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ABSTRACT 
 

The recent decades have witnessed enormous development in communication world; 

especially in internet technology that has played an important role in moving forward the 

human communications, with such development user demands better communication 

services such as video conferencing. Video conferencing becomes more popular nowadays 

since it can break the constraints on the communication ways of people who are probably 

exist in diverse geographical locations in real time. SIP is preferred to be used as signaling 

protocol for video conferencing, but still using SIP for video conferencing is affected by the 

delay which reduces the satisfaction of user as it decreases the QoS. This thesis work is 

aimed to study the performance of SIP signaling for video conferencing, and also describing 

the causes of the delay in SIP session establishment and termination. The literature review 

and the two simulations have been carried out in this thesis to examine the effect of specific 

parameters on the session setup delay. The first study is carried out by using ns-2 to simulate 

different transport protocols and study their effect on session setup delay. The second study 

is carried out by using SIPp to achieve two objects. The first object is to study the 

relationship between number of simultaneous calls on both the session setup delay and call 

release delay, while the second object is to verify the result of changing transport modes of 

transport protocol for both session setup delay and call release delay. The results obtained 

from first simulation showed that utilizing UDP as transport protocol will return less session 

setup delay than TCP and SCTP. The first objective of the second simulation results clarify 

the relationship between number of simultaneous calls on both the session setup delay and 

call release delay which was directly proportional; on the other hand the second object 

showed that by using UDP in mono socket mode has less session setup delay and call release 

delay. 

 

Keywords: Delay, SIP, Transport Protocols and Video 

conferencing. 

 

 

 

 

 

 

 

 

 
 



  v 

CONTENTS 
 

 

ACKNOWLEDGMENT ..................................................................................................................... II 

ABSTRACT ........................................................................................................................................ IV 

CONTENTS ......................................................................................................................................... V 

ABBREVIATIONS ........................................................................................................................... VII 

LIST OF FIGURES .........................................................................................................................VIII 

LIST OF TABLES .............................................................................................................................. IX 

1 CHAPTER 1   INTRODUCTION .............................................................................................. 1 

1.1 AIMS AND OBJECTIVES .......................................................................................................... 1 
1.2 SCOPE OF THE THESIS ............................................................................................................ 2 
1.3 RESEARCH QUESTIONS .......................................................................................................... 2 
1.4 LITERATURE REVIEW ............................................................................................................. 2 
1.5 SIMULATION .......................................................................................................................... 3 
1.6 MOTIVATION.......................................................................................................................... 3 
1.7 THESIS OUTLINE .................................................................................................................... 3 

2 CHAPTER 2  BACKGROUND STUDY ................................................................................... 4 

2.1 SESSION INITIATION PROTOCOL (SIP) .................................................................................... 4 
2.1.1 SIP Massages .................................................................................................................... 4 
2.1.2 The SIP Network Components .......................................................................................... 5 
2.1.3 SIP Signaling .................................................................................................................... 6 
2.1.4 SIP Responses ................................................................................................................... 6 

2.2 VIDEO CONFERENCING .......................................................................................................... 7 
2.2.1 Conferencing Layers ......................................................................................................... 7 

3 CHAPTER 3  RESEARCH METHODOLOGY ....................................................................... 9 

3.1 LITERATURE REVIEW ........................................................................................................... 10 
3.2 SIMULATION SETUP ............................................................................................................. 10 

4 CHAPTER 4               LITERATURE REVIEW .................................................................... 12 

4.1 SIP VERSUS H.323 AS SIGNALING PROTOCOL ADVANTAGES ............................................... 13 
4.2 SIP SIGNALING AND SESSION SETUP DELAY PARAMETERS ................................................. 14 

5 CHAPTER 5         SIMULATION STUDY AND RESULTS ................................................. 17 

5.1 SIMULATION I: STUDY BY USING NS-2 ................................................................................. 17 
5.1.1 Environmental Setup ....................................................................................................... 17 
5.1.2 Case Study ...................................................................................................................... 18 
5.1.3 Object of Measurements ................................................................................................. 18 
5.1.4 Simulation Topology ....................................................................................................... 18 
5.1.5 Results ............................................................................................................................. 19 

5.2 SIMULATION II STUDY BY USING SIPP ................................................................................ 30 
5.2.1 Environmental Setup ....................................................................................................... 30 
5.2.2 Case Study ...................................................................................................................... 31 
5.2.3 Object of measurements .................................................................................................. 32 
5.2.4 Simulation Topology ....................................................................................................... 32 
5.2.5 Results ............................................................................................................................. 33 

5.3 THE PERFORMANCE OF PDD IN BOTH SIMULATIONS ........................................................... 49 

6 CHAPTER 6                    CONCLUSION AND FUTURE WORK ....................................... 50 

6.1 CONCLUSION ....................................................................................................................... 50 
6.2 FUTURE WORK .................................................................................................................... 51 



  vi 

REFERENCES ................................................................................................................................... 52 

APPENDIX A:   SIPP INSTILLATION ........................................................................................... 54 

APPENDIX B:   POST DIAL DELAY RESULTS .......................................................................... 55 

APPENDIX C:   CALL RELEASE DELAY RESULTS ................................................................. 60 

APPENDIX D:   UDP TRANSPORT MODE POST DIAL DELAY AND CALL RELEASE 

DELAY RESULTS ............................................................................................................................. 65 

APPENDIX E:   SIMULATION II SCRIPTS, UAC AND UAS ..................................................... 69 

 



  vii 

ABBREVIATIONS 
 

ASD:  Answer-Signal Delay. 

BER:  Bit Error Rate  

CRD:  Call-Release Delay  

CSV:  Comma Separated Values  

FER:  Frame Error Rate  

FDMC:  Fully Distributed Multiparty Conferencing 

GNU GPL:  GNU General Public License 

HTTP:  Hypertext Transfer Protocol 

ITU-T:  International Telecommunications Union Telecommunication 

standardization sector 

IETF:  Internet Engineering Task Force 

LTE:  Long Term Evaluation  

LCC:  Loosely Coupled Conferences  

MAC:  Media Access Control 

NS2:  Network Simulator 

PCAP:  Packet Capture 

PDD:  Post Dialing Delay  

PD:  Propagation Delay  

PSTN:  Public Switched Telephone Network 

QoS:  Quality of Service 

RLP:  Radio Link Protocol 

RTCP:  Real-Time Transport Control Protocols 

RTP:  Real-time Transport Protocol 

RD:  Ringing Delay  

SCTP:  Stream Control Transmission Protocol 

SPD:  Server Processing Delay  

SU-MIMO: Single-User Multiple Input Multiple Output  

SIP: Session Initiation Protocol 

SIP-CMI:  SIP Continuous Media Integration 

SMTP:  Simple Mail Transfer Protocol 

TCP:  Transmission Control Protocol 

TCC:  Tightly Coupled Conference  

TLS:  Transport Layer Security 

UAS:  User Agent Server 

UDP:  User Datagram Protocol 

UA:  User Agent  

UAC:  User Agent Client  

UAS: User Agent Server 

XML:  Extensible Markup Language 

 

http://en.wikipedia.org/wiki/Public_switched_telephone_network


  viii 

LIST OF FIGURES 
 

 

Fig. 2.1 SIP network components ............................................................................................. 5 
Fig. 2.2 SIP signaling flow for call setup and termination ....................................................... 6 
Fig. 2.3 An example of multipoint video conferencing ............................................................ 7 
Fig. 3.1 Research methodology follows design………………………..…………………….9 

Fig. 3.2 Stages 3 and 4 Simulation Topology ......................................................................... 10 
Fig. 4.1 H.323 Call Setup………………………………...……...……….....……….…….14

Fig. 4.2  H.323 Call Release………………………………………....……………...….......14 
Fig. 4.3 SIP session setup  ...................................................................................................... 14 
Fig. 4.4 Session setup of SIP over TCP  ................................................................................. 15 
Fig. 4.5 Call signaling flow for a SIP call setup and release  ................................................. 16 
Fig. 5.1 Network Topology for Simulation I…………….……………….…….……………18 

Fig. 5.2 Transport protocols simulation topology ................................................................... 19 
Fig. 5.3 UDP PDD versus packet size .................................................................................... 20 
Fig. 5.4 TCP PDD versus packet size ..................................................................................... 21 
Fig. 5.5 SCTP PDD versus packet size ................................................................................... 22 
Fig. 5.6 SCTP, TCP and PDD versus packet size ................................................................... 24 
Fig. 5.7 SIP signaling flow for call setup and termination  .................................................... 25 
Fig. 5.8 UDP first video packets delays ................................................................................. 25 
Fig. 5.9 TCP first video packets delays .................................................................................. 26 
Fig. 5.10 SCTP first video packets delays .............................................................................. 26 
Fig. 5.11 UDP, TCP and SCTP first video packets delays ..................................................... 28 
Fig. 5.12 Simulation II Network Topology ............................................................................ 31 
Fig. 5.13 Simulation II SIP Call Setup Diagram .................................................................... 32 
Fig. 5.14 PDD for all simultaneous calls ................................................................................ 33 
Fig. 5.15 PDD from 600 till 1000 simultaneous calls ............................................................ 34 
Fig. 5.16 PDD from 100 till 500 simultaneous calls .............................................................. 34 
Fig. 5.17 Average PDD versus Number of Simultaneous Calls ............................................. 36 
Fig. 5.18 video packet delay for 100 simultaneous calls ........................................................ 37 
Fig. 5.19 video packet delay for 500 simultaneous calls ........................................................ 37 
Fig. 5.20 video packet delay for 1000 simultaneous calls ...................................................... 38 
Fig. 5.21 packet delay for 100, 500 and 1000 simultaneous calls .......................................... 38 
Fig. 5.22 The scaled sketch for video packet delay for 100, 500 and 1000 sim. calls ............ 39 
Fig. 5.23 Call Release Delay for all simultaneous calls ......................................................... 40 
Fig. 5.24 Call Release Delay from 600 till 1000 simultaneous calls ...................................... 40 
Fig. 5.25 Call Release Delay from 100 till 500 simultaneous calls ........................................ 41 
Fig. 5.26 Average Call Release Delay versus Number of Simultaneous Calls ...................... 42 
Fig. 5.27 PDD of different UDP transport modes and different sim. calls number ................ 44 
Fig. 5.28 video packet delay for 250 simultaneous calls under u1 mode ............................... 45 
Fig. 5.29 video packet delay for 500 simultaneous calls under u1 mode ............................... 45 
Fig. 5.30 video packet delay for 250 simultaneous calls under un mode ............................... 46 
Fig. 5.31 video packet delay for 500 simultaneous calls under un mode ............................... 46 
Fig. 5.32 video packet delay for different sim. calls under different transport modes ........... 47 
Fig. 5.33 call release delay of different UDP transport modes and different sim. calls no .... 48 
 

 

 

 

 

 

 



  ix 

LIST OF TABLES  
 

Table 5.1 UDP PDD ............................................................................................................... 19 
Table 5.2 TCP PDD ................................................................................................................ 20 
Table 5.3 SCTP PDD .............................................................................................................. 21 
Table 5.4 UDP, TCP and SCTP PDD ..................................................................................... 23 
Table 5.5 UDP first video packets delays ............................................................................... 27 
Table 5.6 TCP first video packets delays ............................................................................... 27 
Table 5.7 SCTP first video packets delays ............................................................................. 28 
Table 5.8 UDP, TCP and SCTP first video packets delays .................................................... 29 
Table 5.9 PDD Statistics ......................................................................................................... 35 
Table 5.10 CRD Statistics ...................................................................................................... 42 
Table 5.11 Percentage of successful call rate ......................................................................... 43 
Table 5.12 Average PDD ........................................................................................................ 44 
Table 5.13 Average Call Release Delay ................................................................................. 48 
Table 5.14 Percentage of successful call rate ......................................................................... 49 
Table 5.15 Simulation I and Simulation II PDD over UDP ................................................... 49 

 

 



  1 

1 CHAPTER 1   INTRODUCTION 
 

 

 

 

 

 

The recent decades have witnessed enormous development in communication world; 

especially in internet technology that has played an important role in moving forward the 

human communications, with such development user demands better communication 

services such as video conferencing. Video conferencing is an able voice, images, text and 

other messages sent from one place to another communication system [1]. Video 

conferencing becomes more popular nowadays since it can break the constraints on the 

communication ways of people that are probably exist in diverse geographical locations in 

real time.  

 

Zhen et al. [2] stated that there are two standards to support the signaling of video conference 

systems, which are the H.323 that developed by International Telecommunications Union 

Telecommunication standardization sector (ITU-T) and the Session Initiation Protocol (SIP) 

which has been recommended by the Internet Engineering Task Force (IETF), they also 

stated in their work that SIP is more flexible than H.323 in real time services. SIP is a 

signaling protocol which manages the session establishment and termination [3]. SIP 

architecture is built upon two main components, the SIP user agent and the SIP network 

server. The user agent is the end system component for the call and the SIP server is the 

network device that handles the signaling associated with multiple calls. The user agent has a 

client element and a server element, the client element initiates the calls and the server 

element answers the calls, therefore the architecture of SIP follows the client-server model 

[4]. SIP is rather a component that can be used with other IETF protocols to build a complete 

multimedia architecture. The architectures include protocols such as the Real-time Transport 

Protocol (RTP) for transporting real-time data for multimedia sessions and provision of 

Quality of Service (QoS) feedback [2 and 4]. RTP is running on the top of transport layer, it 

can cooperate with either User Datagram Protocol (UDP) or Transmission Control Protocol 

(TCP) [5]. The main differences between TCP and UDP, is that TCP has flow control and 

error correction while UDP lacks those features, meanwhile both protocols can be used for 

video conference.  

 

Video communication performance may be affected by many factors, like delay, frame drop, 

Bit Error Rate (BER) and service quality. It is essential to consider session setup delay as it 

is a key and easily observable QoS parameter and also minimizing the session setup delay 

will be beneficial in resource utilization, in such cases where excessive SIP signaling 

message exchanges occur which is a symptom of unreliable transmission, that cause 

resources loss and performance degradation [5]. 

 

The features of SIP have important characteristics which make it preferable over other 

protocols for video communications, as an example, security, proxying, user preferences and 

location independent addressing are some of the most important features of SIP [6]. 

 

1.1 Aims and Objectives 
 

The main goal of this thesis work is to study the factors affecting the performance of the 

session setup delay in video conferencing by using Network Simulator (ns-2) and SIPp 
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simulator, where ns-2 simulator has less capability than SIPp.  ns-2 will be used as a part to 

establish the simulation environment for SIPp which will be the main simulation program. 

The ns-2 will be used to examine the transmission protocols session setup delay performance 

over SIP on video conferencing, to obtain the results we will use SIPp for further 

investigating for the delays in SIP. In order to reach this goal the following aims should be 

achieved: 

 

 Testing the SIP session setup delay over real time conferencing using User 

Datagram Protocol (UDP), Transmission Control Protocol (TCP) and Stream 

Control Transmission Protocol (SCTP) transmission protocols. 

 Choosing a transmission protocol that is the most suitable for video 

conferencing over SIP among UDP, TCP and SCTP.  

 Evaluating the video conferencing performance requirements during the 

session setup. 

 Investigating SIP session setup for video conferencing. 

 Describing the effect of SIP on video conferencing. 

 Analyzing the number of simultaneous call effect on the session setup delay and the 

call release delay in SIP. 

   

1.2 Scope of the Thesis 
 

This thesis work is aimed to study the delay in SIP signaling of video conferencing; it 

considers the parameters which cause the delay in session setup. This thesis also investigates 

reasons behind preferring SIP as signaling protocol in video conferencing, at the same time 

this thesis investigates suitable transmission protocol for video conferencing over SIP. After 

investigating all the previous and with accurate examination of the number of simultaneous 

calls and the transport mode parameters, the study will describe the session setup delay in 

video conferencing over SIP. 

 

1.3 Research Questions 
 

1. Why SIP is recommended in video conferencing? 

 

2. What are the parameters could cause the delay in session setup process in video 

conferencing? 

 

3. Which transport protocol serves with the least delay in video conferencing over SIP? 

 

4. How the delays in video conferencing over SIP are affected by the number of 

simultaneous calls? 

 

1.4 Literature review 
 

Literature review will be carried out by reviewing the related work been done by researchers 

for SIP signaling and video conferencing over SIP. Contents study will be our method of 

reviewing, and as a result of this literature review, the advantages of using SIP as a signaling 

protocol in video conferencing will be considered and discussed so that the answer to 

Research Question RQ1 will be evaluated, at the same time the causes of delay in the 

signaling process in video conferencing will be obtained to answer RQ2. 
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1.5 Simulation 
 

Two different simulation techniques will be considered; the first simulation will be 

implemented using ns-2 in order to study the performance of three different transport 

protocols (UDP, TCP and SCTP) in video conferencing over SIP and the session setup delay 

of these transport protocols will be compared in order to appoint a probable transport 

protocol to be used in SIPp simulator. 

The second simulation, which is based on the results from the first simulation, will be carried 

out using SIPp simulator in order to test the effect of number of simultaneous calls on the 

session setup delay and the call release delay in SIP. 

 

 

The first simulation will be performed in order to compare the performance of real time 

transport protocols in video conferencing over SIP, to identify the suitable transmission 

protocol for video communication to answer RQ3. The second simulation will be carried out 

to answer RQ4, this simulation is based on the parameters obtained from answering RQ1, 

RQ2 and RQ3, the results of the simulation will help in studying the end to end session setup 

delay in video conferencing over SIP. 

1.6 Motivation 
 

With the increase of internet usage video conferencing becomes more popular nowadays; 

video conference can be supported either by signaling protocol H.323 or by the signaling 

protocol SIP. Some researchers have recommended SIP as signaling protocol for video 

conferencing. However, the work which has been done on video conferencing over SIP did 

not consider the effect of the number of simultaneous calls on the session setup delay and the 

call release delay in SIP [7], by enhancing the end to end delay a better QoS could be 

achieved.  

1.7 Thesis Outline 
 

The outline of this thesis paper is organized as follows; in this chapter, the introduction, 

background, simulation, motivation and objective of the research are discussed. It also 

discusses the research question and scope of this thesis work.  

In chapter 2, the background study related with this thesis work is described and answered 

the RQ1 and RQ2. 

In chapter 3, a detailed research methodology which has been followed to answer the thesis 

questions.  

In chapter 4, two simulation techniques will be implemented and described, the first 

simulation and the parameters used to make this simulation are discussed, also the way of 

preparing the simulation program and instructions are considered, in addition, this part 

presents the results of the first simulation and RQ3 will be answered.  The second simulation 

and its parameters are discussed, also the way of preparing the simulation program and 

instructions are explained, in addition, this part presents the results of the second simulation 

that are related to RQ4.  

Finally in chapter 5, the conclusion and the future work are presented. 
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2 CHAPTER 2  BACKGROUND STUDY 
 

 

 

 

 

 

The session initiation protocol (SIP) is a signaling protocol developed to set up, modify and 

tear down multimedia sessions over the internet [8]. SIP was developed by the IETF as part 

of the Internet Multimedia Conferencing Architecture, and was designed to dovetail with 

other Internet protocols [9].  

2.1 Session Initiation Protocol (SIP) 
 

SIP is a signaling protocol that is widely used for controlling multimedia communication 

sessions such as voice and video calls over Internet Protocol (IP), the protocol can be used 

for creating, modifying and terminating two-party (unicast) or multiparty 

(multicast) sessions consisting of one or several media streams. The modification can 

involve changing addresses or ports, inviting more participants, and adding or deleting media 

streams. Other feasible application examples include, streaming multimedia 

distribution, instant messaging, presence information, file transfer and video conferencing 

[3]. B. Johnston [8] described the main functions of SIP as: 

 

 Location of an end-point; 

 Contacting end-point to determine willingness to establish a session; 

 Exchange of media information to allow session to be established;  

 Modification of existing media sessions;  

 Tear-down of existing media sessions. 

 

The main goal for SIP is to provide a signaling and call setup protocol for IP-based 

communications that can support a superset of the call processing functions and features 

present in the public switched telephone network (PSTN). SIP by itself does not define these 

features; rather, its focus on call-setup and signaling. However, it was designed to enable the 

construction of functionalities of network elements designated to proxy servers and user 

agents. These are features that permit familiar telephone-like operations: dialing a number, 

causing a phone to ring, hearing ring back tones or a busy signal. Implementation and 

terminology are different in the SIP world but to the end-user, the behavior is similar [10]. 

 

2.1.1 SIP Massages  

 

The SIP messages defined by RFC2543 are six methods to six response code groups, the 

RFC2543 methods are INVITE, REGISTER, BYE, ACK, CANCEL, and OPTIONS [11].  

INVITE is used to establish media sessions between user agents.  Reponses to INVITE are 

always acknowledged with the ACK method. The INVITE usually has a message body 

containing the media information of the caller. 

REGISTER method is used by a user agent to notify a SIP network of its current IP address 

and the URLs for which it would like to receive calls.  

BYE method is used to terminate an established media session. It is only sent by user agents 

participating in the session, never by proxies or other third parties. 

ACK method is used to acknowledge final responses to INVITE requests. Final responses to 

all other requests are never acknowledged. 

http://en.wikipedia.org/wiki/Multimedia
http://en.wikipedia.org/wiki/Communication_session
http://en.wikipedia.org/wiki/Communication_session
http://en.wikipedia.org/wiki/Internet_telephony
http://en.wikipedia.org/wiki/Video
http://en.wikipedia.org/wiki/Internet_Protocol
http://en.wikipedia.org/wiki/Unicast
http://en.wikipedia.org/wiki/Multicast
http://en.wikipedia.org/wiki/Session_(computer_science)
http://en.wikipedia.org/wiki/Streaming_media
http://en.wikipedia.org/wiki/Computer_port_(software)
http://en.wikipedia.org/wiki/Instant_messaging
http://en.wikipedia.org/wiki/Presence_information
http://en.wikipedia.org/wiki/File_transfer
http://en.wikipedia.org/wiki/Video_conferencing
http://en.wikipedia.org/wiki/Internet_Protocol
http://en.wikipedia.org/wiki/Public_switched_telephone_network
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CANCEL method is used to terminate pending searches or call attempts. It can be generated 

by either user agents or proxy servers. A user agent uses the method to cancel a pending call 

attempt it had earlier initiated. A forking (forward a request to several devices) proxy can use 

the method to cancel pending parallel branches after a successful response has been routed 

back to the User Agent Client (UAC).  

OPTIONS method is used to query a user agent or server about its capabilities and discover 

its current availability. The response to the request lists the capabilities of the user agent or 

server. 

 

2.1.2 The SIP Network Components  
 

The main components for the SIP network are shown in Fig. 2.1; user agents are the user 

devices,while theSIPLocation server containsusers’databaseand their information.SIP

proxy is responsible for forwarding the request using SIP request methods; SIP redirector 

gives redirection, while SIP registrar is responsible of updating location servers with user 

information. 

 

 
Fig. 2.1 SIP network components [11] 

 

The SIP network components are: 

 

SIP User Agents 
A SIP-enabled end-device is called a SIP user agent (UA). The main purpose of SIP is to 

enable sessions to be established between user agents. The user agents takes direction or 

input from a user and acts as an agent on their behalf to set up and tear down media sessions 

with other user agents. A user agent must be capable of establishment a media session with 

another user agent [9].  

SIP Servers  
SIP servers are applications that accept SIP requests and respond on them, they provide 

services and features to user agents and must support both TCP and UDP for transport [9].  

The SIP Proxy Server receives a SIP request from a UA and acts on behalf of the user 

agent in forwarding or responding to the request. The SIP proxy server has access to the 

location server to handle the request.   

The SIP Redirector is a type of SIP server that responds to the requests, but does not 

forward the request; it is also, as the proxy server, it uses the location server to look up the 

user. The location information, however, is sent back to the caller in a redirection class 

response, which concludes the transaction.    
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The SIP Registrar accepts SIP REGISTER requests; all other requests receive a 501 Not 

Implemented response. The content information from the request is then made available 

to other SIP servers within the same administrative domain, such as proxies, location and 

redirect servers. In registration request, the To header contains the name of the resource 

being registered, and the Contact headers contain the alternative addresses or aliases.  

The SIP Location Server is a database which provides information about a user agent 

possible location to redirect and proxy servers, when a user agent makes a request it 

connected to the SIP proxy which request the destination from the location server, the proxy 

will forward the request.  

 

2.1.3 SIP Signaling 
 

SIP signaling is based on request and response methods, which in principle are like three 

way handshake between sources UA and sink UA. Fig. 2.2 shows the SIP messages 

exchange to initiate a session [3].  

 

 
Fig. 2.2 SIP signaling flow for call setup and termination [12] 

 

 

The source UA sends an invitation request to the sink UA. Each server on the path confirms 

the reception of the request by returning a (trying) response to the previous hope. A request 

will be rejected if a SIP server is unwilling or unable to forward it. Once the request is 

received by the sink UA, it typically responses with (ringing) response to indicate that the 

called user is being alerted and an (ok) response code will be sent back to the sources UA 

when the sink UA accepts the request. After the code (ok) is received by the source UA, it 

sends an (ACK) to complete the three way handshake of an invite transaction. A session can 

be terminated according to the user request by sending a (BYE) request which is confirmed 

with an (ok) response [3, 8 and 13]. 

 

2.1.4 SIP Responses 
 

Response codes are categorized in the following classes [14], where (xx) refer to two 

integers and each combination of these integers has a specified function: 

 1xx: this class is called Provisional responses. These messages are generated to show 

that a call is progressing, and when a UAC receives such a message for an INVITE; 

it stops retransmission of request. 
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 2xx: this class indicates success of request. 

 3xx: this class is called redirection.    It is used by servers to indicate other locations 

where the user may be found. 

 4xx: this class indicates a client error. It is generated to specify an error within the 

request, so the request should not be retransmitted again without changing the source 

of error.   

 5xx: this class stands for a server error. It is generated by a server to point to an error 

with it. 

 6xx: this class is known as global error. These kinds of responses are generated by a 

server to inform UAC that its request is going to fail globally, so retransmission 

elsewhere does not work.  

 

2.2 Video Conferencing  
 

With the advance of video compression, networking technologies and international 

standards, video conferencing is widely used in our daily life. In fact, more and more video 

conferencing products are appearing on the market. A video conference is a set of 

interactive telecommunication technologies which allow two or more locations to interact via 

two-way video and audio transmissions simultaneously. Fig. 2.3 shows a typical scenario in  

which a video conferencing is held over a practical Wide Area Network (WAN) [15]. 

 

  

 
Fig. 2.3 An example of multipoint video conferencing [15] 

 

Videoconferencing uses telecommunications of audio and video to bring people at different 

sites together for a meeting. This can be as simple as a conversation between two people in 

private offices (point-to-point) or involve several sites (multi-point) with more than one 

person in large rooms at different sites. [15].  

 

2.2.1 Conferencing Layers  
 

The conferencing system can be divided up into several different layers [2, 9 and 16];  

User Interface could either be graphical or voice responsive. Many of us have encountered 

both types of interfaces; normally we encounter graphical interfaces on the computer or 

television, and Voice Responsive we normally get on the phone, where we are told to select 

a number of choices by either saying it or pressing a number. User interfaces for 

http://en.wikipedia.org/wiki/Telecommunication
http://en.wikipedia.org/wiki/Technology
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conferencing have a number of different uses; it could be used for scheduling, setup, and 

making the call. Through the User Interface the administrator is able to control the other 

three layers of the system. 

Conference Control performs resource allocation, management and routing. This layer 

along with the User Interface creates meetings (scheduled or unscheduled) or adds and 

removes participants from a conference. 

Control (Signaling) Plane contains the stacks that signal different endpoints to create a call 

and/or a conference. Signals can be, but are not limited to, H.323 and Session Initiation 

Protocol (SIP) Protocols. These signals control incoming and outgoing connections as well 

as session parameters. 

The Media Plane controls the audio and video mixing and streaming. This layer manages 

Real-Time Transport Protocols, UDP and Real-Time Transport Control Protocols (RTCP). 

The RTP and UDP normally carry information such the payload type which is the type of 

codec, frame rate, video size and many others. RTCP on the other hand acts as a quality 

control Protocol for detecting errors during streaming. 
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3 CHAPTER 3  RESEARCH METHODOLOGY 
 

The research methodology presented in this thesis is based on both literature review and 

simulation. The aim of this thesis is to answer the research questions; Fig. 3.1 shows the 

research methodology that will be followed in this thesis work to answer the research 

questions. 

 

  

Fig. 3.1 Research methodology follows design 

 

Case I is a part of the literature review, where the advantages of SIP versus H.323 signaling 

protocols will be reviewed for video conferencing through different researchers’work, the

result of this case will answer RQ1. The literature review will be continued in case II; here 

the parameters causing the delay in SIP session establishment and termination will be 

evaluated. The result of this case will answer RQ2 and the evaluated results will be used in 

stage 3. 

The simulation topology for stage 3 and stage 4 is shown in Fig. 3.2, the topology will 

contain two SIP proxies and two clients (Caller and Callee), where the caller initiate the 

session by inviting the callee, the inviting massage goes from the caller through SIP proxy 1 

and then to SIP proxy 2 and finally to the callee. 

 

Stage 3           Simulation I 

Simulation I 

Answer to RQ3 

SIP transmission protocols 

delay comparison  

Stage 4            Simulation II 

Simulation II 

Results from case I, II and 

Simulation I 

Answer to RQ4 

Stage 2                        Case II 

Literature Review 

SIP signaling and 

parameters evaluation 

Answer to RQ2 

Stage 1                           Case I  

Literature Review 

 

SIP versus H.323 signaling 

protocols 

 

Answer to RQ1 

Literature Review 

 
Simulation 
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Fig. 3.2 Stages 3 and 4 Simulation Topology 

 

The simulation I will be implemented using ns-2 simulator, in this simulation UDP, TCP and 

SCTP transport protocols will be compared in term of time consumption in the session 

establishment, as a result of this stage a suitable transport protocol will be identified, and this 

stage will answer RQ3 also the identified transport protocol will be used for simulation II in 

stage 4. Finally stage 4 will be implemented using SIPp simulator, the results of stage 2 (case 

II) and stage 3 will be the basis in building the model for this stage, the aim of this 

simulation is to compare the session establishment and call release delays in terms transport 

mode and the number of simultaneous calls, as a result of this stage a technique will be 

suggested to be used for video conferencing over SIP, this will answer RQ4.     

 

3.1 Literature Review 
 

Literature review presented in this thesis is based on both Qualitative and Quantitative 

approach suggested by John W. Creswell [17]. In the Qualitative part two steps are 

considered as follows: 

 Identify the key factors influencing video conferencing over SIP performance by 

considering the existing research and knowledge based on famous scholars, relevant 

articles and journals i.e. IEEE Xplore, Inspec, Google and Google Scholar. 

 Understanding the previous research done on SIP and video conferencing. 

In the Quantitative part two steps are considered as follows: 

 Listing the advantages of SIP which make it a recommended signaling 

protocol for video conferencing rather than other signaling protocols. 

 Identifying factors that influence video conferencing over SIP. 

 

Literaturereviewwillbecarriedoutbyreviewingtheresearchers’workwhichisrelatedto

SIP signaling and video conferencing over SIP, content analysis will be our method of 

reviewing, as a result of this literature review the reasons behind recommending SIP as a 

signaling protocol will be identified in order to answer RQ1, also the causes of delay in the 

signaling process in video conferencing will be obtained to answer RQ2. 

 

3.2 Simulation Setup 
 

Simulation will be carried out using Quantitative method described on [17]. The following 

will be used as Quantitative methods: 

 Build a network model based on qualitative approach and experimental research. 

The Experimental research usually begins with the formulation of hypothesis by 

designing and analyzing the network model that need to validate the hypothesis [17]. 

Caller Callee 

SIP 

Proxy 1 

SIP 

Proxy 2 
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 To evaluate the performance of video conferencing in SIP networks in terms of 

session setup delay. 

 Simulating the models and explanation of the results based on the use of ns-2 and 

SIPp.  

 

The ns-2 and SIPp simulators are free open source programs and are well-known for network 

design. They have many attractive and powerful features; the SIPp has been designed for SIP 

test and performance evaluation. The ns-2 and SIPp simulators are used for different network 

entities that are needed to accurately configure support selective application services of the 

network. The simulation study will be done in two parts; the first simulation will be 

performed in order to compare the performance of real time transmission protocols in video 

conferencing over SIP using ns-2, and the result from this simulation will be identifying a 

suitable transmission protocol for video communication to answer RQ3. The second 

simulation will be carried out to answer RQ4, this simulation will be implemented on SIPp, 

and this simulation is based on the results obtained from answering RQ2 and RQ3, the result 

of this simulation will help in suggesting a technique to enhance the end to end session setup 

time in video conferencing over SIP. 
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4 CHAPTER 4               LITERATURE REVIEW 
 

 

 

 

 

 

Talukdar et al. [18] investigated the capacities of the air-interface for video conferencing on 

the downlink for Long Term Evaluation (LTE); the performance evaluation was done by 

dynamic system-level simulation of an LTE air-interface. The simulator was built in the 

C/C++ platform and it contained detailed models of the physical, Media Access Control 
(MAC), transport and application layers. The capacity was evaluated for an air interface 

configuration with 10MHz carrier bandwidth, using 2x2 Single-User Multiple Input Multiple 

Output (SU-MIMO) for the downlink. The output specified two factors that have major 

impact on the video capacities; the number of users and the performance of the video stream 

which is based on the loss and delay of video frames at the receiver side.  

 

Hurtado et al. [19] used SIP as an integrated framework to provide advanced audiovisual 

services, they have designed a testbed by using SIP Continuous Media Integration (SIP-

CMI) approach that uses SIP as an integrated framework to provide advanced audiovisual 

services for next generation Internet, it described the aim of their work that reuse the current 

and new media servers to provide new media processing tasks. 

 

Santonja-Climent et al. [5] evaluated the performance of control the real time video traffic 

through the use of SIP and RTP in laboratory testbed. The testbed was made up of 3 Linksys 

WRT602N routers, with channels of 40 MHz bandwidth and a physical distance of 5 meters 

between each. Using virtual card configuration and bridge mode, they were connected by 2 

hops at the data link layer level, obtaining a high capacity trunk with throughputs of up to 80 

Mbps from end to end. The SIP server and a client are connected to one end of the trunk, 

corresponding to the central control station, and the second client is located in the 

intermediate router or at the other end of the trunk. They conclude that voice and video 

traffic in an 802.11n trunk of one and two hops shows optimum values in all required quality 

parameters for these types of applications. The differences arising from increasing the trunk 

from one to two hops are minimal in terms of average jitter and losses, affecting mainly the 

latency and the throughput. 

 

Lulling and Vaughan [20] compared the delay of video conferencing over UDP, TCP and 

SCTP, the underlying network topology models a proxy-to proxy SIP signaling context. This 

was to offer maximum advantage to the long-lived connections employed by TCP and 

SCTP. Bundling multiple SIP messages into a single end-to-end connection facilitates the 

use of both TCP and SCTP’s end-system based traffic control functionality. The SIP 

messages were assumed to have arrived at a proxy independently of one another. They 

conclude that TCP Sack offers the best performance of the different TCP variants 

considered. The use of a selective acknowledgement option is a definite advantage. TCP 

Vegas displayed serious problems in certain scenarios and cannot be recommended as a 

transport protocol for SIP. TCP Reno, while performing better than TCP Vegas, also gave 

some cause for concern; however, the advantage offered by TCP Sack over TCP Reno was 

clear, its magnitude was insufficient to be conclusive. One of the inherent features of TCP 

Sack is that it can be used in conjunction with TCP Reno, however; the support of Sack is 

queried and established in the initial connection establishment handshake, and in the event of 

TCP Sack not being supported, the session can still be conducted using TCP Reno. This 

means that interoperability issues will not be relevant and there will be no disadvantage in 

using TCP Sack in that regard. UDP’s consistently show good performance across all 
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experiments is very obvious. This does come at a cost, however, complexity and overhead at 

the application layer is undesirable and both are a consequence of using UDP for SIP 

applications. This notwithstanding, UDP is the most common transport layer protocol 

employed by SIP applications today and on the basis of the results presented here, the use of 

either TCP or SCTP as a viable alternative cannot be authoritatively advocated. Overall they 

found that TCP Sack and SCTP are the best options for a reliable transport protocol for SIP 

traffic. Differences in performance were insufficient to conclude that one was better than the 

other. Neither protocol offered sufficient performance advantage to allow the conclusion that 

it should be used in preference to UDP, currently where it’s the most popular transport 

protocol for SIP. 

 

Fathi et al. [21] assumed that the transmissions on both the forward and reverse channel are 

experience Markovian errors. They evaluated session setup delay for different transport 

protocols, and with the use of the Radio Link Protocol (RLP). An adaptive retransmission 

timer is used to optimize SIP performances. Using numerical results, they found that SIP 

over UDP instead of TCP can make the session setup up to 30% shorter. Also, RLP 

drastically reduces the session setup delay down to 4 to 5 sec., even in environments with 

high frame error rates (10%) and significant correlation in the fading process (fDT = 0.02). 

SIP is compared with its competitor H.323. SIP session setup delay with compressed 

messages outperforms H.323 session setup delay. They conclude that the conferencing 

performance is still being affected by the delay, the evaluation of the average SIP session 

setup delay depends on the Frame Error Rate (FER) and the burstiness of the wireless link. 

 

Most of related works were done as a comparison between protocols; some researchers’

work was carried out to reduce the delay in video conferencing as Fathi et al. [21] did. 

Happenhofer et al. [22] illustrated the kinds of delay in the video conferencing over SIP 

without proposing a method to reduce the delay. 

 

M. Ohta [7] proposed an algorithm for overload control of SIP proxy server messages; and 

considered the throughput as a performance measure; the proposed algorithm controlled the 

congestion in SIP proxy server by introducing two thresholds in the buffer of the queue of 

the proxy server. He used ns-2 in order to simulate a SIP based signaling network, he has 

developed  new types of agent which act as User agents and SIP proxy servers in the ns-2, he 

assumed the speed of each link which connect UAs, SIP proxy servers and routers is 

assumed to 100Mbps. He also assumes that the average SIP message size is 731 bytes and 

the average processing time required for the SIP message transmission is 0.058 msec. The 

result was an enhanced performance by achieving better throughput. 

 

J. Yang et al. [23] extended M. Ohta [7] work by proposing a different algorithm for 

overload control of SIP proxy server messages. The algorithm randomly makes the decision 

of acceptance or rejection of every SIP message, consequently a reduction in the call setup 

delay was verified and also a better throughput was achieved than in [7]. 

 

4.1 SIP versus H.323 as Signaling Protocol Advantages  
 

The handoff process handled by H.323 needs Multipoint Control (MC), which is an extra 

infrastructure, to support specific functionalities. Both User agent client (UAC) and  User 

Agent Server (UAS) must have the MC function in order to be capable of handling the 

handoff process, it may cause incomplete call establishment and though session interruption 

if the new call is being initiated, while the previous or ongoing call is being terminated. This 

problem produces more bandwidth consumption since there are two H.323 handoff processes 

(a new call establishment and ongoing call termination) are taking place at the same time 

during the new session establishment process. SIP does not need to establish another session 
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for the new connections; it modifies only the existing session parameters in the session 

description in order to keep the session continuity. Fig .4.1 and Fig. 4.2 illustrate the H.323 

connection setup and connection release processes [13 and 24]. 

 
              Fig. 4.1 H.323 Call Setup                   Fig. 4.2 H.323 Call Release 

 

4.2 SIP Signaling and Session Setup Delay Parameters  
 
The session setup is defined as the period between the instant that calling agent (UAC) 

triggers the initiation with an INVITE request, and the instant the called agent (UAS) has 

been alerted that the client received the server’s agreement upon the session (reception of

ACK request at the UAS) [21]. As shown in Fig. 4.3 illustrates the session setup between 

two user agents.  

 
Fig. 4.3 SIP session setup [21] 

 

The SIP session setup is the completion of the INVITE and ACK transactions, which can be 

seen as the client-side and server-side transactions, where the SIP session setup delay is 

considered as the cumulative delay of the completion of the transactions at the client side and 

at the server side [21].  

The underlying protocol used by SIP (UDP and TCP) influences the session setup time. If 

SIP is used over UDP, the total session setup delay is the time needed for all messages 

involved in the setup (INVITE, 200 OK, and ACK) to be successfully received by UAC (200 
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OK) and UAS (INVITE, ACK). If SIP is used over TCP, as shown in Fig. 4.4, the total 

session setup delay is the addition of the setup time of the TCP session and the successful 

transmission time of all the SIP messages necessary to open a session [21]. 
 

 
Fig. 4.4 Session setup of SIP over TCP [13] 

 

SIP will use a 3-way handshake between caller (UAC) and callee (UAS). For instance, the 

main massages are INVITE (to initiate a call), 200 OK (to communicate a definitive 

successful response) and ACK (to acknowledge the response). However, implementations 

can make use of provisional responses, such as 100/TRYING and 180/RINGING when it is 

expected that a final response will take more than 200 msec. 100/TRYING indicates that the 

request has been received by the next-hop server and that some unspecified action is being 

taken on behalf of this call (for example, a database query). 180/RINGING indicates that the 

callee is trying to alert the user [25]. This scenario as shown in Fig. 4.5, which shows the 

phases of delay of SIP where:  

Post-Dialing Delay (PDD):  It is also called post selection delay or dial-to-ring delay. This 

is the time elapsed between the caller clicks the button of his terminal to call the callee, and 

the time the caller hears his terminal ringing. In our case the PDD corresponds to the time 

T1. 

Ringing Delay (RD): It is the time interval between UAC receives 180 RINGING messages 

until getting back 200 OK message [14], in our case the PDD corresponds to the time T2. 

Theringingperiodisanobjectvariesdependingonhumans’behavior.Inthisresearch,we

are not interested to model it. 

Answer-Signal Delay (ASD): This is the time elapsed between when the callee picks-up the 

phone, and the time the caller receives indication of this. In our case the ASD corresponds to 

the time T3. It has to be underlined that the caller receives notification that the callee has 

picked up the phone when the first receives the 200 OK. However, the call-signaling 

handshake is completed when the callee receives the ACK from the caller.  

Call-Release Delay (CRD): This is the time elapsed between when the releasing party 

hangs-up the phone, and the time the same party can initiate/receive a new call. In out tests 

the CRD corresponds to the time T4. 
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In this thesis we concern only on session setup, so the delays which we consider are the PDD 

(T1) and the CRD (T4).  

 
Fig. 4.5 Call signaling flow for a SIP call setup and release [25] 

 

Some other delays such as Propagation Delay (PD) and the delay a packet experiences while 

traversing between the SIP Servers or Server Processing Delay (SPD) is considered in [14]. 

The parameters which effect the time of SIP session setup are:  

 

 The underlying protocol used by SIP. 

 Post-Dialing Delay (PDD). 

 Answer-Signal Delay (ASD). 

 Propagation Delay (PD). 

 Server Processing Delay (SPD). 
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5 CHAPTER 5         SIMULATION STUDY AND 

RESULTS  
 

 

 

 

 

In this chapter we present the system design that shows the environmental setup, case study, 

the object of measurements, and simulation topology for both simulated study cases. Finally 

the obtained simulations results are obtained for discussion.  

 

5.1 Simulation I: Study by using ns-2 
 

The simulation setup parameters and performance for different transport protocols are 

considered, while simulation will be performed by using ns-2. 

 

5.1.1 Environmental Setup  
 

This section presents the setup of the experiments that introduces the test bed for the 

software components that represents the topology for our study. The simulation carried 

out over an ASUS N53S laptop with 2.00 GHz Intel quad-core CPU and 8GB of RAM.  

5.1.1.1 Software Components  

 

Operating System: Linux Ubuntu 9.10 Karmic, it is an open source operating system, that 

has graphical user interface (GUI) which make it user friendly.   

NS2 version 2.27: ns-2 stands for Network Simulator 2; it is a discrete event network 

simulator program [26] and licensed for use under Ver.2 of the GNU general public license. 

It has many powerful features and support popular networking protocols for both wired and 

wireless connections. The ns-2 is built in C++ and in order to simulate the required topology, 

the scripts is written in Object-oriented Tcl (OTcl), which is compatible with Linux, 

FreeBSD, Solaris, Mac OS X and on Windows by using Cygwin. 

5.1.1.2 Software Installation  

5.1.1.2.1 Ubuntu 9.10 

 

It is an open source Linux based operating system which it is available on in the web, where 

can download and burn in CD, or even can order a CD for free of charge. The installation is 

simple and easy to boot from the CD by following the wizard. 

5.1.1.2.2 NS 2.27 

 

The ns-allinone-2.27 (ns2.27 with all essential libraries included) is downloaded from its 

official website [26], to add SIP to support for ns-2 that can be used for SIP patch which are 

developed by Rui Prior [27]. The installation process is done by using the description on 

[28], and after installing the NS2.27 it can be followed by [10] to make the final process for 

ns-2. 
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5.1.2 Case Study 
 

The case study that is used for this simulation is based on two clients and two SIP Proxies; 

Fig. 5.1 shows the topology of the network setup, while the delay in the interconnections is 

assumed to be 150ms. The caller initiate the session by inviting the callee, the caller request 

routes through his proxy and then to the other proxy and finally to the callee.  

 

 
Fig. 5.1 Network Topology for Simulation I 

 

5.1.3 Object of Measurements  
 

The aim of this simulation is to compare the SIP initiation delay or Post Dial Delay (PDD) 

over different transport protocols like UDP TCP and SCTP. The PDD is measured on the 

caller (initiator) side, from the instance of sending the INVITE massage until receiving the 

RINGING massage.  

 

5.1.4 Simulation Topology  
 

The simulations are carried out by using ns-2 and the traffic is a constant bit rate. The 

transports used for this study are TCP, UDP and SCTP, which allow us to measure the PDD. 

The packet size varies from 128 bytes to 1920 bytes for each transport protocol the packet 

size increases by 128 bytes. For UDP and SCTP the rate is 128kb and the links between all 

nodes have the same capacity of 10Mb and the total delay of all links is 150 msec. Fig. 5.2 

shows the topology that are considered in the simulation. In the scenarios both caller node 

and callee node register in SIP Proxy1and SIP Proxy2 respectively before the session start, 

then caller node initiates the session with callee node, after both caller and callee agreement 

to start the session, the video conferencing session will take place. 
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Fig. 5.2 Transport protocols simulation topology 

 

5.1.5 Results 
The output results for the simulation are carried out in this section. 

5.1.5.1 SIP Over UDP 

 

UDP are used as the transport protocol, the packet size varies from 128 bytes to 1920 bytes, 

the packet size increases by 128 bytes for each batch of the 15 batches used in this 

simulation, Table 5.1 and Fig 5.3 show that the PDD of SIP for each batch, where PDD stays 

constant for the packet sizes that are more than 1024 bytes. 

 

Table 5.1 UDP PDD 

Packet size (Byte)  PDD  (msec.) 

128 150.76 

256 151.27 

384 151.78 

512 152.3 

640 152.81 

768 153.32 

896 153.83 

1024 154.25 

1152 154.25 

1280 154.25 

1408 154.25 

1536 154.25 

1664 154.25 

1792 154.25 

1920 154.25 
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Fig. 5.3 UDP PDD versus packet size 

 

InFig.3.5,it’sshowthatPDDincrease with packet size increases, for instance it found that 

the packet size is exceed size of 1024 bytes, the PDD becomes uniform at 154.25 msec. this 

is due to the buffer size in the caller node.  

5.1.5.2 SIP Over TCP 

 

TCP are used as the transport protocol; the packet size varies from 128 bytes to 1920 bytes, 

the packet size increases by 128 bytes for each batch of the 15 batches that are used in this 

simulation. In table 5.2 and Fig 5.4 show that the PDD of SIP for each batch. 

 

Table 5.2 TCP PDD 

Packet size (Byte)  PDD  (msec.) 

128 337.05 

256 342.26 

384 347.38 

512 352.5 

640 357.62 

768 362.74 

896 367.86 

1024 372.98 

1152 378.1 

1280 387.42 

1408 399.75 

1536 412.04 

1664 424.32 

1792 436.61 

1920 448.9 
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Fig. 5.4 TCP PDD versus packet size 

 

It is shown that from Table 5.2 and Fig. 5.4, the PDD increased when the packet size are 

increases. For instance when the packet size is exceed the size of 1152 bytes the PDD 

increases significantly due to the flow and congestion control mechanism in TCP which 

trigger concurrent retransmissions to substitute the lost packets.  

5.1.5.3 SIP Over SCTP 

SCTP are used as the transport protocol; the packet size varies from 128 bytes to 1920 bytes, 

the packet size increases by 128 bytes for each batch of the 15 batches used in this 

simulation. Table 5.3 and Fig. 5.5 show the PDD of SIP for each batch. 

 

Table 5.3 SCTP PDD 

Packet size (Byte)  PDD  (msec.) 

128 351.05 

256 352.33 

384 349.77 

512 347.98 

640 365.39 

768 344.75 

896 356.01 

1024 367.27 

1152 378.54 

1280 389.8 

1408 401.07 

1536 404.94 

1664 404.94 

1792 404.94 

1920 404.94 
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Fig. 5.5 SCTP PDD versus packet size 

 

It is shown in Table 5.3 and Fig. 5.5, the PDD varies with respect to the packet size due to 

the flow and congestion control mechanism in SCTP which similar to the one in TCP. 

The sender has a variable congestion window size that control the maximum number of the 

transmitted bytes, each received packet must be acknowledged by sending selective 

acknowledgment (SACK) while the receiver waiting about 200 msec. before the 

acknowledgment is sent. There must be larger number on SCTP packets received within this 

period otherwise the packet will be considered as dropped.  

 

5.1.5.4 SIP over UDP, TCP and SCTP 

 

The packet size for UDP, TCP and SCTP varies from 128 bytes to 1920 bytes, the packet 

size increases by 128 bytes for each batch of the 15 batches that are used in this simulation. 

The same parameters that have been previously explained in the simulation topology are 

considered, and the comparison of the results are shown in Table 5.4 and Fig. 5.6 below. 
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Table 5.4 UDP, TCP and SCTP PDD 

Transport Protocol Packet Size PDD (msec.) 

UDP 128 150.76 

TCP 128 337.05 

SCTP 128 351.05 

UDP 256 151.27 

TCP 256 342.26 

SCTP 256 352.33 

UDP 384 151.78 

TCP 384 347.38 

SCTP 384 349.77 

UDP 512 152.3 

TCP 512 352.5 

SCTP 512 347.98 

UDP 640 152.81 

TCP 640 357.62 

SCTP 640 365.39 

UDP 768 153.32 

TCP 768 362.74 

SCTP 768 344.75 

UDP 896 153.83 

TCP 896 367.86 

SCTP 896 356.01 

UDP 1024 154.25 

TCP 1024 372.98 

SCTP 1024 367.27 

UDP 1152 154.25 

TCP 1152 378.1 

SCTP 1152 378.54 

UDP 1280 154.25 

TCP 1280 387.42 

SCTP 1280 389.8 

UDP 1408 154.25 

TCP 1408 399.75 

SCTP 1408 401.07 

UDP 1536 154.25 

TCP 1536 412.04 

SCTP 1536 404.94 

UDP 1664 154.25 

TCP 1664 424.32 

SCTP 1664 404.94 

UDP 1792 154.25 

TCP 1792 436.61 

SCTP 1792 404.94 

UDP 1920 154.25 

TCP 1920 448.9 

SCTP 1920 404.94 
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Fig. 5.6 SCTP, TCP and PDD versus packet size 

 

Based on results are shown in Fig. 5.6 and Table 5.4, we concluded that by using UDP as 

transport protocol will be the most suitable for SIP in order to decrease the session setup 

delay. As UDP is a connectionless protocol while TCP and SCTP are connection oriented 

which is mean that a logical connection between devices must be established before sending 

any data. In addition both TCP and SCTP are reliable transport protocols, which have an 

acknowledgment that must be received by the sender after each packet was sent. This is due 

to the transport protocols mechanism of UDP that has a lower delay among the others since 

it is connectionless protocol where no connection establishment is carried out before data 

transmission. 

 

5.1.5.5 Video Packets Delay 

 

When the Acknowledgement (ACK) has been received from the caller; both the caller and 

callee will start sending the video packets to each other; as there will be a delay time 

between the first video packets reaching the callee and the first video packets reaching the 

caller. First, the video packets reach the callee from the caller, after that the caller will start 

receiving the video packets from the callee. The reason behind that is the SIP session 

establishment as shown in Fig.5.7, when the caller send ACK massage it follow by the video 

packets to the callee, but the callee sends video packets when it receive the ACK massage.  
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Fig. 5.7 SIP signaling flow for call setup and termination [12] 

 

The time delay for the callee and caller for the receiving of the first video packets for UDP, 

TCP and SCTP, are shown in Fig. 5.8, Fig. 5.9 and Fig. 5.10 respectively. 

 

 
Fig. 5.8 UDP first video packets delays 
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Fig. 5.9 TCP first video packets delays 

 

 
Fig. 5.10 SCTP first video packets delays 

 

The results are shown in Tables 5.5, 5.6 and 5.7, as it shown that the time delay of the 

receiving of the first video packets for both the callee and caller by using transport protocols 

for UDP, TCP and SCTP respectively. 
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Table 5.5 UDP first video packets delays 

Packet Size 
 

UDP First video 
packet reach callee  

UDP First video 
packet reach caller  

128 364.76 578.76 

256 365.27 579.27 

384 365.78 579.78 

512 366.3 580.3 

640 366.81 580.81 

768 367.32 581.32 

896 367.83 581.83 

1024 368.25 582.25 

1152 368.25 582.25 

1280 368.25 582.25 

1408 368.25 582.25 

1536 368.25 582.25 

1664 368.25 582.25 

1792 368.25 582.25 

1920 368.25 582.25 

 

 

 

Table 5.6 TCP first video packets delays 

Packet Size TCP First video 
packet reach callee  

TCP First video 
packet reach caller  

128 557.05 771.05 

256 562.26 776.26 

384 567.38 781.38 

512 572.5 786.5 

640 577.62 791.62 

768 582.74 796.74 

896 587.86 801.86 

1024 592.98 806.98 

1152 598.1 812.1 

1280 607.42 821.42 

1408 619.75 833.75 

1536 632.04 846.04 

1664 644.32 858.32 

1792 656.61 870.61 

1920 668.9 882.9 
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Table 5.7 SCTP first video packets delays 

Packet Size SCTP First video 
packet reach callee  

SCTP First video 
packet reach caller  

128 565.05 779.05 

256 566.33 780.33 

384 563.77 777.77 

512 561.98 775.98 

640 579.39 793.39 

768 558.75 772.75 

896 570.01 784.01 

1024 581.27 795.27 

1152 592.54 806.54 

1280 603.8 817.8 

1408 615.07 829.07 

1536 618.94 832.94 

1664 618.94 832.94 

1792 618.94 832.94 

1920 618.94 832.94 

 

As shown in table 5.7, the callee receives the video packets before the caller due to specific 

features in the SIP mechanism. It is also has been assumed that the interconnections  have a 

delay of 150 msec., this explain why the difference between the delay from the first video 

packet reaching the callee and the caller, while the rest of the delay which is small compared 

to the internet delay that came from the processing and routing delays.   

 

In order to compare the obtained results for the first video packet delay for both caller and 

callee for UDP, TCP and SCTP, as illustrated in Fig. 5.11 and Table 5.8. 

 

 
Fig. 5.11 UDP, TCP and SCTP first video packets delays 
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Table 5.8 UDP, TCP and SCTP first video packets delays 

Transport 
Protocol 

Packet 
size 

First video 
packet reach 

callee 

First video 
packet reach 

caller 

UDP 128 364.76 578.76 

TCP 128 557.05 771.05 

SCTP 128 565.05 779.05 

UDP 256 365.27 579.27 

TCP 256 562.26 776.26 

SCTP 256 566.33 780.33 

UDP 384 365.78 579.78 

TCP 384 567.38 781.38 

SCTP 384 563.77 777.77 

UDP 512 366.3 580.3 

TCP 512 572.5 786.5 

SCTP 512 561.98 775.98 

UDP 640 366.81 580.81 

TCP 640 577.62 791.62 

SCTP 640 579.39 793.39 

UDP 768 367.32 581.32 

TCP 768 582.74 796.74 

SCTP 768 558.75 772.75 

UDP 896 367.83 581.83 

TCP 896 587.86 801.86 

SCTP 896 570.01 784.01 

UDP 1024 368.25 582.25 

TCP 1024 592.98 806.98 

SCTP 1024 581.27 795.27 

UDP 1152 368.25 582.25 

TCP 1152 598.1 812.1 

SCTP 1152 592.54 806.54 

UDP 1280 368.25 582.25 

TCP 1280 607.42 821.42 

SCTP 1280 603.8 817.8 

UDP 1408 368.25 582.25 

TCP 1408 619.75 833.75 

SCTP 1408 615.07 829.07 

UDP 1536 368.25 582.25 

TCP 1536 632.04 846.04 

SCTP 1536 618.94 832.94 

UDP 1664 368.25 582.25 

TCP 1664 644.32 858.32 

SCTP 1664 618.94 832.94 

UDP 1792 368.25 582.25 

TCP 1792 656.61 870.61 

SCTP 1792 618.94 832.94 

UDP 1920 368.25 582.25 

TCP 1920 668.9 882.9 

SCTP 1920 618.94 832.94 
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We can summarized that UDP provides less delay for video communication; this is because 

UDP is connectionless transport protocol while TCP and SCTP are connection oriented, 

where both TCP and SCTP consume more time to establish their connection before sending 

the SIP massages, therefore TCP and SCTP consume more time to transfer the first video 

packets. 

 

5.2 Simulation II Study by Using SIPp 
 

The results are obtained from the simulation part I that are used as an input for building and 

implementing of simulation II, which will be carried out in order to answer RQ4. In this 

chapter we refer to session setup delay as Post Dial Delay (PDD). By using the obtained 

results from the simulation, UDP is considered as the transport protocol in this study, and as 

a result from literature review, both PDD and Call Release Delay are considered as the 

performance parameters.   

 

5.2.1 Environmental Setup  
 

In this section we describe the  setup  environment for  our  experiments,  which we 

will introduce our  test bed hardware  and  software  components  and we will show  how  it 

been built. 

The simulation carried out over an ASUS N53S laptop with 2.00 GHz Intel quad-core CPU 

and 8GB of RAM. 

5.2.1.1 Software Components  

 

Operating System: Linux Ubuntu 9.10 Karmic, it is an open source operating system, it has 

a graphical user interface (GUI) which make it user friendly and simple to manage.   

NS2 version 2.27: ns-2 stands for Network Simulator 2; it is a discrete event network 

simulator program [26] and licensed for use under version 2 of the GNU general public 

license. It has many powerful features and support popular networking protocols for both 

wired and wireless connections. ns-2 is been built in C++ and in order to simulate the 

required topology, the scripts must be written in Object-oriented Tcl (OTcl), which it is 

compatible with Linux, FreeBSD, Solaris, Mac OS X and on Windows by using Cygwin. 

5.2.1.2 Software Installation  

5.2.1.2.1 Ubuntu 9.10 

 

It is an open source Linux based operating system which is available on the web, where it 

can be download and burn in CD, or even can order a CD for free of charge. The installation 

is simple, just to boot from the CD by following the wizard. 

5.2.1.2.2 SIPp 3.1 

SIPp3.1 is an Open Source test tool and traffic generator for the SIP protocol and optimized 

for traffic, stress and performance testing. SIPp has an interactive and real-time command 

line interface and offers a safe and stable run even if it is running in the debag mode. It 

consists of UACs, UAS and establishment and release process of multiple calls with the 

INVITE and BYE methods. The case files are written by using Extensible Markup 

Language (XML) and some cases are embedded in the program itself while the user has the 

ability to build his own complex scenarios using XML language. It supports both IPv4 and 

IPv6; RTP media support Packet Capture (PCAP), Transport Layer Security (TLS) 
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authentication support, dynamic report of statistics and periodic comma separated values 

(CSV) statistics dump. 

Installation of SIPp 3.1 

 

SIPp is released under GNU General Public License (GNU GPL) license it is available on 

almost all UNIX platforms e.g. LINUX (Red Hat, Debian, FreeBSD), Solaris/SunOS and 

windows (windows XP). It can be downloaded from [29]:  

There are some prerequisites must be fulfilled in order compile SIPp: 

 C++ Compiler 

 Curses or ncurses library 

 For authentication and TLS support: OpenSSL >= 0.9.8 

 For Pcap play support: libpcap and libnet 

The installation procedure of SIPp and the binary packages are explained in Appendix A.   

 

5.2.2 Case Study 
 

Simulation II was carried out by using two UACs and two simple SIP proxies, the proxies 

forward the request and response messages from caller (UAC) to callee (UAC). The UACs 

are communicating through two SIP proxies with fixed distribution of simultaneous call per 

second and two cases have been built, as shown in Fig. 5.12 the topology that are considered 

for simulation II.  

 

 
Fig. 5.12 Simulation II Network Topology 

5.2.2.1 Case Study One 

 

Ten batches of 10000 calls will be applied, for and each batch has a different number of 

simultaneous calls per second. The batches are increased of 100 simultaneous calls per 

second, starting the first batch with 100 simultaneous calls per second and ending the tenth 

batch with 1000 simultaneous calls per second. 

5.2.2.2 Case Study Two 

 

In this case we are using two different modes of UDP transport, the mono socket (U1) and 

the multi socket (Un). Two batches of 250 and 500 simultaneous calls per second for each 

transport mode had been applied.  
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5.2.3 Object of measurements  
 

 

The aims of simulation II are: 

 Pointing the stress points/performance degrading due to the increase in the number 

of simultaneous calls per second on the Post Dialing Delay (PDD) and Call Release 

Delay (CRD). 

 Studying the effect of using UDP mono socket (one IP/UDP socket is opened 

between caller and callee) and UDP multiple sockets (one IP/UDP socket is opened 

for each new call between caller and callee) on the PDD and CRD. 

 

5.2.4 Simulation Topology 
 

The simulations are carried out by using SIPp3.1. The delay time of the propagation in the 

interconnections is assumed to be 150 msec. and the video call last for 8 seconds. To fit our 

environmental setup and the objects of the study, a simulation model has been built to fit the 

requirement are needed for the proposed topology. Fig. 5.13 shows the simulation call setup 

where SIPp UAC1 is the caller and SIPp UAC2 is the callee, the caller initiate a session with 

the callee by sending an INVITE massage, which routed through SIP proxy A, SIP proxy B 

and finally to the callee, the rest of the massages are followed in the same pattern except the 

100 which is a TRYING massage, and it only pass to its previous node. When the caller 

receives the (200) as Ok massage, it will send the ACK massage to the callee, after that the 

video packets will be transmitted. When the callee receives the ACK message, it will start 

sending the video packets.  

 

 
Fig. 5.13 Simulation II SIP Call Setup Diagram 
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After running the simulation for each patch the results were imported from the SIPp program 

using the commands -trace_rtt and -trace_stat commands in the Ubuntu 

Terminal. 

 

  

5.2.5 Results 
 

In this section the output results are considered based on the simulation environment setup. 

 

5.2.5.1 Case Study One   

5.2.5.1.1 Post Dial Delay 

 

In this case the number of calls been generated in this experiment is 1000 calls, the number 

of simultaneous calls is increased by 100 for each running of simulation, as the aim is to 

measure the PDD. PDD is measured from the INVITE massage until the reception of 

RINGING massage (180 optional as shown in Fig. 5.13). In Fig.5.14 the PDD of each batch 

calls is shown, for better view of the obtained results in Fig. 5.14, individual figures for (600 

till 1000) and (100 till 500) simultaneous calls are generated separately as shown in Fig. 5.15 

and Fig. 5.16 respectively. The horizontal-axis shows call number and the vertical-axis 

shows the delay. The PDD increases with the increase of number of the simultaneous calls. 

 

 
Fig. 5.14 PDD for all simultaneous calls 

 

 

 

 

 

0 1000 2000 3000 4000 5000 6000 7000 8000 9000 10000
0

100

200

300

400

500

600

700

800

call Number

D
e
la

y
 (

m
s
)

Post Deal Delay   (PDD)

 

 

1000 Simultaneous calls

900 Simultaneous calls

800 Simultaneous calls

700 Simultaneous calls

600 Simultaneous calls

500 Simultaneous calls

400 Simultaneous calls

300 Simultaneous calls

200 Simultaneous calls

100 Simultaneous calls

Post Dial Delay (PDD) 



  34 

0 1000 2000 3000 4000 5000 6000 7000 8000 9000 10000
0

100

200

300

400

500

600

700

800

call Number

D
e
la

y
 (

m
s
)

Post Deal Delay   (PDD)

 

 

1000 Simultaneous calls

900 Simultaneous calls

800 Simultaneous calls

700 Simultaneous calls

600 Simultaneous calls

As shown in  Fig. 5.15 and Fig. 5.16, the PDD for 600 till 1000 simultaneous calls and for 

100 till 500 simultaneous calls respectively, when PDD increases, the number of 

simultaneous increase. 

 

 

 

 

 
 

 

 

 

 
 

 

 

 

 
 

 

 

 

 

 
 

Fig. 5.15 PDD from 600 till 1000 simultaneous calls 

 

 
Fig. 5.16 PDD from 100 till 500 simultaneous calls 

 

(Note: For each  number of the simultaneous call delay result is shown in Appendix B) 
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The minimum, average, maximum, median, standard deviatyion and confidence interval for 

PDD are considered for clear understanding of the system behaviour, The average PDD is 

calculated [30]as: 

 

Average PDD =  Sum of each call delay / Total numbers of calls  

 

The PDD  median is calculated [31]as: 

  

PDD median: is the middle value or average of the middle values while arranging the 

values in increasing order. 

 

The PDD standard deviation is calculated [32]as: 

 

PDD standerd deviation(σ)=           , where µ is the average PDD, E is the 

average and X is the PDD of each call. 

 

The Confidence Interval (CI) is calculated [33]as: 

 

CI= E ± Zα/2 

 

      
 , where Z is the value of desired confidence interval.  

 

Table 5.9 shows the PDD Statistics and Fig. 5.17 shows the average PDD for different 

number of simultaneous calls, the output averaged results show that the PDD increases as the 

number of simultaneous are increase. 

 

Table 5.9 PDD Statistics  

Number of 
Simultaneous 

Calls 

Minimum 
PDD 

(msec.) 

Average  
PDD 

(msec.) 

Maximum 
PDD 

(msec.) 

PDD 
median  

PDD 
standard 
deviation   

98% CI 

100 151.071 164.4099 227.283 157.5330 13.229115 0.0264677 

200 151.019 168.8750 227.839 163.7385 15.474282 0.0311587 

300 151.050 175.7717 242.194 172.1730 18.748041 0.0353268 

400 151.140 181.2817 245.325 179.0275 18.446497 0.0371435 

500 151.244 189.2723 258.105 191.6840 23.224485 0.0428051 

600 151.041 191.2585 264.547 184.3250 22.040424 0.0446693 

700 151.200 193.2305 270.016 194.4750 25.946882 0.0525865 

800 151.042 196.0201 295.166 197.4185 27.141170 0.0518799 

900 151.236 196.1740 685.426 195.2000 38.467175 0.0779614 

1000 151.090 201.5130 711.179 197.8705 41.499741 0.0838340 
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Fig. 5.17 average PDD versus Number of Simultaneous Calls 

 

 

5.2.5.1.2 Video packet delay  

 

The number of calls been generated in this experiment is 10000 calls in total, the number of 

simultaneous calls is 100, 500 and 1000, the aim is to measure the video packet delay. The 

video packet delay reaching the callee is measured with the first video packet reaching the 

callee, and the video packet delay reaching the caller is measured with the first video packet 

reaching the caller.  

In Fig. 5.18, Fig. 5.19 and Fig. 5.20 it is shown that the video packets delay for 100, 500 and 

1000 simultaneous calls respectively. From the output results, the callee first video packets 

are reaching the caller before the caller first video packets reach the callee, that is the video 

from the callee are delivered before the video from the caller; this is expected since the caller 

sends its first video packet after sending the ACK massage while the callee sends its first 

video packet after the reception of the ACK massage from the caller. 
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Fig. 5.18 video packet delay for 100 simultaneous calls 

 
Fig. 5.19 video packet delay for 500 simultaneous calls 
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Fig. 5.20 video packet delay for 1000 simultaneous calls 

 

As shown in Fig. 5.18, Fig. 5.19 and Fig. 5.20, the comparison between the delays for 

different number of simultaneous calls are sketched in the same graph; Fig. 5.21 illustrates 

the packet delay for different simultaneous calls. 

 
Fig. 5.21 packet delay for 100, 500 and 1000 simultaneous calls 
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delay increases as the number of simultaneous calls are increased, due to the increase in the 

number of simultaneous calls where the video packets delivery are also increase. The results 

obtained from the PDD section, as the PDD increases with the increase of number of 

simultaneous calls, because of that the video packet delay increases, which are because no 

video packets are been sent before the session establishment. 

 

 
Fig. 5.22 The scaled sketch for video packet delay for 100, 500 and 1000 sim. calls 
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shown in Fig. 5.24 and Fig. 5.25 respectively. The horizontal-axis shows the call numbers 

and the vertical-axis shows the delay. The call release delay increases with the increase of 

the number of simultaneous calls. 
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Fig. 5.23 Call Release Delay for all simultaneous calls 

 
In Fig. 5.24 and Fig. 5.25 its show that the call release delay for 600 till 1000 simultaneous 

calls and for 100 till 500 simultaneous calls respectively, from which the call release delay 

increases as the number of simultaneous calls are increases. 

 

 
Fig. 5.24 Call Release Delay from 600 till 1000 simultaneous calls 
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Fig. 5.25 Call Release Delay from 100 till 500 simultaneous calls 

 

(Note: For each  number of the simultaneous call delay result is shown in Appendix C) 

 

The minimum, average, maximum, median, standard deviation and confidence interval for 

the CRD are considered for clear understanding of the system behaviour, The average CRD 

is calculated [30] as: 

 

Average CRD =  Sum of each call delay / Total numbers of calls 

 

The CRD median is calculated [31] as: 

  

CRD median: is the middle value or average of the middle values while arranging the 

values in increasing order. 

 

The CRD standard deviation is calculated [32] as: 

 

CRD standerd deviation=           , where µ is the average CRD, E is the average 

and X is the CRD of each call. 

 

The Confidence Interval (CI) is calculated [33] as: 

 

CI= E ± Zα/2 

 

      
 , where Z is the value of desired confidence interval.  

 

 

Table 5.10 shows the CRD statistics; while Fig. 5.26 shows the average call release delay for 

different number of simultaneous calls, the output averaged results show that the call release 

delay is increased as the number of simultaneous increases. 
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Table 5.10 CRD Statistics 

Number of 
Simultaneous Calls 

Minimum 
CRD  (msec.) 

Average  
CRD (msec.) 

Maximum 
CRD (msec.) 

CRD 
median  

CRD standard 
deviation   

98% CI 

100 0.464 9.040511 66.690 3.7775 9.906769143 0.2483518 

200 0.478 13.74142 75.893 8.5010 13.359335580 0.3349039 

300 0.498 19.04109 101.639 15.1630 16.449203500 0.145792 

400 0.526 24.91266 75.061 22.6255 17.347465720 0.4348820 

500 0.479 32.62436 103.185 32.8720 20.562035550 0.5154677 

600 0.495 33.97275 113.448 27.7900 20.889759930 0.5236834 

700 0.489 35.29007 136.279 35.0760 24.168032100 0.605866 

800 0.542 37.38169 140.065 36.7630 24.627636110 0.617387 

900 0.547 38.13630 176.809 36.1810 26.966592230 0.6760230 

1000 0.548 42.22187 536.457 42.0560 24.701942360 0.6192507 

 

 
Fig. 5.26 Average Call Release Delay versus Number of Simultaneous Calls 
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Successful calls percentage = ((10000 - Total no. of non-received (Bye)) /10000) ×100%  

 

In Table 5.11, the percentage of successful calls decreases as the number of simultaneous 

calls is increase.    

 

Table 5.11 Percentage of successful call rate 

Number of 
Simultaneous Calls 

Number of Failed 
call to Initiate 

Total Number of 
non received  

(Bye) 

Number of Failed 
call to Release 

Successful 
Calls 

Percentage % 

100 0 0 0 100.00% 

200 0 0 0 100.00% 

300 5 195 190 98.05% 

400 0 0 0 100.00% 

500 27 173 146 98.27% 

600 9 191 182 98.09% 

700 7 193 186 98.07% 

800 56 144 88 98.56% 

900 9 191 182 98.09% 

1000 0 200 200 98.00% 

 

5.2.5.2 Case Study Two 

5.2.5.2.1 Post Dial Delay 

 
The simulation is considered for 1000 calls for two batches of 250 and 500 simultaneous that 

are applied for each transport mode. The transport modes are considered UDP mono socket 

(U1) and UDP multi socket (Un). The aim is to measure the PDD and release delay time, the 

PDD is measured from the INVITE massage until the reception of RINGING massage (180 

optional as shown in Fig. 5.13).  

In Fig. 5.27 it shows the PDD of each simulation, the horizontal-axis represents the call 

number and the vertical-axis represents the delay time. The PDD increases with the increases 

of the number of simultaneous calls, while PDD for the multi socket mode is greater than the 

mono socket mode. 
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Fig. 5.27 PDD of different UDP transport modes and different sim. calls number 

 

The average value of PDD is considered for clear understanding of the system behaviour, 

The average PDD is calculated [30] as: 

 

Average PDD =  Sum of each call delay / Total numbers of calls 

 

As shown in table 5.12, the average of PDD for 250 and 500 simultaneous calls and transport 

modes, the output averaged results of the PDD are increase with the increase of the number 

of simultaneous calls and the multi socket show higher PDD than the mono socket. 

 

Table 5.12 Average PDD 

Transport Mode  Average PDD (ms) 

U1 rate 250 174.5953 

U1 rate 500 177.3814 

Un rate 250 178.1291 

Un rate 500 182.4106 

 

5.2.5.2.2 Video packet delay  

 

The number of calls considered is 1000 for two batches of 250 and 500 simultaneous calls, 

the transport modes are multi socket and mono socket modes, the aim is to measure the video 

packet delay time, the video packet delay reaching the callee is measured with the first video 

packet reaching the callee, and the video packet delay reaching the caller is measured with 

the first video packet reaching the caller, where the video packet delay at the callee side is 

measured at the instance where the first video packet reached to the callee, the same thing is 

considered for the caller side. 

In Fig. 5.28, Fig. 5.29, Fig. 5.30 and Fig. 5.31 show the video packets delay for mono socket 

(u1) with 250 simultaneous calls, mono socket (u1) with 500 simultaneous calls, multi socket 

(un) with 250 simultaneous calls and multi socket (un) with 500 simultaneous calls 
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respectively. From the output results, the first video packets will reach the callee before the 

caller gets the first video packets; this is expected as the caller sends its first video packet 

after sending the ACK massage while the callee sends its first video packet after the 

reception of the ACK massage from the caller, it can be realized that the multi socket (un) 

mode have a high number of unsuccessful calls.  

 
Fig. 5.28 video packet delay for 250 simultaneous calls under u1 mode 

 

 
Fig. 5.29 video packet delay for 500 simultaneous calls under u1 mode 
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Fig. 5.30 video packet delay for 250 simultaneous calls under un mode 

 

 
Fig. 5.31 video packet delay for 500 simultaneous calls under un mode 

 

The video packet delay time are compared for different number of simultaneous calls for two 

different transport modes u1 and un, as shown in Fig. 5.32. 
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Fig. 5.32 video packet delay for different sim. calls under different transport modes 

 

 

 

 

5.2.5.2.3 Call release delay  

The simulation is considered for 1000 calls for two batches of 250 and 500 simultaneous 

calls that are applied for each transport mode. The aim is to measure the call release delay 

time under different transport modes. The call release delay is measured from the BYE 

massage until the reception of 200 (OK) massage as shown in Fig. 5.13.  

In Fig. 5.33 it is show the call release delay of each simulation. The horizontal-axis 

represents the call number and the vertical-axis represents the delay. The call release delay 

increases with the increase of number of simultaneous calls, also the call release delay for 

the Un mode is greater than the U1 mode. 
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Fig. 5.33 call release delay of different UDP transport modes and different sim. calls no. 

 

The average value of call release delay is considered for clear understanding of the system 

behaviour, the average call release delay is calculated [30] as: 

 

Average call release delay =  Sum of each call delay / Total numbers of calls 

 

In table 5.13 it shows that  the average call release delay for 250 and 500 simultaneous calls 

for the transport modes, the output averaged results show that the average call release delay 

time increases with the increase of the number of simultaneous calls and the multi socket 

(un) has higher call release delay than the mono socket (u1). 

 

Table 5.13 Average Call Release Delay 

Transport Mode  Average Call Release Delay (ms) 

U1 rate 250 21.61965 

U1 rate 500 23.48432 

Un rate 250 28.48676 

Un rate 500 118.8228 

 

5.2.5.2.4 Successful calls percentage  

 

The parentage of successful calls rate also has been analyzed, as shown in Table 5.14 for the 

percentage of successful call rate [34], where the 

 

No. of Failed call to release = Total no. of non-received (Bye) – no. of Failed calls to 

initiate 

  

Successful calls percentage = ((1000 - Total no. of non-received (Bye)) /1000) ×100% 
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Table 5.14 Percentage of successful call rate 

Transport Mode Number of Failed 
call to Initiate 

Total Number of 
non received  

(Bye) 

Number of Failed 
call to Release 

Successful 
Calls 

Percentage % 

U1 rate 250 0 0 0 100.00% 

U1 rate 500 0 0 0 100.00% 

Un rate 250 162 162 162 83.8% 

Un rate 500 630 630 630 37.00% 

 

From the results are obtained from the simulation it summarized that the PDD or call setup 

initiation delay time is increased as the number of simultaneous calls increases, as well as for 

the call release delay. The successful calls percentage is slightly affected by the increase of 

the number of simultaneous calls. 

There are less difference in the call setup and release delay between the UDP mono socket 

and UDP multiple socket for small number of simultaneous calls, however the delays greatly 

affected with larger number of simultaneous calls in the UDP multiple socket case, when the 

simultaneous calls increases the PDD and call release delay are much larger than the UDP 

mono socket. The successful call percentage is highly affected in the UDP multiple socket 

case, which shows high percentage of failed calls for large number of simultaneous calls, as 

the number of simultaneous calls is lower the successful call percentage will be higher in 

both of the UDP mono socket and UDP multiple socket. 

 

5.3 The Performance of PDD in Both Simulations 
 

Since each of the simulation is carried out in different environment setup where the 

comparison study in the PDD for UDP transport protocol are presented. The behavior of 

PDD over UDP in both simulations is studied. As shown in Table 5.15, the value of the 

output results for the average of PDD, where the packet size varies from 128 bytes till 1280 

bytes, and in simulation II the number of simultaneous calls varies from 100 till 1000 calls. 

 

Table 5.15 Simulation I and Simulation II PDD over UDP 

Simulation I PDD for different 
Packet size 

Simulation II PDD for different 
simultaneous calls 

150.76 164.4099 

151.27 168.875 

151.78 175.7717 

152.3 181.2817 

152.81 189.2723 

153.32 191.2585 

153.83 193.2305 

154.25 196.0201 

154.25 196.174 

154.25 201.513 

 

 

The results are been shown in Table 5.15, it can be seen that there is slightly difference 

between simulation I and simulation II, this is due to the simulation parameters and 

properties differences. 
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6 CHAPTER 6                    CONCLUSION AND 

FUTURE WORK 
 

 

 

 

 

6.1 Conclusion 
 

The thesis work study the performance of Post Dial Delay (PDD) of video conferencing 

using SIP as signaling protocols, the simulations were carried out using Linux Ubuntu9.10 

operation system, two simulations studies were implemented. ns-2 was used in simulation I 

to study the Post Dial Delay (PDD) performance for SIP in video conferencing, where UDP, 

TCP and SCTP respectively were applied as transport protocols to a network of two SIP 

proxies and two user agents (UA) with 150 msec. interconnections delay. Simulation II was 

carried out using SIPp to study the PDD and the call release delay performance for different 

number of simultaneous calls and two different transport modes of UDP namely mono 

socket and multi socket, the simulated network topology consisted of two SIP proxies and 

two UAs and the interconnections delay was 150 msec. 

The output results showed that UDP has less PDD when SIP is used for video conferencing 

as compared to the other transport protocols, and this due to the UDP is a connectionless 

protocol where no connection establishment needed before data transmission while TCP and 

SCTP are connection oriented. 

Simulation II was implemented to study the effect of simultaneous calls and the transport 

mode on both the PDD and call release delay time for video conferencing by using SIP, the 

output results showed that both the PDD and call release delay increase as the number of 

simultaneous calls increases, the results also showed that mono socket transport mode has 

less PDD and call release delay time as compared to the multi socket mode. 

 

The parameters which affect the delay in the session setup process are: 

 

 The underlying protocol used by SIP. 

 Post-Dialing Delay (PDD). 

 Answer-Signal Delay (ASD). 

 Propagation Delay (PD). 

 Server Processing Delay (SPD). 

 

The parameters are found to be effective to keep low PDD in simulation I and low PDD, and 

low call release delays in simulation II are: 

 

 UDP as a transport Protocol  

 Number of simultaneous calls should be relatively low (less than 400 simultaneous 

calls) 

 Usage of UDP mono socket has lower PDD and call release delay as well as higher 

successful calls rate compared to the UDP multi socket. 
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6.2 Future Work 
 

Throughout of this study we considered two SIP proxies and two user agents. We would like 

to suggest studying larger network topology design by considering other types of networks 

like mobile networks. This work can also been enhanced by considering security issues, such 

as the authentication and registration during sessions establishments. The work can also be 

extended by integrating this work with IP Multimedia Subsystem (IMS); the performance of 

video conferencing will be analyzed and compared with other media platforms. Adding 

multiparty video conferencing to this study will be an interesting point for stress test of SIP 

reliability in updating the SIP video conferencing sessions.   
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APPENDIX A:   SIPP INSTILLATION 
 

 

The installation process of SIPp is done by using the command line in the terminal, after 

downloading the SIPp package, the following is considered:  

Without TLS and authentication support, which is recommended setup in case of no need to 

handle SIP authentication or TLS, there are no dependencies to install before building SIPp 

and the compiling process will be according to the steps below: 

 
# gunzip sipp-xxx.tar.gz 
# tar -xvf sipp-xxx.tar 
# cd sipp.svn 
# make 

 

   

Now after compiling SIPp we need to install the binary packages, this can be done by 

entering the terminal and entering the following command: 

 
rpm -ivh sipp-[standard|pcapplay-ossl]-[tool version]-
[OS]-[OS release version]-[processor].rpm 

 

 The executable file is located at: 

 

/usr/local/bin/sipp 
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APPENDIX B:   POST DIAL DELAY RESULTS 
 

The Post Dial Delay (PDD) for each number of simultaneous calls is shown in this appendix, 

where all of the figures in the horizontal axis represents the call number and the vertical axis 

represents the PDD.   
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APPENDIX C:   CALL RELEASE DELAY RESULTS 
 

The call release delay for each number of simultaneous calls is shown in this appendix, 

where all of the figures in the horizontal axis represents the call number and the vertical axis 

represents the call release delay.   
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600 Simultaneous calls
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700 Simultaneous calls
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800 Simultaneous calls
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900 Simultaneous calls
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APPENDIX D:   UDP TRANSPORT MODE POST DIAL 

DELAY AND CALL RELEASE DELAY RESULTS 
 

The Post Call Delay and the Call Release Delay for 250 and 500 simultaneous calls with 

different transport mode are shown in this appendix, where all of the figures in the horizontal 

axis represents the call number and the vertical axis represents the delay.   
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U1 rate 250 sim.calls
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Un rate 250 sim.calls
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U1 rate 250 sim.calls
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U1 rate 500 sim.calls
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Un rate 250 sim.calls
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APPENDIX E:   SIMULATION II SCRIPTS, UAC AND 

UAS 
In this appendix the graphical user interference is shown, the four (Caller, Proxy A, Proxy B 

and Callee) interference are shown here. 
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