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Course Description: 

The course aims to provide students with knowledge of VoIP technology. At the beginning of the 

course students are introduced to basic steps in conducting research. Then VoIP technology is 

presented in details. Topics covered include: Public Switched Telephone Network vs. Voice over 

IP technology, applications, advantages and challenges of VoIP, Quality assessment techniques 

for VoIP applications. Speech coding technology and packet loss concealment techniques are also 

presented. At the end of the course, students’ projects will be discussed and presented. 
 

Assessment Criteria: 
1. Exams: Midterm exam (30 points). 

2. Research project + Research presentation + Joint Discussion (30 Points). Project Deadline 

15/12/2010 

Deliverables: 

 Week 5: Proposal + short presentation (5 Minutes)  

 Week 7: Critical summary of previous literature & Find A Niche 

 Week 9: Progress Report  + Formulation of your Novelty (How your 

method is different from previous work) - Presentation (10 Minutes) 

 Week 12: Interim Report + Initial Results (10-15 Minutes) 

 Week 16: Final Report + Presentation (30 Minutes) 

 

3. Final exam (40 points) 

 

Intended Grading Scale: 

90 – 100  A 

80 – 89  B+ 

70 – 79  B 

50 – 78  C+ 

<50                  C 

 

Course Contents: 

- Introduction to Research Methods – How to conduct research, research output 

and publishing process. 

- VoIP:  

o VoIP vs. Traditional Telephony 

o VoIP Technology 

o VoIP Advantages, Applications & Protocols  

o VoIP Challenges Before,  During and After VoIP session 

o Main Challenges (Delay, Packet Loss and Jitter) 

o VoIP speech Quality measurement Methods 

 Subjective Quality assessment 

 Objective Quality Assessment (Intrusive and Non-Intrusive)   

o Speech Coding Technology 
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o Packet Loss Concealment Technology 

- Student Research and Presentation  

 
Intended Learning Outcomes: 

Successful completion of this module should lead to the following learning outcomes: 

 

A-Knowledge and Understanding (students should)  

(A1) have some understanding of the basic concepts and techniques of VoIP  

(A2) have some understanding of   

- Differences between traditional telephony and VoIP 

- Advantages and disadvantages of traditional telephony and VoIP 

- Applications of VoIP   

- VoIP Protocols 

- Challenges that faces VoIP technology with focus on Delay, Packet Loss and Jitter 

- Quality Assessment methods in VoIP, including: Subjective (MOS) and Objective 

(Intrusive (PESQ) and Non-Intrusive(E-Model)) 

- Speech Coding Technology 

B-Intellectual skills-with ability to  

(B1) Appreciate the subtleties related to different VoIP applications and Protocols (H.323 vs. 

SIP) 

(B2) Analyze different factors that may affect speech quality 

(B3) Differentiate between Subjective and Objective speech quality assessment methods 

(B4) Differentiate between simulation techniques and environments 

(B5) Packet Loss simulation using N-state Markov Models 

(B6) Analyze and design a solution for the problem of speech quality assessment 

 

C- Practical Skills-With ability to  

(C1) Represent and implement different impairment factors that may affect VoIP quality. 

(C2) Measure the speech quality of a VoIP traffic. 

(C3) Compare the speech quality you obtained with those obtained by previous researchers. 

 

D-Transferable Skills-With ability to 

(D1) Deploy communication skills.  

(D2) Deploy research skills. 

(D2) Work effectively within a group.  

(D3) To work to tight deadlines 

(D4) effectively present the final work in a demo. 
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We may provide some notes. However, it is very important to note that they are 

supplementary and not a substitute to the recommended books 

 

Students are encouraged to make heavy use of the library, E-LIBRARY 

http://ezlibrary.ju.edu.jo/login or from within the university using (http://e-library) and 

internet resources such as: 

 

 

We will be glad to discuss with you the relevance of any material that you may intend to read. 

We are willing to discuss (and/or give you pointers to), during office hours and/or at any 

possible time agreed upon, any issue or advanced topic in artificial intelligence.   
 

http://ezlibrary.ju.edu.jo/login
http://e-library/

