in-house at Ericsson, Kista. (2) To design a 

software tool for estimation of emitted sound power levels from a radio installation.  

To determine the applicability of different ISO standards during the design phase at Ericsson, viable 

standards were chosen and measurements were taken on the exact same noise source following each 

chosen standard. The evaluation of these measurements was made with different points in focus.  

 Accuracy 

 Availability of instrumentation and measurement environments 

 Time consumption 

 Complexity of measurement conduction. 

The ISO standard that showed most promise was the ISO 3744. This standard uses a method with 

fairly high accuracy and is quite easy to implement compared to other standards tested. All 

instrumentation required to follow this standard, except for a calibrated microphone calibrator, is 

available at Ericsson, Kista. The standards ISO 3747 and ISO 9614-2 might also be of interest, during 

the design phase, if the equipment necessary is acquired.  

The acoustic noise estimation tool was written in the Microsoft Excel embedded programming 

language, Visual Basic for Application version 7.1. With the tool it is possible to specify the layout of 

a radio installation for mobile traffic with different mounted radios and estimate both the sound power 

level emitted from all these radio units and the sound pressure level at a distance from the radio 

installation. It is also possible to define new radio units in the tool and save them for later use.  

The tool was verified by acoustic measurements taken on a test setup at MWL, KTH. 

Sammanfattning 

Denna studie har två huvudsyften: (1) Att bestämma tillämpligheten av ISO-standarder för beräkning 

av ljudeffektnivåer som avges av bullerkällor internt på Ericsson, Kista. (2) Att utforma ett 

mjukvaruverktyg för uppskattning av utsända ljudeffektnivåer från en radioinstallation. 

För att bestämma tillämpligheten av olika ISO-standarder under designfasen på Ericsson, valdes 

genomförbara standarder ut och mätningar gjordes på en och samma bullerkälla enligt varje separat 

standard. Utvärderingen av dessa mätningar gjordes med olika punkter i fokus. 

• Noggrannhet 

• Tillgång till utrustning och mätmiljöer 

• Tidsåtgång 

• Mätmetodens komplexitet 

Den ISO-standard som visade sig mest lovande var ISO 3744. Denna standard använder en metod med 

relativt hög noggrannhet och är ganska lätt att genomföra jämfört med andra standarder som testats. 

Alla instrument som krävs för att följa denna standard, med undantag för en kalibrerad mikrofon 

kalibrator, finns på Ericsson, Kista. Standarderna ISO 3747 och ISO 9614-2 kan också vara av intresse 

om den utrustning som behövs, för att följa standarderna införskaffas. 



   

 

 

Mjukvaruverktyget skrevs i Microsoft Excels programmeringsspråk, Visual Basic for Application 

version 7.1. Med verktyget är det möjligt att ange utformningen av en radioinstallation för mobiltrafik 

med olika kombinationer av monterade radioapparater och uppskatta den totala utsända 

ljudeffektnivån från alla dessa radioenheter. Sedan kan ljudtrycksnivån på ett specificerat avstånd från 

radioinstallationen uppskattas. Det är också möjligt att definiera nya radioenheter i verktyget och spara 

dem för senare användning. 

Verktyget verifierades av akustiska mätningar på en testuppställning på MWL, KTH. 
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Abbreviations 

CEN  European Committee for Standardization 

dB(A)  decibel (A-weighted) 

EEA   European Environmental Agency 

ISO    International Organization for Standardization 

KTH  Royal Institute of Technology 

LAeq    Equivalent continuous A-weighted sound level 

Ldn    Equivalent A-weighted sound level over 24 hours with penalty added for night time. See 

Appendix 1. 

Lden   Equivalent A-weighted sound level measured over the 24-hour period, with a 10 dB 

penalty added to the levels between 23.00 and 07.00 hours and a 5 dB penalty added to 

the levels between 19.00 and 23.00 hours. See Appendix 1. 

MWL  The Marcus Wallenberg Laboratory for Sound and Vibration Research  

NGR  Next Generation Radio 

PIM  Passive Intermodulation. Generation of interference caused by nonlinearities in the 

mechanical components of a wireless system. 

RMS  Root-mean-square 

RRU    Remote radio unit 

SEL  Sound exposure level (dB). See Appendix 1 

SPL  Sound pressure level (dB) 

SWL  Sound power level (dB) 

WHO   World Health Organization 
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1 Introduction 

1.1 Acoustic noise regulations 

Governments in different countries have different legislations to regulate noise emissions and 

the sound environment. There are however general recommendations on public noise exposure 

stated by the World Health Organization (WHO), on which a lot of the countries individual 

regulations are based. In this recommendation by WHO it is stated that the equal sound pressure 

level over eight hours, LAeq in the receiving point shall be no higher than 30 dB(A) in a sleeping 

area during night time. [1] There is also a recommendation of maximum LAeq (8h) outside of a 

bedroom of 45 dB(A). [1] These values have been obtained by WHO by assuming that the noise 

reduction from a partially open window is 15 dB.  

 

Figure 1: WHO maximum recommended sound pressure level values inside a bedroom and outside a bedroom 

at night time. 

1.2 Acoustic noise and health 

Noise and sound emissions have always been a concern for government and industries, and with 

rising demands on performance come in general rising noise and sound emissions. This is a 

problem and a nuisance to the public exposed to noise in everyday life. There are several direct 

and secondary health effects caused by exposure to noise. Some of which are mentioned below.  

 Hearing loss 

 General annoyance 

 Stress-related health effects, including hypertension and cardiovascular heart disease 

 Sleep disturbance 

 Performance  
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During this thesis work, the noise effect on hearing loss might not be of a great importance 

since hearing loss is mainly caused by high levels of unsteady noise and the noise source in 

focus in this thesis emits continuous low level noise.  

1.3 Fan noise 

With increasing demand on power output from Ericsson radio units comes an increased heat 

generation in the radio. This excess heat has up till recently been dissipated by natural 

convection provided that the radio is installed in a specific way. For new demands on the ability 

to orientate the radio differently when installed and for higher demands on power output the 

requirement of a fan installation for forced convection has arisen. This is to be able to get rid of 

the excess heat and maintain safe operational conditions inside the radio. Without any fans and 

only consisting of static electronic components, the radios have earlier been seemingly quiet. 

This meant that very few measures have earlier been taken to ensure for noise or sound 

emissions from radio units. With this new requirement of fans for forced convection comes the 

aspect of noise and regulations as such, both internal on Ericsson and from external parties.  

 

Figure 2: Ericsson NGR G2 without fan tray. 

1.4 Applicability of different ISO standards. 

There are several standards for acoustic measurements issued by ISO and CEN. These have 

different criteria’s regarding instrumentation, measurement object, measurement environment, 

among other things. This relates to the grade of accuracy of the standard as well as to the 

purpose and implementation of the measurement. To widen the knowledge of acoustical 

standards and the applicability of these on in-house testing at Ericsson, one of this thesis main 

focuses is to test and evaluate the applicability of different standards for sound power 

measurements on radio units.  

1.5 Development of acoustic noise estimation tool 

The other main focus of this thesis is about developing an estimation tool in order to quickly 

and easily compute the total emitted sound power level from a radio site and the sound pressure 

level received at a certain distance.  This is useful in the design phase of a project to answer the 

question “How noisy is this configuration of a radio site?”. Some important aspects of this tool 

are stated. 
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 The tool shall calculate the sound power level of every individual radio unit on the site 

based on the input of the inlet air temperature for each individual radio unit. 

 The tool shall calculate the total sound power level of all radio units combined on the site. 

 The tool shall calculate the sound pressure level at a receiving point with a specified 

distance from the radio site and a specified sound propagation.  

 It should be possible for the user so specify properties and save data for a new custom 

product for immediate and later use with the tool. 

 The tool should be intuitive enough to be easily used by someone who has little or no 

background in acoustics.   

 

2 Theory 

2.1 Acoustic noise and Health 

Noise exposure has been shown to be the cause of several different adverse health effects. Some 

of the most defined and proven are discussed below together with their respective limits of 

occurrence.  

2.1.1 Hearing loss 

The connection between noise exposure and hearing loss is officially recognized in the 

scientific community. The United States Institute of Health concluded in 1990 that sound 

levels of 75 dB(A) or lower are unlikely to cause hearing loss and that levels of about 85 

dB(A) with exposure of eight hours per day will cause permanent hearing loss later in 

life.[2] In ISO 1999 on noise induced hearing loss it is also stated that LAeq,8h levels of 75 

dB or lower do not contribute to hearing loss. The same value was again reported by 

WHO in 1980. Since hearing loss is a direct result of exposure to noise with relatively 

high amplitudes this may not be a major issue in this thesis. This is since the noise 

emitted from radio units is of a continuous low level character. 

2.1.2 General annoyance 

Annoyance as a cause of noise may be defined as an individual’s negative reaction to the 

noise in the environment. This may result in discomfort and perception or knowledge that 

the individual is exposed to harm due to the noise. It has been suggested that there are 

several different non-acoustic properties of the noise that would have a higher impact on 

annoyance than the noise level. Among these are predictability, avoidability and 

controllability of the noise, and also the attitude towards the noise and the ongoing 

activity.  Annoyance is a subjective reaction and is affected by the individual’s 

sensitivity, health and mental condition and as well as earlier experiences of annoyance 

from noise. Some studies have shown that general annoyance starts at Ldn levels of 42 

dB(A) or even lower for some parts of the public. These values are measured outdoors, in 

front of dwellings.[3] It has been reported that general annoyance from moving sources 

such as road and air traffic, is much higher and frequent compared to annoyance caused 

by stationary sources such as industries, transformers and fans etc.[4] This may be an 

advantage when comparing noise from a stationary radio site, to annoyance levels 
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recorded in studies based on noise generated by traffic . It shall be noted that it is not 

possible to predict annoyance on an individual level due to the large variety of personal 

parameters affecting annoyance. Quantification and estimation of general annoyance in 

the public is often implemented by issuing questionnaires.  

2.1.3 Stress-related health effects 

The effect of noise on hypertension and cardiovascular disease has been excessively 

studied in occupational environments. For long exposure of noise it has been shown that 

hypertension and cardiovascular symptoms such as rate of heart beat irregularities, 

increased pulse and slower recovery of vascular constriction occurs at levels of 85 

dB(A).[2],[3] The effect on noise on hypertension and cardiovascular disease in living 

environments has been proven to be significantly more difficult to assess. This due to the 

individuals own interference with noise. For instance, a person experiencing noise at 

home might move or change habits to avoid the noise. Studies on the matter have mainly 

been conducted with noise from road and air traffic in focus. Meta-analysis has showed 

that an increasing risk of hypertension and cardiovascular disease starts at as low levels as 

50 dB Lden.[5] Some studies have shown evidence of an increased risk of hypertension 

and cardiovascular disease for people living in areas with outdoor levels noise levels of 

70 dB(A), generated from air and road traffic. Studies have also been conducted on 

kindergarten children that showed hypertension effects for children living in very noisy 

environment compared to children living in quieter environments.[6] These effects 

though seems to be of an temporary nature.[3]  

2.1.4 Sleep disturbance 

Sleep disturbance may be divided in to different aspects consisting of difficulty falling 

asleep, awakening, risen heart rate during sleep, mood the day after and alteration in sleep 

stages. Change in sleep stages and effects on the mood the next day have been observed 

at LAeq,night levels of 60 dB and lower, measured outdoors.[6] Awakening have been 

observed at indoor SEL of 60 dB(A), sleep stage changes have been observed at indoor 

SEL of 35 dB(A) and changes in heart rate have been observed at indoor SEL of 40 

dB(A).[3] The SEL value for awakening was later revised to 55 dB(A) in 2000 by the 

Health Council of the Netherlands. Since all the SEL values are based on single-event-

studies and the measurements have been made with aircraft and traffic noise in 

consideration it might be reasonable to assume that continuous low level noise from 

stationary sources such as a radio side, might have less impact on sleep disturbance. 

WHO recommend that for a good night’s sleep, continuous background noise levels shall 

be no higher than 30 dB LAeq and event based noise levels over 45 dB(A) should be 

avoided.[1] 

2.1.5 Performance 

Cognitive performance has shown a significant decrease with school children exposed to 

high levels of aircraft and road traffic noise.[3] Only limited evidence exists for 

connection between exposure in living environment and performance for adults. 

With these aforementioned health effects in mind, it is obvious that exposure to noise is an 

important matter and that care shall be taken when designing products that emits noise.  
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2.2 Fan noise generation and acoustic theory 

J. Lighthill’s theory from the 1950s on flow acoustic is based on the assumption that there can 

only exist three basic types of noise generating sources in a fluid and that all sources are a 

combination of these three. These are the monopole, dipole and quadrupole sources. Monopole 

contribution is generated by a change in the volume or mass of the media. This is for instance in 

cavities and exhausts of piston machines where the compression of air and eventual ignition of 

combustible gases is the main source.[7] The dipole contribution is generated by a fluctuating 

force acting on the media. This can be found at propellers or fans where the fan or propeller 

blade acts as the fluctuating force. The noise generated by periodic flow separation around 

edges or other geometry is also of dipole character.[7]  The quadrupole contribution comes from 

momentum transport which can be found in turbulent flow. The quadrupole is mostly dominant 

for very high flow speeds.[7] Lighthill’s theory however, neglects feedback effect from the 

generated acoustic field on the source flow. In all practical applications there is always an 

interaction between the generated acoustic field and the flow, this interaction may however be 

small in many cases but in a scenario where a whistling noise is generated, Lighthill’s theory 

fails.[8] This is since a whistling noise generated from vortex shedding is caused by the Strouhal 

frequency, or vortex shedding frequency, matching a resonance frequency of the geometry. This 

is a phenomenon that can occur for certain flow speeds over cavities or through contractions 

with certain characteristic dimensions.  

2.2.1 Fan noise 

When applying this theory to a fan it is shown that the main contribution comes from the 

dipole source. If the fan is generating high velocity flow, there may also be a considerable 

contribution from the quadrupole source. The high contribution from the dipole source 

will result in high directivity in the acoustic field generated from the fan. This may be of 

great importance when measuring the generated noise.  
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Figure 3: Directivity from (a) monopole, (b) dipole, (c) lateral quadrupole and (d) longitudinal 

quadrupole. [9] 
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The orientation of the dipole directivity will be parallel to the axis of the fan. 

 

Figure 4: Schematic view of the fan directivity parallel to the fan axis. 

Noise from a fan might be highly impacted by disturbance of the airflow at the inlet. This 

may be of high importance when stacking radio units on top of each other.  

2.2.2 Summation of sources 

Summation of sources is one of the basic principles in acoustics. One might think that a 

summation of two identical sources would double the sound pressure level. This is not the 

case since sound pressure is reported in bels or decibels, which are logarithmic scales. To 

sum two, or several sources, the sound pressure levels, reported in decibels, first have to 

be calculated to sound pressure, with the unit pascals. When the sound pressure values 

have been summed together, they can be converted back to decibels again. Summation of 

sound pressure in pascals are calculated as 

𝑝𝑡𝑜𝑡(𝑡) = ∑ 𝑝𝑛(𝑡)

𝑁

𝑛=1

#(1)  

where 𝑁 is the number of sources, and 𝑝𝑛(𝑡) is the sound pressure in pascals.  

To calculate the sound pressure level, the root-mean-square (RMS) value of the sound 

pressure is needed. This is calculated as  

�̃� = √
1

𝑇
∫ 𝑝2(𝑡)𝑑𝑡

𝑇

0

#(2)  

This means that the root-mean-square value of the summation of sound pressures for two 

sources will be calculated as 

�̃�𝑡𝑜𝑡
2 =

1

𝑇
∫ (𝑝1(𝑡) + 𝑝2(𝑡))

2
𝑇

0

𝑑𝑡#(3)  

or  
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�̃�𝑡𝑜𝑡
2 = �̃�1

2 + �̃�2
2 +

2

𝑇
∫ 𝑝1(𝑡)𝑝2(𝑡)𝑑𝑡

𝑇

0

#(4)  

If the two sources, �̃�1(𝑡) and �̃�2(𝑡), are uncorrelated the third term becomes zero[8] and 

the summation of the RMS-value is calculated as 

�̃�𝑡𝑜𝑡
2 = �̃�1

2 + �̃�2
2#(5)  

Since the sound pressure level is calculated as  

𝐿𝑝 = 10 log10 (
�̃�2

𝑝𝑟𝑒𝑓
2 ) #(6)  

the total RMS-value of the two sources can then also be calculated as  

�̃�𝑡𝑜𝑡
2 = 𝑝𝑟𝑒𝑓

2 (10
𝐿𝑝1

10 + 10
𝐿𝑝2

10 ) #(7)  

or as 

 𝐿𝑝𝑡𝑜𝑡
= 10 log10 (10

𝐿𝑝1

10 + 10
𝐿𝑝2

10 ) #(8)  

This method for summation of level values works for all levels with uncorrelated 

sources.[8] This means that summation of power levels works the same way, with 

arbitrary number of sources, as 

𝐿𝑊𝑡𝑜𝑡
= 10 log10 ∑ 10

𝐿𝑊𝑛
10

𝑁

𝑛=1

#(9)  

 

Summation of sources is influenced by the correlation of the sources. If two identical 

loudspeakers are fed the exact same signal, they are considered correlated. Summation of 

two correlated sources follows equation (3) and (4). But since the sources are now 

identical �̃�1(𝑡) = �̃�2(𝑡) equation (4) becomes 

�̃�𝑡𝑜𝑡
2 = 4�̃�1

2#(10)  

this means that the total sound power level becomes 

𝐿𝑝𝑡𝑜𝑡
= 10 log10

(2�̃�1)2

𝑝𝑟𝑒𝑓
2 #(11)  

which is the same as  

𝐿𝑝𝑡𝑜𝑡
= 𝐿𝑝1

+ 6#(12)  

Note that since the two sources are identical, they are not just correlated, but also of the 

same strength. This is not always the case with correlated sources. Correlated sources can 

be of different strength but still be considered correlated. 
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2.2.3 Sound pressure level 

Sound pressure level is the tenth-base logarithm of the pressure fluctuations at a position 

in space in relation to a reference pressure value as described in equation (6). The sound 

pressure level at this point is caused by the sound power emission from a source at some 

other position.  The sound power emitted from a source can be defined as 

𝑊 = ∮ 𝐼𝑛𝑑𝑆 

 

𝑆

#(13)  

where 𝐼𝑛 is the sound intensity normal to a control surface S that encloses the noise 

source. The integration is made over the surface that entirely encloses the noise source. 

The sound power level can then be calculated as 

𝐿𝑊 = 𝐿�̅� + 10 log10 (
𝑆

𝑆0
) #(14)  

where  𝐿�̅� is the average normal sound intensity level over the surface 𝑆 with the 

reference surface 𝑆0 = 1 𝑚2. 

In an ideal free field there are no reflections and nothing obstructing the wave 

propagation. Then the relation between the intensity and the mean-square sound pressure 

can be related as 

𝐼 =
𝑝2

𝜌𝑐
#(15)  

where 𝐼 is the intensity, 𝑝2 is the mean-square sound pressure, 𝜌 is the density of the air 

and 𝑐 is the speed of sound in air.  

Since the normal sound intensity level can be expressed as 

𝐿𝐼 = 10 log10 (
𝐼

𝐼0
) #(16)  

we can enter equation (15) in to (16) and get 

𝐿𝐼 = 10 log10 (
𝑝2

𝜌𝑐𝐼0
) #(17)  

or, if this is re written, 

𝐿𝐼 = 10 log10 (
𝑝2

𝑝0
2) − 10 log10 (

𝜌𝑐𝐼0

𝑝0
2 ) #(18)  

where 𝑝0 = 2 ∙ 10−5 is the reference sound pressure and 𝐼0 = 10−12 is the reference 

intensity. This means that the quota 
𝐼0

𝑝2
2 =

1

400
 and that the last term disappears if 𝜌𝑐 =

400. For a temperature of 20°𝐶 and an atmospheric pressure of 101.3 𝑘𝑃𝑎, 𝜌𝑐 ≈

413.68. Thus the last term will become 0.146 𝑑𝐵. With the assumption of an ideal free 

field and the approximation of  10 log10 (
𝜌𝑐𝐼0

𝑝0
2 ) = 0 it is shown that 
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𝐿𝐼 = 𝐿𝑝#(19)  

If this is used together with equation (14) we can see that  

𝐿𝑊 = 𝐿𝑝
̅̅ ̅ + 10 log10 (

𝑆

𝑆0
) #(20)  

or 

𝐿𝑝
̅̅ ̅ = 𝐿𝑊 − 10 log10 (

𝑆

𝑆0
) #(21)  

If this is used to estimate the average sound pressure level at a distance from a noise 

source, 𝑆 will be different depending on the type of propagation. If there is spherical 

propagation, the area will be that of a sphere.  

𝑆 = 4𝜋𝑟2#(22)  

With 𝑟 being the distance to the noise source. If there is half spherical propagation the 

area will be that of a half sphere. 

𝑆 = 2𝜋𝑟2#(23)  

3 Methods 

3.1 Measurement practices and standards 

To conduct a correctly preformed acoustical measurement one has to follow a specific 

measurement standard. Different acoustical measurement standards are available all over the 

world. These standards are written and moderated by standardization organizations. One of the 

largest of these organizations is International Organization for Standardization (ISO). ISO 

continuously develops and updates new and already published standards.  

Depending on what is going to be measured, what equipment is available and in what 

environment the measurement is taking place, different standards apply. When measuring the 

sound power level on an RRU there are several acoustical standards applicable depending on 

what accuracy rating is of interest and in what environment the measurement is going to take 

place. Table 1 [10], [11] displays these acoustic measurement standards for sound power 

determination of a noise source.  

From looking in Table 1, it is clear that standards with different accuracy rating requires 

different measurement environments and equipment. When choosing standards for evaluation, 

any standard with an accuracy rating of “Precision”, or grade 1, was disregarded in advance in 

this thesis because it is obvious that no room or environment inside house 09 at Ericsson AB 

Kista fulfills the environment criteria stated in those standards. From the remaining standards in 

Table 1, six was deemed plausible and chosen for evaluation. 

It was later discovered that only four of these standards could be used, as standards ISO 3743-1 

and ISO 3743-2 were disregarded because no fitting environment could be found. The reason 

for this being that since house 09 is an office building, most rooms and areas have ceilings lined 
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with sound absorptive material. The methods used in ISO 3743-1 and ISO 3743-2 are for 

reverberant environments and this could not be achieved in the rooms lined with absorptive 

material.  

The four methods that were tested were ISO 3746, ISO 3744, ISO 3747 and ISO 9614-2. While 

ISO 3747 also uses a method for a reverberant environment, the requirements on the room or 

location is much lower than those in ISO 3743-1 and ISO 3743-2, that is why it was possible to 

conduct the measurement for the ISO 3747 standard in a bicycle garage with no absorptive 

material in the ceiling.  

To be able to compare the different standards, measurements were made on the same noise 

source during the use of all standards. The source that was used was an RRU NGR G2 with a 

fan tray with four fans. Only the fans were emitting noise during the measurements, the RRU 

itself was not running.  

To try to evaluate the applicability of different ISO standards in house 09 at Ericsson AB Kista, 

measurements have been made with the methods described in the chosen standards. Based on 

the conduction of these measurements the standards will be evaluated with certain factors in 

mind. These factors are: 

 Accuracy. 

 Availability of instrumentation and measurement environments. 

 Time consumption. 

 Difficulty of implementation. 

The implementation of each measurement is described in the section “3.2 Measurements with 

ISO standards”.  
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ISO 3741 

Precision a
ISO 3743-1 

Engineering a
ISO 3743-2 

Engineering a
ISO 3744 

Engineering a
ISO 3745     

Precision a
ISO 3746 

Survey a
ISO 3747                            

Engineering or survey a
ISO 9614-1                                         

Precision, engineering or survey a
ISO 9614-2                                        

Engineering or survey a

Test environment
Reverberation 

room

Hard-walled 

room

Special 

reverberation 

room

Essentially free-

field over a 

reflecting 

plane

Anechoic or hemi-

anechoic room

No special test 

environment

Essentially reverberant field 

in situ , subject to stated 

qualification requirements

Any Any

Criterion for suitability of 

test environment

Room volume 

and 

reverberation 

time to be 

qualified

Volume ≥ 40 m3 

Absorption 

coef.    ≤ 0.20

70 m3 ≤ volume               

≤ 300 m3                       

0.5 s ≤ Tnom ≤ 1 s

K2 ≤ dB b
Specified 

requirements
K2 ≤ 2 dB b Specified requirements

Specified requirements for:                       

- extraneous intensity                                   

- wind, gas flow, vigration, 

temperature                                                         

- configuration of surrounding

Specified requirements for:                       

- extraneous intensity                                   

- wind, gas flow, vigration, 

temperature                                                         

- configuration of surrounding

Volume of sound source

Preferably less 

than 2 % of test 

room volume

Preferably less 

than 1 % of test 

room volume

Preferably less 

than 1 % of test 

room volume

No restrictions: 

limited only by 

available test 

environment

Characteristic 

dimension less 

than half 

measurement 

radius

No restrictions: 

limited only by 

available test 

environment

No restrictions: limited only 

by available test environment
No restrictions No restrictions

Character of noise from 

the source

Steady, broad-

band, narrow-

band or discrete 

frequency

Any, but no 

isolated bursts

Any, but no 

isolated bursts
Any Any Any

Steady, broad-band, narrow-

band or discrete frequency

Steady, broad-band, narrow-band or 

discrete frequency, if stationary in 

time

Steady, broad-band, narrow-band or 

discrete frequency, if stationary in 

time

Limitation for 

background noise

∆L ≥ 10 dB                

K1 ≤ 0.5 dB c
∆L ≥ 6 dB                      

K1 ≤ 1.3 dB c
∆L ≥ 4 dB                              

K1 ≤ 2 dB c
∆L ≥ 6 dB                       

K1 ≤ 1.3 dB c
∆L ≥ 10 dB                     

K1 ≤ 0.5 dB c
∆L ≥ 3 dB               

K1 ≤ 3 dB c
∆L ≥ 6 dB K1 ≤ 1.3 dB c

Level: given by dynamic capability of 

instrumentation (typically: ∆L ≥ -10 

dB) Variabillity: spacified 

requirement for field indicator F1

Level: given by dynamic capability of 

instrumentation (typically: ∆L ≥ -10 

dB) Variability: spacified 

requirement for repeatability check

Instrumentation: d            

a) sound level meter        

b) integrating sound 

level meter                             

c) frequency band filter 

d) calibrator                           

e) sound intensity 

instrument

a) Class 1             

b) Class 1               

c) Class 1               

d) Class 1

a) Class 1                  

b) Class 1                 

c) Class 1                  

d) Class 1

a) Class 1                         

b) Class 1                         

c) Class 1                         

d) Class 1

a) Class 1                   

b) Class 1                   

c) Class 1                   

d) Class 1

a) Class 1                      

b) Class 1                      

c) Class 1                      

d) Class 1

a) Class 1             

b) Class 1               

c) Class 1               

d) Class 1

a) Class 1                                                 

b) Class 1                                                 

c) Class 1                                                 

d) Class 1

e) Class 1 or 2 e e) Class 1 or 2 e

Sound power levels 

obtainable

A-weighted and 

in one-third-

octave or octave 

bands

A-weighted and 

in octave bands

A-weighted 

and in octave 

bands

A-weighted and 

in one-third-

octave or 

octave bands

A-weighted and in 

one-third-octave or 

octave bands

A-weighted
A-weighted from octave 

bands

Band limited (one-third-octave            

50 Hz - 6300 Hz) A-weighted and in 

one-third-octave or octave bands.                

Grade of accuracy is determined 

from field indicators

Band limited (one-third-octave            

50 Hz - 6300 Hz) A-weighted and in 

one-third-octave or octave bands.                

Grade of accuracy is determined 

from field indicators

Optional information 

avaliable

Other frequency-

weighted sound 

power levels

Other 

frequency-

weighted 

sound power 

levels

Other 

frequency-

weighted 

sound power 

levels  - Sound energy levels

Sound pressure 

level as a 

function of 

time

Sound pressure level as a 

function of time

Positive and/or negative partial 

sound power concentration

Parameter

Using sound pressure Using sound intensity

Directivity information and sound 
pressure levels as a function of time; 
single-event sound pressure levels; 
other frequency-weighted sound 

Table 1: - Overview of International Standards for determination of sound power levels of machines and equipment , 
a
 Grade of accuracy: precision = grade 1; engineering = grade 2; survey = grade 3. 

b
 K2 is the environmental correction 

c
 K1 is the correction for background noise 

d
 At least complying with class “ “ of; a) IEC 61672-1 b) IEC 61672-2 c) IEC 61260 d) IEC 60942 e) IEC 61043 

e
 According to the grade of the method (class 1 for precision and engineering and class 2 for survey). 
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3.2 Measurements with ISO Standards 

3.2.1 ISO 3746 

The ISO 3746 is a standard used for measuring the sound pressure levels from a noise 

source for calculation of sound power levels. This standard uses a direct method which 

means that there is no use of a reference sound source when measuring the sound pressure 

levels so the sound power levels are calculated directly from the measured sound pressure 

levels. This is achieved by compensating for the acoustic environment by gaining 

knowledge of the room parameters and background noise correction.  

The standard is less restrictive in what environment the measurement can take place. In 

this standard the measurement can take place outdoors or indoors qualifying for different 

conditions. Ideally the source shall be mounted on a sound-reflecting plane located in a 

large open space.[12] When using this standard for an indoor measurement, as was done 

in this thesis, the environmental correction 𝐾2𝐴 must be determined. This is related to the 

area of the measurement surface, the area of the boundary surfaces of the room and to the 

mean sound absorption coefficient of the room. The correction for the background noise 

𝐾1 must also be determined. This correction is frequency dependent and varies with the 

difference between the sound pressure levels obtained during operation of the source and 

the sound pressure levels obtained with the source turned off. 

Due to the lighter restrictions on the measurement environment and the way that the 

environmental correction parameter is obtained, this standard only has a “Survey” 

accuracy rating on the three-step accuracy scale (Precision, Engineering, Survey), with 

the survey-rating being of the lowest accuracy. This will lead to a higher value of 

uncertainty when calculating the results.  

The sound pressure levels are measured at several different microphone positions located 

on the measurement surface. The locations and number of microphone positions depends 

on what shape of measurement surface is chosen and the size of the noise source. Either a 

hemispherical shape or a parallelepiped shape is chosen. For the measurement in this 

thesis a parallelepiped shape was chosen.  

When defining the measurement surface its dimensions will depend on the size and 

characteristic dimensions of the noise source. This will in practice mean that the larger 

the noise source, the larger the measurement surface area will become. This will in turn 

play a big part in the qualification of the measurement environment. Especially if the 

measurement takes place indoors. This is important to bear in mind when choosing the 

location or room where the measurement is to take place, so that the room is not too small 

or unfit for the characteristic dimensions of the noise source. The validity of a test room 

is determined by the value of 𝐾2𝐴 of that room, which can be no less than a specified 

value. As is seen in equation (28) the value of 𝐾2𝐴 increases with increasing measurement 

surface area, or in other words, increasing characteristic dimension of the noise source. It 

is also important to note on beforehand, if the chosen room is large enough to physically 

house the measurement surface. 

When the measurement of the sound pressure levels of the noise source is finished, the 

sound power levels are calculated as: 
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𝐿𝑊𝐴 = 𝐿𝑝𝐴 + 10 log10

𝑆

𝑆0
#(24)  

where 𝐿𝑝𝐴 is the surface time-averaged sound pressure level, 𝑆 is the area of the 

measurement surface in 𝑚2 and 𝑆0 is a reference are of 1𝑚2. 

When calculating the surface time-averaged sound pressure levels the correction for 

background noise and the environmental correction is taken in to account. The surface 

time-averaged sound pressure levels are then calculated as: 

𝐿𝑝𝐴 = 𝐿′
𝑝𝐴(𝑆𝑇) − 𝐾1𝐴 − 𝐾2𝐴#(25)  

where 𝐾1𝐴 is the background correction factor, 𝐾2𝐴 is the environmental correction factor 

and 𝐿′𝑝𝐴(𝑆𝑇) is the A-weighted time-averaged sound pressure level from the array of 

microphone positions with the noise source under operation.  

The background correction factor is calculated as: 

𝐾1𝐴 = −10 log10(1 − 10−0,1Δ𝐿𝑝𝐴) #(26)  

where   

Δ𝐿𝑝𝐴 = 𝐿𝑝𝐴(𝑆𝑇)
′ − 𝐿𝑝𝐴(𝐵)#(27)  

in which 𝐿𝑝𝐴(𝑆𝑇)
′  is the A-weighted time-averaged sound pressure level from the array of 

microphone positions with the noise source under operation and 𝐿𝑝𝐴(𝐵) is the mean A-

weighted time-averaged sound pressure level of the background noise from the same 

array of microphone positions. If Δ𝐿𝑝𝐴 is lower than a certain value defined in the 

standard, 𝐾1𝐴 is set to a specified value and the resulting sound power level 𝐿𝑊𝐴 shall be 

viewed as a maximum value due to high background noise. On the other hand, if Δ𝐿𝑝𝐴 is 

higher than a certain value, defined in the standard, 𝐾1𝐴 is set to zero. In other words, the 

background level in this case is low enough so that no correction is needed.  

The environmental correction factor is calculated as: 

𝐾2𝐴 = 10 log10 (1 + 4
𝑆

𝐴
) #(28)  

where 𝐴 is the equivalent sound absorption area of the room and 𝑆 is the area of the 

measurement surface.  

The equivalent sound absorption area is calculated as 

𝐴 = 𝛼𝑆𝑣#(29)  

where the mean sound absorption coefficient 𝛼 of the room is chosen from a table 

depending on the material of the floor, walls and ceiling and on how much furniture and 

other sound absorptive material is left in the room. 𝑆𝑣 is the area of the boundary surfaces 

of the room.  

The A-weighted time-averaged sound pressure level is calculated as 
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𝐿𝑝𝐴(𝑆𝑇)
′ = 10 log10 (

1

𝑁𝑀
∑ 100,1𝐿𝑝𝐴𝑖(𝑆𝑇)

′

𝑁𝑀

𝑖=1

) #(30)  

 

where 𝐿𝑝𝐴𝑖(𝑆𝑇)
′  is the A-weighted time-averaged sound pressure level measured at each 

microphone position from the noise source under operation. If the measured sound 

pressure levels are not A-weighted by the measurement instrument, A-weighting is 

applied to each frequency band within the frequency range of interest, according to an A-

weighting table. 𝑁𝑀 is the number of microphone positions. 

The mean A-weighted time-averaged sound pressure level of the background noise over 

the array of microphone positions is calculated in a similar way. 

𝐿𝑝𝐴(𝐵) = 10 log10 (
1

𝑁𝑀
∑ 100,1𝐿𝑝𝐴𝑖(𝐵)

𝑁𝑀

𝑖=1

) #(31)  

The uncertainty of the results is estimated by the total standard deviation 𝜎𝑡𝑜𝑡 which is 

calculated as  

𝜎𝑡𝑜𝑡 = √𝜎𝑅0
2 + 𝜎𝑜𝑚𝑐

2 #(32)  

The uncertainty of the measurement, 𝑈, is then calculated as 

𝑈 = 𝑘𝜎𝑡𝑜𝑡#(33)  

where 𝑘 is the coverage factor. For a normal distribution of measured values, there is 

95% confidence that the true value lies within the range of 𝐿𝑤 ± 𝑈. This 95% confidence 

interval corresponds to the coverage factor 𝑘 = 2.[12] 

The standard deviation 𝜎𝑜𝑚𝑐 is related to the instability of the mounting and operation 

conditions for the noise source and can be determined by repeated measurements on the 

same source, at the same location, by the same person and with the same instruments. 

However, for each of these repeated measurements the mounting of the source and the 

operational conditions shall be readjusted.  

The standard deviation 𝜎𝑅0 is related to all the other conditions and situations allowed by 

this standard, such as source radiation characteristics, instrumentation and measurement 

procedure. The value of 𝜎𝑅0 is determined by Table 1 in ISO 3746.[12] It can also be 

determined with round robin tests or a modeling approach.  

3.2.2 ISO 3744  

The ISO 3744 is a standard that similar to ISO 3746 uses a direct method to calculate the 

sound power levels of a source directly from the measured sound pressure levels. This 

means that there is no need to use a reference sound source in this standard either, for 

calculation of sound power levels. There is however a method for determining the 
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environmental correction factor and validating the test environment, included in this 

standard, that includes a reference sound source.  

The ISO 3744 standard uses a method for determining sound power levels of a sound 

source located on a reflecting plane in an acoustic free field. This means that there should 

be essentially no reflections of sound from the boundary surfaces of the room or 

environment except those from the reflecting plane. To achieve this environment, the 

measurement can either be made outdoors or in a hemi-anechoic room. In this thesis the 

measurement was made in a passive intermodulation chamber at Ericsson Kista, which 

had a lot of absorptive material on the walls and in the ceiling. The environment was then 

thought of as hemi-anechoic. To verify the environment in accordance with the standard 

𝐾2𝐴 must be determined. To do this, there are two methods to choose from. Either with 

the use of a reference sound source or by obtaining the equivalent absorption area, A, of 

the room. When using the first method, the sound pressure levels of the reference sound 

source is measured and the sound power levels are calculated neglecting the 

environmental correction factor or in other words, setting 𝐾2 = 0. The environmental 

correction factor is the calculated as 

𝐾2 = 𝐿𝑊
∗ − 𝐿𝑊(𝑅𝑆𝑆)#(34)  

where 𝐿𝑊
∗  is the calculated sound power level of the reference sound source and 𝐿𝑊(𝑅𝑅𝑆) 

is the predefined calibrated sound power level of the reference sound source. The second 

method for validating the environment is by determining the equivalent sound absorption 

area of the room. The environmental correction is then calculated with equation (28). 

There are several different methods on how to determine the equivalent absorption are, 

defined in this standard and the method used in this thesis included selecting the mean 

sound absorption coefficient, 𝛼, from Table A.1 in ISO 3744 [13] and calculate the 

equivalent absorption area according to equation (29).  

The background noise correction, 𝐾1, is calculated in the same way as in ISO 3746 as 

described above, by using the difference in measured sound pressure levels with the noise 

source turned on and with the noise source turned off. The background correction is then 

calculated according to equation (26).  

When the environmental correction factor and the background correction factor is 

determined, the sound power levels of the noise source are calculated in the same way as 

in ISO 3746, using the equations (24) and (25). The measured sound pressure levels from 

the noise source are however taken from a larger array of microphone positions than in 

ISO 3746.  

As in ISO 3746, it is important to consider the characteristic dimension and the size of the 

noise source when choosing the location or room for the measurement, as this defines the 

qualification of the measurement environment by determining the value 𝐾2. Again, for 

the room to be valid for use with ISO 3744, the value of 𝐾2 can be no higher than a 

certain value specified by the standard.  

The accuracy rating of the ISO 3744 standard is that of “Engineering” on the three-grade 

scale. This means that the ISO 3744 offers calculated sound power levels of higher 

accuracy than that of ISO 3746. The uncertainty of the results is calculated by using 

equations (32) and (33), in the same way as in ISO 3746. Since the accuracy rating of 
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ISO 3744 is higher than that of ISO 3746 the values of the standard deviations 𝜎𝑜𝑚𝑐 and  

𝜎𝑅0 will presumably be lowered and thus the uncertainty, 𝑈, will also be lower than in 

ISO 3746. 

3.2.3 ISO 3747 

ISO 3747 uses a comparison method to calculate the sound power levels. This means that 

instead of calculating the sound power levels directly from the measured sound pressure 

levels, two measurements are taken. One to measure the sound pressure levels from the 

noise source under operation and one to measure the sound pressure levels of a reference 

sound source. The sound power levels of the noise source are then calculated by 

comparing the measured sound pressure levels of the noise source to the measured sound 

pressure levels of the reference sound source and the known, calibrated, sound power 

levels of the reference sound source.  

The ISO 3747 is an in situ-standard that is designed for measurement on large sources, 

sources built in place or generally sources that cannot be moved. This, together with the 

comparison method, means that the requirement on the acoustic environment is relatively 

low. In turn this gives the standard the accuracy rating of “engineering” or “survey”, 

depending on the characteristics of the noise source.   

The main criteria for the acoustic environment is that it shall be reverberant in the 

frequency interval of interest. This is to cause any directivity from the source to have a 

negligible influence in the measured sound pressure levels. For the environment to be 

reverberant, the indicator, excess of sound pressure level, Δ𝐿𝑓 , must be higher or equal to 

a certain specified value. The value of the indicator is calculated as 

Δ𝐿𝑓(𝑟) = 𝐿𝑝(𝑅𝑆𝑆),𝑟 − 𝐿𝑊(𝑅𝑆𝑆) + 11 + 20 log10 (
𝑟

𝑟0
) #(35)  

where 𝐿𝑝(𝑅𝑅𝑆),𝑟 is the measured sound pressure levels of the reference sound source at a 

distance, 𝑟, 𝐿𝑊(𝑅𝑅𝑆) is the known calibrated sound power levels of the reference sound 

source and 𝑟0 is the reference distance of 1m.  

This preliminary measurement shall be taken along a path extending away from the 

source, at varying distances, 𝑟. If the value of Δ𝐿𝑓(𝑟) is too low and does not meet the 

requirement, the distance, 𝑟, must be increased to move the microphone position out from 

the direct field and in to the diffuse field.  

The directivity of the sound from the noise source plays a big role in this standard. If the 

emitted noise is too directional, the accuracy may be lower or the method of this standard 

might not be applicable. Therefore, preliminary measurements shall be taken to determine 

the grade of directivity of the noise source. This is made by taking measurements at a 

distance of 1m along the sides of the source. If the A-weighted range of these sound 

pressure measurements varies by no more than ± 2dB the source is considered 

omnidirectional. If the variation exceeds ± 2dB the source is considered directional. 

Changes to the calculation of accuracy shall be made accordingly in regard to the 

variation in the range of sound pressure levels measured in this way. 
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If the noise source is large ore have two or more clearly separate noise sources far apart 

from each other. More than one reference sound source location might be needed. 

Otherwise, generally one reference sound source location is needed. The reference sound 

source shall be placed in a way that the emission pattern is similar to that of the noise 

source under operation or if possible, on top of the noise source.  

In general, four microphone positions are evenly distributed around the noise source for 

measurement of the sound pressure levels of the noise source, the reference source and 

the background noise. It is important to make sure that these positions are located in the 

diffuse field by ensuring that the measurement distance, 𝑟, fulfills the criteria for Δ𝐿𝑓(𝑟). 

When the sound pressure measurements have been taken, the sound power levels of the 

noise source are calculated as 

𝐿𝑊 = 𝐿𝑊(𝑅𝑆𝑆) − 𝐿𝑝(𝑅𝑆𝑆) + 𝐿𝑝(𝑆𝑇)#(36)    

where 𝐿𝑊(𝑅𝑅𝑆) is the known sound power level of the calibrated reference sound source 

in octave bands, 𝐿𝑝(𝑅𝑅𝑆) is the mean corrected time-averaged sound pressure level of the 

reference sound source in octave bands and  𝐿𝑝(𝑆𝑇) is the mean corrected time-averaged 

sound pressure level of the noise source under operation in octave bands. 𝐿𝑝(𝑅𝑅𝑆) is 

calculated as 

𝐿𝑝(𝑅𝑆𝑆) = 10 log10 (
1

𝑛
∑ 100,1𝐿𝑝𝑖(𝑅𝑆𝑆)

𝑛

𝑖=1

) #(37)  

where 𝑛 is the number of microphone positions and 𝐿𝑝𝑖(𝑅𝑅𝑆) is the corrected time-

averaged sound pressure level from the reference sound source at the i:th microphone.  

𝐿𝑝𝑖(𝑅𝑆𝑆) is calculated as 

𝐿𝑝𝑖(𝑅𝑆𝑆) = 𝐿𝑝𝑖(𝑅𝑆𝑆)
′ − 𝐾1𝑖(𝑅𝑆𝑆)#(38)  

where 𝐿𝑝𝑖(𝑅𝑆𝑆)
′  is the measured sound pressure level from the reference sound source at 

the i:th microphone position and 𝐾1𝑖(𝑅𝑆𝑆) is the background correction for the i:th 

microphone position. 

The background correction factor, 𝐾1𝑖(𝑅𝑆𝑆), is calculated as 

𝐾1𝑖(𝑅𝑆𝑆) = −10 log10(1 − 10−0,1Δ𝐿𝑝𝑖(𝑅𝑆𝑆)) #(39)  

where Δ𝐿𝑝𝑖(𝑅𝑆𝑆) is calculated as  

Δ𝐿𝑝𝑖(𝑅𝑆𝑆) = 𝐿𝑝𝑖(𝑅𝑆𝑆)
′ − 𝐿𝑝𝑖(𝐵)#(40)  

where 𝐿𝑝𝑖(𝐵) is the measured sound pressure level of the background noise at the i:th 

microphone.  

When calculating the corrected time-averaged sound pressure level of the noise source 

under operation in octave bands, 𝐿𝑝(𝑆𝑇), the same procedure is used as for 𝐿𝑝(𝑅𝑆𝑆), by 
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following equations (37), (38), (39) and (40). This is done by replacing the measured 

reference sound source pressure levels with the measured sound pressure levels from the 

noise source and in the equations changing the notation (RSS) with (ST). 

The uncertainty of the results is calculated with equation (32) and (33) with 𝑘 = 2 for 

confidence interval of 95%. Here the directivity of the source may affect the uncertainty 

as 𝜎𝑅0 is chosen from Table 2 in ISO 3747.[14] In this table the standard deviation is 

affected by two parameters. How reverberant the environment is, in other words, the 

value of Δ𝐿𝑓𝐴, and the directivity range of the noise source.  

3.2.4 ISO 9614-2 

The ISO 9614-2 standard uses the sound intensity to calculate the sound power of the 

noise source. The sound intensity from a source is obtained by using an intensity probe. 

The most common intensity probe consists of a microphone pair that is mounted facing 

each other with a certain specified distance in-between them. The sound pressure is 

measured at both microphones and when the axis of the microphones is positioned 

orthogonal to the sound propagation it is possible to approximate the derivative of the 

sound pressure between the microphones. The sound particle velocity can then be 

calculated by the instrument. Other probes use an acoustic particle velocity censor to 

measure the velocity, but this is much more uncommon.[10] In both cases the sound 

pressure and the particle velocity is used to calculate the intensity by the measurement 

system. This means that the sound intensity is actually calculated and not measured even 

though the probes are called “intensity probe”. 

The sound power level of the source is calculated by obtaining the sound intensity over 

an area enclosing the source. This measurement area is determined by a shape that 

entirely encloses the source or terminates on any hard surface on which the source is 

mounted. This means that the measurement is less sensitive to the acoustic environment 

and no correction for the environment is used when calculating the sound power levels. 

Instead some field indicators must be determined before the measurement is made to 

assess the validity of the method. These indicators are the surface pressure-intensity 

indicator, 𝐹𝑝𝐼, and the negative partial power indicator, 𝐹+/−. The surface pressure-

intensity indicator is calculated as 

𝑃𝑝𝐼 = [𝐿𝑝] − 𝐿𝑤 + 10 log10 (
𝑆

𝑆0
) #(41)  

where 𝑆 is the total measurement surface area, 𝑆0 = 1 is the reference area and the 

surface-average sound pressure level, [𝐿𝑝], is calculated as 

[𝐿𝑝] = 10 log10 ((
1

𝑆
) ∑ 𝑆𝑖100,1𝐿𝑝𝑖

𝑁

𝑖=1

) #(42)  

where 𝑆 is the total area of the measurement area and 𝑆𝑖 is the area of each separate 

segment 𝑖 of the total measurement area. 𝐿𝑝𝑖 is the time-averaged sound pressure level 

measured over the segment 𝑖. The negative partial power indicator is calculated as 
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𝐹+/− = 10 log10 (
∑|𝑃𝑖|

∑𝑃𝑖
) #(43)  

where 𝑃𝑖 is the partial sound power for segment 𝑖 of the measurement surface and is 

calculated as 

𝑃𝑖 = 〈𝐼𝑛𝑖〉𝑆𝑖#(44)  

where  〈𝐼𝑛𝑖〉 is the signed magnitude of the segment-average normal sound intensity 

measured over the segment 𝑖 and 𝑆𝑖 is the area of the segment. These field indicators must 

pass some criteria stated in the standard for the method to be valid. These criteria are:  

𝐿𝑑 > 𝐹𝑝𝐼#(45)  

𝐹+/− ≤ 3 𝑑𝐵#(46)  

where 𝐿𝑑 is the dynamic capability index of the instrumentation.  

The dynamic capability index is calculated as 

𝐿𝑑 = 𝛿𝑝𝐼0
− 𝐾#(47)  

where 𝐾 is the bias error factor and is chosen from Table 1 in ISO 9614-2 [15], 

depending on what accuracy is desired. 𝛿𝑝𝐼0
 is the pressure-residual intensity index. 

The pressure-residual intensity index is calculated as 

𝛿𝑝𝐼0
= 𝐿𝑝 − 𝐿𝐼#(48)  

where the values 𝐿𝑝 and 𝐿𝐼 are measured under conditions where no sound intensity is 

affecting the probe. This is often done by connecting the two microphones to one noise 

source, feeding the same signal to both microphones. In theory the measured intensity 

level, 𝐿𝐼, should then be zero. Due to a slight phase mismatch between the microphones a 

small intensity level will be measured in practice.  

There is also another requirement that is called partial-power repeatability check. This is 

in practice a determination of the deviation between two measurements and a comparison 

with the standard deviation specified for a certain accuracy rating. The partial-power 

repeatability check is calculated as 

|𝐿𝑊𝑖(1) − 𝐿𝑊𝑖(2)| ≤ 𝑠#(49)  

where 𝑖 denotes the segment of the measurement surface, the numbers (1) and (2) denotes 

the first and second scanning procedure over the segment, 𝑖, and 𝑠 is the standard 

deviation, chosen from Table 2 in ISO 9614-2 [15], depending on what accuracy is 

desired.  

When the field indicators 𝐹𝑝𝐼 and 𝐹+/− are determined and if the criteria for these are 

fulfilled the measurement can be made. The measurement is conducted by scanning each 

segment of the measurement area with the intensity probe. Each segment is scanned twice 

following a serpentine shaped path. When the second scan on each segment is taken, the 
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serpentine path is rotated 90°. The measurement for each segment shall fulfill the criteria 

stated in equation (49).   

 

Figure 5: Example of scanning path and the path rotated 90°. 

Each scanning of a segment of the measurement surface shall take no less than 20 

seconds and can be conducted either manually or mechanized. Before scanning is 

conducted the measurement surface shall be examined to determine if there are any 

indications of high temperature change or high airflow at any locations on the 

measurement surface. Since the intensity probe is sensitive to high temperature change, it 

shall not be placed closer than 20 mm to bodies having a temperature significantly 

different than that of the ambient air. [15] The intensity probe is also sensitive to high 

airflow. The speed of the airflow shall ideally be less than 4 m/s at all positions over the 

entire measurement surface. [15] If the speed of the airflow is higher than 4 m/s at any 

point on a segment of the measurement are, the segment-average normal sound intensity 

level, 𝐿𝐼𝑛
, shall be measured over that area by scanning procedure. It shall then be 

verified that this measurement is in according with the criteria in equation (49). If not, the 

method in this standard is not viable. During this thesis the speed of the airflow generated 

by the fans on the RRU was measured and determined to be less than 4 m/s at the location 

of highest airflow. A wind screen was mounted on the probe in any case since there was 

noticeable airflow through the measurement surface.  

When intensity measurements have been taken from all segments of the measurement 

area, the sound power level of the noise source is calculated as  

𝐿𝑊 = 10 log10 |∑
𝑃𝑖

𝑃0

𝑁

𝑖=1

| #(50)  

where 𝑁 is the number of segments, 𝑃0 = 10−12 is the reference sound power and 𝑃𝑖 is 

the partial sound power for segment 𝑖 and is calculated according to equation (44). 

When calculating the partial sound power for each segment the mean segment-average 

normal sound intensity is calculated as 

〈𝐼𝑛𝑖〉 =
[〈𝐼𝑛𝑖(1)〉 + 〈𝐼𝑛𝑖(2)〉]

2
#(51)  

where 〈𝐼𝑛𝑖(1)〉 and 〈𝐼𝑛𝑖(2)〉 are the segment-average normal sound intensity from the two 

separate scans with the path rotated 90° for the second scanning.  

The normal sound intensity is obtained from the measurements by calculating equation 

(52) or equation (53) 
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𝐼𝑛𝑖 = 𝐼0 (10
𝐿𝐼𝑛𝑖
10 ) #(52)  

𝐼𝑛𝑖 = −𝐼0 (10
𝐿𝐼𝑛𝑖
10 ) #(53)  

where 𝐼0 = 10−12 is the reference intensity and  𝐿𝐼𝑛𝑖 is the sound intensity level obtained 

from the measurement. Equation (53) is used if the value of the sound intensity level 

obtained from the measurement is negative.  

The uncertainty of the measurement is obtained from Table 2 ISO 9614-2 depending on 

what accuracy grade is desired. [15] 

3.3 Acoustic noise estimation tool 

The noise estimation tool was created as a “user form” in the Microsoft Excel embedded 

programming language, Visual Basic for Application. The user form is a graphical interface 

used to obtain and treat input from a user. The code of the tool is made up of different user form 

segments that are run based upon user input. A big portion of the code is based upon logical 

operations to read and write data and input throughout the tool and to display parameters to the 

user in a convenient fashion. The acoustic calculations are mainly concentrated to two parts, the 

summation of the sound power levels for the entire radio site and the calculation of the average 

sound pressure level at a receiving point.  

The summation of the sound power levels is calculated by using equation (9) in two steps. First 

by summing all the sound power values from the different radios and then taking the tenth-base 

logarithm of this to receive the sound power level.  

The average sound pressure level at a certain distance from the radio site is calculated with the 

equations (21), (22) and (23) depending on what propagation is chosen by the user.  

Two types of Ericsson radio units are predefined in the estimation tool. These are NGR G1 and 

NGR G2. The data that is used for the sound power calculations of the NGR G2 radio comes 

from the measurements taken during the testing of the ISO standards in this thesis. The data that 

is used for the sound power calculations of the NGR G1 radio comes from earlier measurements 

made by an acoustic consulting firm.  

The estimation tool returns the sound power level as a function of ambient temperature. 

However, when the sound power levels from the fans of radio units are to be measured in 

practice, the fans are controlled by changing the rotational speed. Not the ambient temperature. 

Additional steps have to be made for this relation. At a certain ambient temperature there is a 

certain volume flow of air needed from the fans to dissipate the heat. This volume flow is 

achieved by a specific fan speed, unique to each fan model. During this thesis work, the volume 

flow at certain fan speeds for NGR G1 and NGR G2 fans had to be measured as a step in 

determining the relation between ambient temperature and emitted sound power level. The 

relation between ambient temperature and volume flow for different radio units was not 

determined within this thesis work and data of this was obtained from earlier studies. 

A detailed walkthrough of the estimation tool is found in Appendix 3. 
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3.3.1 Assumptions and approximations 

In the calculation of the average sound pressure level the spherical propagation and the 

hemi-spherical propagation is calculated with the contribution from all the radio units 

approximated to one sound source. This will of course not be the reality in the near field 

where the acoustic field will be composed of several different sources, one from each 

radio unit. This approximation may though be thought of as “good enough” for the 

desired estimation of the sound pressure at a certain distance from the radio site. The 

estimation is also made with the assumption of an ideal free field and the approximation 

of neglecting any effects from temperature or density variations in the air. Should a large 

difference in sound pressure between measured values and estimated values be observed, 

attention should be turned to this approximation.  

All sources are assumed to be uncorrelated and the summation of the sound power levels 

are made with this in mind. This assumption is validated by the highly different fan 

rotation speeds reported in Table 2. The fan speeds reported in Table 2 were obtained 

when each pair of fan trays were fed the same control signal and the same power.  

3.3.2 Light version 

A light version of the tool has also been designed. In this light version the ability to add 

custom radio units and to save radio units have been disabled. It is also no longer possible 

to set an ambient temperature outside of the selected radio’s interval. For a G2 unit for 

example, the user can not set an ambient temperature higher than 55°C. 

 

4 Results 

4.1 Applicability of different standards 

The “results” of using different standards in House 09 at Ericsson Kista will not put any 

emphasis on the actual calculated sound power levels, that are the results of the measurements, 

but rather on other factors that might help to quantify the applicability of the standards that were 

tested. It shall also be noted that the same source, an NGR G2 unit with a fan tray with four 

fans, was used during all measurements. This is a quite small source with the dimensions, 

height: 42 cm, depth; 35 cm and width: 16 cm. When the standards are evaluated they are done 

so with measurements on this noise source in mind. 
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Figure 6: Dimensions of the NGR G2. (A) depth 35cm, (B) width 16cm and (C) height 42cm. 

The factors that will be evaluated are: 

 Accuracy. 

 Availability of instrumentation and measurement environments. 

 Time consumption. 

 Complexity of measurement conduction. 

 

Figure 7: Calculated sound power levels by using different ISO standards in house 09 at Ericsson AB, Kista. 

4.1.1 ISO 3746 

The ISO 3746 standard is a standard that uses a direct method that is fairly simple to use 

and has quite low requirements of the environment. 

4.1.1.1 Accuracy 

Since the method does not have too high restrictions on the environment or the type 

of noise source the accuracy of this standard is quite low, with a “Survey” rating. 
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When this standard was tested, the uncertainty vas calculated, according to the 

standard, to ± 8.1 𝑑𝐵. This is a very high uncertainty compared to what can be 

achieved with other standards.  

4.1.1.2 Availability of instrumentation and measurement environments 

For this standard and method, all equipment that is needed, except for a 

microphone calibrator is available at Ericsson. This includes a B&K type 4165 

microphone with cables and a sound level meter and software for the frequency 

analysis.  

Since the requirements on the environment are very low, there are no issues with 

finding a measurement environment that complies with the standard. The 

background sound pressure levels however are too high compared to the noise 

levels of the radio fans during working hours. The causes of the high background 

levels are several. Some of high importance are ventilation systems that generate 

noise, elevators running and employees working in the building. This means that 

any measurements have to made after working hours. For example, during 

evenings and nights or on weekends.  

4.1.1.3 Time consumption 

With some planning ahead and studies of the standard, this is not a time consuming 

standard. A main reason for this may be due to the relatively few microphone 

positions that are required for the measurement. A measurement including setup, 

measurement and post processing of data may not take more than one working day. 

4.1.1.4 Complexity of measurement conduction 

The method of the measurement in this standard is quite straight forward and not 

very complex. Because of this, the standard and method used is not very difficult to 

implement.  

4.1.2 ISO 3744 

The standard ISO 3744 uses a direct method for measuring the sound pressure level of the 

noise source. Similar to the ISO 3746 standard, but with the main difference of higher 

demands on the acoustic environment and a higher accuracy rating, “Engineering”. The 

acoustic environment for this standard should be an essentially free field over a reflecting 

plane. 

4.1.2.1 Accuracy 

The accuracy of this standard is the highest among the tested. With the accuracy 

rating of “Engineering”, the uncertainty of the results calculated with this method 

was ±3.2 𝑑𝐵. This higher accuracy is gained due to a more precise analysis of the 

acoustic field with a higher number of microphone positions and a more controlled 

acoustic environment. Figure 7 shows that the sound power levels calculated 

according to this standard are in line with the sound power levels from the other 

standards. 

4.1.2.2 Availability of instrumentation and measurement environments 

Since the method of measuring the sound pressure level is very much the same as 

in ISO 3746, all instrumentation that is needed is available at Ericsson. Except for a 
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recently calibrated microphone calibrator. There are several ways to determine the 

environmental correction factor stated in the standard. If another method is used 

than the one used during the measurements in this thesis, a reference sound source 

might be necessary.  

Since the acoustic environment for this standard is specified to be an essentially 

free field over a reflecting plane and the requirements for this environment are 

quite high the locations where the measurement can take place are limited within 

Ericsson facilities. A PIM-chamber that was used during the measurement however 

was deemed to fulfill the criteria stated. A PIM-chamber is normally used when 

measuring passive intermodulation on radio equipment. The chamber or room is 

lined with a large amount of absorptive material in the ceiling and on the walls. 

This deemed the room to be valid for use with the standard. It shall be noted that 

due to the dimensions of the PIM-chamber, issues might occur if noise sources 

with larger dimensions than the NGR G2 unit is to be tested. This might lead to 

nonconformity with the ISO standard if the noise source is too large.  

4.1.2.3 Time consumption 

Even though the method of measuring the sound pressure level of the noise source 

is the same as in ISO 3746, ISO 3744 is a more time consuming standard to follow. 

Since the standard has a higher accuracy rating more microphone positions are 

needed. This means that not only will the measurement procedure take longer time, 

but there will also be more data that has to be treated. This time could be shortened 

significantly with the use of a microphone boom. The measurement made in this 

thesis took little over one working day, when following this standard. 

4.1.2.4 Complexity of measurement conduction 

The direct method is pretty straight forward only consisting of measuring the sound 

pressure levels from the noise source and the background levels. When determining 

the environmental correction factor, the room parameters can be chosen from a 

table instead of from acoustical measurements. This makes this standard pretty 

easy to implement. 

4.1.3 ISO 3747 

The ISO 3747 uses a comparison method. This differs from the direct method by 

measuring the sound pressure level from the noise source and then measuring the sound 

pressure level from a reference sound source in the same environment. These two 

measurements are then compared together with the known sound power level of the 

reference sound source to calculate the sound power level of the noise source. This puts 

much lighter restrictions on the acoustical environment. 

4.1.3.1 Accuracy 

The accuracy of this standard may vary depending on how the measurement is 

conducted. The standard has both the accuracy rating “Engineering” and “Survey”. 

The accuracy varies depending on the acoustic field emitted from the noise source 

and the acoustic environment where the measurement takes place. During the 

measurement in this thesis, the uncertainty of the results was calculated to 3.2 𝑑𝐵 

when using this standard. Parameters during the measurement was good enough to 
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keep the “Engineering” rating of the accuracy. The method might drop in accuracy 

if different sources and different environments are used during measurements. 

4.1.3.2 Availability of instrumentation and measurement environments 

When using a comparison method, a calibrated reference sound source is needed. 

This is not available at Ericsson and has to be acquired elsewhere. A calibrated 

microphone calibrator is also needed. Otherwise everything that is needed to 

conduct the measurement is available at Ericsson.  

Since a comparison method is used in this standard, the requirements on the 

measurement environment are lower than the requirements for direct methods. It 

means essentially that the environment has to be reverberant but no other 

information is needed. Even though this is a lighter requirement on the 

environment. Reverberant environments are difficult to come by in an office 

building as most of the rooms has absorptive materials in the ceiling. The room that 

fulfilled the reverberant requirement and was used for the measurement was a 

bicycle garage. Even though the measurement was taken during a weekend the 

background levels were too high, compared to the noise levels of the radio fans, in 

all frequency bands when comparing to the lowest fan speed of the noise source. 

The background levels were also too high in the 125 Hz octave band when 

comparing to all measured fan speeds.  

4.1.3.3 Time consumption 

Some initial measurements have to be made to determine source locations, 

directivity and parameters for the reverberant environment. After this, the 

measurements on the noise source and the reference sound source are taken at 

significantly less microphone positions compared to ISO 3744. However, restricted 

access to the bicycle garage during the weekend raised the time consumption of 

this measurement. In case no other room can be found that fulfills the 

requirements, this is a very time consuming and standard to follow.  

4.1.3.4 Complexity of measurement conduction 

This method requires a little more calculation and analysis of the initial 

measurements compared to ISO 3746 and ISO 3744, that do not need any initial 

measurements. Since this is an “in situ” method, the standard uses a zone-system to 

classify the quality and validity of the microphone positions in relation to the noise 

source. This is to determine if the microphones might report an over or under 

estimate of the sound pressure level. This makes this standard somewhat more 

complicated to implement.  

4.1.4 ISO 9614-2 

ISO 9614-2 differs quite a lot from the other standards by calculating sound power levels 

from measured intensity instead of sound pressure. This results in big differences in 

criteria of environment and instrumentation. 

4.1.4.1 Accuracy 

The accuracy of ISO 9614-2 can have both “Engineering” or “Survey” rating, 

depending on the acoustic filed emitted by the source. The results from the 
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measurement when using this standard had an uncertainty of ±3 𝑑𝐵. This is the 

lowest uncertainty achieved among the four tested standards.  

4.1.4.2 Availability of instrumentation and measurement environments 

When measuring the intensity, an intensity probe is needed, together with a 

frequency analyzer system. Other accessories to the intensity probe might also be 

necessary. This equipment is not available at Ericsson at this time, but might be 

bought or rented.   

When intensity is measured the environment is of very little importance. The only 

requirement is that there should not be any absorptive material inside the 

measurement surface and the extraneous noise should be kept to a minimum. 

Because of these low criteria the measurement can be taken almost anywhere. The 

intensity probe however is sensitive to air flow which might be an issue if the 

measurement takes place in a windy environment or if the source generates air 

flow.  

4.1.4.3 Time consumption 

This is potentially a very fast measurement method. If up-to-date equipment is 

used, the entire measurement can be taken by a few scans of the source, which is 

significantly less time consuming than taking pressure measurements with a lot of 

microphone positions. The fact that the measurement with this method can be 

conducted almost anywhere also means that less time has to be spent on finding 

and qualifying the measurement environment.  

4.1.4.4 Complexity of measurement conduction 

The setup of the measurement system and calibration or verification of the intensity 

probe might prove difficult and unintuitive when practiced for the first time. When 

scanning the segments of the measurement surface, two options are available. 

Either scanning by hand or automatic scanning with a traverse. Scanning by hand is 

the most common, but might require some practice. The results from the scanning 

might also be heavily affected by the manner of the manual scanning if there exist 

level fluctuations over the segment. This means that this standard might be more 

difficult to implement than the others tested if not considerable time is dedicated to 

studying and practicing this measurement method.  
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Figure 8: Sound power levels of standards compared to measurement in MWL 

In Figure 8, the results from the tool verification measurements, taken on an NGR G2 unit, at 

MWL are compared to the results from the measurements at Ericsson. The measurements at 

MWL was conducted by following the ISO standard 3743-1. This is one of the standards not 

tested at Ericsson. The results from the measurements at MWL falls in line with the other results 

and this is good as it validates the measurements made at Ericsson to a certain extent.  

4.2 Acoustic noise estimation tool 

The noise estimation tool was verified by a measurement made at MWL at KTH. The 

measurement was conducted by following ISO 3743-1 in a reverberation room. This standard 

uses a comparison method with a reference sound source. First, some initial sound pressure 

measurements are taken on the noise source located in the environment to determine the number 

of source locations. If the directivity from the noise source is high, it might be necessary to use 

several source locations or measurements in an additional environment. For this noise source it 

was sufficient with one source location. When this is done, sound pressure measurement is 

taken on the reference sound source at the same location as the noise source. Finally, the sound 

pressure measurements of the noise source and the background measurements are taken. The 

sound power levels emitted from the noise source are then calculated by comparing the 

measured sound pressure levels of the noise source to the sound pressure and sound power 

levels of the reference sound source. Much in the same way that is described in section 3.2.3 

ISO 3747 in this document.  
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Figure 9: Test setup at MWL, for verification of estimation tool.  

Figure 9 displays the setup in the reverberation room. The tested radio setup consisted of two 

NGR G2 RRU:s mounted on a rail above two NGR G1 RRU:s. 
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Figure 10: Sound power levels from the measurement at MWL and sound power levels calculated by the noise 

estimation tool. 

Figure 10 shows the calculated sound power levels, measured at MWL and the noise estimation 

from the tool. The reason for the difference between the measured values and the values 

calculated by the tool at 23°C is because the background levels were too high compared to the 

levels of the fans when measuring at low fan speeds. The fan speed varied between the fan 

trays, even though both RRU:s in each pair were fed the same control signal and the same 

electrical power. This is not displayed in Figure 10. Since each separate data point in Figure 10 

is representing a sound power level generated by four fan trays with different fan speeds, the 

ambient temperature represented on the x-axis is not the actual ambient temperature correlating 

to the fan speeds but more of a “target”. The actual fan speeds and ambient temperatures 

correlating to these are reported in Table 2. 

 

NGR G2 Left NGR G2 Right NGR G1 Left NGR G1 Right 
Target 
ambient 
temperature 
[°C] 

Actual 
fan 
speed 
[rpm] 

Correlating 
ambient 
temperature 
[°C] 

Actual 
fan 
speed 
[rpm] 

Correlating 
ambient 
temperature 
[°C] 

Actual 
fan 
speed 
[rpm] 

Correlating 
ambient 
temperature 
[°C] 

Actual 
fan 
speed 
[rpm] 

Correlating 
ambient 
temperature 
[°C] 

23/20 2700 23,1 2823 24,2 1701 18,2 1914 19,5 

25 2967 25,4 3093 26,4 2904 25,2 3291 27,4 

30 3549 30,3 3705 31,6 3423 28,1 3807 30,3 

40 4668 39,6 4845 41,1 4983 37,1 5712 41,3 

45 5742 45,1 5961 46,2 5850 42,1 6663 46,7 

55 7671 54,6 7908 55,8 7503 51,6 8412 56,8 
Table 2: Actual fan speeds and correlating ambient temperature of each fan tray for each target ambient 

temperature.  
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Some other setups were also measured for the sake of verification of the tool. 

 

Figure 11: One NGR G2 unit was measured. 

 

Figure 12: Sound power levels of one G2 unit, from measurement at MWL and calculated from the estimation 

tool.  

Figure 12 displays the sound power levels from one NGR G2 unit measured at MWL at KTH 

and calculated values from the estimation tool. Again the difference at the lower temperatures is 

because the measured values are too high. This is because the background sound pressure levels 

during measuring were too high compared to the sound pressure levels from the fan tray of the 

G2 unit.  



   

40 

 

 

Figure 13: One NGR G1 unit was measured. 

 

Figure 14: Sound power levels of one G1 unit, from measurement at MWL and calculated from the estimation 

tool. 

In Figure 14 the sound power levels calculated from the measurement of a fan tray on one NGR 

G1 unit at MWL and the sound power levels calculated with the estimation tool is shown. Also 

here the difference at low temperatures is due to the relatively high background sound pressure 

levels during measurement.  

 

Ambient 20/23°C 25°C 30°C 40°C 45°C 55°C 
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load case 

SPL 

2G2+2G1 45,2 46,4 48,2 53,2 56,0 60,1 

1st G2 39,6 39,8 40,8 44,7 46,9 53,4 

1st G1 40,5 42,8 45,7 50,6 52,6 54,9 

Background 38,1 38,1 38,1 38,1 38,1 38,1 

D
if

f.
 t

o
 

b
ac

k-
gr

o
u

n
d

 2G2+2G1 7,1 8,3 10,1 15,2 17,9 22,0 

1st G2 1,5 1,7 2,7 6,6 8,8 15,4 

1st G1 2,4 4,7 7,7 12,5 14,6 16,9 
Table 3: A-weighted measured sound pressure levels and background sound pressure levels together with 

difference between measured values and background. 

Table 3 displays A-weighted sound pressure levels measured for three different test setups at 

MWL. Two NGR G2 units mounted over two NGR G1 units as displayed in Figure 9, then one 

NGR G2 unit and finally one NGR G1 unit, as shown in Figure 11 and Figure 13. It is clear that 

the measured sound pressure levels from the test setups are not much higher than the 

background sound pressure level. Especially not for the lower ambient temperature load cases 

for the single units. While the values in Table 3 are summed up over the frequency range 125 to 

8000 Hz, it shall be noted that in the octave bands in the same frequency range, all three setups 

had at least one octave band value that was too low compared to the background according to 

the standard ISO 3743-1. This goes for all of the ambient temperature load cases. This means 

that the calculated sound power levels from this measurement shall be regarded as maximum 

values.  

Two units was tested side-by-side and above each other separately to determine if there was any 

significant influence on the emitted sound power level caused by disturbance on airflow at the 

fan inlet.  

   

Figure 15: Two separate setups consisting of two NGR G2 units. To the left, side-by-side. To the right, above 

each other. 
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Figure 16: Sound power levels of two NGR G2 units mounted side by side, from measurement at MWL and 

calculated from the estimation tool 

 

Figure 17: Sound power levels of two NGR G2 units mounted above each other, from measurement at MWL 

and calculated from the estimation tool 

The difference between the measured values of the units mounted side by side, as shown in 

Figure 16, and the measured values with the units mounted above each other, as shown in 

Figure 17, is very small. This indicates that the disturbance of airflow at the inlet of the unit on 
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top may not significantly affect the noise generated from that unit within this interval of fan 

speed. This is also backed up by the fact that the estimation tool and the measurements had such 

similar results. The estimation tool neglects any changes in noise generation, caused by stacking 

units on top of each other, while this should have been included in the measurement and would 

have resulted in a difference between the two.   

5 Conclusions 

5.1 Applicability of different standards 

ISO 3744 seemed to be the most applicable at Ericsson, of the tested standards. It has high 

accuracy in relation to what can be achieved and the method is not very difficult to implement 

or time consuming in comparison to the other standards tested. All instrumentation that is 

needed, to conduct measurements with this standard is available at Ericsson, except for a 

microphone calibrator. 

Also ISO 3747 and ISO 9614-2 are applicable if the necessary equipment for the method in 

respective standard is acquired. ISO 3746 is not recommended for use since it produced results 

with such low accuracy.  

If measurements with higher accuracy is required, these measurements have to be made at an 

acoustic laboratory, using other standards with “Precision” grade.  

5.2 Acoustic noise estimation tool 

After the verification made in MWL at KTH, the estimation tool seems to deliver values that are 

reasonable. The functions for pre-setting and saving new radios works as intended and the 

sound pressure estimation at a distance from the source for ideal conditions is working as 

intended. The estimation tool fulfills the criteria stated in the beginning of the thesis and can be 

used as intended during the design phase of a project.  

It is important to remember that this is a tool for estimation of the sound power level. Since the 

sound power curve for the predefined RRU:s NGR G1 and NGR G2 are calculated from 

measurements with an uncertainty of approximately 3 dB the uncertainty of the sound power 

levels estimated with the tool should be in the same region. When a new RRU is added to the 

tool by the user, the uncertainty will also be affected. The uncertainty of the estimation will then 

depend on the uncertainty of the data used when defining that new radio. Since there is 

logarithmic summation of values in the estimation tool, any potential errors will also be 

summed logarithmically. The contribution from a thousand radios are summed as an example. If 

all radios have an error of exactly +3 dB, then the error in the result will also be exactly +3 dB.  

It shall be stated that the estimation tool can not only be used with radio units, but also with any 

other fan-noise emitting products where the relation between the ambient temperature and the 

sound power level is known.  
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6 Future work 

6.1 Sound emission characteristics from multiple radios 

Further work may include analytical or empirical studies of the change in noise emission 

characteristics from different combinations of NGR radio setups and also other types of noise 

generating products. This might prove useful to gain knowledge on how the sound pressure 

level received at a certain distance from a NGR radio site varies with different layouts of the 

NGR radio site. 

6.2 Acoustic noise from radio without fans 

During the conduction of this thesis it became apparent that a radio unit running without fans 

might also emit considerable high sound levels, depending on what operational mode is running 

in the radio at a given point. It may therefore be of interest to further assess noise levels of radio 

units without fans.  

6.3 Structure borne acoustic noise 

If a radio unit is mounted on a façade of a building, structure borne noise will transmit through 

the mountings and in to the structure of the building. This could raise problems in residential 

areas if noise is transmitted to peoples sleeping areas. How this noise is transmitted is heavily 

dependent on how the unit is mounted and if there is any usage of acoustic dampening in the 

mounting. There is also the aspect of whether acoustic measures were taken when constructing 

the building e.g. spaced studs in the walls and spacing’s in between inner walls. Questions that 

could be important for future studies are. 

 Is this structure borne noise a problem in the frequency bands of interest?  

 How is this noise transmitted?  

 How can this transmitted noise be prevented? 

6.4 Other methods for measuring sound pressure levels 

The second part of this thesis was focused on testing the applicability of ISO standards for 

calculating sound power levels of radio units here at Ericsson. Another interesting step might be 

to take sound pressure measurement with unstandardized methods and equipment, for instance 

with cellphones or simpler sound level meters, to see how much the results differ from the 

standardized measurements. 
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Appendix 1- Terms and definitions 

The use of Lden became obligatory in 2004 in all European countries in connection to the 

implementation of the European Environmental Noise Directive. Lden is calculated with a 

penalty for evening and night time. This is calculated as 

𝐿𝑑𝑒𝑛 = 10 ∙ log10

12 ∙ 10
𝐿𝑑𝑎𝑦

10 + 4 ∙ 10
𝐿𝑒𝑣𝑒𝑛𝑖𝑛𝑔+5

10 + 8 ∙ 10
𝐿𝑛𝑖𝑔ℎ𝑡+10

10

24
 

Ldn (day-night) is defined as the equivalent sound power level over 24 hours with a penalty of 

10 dB(A) for night time. Day time is defined as the hours between 07-22 and night time is 

defined as the hours between 22-07. Ldn is calculated as 

𝐿𝑑𝑛 = 10 ∙ log10

15 ∙ 10
𝐿𝑑𝑎𝑦

10 + 9 ∙ 10
𝐿𝑛𝑖𝑔ℎ𝑡+10

10

24
 

SEL or sound exposure level is the sound pressure level squared, integrated over a certain 

period of time and normalized to one second. This would be the same as any Leq value 

normalized to one second and is numerically equal to the sound energy during that period of 

time. If the signal can be approximated to a “box shape” in the time domain, the SEL can be 

calculated as 

𝑆𝐸𝐿 = 𝐿𝑒𝑞 + 10 ∙ log10 𝑡 

where 𝑡 is measured in seconds.  

In the inversed way. The Leq value can be calculated as  

𝐿𝑒𝑞 = 𝑆𝐸𝐿 − 10 ∙ log10 𝑡 
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Appendix 2 – Brief measurement reports 

ISO 3746  

1. Noise source under test 

The noise source was an Ericsson NGR G2 radio unit with a fan tray consisting of four fans 

attached. The fan tray was made by Nidec with model number 4W40S24BS1F5-07E02. The 

dimensions of the source were; height: 42 cm, depth; 35 cm and width,16 cm. 

 

Figure A 1: Depth (A), width (B) and height (C) of the NGR G2 

The fans were operated at five different speeds. 3400, 6720, 10330, 14870 and 17740 rpm. The 

radio unit itself was not running during the measurements. Each measurement was averaged 

over a 30 second time interval. The radio unit was positioned centered in the room lying down 

on the floor.  

 

Figure A 2: NGR G2 unit centered in the room. 
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2. Test environment 

 

Figure A 3: Sketch of room with source and microphone positions. 

The measurements were taken indoors in a meeting room at Ericsson. The furniture was 

removed but two plants and curtains were left in the room during measurements. The room had 

sound absorbing material in the roof and a height of 2,92 m. 

The room was acoustically qualified according to ISO 3746 Annex A and the mean sound 

absorption coefficient was chosen as α = 0,325 from Table A.1 in ISO 3746. 

3. Instrumentation 

Instrument Model Number 

Microphone B&K 4165 1253950 

Flexible extension rod B&K UA 0196 - 

Input cable B&K AO 0028 - 

Sound level meter B&K 2218 927182 

Analyzing software SpectraPLUS  

Microphone calibrator Rion NC-73  
Table A 1: Instrumentation 

Latest traceable calibration of the microphone calibrator was done may 1995 which is not in 

accordance with ISO 3746.  

4. Acoustical data 

The reference box had the dimensions 43 x 35 x 16 cm and the measurement surface had the 

shape of a hemisphere with a radius of 1 m.  

The microphone positions are shown in Figure A 3. Due to the directivity of the source, 

additional microphone positions had to be chosen. The positions 14, 15, 16 and 20 where then 

obtained by rotating the source 60°. 
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Calculated sound power levels in octave bands and total sound power level for each mode of 

operation are shown in Table A 2. 

Fan speed [rpm] Octave bands [Hz] Tot. 

SWL 125 250 500 1000 2000 4000 8000 

3400 15,4 26,4 36,4 48,1 46,2 38,3 35,0 50,8 
6720 15,4 37,6 51,0 56,1 60,5 52,9 45,4 62,7 
10330 28,8 45,6 59,8 68,9 65,6 66,0 59,6 72,4 
14870 12,0 43,1 56,8 68,5 65,8 69,1 62,6 73,3 
17740 15,3 47,5 59,4 69,7 74,1 70,9 70,9 77,8 

Table A 2: Sound power levels presented in dB(A) 

The uncertainty U of the measurement was calculated to 8,1 dB(A) with a coverage factor of 2 

and coverage probability of 95%. 

No correction for meteorological conditions was made as the air temperature and pressure was 

assumed to be close enough to the reference values to not have a considerable effect on the 

measured sound pressure. 

ISO 3744 

1. Noise source under test 

The noise source was an Ericsson NGR G2 radio unit with a fan tray consisting of four fans 

attached. The fan tray was made by Nidec with model number 4W40S24BS1F5-07E02. The 

dimensions of the source were; height: 42 cm, depth; 35 cm and width,16 cm. 

 

Figure A 4: Depth (A), width (B) and height (C) of the NGR G2 

The fans were operated at five different speeds. 3442, 6784, 10549, 13388 and 17645 rpm. The 

radio unit itself was not running during the measurements. Each measurement was averaged 

over a 30 second time interval. The radio unit was positioned centered in the room, lying down 

on the floor.  
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Figure A 5: NGR G2 unit in the center of the room. 

2. Test environment 

The measurement was made in a facility designed for passive intermodulation testing (PIM-

testing). The room thereby had a large amount of absorbents on the walls and in the ceiling and 

was thought of as semi-anechoic. The height of the room was 4 m.  

 

Figure A 6: Schematic sketch of room with source and microphone positions. 
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Figure A 7: Measurement room with absorbents on walls and ceiling. 

The room was acoustically qualified according to ISO 3744 Annex A and the mean sound 

absorption coefficient was chosen as α = 0,5 from Table A.1 in ISO 3744. 

3. Instrumentation 

Instrument Model Number 

Microphone B&K 4165 1253950 

Flexible extension rod B&K UA 0196 - 

Input cable B&K AO 0028 - 

Sound level meter B&K 2218 927182 

Analyzing software SpectraPLUS  

Microphone calibrator Rion NC-73  
Table A 3: Instrumentation 

  

Latest traceable calibration of the microphone calibrator was done may 1995 which is not in 

accordance with ISO 3746. 

4. Acoustical data 

The reference box had the dimensions 43 x 35 x 16 cm and the measurement surface had the 

shape of a hemisphere with a radius of 1 m.  

The microphone positions are shown in Figure A 6. Due to the directivity of the source, 

additional microphone positions had to be chosen. The positions 11 to 20 were then obtained by 

rotating the source -60° clockwise. 

Total A-weighted sound power levels were calculated and are reported in Table A 4. 

Fan speed (rpm) 3442 6784 10549 13388 17645 

SWL(A) 43,3 54,1 65,3 70,5 76,4 
Table A 4: Sound power levels in dB(A) 
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The uncertainty U of the measurement was calculated to 3,2 dB(A) with a coverage factor of 2 

and coverage probability of 95%. 

Background levels were too high to conform with the criteria for the lowest frequency band 125 

Hz for all fan speeds and also for the 250 Hz band for 3442 rpm. These bands were then 

neglected when calculating the total sound power levels since the difference in total sound 

power level between including them in the calculations and not was less than 0,5 dB(A).  

Directivity index for some frequency bands at specific microphone positions exceeded 5 dB. 

The total sound pressure level for all microphone positions however, all had a low directivity 

index enough. With this in mind only the total, A-weighted sound power levels are reported in 

Table A 4 and further measurements has to be made to validate the energy levels in frequency 

bands.  

No correction for meteorological conditions was made as the air temperature and pressure was 

assumed to be close enough to the reference values to not have a considerable effect on the 

measured sound pressure. 

ISO 3747 

1. Noise source under test 

The noise source was an Ericsson NGR G2 radio unit with a fan tray consisting of four fans 

attached. The fan tray was made by Nidec with model number 4W40S24BS1F5-07E02. The 

dimensions of the source were; height: 42 cm, depth; 35 cm and width,16 cm. 

 

Figure A 8: Depth (A), width (B) and height (C) of the NGR G2 

The fans were operated at five different speeds. 3442, 6784, 10549, 13388 and 17645 rpm. The 

radio unit itself was not running during the measurements. Each measurement was averaged 

over a 30 second time interval. The radio unit was placed on one end of a bicycle garage, lying 

down on the floor.  

2. Test Environment 

The measurement was made in a large bicycle garage at Eriksson. In this room all walls as well 

as the ceiling and the floor was made of concrete. This meant that the indicator values of Table 

2 of ISO 3747 was fulfilled for accuracy grade 2 at a measuring distance of 2 meters. The 

indicator value Δ𝐿𝐴𝑓 was measured to 7,2 dB(A) at 2 meters measuring distance. 
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Figure A 9: The radio unit in the test bicycle garage with a reference sound source placed on top. 

 

 

3. Instrumentation 

Instrument Model Number 

Microphone B&K 4165 1253950 

Flexible extension rod B&K UA 0196 - 

Input cable B&K AO 0028 - 

Sound level meter B&K 2218 927182 

Reference sound source  B&K 4204 955287 

Analyzing software SpectraPLUS  

Microphone calibrator Rion NC-73  
Table A 5: Instrumentation 

Latest traceable calibration of the microphone calibrator was done may 1995 which is not in 

accordance with ISO 3746. 

4. Acoustical data 

The reference box had the dimensions 43 x 35 x 16 cm and the distance between the reference 

box and the microphone positions was 2 meters. Four microphone positions was distributed 

around the source with regard to each vertical surface of the reference box. The reference sound 

source was positioned on top of the radio unit when measuring the sound pressure from the 

reference source. Preliminary measurements showed that the sound emitted from the source 

should be considered directional but still qualified for the engineering grade of accuracy 

according to 7.2 in ISO 3747. The calculated sound power levels are reported in Table A 6: 
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Fan speed [rpm] Octave bands [Hz] Tot. 

SWL 125 250 500 1000 2000 4000 8000 

3440 24,8a 30,8a 32,5a 42,4 38,2 35,9a 32,6a 45,0 

6780 25,7a 35,7a 47,7 48,0 52,4 46,4 41,4 55,4 

10550 27,8a 44,0 55,1 59,7 58,4 59,2 55,2 64,5 

13390 26,6a 47,8 57,1 65,7 62,2 65,3 61,1 69,7 

17650 28,6a 58,7 61,8 68,7 73,0 70,8 72,5 76,2 
Table A 6: Calculated A-weighted sound power levels in frequency bands and total. 

a – The background levels corresponding to these values were too high, causing the difference between the 

measured sound pressure level and the background level to be less than 6 dB. These values shall there by be 

considered maximum sound power values.  

 

Background 

sound pressure 

levels [dB(A)] 

Octave bands [Hz] Tot. 

SWL 125 250 500 1000 2000 4000 8000 

16,9 20,5 18,2 18,4 19,5 17,8 15,2 26,8 
Table A 7: Measured background sound pressure levels. 

The uncertainty U of the measurement was calculated to 3,2 dB(A) with a coverage factor of 2 

and coverage probability of 95%. 

No correction for meteorological conditions was made as the air temperature and pressure was 

assumed to be close enough to the reference values to not have a considerable effect on the 

measured sound pressure. 

 

ISO 9614-2 

1. Noise source under test 

The noise source was an Ericsson NGR G2 radio unit with a fan tray consisting of four fans 

attached. The fan tray was made by Nidec with model number 4W40S24BS1F5-07E02. The 

dimensions of the source were; height: 42 cm, depth; 35 cm and width,16 cm. 

 

Figure A 10: Depth (A), width (B) and height (C) of the NGR G2 

The fans were operated at five different speeds. 6713, 10403, 12855 and 17715 rpm. The radio 

unit itself was not running during the measurements. The radio fans emitted a continuous noise 
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with a minor tonal character. The source was placed lying down on the floor as displayed in 

Figure A 10. 

2. Test environment 

The measurement took place in a laboratory area in house 09 in Kista at Ericsson AB. Other 

objects were moved away so to not influence the measurement. Since the noise generating 

mechanisms are fans, there was noticeable airflow through several points on the measurement 

surface where the probe was to be positioned. Initial flow speed measurements were made at 

both the intake and the outlet with a hot-string flow speed measurement system. The 

measurements determined that the maximum flow speed anywhere on the measurement surface 

was less than 4 m/s. A windscreen was mounted on the probe and the segment-average normal 

sound intensity level 𝐿𝐼𝑛
 was determined my means of two successive scans. Since the criteria 3 

of B.1.3 in ISO 9614-2 was fulfilled. At the point of maximum air flow, the measurement 

method was deemed valid.  

3. Instrumentation 

Instrument Model Number 

Intensity probe set B&K 3548  

Dual preamplifier B&K 2668 1833658 

Microphone pair B&K 4181 1826777 

Spacer 12mm B&K UC 5269  

Windscreen  B&K UA 0781 955287 

Analyzer HP Frequency Analyzer 

3569A 

 

Microphone calibrator Rion NC-73  

Intensity calibrator  G.R.A.S. Type 51AB 29559 
Table A 8: Instrumentation 

4. Measurement procedure 

The measurement was taken by manual scanning over all five surfaces one at a time. Each 

surface was scanned twice with a serpentine scanning path. During the second scanning, the 

serpentine pattern was rotated 90 degrees in relation to the first scanning.  
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Figure A 11: Dimensions of measurement surface. 

 

 

5. Acoustical data 

Field indicators 𝐿𝑝𝐼 are shown in Table A 9. 

Rpm 
Hz 

17715 12855 10403 6713 

250 2,3 3,3 5,2 7,3 

315 1,5 2,0 3,0 4,4 

400 1,3 1,7 2,2 3,9 

500 1,2 1,2 1,9 1,7 

630 1,4 1,4 1,8 1,6 

800 1,5 1,4 1,6 2,0 

1000 1,5 1,4 1,4 1,8 

1250 1,2 1,1 1,6 1,7 

1600 1,4 1,4 1,6 1,7 

2000 1,4 1,4 1,5 1,7 

2500 1,1 1,0 1,2 1,3 

3150 0,9 1,0 1,2 1,2 

4000 1,6 1,5 1,4 1,5 

5000 1,2 1,1 1,2 1,4 

6300 0,8 1,0 1,0 1,1 
Table A 9: 𝑳𝒑𝑰 for all frequency bands and fan speeds. 

All sound power levels where positive, which means that 𝐹+/− = 0. 
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Rpm 
Hz 

17715 12855 10403 6713 

250 42,8 38,2 33,4 27,5 

315 53,5 45,5 43,5 35,1 

400 53,4 49,7 46,2 40,5 

500 55,7 50,8 47,4 44,2 

630 59,4 55,0 53,4 42,8 

800 62,2 61,0 59,4 43,3 

1000 63,8 65,1 53,6 45,2 

1250 69,3 58,6 52,5 45,7 

1600 71,8 57,3 53,8 45,7 

2000 62,1 57,6 53,9 46,4 

2500 62,7 55,2 52,7 44,8 

3150 63,6 56,4 52,8 40,0 

4000 64,4 62,7 51,2 39,8 

5000 65,4 59,4 54,4 41,3 

6300 68,0 56,1 50,5 38,0 

Total (A) 76,8 70,3 64,8 54,8 
Table A 10: A-weighted sound power levels. 

The A-weighted sound power levels for each 1/3-octave band and the total A-weighted sound 

power levels are shown in Table A 10 for respective fan speed. 

The uncertainty U of the measurement was calculated to 3 dB(A) with a coverage factor of 2 

and coverage probability of 95%. 
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Appendix 3 – Noise estimation tool walkthrough 

1. Site setup 

When the estimation tool is started the user is prompted to specify what numbers of rails and slots on 

each rail that should be available for positioning radio units. This selection ranges from one to six for 

both options. So a maximum of 36 radios can be handled by the tool. When this is done the initial part 

of the code is run to setup the tool according to specifications. This includes setting default values, 

creating images and adding any previously user-defined radio units. 

 

Figure A 12: Window to specify site setup. 

Setup the layout of the radio site: 

1. Select number of rails from the first drop down list. 

2. Select number of available slots on each rail from the second drop down list. 

3. Click “OK” to continue or “Cancel” to exit. 

2. Assigning radios 

When the setup is finished, the main window is displayed and the user can choose whether to assign 

radio units to a slot, create a new, user-defined radio or exit the tool. The main application of the tool 

is to select a slot and assign it with a radio chosen from a list and assign the ambient temperature 

experienced by that radio.  
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Figure A 13: Tool main window. a) Dropdown list for selecting slot. b) Radio list. c) Box for specifying ambient 

temperature. d) calculated sound power level for marked radio. e) Image of site setup. f) Box to specify sound power 

coefficients for custom radio. g) Boxes for points on volume flow curve for custom radio. h) Calculated sound power 

level for the entire radio site. i) Distance from radio site to receiving point. j) Type of propagation. k) sound pressure 

level at receiving point caused by radio site. 

Assign a radio: 

1. Select a slot in the drop down list called “Pos. No.”, a) in Figure A 13, or click on the slot in in 

the layout. 

2. Select a radio from the “RRU” drop down list, b) in Figure A 13. 

3. Set ambient temperature experienced by this radio in the “Temp. Amb. [C°]” box, c) in Figure 

A 13. 

4. Click the button “Set Temp”. 

5. Click the button “Assign RRU”. 

Please note: 

As default, all available slots are occupied by NGR G1 radio units set to experience an ambient 

temperature of 25°C. 

A selected slot is outlined blue until another slot is selected or a radio has been assigned. When a radio 

has been assigned the selected slot will be outlined green. 

If “Empty” is chosen from the radio list, the ambient temperature and sound power level will 

automatically be set to nothing and when “Assign RRU” is clicked the marked slot will be cleared 

3. Creating a custom radio 

1. Select a slot in the drop down list called “Pos. No.”, a) in Figure A 13, or click on the slot in in 

the layout. 

g) 

a) b) c) d) 

e) 

f) 

h) 

i) 

j) 
k) 
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2. Select “Custom” from the “RRU” drop down list, b) in Figure A 13. 

3. Mark the “Sound power coefficients” box, f) in Figure A 13. 

A window with instructions on how to fill in the coefficients will now appear.  

 

Figure A 14: Instructions on how to enter the sound power coefficients of a custom radio. 

4. Click “OK”. 

5. Enter the coefficients relating the volume flow of the fans to the sound power level on the 

“Sound power coefficients” box, f) in Figure A 13. 

6. Click “Set Coeffs.” 

Mark the “Point 1” box. 
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A window with instructions on how to enter the points will be displayed.  

 

Figure A 15: Instructions on how to enter points, relating volume flow to ambient temperature. 

7. Click “OK” 

8. Enter the first point (x1,y1) in the “Point 1” box. 

9. Enter the second point (x2,y2) in the “Point 2” box. 

10. Click “Set Points”. 

11. Set ambient temperature experienced by this radio in the “Temp. Amb. [C°]” box, c) in Figure 

A 13. 

12. Click the button “Set Temp”. 

A window will be shown that returns the chosen coefficients and points.  
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Figure A 16: The user is returned the coefficients and the points and are given the option to change these, 

continue or save them as a new preset radio. 

13. If you want to change the coefficients or points, click “Yes” after the question “Do you wish 

to change the coefficients or the points?”. Otherwise click “No”. 

14. If “Yes” was clicked, change coefficients and/or points and click “Ok” to continue or 

“Cancel” to return to the main window. 

15. Click the button “Assign RRU”. 

Please note: 

The coefficients related to the custom radio are used to create a third grade polynomial curve for the 

sound power level as a function of the volume flow. This means that the user must know this relation 

in advance. A recommendation on how to get these coefficients is to make a curve fit on a set of data 

points of sound power level and related volume flows. Either in excel or another program that supports 

this method. 

The coefficients are entered as instructed with the separator ; and can be on decimal form or scientific 

notation using e or E as the power of ten. For example -3E-4 instead of -0,0003. When the four 

coefficients are entered.  

The points that should be entered are used to create a stepwise linear curve to relate volume flow 

through the heatsink of the radio, to the ambient temperature and to define the interval of ambient 

temperature were the radio is designed to operate. Also here, this relation must be known in advance.  
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4. Saving a preset radio 

1. Follow the instructions on how to create a custom radio from point 1 to 12. 

2. Click “Yes” after the question “Do you wish to save the coefficients and the points as 

a preset radio?” in Figure A 16. A window will appear where the radio is named. 

 

Figure A 17: User is prompted to name the new radio. 

3. Name the radio and click “Save”. A new window will appear warning the user that 

saving the radio will force a restart of the tool. 

 

Figure A 18: Window that gives the user the option to save or cancel. 

4. Click “OK”. 

5. Now the new radio will be available in the “RRU” dropdown list. 

Please note: 

If a radio is to be saved is recommended to begin with this procedure before starting to assign radios to 

the site setup. This is since the tool has to restart and return the site layout to default after saving a new 

radio.  

5. Total sound power level 

Calculate total sound power level: 

1. Click “Calculate SWL”. The value will be displayed in the box “Total SWL [dB]”, h) in 

Figure A 13. 

6. Sound pressure level 

Calculate sound pressure level at receiving point: 

1. Specify distance from the radio site to the receiving point in, i) in Figure A 13. 
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2. Choose type of propagation, j) in Figure A 13. 

3. Click “Calculate SPL”, k) in Figure A 13. 

Please note: 

The sound pressure level is calculated for ideal conditions in a free field with no environmental factors 

affecting the sound pressure or the propagation.  

7. Deleting user defined radio 

1. Choose a user defined radio that is to be deleted from the “RRU” drop down list, b) in Figure 

A 13. 

2. The button “Delete Preset” will now be enabled. 

3. Click the button “Delete Preset”. A window will appear warning the user that the chosen radio 

will be deleted. 

 

Figure A 19: Window showing the user what radio is to be deleted.  

4. Click “OK”. 

5. The radio is deleted and the tool is restarted. 

7. Clear and Exit 

If the button “Clear” in the main window is clicked at any point, the tool will be restarted, keeping the 

layout of the site but restoring all other values to default and clearing any assigned radios. If the button 

“Exit” is clicked, the tool will check if any other excel applications are open and in this case only close 

the tool and if not close the excel application altogether.  

8. Trouble shooting 

If the tool has troubles starting, or crashes or freezes during use, try the following: 

 Save and close any other work being done in excel.  

 Open the Windows Task Manager. Under the tab “Processes” close any instance of excel that 

might be running. Then try to restart the tool again.  

 Make sure that there exists an excel document named “Presets” in the folder together with the 

tool and that the box “Read Only” is un-checked both for the “Presets” documents preferences 

and for the tool preferences”. 
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