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Annex 2
COURSE DESCRIPTION
General Information

	Course Title
	:
	Online course on “Voice Over IP (VoIP)” for the Arab Region.



	Course Description
	:
	This course is designed for officials dealing with the design and implementation of Voice over IP networks or related matters. Over the four weeks course, the participant would gain and understand the issues related to the Implementing of VoIP, H.323 Protocol, New Generation Network (NGN), Session Initiation Protocol (SIP), lessons learned from different countries and issues and challenges facing.

The course envisages active contribution of participants in weekly discussions and group works as they form the requisite tools to apply the knowledge accorded in the learning materials. Bi-weekly, quizzes together with teamwork reports will be used to evaluate participant’s success.


	Course Date
	:
	18 April – 13 May 2010


	Course Duration
	:
	4 weeks


	Registration Deadline
	:
	1 April 2010


	Course Code
	:
	10cARB114811 


Target Population

This course is targeted for policy makers, regulators, operators and practitioners, interested in the development of human capital for VoIP in their countries.

Course Objectives

· Discuss the different strategies for IP telephony.
· H.323 standard, as ITU recommendation, is presented with emphasis on its architecture.
· The components of an H.323 system are described in some details.
· Multipoint conferencing and multimedia conferencing under H.323 are presented with overview of ITU videoconferencing standards.
· MGCP concept with its network entities including the residential gateway and trunking gateway.
· Megaco/H.248 protocols and their relation with soft switch concept.

· New Generation Network (NGN) scenarios.
· Finally, an overview of the session initiation protocol (SIP) is introduced with discussing its main component.
Course Schedule

	
	Content

	Week 1
	· Implementing VoIP
· Fundamental Principles of PSTN

· Characteristics of Internet and IP 

· TCP/IP Layers 

· Evaluating the Factors in Packetized Voice 

· Round-Trip Time (RTT)

· Packet Loss

· Order of Arrival of Packets

· Hop Distance

· Implementation Strategies for IP Telephony and voice over IP

· VoIP Specifications



	Week 2
	· H.323 Protocol
· H.323 Network Architecture

· Terminals

· Gateways

· Gatekeepers

· Multipoint Control Units (MCU)

· H.323 Communication Protocol  Stack

· The Real-Time Protocol (RTP) 

· The Real-Time Control Protocol (RTCP) 

· RAS Protocol

· H.225 call signaling protocol

· H.245 call control protocol

· Signaling models

· Gatekeeper routed H.225 RAS

· Gatekeeper routed H.225 RAS and H.225.0 call signaling 

· Gatekeeper routed H.225 RAS and H225 call signaling and H.245 control

· H.323 Version 2

· H.323 Version 3

· H.323 Version 4

· H.323 Version 5



	Week 3
	· New Generation Network (NGN)
· Media Gateway Control Protocol Fundamentals

· MGCP concepts

· Megaco / H.248 Protocol

· Softswitch

· Traditional Implementation

· New Public Network Architecture



	Week 4
	· Session Initiation Protocol (SIP)
· SIP Functionality

· Design Principles

· SIP URI

· SIP Entities

· SIP Messages

· SIP Scenarios

· SIP Transactions

· SIP Dialogues

· Conclusion and Course Summary

· Discussion Quiz Evaluation of Training



Methodology

· Course materials: Each week one module will discussed and the relevant course material will be made available on the website on weekly basis.

· Discussion Forums: Participants are expected to participate actively in discussion forums on selected topics throughout the week.

· Chat sessions: Chat sessions will be conducted real time every week where discussions would be held with the instructor on a particular topic. Participants are encouraged to join the discussion and exchange points of view.

· Quizzes: Two mandatory quizzes will be held during the course
Tutor 

The course will be led by Dr. Amani Sabri (Mrs.). (bella1@link.net) and Dr. Ashraf William.
Course Coordination

The course will be coordinated by Mrs. Nefertiti Ali, CoE Coordinator (nefertiti.ali@itu.int) 
The IT infrastructure and technical coordination will be supervised by eng. Jack F. Saad, email: jack@nti.sci.eg  and Dr. Ashraf William, email: awilliam@nti.sci.eg
The ITU e-Learning Centre will be administered by Mr. Boris Williams (boris.williams@itu.int).
Participation fees

On this occasion, the ITU/BDT is charging 100 US$ per participant. Please refer to Annex 1 (The payment instructions).
Registration

Application to participate in this course should be made at http://academy.itu.int by following the steps:


Step 1: Create a new account on the ITU Academy by clicking on Create new account in the section Login on the left. After completing the registration form, a message will be sent to your e-mail address with detailed information and with link to complete the registration to the ITU Academy.

Step 2: After having registered by using the link sent to your e-mail address, click on the Course button or use this direct link (http://academy.itu.int/course/view.php?id=220). Please note that to continue you have to be logged in. To log in to the ITU Academy, use the Login link available on the top of your screen.

Step 3: When you are logged in, you will come back to Course Categories. Continue to Technologies and Services and choose Voice over IP (VoIP), the title of the course.

Step 4: When the new window appears, please use this code to access the website of the online exchange: 10cARB114811
Please note that online registration should be done before 6 April 2010. The course coordinator will confirm the acceptance of the candidates and will supply with the relevant instructions for participation. 
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