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Course Content 

This workshop proposes an overview of the voice service (characteristics and set of 
protocols) that emerges with the new Internet. We are going to concentrate on the Session 
Initiation Protocol (SIP).  

Requirements 

It is recommended that participants have some knowledge of Networking.  

Motivation 

The recent large-scale deployment of Internet and its deep integration into every day life 
has brought innovative uses of network resources. That is the case of Real Time 
applications; typical examples are instantaneous messaging, audio communication or 
videoconferencing. Moreover, the voice communication has reached community levels, 
being low-cost and its body of knowledge accessible.  

The SIP protocol can be considered as the protocol the most spread and used for sessions 
establishment. It allows having some functionalities of the classic telephony system over an 
IP networks, such as the set up of a logical circuit between two distant nodes. 

At the end of course, the students will have a complete overview of the telephony service, 
and how it can be implemented over a classical network or an IP network. Students will also 
understand the TCP/IP model and its use for voice services. Finally, students will have an 
understanding of the SIP protocol, and will be able to deploy a voice service and analyze its 
traffic. 

 
 
 
 
 
 



 
 

 

Course Contents 
 
Day 1: Introduction 

• Part 1: Introduction and overview of the course. 
• Part 2: Practical work: Live tracing and analysis over a Linux Voice over IP platform. 
• Part 3: Telephony networks: overview of Public Switch Telephony Network and 

Global System for Mobile communication. 
 

Day 2: Basics of IP networking and VoIP 

• Part 1: Overview of IP network: TCP/IP layered architecture, IP(v4/v6) protocols, 
transport layer, applications layer. 

• Part 2: Basics of Voice over IP, voice coding, Real Time Protocol, Quality of service. 
 

Day 3: Introduction to Voice over IP Signaling 

• The H323 signaling protocol (architecture, gateways, H225, H245). (Nicolas) 
• Exercise: Practical analysis of the RFC 3261. 

 

Day 4: The SIP signaling protocol (1/2) 

• The SIP signaling protocol (SIP proxies, request/response system, call state diagram) 
• Exercise: An insight on SIP through a practical experience. 
 

Day 5: The SIP signaling protocol (2/2) 

• Exercise #1: Setting up a Voice over IP architecture with the open source server 
Asterisk. 

• Exercise #2: Analysis of call flows. 
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