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Preface
This work is a Master of Science in engineering thesis project that was performed in Aastra
Telecom Sweden AB. Its results are going to be used for research purposes in the Research
and development unit in Aastra Telecom in order to implement the newest version of the
BluStar software.
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Abbreviations

ACK
AES
API
BSC
CLI
CLR
COM
CPU
ECMA
ID
IETF
IM
IP
ISO
IVR
LDAP
P2P
PCM
PDA
PSTN
RC4
RFC
RTP
SIP
SMS
TCP
UA
UAC
UAS
UC
UDP
URI
VoIP

Acknowledgement message
Advanced Encryption Standard
Application Programing Interface
BluStar Client
Common Language Infrastructure
Common Language Runtime
Component Object Model
Central Processing Unit
European Computer Manufacturers Association
Identification
Internet Engineering Task Force
Instant Messaging
Internet Protocol
International Organization for Standardization
Interactive Voice Response
Lightweight Directory Access Protocol
Peer To Peer
Pulse Code Modulation
Personal Digital Assistant
Public Switched Telephone Network
Rivest Cipher 4
Request for Comments
Real-time Transport Protocol
Session Initiation Protocol
Short Message Service
Transmission Control Protocol
User Agent
User Agent Client
User Agent Server
Unified Communications
User Datagram Protocol
Uniform Resource Identifier
Voice over Internet Protocol
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Sammanfattning

Nuförtiden blev intrestet för applikationer och mjukvaror som är byggda på röst över IP
(VoIP) större och större. I själva verket kommer alla överrens att det nästan är säkert att
den här teknologin redan har sin plats inom framtidas tekniker när det gäller röst
användning inom telekommunikation. PSTN lämnar småningom marknaden till en enklare
och mer strukturerad teknik. Uppsatsen handlar om den här tekniken, som ska vara dess
centralla ämnet.
Uppstatsens mål är att utforska punkt för punkt hur kan Skype-kontakter integreras inom
Aastras existerande klienten ”BluStar”, och vilka funktioner ska integrationen handla om.
Ett annat mål var att implementera en prototyp som genomför den här integrationen, testa
dess effektivitet och se till om det finns andra funktioner man kan lägga till senare.
I slutet av uppsatsen kommer ett litet experiment av programmet att presenteras, så att
nådda resultaten visas, och så att man vet vad kan fortfarande göras för att få en större och
mer komplett integration.
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Abstract
Nowadays, and with the growing interest for VoIP and its different uses through various
softwares, everybody seems to agree about the fact that this family of technologies has
made its place as the future of voice use in telecommunications. PSTN is in fact leaving
gradually its place to this simpler technology in the few upcoming years. The main subject
of this thesis will then be the domain of voice over IP.
The goal of this thesis is to investigate from point to point how Skype contacts can be
integrated into the existing software: “Aastra BluStar” client, and which functions can be
integrated. A second goal was to implement a prototype allowing this operation, to prove its
efficiency, and finally to decide if there are other functionalities that can be added further
on.
At the end of the thesis, an experiment of the prototype will be shown, presenting the
results that were reached so far, and what can still be done to make the project even more
complete.
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شكر
أود من خالل هده األسطر شكر كل من ساهم معي و شجعني على تخطي كل المصاعب التي مررت منها و اجتزتها خالل
مختلف مراحل دراستي .بداية أشكر المدرسة الوطنية لالتصاالت بباريس التي منحت لي الفرصة للقدوم إلى السويد و فرصة
الحصول على شهادتين للهندسة .أشكر أساتذتي و أصدقائي في المغرب على دعمهم المتواصل .كما أستغل هذه الفرصة لتقديم
الشكر لوالدي على كل التضحيات التي قاموا بها حتى أصل إلى هذه المرتبة .أسلم على أخي أسامة في فرنسا و أتمنى له حظا
سعيدا في الدراسة ,كما أتمنى ألخي األصغر يوسف ك َل التوفيق في امتحانات الباكالوريا التي هي على األبواب اآلن.
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1. Introduction
In this section, an overview of the thesis background, aim, motivations and challenges is
given. A short thesis outline of this report follows.
1.1 Overview
This master thesis is performed in Aastra Telecom Sweden AB, and focuses on the
synchronization between different VoIP softwares from a technical scope. The main
objective of the thesis work is to investigate how to implement Skype contacts into the
already existing BluStar software, to design a prototype allowing that and test its
performance before implementing it for real.
As VoIP is getting a growing interest from all sides, it was very natural that more and more
softwares using this technology have been developed during the last years. Following this
vision and dedicated to enterprise communications, Aastra Telecom created its own VoIP
software called BluStar, which contains a client that is designed for professional contacts.
BluStar is a PC based unified communication client to be used by office users within
enterprise organizations. The BluStar client is in fact, and as opposed to Skype, sold to
companies that would like to use internal VoIP software.
In order to make this software more complete, an integration of Skype contacts into BluStar
was thought. This process goes through what is commonly called for “Bring your own
device”. This concept involves the customer who should bring his personal user experience
into the enterprise business. This means in particular that one will use BluStar as usual with
colleagues, but the plus would be that this person can contact as well family and friends that
are present in Skype through BluStar. BluStar should thus be able to have the list of Skype
contacts of its users, and to contact them either by chat or audio. All this should be in a
smooth way from the users’ part, which means for example that Skype should not be
downloaded. Everything should in fact be done through BluStar for the user.
The study and the implementation of a prototype dealing with Skype contacts, listing them,
sending messages or calling them will be the main topic investigated in this thesis.
11

1.2 Objectives and specifications
The target of this thesis is to investigate the integration of Skype in the BluStar client on all
levels. Aastra BluStar client is a powerful communication and collaboration tool providing a
broad range of unified communications (UC) functionalities from a single interface directly
integrated with Aastra’s communication platform. BluStar client is based on open standards
and acts like a SIP terminal.
Skype software offers a wider range of functionalities than BluStar and gives as well the
opportunities to contact millions of persons. Implementing Skype in BluStar means that
BluStar client would go to from thousands to millions of (indirect) users.
Before talking about the technical side, an investigation about the legal issues and the
license model was necessary. Skype allows in fact the use of its software and API for private
purposes, but the rules are different when it is regarding enterprises.
As a requirement for the project, the implemented functionalities described in this paper
could be divided into four different categories. Those will be the Skype functions that one
BluStar user can handle just by logging in BluStar and giving his Skype ID:


Import and synchronize Skype contacts

The Skype contacts for a user should be imported the first time the user logs in with the
BluStar Client configured for Skype integration. The BluStar Client needs to stay
synchronized with eventual changes done to contacts from other Skype clients.
Additional requirement would be to search and create new Skype contacts from inside the
BluStar Client, but that will not be a part of this project.


Display Skype presence

Skype presence shall be presented to the user for all imported Skype contacts. The
displaying of the presence shall be aligned with the BluStar way of presenting presence.
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Initiate and receive instant messaging (IM)/chat sessions with Skype contacts

The user shall be able to start an IM (chat) session with a Skype contact in the same way as
for a BluStar contact. The user shall be able to receive inbound IM sessions from Skype
contacts in the same way as from a BluStar contact.


Initiate and receive voice calls with Skype contacts

The user shall be able to start a voice call session with a Skype contact in the same way as
with a BluStar user. The user shall be able to receive inbound call sessions from Skype
contacts in the same way as for a standard call session.

Considering the limited scope of this thesis both in terms of time and management, the
prototype was just tried alone and not implemented in the client yet. However, a proposal
was presented regarding this operation. The legal issues need probably to be studied again
and more deeply. According to the results of this study, a final conclusion will be given. It
will then be possible to know if the next version of BluStar (version 3.0) is going to contain
this implementation or not.
1.3 Thesis outline
The thesis report starts with the first Chapter giving an introduction of the work, showing
already a first image about the project. In Chapter 2 we give a general background of the
main concepts that will be useful for the report, starting with SIP and VoIP, Skype protocol,
Skype API and the Skype Wrapper, before finishing with licensing models and the legal
issues that the project faced. The focus of Chapter 3 is about the BluStar software, giving
first an overview about it, then describing its main functions, and explaining the wrapping
operation that have been made from Skype to the prototype. In Chapter 4 we describe the
prototype created to implement Skype contacts with all its functions. Chapter 5 includes a
proposal to implement the prototype into the BluStar client, and how it can be done in the
future.
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Finally, the last Chapter includes discussions and conclusions, especially regarding new
ideas, improvements and the future works that can still be made with the project.

2. General background
2.1 VoIP and SIP protocol
Voice over IP have become nowadays an important domain in telecommunications thanks
mainly to the big perspectives it presents for the future use of information transmission, at
least as a lot of experts in different areas have predicted. For many years ago, there has
been a clear distinction between two different types of networks: [1] [2]


Voice Networks: Information takes always the same path and capacity is allocated. It
is based on what is called circuit switching.



Data Networks: Information is divided into packets. Each of them can eventually
take a different path. It is then based on packet switching.

Public Switched telephone Network (PSTN) is an example of voice networks. It requires a
very big amount of bandwidth for each call. Efficiency is not optimal in this case since the
circuit is always reserved for a certain call even if it contains a lot of silences.
On the contrary, the data networks - including Internet as the most widespread example transmit information only when it is necessary. The original information is then recovered.
Voice and video streaming can then work better if they are combined with the Internet. This
process is what is known as Voice over Internet Protocol.
Voice over Internet Protocol, commonly known as VoIP, is a family of technologies and
techniques allowing making voice calls using a broadband Internet connection instead of
regular line phone. This service converts voice into a digital signal that can be transferred
through the web. Some VoIP services may only allow calling other people using the same
service, however, others can allow contacting anyone who has a telephone number including local, long distance, mobile, and international numbers. Also, while some VoIP
14

services only work over a given computer or a special VoIP phone, other services allow you
to use a traditional phone connected to a VoIP adapter. When calling a traditional phone
from a computer, the signal is converted to a telephone signal before reaching the
destination. VoIP replaces thus exactly a telephone, because even the signal stays the same.
The only big difference is regarding the canal, since voice is now transferred over Internet
Protocol.
Voice over IP presents many advantages compared to traditional telephony. It reduces in
fact infrastructure and communication costs, especially when talking about conferencing
and multi-users. VoIP facilitates traffic exchange between multiple networks without the
constraint of establishing leased lines. On the internet, virtually all VoIP providers ‘see’ each
other and can decide to exchange traffic immediately, or to stop as soon as better arbitrage
opportunities exist. In addition the central switching system of VoIP service provider does
not process voice streams, but only signaling messages. Signaling messages make indeed all
the round trips while voice packets cross the channel only once. This simplifies
considerably transport networks [2].
VoIP is moreover flexible, unifies communications, provides number portability, and does
not depend on the location. This means essentially that multiple distributed points of
presence are no longer required.
For all these reasons more and more service providers and enterprises have become
confident in this technology that gains in maturity year after year and VoIP will certainly be
adopted on a larger scale in the upcoming years.
In order to work, VoIP needs to rely on some protocols that are able to transmit and recover
information with a high quality of service. One of the most used protocols for voice
transmission is called Session Initiation Protocol (SIP).
SIP is a signalling, presence, and instant messaging protocol developed to set up, modify,
and tear down multimedia sessions; request and deliver presence; and send and receive
instant messages [3]. It was defined by the IETF working group to establish calls and
conferences in the IP networks. It is based on initiating, modifying and terminating
15

interactive two-party (unicast) or multi-party (multicast) user sessions. A session is an
exchange of data that involves one or several multimedia elements such as video, voice,
instant messaging, file transfer, online games and virtual reality [3][4].
Session initiation protocol is an end-to-end oriented protocol with the RFC 3261 as the
latest version of the specification. In order to control sessions, SIP operates many function.
First, the user must be located geographically with the user location function. Then, SIP asks
for the availability of the user, if he is available, busy, or does not wish to be disturbed. It is
called the presence information of the end user. The third function SIP deals with is the user
capability. As different devices are able to work over SIP, and since a lot of options are for
instance available in a computer and not on a telephone, there should be some
synchronization so that SIP allows them to contact each other. User capability determines
which type of media is being used, and the parameters of the media type. Once this done,
session establishment can start, the call is connected, and session parameters are established
for both sender and receiver. Finally, SIP allows a user to end a call thanks to the session
management function. It can also be used in order to transfer the call to another receiver, or
to make a modification on the session parameters [2].
Sessions in SIP take into consideration many network elements that are characterizing the
sessions and involved into the transfers, they are called the session parameters, the main
session parameters are [3]:


User Agents (UA): They are endpoints that use SIP to find each other presence and
establish a session. They can be an application on a computer, as well as cellular
phones, PSTN gateways, PDA’s, automated IVR…
A user agent contains two logical entities called User Agent Client (UAC) and User
Agent Server (UAS). When a user sends an INVITE request and receives responses, it
acts such as a User Agent Client during the transaction until it receives a request. The
UA becomes then a User Agent Server. It is the part of the agent that receives
requests and sends responses. The user agent is always switching between these
two entities until the end of the call.
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Proxy Server: A proxy server is an intermediary entity that acts both as a server
and a client for the purpose of making requests on behalf of other clients. A proxy
server is primary playing the role of routing and ensures that all the requests are
sent to the recipient by sending directly if they are in the same domain, or to a closer
proxy server if the recipient is in another domain. Proxy servers contact while
working another set of servers called the registrar server to obtain the recipient
User Agent addressing information.
Sometimes, proxy servers are used for enforcing policy and making sure a user is
allowed to make a call. It can also interpret and, if necessary, rewrite specific parts of
a request message before forwarding it.



Registrar: Registrar is a server which includes databases that contain the locations
of all user agents inside the domain. A registrar accepts REGISTER requests to
retrieve and send participant’s IP addresses and other relevant information in the
SIP proxy server. Registrar stores the information it receives from the REGISTER
request into the location server.



Redirect Server: It is a user agent server that generates 3xx (Redirection)
responses to requests it receives, directing the client to contact an alternative set of
Uniform Resource Identifier (URI). A request can for instance be moved permanently
(301) or temporarily (302).



Location Server: A location server provides information about the caller’s possible
location that can be used later by redirect and proxy servers. A location server and a
registrar are two different entities, but can be one physical entity.

Session Initiation Protocol enabled devices communicate with each other via SIP messages.
There are two kinds of these messages: Either a request, or a response to the request. They
are usually transported with a single UDP diagram. Each of these messages contains a “first
line”, which is used to identify the message, a header, and a body. Some of the most known
SIP request are: INVITE (invite a user or a service to start a new session or to modify the
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parameters of an established session), ACK (confirm the session establishment), BYE (end
of a session) CANCEL (cancel a pending request) and REGISTER (register the user agent).
The SIP answer message is similar to a request one, except the first line that is called StatusLine and contains the SIP version, the status-code and the reason-phase. When a user agent
or a proxy receives a request, it must answer it. The only request that a proxy does not
answer is an ACK request. SIP answer messages are represented in the Table 1 below. The
response code includes three digits that classify the different types of responses. The first
digit defines what we have called previously the response class.

In order to deliver messages on a reliable way, SIP needs to establish a session between the
two concerned user agents. This process contains a lot of step that have been summarized
in the Figure 1 in the following page.
The users must first of all register in order to be found. Terminals send then a REGISTER
request, with both fields “from” and “to” corresponding to the same user. The proxy server
acts in this case as a registrar. This means that it checks if the user can be authenticated,
and sends its agreement through a 200 OK message if everything works well.
The session can now be established and starts always with an INVITE request to the proxy.
It is sent from the user A, which wants to initiate the call. The proxy answers with a 100
TRYING in order to stop broadcasting and reroute the request to the user B. B’s telephone
starts ringing, and consequently a 180 RINGING response is send from the user B to user A
through the proxy. When B answers the phone, the message 200 OK appears. Now that the
call has been established, the RTP protocol can transport data and deals with ports,
addresses, codecs…
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When the user A wants to end the session, it sends a BYE request to the proxy, which
transmits it then to the user B. An acknowledgement is then enough to confirm that the last
message has been received correctly, and the call can end.
As you may have noticed, the communication is between entities that are in the same
domain. If it was in two different domains, the proxy server in domain A will recognize that
user B is outside its domain when trying to start a SIP session. The proxy asks then the
redirect server for user B’s IP address. Once contact information is obtained, the proxy
server in domain A forwards the session invitation to the proxy server in domain B.
Transaction goes then following the same path back and forth, except the requests that are
inside a dialogue, which can go directly from one user to another.
2.2 Skype protocol
Skype is a VoIP software allowing its users to call, chat, to have videoconferences and send
files to each other for free. More than 200 million users are registered to this service, and it
is very frequent to have 40 million users online on the same time. It is then one of the most
used softwares in the Internet nowadays [5]. In opposition to a big numbers of its
competitors, Skype is not working with SIP, but is instead relying on its own protocol: The
Skype protocol.
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The Skype protocol has not been made public and its applications are thus closed-source.
The main difference between this protocol and SIP is that Skype is build according to the
peer to peer scheme, while traditional VoIP is still working with the client-server model.
This difference is a source of various problems and conflicts that made it very difficult to
combine Skype and another VoIP application if each one uses its own protocol. One solution
for interoperability for the moment is to get licensing from Skype and use the Skype
protocol for the traffic.
As a peer to peer network, the Skype protocol makes it possible for users to be in direct
contact with each other, without the need of having to use an intermediate server. As the
Figure 2 [6] below shows it, the Skype protocol architecture divides Skype users into two
kinds of nodes: the Ordinary nodes, and what are called the super nodes [6]. An ordinary
host is a Skype user transmitting voice packets. Super nodes are insuring the linking of the
network and transmit flow between users themselves. All Skype users can be Skype users if
they have the required capacities (CPU, memory and enough bandwidth). Super nodes are
also ordinary hosts and transmit thus their own flow of voice.

[6]
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When a Skype user wants to contact another one, Skype starts looking for the shortest path
between them. However, not all nodes can be directly connected to each other. For example,
if it regards two ordinary nodes, the traffic must transit from their corresponding super
nodes. Those super nodes transmit the message but do not have any information about its
content [5]. Voice packets are in fact protected with an AES encryption, while signalling is
encrypted using RC4.
Figure 2 shows also an important element of the Skype protocol architecture, it is the login
server [6]. All Skype users take contact with this server at their login in order to
authenticate themselves. This server is the only centralized entity in Skype architecture.
The Skype protocol is on constant editing and has now reached its 8th version [7].
2.3 Skype API and Skype Wrapper
The Skype public API is an interface developed by Skype in order to enable third-party
applications to communicate with Skype. These applications can be hardware products or
software applications, but they're all created by developers who use the Skype Public API, a
text-based protocol, to interact with Skype software [8].
The Skype API is designed primarily to allow using Skype functionalities outside the Skype.
It can work with Windows, Linux and even MAC. The API has two layers [7]:


Communication Layer – is a set of methods for external application to establish
connection to Skype client and communicate with it.



Command Protocol Layer – is a text-based “language” that external applications
can use to speak to the Skype client, once communication channel is established by
Communication Layer. This layer is what has been detailed during the previous part
(Skype protocol). The list of commands is very large and contains a wide set of
functionalities going from sending SMS, loading contact information to calling and
even sending files.
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However, using the Skype API implies having an installed Skype desktop client. Moreover,
the Skype API requires the external programs to be written in C++ [9]. If one wants to
contact Skype users without downloading Skype software or using another programming
language, what should be used are products called COM wrappers. A COM wrapper is the
interface between the Skype API and the user’s application. It can communicate with both
of them and allows then implementing Skype into various softwares relying on other
protocols. Figure 3 shows in details how a COM wrapper makes the connection between
Skype API and external softwares [9]. The wrapper should be downloaded by the user and
it is located in his device.

One of the most used wrappers is the SkypeKit [8]. SkypeKit is a collection of software and
APIs that allows Internet-connected devices or applications to offer Skype voice and video
calls. It's designed to work with a wide variety of chip sets, operating systems, and
audio/video devices [10].
SkypeKit is a headless version of Skype allowing external softwares to connect to Skype.
There are three different versions of SkypeKit differing from each other by the
programming language. The wrapper that was used in our paper is the C++ wrapper, since
it is the most powerful one, and also the closest language to C#, which is the language our
target software (BluStar) was programmed with.
SkypeKit provides documentation and library source code examples, and reference
implementation. It also lets initiating audio and video calls. The wrapper communicates
with a SkypeKit Runtime that the user should download. SkypeKit Runtime is a “headless”
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version of Skype, an application that does almost everything Skype does, but has no user
interface [11]. It will be the SkypeKit which will provide the connection between Skype and
the application that will be developed.
SkypeKit Runtimes provide the developed applications with the main functionalities they
need in order to access Skype. Key pairs authorize applications to communicate with a
SkypeKit Runtime [11]. A Key pair is a certificate authorizing the user to communicate with
the SkypeKit Runtime. It is available for 3 months, and a new one should be requested then.
Permanent Key pairs are offered by Skype when the application is ready to be distributed.
To establish connection between a SkypeKit Runtime and a client (the BluStar software in
our case), a correct key pair is needed. Without it, the client connection to the Runtime will
fail. The wrapper communicates with the Runtime over a transport mechanism. Current
transport mechanisms is TCP sockets for Windows. When SkypeKit Runtime launches, it
creates a socket server, listening on a specified port (default is 8963). The wrapper then
creates a client socket that connects to the server [12].
2.4 License models and legal issues
According to the definition in [13]:” open source promotes the idea that Internet or computer
users are given access to the source code of the software they use”, Skype is clearly not an
open source software. However, Skype seems allowing its API to be used for permitted
purposes, which include our case: software or code to interface and connect the software
application with Skype software. Skype asks though that it should be written in the help
text or in any text concerning the packaging and aimed to the user: "This product uses the
Skype API but is not endorsed, certified or otherwise approved in any way by Skype".
In order to use the SkypeKit in a company, the software developers have to agree on a
license issued by Skype [14]. But this should not be a big matter since the business (Aastra
Telecom Sweden) already agrees on the project, and the API terms are not that complicated.
They are certainly all respected by the business. The terms are quite simple and most of
them are conventional. Maybe the only term one should a little be careful about is the
complete restricting about advertisement when using the SkypeKit.
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According to the SkypeKit distribution terms [15], all hardwares relying on the SkypeKit are
required to pass a certification approved by Skype. But if it only regards a software, there is
no certification needed before issuing the application working with the SkypeKit and the
distribution license is automatic as long as the license agreements are respected. The only
geographical exception about licensing, selling, marketing and distributing software
integrating the SkypeKit is about the People’s Republic of China, where all those actions are
restricted [15].
In terms of privacy, Skype’s policy does not allow to use the Skype brand elements unless
permission has been issued. It is possible though to refer to Skype using our own software
with own symbols. If one still wishes to use the Skype brand elements (such as the logo for
instance), one just have to send a mail to permissions@skype.net, and wait then for the
permission. This looks as a good idea because it is always nicer to refer to Skype with its
original logo. The Skype buttons are however an exception, and they can be used without
any permission, they can be introduced if needed [16].

3. BluStar software
This part gives an overview about the software that we have worked with during the whole
project: The BluStar client (BSC). We will first define this client and give its main
characteristics and properties and how it is working. Then, we will describe its main
functions in its latest version, and compare them to Skype. Finally, we will give a short
overview about an operation called wrapping, and we will introduce the prototype that we
have created for our experiments.
3.1 Overview
The Aastra BluStar Client is a PC based unified communication client to be used by office
users within enterprise organization [17]. This software is completely dedicated to
enterprise communications and is not intended to be used by private users. It is in fact sold
by Aastra Telecom to different enterprises in order to be used as an internal VoIP
communication tool. Image 1 on the next page shows a screenshot of the BluStar software.
The BluStar client operates from a single interface directly integrated with Aastra’s
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communication platforms. BSC is a powerful VoIP tool
enabling connected users to contact each other through
various ways (IM/call/file transfer…). The Aastra BluStar
Client for PC delivers high quality audio and video, as
well as access to a set of UC features from a client on the
PC

desktop.

Its

intuitive

interface

unifies

voice

communications with HD video and audio, directory
look-up,

flexible

search

options

and

a

log

of

communication history. Providing a powerful UC client
for windows based PCs and laptops [17]. BSC is easy to
use and its intuitive interface is simple and clear. It is also
available for iPhones and iPads.
BSC is based on open standards and acts like a SIP
terminal connected to the communication platform, and
provides almost the same call handling services. The
actual version is BluStar1.1 containing IM, voice calls and
emailing, but the new version 2.0 is on its way with
video.
So far, contact information and communications within the BluStar Client are only about
corporate and PSTN connected contacts. But there is a growing interest to integrate with
external contacts that is not connected to the telephonic network. Nowadays, the biggest
player in this marked is Skype. Therefore the aim is to integrate Skype contacts into the
BluStar Client in a seamless way.
The scope with our project is to integrate Skype into the BSC so that from a user
perspective, a Skype contact should be handled as any other contact in the BluStar Client.
The connection between BSC and Skype should follow the scheme exposed in the Figure 4.
As it can be noticed, both Skype and the BSC can contact the PSTN network from two
different paths. The project work is about the link between the BSC and Skype. This link
should allow communication between the two softwares. It works essentially with the help
of the Skype API and the SkypeKit.
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3.2 Main functions
As it is noticeable in Image1, BSC gathers all the users one wants to contact into a group
called “Favourites”. This group can be compared to the list of friends in Facebook or
Skype/Messenger contacts. It is the list of people which can directly be contacted through
the BSC. As all VoIP tools, BSC contains the most common functions that needs to be
available. The version 1.1 takes in charge among others [17]:


SIP softphone call handling: BluStar operates like a phone with a local number and
the BSC user can call different PSTN numbers. This concept is exactly the same as
what Skype is doing (calling a phone from a Skype profile). The only difference is
that Skype operates through its own protocol, while the BSC uses the traditional
path with SIP.



LDAP integration with global directory, and integration with personal Outlook
Contacts



Progressive directory search



Instant messaging ,voice-call and e-mail initializing
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Device settings



Buddy (contacts) list



Notifications and alerts for missed calls and voice mails



Echo cancellation and automatic gain control



Enable call control and screen sharing

BluStar Client 2.0 will include video conferencing. It will also integrate with the BluStar
Presence Server. Presence information is an important part of the UC infrastructure and
contains information about the availability of a person. In the BSC, status information such
as on-line/off-line, Do Not Disturb, Busy… will be displayed together with activity
information from calendar such as meeting or vacation.
All those functionalities are for the moment just used for internal professional purposes.
With all those functions, it is obvious that BSC can be extended to other areas. The user can
thus use BSC for his work, but he might on the same time like to contact family and friends.

4. Prototype creation

4.1 BSC and Skype integration principle
The idea is now to integrate Skype directly in the BSC so that when one user opens the BSC,
he can see both contacts and get in interaction with them through all the functions we have
just described. The main problem was the synchronization between the protocols. We saw
in fact in Chapter 3 that Skype protocol does not support applications relying on SIP.
The first alternative was to download Skype and try to embed it somehow in BluStar.
However, downloading Skype could be avoided thanks to the SkypeKit. We have then
thought about making communications (between the BSC and Skype) through the Skype
protocol using the SkypeKit. All the operations regarding Skype (login, discussions, calls…)
will be driven by Skype, and the BSC will just emit or receive the information, but could not
administrate it.

27

When it regards the functions themselves, it should be basically the same functions from a
BSC view either contacting another BSC contact or a Skype contact present on his buddy
list.
In this part, we describe the main Skype functions that will be implemented in the BSC. In
order to get started with the SkypeKit, and see how the BluStar software would react to
Skype implementation, we have decided to start first by trying to work with the API in an
empty environment consisting of a pseudo-software reacting to the Skype messages.
The software is coded first as an empty window asking for a login and a password. We will
naturally use the Skype login and password to be connected.
The window we are creating is in fact just an interface that temporarily replaces the BSC.
The login process will work with the SkypeKit Runtime. This means that when one writes
the Skype login and password, they will be verified using the Runtime which relies on the
Skype protocol. This will be possible through the SkypeKit. This tool will provide us in fact
some methods to find the Skype contacts of the one who is logged in the empty window.
These contacts will be then imported. Further on, when the implementation will work with
the BluStar, those contacts can be added to the already existing BluStar database. We will
collect as well the presence information for the Skype contacts (that has to be synchronized
with the BluStar presence information further on), and we will try to extract as much
information as possible. Then, a call (chat message as well) will be initiated from this
window to the Skype contact as a trial. All those steps worked as wished during the project
given time, and it is now possible to move in and achieve the final goal of doing the proper
implementation on the BSC.
The main functions have already been experimented with the prototype. In each part, we
will first define the function and why it should be used, and then we will show how it was
implemented, its main properties, and give screenshots and results for each operation that
we did.
4.2 Wrapping from C++ to C#
As we have talked about previously, Skype provides a complete guide called the C++
Wrapper in [18]. This guide gives a complete overview for each developer wishing to build
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a third part application on Skype. But, and as the integration regards the BSC which was
coded in another language (C#), a part of .NET. .NET is an infrastructure that provides two
major benefits: productivity and security. Using .NET, a developer can write code for many
modern problem domains faster, and during coding, the developer faces fewer pitfalls that
could end up in security vulnerabilities. All these benefits are achieved by two components:
a Runtime and a class library [19].
The .NET Runtime and core parts of the base class library are specified as an open standard.
This standard is called the Common Language Infrastructure (CLI), and it is published as the
ECMA-335 standard and as the ISO standard 23271. There are several implementations of
this standard. The Common Language Runtime (CLR) is the most important implementation
because it is the most powerful one, and it targets Microsoft Windows operating systems,
the most common platform for .NET development [19].
In the context of .NET, it is very frequent to hear the term managed. .NET code is in fact
often called managed code, while C++ code is a native code.
We have tried to find a consensus between those two languages. The advantage of coding in
C++ was that a guide was already provided and gives all the useful functions. But this code
will be useless for the BSC since all BluStar software was built with .NET. On the other hand,
coding everything in C# as if we start from zero was complicated and very difficult. The
wrapper contains in fact a big number of C++ libraries, and this is a matter of thousands of
lines of code to “translate” in order to obtain a pure C# code. This was of course impossible
to do especially with the limited time our project had.
Our final choice was then to code a prototype with an intermediary interface: C++/CLI. It is
a set of extensions made to the C++ language to benefit from the services that an
implementation of the CLI offers. These extensions are published as the ECMA-372
standard. With the help of these extensions, a programmer can use .NET constructs in
existing C++ code [19]. A valid C++ program is also a valid C++/CLI program. As a
consequence, the existing code base is not lost. We can then take advantage of the C++
wrapper as a start for our coding in CLI. Instead of replacing totally existing applications
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with a completely new language and programming infrastructure, we will just extend the
existing code with the necessary .NET features.
Figure 5 below shows how both managed and native code can be linked into one
application, as our prototype requires [19]. The compiler accepts both codes, and the
output is a managed code. It allows a lot of interoperability between different kinds of
codes.

[19]
During our work, we used Visual Studio 2010 which implements the C++/CLI standard to
support executing code on the CLR. The main functions we chose to wrap [18] and use in
our prototype were:


Login and Logout



Conversation history



IM (chat)



Contact status and presence



Making and receiving voice calls

We will detail each of those functions in the next section.
4.3 SkypeKit Runtime
The SkypeKit allows using Skype and its main features without needing to download it. It is
thanks to the SkypeKit Runtime that this operation is possible.
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Image 2 shows the SkypeKit Runtime windows when it is first opened. This Runtime
contains all the necessary functions one wants to implement. It enters directly in contact
with Skype users, calls and sends messages or files to them through Skype protocol. This is
the window that we are going to use later on to make Skype communicate with our
prototype.

The SkypeKit Runtime has different versions each of which supports a specific combination
of CPU type, operating system, and media interfaces [20]. To request a SkypeKit Runtime,
the user visits the download page and selects the version suiting his development
environment. Our project is using the version windows-x86-skypekit-novideo supporting
all Skype functions except video. We were in fact developing on Windows (with Visual
Studio 2010) and we do not need video because BSC is not supporting it yet, it will be a part
of BluStar version2. Moreover, the implementation was more aimed to IM and chatting, and
video was thought to be a feature that can be added in the future when doing improvements
to the initial prototype.
Each time that we want to use our prototype, the Runtime should be opened before. This
step is also very important during the real implementation because the BSC will also rely on
this Runtime. The best would be to configure it automatically so that the Runtime starts
directly with the prototype.
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4.4 Main classes
In terms of classes used in the code, we can list the most important of them, their use, and
how they have been wrapped:


Skype: This class allows the use of Skype and contains general information about
what a Skype user should have. It contains also the classes taking care of the other
functions. The wrapped (managed) class is called MySkypeWrapper. All functions in
Skype class that use Skype variables are converted in this class.



Account: This class contained in Skype is about account opening and closing. It is
thus in charge of the two functions Login and Logout as well as account profile
setting properties. It was wrapped to MyAccountWrapper.



Conversation: The Conversation class encapsulates all types of communication
possible with Skype client. Instant messaging, calls, video calls, file transfers, SMS,
screen sharing - all take place within the context of a Conversation. Contacts are
represented in Conversation as participant objects. This also applies to contacts of
PSTN type. All events in a conversation are represented as message objects.



MyContact: It is a class which encapsulates methods such as GetIdentity or
OpenConversation. Single contact can have additional phone numbers attached to it.
In the context of a conversation, Contacts are represented by participant objects.
MyContactWrapper gets property display name in the form of a string.



ContactGroup: Collects and manages Contacts related by type, status, or some other
arbitrary criteria. MyContactGroupWrapper gets contacts lists and fetches them as if
they were from the Contactwrapper class.

4.5 Login process
The first functions the prototype starts with are in fact logging in and out. Its scopes are to
take a first contact with Skype and insure that its database can be acceded with the
SkypeKit.
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In our prototype, the user is first asked to give its Skype username and password in form of
strings. This done, Skype loads the key pair (which has been downloaded), then looks for
the corresponding account, and logs in according to the Specific Skype API through the
given functions GetAccount and LoginWithPassword. Image 3 below shows a screenshot of
the login operation. In the screenshot, two Skype accounts are opened at the same time. The
one on the left is my personal account opened with the prototype, as if someone was
connecting with Skype integrated in the BSC. On the right, Skype software is opened with
another account that I created for this experiment, and which is called “Aastra test”. We will
use the same accounts during all the experiment. My personal account and “Aastra test” are
in each other’s contact list as Skype contacts. This is then an example of the prototype (on
the left) contacting the Skype software (on the right).
You can notice down on the right corner that the login succeeded. Aastra test saw that I
logged in from the prototype and has received a notification about that.
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The logout operation is the last operation to be done we the user requests it. It is an
important step in order to clear the session in a correct way. Logging out is handled by
Skype in exactly the same way. Then comes the cleaning process which takes out the
unnecessary temporary information and frees memory.

4.6 Import and synchronize Skype contacts

This part of the program is about retrieving the contact list and catching the status of each
online contact, and notify when it changes.
A list of contact group is created first to know about which contacts one wants to get
informed about. In the program we have, the chosen group was SKYPE_BUDDIES. It means
that when turning the program, the user will get a list of all his Skype contacts. This list can
be edited in the code, and can be chosen among others a list of PSTN or even nonauthorized contacts. All the different kinds of lists of contacts one might wish to get are
available in [21].
The function developed by Skype which gets contact information is GetContacts. Once this
function is active, it waits for any contact in the list to change its status, and notifies the
change to the user. Image 4 in the next page shows an example of my list of contacts that
was requested. The names are given as first name and last name. They are not Skype
usernames (not the name one logs in with in Skype), but the real names of the users, which
is different. As it can be noticed, I have changed the status availability of “Aastra Test” to
“Do not Disturb” and then “Away”. The last lines show that the prototype have recognized it
and I have been notified about it.
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We will talk about an approach to how synchronize Skype contacts with the BSC in the
following chapter regarding the implementation in the BluStar software.
4.7 IM (chat) sessions
One can easily chat from the prototype with any of its Skype contacts. For the moment, the
function is still limited (even in the version developed by Skype), because the prototype
user cannot be the first to send a message. The SkypeKit is in fact conceived in a way that it
always receives chat messages, then answer them, and so keeps the discussion. SkypeKit
cannot for the moment be the first to send an instant message, and needs always to wait
receiving it. New messages are detected thanks to the callback MyConversation::OnMessage
which contains the PostText method allowing the user to send his messages from the
prototype to its Skype destination.
Message text contains of course strings, but it can of course include the usual simple
emoticons and smileys that started to be used intensively those last years. For example,
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when someone writes in the prototype the sign :) “a smile“, what will be shown is the
conventional  that we are used to in Skype. And it will be the same for the most usual
smileys (sad, cry, laugh…)
Image 5 below gives an example of some chat messages I have sent between the prototype
on the left (with my own Skype account) and a Skype client (Aastra Test) on the right.

More than chatting, our prototype provides a conversation historic that can be stored up to
6 months with the help of the SkypeKit. This phase regards bringing out a list of previous
Skype conversations the user have had. It is the first action the program does after logging
in. This function was performed in three different ways in the prototype, with the same and
ultimate aim. The first and simplest way was to introduce the name of the contact one
would like to get its history using the function GetConversationByParticipants. This function
takes the contact’s name we would like to have information about. The list of conversations
with this user appears then.
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The second way uses the conversation list and gives as an output the number of recent
conversations (last 6 months) and their list. The conversation list can be found after logging
in, with the Skype developed function GetConversationList.
Finally, the third example in the code connected to previous conversations with contacts
relies on the GetProps function. This example is using the same concept as the second one
(conversation list), but the property function
allows moreover getting more information about
the discussion, for example if it was a call,
conference…
Image 6 is a screenshot showing those 3 ways of
proceeding to get conversation historic. As you can
notice, the third function displays the conversation
name, which is generally the same as the name of
the user who was contacted.
Another important variable that needs to be
explained

is

the

type.

According

to

the

Conversation class description in Skype C++
wrapper [22], type is an integer between 1 and 5.
Those five values correspond to the different types
of conversations that can be held between Skype users. In our case, we can recognize from
the prototype output that I had Instant messages (type 1) with many contacts, and that I
have also had some voice conversations (type 2) during the last 6 months.
4.8 Initiate and receive voice calls
It is probably the most important function and the aim of the prototype. It is divided into
two equal parts: Receiving and making calls.
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Since the SkypeKit Runtime needs to be compatible in all ways and matters with the BSC in
order to be used in the implementation, one of the major concerns regards choosing devices
that will be used during the communication between the two parts.
BluStar allows in fact choosing input and output devices used for communication combined
of course with the volume command. So that the synchronization goes in a smooth way, the
SkypeKit Runtime should then care about device selection as well. It is in fact the case. The
SkypeKit has created many functions regarding devices, and they are the following:
- When picking up calls there are three audio devices that the SkypeKit audio engine is
interested in:
Output (speakers/headsets), input (microphone), and the PCM (or notification
device). The PCM is basically an output device as well. It is used for various notifications,
such as ringtones and other audible sounds. Having the PCM separately enables the user to
have phone ringing on a different device from normal headset [23].
On the computer, there are two sorts of audio devices: audio in (microphones) and audio
out (playback). These are the ones stated in the BluStar software as well. To query lists of
those devices, there are two methods in the “Skype” class defined by the Skype developers,
GetAvailableOutputDevices and GetAvailableRecordingDevices. Both return three string lists:


The first string list is list of device handles. These can be used as arguments to other
audio related commands, such as “select sound device”.



The second list contains descriptive device names.



Finally, the third list contains just product IDs, which can be in most cases safely
ignored.

After receiving the list of the available devices, the user chooses which one to set as the
active audio device through the method SelectSoundDevices. The argument given is the first
string returned by GetAvailableOutputDevice for the chosen device. The inputs of the
method can be all different (input device, output and PCM), but it can be also one device
that accomplishes the three roles.
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When initiating a voice call, the functions of getting the available devices are used in a new
function called Setup Device. This function is the association of the two previous functions.
Therefore, and before being able to handle calls, the prototype creates lists of strings in
order to be filled with the names of the
devices used for communications (input
and output). Those devices will be chosen
during the whole program duration, and
cannot be changed. They should of course
be the same as the one the user have
chosen when logging in BluStar. Image 7
on the right shows a concrete example of
choosing audio devices in the prototype.
The SkypeKit includes volume management as well. A lot of methods are in fact invoked in
it. The most relevant of them is GetVolumeParameters. This method obtains the volume
range and current setting of a particular audio device depending on the value specified
for device Type. In particular, the SkypeKit Runtime invokes this method on a nearcontinuous basis—approximately once every 10 ms [23]—to detect changes in the analog
amplification of the audio signal (if the user pressed the device’s “volume-up” or mute
button for example). The appropriate adjustments can then be made.
Volume parameters in Skype are organized with the method GetVolumeParameters. This
method accepts volume specifications in terms of discrete, sequential levels that are
meaningful to devices. For example, specifying a range of 0 (zero) through 10 indicates that
the device supports ten discrete and perceptibly different volume levels—even if its
intrinsic range is -5 to +5 or 0 (zero) to 100 by 10’s. One should be careful with the range
and values that should be the same when setting the volume. Table2 [24] in the next page
gives the parameters of this function:
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Once the devices are chosen and recognized by the prototype, one can receive calls in the
same way instant messages are received. Through the Skype::OnConversationListChange
callback, the user is directly notified about a new call, and is asked to answer it.

Making a call starts by choosing the Skype contact name of the destination (it should be
simple since all the contact names were given in the presence information). The name in a
string format is introduced to the Skype function GetConversationByIdentity. Thereafter is
called the function RingOthers, and the call can be performed. Image 8 shows a screenshot
of a successful call performed from the prototype to a Skype client. A received call works
following exactly the same steps, but from the other direction.
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5. Prototype implementation proposal
5.1 How to synchronize BluStar and Skype functions
Under my stay in Aastra Telecom Sweden, I have managed to create the prototype that was
described in the chapter above. As it was already noticed before, this prototype is just the
first step regarding the project of integrating Skype into the BSC. What needs to be done
later on would be synchronizing this prototype and introducing it smoothly into BluStar.
This means that in the user’s view, just BluStar will appear, while all Skype operations will
be internal.
I have made a proposal giving some ideas about how Skype and BSC contacts can be
synchronized, and how BluStar will look like when Skype will be implemented into it. This
proposal is to be considered by Aastra Telecom, and they can decide either to choose it
directly or to take it as a first step that maybe can edited in some points.

41

5.1.1 Starting and logging in
First of all, when one user opens BluStar, a small check to see if he wants to have Skype can
be performed. In case of a positive answer, the SkypeKit Runtime is opened automatically
and he continues his login normally, otherwise, if he does not want to use Skype, this step
can be skipped. I do not know yet if this Skype application should be mandatory or not in
the BluStar. If it is mandatory to have Skype implemented, then one cannot use BluStar at
all until Skype is present, otherwise he can keep on working like in the BluStar previous
versions. I guess that the second option is the most likely to be used.
After logging in BluStar, and if we suppose that the person accepted to use Skype, then
he/she would be asked to login into his/her Skype account. Two scenarios can happen now:
The first one is that this person is asked only the first time and chooses to save its profile
information. Otherwise, if the user refuses to save his Skype information, he will be asked to
give them each time he logs in.
Of course, if this person does not have an account, we can refer to how Skype does (or even
BluStar) and ask to create a new account (and respectively if the password is lost, forgot the
user name, wrong information…). I believe that we can even use the Skype logo and their
login, because it is a normal Skype login process with all the functionalities they provide.
Figure 6 summarizes logging in the BSC once Skype will be integrated to it:

42

5.1.2 Importing Skype contacts
Let us suppose that we are now logged in BluStar and in Skype. As we are logged in Skype,
we can use it as if we were using Skype normally (Skype user is online, and he does not
know he’s in BluStar I suppose). Then, we can use our prototype and activate the command
searching for the list of friends. Our program should then take these contacts and set them
in the BSC of this user. Since the Skype friends of this user are not necessarily using BluStar,
they should be added to the BluStar database with a special status or under a new group
called “Skype friends”. There are two different alternatives, from which we have to define
the one to use after: Either we set directly all the Skype contacts in the favorites (Before
being able to contact a user on BluStar, he should be on favorites, it is a kind of friends list),
or we can as a second alternative set all the contacts in the potential contacts one can have
(the database of all people working in Aastra), and if one wishes to contact one of them, he
has to search him (maybe Skype user name or his full name or both of them if possible) and
add him to favorites.
Of course, the main importing happens only during the first login. Then, the list will be
refreshed with the different operations that one did on Skype while he was not on BluStar.
A detailed description will be given in the section 5.1.5 regarding updating.
5.1.3 Managing imported contacts
It is from my point of view nice if we could create a BluStar profile for each of the imported
Skype contacts. This will be very useful and make the design really simpler. We can call this
profile a virtual profile, and maybe it can be stored in a list of temporary BluStar profiles.
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This leads us then to the process of creating a contact in BluStar. I think that it can be done
after collecting the Skype contacts.
Since we do not probably want to overflow the
list by some 500 new BluStar contacts that are
not necessary all used, the best thing will be to
create a BluStar contact only for the Skype
contacts for which we open a window (by double
clicking). Opening a window means in fact in
90% of the cases that we would like to
communicate. In that way, we optimize the
number of contacts that will be created, and only
the profiles that are useful are created.
Furthermore, these virtual profiles can be
temporary and valid for only one session, then
deleted when one logs out. Figure 7 summarizes
this part and shows how BluStar can import
Skype contacts to its database.
The editing of the BluStar source code would be rather simple: For each window opened,
create an account. The user name can be the same as the Skype name, and probably fill in
the other information directly from Skype (we can in fact obtain information such as SEX,
AGE… with some simple commands in the prototype). So as a two lines summary for this
part:
When we are in BluStar and open a window of a Skype contact, a virtual BluStar contact
associated to it is created, with all the information collected from Skype.
The virtual profiles are useful in terms of display, since we will see the Skype contact in a
normal BluStar window. We can of course set it with a small Skype logo or something
similar to show that this contact comes from Skype.
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As the new version BluStar2.0 takes in charge presence information, we can synchronize
this information as well. Skype and BluStar 2.0 have almost the same presence statuses
with even the same colors to represent them (online, busy, offline, away). The only
difference is that Skype contains a status called invisible, where one is connected, but does
not wish to appear online. In BluStar, we can either consider this user as offline, or create a
new status “invisible” so that he can also contact the BSC.
5.1.4 Communicating with a Skype contact
Now that we finished login and managing contacts steps, the contacts between the BluStar
user and his Skype contact will be all under the Skype protocol. This means that when one
opens the window of a Skype contact he wants to talk to in BluStar, it should be included in
the BluStar source code as the following pseudo code (the contact is happening between the
sender (BluStar client) A, and the receiver (Skype user) B. The virtual contact created for B
is called C. In our case, we can assume that C is the prototype we conceived):


C, the virtual BluStar contact for B is created (it will be used most for the interface)



A sends a BluStar chat message (Resp. voice call) to C



C sends this message to B through the Skype protocol (It is the action collecting the sent
packets, and re-sending them through the SkypeKit, but it can be directly included in the
source code. It is exactly as the prototype is working, except that the messages are not
written in the prototype but in the BSC, then they are forwarded automatically.)

The same is happening from the other side:


B sends to C through the Skype protocol



C communicates with A as a normal BluStar communication.
As you have noticed, A sees B as a BluStar contact, but in reality, it is C that works with

BluStar. From the other side, B can see A as a normal Skype contact (because A is also a
Skype account, do not forget that the first step is that A uses Skype and logs in).
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5.1.5 Updating contacts
An important point that should not be neglected regards updating the Skype contacts, and it
can be separated into three different parts:


Notifications on Skype

We import first all the Skype contacts of a user, no matter if they are online or offline. This
means that when a Skype contact is online, no update in the database is given. It is already
there.
But, what may be complicated is when a new Skype contact is requested. The treatment of
this case has not been decided yet. We already know that it is possible to receive
notifications through the Skype protocol, but it was not decided yet if the actions/decisions
can be taken from BluStar (accept or refuse a new Skype contact). This issue needs to be
investigated in the future since it can happen quite often. But, once this new contact is
added, it can be contacted as usual.


Regular BluStar update

A regular update is represented in the Figure
8. When one of new BluStar contacts is online
for the first time, it might be that he has been
associated to a Skype account (if he accepted to
use Skype). The first thing to be done then is to
see if his Skype associated account is present in
my Skype contact list. If yes, then the Skype
contact can be synchronized with the usual
BluStar contact, otherwise, nothing is done.
This step allows contacting one person through
different ways. When we see the user’s name,
we can in fact click on the BluStar icon, the Skype icon or even call his phone from the BSC if
its number is available.
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Regular Skype update

A BluStar user working with Skype implementation uses the Skype software while being
online in his BluStar session. But this person might use Skype when going home as well.
During that time, many changes could have happened, especially in terms of contacts (new
or deleted contacts).
So the next time that this person will be logged in again in BluStar, a small update needs to
be performed. We will search for all the contacts in the present Skype session, and compare
them with the last session’s list. Then we add a new contact if it was added, and remove
those who have been removed. It can simply be done by replacing the list of contacts by the
new imported one. The comparison between the two lists is used to refresh the database.
As we have seen earlier, our developed prototype provides archives about the last
conversations. BluStar can then import them as well to show them when contacting a Skype
user.
5.2 Possible conflict situations
The proposed solution for Skype implementation raised some issues that might be
problematic. It is regarding the fact that when I have my BluStar software opened, I might
have one (physical) person that is at the same time on my Skype contacts and also in
BluStar contacts. Typically, it is a person working in Aastra (therefore having a BluStar
account), but at the same time one of my Skype contacts. Would it be considered as two
different persons or just one? And in this case as Skype or BluStar contact?
The simplest solution I wanted to suggest was to make this person just a BluStar contact.
Since we have the complete control over BluStar, and as we have the choice between our
software and Skype (that we do not control), the choice is obvious. Furthermore, the Skype
implementation is first aiming people who do not have a BluStar account (the external). In a
conflict situation, it is BluStar that should have the advantage.
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Nevertheless, after having discussed this issue, I knew that it was possible to work with
both accounts. It is in fact possible in BluStar to have many accounts for the same person,
and no problems are resulting from it.
We will thus proceed following this scheme: While we import the Skype contacts, we have
to check if there are BluStar contacts among them. To make the things easier and simpler
for the check, we can create a small database associating to each BluStar contact the
corresponding Skype account that he was logged in with. So, when one logs on for the first
time in the new implemented BluStar (and thus in Skype too), the two accounts will be
associated in the database. One can of course have more than one Skype account, so one
BluStar can naturally be associated to many Skype accounts. The opposite is in theory
impossible, but there is no reason preventing it to happen in practice and so two BluStar
accounts can also be associated to one Skype account. The only thing is that one Skype
profile cannot be online at the same time on two different computers, but we do not have to
worry about it since Skype already handles this issue.
Nevertheless, a problem might still happen. When we check the Skype contacts that are
imported, it is not automatic that fresh Skype contacts and BluStar contacts are associated.
Especially in the case of the first connection when the database is still empty. Imagine the
following scenario: I am the first one online on BluStar and I have imported all my Skype
contacts; they are for the moment all different from the BluStar contacts. Once a first
BluStar contact logs in with his Skype account, there are two different cases:
- If his Skype account (that he logged in with when he used BluStar) is already in my Skype
contacts, then I associate this account to his BluStar account in the database.
- If I do not have his Skype account in my Skype contacts, then there is nothing to do. His
Skype profile will be added to the BSC database because another BluStar user may have him
in his Skype contacts. However, my BluStar client will not import his Skype contact, and we
continue to communicate between us exclusively on BluStar, because we are not among
each other’s contact list in Skype. If I want to contact him through Skype; I have to add his
Skype account from my Skype, and not from BluStar.
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Each BluStar user will face these issues during one period that we can call the ‘adaptation
time’. This time can be viewed as the necessary time for the database to converge. The
convergence is of course infinite, since new contacts can come anytime, but the problems
will be less with time.
As talking about the database matching Skype accounts to BluStar profiles, I think it is
important to highlight the fact that the virtual BluStar profiles created temporary will not
be included in the BSC database.
The Skype database can be useful in case we would like to synchronize the BluStar and
Skype accounts. The personal information in the Skype account can be transferred to
BluStar and vice versa.

6. Discussions
6.1 General conclusions
Besides the advantages of attracting millions of potential new users, integrating Skype to
the BSC offers a smooth and simple gathering of services in one and only interface. It will be
now possible for BluStar users to take contact with their Skype contacts on the same
software without even needing to download Skype. This has been possible thanks to the
SkypeKit and its different functions connecting between Skype and other softwares.
This report has presented the steps and the work we did in order to give a starting point to
this integration. We have started first by stating the main differences between the two
different protocols that each software was relying on. BluStar is working with SIP while
Skype has its own Skype protocol. Getting to call and chat with Skype contacts means that
the BSC would necessarily need to be going through the Skype protocol. The solution was to
use the SkypeKit. This tool was the intermediary between those two softwares, and gave
the first linking between them. Then, we have created an empty prototype build over the
SkypeKit and communicated with Skype. This prototype was just an empty windows asked
to Login in Skype without downloading it. When one is logged in this prototype, various
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sorts of Skype operations can be done, the most important of them that we have succeeded
to code were: importing Skype friends, sending chat messages and storing conversation
history; and finally performing audio calls with the opportunity to choose input and output
devices. This prototype has been experimented and was proved as being working. The next
step to be done in the future is to replace the prototype by the BSC and start all the
previously described operations from BluStar instead of today’s empty window. This is
what we are going to talk about in the next and last part.
6.2 Future works and improvements
As for the moment, we have been able during the 6 months project to develop a prototype
that communicates directly with Skype and offers a lot of functionalities. It is expected to be
implemented in the BluStar version3.0. This version will support video as well. Before that
the implementing can be done, the legal side should be investigated deeper in order to
make sure that everything is correct regarding the rights to cooperate with Skype. The
implementation should also be agreed by the management of Aastra Telecom so that it can
start in practical terms. What we have been working with now was in fact a Research and
Development application, and its extension to a bigger scale with thousands of users needs
to be agreed by deciders and so a budget can be allowed to it.
There are several works that can be continued in the future, but could not be done during
the thesis due to the limitation of time. It would be for instance interesting to investigate
more about the issue of Instant Messaging. Since the user cannot begin to chat, but has to
wait until he receives a message, it is confusing to have two discussions on the same time.
There is in fact no step where one chooses to whom send an IM. The scheme is always the
same: one receives and then answers basically the one who is sending. This issue needs
maybe to be investigated deeper.
If it is possible, it would be also nice to add the other functions that are provided by Skype
developers in case they are handled by BluStar. The most suitable ones can be about
transferring files, adding, deleting and listing PSTN (telephone number) contacts and
initiating conference calls. It is also interesting to investigate about searching and creating
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new Skype contacts directly from the BluStar. This is not possible for the moment because
the prototype does not handle yet searching in the Skype database or adding Skype
contacts, but this could be a good idea to think about.
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