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ABSTRACT 

Voice over Internet Protocol (VoIP) is predicted to become the usable and widely use 

technology of packet switching in common communication network. The voice, data 

video integrated technology will be reduced communication system operational costs 

among users especially in big companies. VoIP is support by Quality of Services 

(QoS) to give more reliable service. 

This paper studies VoIP performance over legacy Ethernet by comparison between 

hub and switch. The simulation model of VoIP LAN with hub and switch are 

developed to compare the performance for both networks. The simulation models 

derived based on the campus network located in a small area of not more than 100 

meters, considering the maximum length of the lOBaseT LAN. These network models 

have been simulated using OPNET Modeler 8.1 Tools. The results for both network 

models are analyzed and compared. End-to-end delay, Ethernet delay and throughput 

produced are compared between switched Ethernet and a hub-based Ethernet. 
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CHAPTER 1 

PROJECT BACKGROUND 

1.1 INTRODUCTION 

Voice over Internet Protocol (VoIP) is an IP telephony term for a set of facilities used 

to manage the delivery of voice information over the internet. VoIP converts analog 

voice signals into digital data packets and supports real-time, two way transmission of 

conversations using Internet Protocol (IP) [1]. VoIP involves sending voice 

information in digital form in discrete packets rather than by using the traditional 

circuit-committed protocols of the Public Switched Telephone Network (PSTN). A 

major advantage of VoIP and internet telephony is that it avoids the tolls charged by 

the ordinary telephone service ™ The main disadvantage of VoIP is a greater 

potential for dropped calls and generally lesser voice quality[1J-

Legacy (10Mbps) Ethernet has some common architectural features. These legacies 

are referred to as shared Ethernet because they share a common collision domain. It 

becomes easier to violate maximum delay limits as the network grows and becomes 

more complex. The timing limits are based on parameters cable length and its 

propagation delay, delay of repeaters, delay of transceivers and delay within station[3] 

1.2 OBJECTIVE OF PROJECT 

• To explore the world of packet technology in Internet Protocol (IP) that being 

discussed in detail to transporting voice. 

• To study the performance analysis of VoIP by comparing the performance 

using switch-LAN and hub-LAN. 

• To understand the concept of voice transmission in packet switching network. 

• To acquire knowledge about the performance analysis in VoIP LAN using 

OPNET. 
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