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Abstract 
Voice over Internet Protocol (VoIP) is a technology in 

great demand these days. Its interactive nature makes 

it very appealing for users and today it is one of the 

most dominant technologies for communication, is a 

form of voice communication that uses audio data to 

transmit voice signals to the end user and VoIP is one 

of the most important technologies in the World of 

communication. Around, 25 years of research on 

VoIP, some problems of VoIP are still remaining. This 

paper covers the basic concepts of voice over packet 

networks, the elements affecting voice quality and 

discusses techniques of optimum voice (QoS) as 

solving common problems in VoIP networks. 
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1. Introduction 

The transfer of voice traffic over packet 

networks, and especially voice over IP, is 

rapidly gaining acceptance. Many industry 

analysts estimate that the overall VoIP market 

will become a multi-billion dollar business 

within three years. 

While many corporations have long been using 

voice over Frame Relay to save money by 

utilizing excess Frame Relay capacity, the 

dominance of IP has shifted most attention from 

VoFR to VoIP. Voice over packet transfer can 

significantly reduce the per minute cost, resulting 

in reduced long-distance bills. In fact, many dial-

around-calling schemes available today already 

rely on VoIP backbones to transfer voice, 

passing some of the cost savings to the customer. 

These high-speed backbones take advantage of 

the convergence of Internet and voice traffic to 

form a single managed network. This network 

convergence also opens the door to novel 

applications. Interactive shopping (web pages 

incorporating a “click to talk” button) are just 

one example, while streaming audio, electronic 

white-boarding and CD-quality conference calls 

in stereo are other exciting applications. 

But along with the initial excitement, customers 

are worried over possible degradation in voice 

quality when voice is carried over these packet 

networks. Whether these concerns are based on 

experience with the early Internet telephony 

applications, or whether they are based on 

understanding the nature of packet networks, 

voice quality is a critical parameter in acceptance 

of VoIP services. 

As such, it is crucial to understand the factors 

affecting voice over packet transmission, as well 

as obtain the tools to measure and optimize 

them. 

  

2. VoIP Network Elements 
 
VoIP services need to be able to connect to 

traditional circuit-switched voice networks. The 

ITU-T has addressed this goal by defining 

H.323, a set of standards for packet-based 

multimedia networks. The basic elements of the 

H.323 network are shown in the network 

diagram below:  
 

 
Figure 1: Typical H.323 Network 
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The H.323 components in this diagram are: 

H.323 terminals that are endpoints on a LAN, 

gateways that interface between the LAN and 

switched circuit network, a gatekeeper that 

performs admission control functions and other 

chores, and the MCU (Multipoint Control Unit) 

that offers conferences between three or more 

endpoints. 

2.1 H.323 Terminals 

H.323 terminals are LAN-based end points for 

voice transmission. Some common examples of 

H.323 terminals are a PC running Microsoft 

NetMeeting software and an Ethernet-enabled 

phone. All H.323 terminals support real-time, 2-

way communications with other H.323 entities 

H.323 terminals implement voice transmission 

functions and specifically include at least one 

voice CODEC (Compressor / Decompress or) 

that sends and receives packetized voice. 

Common CODECs are ITU-T G.711 (PCM), 

G.723 (MP-MLQ), G.729A(CA-ACELP) and 

GSM. Codec's differ in their CPU requirements, 

in the resultant voice quality and in their inherent 

processing delay.  

    Terminals also need to support signaling 

functions that are used for call setup, tear down 

and so forth. The applicable standards here are 

H.225.0 signaling which is a subset of ISDN’s 

Q.931 signaling; H.245 which is used to 

exchange capabilities such as compression 

standards between H.323 entities; and 

RAS(Registration, Admission, Status) that 

connects a terminal to a gatekeeper. Terminals 

may also implement video and data 

communication capabilities, but these are beyond 

the scope of this paper. 

The functional block diagram of an H.323 

terminal is summarized below: 

 
Figure 2: Functional Decomposition of an 

H.323 Terminal 

2.1.1Gateways 

The gateway serves as the interface between the 

H.323 and non-H.323 network. 

On one side, it connects to the traditional voice 

world, and on another side to packet based 

devices. As the interface, the gateway needs to 

translate signaling messages between the two 

sides as well as compress and decompress the 

voice. A prime example of a gateway is the 

PSTN/IP gateway, connecting an H.323 terminal 

with the SCN (Switched Circuit Network). 

2.1.2 Gatekeeper  

The gatekeeper is not a mandatory entity in an 

H.323 network. Gatekeepers manage H.323 

zones, logical collection of devices(for example: 

all H.323 devices within an IP subnet). Multiple 

gatekeepers may be present for load-balancing or 

hot-swap backup capabilities. The philosophy 

behind defining the gatekeeper entity is to allow 

H.323 designers to separate the raw processing 

power of the gateway from intelligent network-

control functions that can be performed in the 

gatekeeper.  

Gatekeepers provide address translation (routing) 

for devices in their zone. This be, for instance, 

the translation between internal could and 

external numbering systems. 

Another important function for gatekeepers is 

providing admission control, specifying what 

devices can call what numbers. Among the 

optional control functions for gatekeepers are 

providing SNMP management information, 

offering directory and bandwidth management 

services. A gatekeeper can participate in a 

variety of signaling models as dictated by the 

gatekeeper. 

2.1.3 Multipoint Control Unit (MCU) 

MCU’s allow for conferencing functions 

between three or more terminals. Logically, an 

MCU contains two parts: 

1. Multipoint controller (MC) that handles 

the signaling and control messages 

necessary to setup and manage 

conferences. 

2. Multipoint processor (MP) that accepts 

streams from endpoints, replicates them 

and forwards them to the correct 

participating endpoints. 
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2.2 Audio CODECs 

Voice channels occupy 64 Kbps using PCM 

(pulse code modulation) coding when carried 

over T1 links. Over the years, compression 

techniques were developed allowing a reduction 

in the required bandwidth while preserving voice 

quality. Such techniques are implemented as 

CODECs. 

Different compression schemes can be compared 

using four parameters: 

  1-Compressed voice rate – the CODEC 

compresses voice from 64 Kbps down to a 

certain bit rate. Most CODECs can accommodate 

different target compression rates such as 8, 6.4 

and even 5.3 Kbps. Note that this bit rate is for 

audio only. 

    2- Complexity – the higher the complexity of 

implementing the CODEC, the more CPU 

resources are required. 

   3-Voice quality – compressing voice in some 

CODECs results in very good voice quality, 

while others cause a significant degradation. 

    4- Digitizing delay – Each algorithm requires 

that different amounts of speech be buffered 

prior to the compression. This delay adds to the 

overall end-to-end delay. 

Table 1 

Compres

sion 

scheme 

Compre

ssed 

rate 

(Kbps) 

Requi

red 

CPU 

resour

ces 

Result

ant 

voice 

qualit

y 

Add

ed 

dela

y 

G.711 

PCM 

64 (no 

compress

ion) 

Non 

require

d 

Excell

ent 

N/A 

G.723 

MP-

MLQ 

6.4/5.3 Moder

ate 

Good 

(6.4) 

Fair 

(5.3) 

Hig

h 

G.726 

ADPCM 

40/32/24 Low Good 

(40) 

Fair 

(24) 

Ver

y 

low 

G.728 

LD-

CELP 

16 Very 

high 

Good Low 

G.729 

CS-

ACELP 

8 High Good Low 

There is no “right CODEC”. The choice of what 

compression scheme to use depends on what 

parameters are more important for a specific 

installation. In practice, G.723 and G.729 are 

more popular that G.726 and G.728. 

2.3 H.323 Protocol Stack 

H.323 consists of a set of protocols that work 

together to handle all aspects of communication, 

including: 

1.Transmission of a digital audio phone call. 

2.Signaling to set up and manage phone call. 

3.Allows transmission of video and data while a 

phone call is in progress. 

4.Sends binary message. 

5.Incorporates protocols for security. 

6.Uses a special hardware Multipoint Control 

Unit(MCU) for conferencing calls. 

7.Defines servers for address resolution, 

authentication, accounting, features, etc. 

H.323 uses both UDP and TCP over IP. Audio              

travels over UDP and data travels over TCP. 

 
           Figure 3: The protocol stack of H.323 

  

3. Quality of VOIP 
 

The basic routing philosophy on the internet is 

"best-effort", which serves most users well 

enough but is not adequate for the time sensitive, 

continuous stream transmission required for 

VOIP. Its imperative for an implementation of 

VOIP to remain cognizant of quality. Quality 

encompasses many factor, the ones that will be 

examined here QoS, Packet loss, latency and  

 jitter.    

             

4.  Understanding and Measuring 

Factors Affecting Voice Quality 

 
In the traditional circuit-switched network, each 

voice channel occupied a unique T1 time slot 

with fixed 64 Kbps bandwidth. When travelling 

over the packet network, voice packets must 

contend with new phenomena that may affect the 



International Journal of Engineering, Applied and Management Sciences Paradigms, Vol. 31, Issue 01 

Publishing Month: December 2015 

An Indexed and Referred Journal 

ISSN (Online): 2320-6608 

www.ijeam.com 

 

IJEAM 

www.ijeam.com 

10 
 

overall voice quality as perceived by the end-

customer. The premier factors that determine 

voice quality are choice of CODEC that we 

already discussed, as well as latency, jitter and 

packet loss. 

 

4.1 Understanding Latency  

 
The last aspect of network quality that we will 

examine is latency. This refers to the amount of 

time it takes a packet to get from one end of the 

network to the other. If this is long (more than 

150-200 milliseconds), it can create problems for 

the VOIP equipment that lead to an echo in the 

audio. If it is very long (more than 400 

milliseconds roundtrip), then it will interfere 

with human conversations. 
The most important components of this latency 

are: 

1-  Backbone (network) latency. This is the delay 

incurred when traversing the VoIP backbone. In 

general, to minimize this delay, try to minimize 

the router hops that are traversed between      

end-points. 

2 - CODEC latency. Each compression 

algorithm has certain built-in delay. Choosing 

different CODECs may reduce the latency, but 

reduce quality or result in more bandwidth being 

used. 

3 - Jitter buffer depth. To compensate for the 

fluctuating network conditions, many vendors 

implement a jitter buffer in their voice gateways. 

The jitter buffer size is usually set to be an 

integral multiple of the expected packet inter-

arrival time in order to buffer an integral number 

of packets. 
 

4.1.1 Latency Measuring 
 

     There are three interesting configurations for 

measuring latency: 

1- measuring latency of a device. 

2- measuring round-trip delay.   

3-measuring one-way delay. 

 

4.2 Understanding Jitter 

 
Each packet of voice information takes a 

different amount of time to go from one end of 

the network to the other. This variation is called 

“jitter”. The VOIP equipment on the receiving 

end is responsible for putting the packets into a 

buffer so that they can be played out as an 

unbroken stream of audio. The buffer that is used 

for the purpose is called a “jitter buffer” and it is 

a certain length in milliseconds. This length is 

called the “jitter buffer depth”. This depth should 

be about twice the size of the largest jitter value 

that actually occurs on the network. It is 

important to set the jitter buffer depth in the 

VOIP devices to match the behavior of the 

network. 

 

4.2.1 Jitter Measuring 

 
    Jitter is calculated based on the inter-arrival 

time of successive packets. 

Frequently, two numbers are given:  

1- The average inter-arrival time. 

2- The standard deviation. 

On a good network, the average inter-arrival 

time will be the inter-arrival time of the emitted 

packets, and the standard deviation will be low – 

pointing at a consistent inter arrival time. 

 

4.3 Understanding Packet loss 
 

   The quantity is the percentage of packets that 

are sent from one end of the network connection 

that do not reach the other end. Networks with 

a packet loss of more than 3% are not good 

candidates for VOIP (1% is optimum), as there 

will be dropouts in the audio. Packet loss 

increases sharply at the point where the network 

is overloaded with traffic. For this reason, packet 

loss testing must be done in conjunction with 

bandwidth and QOS testing. 

On a lightly-loaded network, packet loss may be 

low, but it may become unacceptably high when 

the number of packets reaches the maximum that 

the network can accommodate. 

 

4.3.1 Packet loss measuring 

 
  Eq. (1) shows the calculation of packet loss 

ratio defined as a ratio of the number of lost 

packets to the total number of transmitted 

packets Where N equals the total number of 

packets transmitted during a specific time period, 

and NL equals the number of packets lost during 

the same time period. 

Loss packets ratio = (NL / N) × 100%    (1)
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4.4 Understanding End-to-End Delay for 

a Single Voice Packet 

 
The end-to-end delay is sometimes referred to by 

M2E (Mouth-to-Ear delay). 

G.714 imposes a maximum total one-way packet 

delay of 150ms end-to- end for VoIP 

applications. In a delay of up to 200ms was 

considered to be acceptable. 

 

4.4.1 End-to-End Delay for a Single Voice 

Packet Measuring 

 
We can break this delay down into at least three 

different contributing components, which are as 

follows: 

1. Encoding, compression, and packetization 

delay at the sender. 

2. Propagation, transmission and queuing delay 

in the network and. 

3. Buffering, decompression, depacketization, 

decoding, and playback delay at the receiver. 

 

5. Available Bandwidth 
 
In order to use a network for VOIP, there must 

be enough bandwidth available to carry the voice 

packets. This available bandwidth is not the 

same thing as total (raw) bandwidth. It is a 

measurable amount of voice traffic that can be 

transported by the chain of routers and switches 

that make up the data network. This 

measurement is done by comparing the amount 

of voice data that we need to the amount of voice 

data that the network can carry. There are several 

subjects that you should understand to determine 

available bandwidth. These include raw 

bandwidth, bottlenecks, streaming UDP, and 

codecs. 

 

5.1 Raw Bandwidth 

 
Most customers who buy network services are 

familiar with the raw bandwidth of each of their 

connections. If they have a full T1 devoted to 

data networking, then they have about 1.5Mbits 

of raw bandwidth, half of a T1 is 768Kbits, etc. 

DSL is sometimes trickier, because raw 

bandwidth in one direction is often different than 

in the other. You might have 768Kbits of 

download capability with only 128Kbits of 

upload. Point-to-point radio, microwave, dial-up, 

and other “last-mile” technologies all have a 

specified raw bandwidth value that your provider 

can tell you. 

What they cannot tell you is how much of the 

bandwidth will be available for your voice 

applications to use. Each type of connection 

loses some of its bandwidth due to the header 

information that is included for each packet. 

Some networks lose so many packets when you 

approach their maximum utilization that they 

become unusable for voice applications at that 

rate. 

6. Conclusion 

Voice over IP services offer lucrative advantages 

to customers and service providers alike. 

However, as with any new technology, it brings 

its own sets of network design and optimization 

issues. In this paper, we discussed the 

understanding the important parameters, and 

acquiring the proper tools, you can reap the 

benefits and QoS of voice over packet services 

networks. 
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