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Abstract 

Voice over Internet Protocol (VoIP) has become a key technology of communication. Our 
work has been a practical implemenation of different scenarios to show that VoIP voice 
quality can be improved by adopting certain Quality of Service(QoS) measures such as 
classification, marking or queuing. It has been discussed that different QoS metrics like delay, 
packet loss and jitter could affect the voice quality of VoIP. To reduce the negative affects, 
one option is to implement certain QoS mechanisms with some set of configurations. For this 
purpose, Cisco IP phones have been configured in our topology with routers, switches, traffic 
generators, end stations and VoIP quality monitoring software called VQmanager. Tests have 
been divided into two sets. In one test a fixed bandwidth of 70 kbps is set while in the other 
test a random bandwidth is set with trafic generators unleashing packets of traffic. In both 
these tests further scenarios with configurations are worked out. They include no QoS, Auto 
Qos and Customized Qos mechanisms. Results have been indicative of top performance by 
the Customized QoS mechanism, in both sets of tests, followed by Auto QoS and no QoS 
mechanisms. It has been observed that a customized scenario could be a particular 
configuration to any organization’s needs and that will have the lowest delay, jitter and packet 
loss which are the main QoS metrics that impact the voice quality of VoIP. It  can be 
fundamentally composed of classification of voice, data or web-traffic, marking and queuing 
depending upon the need of the organization. It is finally suggested to carry more tests in 
companies to get more data for analysis.  
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1 Introduction 
As we move into the 4th generation cellular communications era, voice over IP (VoIP) is 
gaining popularity. Internet was initially designed for non real-time data transfer and it is now 
evolving more and more towards other areas such as voice communications. Since internet 
usage has gripped the world, it could be deduced that the voice communications would evolve 
along with this. VoIP is one alternative for voice communication. The Public Switched 
Telephone Network (PSTN) is another and it may well be there for only a little more time. 
Mobile phone communication is still new and is evolving by the day. The transformation from 
copper to fiber optics is quickly transforming new communication lines. Technological 
convergence of Digital Subscriber Loop (DSL), broadband, cable, Worldwide Interoperability 
for Microwave Access (WiMAX), Long Term Evolution(LTE) and telecommunications is 
fast approaching [2]. When we think of VoIP, the idea of a cheap call comes in mind. The 
question that strikes one most, is that if we can achieve the same level of voice services that 
would otherwise be offered though PSTN and mobile communication then why would we not 
employ VoIP everywhere?  

This is a big question but it is not that easy. There are a lot of other reasons ranging from 
technical to business and political matters. Nonetheless, the growth of population and 
businesses suggest that we need all of these alternative ways of communication. There is a big 
move of convergence and integration for the important cause of saving money. Voice data 
needs more bandwidth over internet. This need can be fulfilled easily by providing more 
bandwidth but it is of course not for free. VoIP networks do not enjoy the prerogative of 
reserved lines as PSTN enjoys. This fact can make us think twice about the omnipresence and 
the availability of VoIP. VoIP gives many diverse services. Voice, fax and data can be 
combined over the same network. Virtual Private Networks (VPNs) for communication within 
a company having remote sites, online call centers, billing services in real-time and 
teleconferencing can be some areas of use of IP telephony [1]. 

While there are other reasons why VoIP has not taken off on a massive scale as yet, we want 
to delve deeper into the technical reasons. Technically, one problem area that the VoIP is the 
quality of voice. One reason for the lesser voice quality is the absence of a cutomized QoS 
mechanism. We shall focus on this. Currently there are some simulation studies available to 
study the VoIP QoS area but we are more interested to see the relations in a practical 
laboratory experiment. The aim is to find which metrics or parameters of QoS such as delay, 
jitter, packet loss and bandwidth have a direct impact on voice [1]. First we need to see it on a 
simple scenario of two interconnected networks. The aim will be to see what kind of 
mechanism serves the VoIP quality better. Can we devise a mechanism where this potential 
problem can bear some solution? Can it be a static mechanism or a rough idea of what a QoS 
supporting mechanism looks like?  For these questions we shall see the results. 

1.1 Application Area and Motivation 

Looking at the trends in the international market of telecommunication, we see that there will 
be a lot of internet usage in future. Different communication technologies are to offer variable 
services in their current capacities. Current trend is towards the integration of voice, video and 
data. This integration is going to happen over the IP [2]. Companies like Vonage are already 
offering their services in VoIP. New technologies such as WiMax and LTE promise a high 
bandwidth. One of the main things that VoIP needs is a good bandwidth which these new 
technologies can provide. Our interest in VoIP is because we can invest in a VoIP startup 
even as an entrepreneur. In Pakistan, today it is illegal to start any VoIP services. It is dubbed 
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as grey traffic in Pakistan. This situation will however not remain the same. While VoIP 
expands in different markets, we can become a part of this technological revolution. There are 
business organizations which would like to have a replacement with VoIP for many reasons 
like cost reduction and other value added services that VoIP offers. Unified messaging in a 
corporate environment is one such application which can be offered in a VoIP package. In this 
way variable communication ways could be merged to give better productivity. Email, fax 
and voicemail etc are all delivered to the user’s common inbox where the user can maintain 
his/her communication with the whole business environment. Before choosing this topic for 
our thesis, we also did some market research. We are coming to a conclusion that whether the 
enterprise is large or small, VoIP is gaining momentum for adoption. Compared to bigger 
companies the smaller ones are more likely to adopt it soon. Mostly the decisions are due to 
size, finances, call quality and security [5][6]. If one embarks upon a replacement of one’s 
current communication system from PSTN to VoIP, the question arises as to which form of 
VoIP, wireless or wired, should the transition take place? This is of course a strategic decision 
where availability and cost factors should be taken into account. Main technical problems 
with VoIP are call quality and security [6]. We needed to take the technical line to understand 
matters related to a VoIP call quality. 

1.2 Problem Studied 

Since VoIP networks have yet to establish the credibility with regards to the quality of voice, 
we needed to identify the factors that can affect the voice quality most like delay, jitter and 
packet loss. We studied statistics related to VoIP networks using different combinations of 
VoIP QoS mechanisms. Our problem statement is to find out what the objective quality of 
voice is when we test different QoS mechanisms. For this purpose we need to do a 
comparison of the different QoS mechanisms like no QoS, Auto QoS and some customized 
QoS parameters. Those scenarios and definitions of QoS and auto QoS have been discussed in 
the coming chapters. Based upon figures we conclude that the customized QoS mechanism 
that was tested along no QoS and Auto QoS mechanisms, serves VoIP QoS better.  

1.3 Related Work 

Scenario 1:  

According to one simulation study[3], a scenario was simulated for VoIP traffic. It was based 
on 3 subnets, 8 layer 3 devices, 30 layer 2 switches, 9 gateways, 6 gatekeepers. One question 
asked in that simulation was ‘if the voice traffic is more than the data traffic in a certain 
environment, what effect can one expect on the voice quality? 

Problem 1: 

The end-to-end delay in this simulation study was recorded to be 300 ms. This is an obvious 
problem. Acceptable delay can be upto 150 ms[4]. 

Solution 1:  

Increase the number of gateways by one. By adding one gateway, the end-to-end delay went 
down 50-100% to the tune of 0-150 ms.  

Conversely if the data traffic is in simultaneous use along with the voice traffic, how would it 
affect the system?  
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Scenario 2:  

By increasing the number of nodes in an Ethernet network that is being used for VoIP 
communication, the delay steadily increases [4]. First, the end-to-end delay between two VoIP 
nodes is seen. Next when the number of VoIP nodes is increased, then the end-to-end delay is 
recorded again.  

Problem 2: 

The problem is that initially when there are only two VoIP nodes, the delay figure was 1 ms. 
But when it is gradually increased, the delay also gets increased. For 120 VoIP nodes it is 9 
ms.[4] The wireless VoIP is showing more delay than the wired Ethernet delay. 

Solution 2:  

Since the delay and packet loss is increasing by increasing the number of nodes, we can think 
in terms of increasing the bandwidth per client to solve this problem. 

1.4 Thesis Goals and Expected Results 

Some goals and expected results that we foresaw are as follows: 

1. Study and understand the QoS metrics in VoIP. 

2. Implement a network topology on the network equipment. 

3. Measure and test the QoS mechanisms under different scenarios with software like 
VQManager. 

4. Evaluate and compare our results to come to a consensus point for improving voice 
quality through objective voice quality.  

5. We hope to see the customized QoS mechanism to be performing better than other 
mechanisms of QoS. 

6. Point out any ambiguities that exist and any shortcomings that we experience. 

7. Suggest a future line of action. 
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2 Background 
VoIP is a modern technology of communicating over internet. It requires the use of the 
internet and the technology that allows data to travel between users. In the traditional 
telephone, voice travels in its analog form from your telephone to a telephone company 
switch. After that, switch will take decision for next step of your call whether call is to be sent 
to destination or another switch.  Using the plain old telephone system (POTS) system your 
phone call travels the same path along physical wires based upon where the phone call will 
terminate [7].  

This chapter reviews relevant literature on VoIP. The studies relate to VoIP network 
performance and workload such as VoIP traffic analysis and literature on VoIP QoS 
measurements. 

In reference [9], the paper shows implementing QoS enabled in IP network, end-to-end VoIP 
mechanism like VoIP in Local Area Network (LAN), VoIP in Wide area Network(WAN)  and 
LAN–To-WAN Internetworking Qi's. This paper says that a successful VoIP implementation 
requires general IP QoS protocols such as the Institute of Electrical and Electronics Engineers 
(IEEE) 802.1D, Resource Reservation Protocol(RSVP) and Differentiated Services(DiffServ) 
that provide differentiated network services based on traffic classification. However, it also 
needs voice-specific mechanisms such as call setup signaling across multiple administrative 
domains and call admission control (CAC). Here it is explained that WAN service providers 
offering QoS-based IP services to enterprises need to coordinate their respective technologies 
and establish some presence at their customers’ premises (e.g., via the Quality Computer 
System (QCS)) so that QoS will be provided and managed end-to-end.  

According to the reference [3], this paper described the development of a simulation tool to 
design and analyze communication networks. It focuses on the functions to simulate VoIP in 
the various environments. Authors represent the simulator which can analyze the general 
network and VoIP. While the existing tools generate the voice traffic information and analyze 
only the quality of its transmission, this system is able to analyze the performance of VoIP-
related devices such as gateways and gatekeepers. Authors generated a variety of data packets, 
call signals and voice traffic. 

2.1 VoIP Signalling 

Numerous VoIP call signalling protocols exist at the same time. The challenge is to make 
them work together. One protocol works at one time. We can choose from H.323, SIP, MGCP 
and Megaco/H.248. 

2.1.1  H.323 

The H.323 protocol is previously related to video telephony standard. When proprietary 
products were being developed, the need was felt for developing such interoperable protocols 
and services that would lessen the effect of proprietary products. In the process H.323 was 
recommended by the Voice-over-IP Activity Group of the International Multimedia 
Telecommunications Consortium (IMTC). H.323 was launched for multimedia 
communications over packet data networks. Soon it became a standard for VoIP networks. 
VoIP has some backend components which are very essential for it for example VoIP gateway 
routers, VoIP gatekeepers, switches etc. H.323 gateway routers co-ordinate the functions of 
different networks like a public switched circuit network (PSCN) and a packet switched 
network. The terminals of both the networks are in need of a common protocol translation and 
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media transcoding. For example, a VoIP gateway converts different transmission formats into 
meaningful signaling procedures between PSCN and a packet switched network. Moreover, 
some speech transcoding and compression functions are also the part of a gateway’s 
functions. The H.323 VoIP terminal components include some features discussed below: 

A System Control Unit (SCU) is to support signalling for correct operation of the H.323 
terminal that provides for call control using H.225.0 and H.245. 

H.225.0 layer changes the audio and control traffic into messages, recollects the audio streams 
from messages that were received from the network interface, and performs logical framing, 
sequence numbering, error correction and detection. An audio codec transcodes and may also 
compress speech. 

H.323 Gatekeeper, gatekeepers have the one important function in the form of admission 
control and address translation. Several gatekeepers tend to associate with each other in order 
to synchronize their control services. The gatekeeper is logically partitioned separately from 
the other H.323 entities, but physically it may exist along with a terminal, gateway, or an 
H.323 proxy. When present in a VoIP network, the gatekeeper provides these functions.  

1. Address translation—the gatekeepers translate alias addresses to transport addresses by 
making use of tables that get updated through messages. 

2. Admissions control—the gatekeeper authorizes network access using H.225 message 
scheme. Admissions criteria may include call authorization, bandwidth, or other policies. 

3. Bandwidth control—the gatekeeper controls the bandwidth limits for a certain terminal 
scheme. 

4. Zone management—a terminal may register with only one gatekeeper at a time. 
Afterwards the gatekeeper could be utilized for these services by the terminals and 
gateways. It is optional to take part in call control signalling. 

2.1.2 Session Initiation Protocol (SIP) 

SIP is a control signalling protocol. It helps in setting up or off a session. SIP finds its 
destination based on a logical name like an email address, nickname or a telephone number 
rather than on an IP address. Customized messages of status notification can be a part of 
different SIP features. With the help of SIP we can also have text messaging features. SIP 
allows the concise addition of new services by third parties. Microsoft has included a SIP 
stack in Windows XP and new advancements are being introduced as time goes by.  

Since SIP can work both with intelligent devices that need little application support from the 
network and unintelligent devices that need more support from the network, we have a similar 
situation of transition from shared computers to personal computers as it happened in early 
days of computers. The applications on the mainframe computers were then accessible from 
the PCs too. While the H.323 model requires call control for application interaction, SIP users 
can interact directly with applications. Traditional telephony functions and new services can 
work combined in SIP. Instant messaging and video telephony being an example of latest 
services.   

Using a client–server scheme, SIP defines logical entities that may be implemented separately 
or in a combined shape in one product. Clients send SIP requests, whereas servers accept SIP 
requests, execute the request, and respond. 

The SIP specification defines six request methods: REGISTER helps a user or a third party to 
register their contact details with the SIP server. INVITE initiates the call signalling 
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procedure. ACK acknowledges a session while CANCEL does the reverse. BYE terminates a 
session. OPTIONS contains different available options on the server. 

2.1.3 Skinny Client Control Protocol (SCCP) 

Skinny Client Control Protocol (SCCP) is primarily used with IP phones. SCCP is utilized for 
the communication of call manager and end devices, such as VoIP phones. SCCP is also 
supported by different vendors. It’s a kind of client server protocol. For example, every event 
like any calling function, on-hook or off-hook causes signals to be transmitted to call 
manager. A call manager will instruct the device for next task like what to do when this 
condition occurs. When the end user presses any button for data sending to destination, at first 
both make the communication between end user and call manager. The end station of a LAN 
or IP- based Private Branch Exchange (PBX) should be easy to use, intimate and relatively 
inexpensive. The skinny client like Ethernet Phone uses transmission Control Protocol TCP/IP 
to send and receive calls and Real-Time Transport Protocol(RTP)/UserDatagram 
Protocol(UDP)/IP to send or receive data from Skinny Client. Skinny messages use port 2000 
and carry the message above TCP [1]. There are some benefits of SCCP for example, it 
supports rapid change in the protocol. It is the easiest protocol for IP-Telephony network. If 
SCCP is used in the IP-Telephony, it can work with H.323 together [1]. SCCP can also make 
different required functions in the network. The skinny client can communicate using an 
H.323 proxy. 

2.1.4 Differences Between Peer-to-Peer and Master-Slave Control Signalling Protocols  

H.323 and SIP are peer-to-peer control-signalling protocols. MGCP and Megaco are relatively 
new and are master–slave control-signalling protocols. MGCP is based on the PSTN model of 
telephony. H.323 and Megaco are intended to have capacity for video conferencing as well as 
basic telephony. Call control utilities are more in number in H.323 than MGCP. MGCP 
stipulates most of the intelligence to be centred in a segregated media gateway controller. SIP 
is made indigenously to support a range of applications apart from the voice [14]. 
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Peer-to-Peer Control Signalling Protocols Master-Slave Control Signalling Protocols 

H323 SIP MGCP Megaco 

Designed to 
accommodate video 
conferencing 
alongside basic 
telephony 

 

Basically meant for 
IP networks which 
also supports PSTN 
functionalities. 

 

Based on PSTN 
model of basic 
telephony. 

 

 

Designed to 
accommodate video 
conferencing 
alongside basic 
telephony 

H.323 gateways have 
more call control 
functions than media 
gateway. 

SIP users can directly 
interact with different 
applications on the 
network while H.323 
requires the call 
conrol functions. 

MGCP centers more 
intelligence in a 
separate media 
gateway controller. 

 

H.323 does the job of 
address translation 
and in that IP 
addresses are also 
included. 

SIP does not make 
use of IP addresses 
for identification of a 
logical destination. 

MGCP supports the 
authentication of 
source address. 

Megaco also supports 
the authentication of 
source address. 

TCP/UDP are 
supported. 

TCP/UDP are 
supported. 

Only UDP is 
supported for 
signalling. 

Either of TCP/UDP 
can be supported as 
the transport layer. 
But as a whole can 
support ATM and 
SCTP. 

H.323 does not allow 
for third party 
control. 

SIP supports the new 
application 
development by 
independent 
companies. 

MGCP supports only 
IP Security protocol 
(IPSec) 

Megaco supports 
both IPsec and 
authentication 
header. 

                                                                                                                                         [14],[18] 
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2.2 VoIP QoS Metrics 

There are numerous theories that make up the QoS in the communication networks. From a 
more generic perspective we can ask what is the quality of the service that my service 
provider is providing. The user sees the overall picture in which availability, speed and 
perfection are rated. However, from the technical point of view there are some other 
parameters like delay, jitter, packet loss, echo and bandwidth which contribute to the quality 
of service. In the VoIP, we can say that a good QoS will be the performance of the VoIP call 
in a repeated and easily understandable way, without disturbance.  We can group the quality 
of service into two types [10]. Intrinsic and perceived quality of service. 

2.2.1 Intrinsic Quality of Service 

Intrinsic or objective quality of service enables us to try to gauge the VoIP network 
performance by some tangible and quantitative metrics like delay, jitter, packet loss, echo and 
r-factor. These metrics are expressed in quantitative form and they can be measured through 
softwares or tools which are associated with the network topology. The tools must be 
cognizant of how the network traffic works. We can also use tools like VQManager and 
OpManager (software). The tools capture the traffic and analyze the traffic for QoS metrics. 
QoS metrics are explained below: 

Latency Delay 

Delay [10] is a major source of voice quality degradation as the network grows and the load 
on a network increases. There are certain delay types when we talk of networks. These delays 
occur from one end to another end. The intermediate distance that the packets commute is 
comprised of certain equipment and medium. The delay has also been thus divided into 
different types according to this break-up. Acceptable delay can be upto 150 ms[4]. Let us 
shed some light on this important performance metric. 

The different types of delay are as follows; 

1. Processing or Compression Delay 

2. Algorithmic Delay 

3. Packetization Delay 

4. Serialization Delay 

5. Queuing or Buffering Delay 

6. Network Switching Delay 

7. De-Jitter Delay 

Processing or Compression Delay 

We need to compress or encode the analog signals before putting them onto a Wide Area 
Network (WAN) link. So the signals are first compressed at the sender end by using Pulse 
code modulation(PCM) technique into digitized samples. A digital signal processor (DSP) is 
used coupled with a coder-decoder(codec) for this purpose. Afterwards the digitized samples 
could be put on the WAN link for transmission and similarly they are again decompressed 
into analog signals for delivery to the analog phone.  
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During all this process some delay occurs and that delay is called processing delay. The delay 
is different for different coder types and speeds of the processors. For example with codec 
G.729 in worst case scenario it could be 10ms. 

Different algorithms are used in conjunction with different codecs. For example G729A uses 

Conjugate Structure Algebraic code excited linear prediction (CS-ACELP). Theoretically it is 
stated that it can have a delay of 2.5ms to 10 ms. That delay time is however dependent upon 
how the DSP processor functions. If there are 4 voice channels to cater, a 10 ms delay would 
result however if there was only one voice channel, 2.5 ms will be the delay. 

We should also know that when the voice is decompressed, the time is usually 10 percent of 
the time it takes to compress each block. If there were more samples in one frame then the 
decompression time would have increased with each sample. As an example if there were 10 
samples in a frame, then the time to decompress becomes 10 x 1ms= 10ms. 1 ms being the 10 
percent of the time it takes to compress. Normally a frame contains 2 or 3 blocks of 
compressed G.729 output. 

Algorithmic Delay  

In addition to the compression delay, frames experience some additional delay. The rationale 
for this delay is that when the compression happens, it must know some voice characteristics 
of the next block to process that block properly. Now this can add an additional overhead to 
the compression. It happens in iteration in a way that each current block that is being 
processed shall look into the next block that is to be processed. The overall count will add up 
to 5ms on the link. This means that with 10ms there will be 5ms of algorithmic delay. 
Algorithmic delay of G729 codec is given by 5ms. G726 has an algorithmic delay of 0 ms. 
G723.1 has a delay of 7.5 ms. These are the general figures given by Cisco systems.  

Equation for Added-up coder delay= worst case compression delay per block + (de-
compression delay block x Number of blocks in frame)+ algorithmic delay 

For example, here the added-up coder delay would become= 10ms (worst case compression 
delay) + 10ms (decompression delay per block) x 2ms (2 blocks)+ 5 ms (algorithmic delay)    

This adds up to= 35ms 

Packetization Delay 

When the speech is encoded or compressed, then it is packetized in a buffer. The delay in this 
process is called the packetization delay. The size of the buffer should be taken special care 
of. It is because if the size of the buffer remains small, then it will get filled too early and 
further incoming packets will experience delay and will have to be stopped. Moreover, if 
incoming packets are still arriving just when the buffer has no space, they could be discarded 
and thus the packet loss could occur. Packetization delay should remain under 30 ms 
otherwise it could put undue pressure on the CPU (central processing unit). 

If the delay is lower, the transmission rate of packets will get higher resulting in more pressure 
on the CPU. 
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Serialization Delay 

Serialization delay is the time which is consumed when the frames are put on the network 
interface. On the trunk line if the clock rate was more, less will be the serialization delay and 
the converse is also true i.e less the clock rate, more will be the serialization delay. However, 
it also depends upon the frame or payload size. If the payload was more, the delay will 
increase proportionally. 

Queuing Delay 

Queuing delay occurs when the voice is compressed in the form of the payload and the header 
is appended to queue the payload for transmission on the network. The priority of voice 
should be set higher on the router or gateway. Voice frame can wait when a data frame is 
ahead of the voice frame already. Voice frames however do not wait behind more than 1 data 
frame because of the priority of voice. Serialization delay of the frames that are behind the 
voice frame in the output queue is experienced ahead of the voice frames. Queuing delay is 
not a fixed one rather it relies upon the speed of the link and the state of the queue.  

Suppose if we were to calculate the queuing delay on a 128kbps line and there were two 
frames ahead. One frame was a data frame of 64 bytes and the other was a voice frame of 56 
bytes. We assume that half of the data frame has gone so we calculate the frame delay to be 4 
x 0.5= 2ms. We take the value from the table having serialization delays. The delay for the 
voice frame that is ahead, equals (56x4)/64=3.5ms. So when added together we get, 
3.5+2=5.5ms of total queuing delay. 

Network Switching Delay 

Network switching delay occurs at the interconnection points between networks. This is one 
of the largest delays. The fixed delay can result from the propagation delay while the variable 
delay accrues from the queuing delay. However, the delay resulting from interconnecting 
equipment, backhauling and multiplexing can show up unexpectedly. 

D-Jitter Delay 

If the jitter is not removed from the speech, the gaps in speech could degrade the quality of 
voice. For this purpose we have the de-jitter buffers in the gateway or a router at the receiving 
end. The initial sample that is received is held up for some time before being released and that 
is the called the initial delay. To manage the de-jitter buffer properly we need to strike a 
balance. Holding the samples for a very short time can make the buffer under-run. This may 
result the gaps in the speech. Likewise holding the samples for very long can increase delay 
coupled with drops of packets. 

Jitter 

Jitter is the name given to the variation in delay that occurs between two successive packets. It 
is mainly observed because the packets have to be multiplexed upstream in the network. It can 
occur when the packets need to be queued.  

Several types of traffic traverse the IP network such as audio, video and data. Packets are 
multiplexed on the network routers. We will not experience any jitter if all traffic streams with 
the identical arrival rates are superposed. If the traffic stream is repetitive the delay gets 
similar and we do not see jitter. Jitter can be observed irrespective of the overall delay.  

  Jitter n = Arrival n – Arrival n-1    [21] 
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In our case the traffic streams are multiplexed with each other in a multi-nodes network to 
investigate the delay jitters characteristics. The traffic stream traverses the whole network 
before it reaches the destination and this could add to jitter figures. There are different 
processes to reduce jitter. For Example, Boyer.et al. [12] proposed to use a spacing 
mechanism at network input point to bring down the ‘cluttering’ of periodic traffic 
transmission. He performed simulation to show the reflections of the periodic background 
traffic on the different QoS factor like delay and jitter. The queuing effects could be quite 
different and this makes it hard to estimate the jitter [13]. The value of acceptable jitter is 50 
ms.[4] 

A de-jitter buffer can be used as one of the solutions to reduce the effect of jitter. When the 
voice stream is forwarded to the router for transmission over the internet then there is a factor 
of jitter along with the voice stream which has to be offset. The function of the de-jitter buffer 
is to receive the packets and hold them for some time before playing them out in a steady way. 
A good estimate has to be taken in making the buffer size. It is because if it was too small, the 
packets could experience loss and if it was too large, the packets could experience delay. 

Loss 

The packet loss depends a lot on packet size. Packet loss is related to end-to-end delay. If 
packet size becomes higher, the delay becomes shorter. This can however run the risk of 
packet loss. Packet loss can severely degrade the voice quality. Higher packet loss can be 
reduced by decreasing packet size even if it means increase in delay as smaller packets 
increase in the network. 

One solution to reach a balance between delay and packet loss is to employ a balanced packet 
size. A packet size which is neither too big nor too small [22]. 

Echo 

Echo is the hearing of one's own sound. The voice when travels from one end point to another 
has to traverse different equipment and the trunk lines. It will not occur at the digital end of 
the network. Rather it occurs at the analogue end when it has to be sent from one set of two 
hybrid wires to a four wired trunk line [11]. 

R-Factor 

R-factor is computed mathematically and is used to express the objective quality of voice 
quantitatively. The effect from different kinds of impairments combine to give the r-factor as 
opposed  to the  individual effects from impairments. This is also given mathematically, [19] 

R = Ro − Is − Id − Ie-eff + A 

Where Ro means signal to noise ratio (SnR),  Is refers to impairments that occur somehow 
simultaneously along the voice signal, Id refers to delay impairments, Ie-eff refers to effective 
eqipment impairments mainly by low bit rate codecs and A refers to the advantage which is 
the compensation of different impairment factors.   

The values of r-factor range from the lowest ’0’ to the highest ’100’. An extremely bad quality 
means ’0’ while an extremely good quality means ’100’. 
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2.2.2 Perceived Quality of Service 

This is also called subjective quality of service. The experience of user regarding the quality 
of the resulting service is called perceived quality of service and it is the final determining 
factor of how the quality of a particular service works. This is ultimately more potent source 
of giving us the right estimate of the quality of voice. It could include user feedback as to how 
a user sees the whole service. The users judge it by analyzing different factors like 
availability, clarity of voice, less delay in speech, lack of disturbance, cost, and customer 
support available.  

Mean Opinion Score (MOS) 

MOS is a scale which is used to judge the quality of voice. The MOS is primarily derived 
from the r-factor. Thus the MOS can be estimated from the r-factor as follows: 

for R<0,       MOS=1, 

for 0<R<100   MOS= 1+0.035R+R(R-60)(100-R)(7×10‾ 6) 

for R>100        MOS=  4.5 

Furthermore it is the human perception of the voice quality and is expressed according to the 
scale as follows.[19] 
 

 

MOS Table [19] 
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2.3 VoIP QoS Models 

There are different strategies to achieve Quality of Service which we need to discuss in detail. 
This is one of the core parts of our thesis to know what kind of different strategies could be 
applied to achieve better voice quality as a result. We can divide the traffic into two classes 
for inspection of their behaviors with different QoS mechanisms. 

2.3.1 Best Quality Model 

Best effort model is a default model in network. It provides equal service like priority and 
bandwidth for all traffics. The best-effort service builds every feasible attempt to transmit 
packets across the destination. Best effort model sends the traffic with no guarantees of 
bandwidth or priority [17]. 

Advantages: 

1. The best effort model is scalable. It uses whole bandwidth of network. 

2. No need to use special QoS for this model. 

3. It is easier to implement. 

4. Internet uses the best effort model for all kinds of delivery packets. 

Disadvantages: 

1. In best-effort model there are no guarantees of delivery of packets. 

2.  This is a default method. Packets can arrive in any order and at any time. 

3. There is no separate treatment of different types of traffics.  

4. All packets are given the same treatedment at the same level. 

2.3.2 Integrated service Model 

The integrated service model (IntServ) is a guaranteed service model for some specific level 
of traffic in a specific period of time. IntServ model provides guaranteed flow of data while 
negotiating different parameters end-to-end. It also needs the reserving of resources for this 
application before it starts transmission of data. IntServ uses the RSVP to reserve the path 
throughout the network. RSVP enables layer 3 routers or CallManager Express (CME) routers 
working in proxy for a non-RSVP-aware device. An RSVP enables router request to the next 
hop router for specific level of service and each router along the way. 

RSVP enables router reserve the specific bandwidth for that flow for some length of time. 

If the network can not provide the required bandwidth, the session is not allowed. RSVP can 
provide the service for any kinds of traffic especially used for real-time application like voice 
and video [15].  

Limitation of IntServ: 

Each router needs to  contain a lot of state information that’s why it runs on a small-scale 
network. If the network increases then it can be challenging to store all traces of all of the 
reservation. 
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Auto QoS 

Auto QoS is a utility that automates and simplifies the QoS configuration across the network. 
It is one kind of building QoS configuration file which includes classification, marking, 
policy, queuing and access-lists. It is an innovative technology that minimizes the complexity, 
operating cost and time of QoS deployment. The first phase is of Cisco AutoQoS developed 
for Voice over IP (VoIP) for the customers who want to establish IP telephony and who have 
a lack of expertise, [15]. It can be used both for LAN and WAN.      

Advantages of Auto QoS as we see it: 

1. It simplifies QoS deployment and speeds up network infrastructure. 

2. It reduces the user training cost and human error and deployment cost in the industry.. 

3. In just a single command you achieve Auto QoS. 

4. User can also modify the Auto QoS via Caller Line Identification (CLI) to meet specific 
requirements. 

5. Enterprises can benefit from deployment costs and time that are up to three times cheaper 
and faster than a manual approach. 

6. Cisco AutoQoS performs the following functions in both WAN and LAN networks [15]. 

a) Wide Area Network (WAN) 

1. It can automatically classify Real Time Protocol (RTP) payload and VoIP control packets 
(H.323, H.225 Unicast, Skinny, SIP, and MGCP). 

2. It detects and classifies the VoIP and data traffic by Network-based Application 
Recognition (NBAR) protocol detector. 

3. It makes service policies for VoIP traffic that are based on Cisco Modular QoS CLI 
(MQC). 

4. Provision of Low Latency Queuing (LLQ)-Priority Queuing for VoIP bearer and 
bandwidth guarantees for control traffic. 

5. It sets up traffic shaping, fragmentation or compression that adheres to Cisco best 
practices, where required. 

6. It provides Simple Network Management Protocol (SNMP) and SYSLOG alerts for VoIP 
packet drops. 

b) Local Area Network (LAN) 

1. It sets up the priority and queuing on the switch interface for voice and data traffic. 

2. It enables the trust boundary on Cisco Catalyst switch access ports and uplinks or 
downlinks. 

3. It modifies queue sizes and weights where required. 
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2.3.3 Differentiated service Model 

The differentiated service model is another QoS model, the most usable and efficient model in  
the network. DiffServ includes classification tools, queuing mechanisms, policy and traffic 
shaping. DiffServ classifies the network traffic into classes and each class contains lots of 
different kinds of traffic which requires different kinds of QoS for example, VoIP traffic and 
data traffic QoS requirements are not same so they require customized QoS parameters. VoIP 
traffic requires different QoS than HTTP, but HTTP traffic can have the same QoS 
requirement as web traffic. So we can put the HTTP and web traffic into the same class. The 
network traffic can be classified through ports, network address, protocols, and it is 
accomplished by an extended access list. DiffServ is a highly scalable solution for large 
networks. It offers different QoS for different traffic. Still DiffServ is no guarantee of service 
quality. It is complicated to implement. We can treat the traffic on a per hop basis along the 
way to the destination and it is referred to as per-hop behavior (PHB) [15] 

Customized QoS 

Our idea of customized QoS comes from Diffserv approach. We implemented some QoS 
parameters according to the needs of different classes. A balanced application as such should 
give us a better quality. Some factors are explained as follows. 

a) Classification and Marking 

Classification is the basic step of QoS implementation for various types of traffic in the 
network. Unless traffic is detected, it is impossible to give the unique level of service. Traffic 
is classified by any application, source or destination IP-address, or inbound interface [15] 
Class map uses match statements for defining class of traffic. NBAR is used for protocol 
discovery. The match category may be NBAR-recognized protocols, access-list, QoS 
marking, packet size and different kinds of applications.  In our case we classify the traffic 
into data traffic and voice traffic. Since we do not intend to use data traffic we do not allocate 
any bandwidth to data traffic. Voice traffic is allocated the whole bandwidth. 

Marking is the second step of QoS implementation. It makes it possible for appropriate types 
of  traffic to be marked in the network. Marking is associated with classification. It is better to 
mark as close as possible to the source, but not so close to the edge that the marking gets in 
danger of being made on an untrusted device. Marking and classification information may be 
put into layer 2 or layer 3 packet headers.  

Marking defines the appropriate trusted boundary. A trust boundary is a delineation of where 
markings will be honored and where they will not be. If the marked traffic is trusted, then that 
marked traffic can pass through the network and it provides a well-defined service in the 
network. If any packet is untrusted then some trusted components must re-mark that traffic 
[15]. The advantage of marking is that subsequent network devices can easily identify the 
marked traffic which belongs to a specific class. When packets are differentiated as belonging 
to a specific class then QoS mechanisms are applied to ensure using QoS policies. There are 
naturally three configuration functions for adding QoS policies using MQC: 

1. Classification of the traffic into classes. Traffic classes are defined in class maps using 
match statements. 

2. Make a QoS policy for provisioning of the network resources. A QoS policy maps QoS 
actions, for example marking, queuing, shaping, policing, or compression. 

3. The policy is employed to an interface directionally, in either the ingoing or outgoing 
direction in the network. 
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b) Marking at Layer 2 

Class of Service (COS) uses three bits for marking that have eight possible values ranging 
from 0 to 7. IP- Precedence utilizes three bits in the IP header which has values ranging from 
0 to 7 [15]. They are shown in the table. 

 

Application Name IP Precedence/ 

Class of Service 

IP Precedence/CoS 

(Binary) 

Network 7 111 

Internetwork Control 6 110 

Critical 5 101 

Flash Override 4 100 

Flash 3 011 

Immediate 2 010 

Priority 1 001 

Routine 0 000 

 Table 1: Layer 2 Marking [15] 

c) Marking at Layer 3 

Layer 3 marking is used in the DiffServ. In the implementation, marking uses the eight-bit 
Type of Service (TOS) field in the IP header. We can use either IP precedence or 
Differentiated Services Code Points (DSCP) that use only the leftmost three bits and provides 
the same eight levels of markings as CoS. It utilizes the top six bits of the field where the 
bottom two bits are for network congestion. Best-effort delivery is zero which corresponds to 
the default DSCP value. Each hop in the network is provided with the ability to handle traffic 
differently based on its markings; this is called “per-hop behavior” (PHB) [15]. DSCP utilizes 
the left most six bits, three bits for per-hop behavior (PHB), three bits for drop probability, in 
which the last is always zero, and the last two bits for flow control, but it is not used.  

d) Queue Management 

Queuing mechanisms is always used to control the congestion of network and it works on 
outbound traffic. Queuing mechanism works according to the policy configuration.  

There are two types of queues; hardware queue and software queues. A hardware queue holds 
the traffic and ready-to-send packets and sends them over the media interface, as First In-First 
Out (FIFO) is always a hardware queue. A software queue defines the memory to each 
interface. When traffic traverses the media sometimes it waits on the transmision-media 
interface because the transmision ring is full and it is called a software queue. If traffic is 
waiting in the queue it means that network is congested and software queue is configurable 
[15].  

1. First In-First Out Queuing (FIFO) 

FIFO Queuing is not intelligent and just forwards the packet to the direction on first-come 
first- serve basis. This is by-default a Queuing method for the interfaces. FIFO queuing causes 
high-bandwidth, delay-insensitive flows, such as file transfers. We did not use FIFO Queuing 
in our scenario because it is the most primitive kind of queuing. 



How Different QoS Mechanisms Affect VoIP QoS Metrics 

  18 

2. Priority Queuing (PQ) 

Priority Queue (PQ) is considers the priority values according to the configuration. PQ uses 
the four FIFO queues and those queues are assigned sequentially, in catagories such as high, 
medium, normal and low queues [16]. The high-priority queue has the biggest priority in this 
technique. The lower-priority queue may never be serviced if there is enough traffic for 
higher-traffic. 

3. Round Robin  Queuing (RRQ) 

Round Robin Queuing (RRQ) is a simplest scheduling algorithm. It takes one packet from 
each queue and begins over. Each queue is worked, no starvation is experienced and there is 
no priority basis. 

4. Weight Fair  Queuing (WFQ) 

Weighted Fair Queuing (WFQ) is a flow-based scheduling method that provides low-
bandwidth; interactive flows have priority over high-demand flows. WFQ is able to avoid the 
starvation of high network traffic with low bandwidth. It can define the low and high 
bandwidth automatically. 

WFQ provides the low-bandwidth flow priority, while the rest of available bandwidth is 
shared among the high-demand flows [16]. By-default the most of the interface gets limited 
numbers of WFQ queues.[15]. 

5. Class- Based Weighted Fair  Queuing (CBWFQ) 

Class-Based Weighted Fair Queuing (CBWFQ) offers more scalability and granularity than 
WFQ. We can assign different classes and define different amount of bandwidth for each 
class in available bandwidth. Each flow does not need an individual queue, which is why it is 
considered to be more scalable [20]. It does recover some of the shortages of WFQ. It can 
configure the manual traffic classification and fix specific bandwidth for those classes. 
CBWFQ is addressed as weight based on the class bandwidth and scheduler also picks 
packets from each queue based on those weight. As a result, CBWFQ is also considered WFQ 
technique [15]. It is controlled over the traffic classification and assures the bandwidth. We 
also use CBWFQ in our customized QoS mechanism. 

6. Low Latency  Queuing (LLQ) 

Low Latency Queuing (LLQ) is used mainly in real-time traffics for guaranteed bandwidth 
and low delay. LLQ supplies a strict priority queuing to CBWFQ. LLQ can give the highest 
priority to any kinds of traffic to use priority queuing to RTP or UDP port ranges such as 
various IP address, IP protocols, TCP/UDP port ranges, input interfaces, and IP header 
DCSP/Precedence fields [20]. LLQ makes one priority queue with bandwidth that is both 
guaranteed and policed. Queue-traffic is transmitted from it before any other queues [15]. 
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3 Methodology 
The point at which where we would launch our own idea to take the previous work forwards 
by investigating some new questions is important to know. Some research regarding VoIP 
shall give us important breakthrough in finding a solution to our problem. Having this idea in 
mind, primarily we discussed QoS metrics that are important in detrmining VoIP QoS. This 
was the first phase where we had to make the theoretical understanding and background. 
Afterwards we moved towards practical implementation. Simulations have been already done 
so we did not need them so as to avoid unnecessary redundacy. Therefore, we cose to make a 
network topology, implement it on actual equipment and get results. We divided our 
experiments into two major parts. In the first scenario we tested a fixed bandwidth of 70 Kbps 
with three different QoS mechanisms. In the second we increased the bandwidth to random 
values and again coducted our tests with three different mechanisms. This topology has been 
implemented in our Cisco laboratory. VoIP traffic behavior to react to different scenarios was 
of utmost importance to us. The voice needed to be heard in real from end-to-end with the 
different combinations of QoS mechanisms. 

After implementing the VoIP QoS end-to-end, we needed to monitor and analyze our network 
to collect the resulting graphs. The graphs were the most important to bring us to some 
conclusions and results. For this purpose we needed software that can monitor VoIP traffic. 
We chose VQManager because of its profound relationship to our scenario. In the end we 
came across a set of objective results. Mostly the results were quite consistent with our 
expectations, apart from figures of jitter. The reasons for those are also discussed. At the end 
of the dessertation we give the conclusion of our thesis. 

3.1 Implementation 

We used the university laboratory which is equipped with different routers, multilayer 
switches, IP phones and softwares The equipment that we used in our scenarios is composed 
of 3 Cisco routers 2800, 2 Cisco CME routers, 2 Cisco Pagent routers with TGN 
configurations for packets generations, 2 Cisco 2800 switches, Cisco IP Soft Phones with 
laboratory PCs and Cisco IP Hard phones. We tested the VoIP QoS over an Ethernet network. 
For monitoring and testing of VoIP traffic we employed VQManager software.  

3.1.1 Routing 

In this project, seven routers were used in the lab experiment where two routers worked as 
traffic generators in the network. Those two routers were configured for traffic generation and 
traffic capturing function in the 2nd scenario. A router for Head Office and a router for Branch 
Office. Both routers were connected to one ISP router and separate Cisco 
CallManagerExpress (CME) routers. The Head-Office router connects with the Head-office 
CME router and the Branch-Office router connects with the Branch-office CME router. A 
telephony service enabled router was configured as a call manager. It provides the IP 
telephony service to the local area and remote area hosts. In our experiment, each CME was 
configured for 30 telephony users and also dual line IP telephony like hardware (Cisco IP 
phone 7960 series) and software (Cisco IP Communicator Soft Phone) based IP phone. User 
name and phone numbers were assigned respectively in both CMEs for the soft phone and 
hard phone. Cisco skinny signalling protocol was fixed for voice communication in the 
telephony service. 
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In both the CME routers, the inter-vlan routing was configured which provides multiple sub-
interfaces to communicate between different kinds of VLAN. VLAN carries the different IP 
addresses for data and voice traffic. Both sub interfaces have got different IP addresses. There 
are two Dynamic Host Configuration Protocol (DHCP) pools, one was configured for voice 
traffic and the other for data traffic. DHCP provides the IP address to the local and remote 
host dynamically. Voice pool allocates the IP address for the hard phone or soft phone user 
and Data pool fixes the IP address for workstations. As a result, there are no IP collisions in 
the network. Open Shortest Path First (OSPF) routing protocol was used in the topology for 
main routing. 

The Head-office router and the Branch-office router were connected via ISP router. Multi 
Protocol Label Switching (MPLS) technique was configured among those routers. ISP router 
works  between those routers. ISP router can exchange the packet label and forward the 
packets when it receives any packet from the Branch-office or the Head-office and after that it 
takes another label to be sent to neighbor destination. MPLS was used for scalability and more 
security purpose in this project. There was Generic Routing Encapsulation (GRE) Tunneling 
between the Head-Office and the Branch-Office for virtual links to one another. 

Switches are connected between CME router and local user. Switches carry configurations 
like enabling ports and creating Vlans, Vlan IP assigning and tunnel mode, access mode and 
so on. For monitoring purpose we created a monitoring session 1 in the switch. 

3.1.2 Mechanisms 

Three types of QoS mechanisms are used in our project: No QoS, auto QoS and customized 
QoS. No QoS mechanism means not putting any mechanism. auto QoS is just created for 
general purpose of class-based QoS which is offered by Cisco by-default. If we need to 
change QoS parameters, we can not change in auto-QoS. After that, was applied a class-based 
QoS service. In class-based QoS, we configured some QoS parameters in router. 

Network-based Application Recognition (NBAR) is used for protocol discovery. Class-based 
Queuing and NBAR were configured. There were two classes created: voice and data. 
Different protocols’ services in different classes were used and the queuing priority was 
applied for every class. For these two classes we set up Mark IP Precedence, allocated 
bandwidth using the Modular QoS Command-Line Interface and CBWFQ queuing strategies. 
LLQ is a variant of CBWFQ. The CBWFQ involves assigning each traffic class a dedicated 
bandwidth, either through exact bandwidth amounts or relative percentage amounts.  

We can monitor all kinds of ingoing and outgoing traffic in the topology by network 
monitoring software. Mainly, we used VQmanager software which was available to us at the 
time for real- time VoIP monitoring software. VQmanager shows lot of results like delay, 
jitter, packet loss, MOS, R-factor, bandwidth, call trend, active call, call flow, all calls details 
and so on. We can also monitor network protocols by Wireshark. Wireshark is one of the best 
network protocol analyzer software packages on the market. The figure of our network 
topology is given next. 
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Figure 1: VoIP and Object of VoIP Quality Network Topology 

 

 

 

 

 

 

 



Methodology 

 

  22 

1. VQ Manager 

VQManager was installed for the purpose of monitoring our whole VoIP network. 
VQManager is specialized tool for VoIP traffic. Various protocols like SIP, H323, Cisco 
SCCP and RTP/RTCP are supported by VQManager. It generates different reports in the 
shape of well calculated and concise graphs to show network performance. 

A live call can be monitored in real-time for performance. This ability gives the network  

professionals a good way to judge the quality of VoIP network. MOS scores with R-Factor 
values give a good estimate of the VoIP network. QoS information in detail is also available.  

It was easy to intstall as an easy-to-understand installation guide is provided for help. While it 
has got many features, we needed statistics of QoS metrics to see how the network behaves 
under different conditions. 

 

2. Wireshark 

Wireshark is utilized for network troubleshooting and studying network protocols. It’s mainly 
used as a protocol analyzer or “packet sniffer”. 

This software can monitor the real network traffic and do protocol analysis that can capture 
and log data traffic passing over a data network. For example, packet source IP, destination 
IP, packet size, protocol, each protocol data unit (PDU). It can decrypt and analyze its content 
according to the appropriate specifications available in the market. It may be used with 
network lab, ISP and network solution industry for data analysis and troubleshooting.  A 
figure is shown next that depicts a sample of the network summary. We skip the details of 
Wireshark to keep more focus on the VQManager results with different QoS mechanisms. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 2: Wireshark Network Monitoring 
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4 Results 
In our experiments it is found that apart from jitter, the packet loss and the delay remains 
under control. One reason of why jitter was more is that we are following the same topology 
and the call is initiated from one end to finish at the other. Due to shortage of time we could 
not test the effects in the intermediate nodes to see how jitter performs with less nodes or with 
varying paths to traverse before reaching the same destination. This could constitute another 
interesting study to undertake because if we route the information units on different routes for 
the same destnation, the jitter buffers may not overrun and thus it could have a better impact 
on jitter. It is not just jitter that inhibits us to say so, rather it is the ambiguity of what happens 
next if the organization size grows manifold and the loads get increased and more complex to 
manage. However, we did try by increasing the resources to get that answer. By randomly 
increasing the traffic load with the help of a traffic generator called TGN we saw some 
results. We can say that our customized QoS mechanism was giving us the leverage for better 
quality. It is because it depends more on the situation and the company requirements. For 
more tests we suggest that a VoIP company would be even better place to judge the VoIP 
QoS.   

It should be noted that these graphs and figures have been taken from the initiating end of 
VoIP call and not at the receiving end. We reduced the delay from 200 ms for a small 
organization of 100 clients to almost 0ms. We expected to see the jitter under 50 ms which is 
regarded as acceptable but ended up with 87 ms. For big organization an end-to-end delay of 
150ms is acceptable[4]. This report is generated with the help of VQManager. We shall be 
monitoring the network by loading the network with maximum voice traffic.   

 

 

Figure 3: Bandwidth 70Kbps 
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4.1 First Scenario 

In this figure we can see the bandwidth capacity set for our scenario is 70Kbps. 

 

Figure 4: No QoS Scenario (Graph as illustrated by VQManager) 

We took 2 simultaneous calls of 2 minutes duration and tested them with different QoS 
mechanisms. We did not generate any TGN generated packets for this case. The total 
bandwidth of the link was 70Kbps. The codec used in our experiments was G.711. In the 
figure 4, we can see that without implementing any QoS configurations the end-to-end delay 
is 2ms and jitter is 110 ms with 23% packets loss. Delay in this scenario is 2 ms which is 
considerably less and a good figure. However since we do not have any QoS configurations in 
place, the packet loss and jitter are high. Packet loss and jitter are still tolerable at this stage 
because we tested the calls physically and no big issues were found. The additional values of 
jitter and delay are probably the result of the overhead experienced due to more nodes. 
However we will see that delay will be brought down in the next scenario whereas jitter still 
remains high. It is because if we can monitor jitter at different nodes and also route the 
packets on different topologies, we will temper it with the jitter buffer and hence we get 
improved jitter performance. This can constitute another interesting study though and for this 
to happen more time is needed which we can not cover in the current investigation.. TGN is a 
tool that generates the traffic and the purpose to use TGN is to see how the network performs 
under heavy loads. Voice packets are 98.7 percent, skinny protocol uses 0.5% while the others 
are 0.8%. H.323 and SIP has 0 % traffic because we are practically not using these protocols.  

 

Figure 5: Auto-QoS Scenario (Graph as illustrated by VQManager) 
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The conditions in Auto-QoS scenario were the same except for the configurations on the 
network. The results are better as compared to no-QoS Scenario. Delay is halved to 1ms,  
jitter comes down to 97 ms while packet loss is 12%.  Both jitter and packet loss are tolerable. 
This means that it is at least better to have some sort of Auto-Qos configuration in place in 
VoIP networks.  

 

Figure 6: Customized QoS Scenario. (Graph as illustrated by VQManager) 

In the above result we tried to investigate the impact of Customised QoS. To understand the 
differences between the auto QoS and customized QoS we need to see the different conditions 
in customized QoS. In auto QoS, the configurations are taken up by default which do not 
classify or prioritize any specific type of traffic, however in customized QoS we take care of 
these parameters and this adds some intelligence into the kind of traffic we want to transmit 
across the network. So with these conditions in place the delay gets to 0 ms, jitter comes down 
to 92 ms while packet loss is curtailed down to 1 %, representing a marked improvement. 
Jitter is still high when it comes to acceptable levels of jitter but physically when we heard the 
call, it was clear. The bandwidth utilization for voice traffic is 98.5%, skinny remains at 0.5%, 
while others jump to 1%. The graph in Figure 6 shows that instead of Auto QoS if we apply 
the Customized QoS configurations which differ from organization to organization, the results 
could improve in a positive way. 

 

Figure 7:  Graph showing the comparison of QoS mechanisms with QoS metrics 
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In the above figure we can see the comparison of the different cases of QoS mechanisms with 
the QoS metrics. On the y-axis lies the number count while on the x-axis lies the respective 
QoS factor and its unit. The different mechanisms are represented through different colours. 
The violet colour shows the Customized QoS mechanism. The graph combines the values of 
the first experimental setup where the bandwidth was kept to 70kb. It is clear from the figures 
that where there is customized QoS mechanism in place, the delay, jitter and packet loss are 
all less as compared to other two mechanisms. A delay of 0 ms is recorded in the very first 
reading in comparison to a delay of 1 ms and 2 ms for auto QoS and No QoS mechanisms 
respectively.  

As we already defined jitter to be the variation in delay of successive packets, we see that 
more jitter is recorded as compared to less delay. This means that overall delay is calculated 
irrespective of jitter. Even if jitter reaches to the tune of 110 ms, delay remains 2ms as 
depicted in No QoS scenario. Since our network was larger, the nodes in between can be the 
reason of more jitter. We believe this jitter can be decreased by doing topology changes but 
that constitutes another experiment and study. 

In addition to these scenarios, we also undertook some other tests in which the bandwidth was 
not kept constant and the traffic load was increased which we can see in the second scenario. 
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4.2 Second Scenario 

 

 

Figure 8: No QoS  and TGN (Graph as illustrated by VQManager) 

These are the figures for the scenario where the bandwidth is greater and appears random. The 
figure  8 is for 8 simultaneous calls on the network and it is no-QoS mechanism with TGN. 
The idea is to pump the network with more and random voice trafic and then apply the 
different QoS mechanisms to see the affect over the QoS factors. It is worthwhile to note that 
the duration of calls is 2 minutes. The bandwidth is 70 % for voice traffic and 30 % for data 
traffic according to the needs of the scenario. The readings of delay, jitter and packet loss are 
higher. VQManager errs in showing the minimum and maximum values and thus its average 
value should be considered nearest to the exact value. MOS drops down to 3.9 while R-factor 
stays at 79. The main reason is that we have not employed any QoS mechanism here. The 
TGN traffic is also being generated which is increasing the load on the network. The delay is 
higher for this scenario with an average value of 57 ms.  

 

Figure 9: Calls with Auto QoS, TGN (Graph as illustrated by VQManager) 

In the figure 9, the TGN was generating packets and the Auto QoS configuration was 
configured. The rest of the constraints under which the calls were monitored were the same as 
in the previous graph. Simultaneous 8 calls were made at the same time to test the network 
under load. Here we can see that the average value is being calculated to the nearest exact 
value in VQManager. The delay is still only 13ms while the jitter is 99ms. Only 2 percent of 
the packets lost and an MOS of 4. Auto QoS parameters are improving the quality from 
previous graph. 
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Figure 10: QoS factors with customized QoS and TGN (Graph as illustrated by VQManager) 

In this scenario Figure 10, we put customized QoS configuration in place. The TGN traffic 
was generated and 8 simultaneous calls were made. The result is that the delay is curtailed 
down to 0 ms while jitter is at 87 ms. Packet loss is 0. MOS is 4.4 which is very good. From 
the figures above and we can safely say that customized QoS parameters can lead to a better   
performance of VoIP. 

 

 

Figure 11: Graph showing the trade-off and comparison of QoS mechanisms with QoS Metrics 

Different colours of the bars show different QoS mechanism in the above graph. Customized QoS 
mechanism is represnted through blue colour, while Auto QoS mechanism is represented through 
off-white bar and No QoS is represented through black colour. The comparison in the graph 
shows that customised QoS mechanism returns the best figures while No QoS scenario shows the 
highest delay, jitter, packet loss and lowest MOS and R.Factor. 

This means that when we have customized QoS mechanism, the QoS metrics are better. This 
means that it is better to have some QoS mechanism than not having it at all. This is being shown 
in both types of experiments where we have some bandwidth ceiling such as 70kbps and without 
any known bandwidth with increased data traffic. 
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Delay and packet loss are the two main factors that are being controlled through this mechanism 
and this in return improves the MOS to 4.4 for the customized QoS technique as depicted from the 
figure. 

Jitter remains high as we can see from the earlier results as well. One reason for this could be that 
since we could not check what happens to the jitter at the intermediate nodes, it could be topology 
related. To see what happens to the traffic it is necessary to check the intermediate interfaces 
through a software like VQManager and make topology changes. 

However, it needs more time and could make another interesting study. 
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5 Conclusions and Suggestions 
In our thesis we investigated the objective voice quality of VoIP networks. To improve the 
quality of VoIP calls we cannot go into switching or hardware techniques which are expensive 
and are not meant for VoIP basically. Keeping intact the inherent idea of a VoIP call being the 
cheapest, network engineers need to find intelligent solutions to improve the QoS factors 
through other methods. For this reason we had different methodologies to investigate 
questions. One alternative to do the same work is through simulation. We studied that as well 
but unsatisfied, we chose to test the VoIP network on actual equipment that could give us a 
firsthand experience of not only working with VoIP technologies but also an estimate of the 
behavior under different situations. We have come to conclude that VoIP networks can do 
better with customized QoS mechanisms. This was also important because you find 
simulations on this topic but it was important to do it in laboratory environment to see it 
actually.  

Two experiments were set up. One with some bandwidth ceiling of 70Kbps and another with 
unknown but increased and random bandwidth and data traffic. In both tests, 3 sets of 
configurations were employed and the configuration with the customized QoS mechanism 
showed better performance. The idea is to assess the network needs first. We assigned 
maximum bandwidth to the voice and no bandwidth to data in the first scenario because we 
wanted to check the voice QoS factors under load. In the second senario however, we divided 
the bandwith 70 % into voice traffic and 30 % into data traffic. Based on this classification we 
did  marking and queuing so as to conserve the bandwidth and also increase the voice quality. 
We can see that auto QoS mechanism and no QoS mechanism showed lower performance in 
MOS, R-factor and other QoS factors. 

It is not easy to suggest any future work at this point because the area is wide one to explore. 
The best thing that we have come to know is that the scale of this work was meant for a small 
network. If we want to get bigger volume of statistics with more accuracy then we must have 
some association with a commercial communications company. This is important because it 
could give us an even more insight into how the networks behave in real world and what 
could be the challenges in achieving the required results while on a bigger network. These 
could range from political issues to economic and technical issues. It is not always that the 
best technology available is also the top one commercially. 

5.1 Limitations 

We can best understand the limitations when we understand the kind of expectations that we 
have. In our environment we could only get an idea of how the VoIP network behaves with 
regards to the delay, jitter, loss, r-factor and Mean Opinion Score (MOS) values. Jitter is one 
area where we need to see why it is more than expected and how it can be reduced. None of 
the QoS mechanisms reduce jitter in our scenarios. What prevents us further from going a bit 
deeper are two factors. One factor was the limited time and the second was lack of a 
commercial setting in which we could investigate how VoIP networks behave with more 
traffic. The tests that we have conducted are nevertheless the best possible estimate or 
simulation of the real world VoIP networks and are good replacement of simulation studies. 
These figures and values give us a strong direction in going for more details in improving 
QoS mechanisms and configurations. 

We should have improved upon our understanding, had we tested more topologies. However, 
making more topologies and testing them for VoIP requires more time. To imporove upon this 
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more tests can be conducted with different topologies. Different results are expected in that 
case but it should still not be against the primary configuration of customized QoS. 

We needed to conduct the tests because previously it has not been done in such an academic 
setting and from this experience we get a direction. Additional tests should cover at least two 
different topologies and it will be better to do them in a company setting with more traffic and 
data available. 
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7 Appendix A 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 12: End-to-End IP phone Call Flow figure
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8 Appendix B 
 

 

 

Figure 13: Different Codecs and their supportive Bandwidth   [19]
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9 Glossary 
 

CBWFQ                    Class-Based Weighted Fair Queuing 

CoS                    Class of Service 

CS-ACELP                        Conjugate Structure Algebraic code excited linear prediction 

CSMA/CA                    Collision Sense Multiple Access with Collision Avoidance 

DCF  Distributed Coordination Function 

DiffServ                     Differentiated Services 

DSL  Digital Subscriber Line  

DSP  Digital Signal Srocessor 

DSCP  Differentiated Services Code Points 

FEC  Forward Error Correction 

FIFO  First In First Out  

GRE  Generic Routing Encapsulation 

GSM  Global System for Mobile telecommunications 

ICT  Information and Communication Technology 

IETF   Internet Engineering Task Force 

IntServ  Integrated Services 

IP  Internet Protocol 

ISP  Internet Service Provider 

ITU-T  International Telecommunication Union, the Telecommunication    
division 

LAN  Local Area Network 

LLQ  Low Latency Queuing 

LTE  Long Term Evolution 

MAC  Medium Access Control 

MAN  Metropolitan Area Network 

MOS  Mean Opinion Score 

MPLS                         Multi Protocol Label Switching 

MQC  Cisco Modular QoS CLI 

NBAR  Network-based Application Recognition 

PBX  Private Branch eXchange 

PCF  Point Coordination Function 

PCM  Pulse Code Modulation 

PHB  Per-Hop Behavior 

PPTP   Point-to-Point Tunnelling Protocol 
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PSTN  Public Switched Telephone Network 

QoS  Quality of Service 

RF  Radio Frequency  

RFC  Request For Comments 

RSVP  Resource Reservation Protocol 

RTP  Real-Time Transport Protocol 

SIP  Session Initiation Protocol 

SNMP                                Simple Network Management Protocol 

SSL  Secure Sockets Layer 

TDMA  Time-Division Multiple Access 

TGN  Traffic Generator Network 

VoIP  Voice over IP 

VPN  Virtual Private Network 

VQManager                       Voice Quality Manager  

WAN  Wide area network 

WFQ  Weight Fair Queuing 

WLAN  Wireless Local Area Network 

 


