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R E T En Rk sE Z EER(VolP) R This course will discuss the Voice
MR EFHRISE - — ST TEE over Internet Protocol (VolIP) issue
WEFERTP ~ SIP & MGCPREEER and related topics. Some hands on
e S ER R R E R ERE DI ... experiment, such as implementing
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to help students to understand the
VolIP principle and applications.
Carrier Grade Voice over IP,” D. Teaching Carrier Grade Voice over IP,” D.
ES L% Collins, McGraw-Hill, Second Materials Collins, McGraw-Hill, Second
Edition, 2003 Edition, 2003
Homework x 3 30% Homework x 3 30%
- Mid-term exam 25% - Mid-term exam 25%
2l b IR Final exam 25% Grading Final exam 25%

Term project 20% Term project 20%

ZEnMEE  |bttp://www.ntcu.edu.tw/~Ichang
1. Introduction 1. Introduction
2. Transporting Voice by Using IP 2. Transporting Voice by Using IP
3. Speech-Coding Techniques 3. Speech-Coding Techniques
(Optional) (Optional)
4.H.323 4.H.323
5. Session Initiation Protocol (SIP) 5. Session Initiation Protocol (SIP)
and ENUM and ENUM

HEARZ  |6. SIP over Network Address Syllabus 6. SIP over Network Address

Translation (NAT)

7. Media Gateway Control and the
Softswitch Architecture

8.VolP and SS7

9. Quality of Service

10. Designing a Voice over IP
Network

Translation (NAT)

7. Media Gateway Control and the
Softswitch Architecture

8.VolP and SS7

9. Quality of Service

10. Designing a Voice over IP
Network
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