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Abstract 

 

The Aim of this paper is to give a basic introduction on VOIP and describe QOS problems. To get the best quality in 

real time . To investigate the performance of speech over VoIP using commercial 3G wireless network.More 

specifically, an investigation of IP-based voice communication with emphasis on the effects of a wireless channel 

and its conditions on the quality of the received speech will be investigated. Simulation will be implemented using 

Matlab software, and the experiments will be conducted on commercial VoIP networks. The attention is focused on 

the quality of service in wireless network. 
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1. Introduction 

 
A change from analog to digital telephony has well been established in most countries worldwide. Second, there is 

an increasing trend towards the use of internet telephony, also known as Voice over Internet Protocol (VoIP). VoIP 

is the transmission of voice using a packet switched network, which is usually based on the transmission control 

protocol/internet protocol (TCP/IP) suite. There are plenty of reasons for switching from traditional voice 

transmission to packet telephony networks. First of all, voice transmission over the Internet can be cheaper than that 

over traditional telephone networks . Second, it provides a handful of new opportunities and applications to its users; 

these new features are almost impossible to implement without the use of a packet switched network. but the There 

are many different ways in which two or more users can be connected to a VoIP network, main concept of 

interconnection remains the same as shown in Figure 1. First, a call control protocol is used to initiate the connection 

between the two users. There are many different ways in which two or more users can be connected to a VoIP 

network, but the main concept of interconnection remains the same as shown in Figure 1.First, a call control 

protocol is used to initiate the connection between the two users. After the connection has been established, the users 

can talk. As shown in Figure 1, in this process, the voice of users is digitized, compressed and then packetized 

before being sent through a wired or wireless communication channel to the other user. The gateway is an essential 

component of a VoIP interconnection and implements the following. First, it provides Public Switched Telephone 

Network (PSTN) and VoIP signaling interfaces, combined with signaling conversion function between the two 

interfaces, if both PSTN and VoIP networks are in the signal path. Second, it provides a media interface for VoIP 

and PSTN as well as a media transformation function in the case where both PSTN and VoIP are used. A gateway in 

general shoulders the responsibility for the connection management from media exchange and signaling flows and 

thus is an important part of the connection Speech signal Analog to digital. 
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Figure 1: Basic VoIP communication system networks. 

 

 

2. Introduction to wireless networks 

 
Over the last few years, wireless networking is an increasing trend in digital communications, such as LTE based 3G 

networks. There is no physical cabling required, and the installation cost is significantly lower than the cost of a 

wired installation. In wireless networks, information is transmitted in digital form, i.e., using a long sequence of 

ones and zeros. The transmission is done through unguided (wireless) media, i.e., the transmission of 

electromagnetic energy.The overall system is shown in Figure 2. Before transmission, the signal is encoded 

(compressed), then channel encoded, pulse shaped and modulated, and then transmitted through the medium. In the 

receiver, the reverse procedure is energy through the atmosphere.  
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Figure 2: Block diagram of digital voice communication system 

3. Key challenges for VOIP over 3G wireless networks 
 

Packet delay: Packet delay is of two types: handling and propagation. Handling (packetization) delay is the amount 

of time it takes for a speech signal to be processed by the computer‟s hardware before it is transmitted to the 

medium. Propagation delay is the amount of time it takes a signal to travel from transmitter to receiver and is 

dependent upon the medium used. 

 

Packet delay variation: packet inter-arrival times. It is an effect of packet switched networks and it can be more 

annoying than the packet delay itself since its effects vary over Packet loss: Another problem of most packet 

switched networks is packet loss. It can happen at any point in the network especially in media that are prone to 

errors like a wireless medium. 

 

Channel: Channel, herewith, describes the effects of the ph Wireless channels are affected by a number of factors 

including the physical distance, which causes path loss. These are affected by Doppler and multipath delay spread, 

interference, and noise level. These parameters further depend on the atmosphere, terrain and antenna 

characteristics. These factors are random variables and as such the channel behavior can only be characterized in 

statistical terms. 

 

Attenuation and noise: In order to fully recover the signal met. The signal strength must be sufficient to be detected 

by the receiver‟s circuitry and must be higher than noise. 

 

Multipath: In the case of mobile wireless networks, a loss model that accounts for multiple same signal due to 

multipath effects must be considered. The main sources of multipath are diffraction, reflection and scattering. These 

multiple copies have varying delays and, in some cases, they might be the only signals received, e.g., in the case of 

non line of sight (NLOS) reception. 

 
 

Figure 3: Schematic of multipath channel where the signal follows a direct, areflected and a 

diffracted path 

 

VoIP availability: For many years the PSTN companies have been advertising their four 'nine availability as their 

main advantage over VoIP and cellular telephony. What they really mean is that their network (from PBX to PBX) 

availability is close to 99.99%; if the availability of home appliances has to be accounted for, the total availability 

telephony, it has to get closer to its competitor‟s level of availability. Availability, is given by 
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4. Literature survey 

 
Marko [1] in 2001 mentioned that VoIP has been in heavy investigation during recent years. VoIP means that voice 

is transferred over the Internet instead of Public Switched Telephone Networks (PSTN). VoIP offers cheaper prices, 

but less quality than PSTNs. The aim of this paper is to give several viewpoints of VOIPs possibilities and 

restrictions in technical manner. Pelaez Moreno et al. [2] in 2001 projected a new front-end for speech recognition 

over IP networks. Particularly, extraction of the recognition feature vectors directly from the encoded speech (i.e., 

the bit stream) instead of decoding it and subsequently extracting the feature vectors. Thus, this survey on VoIP 

packet loss techniques approach proposes two significant benefits. Primary one is the recognition system is only 

affected by the quantization distortion of the spectral envelope. Avoid the influence of other sources distortion due 

to the encoding-decoding process. James et al. [3] in 2004 introduced VoIP networks and services in the way that 

assure the voice quality expectations of the customers. In this paper, authors have conducted laboratory studies of 

how VoIP transmission affects voice quality whereas also carefully monitoring and organizing several field 

implementations of VoIP. Authors evaluated the data on the voice quality effects of packet loss, delay, speech 

coders, packet loss concealment (PLC) algorithms, and the compression option of restraining transmission during 

silence. Since the familiar problem of echo has appeared repeatedly in the VoIP environment, authorize valuated this 

issue in some detail. Packet loss and delay variation measurements completed on private VoIP networks are 

reviewed, and the data at this point are encouraging. Author sterminated by creating the case with the purpose of the 

network planning tool well-known as the e-model is at present an inexact predictor of VoIP network performance. 

Xu et al. [4] in 2004 proposed a new TCP scheme, called TCP-Jersey, which is proficient of distinguishing the 

wireless packet losses from the congestion packet losses, and reacting for that reason. TCP-Jersey consists of two 

key components, the existing bandwidth estimation (ABE) algorithm and the congestion warning (CW) router 

configuration. ABE is a TCP sender side accumulation that continuously approximates the bandwidth available to 

the connection and guides the sender to regulate its transmission rate when the network turns into congested. CW is 

a configuration of network routers such that routers alert end stations by marking all packets whereas there is a sign 

of an incipient congestion. The marking of packets by the CW configured routers supports the sender of the TCP 

connection to successfully differentiate packet losses sourced by network obstruction from those caused by wireless 

link errors. This paper illustrated the design of TCP-Jersey, and presented results from experiments using the NS-2 

network simulator. Simulations results showed that in a congestion free network with 1% of random wireless packet 

loss rate, TCP-Jersey attains 17% and 85% improvements in good put over TCP-Westwood and TCP-Reno, 

correspondingly; in a Dudmn et al. [5] in 2006 developed an analytical solution that allowed predicting the number 

of samples (probes) required to measure packet loss probability. This formula transmits the number of probes 

required to the networking scenario, the traffic characteristics, and the target packet loss probability along with the 

accuracy to which this loss probability have to be resolved. Authors proved that the number of probes required to 

accurately measure the packet loss probability is a highly sensitive function of the link bandwidth, the traffic load 

and burstiness, and the packet loss probability itself. Authors concluded that VoIP is a technology Ganguly et al. [6] 

in 2006 discussed the fundamental requirements for efficient deployment of VoIP services in excess of a mesh 

network. It presented and evaluated practical optimising techniques that can increase the network capacity, 

maintaining the VoIP quality and handle user mobility efficiently. Extensive experiments accomplished on a real 

test bed and NS-2 affords insights into the performance issues and exhibits the level of improvement that can be 

acquired by the proposed techniques. In particular, packet aggregation besides with header compression can raise the 

number of supported VoIP calls in a multihop network by 2–3 times. The projected fast path switching is highly 

effective in upholding the VoIP quality. Their handoff scheme reaches almost negligible disruption during calls to 

roaming clients Chu and Pheanis [7] in 2006 examined several well-known sender-based loss-recovery techniques 

and evaluated the possibility and effectiveness of each one in real-time interactive VoIP applications. Author 

examined the bandwidth requirements, buffering delays, and perceptual sound qualities of these techniques. Authors 

studied the effectiveness of these approaches beneath various packet loss conditions, and also compares the 
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effectiveness of these techniques in opposition to a speech codec that has high degree of packet loss robustness. 

Wang et al. [8] in 2006 addressed issues in implementing VoIP services in packet switching networks. Authors 

mentioned that in the network QoS research community, VoIP has to be identified as a critical real-time application 

and has been implemented in commercial products. To provide competent QoS for VoIP systems similar to 

traditional PSTN systems, a call admission control (CAC) mechanism has to be introduced to prevent packet loss 

and over-queuing. According to authors, a number of well-designed CAC mechanisms, such as the site-utilisation-

based CAC-and the link-utilisation-based CAC mechanisms have been in place. Though, the existing commercial 

VoIP systems have not been able to sufficiently apply and support these CAC mechanisms and, therefore, have been 

incapable of providing Quos guarantees to VoIP networks. The designation and implementation of a QoS-

provisioning system that can be seamlessly integrated with the existing VoIP systems. Finally, authors pointed that 

to overcome their disadvantages in offering QoS guarantees a practical implementation of their QoS-provisioning 

system has to be recognised. Hasib et al. [9] in 2007 developed an analytical solution that allowed predicting the 

number of samples (probes) required to measure packet loss probability. This formula transmits the number of 

probes required to the networking scenario, the traffic characteristics, and the target packet loss probability along 

with the accuracy to which this loss probability have to be resolved. Ansari et al. [10] in 2008 proposed TCP-Jersey 

consists of two key components, the existing bandwidth estimation (ABE) algorithm and the congestion warning 

(CW) router configuration. ABE is a TCP sender side accumulation that continuously approximates the bandwidth 

available to the connection and guides the sender to regulate its transmission rate when the network turns into 

congested. CW is a configuration of network routers such that routers alert end stations by marking all packets 

whereas there is a sign of an incipient congestion. The marking of packets by the CW configured routers supports 

the sender of the TCP connection to successfully differentiate packet losses sourced by network obstruction from 

those caused by wireless link errors. This paper illustrated the design of TCP-Jersey, Garuba et al. [11] in 2008 

proposed. For real-time time communication, the WSOLA algorithm is widely used to deal with the length 

adaptation and PLC of speech signal. Finally authors pointed that the time scale modification of audio signal is one 

of the most essential research topics in data communication, especially in VoIP. Authors concluded that VoIP is a 

technology so as to transports voice data packets across packetswitched networks by means of the IP. Losing 

packets in the network is predictable, and losing voice packets degrades audio quality Ansari et. al. [12] in 2009 

proposed The Quality of Service (QOS) of the voice is affected by delay, jitter, and packet loss. New security 

solutions must take into account the real-time constraint of voice service and their mechanisms should address 

possible attacks and overhead associated with it. According to authors, the IPSEC VPNs (Virtual Private Networks) 

is then considered the strongest security solutions for communications CW is a configuration of network routers 

such that routers alert end stations by marking all packets whereas there is a sign of an incipient congestion. The 

marking of packets by the CW configured routers supports the sender of the TCP connection to successfully 

differentiate packet losses sourced by network obstruction from those caused by wireless link errors. This paper 

illustrated the design of TCP-Jersey, Bernardo et al. [13] in 2009 discussedThe VoIP is flexible and provides low 

cost telephony to customers over the existing infrastructure. However, there are still many challenges that need to be 

addressed to provide a steady and good quality voice connection over the best-effort Internet. In this paper, authors 

evaluated the performance of different VoIP codec s over the best effort Wi MAX network. The network 

performance metrics such as jitter, one way delay, and packet loss and user perception metric that is Mean Opinion 

Score have been used to evaluate the performance of VoIP codec s VoIP transmission affects voice quality whereas 

also carefully monitoring and organizing several field implementations of VoIP. Authors evaluated the data on the 

voice quality effects of packet loss, delay, speech coders, packet loss concealment (PLC) algorithms, and the 

compression option of restraining transmission during silence. Muntean et al. [14] in 2010 Thus in this paper, 

analysis and experimental results for an evaluation of the (QOS) of voice traffic are presented. A certain metrics like 

Packet Delay Variation, MOS (Mean Opinion Score), Packet End to End Delay, Traffic Received. 

 

 

5. Motivation 

 

1. VoIP telephony is already in use by the commercial sector. Voice communication has been continually evolving 

since Alexander Bell‟s discovery. For a long period of time, circuit switched networks dominated the transmission 

of voice. Circuit switched networks were also used as a medium for data transmission. The picture today is totally 

different, with packet switched networks supporting both data and voice communications.  
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2. VoIP is an emerging technology that uses packet switched networks for voice transmission. The advantages that 

make this technology preferable to traditional telephony are low cost, use of the existing infrastructure, and the 

ability to add new applications without additional cost.  

 

3. The combined use of VoIP and wireless networks provides further advantages since it provides seamless 

communication without the use of physical cabling among units, which enables faster deployment. On the other 

hand, the drawbacks of VoIP are the inferior performance and quality of service as well as limited availability when 

compared to traditional telephone networks. In order for VoIP to be able to compete with the traditional telephone 

networks, it must improve the quality of service and availability especially when used with wireless networks. This 

motivated the author of this synopsis to do research in VOIP using 3G wireless networks.  

 

 

6. Formulation of the problem 

 
From the above made literature review, it is clear that VoIP involves many parameters to be taken into 

consideration. There are lots of problems associated with the quality of the voice transmitted and received using 

VoIP. Thus, considering the need for further expansion of VoIP, especially through wireless networks, it is essential 

to investigate the determining factors between VoIP and traditional telephony. The factors that public switched 

telephone network (PSTN) shows superior performance compared to VoIP are the quality of service provided and 

the network availability. In order for VoIP to be able to compete with PSTN, these two factors must reach a level 

close to that of the PSTN. Thus, the focus of research through this synopsis will be to measure the quality of voice 

transferred through wireless network. More specifically, an algorithm MOS ( mean opinion score ) will be 

developed in order to analyze the IP-based voice communication; with emphasis on the effects of a wireless channel 

on quality of the received speech. Factors that affect the quality of the received voice, such as channel status, 

compression ratio, and channel coding will be quantified. The effects of voice signal compression and wireless 

channel conditions as well as channel coding on the voice quality will be investigated. 

 

7. Objectives 

 
The aim of the research proposal made through this synopsis is to investigate the performance of speech over VoIP 

using commercial 3G wireless networks. To fulfil this aim following objectives are proposed:  

 

1) To review the existing techniques for VoIP telephony and its associated problems.  

2) To develop an algorithm MOS for monitoring the QOS of speech over VoIP. 

3) To improve the QOS assessment of VoIP using 3 G wireless network. 

4) To examine with the accuracy the effects of wireless channel conditions (e.g. fading, packet drop etc) on the 

quality of voice received using VoIP 

 

8. Methodology 

 
The major steps involved to be done to achieve the above objectives are summarized in the overall objective of 

research through this synopsis is to measure the quality of voice in VoIP communications. More specifically, an 

investigation of IP-based voice communication with emphasis on the effects of a wireless channel and its conditions 

on the quality of the received speech will be investigated. Simulation will be implemented using Mat lab software, 

and the experiments will be conducted on commercial VoIP networks. There are two general categories of 

measuring the quality of speech: subjective and objective. In the subjective category, the effort is concentrated on 

investigating how people perceive a given speech sample. On the other hand, in objective measurements, 

mathematical formulas are used in an effort to get results as close as possible to subjective tests. Mean opinion score 

(MOS) is one of the standard methods used to subjectively measure speech quality. It uses a large volume of human 

opinion scores on a specific speech sample to measure its quality. The users rate the speech from 5 which is 

(excellent) down to 0 (bad). Alternatively, the users can grade the speech depending on the effort required to fully 

comprehend the meaning of the speech sample. MOS has been standardized by ITU-T as a telephone speech quality 

metric. In addition to being subjective, MOS is also very expensive and it cannot be used continuously to measure 

the effectiveness of a network.  
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Figure 4: Overview of research design approach and methodology. 
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