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ABSTRACT 

 

Currently, users (student, staff and lecturer) at UUM still using traditional 

mechanism to contact with each other using phone call and messenger contact. In 

this case, the uses need to have an Internet access in order to communicate with the 

other side. In both cases, using phone call or Internet has some limitations in terms 

of cost. This paper proposes the Voice over Internet Protocol (VoIP) system that can 

help users at UUM campus to freely communicate by using this VoIP technique. In 

the other side, this proposed system also helps to increase the effectiveness of using 

the Internet bandwidth; since the users can communicate with each other without the 

need to have an Internet access. Instead, they can contact with each other using the 

current Local Area Network (LAN) at UUM. Thus, this system can let the users to 

contact the destination user anywhere anytime in the coverage area of UUM.  
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CHAPTER ONE 

 

INTRODUCTION 

 

1.0. Background 

Nowadays, in light of current developments in the field of communication 

networks and due to the urgent need to send data in the shortest time and 

the lowest possible cost, the VoIP technology has been found. According to (Zhang, 

Hillenbrand, Müller, 2005), VoIP is a technology to transport voice communication 

over IP network such as Internet. This technology provides the capability of making 

phone calls over the packet switched networks instead of traditional circuit switched 

networks. With the development of the Internet, VoIP over a Wireless Local Area 

Network (WLAN) is expected to become an important Internet application. In 

addition, this technology is becoming a popular service on the Internet platform and 

many VoIP protocols have been proposed since it was first developed, (Wang, Liew 

& Fellow, 2005).  

VoIP can greatly reduce the telephone call costs comparing with the traditional 

Public Switched Telephone Network (PSTN) system, due to the low cost features of 

the Internet usage, so it is expected that the VoIP may completely replace the circuit 

switched PSTN system in the future. Therefore, VoIP is attracting more users from 

the traditional telephone communication area, and more companies try to invest in 

the development and usage of the VoIP systems (Zhang, Hillenbrand, Müller, 2005). 

Moreover, VoIP is one of the fastest growing Internet applications at this time. It has 

two fundamental advantages compared with voice over traditional telephone 

networks. First, by using advanced voice-compression techniques and bandwidth 



The contents of 

the thesis is for 

internal user 

only 



57 
 

REFERENCES 

Ahson, S.& Ilyas, M. (2009). VoIP Handbook Applications, Technologies, 

Reliability, and Security. United State of America: CRC Press printed 

Baset, S. A. & H. Schulzrinne (2004). An analysis of the skype peer-to-peer internet 

telephony protocol. USA: Arxiv preprint . 

Desantis, M. (2008).  Understanding Voice over Internet Protocol (VoIP). 

[Electronic version]. US-CERT, 1-5. 

Gillispie, P. J. (2005). VoIP and IP Telephony: Planning for Convergence in State 

Government. USA: NASCIO. 

Gokhale, S.S., & Jijun, Lu. (2005) Signaling performance of SIP based VoIP: a 

measurement-based approach. Paper presented at Global 

Telecommunications Conference, New York: Department of Computer 

Sciences & Engineering. 

Hallock, J. (2004). "A Brief History of VoIP." Evolution. 

Hoffer, J., George, J., & Valacich, J. (2002). Modern Systems Analysis and Design. 

New Jersey, USA: Prentice Booking. 

Ivar, J., Magnus, C., Patrik, J., & Gunnar, O. (1993). Object-Oriented Software 

Engineering. England: Addison Wesley. 

Kelly, T. (2005). VoIP For Dummies. Indiana: Wiley Publishing, Inc. 

Kojima, J., Ôshita, M., Kaneko, K., & Maruyama, T. (2000). Corporate Network 

System Using VoIP Technology. [Electronic version]. Hitachi, 189-193. 

Liu, Z. (2002). Object-Oriented Software Development with UML. Macau, China: 

International Institute for Software Technology. 



58 
 

Nokia. (2004). Advantages of SIP for VoIP. Canada: Nokia. 

Patrick, P. (2009). Voice Over Ip Security. USA: Cisco Press. 

Rosenberg, J., J. Weinberger, et al. (2003). STUN-Simple Traversal of User 

Datagram Protocol (UDP) Through Network Address Translators (NATs), 

RFC 3489, March, from http://www.ietf.org/rfc/rfc3489.txt. 

 

Rosenberg, J., H. Schulzrinne, et al. (2002). "SIP: Session Initiation Protocol (RFC 

3261)." Internet Engineering Task Force, from, 

http://www.ietf.org/rfc/rfc3489.txt. 

Schulzrinne, H., S. Casner, et al. (1996). RTP: A transport protocol for real-time 

applications, rfc 1889, January. 

Stevens, W. R. and G. R. Wright (1994). TCP/IP Illustrated. USA:  Addison-wesley. 

Vaishnavi, V., & Kuechler, W. (2004). Design Research in Information Systems. 

Retrieved 3, 18, 2011, from: http://desrist.org/design-research-in-

information-systems/ 

Van Meggelen, J., L. Madsen, et al. (2007). Asterisk: the future of telephony. USA: 

O'Reilly Media. 

Wang, Liew., & Fellow, V. (2005). Solutions to performance problems in VoIP over 

a 802.11 wireless LAN. IEEE Transactions on Vehicular Technology, 54(1), 

366-384. 

 

 

 

http://www.ietf.org/rfc/rfc3489.txt
http://www.ietf.org/rfc/rfc3489.txt
http://desrist.org/design-research-in-information-systems/
http://desrist.org/design-research-in-information-systems/
http://ieeexplore.ieee.org/xpl/RecentIssue.jsp?punumber=25


59 
 

Zhang, G., Hillenbrand, M., & Müller, P. (2005) Facilitating the Interoperability 

among Different VoIP Protocols with VoIP Web Services. In Proceedings of 

the First International Conference on Distributed Frameworks for Multimedia 

Applications, (DFMA’05). Kaiserslautern, Germany: IEEE Computer 

Society. 39 – 44. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 


