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ABSTRACT 

The limitation of bandwidth for multimedia applications in NGNs such as voice and video 

telephony along with the increasing number of applications on the Internet, service 

classification and efficient resource management have all become quite challenging tasks. It is 

for this reason that service quality easily declines in NGNs especially when QoS mechanisms 

are not carefully scrutinized. In order to handle the different types of applications in the 

network as a way of improving the service quality in video and voice transmission, there has to 

be proper efficient resource and traffic management, and using routing protocols is one way in 

which this can be done. When it comes to real time applications in a network, Open Shortest 

Path First (OSPF) and Gateway Routing Protocol (EIGRP) are the sought after protocols to 

manage traffic for these applications. Our study presents an OPNET simulation based 

comparative evaluation between OSPF and E IGRP for real time applications. We designed 

three network models that were configured with OSPF, E IGRP and one with both OPSF and 

E IGRP routing protocols, and then used the QoS parameters of throughput, packet loss, 

convergence time, packet delay variation and end-to-end delay as our performance evaluation 

metrics. Our main source of network traffic was a typical video conferencing application. The 

results from the simulation indicated that combining both EIGRP and OSPF is far better 

placed to provide reliable Quality of Service than OSPF routing protocol when the main traffic 

being used in the network is video, but when dealing with a standalone real time application 

network, EIGRP is better than OSPF. 
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CHAPTER! 

INTRODUCTION 

1.1 Overview 

With recent trends and technology advancement in the development of converged broadband 

next generation networks (NGNs) and advanced multimedia services, the potential has 

increased for delivering video services to end users "anywhere, anytime" using the World 

Wide Web. A wide variety of these services exist due to the availability of tools and applications 

that provide the necessary communications and computer-aided support (e.g., multimedia 

conferencing/ streaming enablers, image analysis and visualization tools, immersive and 

collaborative virtual environments, etc). 

Next Generation Network is an interesting innovation that mainly drives to reduce costs on the 

side of service providers while at the same time enhancing the capability of a given network to 

stay open to new services and applications. This innovation basically involves the 

transformation of public switched telephone networks (PST ) which are circuit-based 

networks into packet-based networks that mainly depend on Internet protocol. 

The development of NGNs has further led to yet another concept - convergence, this 

represents the shift from the traditional 'vertical silos ' architecture i.e. a scenario where services 

were provided through different networks (mobile, fixed, IP) to a situation where 

communication services are accessed and used seamlessly across different networks and 

provided over different platforms in an interactive way [1]. The biggest driving force behind 

this has been the Internet. 

Converged NGNs deliver different types of traffic across heterogeneous end-user 

environments [2].For example, video and audio streaming have special bandwidth, loss and 

delay requirements, in scenarios where data or a video fails to arrive in expected time, play out 

in a particular application may pause, this becomes annoying to the user. Therefore, in order to 

meet the requirements of a specific video or audio service traffic delivered over networks in 



conjunction with other commercial traffic, QoS mechanisms such as class-based traffic 

prioritization are necessary. The wide variety of video services imposes different Quality of 

Service (QoS) requirements on underlying networks. One aspect is delay tolerance, with service 

requirements ranging from strict real-time and delay-intolerant data transmission to delay­

tolerant services. In [3], the authors categorize the importance of various QoS parameters for 

different interactive video services. Prioritization and resource allocation schemes for various 

types of video traffic delivered over various networks has been addressed in [4] . Further studies 

have more specifically focused on evaluating support for the delivery o f real time video services 

over high speed 3G / 4G networks [S]and o ther types o f broadband networks with evaluation 

results showing generally reliable performance. 

Given any network, quality and quantity o f any data sent and delivered to a user is always 

limited by the quality and quantity which collaborating data transfer systems can support [6]. 

The general implication of this from the user's perspective is that any application which may 

rely on the transfer of data is limited by the ability of the data transfer system and protocols in 

terms of speed, reliability and accuracy. 

This calls for all the developers of these applications to have a complete awareness of the 

impact of these limits, and to develop their system s appropriately. H owever, the situation 

becomes complex due to the fact that the available quality of service (QoS) from network to 

network continues to vary[7], and may also vary in the long run on the same system, all these 

come as a result o f sharing resources between various users [6]. T herefore it is important to take 

note of the processes by which QoS can be determined, negotiated and varied before, during 

and after the operation o f an application. 

1.2 Background Information 

A Next Generation Network (NGN) 1s a packet-based network able to provide 

telecommunication services to users and making use of multiple broadband, QoS-enabled 

transport technologies and in which service-related functions are independent of the underlying 

transport-related technologies [8]. It enables un-interrupted access for users to networks and to 

competing service providers and services of their choice. It supports generalized mobility which 

will allow consistent and ubiquitous provision of services to users. [ITU-T Recommendation 

Y.2001 (12/ 2004)] 
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The NGN is characterized by the following fundamental aspects: 

a) Packet-based transfer. 

b) Separation of control functions among bearer capabilities, call/ session, and application/ 

serv1ce. 

c) Decoupling of service provision from network, and provision of open interfaces. 

d) Support for a wide range of services, applications and mechanisms based on service 

building blocks (including real time/ streaming/ non-real time services and multi­

media). 

e) Broadband capabilities with end-to-end QoS and transparency. 

f) Interworking with legacy networks via open interfaces. 

g) Generalized mobility. 

h) Unrestricted access by users to different service providers. 

i) A variety of identification schemes which can be resolved to IP addresses for the 

purposes of routing in IP networks 

j) Unified service characteristics for the same service as perceived by the user 

k) Converged services between fixed/ mobile 

l) Independence of service-related functions from underlying transport technologies 

compliant with all regulatory requirements. For example, concerrung emergency 

communications and security/ privacy, etc. 

In our view, limited inconclusive research has been carried out with regards to QoS issues for 

real time video services in the context of the latest NGN yet Next Generation Networks 

continue to develop all over the world. The International Telecommunication Union -

Telecommunication Standardization Sector (ITU-T) has however continued to keep up with 

various standard activities in collaboration with regional standards bodies. 

The basic features of an NGN are mainly determined from the various challenges experienced 

by various network operators: for example, the need to provide services over broadband 

accesses to increase revenue [9], the need to merge diverse network services such as data, 

telephony, multimedia and emerging Internet services and the desire of customers to be able to 

access their services from anywhere. This is in contrast to when a network used to provide a 

specific solution e.g., the PSTN [9] among other challenges that the study shall discuss. 
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Next Generation Networks are mainly based on IP systems and the infrastructure that these 

systems come with, for example addressing plans; address assignments, resolutions by domain 

name servers, applications such as email and the World Wide Web. All these make the NGN 

entirely IP-based network. T he whole concept of Next Generation Networks is all about 

defming and deploying of networks; these networks are portioned into various layers, planes 

and open interfaces. By doing this, a platform for both network operators and service providers 

is created. 

In order for services to be developed much more independently from the underlying transport 

and connectivity considerations, there must be separation between access, service, and 

communications session controls, which means that the service developers will no longer need 

to know anything about the type of transport used for the services they are developing [5] . 

1.2.1 The concept of Network Convergence 

Due to the increase in the digital content on the Internet, more and more people, institutions 

and businesses are shifting their activities to the Internet through creating IP-based networks, 

applications and services. This is mainly because there has been an increase in access to high­

speed broadband, availability of computing power and devices along with the communication 

media discussed later on in the work. All the above activities have been a major contribution to 

the utilization of the "convergence" term when discussing next generation networks. 

Convergence is seen as a shift from traditional 'vertical silos' architecture i.e. a situation tn 

which different services were provided through separate networks to a situation in which these 

services are accessed and used seamlessly across different networks and provided over 

platforms in an interactive way[10]. 

The different levels of convergence include: 

a) Network convergence, 

b) Service convergence, 

c) Industry / market convergence, 

d) Legislative, institutional and regulatory convergence, 

e) Device convergence and 

f) Converged user experience. 
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1.2.2 Network Quality of Service 

Quality of Service as deftned by the International Telecommunication Union 

Telecommunication Standardization Sector (ITU-T) Recommendation is the "collective effect 

of service performance which determines the degree of satisfaction of a user of the service"[6]. 

As seen earlier on in the previous sections, the next generation networks hosts a wide variety of 

service applications for multimedia transmission across the networks. All these applications and 

networks have their own desired level of service standards as far as the users of those 

applications and the service providers themselves are concerned. This therefore calls for a 

systematic way of realizing these objectives, and this is mainly achieved through putting in place 

mechanisms to control network trafftc, allocate and manage network resources. 

Most researchers believe that QoS is strongly correlated to the main characteristic of a network 

- its heterogeneity [11]. The next part of this section briefly discusses the key QoS parameters 

that are used to measure and evaluate a network's QoS otherwise Network Quality of Service as 

a whole is discussed in detail in the next chapter. 

a) Delay (Latency) 

This is the total amount of time it takes for a packet to be transmitted from one point in a 

network to another point in the network [12]. The amount of delay experienced by a packet 

consists of a minimum ftxed part for a given route, and a variable contribution that depends on 

the network load. The ftxed part is the sum of contributions from each processor on the path, 

serialization on each link, and a propagation delay due to the ftnite signal velocity over each link 

[13]. 

b) Jitter 

Jitter refers to the variation ill delay over time normally by those packets that are being 

transmitted in the same trafftc flow. Jitter can be measured through using the mean, standard 

deviation, maximum, or minimum of the inter-packet arrival times for consecutive packets in a 

given flow [13]. 
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c) Throughput 

The amount of packets transmitted through a network at a glVen time 1s referred to as 

throughput. Unlike the bounded delay, throughput is a useful QoS measure for a non-real time 

application. T he QoS level sets the amount of data that will be transferred in a given time [14]. 

d) Packet Loss Rate 

Packet Loss rate is used to determine the maximum number of packets that are expected to be 

lost within a specified transfer time during the movement of these packets within the network. 

In any given network, applications are classified into groups such as data; voice and video. 

These are further broken down into two main categories; interactive and non-interactive 

applications. T he end-to-end QoS requirements mainly defined by service parameters of loss, 

delay and delay jitter of any given application may entirely depend on the category in which that 

application belongs, either interactive or non-interactive. Interactive video applications have the 

most stringent QoS requirement of 1 X 10-5 packets with a 500 microseconds of delay per 

switching node. Voice applications on the other hand are more tolerant to loss but less tolerant 

to delay while data applications are much more tolerant to loss and delay when compared to 

voice and video applications [15]. 

The above QoS parameters are further discussed later on in chapter 3. The following sections 

present the most important issues regarding Next Generation Networks are exposed. Section 

1.1.4 discusses the current challenges in Next Generation Networks. In section 1.1.5, some 

concepts related to NGN architecture are presented. Section 1.2 presents the NGN core and 

access networks while section 1.3 finally, introduces us to the IP Multimedia System and IP 

QoS setting scene for the rest of the thesis work since it is regarded as the "heart of NGNs". 

1.2.3 Next Generation Network Challenges 

Next generation networks are meant to support a wide variety of network traffic services and 

user mobility that is constraint free at the same time ensuring that there is a guaranteed Quality 

of Service for users at any given time and anywhere. However this doesn't come cheap, there 

are quite a number of challenges that need to be addressed. The sub-section below discusses 

some of these challenges in brief. 
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a) Application Traffic Types 

T he diverse nature of network traffic comes with a recognized challenge to any network 

engineer in their quest to guarantee quality of service to the users of that network in terms of 

Quality of Experience. In multimedia traffic, there are mainly 1:\Vo types of network traffic -

real-time/ interactive and non-real time. Examples of real time/ interactive traffic are video and 

audio while ftle downloading is an example of non-real time traffic. Network traffic from real 

time/interactive applications are very sensitive to delay, whereas those applications that are 

non-real time may not have strict delay requirements, although they do not accommodate 

errors at the same level as the real time/interactive applications . One of the major aims of any 

network is to sufficiently meet the quality demands of all classes of applications and therefore 

guarantee Quality of Service in these applications. 

T herefore the major requirement of a next generation network is the ability to support a wide 

variety of services and applications with their respective traffic features, for instance diversity in 

delay and requirements in bandwidth. 

In summary, due to the evolving diversity in network traffic types, QoS provision within next 

generation networks is a real challenge, thus many researchers are now apportioning more 

resources to this cause and this is also one of the major aims of this thesis, though the slight 

difference here is that this thesis focuses on real time/ interactive QoS video transmission over 

next generation networks. 

b) Traffic Characterization 

Traffic characterization is a way of dealing with traffic flow by determining its impact on the 

general performance of the network. The biggest concern for network engineers here is 

controlling data burstiness and the network characterization itself. Data burstiness is part and 

parcel of the different IP Networks' patterns. A simple example of data burstiness or bursty 

applications can be in web browsing and email traffic as these applications tend to hibernate for 

a short period of time and eventually send out a burst data. Much as the area network traffic 

modeling and characterization continues to become a research area of concern, this thesis 

doesn't proceed to venture into this area. 
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c) Protocol Specific 

Next Generation Networks are IP based which means that they mainly rely on core network 

protocols. Much as Internet protocol may guarantee more scalability than A TM, it does come 

with various challenges. One of the main problems is the QoS provision [16]. The Internet 

Engineering Task Force (IETF) working group is further evaluating and analyzing the various 

ways that QoS on IP can effectively be implemented. 

d) Costing 

One of the objectives of NGNs is to minimize on communication costs but there is always 

going to be a challenge of higher bandwidth costs and transmission rates. This is yet another 

challenge that various researchers are putting their heads together to strike equilibrium of 

service costing without affecting the QoS and the users at large. 

e) Network Capacity 

The evolution of telecommunication networks was fuelled by the demand for higher capacity. 

The continued upward trend in technology especially in telecommunications has further 

increased the rate at which multimedia applications are being developed. All these applications 

have a desired amount of bandwidth to ensure efficiency in service. Therefore, Next 

Generation Networks need to be able to meet the bandwidth capacity of the various 

multimedia applications. If all these factors are to be considered (which is always the case), 

then network designers and programmers are faced with many challenges especially when it 

comes to traffic engineering and network dimensioning. 

f) Mobility Management 

As slightly highlighted earlier on, heterogeneous networks have to promote mobility. The issues 

of global mobility in the core IP network are being solved by the introduction of the Mobile IP 

protocol [17] but Mobile Internet protocols also come with their own challenges for example 

triangular routing, and duplication of IP fields ("IP within IP") Researches have emphasized 

that in mobility, the handovers from different cells should be properly handled to maintain the 

desired QoS [17]. 
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g) Scalability 

Scalability may also mean the degree of adaptability to a particular force of demand, thus the 

challenging question network engineers have to ask themselves is - will the network be able to 

support an increase in the number of users at any given one time? This is entirely because the 

number of people using telecommunications h;1s continued to increase thus the NGN should 

be able to meet the demand without affecting the Quality of Service. 

h) Heterogeneous network Compatibility 

A reliable next generation network should be compatible with different types of networks 

currently in use and must have provision for future developments. Diversity in a network 

comes with key issues that shouldn't miss mentioning, and these include: 

• Mobility management within applications of these networks . 

• Compatibility with other networks . 

• Secure interworking within access networks . 

• E nd-to-end QoS of service guarantee to users of these networks . 

Various research groups are addressing the compatibility Issues for the networks to work 

together [18]. 

1.2.4 Next Generation Network Architecture 

Next Generation Networks are mainly based on IP systems including the infrastructure that 

these systems come with, for example addressing plans; address assignments, resolutions by 

domain name servers, applications such as email, and the World Wide Web. All this makes the 

NGN entirely IP-based. The whole concept of Next Generation Networks is all about the 

defining and deploying of networks. These networks are partitioned into various layers, planes 

and open interfaces. This kind of order creates a platform for both network operators and 

service providers to create, develop and maintain services on a much more independent, 

underlying transport and connectivity considerations. The basic principle behind the NGN 

infrastructure looks a lot like the IP-based communication as present in the Internet 

infrastructure [8]. The most outstanding feature of NGN architecture is the recognized 
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separation of the serv1ce - related functions and the transport infrastructure. For example, 

services such as IPTV networks, telephone networks, video conferencing and IP telephony etc 

have their own network infrastructure, but in NGN architecture all these services are integrated 

within one network. The biggest advantage of such a structure is that many companies have 

that freedom to develop many services and charge per those services rather than charging for 

the whole network. This is advantageous to those users who want a specific service, thus they 

only pay for only the services they are accessing. The other possibility is that the service 

providers are able to create services over a wide variety of platforms such as wired, wireless and 

mobile among others . 

The other key highlight in the NGN architecture is general mobility; a user within this network 

architecture is able to hop from one connection to another freely and alternatively from one 

network to the other but while being able to stay in access for any subscribed services. 

The NGN architecture is formalized in ITU-T Recommendation Y.2011; it mainly highlights 

the Service and Transport Stratums. Figure 2.4 is from ITU-T Recommendation Y.2012 and 

basically reflects the different portions of each strata and it does also show the interactions 

between these parts. 

The functions that connect a particular user to the NGN is known as the user-to-network 

interface (UNI). If there is any process involving connection between two networks, the 

network-to-network (NNI) interface is invoked. The diverse nature of user equipment and 

gadgets calls for a straight forward establishment of the NNI and UNI but this has to be done 

without destabilizing the main business paths and points within the NGN architecture. And 

lastly, the application-to-network interface (ANI) is the bridge between the NGN environment 

and third party application providers. 

A typical NGN use case scenario would be; users have to connect their network to the NGN 

itself and this is made possible through the assistance of network attachment control function 

(NACF). After this connection is fully authenticated and established, the Resource and 

Admission Control Functions (RACF) receives an access request from the particular application 

trying to access the services. These functions then make the decision to either accept or reject 

the request based on set parameters or resource availability. 

The main purpose of the management functions is to promote security, carry out network 

diagnostics and billing; it is mainly used during the 'subscription stage' of accessing services 

within the NGN environment. 
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Lastly, the end-user functions are mainly tasked with controlling end-user equipment in terms 

of access to the NGN. This is made possible through the availability of physical and functional 

interfaces. Basically it is the gateway that end users go through to connect to the entire network. 

The sections that follow further describe the main portions of the NGN environment, mainly; 

The Transport, Service, Application and Management planes. 

a) Transport Plane 

The Transport plane provides connectivity for the various components and physically separate 

functions within tl1e NGN. IP is considered as the most promising transport technology for 

Next Generation Networks [20] .This means that the transport plane is able to provide IP 

connectivity for both end-user equipment outside the NGN controllers and enablers that 

usually reside on servers inside the NGN [21]. Considering IP network characters, it can be said 

that some of them comply with NGN features, for example: 

Independence of protocol layers. 

Separation of transport resources from call control. 

Service portability over a given access network. 

Cse of a packet transport to support every service (data, voice). 

The transport plane is responsible for providing end-to-end QoS, which is a desirable feature of 

the NGN [22]. The transport plane is divided into access networks and the core network, with 

a function linking the two portions. The functional entities in this plane include; access 

functions that manage the end-user access to the network. These functions are specifically 

access technology dependent. The other functional entities are the access transport functions 

which are responsible for transporting information across the access network but they also 

provide QoS control mechanisms dealing directly with user traffic, including buffer 

management, queuing and scheduling, packet filtering, traffic classification, marking, policing 

and shaping [3]. Edge Functions are the other functional entities, these are used for traffic 

processing when access traffic is merged into the core network. The Core Transport Functions 

on the other hand are the entities responsible for ensuring information transport throughout 

the core network. They provide the means to differentiate the quality of transport in the 

network according to interactions with the transport control functions [23] and las tly the 
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gateway functions are the ones that provide capabilities to interwork with other networks, 

including many existing networks, such as PSTN/ISDN-based networks and the Internet [24). 

b) Service Plane 

The main purpose of the service control plane is to house the various functions to provide 

control on the transport plane and also manage the accessing process to the application plane. 

In previous studies, a number of subsystems have been proposed by standard organizations for 

the control plane and among them is the IP Multimedia Subsystem (IMS) standard by the Third 

Generation Partnership Project (3GPP) whose main focus is to provide service architecture to 

support Internet services as well as legacy service. The Functions in this plane include 

authentication and authorization functions, registration functions, and session control functions 

[22). 

c) Application Plane 

Next Generation Networks support an open development environment based on an 

Application Programming Interface (API), which will enable service providers, third party 

application developers, and potentially end users to create and introduce applications quickly 

and seamlessly [25). Service providers have· more control over the service introduction process 

and hence there is a possibility of reuse of existing application components, this is entirely 

made possible because the speed and nature in which applications are introduced [26] . In the 

long run it basically opens up opportunities for creating and delivering services to a broader 

audience. 

d) Management plane 

One other fundamental to operating an NGN is assured support for network management. 

Management functions enable the NGN operator to manage the network and provide NGN 

services with the expected quality, security, and reliability. 

These functions are allocated in a distributed manner to each functional entity. They interact 

with network element management, network management, and service management functional 

entities. The management functions include charging and billing functions. These functions 

interact with each other in the NGN to collect accounting information, which provides the 

NGN operator with resource utilization data enabling the operator to properly bill users. The 
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charging and billing functions support the collection of data for both later processing (offline 

charging) and near-real-time interactions with applications such as those for prepaid services 

(online charging). 

1.3 Problem Statement 

The necessity of QoS is one of the key issues that have to be considered when designing and 

analyzing the performance of Next Generation Networks. The limitation of bandwidth for 

multimedia applications in NGNs such as voice and video telephony along with the increasing 

number of applications on the Internet, service classification and efficient resource 

management have all become quite challenging tasks. It is for this reason that service quality 

easily declines in NGNs especially when QoS mechanisms are not carefully scrutinized. In 

order to handle the different types of applications in the network as a way of improving the 

service quality in video and voice transmission, there has to be proper and efficient resource 

and traffic management. For this to be possible there must be a mechanism to manage the 

resources and also handle the traffic in the most efficient way possible within the network [22). 

Traffic routing in a network is one way Quality of Service may be implemented. Routing is a 

process where routers in a network specify paths that the various packets should follow during 

transmission across the Internet [27]. Routers and Routing protocols are at the center of tlus 

process; the latter are the various rules that specify how the routers are going to communicate 

with each other by disseminating data. There are quite a number of routing protocols widely in 

use in the telecommunication industry, tllls work concentrates mainly on Open Shortest Path 

First (OSPF) and Enhanced Interior Gateway Routing Protocol (EIGRP) as one of the ways of 

evaluating video transmission QoS in Next Generation Networks; this is mainly because they 

are the pre-eminently considered protocols for video transmission in a network [27] . 

Streaming video across networks is a sensitive process because of the compulsory need of 

providing quality of service to the parties involved in most cases the receiver of the service; this 

is mainly because if there are drops in packets during streaming, the final quality of the video at 

the receiver's end is greatly affected. There are many studies that have endeavored to investigate 

how to implement QoS mechanisms in a given network, either with the receiving devices 

themselves or at the various areas of the OSI model, but there is little known that has been 

done concerning the Quality of Service, therefore our work is concerned with the Quality of 
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Service during the streaming and routing process, hence our further concentration on the 

router, routing and routing protocols of which all this happens at the network layer of the 

Open Systems Interconnection (OSI) model. 

A network simulation package called Optimized Network Engineering Tools (OPNET) 

modeler has been used in the simulation phase of this study. OPNET is considered to be the 

industry's leading simulator that is specialized for network research and development [28]. 

OPNET allows network designers to develop and study the behavior of the various 

communication networks, devices, protocols, and applications with great flexibility [28]. 

1.4 Research Goal 

The main goal of this research work is to evaluate Quality of Service of video transmission over 

next generation networks using Open Shortest Path First (OSPF) and Enhanced Interior 

Gateway Routing (EIGRP) as a way of enhancing efficient and effective video traffic 

management. 

1.5 Research Objectives 

In order to achieve the main goal of this research, we shall employ the following research 

objectives (RO). 

R01: A study of the key concepts, architectural components and challenges of NGN 

networks. 

R02: Analyze video traffic QoS and transmission over NGNs. 

1.6 Research Limitation 

The scope of this study is limited and concentrates mainly on QoS in routing video traffic 

hence the choice of two routing protocols i.e. Open Shortest Path First (OSPF) and Enhanced 

Interior Gateway Routing Protocol (EIGRP) since these are the protocols that facilitate and 

provide QoS to next generation network applications whose main activity is streaming video 

across a network. 

1. 7 Research Methodology 

The various research methods used in this research are presented in the following section. 
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1.7.1 Literature Review 

The research began with a detailed research literature review during which the various concepts 

in next generation networks were presented along with the related works to this research. A 

further study was carried out mainly on routing protocols used in next generation networks to 

transmit video traffic across these networks. This study created the backbone of the 

experimental phase of simulating the chosen routing protocols. 

1. 7.2 Network modelling and design 

Three network models were designed; two had different routing protocols and the third simply 

was relying on the two protocols combined together or being used simultaneously. 

1.7.3 Network Simulation 

The network models in section 1.7.2 were fully implemented with the help of a video 

conferencing application as the main source of traffic for the various network models. A 

simulation time of 3000 seconds was set on all the models. 

1.8 Research Contribution 

The main contribution of this is to assist network developers and designers in clearly choosing 

the most appropriate routing protocol when it comes to designing video applications networks 

especially if the applications in question are to be deployed in a next generation network 

environment. 

1.9 Chapter Outline 

As a secondary deliverable of this work research work(extractec.l from the results obtained from 

this thesis) is paper presented and published in the proceedings of the 11th International 

Conference on Wireless Networks(ICWN'12: July 16-19,2012 Las Vegas,USA).The title of the 

paper is 'Evaluation rif Video Transmission QualifY rif Service over Next Generation Networks': 
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1.10 Chapter Summary 

This chapter presented an overview and general background of this research work. The chapter 

gave a general understanding of the work and in brief, a presentation on the problem statement, 

research goal, research objectives and the research methodology was given as way of linking to 

the chapter 2 which is the literature review. 

The remainder of this research work is organized as follows: 

Chapter 2 presents the literature review of the research work. In this chapter the IP Multimedia 

System - a backbone of next generation networks is analyzed. The chapter also presents the 

various works that have been done on routing protocols in next generation networks and 

Quality of Service routing in next generation networks. The chapter concludes by presenting 

the main protocols under the research study. 

Chapter 3 introduces the concept of video streaming in networks. This chapter also explains 

the preliminary work done before the implementation and simulation of the network models 

described in chapter is done. 

Chapter 4 presents the simulation environment of this work as a whole. The chapter also briefly 

describes the OPNET simulator. 

Chapter 5 concludes the entire thesis and future work is briefly presented. 
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CHAPTER2 

LITERATURE REVIEW 

2.1 Introduction 

This chapter introduces the literature and related work surrounding the back bone of next 

generation networks - The IP Multimedia Subsystem. T he chapter also presents the main IP 

QoS models and protocols. The chapter concludes by analyzing QoS routing in next 

generation. 

2.2 Overview 

The evolution of the Internet-mainly a packet switching network and the telephony (circuit 

switching technology) led network researchers to bring about ways of converging the two. This 

new concept of network convergence has developed over the last few years and has been 

labeled Next Generation Networks (NG ) [29]. Lately, there are new tele-services and 

applications that have become strong drivers for progress and thus come with new 

requirements for network designing and construction. In order to implement such kind of 

network architectures, there is a set of protocols and traffic - related mechanism that needs to 

be adhered to or invented. Of late, 3G networks continue to evolve, thus it is only fair to ask 

what 4G or NGNs should or might be able to do. Because of the ever evolving nature of 

technological innovation the answer to this question is yet to become so clear, but the current 

trend is to view Next Generation Networks as a new technological paradigm shift for the 

telecommunication industry, thus from mobile to fLxed networks. T he biggest anticipation is 

that Internet access and Internet Protocol (IP) multimedia applications will become value­

added and high revenue services for telecommunication networks. The continuous upward 

trends of technology in the development of converged broadband next generation networks 

(NG s) and advanced multimedia services has increased the user expectations on the delivery 

of multimedia services to end users "anytime, anywhere "with a desirable degree of Quality of 

Experience(QoE) anticipated. Converged NGNs are being designed to deliver different types 

of traffic across heterogeneous end-user environments. 
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2.3 Related work 

To deliver multimedia that is being referred to previously, there are various requirements that 

have to be met especially for specific real-time/ interactive video service traffic delivered over 

networks in conjunction with other commercial traffic (e.g., voice calls, streaming multimedia, 

and Internet traffic). QoS mechanisms such as class-based traffic prioritization and effective IP 

routing protocols are necessary. The wide variety of multimedia and video services imposes 

different Quality of Service (QoS) requirements on underlying networks. One aspect is delay 

tolerance, with service requirements ranging from strict real-time and delay-intolerant data 

transmission to delay-tolerant services. In [1 0], [8] [9], [30][30][13], [14], the authors categorize 

the importance of various QoS parameters for different interactive video services. Prioritization 

and resource allocation schemes for various types of video traffic delivered over various 

networks have been addressed in [9, 31]. Further studies have more specifically focused on 

evaluating support for the delivery of real time video services over high speed 3G / 4G networks 

[32],[6, 33] and other types of broadband networks [34], with evaluation results showing 

generally reliable performance. 

The research community has continued to carry out various investigations on new approaches, 

methods, strategies, techniques and tools for analyzing, designing, controlling and evaluation of 

future Next Generation Systems that support user interworking of multimedia applications and 

their mobility. Emphasis is now being given to QoS and its related aspects both in access and 

core networks in the presence of multimedia traffic, as [35] suggested. The real question above 

all is, how can we evaluate QoS of service especially in an instance where it is impacted by an 

unexpected event? This may sound pretty an easy question to answer but that isn't the case. We 

do not differ so much from [35] , when he stated that "the only good reason to measure 

anything is to reduce uncertainty with respect to some course of action that must be decided". 

Basically in 2001, Hardy proposed and presented a method where he analyzed QoS using two 

processes, mainly measurement and evaluation. In our study we focus more on evaluating the 

performance of two routing protocols based on selected metrics, we also evaluate these 

protocols but from a network routing point of view. Routing is part of network traffic 

engineering, the major objective of the latter is to ensure and improve network performance at 

the same time maintain the QoS requirements by optimizing network resources. One way this 

can be done is through the application of efficient IP routing protocols that will enhance the 

18 



general performance of the network especially when it comes to QoS of the various multimedia 

applications. 

2.4 Analysis of IP Multimedia Subsystem 

The IP Multimedia Subsystem (IMS) is a set of specifications that describes the Next 

Generation Networking (NGN) architecture for implementing IP based telephony and 

multimedia services [36]. Without the presence of IMS, it would be entirely difficult or near to 

impossible to converge voice, video, data and mobile network technology over an IP-based 

infrastructure. The system is designed in such a way that it favors a gradual movement of any 

existing core infrastructures to the new Internet Protocol framework which facilitates a much 

easier and minimal cost of launching new services, reduce operating costs while remaining in a 

position to provide benefits to users and service providers. In order to enable person-to-person 

and person-to-content communications, IMS uses a layered architecture in which service 

enablers and common functions can be reused for multiple applications [37]. 

In the IMS, network operators and service providers control access to the networks and 

services respectively, all for which customers are billed for the accessed service. This is in 

contrast to the usual Internet model, where the network is transparent and all services are 

provided by endpoints. As a result of a more controlled environment, users get an improved 

experience with managed QoS, single-sign-on security, and customer support, at least in theory 

[38] . 

2.4.1 IMS Architecture 

After telecommunication network developers realized the need to move away from the 

vertically integrated service silos, the IMS architecture became one strategy that was to provide 

and promote horizontally integrated services architecture. The IMS provides common 

functionality that is specific to a particular service [39].It is generally a serviCe prov1s1on 

architecture platform framework in next generation networks. The service architecture of IMS 

is based on a collection of logical functions that may be organized into 3 layers as shown in 

Figure 2.1 [40]. 
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Figure 2.1 : Overview of IMS architecture 

a) The Application Server Layer: 

This layer mainly depends on application and content servers which it uses to provide 

value added services. The main parts that form the core of this layer are application 

servers (AS), the Multimedia Resource Function Controller (MRFC) and the 

Multimedia Function Resource Processor (MRFP). The main purpose of the AS layer is 

to allow services to be built based on the bearer services and the call control services of 

the other two layers [ 41]. Besides supporting legacy services, it can be used to provide 

novel non-telephony services [10). 

b) The Session Control/Signaling Layer: 

This mainly contains the call control functions that enable endpoints to be registered 

with the network and calls to be setup between them [42). It also contains the functions 

that control the media gateways and servers so as to provide the requested services. The 

main elements in this layer are the Call Session Control Function (CSCF) which 

provides end-point registration and routing o f SIP signaling messages [42).The other 

element is the Home Subscriber Server (HSS) , this acts as the database used to store 

subscrib er service profiles and service triggers. 
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c) The Transport and Endpoint Layer: 

This layer is responsible for initiating and terminating the signals that are needed to 

setup and control sessions, it also provides bearer services between the endpoints. IMS 

signaling is based on the Session Initiation Protocol (SIP) on top of IPv6 [41]. 

2.4.2 IMS Components and Entities 

The main IMS key functionalities and entities are categorized in 6 ways. These are, call session 

management and routing functions (CSCFs), databases (HSS,SLF), interworking elements 

(BGCF,MGCF etc), services (AS,MRCF,MRFP), support entities (THIG,SEG,PDF) and 

charging [43]. 

2.4.2.1 Proxy Call State Control Function (P-CSCP) 

This is the first contact point within the core network of the IP Multimedia system. 

T he P-CSCP acts as an inbound/ outbound SIP proxy server that is all requests initiated 

by the IMS terminal or destined to the IMS terminal pass through P-CSCP[44].It also is 

responsible for security of all messages between the network and user. 

2.4.2.2 Interrogating Call State Control Function (1-CSCF) 

The I-CSCF presents functionally of a SIP proxy server located at the edge of an 

administrative domain. It retrieves user location information and routes it to the 

appropriate destination, typically an S-CSCF [45]. Basically it acts as a contact point 

within an operator's network for the various connections destined to a subscriber of 

that particular network operator. 

2.4.2.3 Serving Call State Control Function (S-CSCF) 

This is a SIP server that performs session control. It also acts as a SIP register and 

maintains a binding between the user location and the user's SIP address of the record 

(also known as public user identity) [46]. It also carries out user registration and 

interaction with the various service platforms mainly for the support of services. 

2.4.2.4 Application Server (AS) 

The AS (Application Server) mainly hosts and executes IP Multimedia Services. For 

example several services like telephony and messaging can be hosted in a single 
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application setver [46]. Different serv1ces ill a single application server reduce the 

workload of CSCF in the control layer [44]. 

2.4.2.5 Media Resource Function (MRF) 

This provides the source of media in the home network. It is divided into two parts; 

one is the signaling plane node referred, as Media Resource Function Controller 

(MRFC) and the other is media plane node referred as Media Resource Function 

Processor (MRFP) [47]. 

2.4.2.6 Breakout Gateway Control Functions (BGCF) 

The BGCF is a SIP server that incorporates routing Functionality based on telephone 

numbers [48]. It is only used in sessions that are initiated by an IMS terminal. 

2.4.2.7 Home Subscriber Server (HSS) 

This is the master database of the IMS. The main objective of the Home Subscriber 

Server (HSS) is to provide a central repository for subscriber information in IMS 

architecture [39]. It basically acts as a store for all subscriber information necessary to 

handle sessions between users and provides service to subs~ribers [4 7]. 

2.5 IP Quality of Service Models 

The original promise behind the Internet Protocol was to deliver data from a sender to the 

receiver using a best-effort approach [49] , which basically implies that a protocol doesn't 

guarantees the arrival of data but that it tries as much as possible to deliver this data to its 

intended destination. 

In the past, IP networks were supporting public Internet services such as e-mail and general 

web access. One thing about these services is that they are not of critical importance with 

regard to timing and basically have no stringent requirements for packet loss or delay for that 

matter. As earlier on indicated in this study, the Internet is evolving into a next generation 

network hence supporting many "time-critical applications" along with other best effort 

services. This development has however come with a challenge in deploying QoS architectures 

and mechanisms that support the effective delivery of services in IP networks with the 

perceived quality. The IETF has defined different IP QoS architectures; the most prominent 

among them are the integrated services QoS architecture, and the differentiated services QoS 

architecture [50]. These models are further discussed in the various subsections of this chapter. 
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2.5.1 Best Effort Service Model 

The best-effort service is considered to be the backbone of Internet networking and its 

protocols, and this is what has made IP scalable to networks the size of the Internet [51]. 

However, this model comes with its own challenges to network operators and designers 

especially those who may prefer to guarantee their customers the most desired quality of the 

service they offer. This model mainly states that each node in the network will make an attempt 

to deliver each packet of data to its destination within a reasonable time, but it makes no 

guarantees at all [51]. Of course packets may get delivered but on another day nothing may be 

delivered. The other set back that may happen is that the packets always get re-arranged, 

therefore one has no guarantee that these packets will be re-arranged and received in the same 

order that they were sent in the first place. Technically, this means that there is a lack of QoS 

thus, the chances of service unavailability, packet losses and abnormal delays are bound to 

prevail. 

Therefore, to ensure that QoS is provided with the best effort service model is over 

dimensioning of the network resources. This is to limit the probability of routers congesting, 

and thus delays remain small and packet loss does not occur [52] . 

Much as this model is considered to be one of the easiest ways to implement QoS in a network, 

it is not a very feasible solution because of the growing types and variety of network traffic, yet 

another reason for this study's focus routing protocols. 

2.5.2 Integrated Services Model 

Having looked at the best-e ffort service model, the Integrated Service model (IntServ) was 

designed to supplement the latter rather than replace it. IntServ defines a framework for 

providing end-to-end services [53] and this model is mainly responsible for providing services 

for end users. It is suitable for simple networks and works per flow basis [54].The IntServ based 

architecture relies on Resource Reservation Signalling Protocol (RSVP) to pass QoS 

information from the sender to the receiver [53]. 

RSVP is used to occupy the network resources for the users. The resource with highest priority 

is served first; the lowest priority gets low opportunity [53]. 
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2.5.3 Differentiated services Model 

'Viflerentiated services enhancements to the Internet protocol are intended to enah/e scalable sertrtce 

discrimination in the Internet without the need for perjl01v state and signaling at every hop. A varie{y of services 

mqy be b11ilt from a small, well-defined set of building blocks which are deplqyed in network nodes. "This is the 

first paragraph in the first official document related to the DiffServ Model [55].Thus as far as 

customer service is concerned, scalability and flexibility are the main building blocks of the QoS 

of any given customer centred application in a network. The main goal of this model is to 

provide quality of service and service differentiation in IP networks [56]. The principle behind 

DiffServ is that the architecture of the whole model is kept simple as much as possible thus 

making it much more possible to differentiate services in a single direction only. Compared to 

RSVP, DiffServ is sender orientated, which means that the traffic sender is responsible for the 

QoS of the transmission [57]. 

2.5.4 Overview of Protocols used in the IMS 

The IMS is mainly based on Internet Protocols defined by IETF, basically the Session Initiation 

protocol (SIP), Authentication, Authorization and Accounting protocol and Real-time 

Transport Protocol (RTP). 

2.5.4.1 Session Control Protocol. 

SIP is the protocol that establishes and manages multimedia sessions over IP networks. 

SIP makes it easy to create new services. Since SIP is based on HTTP [58], SIP service 

developers can use all the service frameworks developed for HTTP, such as CGI 

(Common Gateway Interface) and Java servlets [58].This protocol also supports caller 

and "callee" call authentication and authorization. 

2.5.4.2 The AAA protocol. 

In addition to the session control protocol there are a number of other protocols that 

play important roles in the IMS. Diameter is chosen to be the AAA (Authentication, 

Authorization, and Accounting) protocol in the IMS [59]. Diameter is an evolution of 

RADIUS (Remote Authentication Dial in User Service), which is a protocol that is 

widely used on the Internet to perform AAA functions within the IMS architecture. 
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2.5.4.3 RTP (Real-Time Transport Protocol) and RTCP (RTP Control Protocol). 

These protocols are used to transport real-time media, such as video and audio and also 

support end-to-end delivery of real-time data. RTP also provides QoS monitoring (but 

doesn't address resource reservation or QoS guarantees) using RTCP [60]. 

2.6 Routing Protocols and IP Routing 

Routing protocols are sets of mles that routers use to communicate with other routers as far as 

information dissemination is concerned in a network. Based on various routing algorithms, the 

router is able to constantly have prior information of all other routers connected to it. With the 

success of this arrangement, a routing protocol is in position to share information among its 

neighbors and throughout the whole network. 

According to [61] the major objectives of routing include: 

a) To communicate between routers; 

b) To construct routing tables; 

c) To make routing decisions; 

d) To learn existing routes and 

e) To share information amongst neighbor routers. 

Therefore, IP Routing involves the process of moving packets across the Internet from a 

source to a destination and making this routing decision is achieved by using a router which 

provides the physical connection between networks. The router has to be set up with the 

appropriate mechanisms to facilitate reliable communication with fellow routers and through 

the network itself. The routing mechanisms in discussion here are either static, dynamic in 

nature or can be a combination of the two. This will further be explained later in this chapter. 

Routers use what is known as routing tables to determine the best path between source and 

destination after the destination address has been identified [62]. 

The routing process basically involves two different tasks, of which the tasks are also based on 

the applications in question. 

These are: 
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1. First, the paths for the transmission of packets through the Internet should be defined; and 

2. Packets are then forwarded based on the paths which have been defined [63J 

2.6.1 Features of Routing Protocols 

In [61] the authors presented the following as the main characteristics of routing protocols: 

a) Convergence. This refers to the time it takes all the various routers in a network to 

share specific information, and this time should always be at a minimal. 

b) Loop Free. This feature highlights the importance of routers staying free of loops, and 

also helps in acquiring the needed bandwidth for data transmission. 

c) Best Routes. This characteristic is about the protocol selecting the best path to the 

destination network. 

d) Lastly, the protocol has to be secure, meaning it has to ensure a secured transmission of 

the data to a given destination. 

2.6.2 Routing tables 

Routing tables are data stores found in all routers and they mainly have a list the various 

information and statistics of a given route to a destination and where data packets may be 

destined to during transmission. This information may be a list of all networks and sub 

networks known to the router and the address of the next hop router as Table 2.1 shows. The 

main purpose of routing tables is to assist the router in determining the best path that may exist 

between a source and destination whenever a datagram is to be forwarded. It is very important 

to maintain information in the routing table once a router has been able to build one and such 

maintenance can be achieved by either m anual configuration or by the use of dynamic routing 

protocols [64]. 

Table 2.1: Example o f a routing table for an average computer using a domestic router 

Network Netmask Gateway Interface Metric 

Destination 

0.0.0.0 0.0.0.0 192.168.0.1 192.168.0.100 10 

127.0.0.0 255.0.0.0 127.0.0.1 127.0.0.1 

192.168.0.0 255.255.255.0 192.168.0.100 192.168.0.100 10 

192.168.0.100 255.255.255.255 127.0.0.1 127.0.0.1 10 

192.168.0.255 255.255.255.255 192.168.0.100 192.168.0.100 10 
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2.6.3 Autonomous Systems (AS) 

Autonomous systems are a collection of routing prefixes under the control of one or more 

network operators that presents a common, clearly deftned routing policy to the Internet [65]. 

These systems basically may have multiple routing domains. The routing domains referred to in 

Figure 2.2 are a collection of networks and sub networks that are associated with routers that 

are running the same routing protocol. The two types of autonomous routing protocols 

include; Intra-Autonomous Routing Protocols and Inter-Autonomous Routing Protocols [66] . 

2.6.3.1 Intra-Autonomous Routing Protocols: 

These protocols are also known as Intra-domain routing protocols. These are protocols 

used in configuring and maintaining routing tables within an autonomous system 

(AS).The other name used to refer to these protocols too is Interior Gateway Protocols 

(IGP) 

2.6.3.2 Inter-Autonomous Routing Protocols: 

These are the protocols used for forwarding packets to other Autonomous Systems. 

They are also called Inter-domain routing protocols or Exterior Gateway Protocols 

(EGPs). 

Ro utin g do m a in 

R o uting domain 

IJ- l 
l 

IGP EGP 

Figure 2.2: Interior/ Exterior Gateway Protocols 

2.6.4 Routing Mechanisms 

In any network, the router always has to have updated information concerrung the various 

paths available for use when the need to send datagrams from source to sender arises. But the 

question is; how does the router learn about these paths to the various destinations? Well, the 
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router employs quite a number of routing mechanisms that can be used as input sources during 

the time when the routers build the routing table. T he most important . of these routing 

mechanisms are static and dynamic routing [67]. 

2.6.4.1 Static Routing: 

Static routing involves a scenario where the administrator manually enters a route in 

the routing tables. Static routes basically define the IP address of the next hop router 

and local interface to use when forwarding traffic to a particular destination [67]. 

This manually configured route remains unchanged until a point in time when the 

administrator decides to update it. The fact that in this routing mechanism 

configuration is manual, if there is any failure in the router then the route to the 

destination is also bound to fail. This is seen as one of the setbacks of this 

mechanism. However, it has an advantage of eliminating the various traffic related to 

routing updates. This conserves a fair amount of bandwidth and it doesn't make the 

router ask for route updates though the manual updating process takes a lot of time. 

2.6.4.2 Dynamic Routing: 

On the contrary to static routing, 111 dynamic routiiig the routing tables are 

automatically created and updated. This is done by special routing information 

protocols such as Interior gateway protocols or Exterior gateway protocols as earlier 

discussed in section 4.3 .3.Dynamic routing is advantageous because of the choice to 

select best routes based on a specific routing metric e.g. Bandwidth, link cost, 

delay, number of hops, reliability, load etc and also has a disadvantage of creating 

some diverse problems such as loops, instability etc [68]. 

2.6.5 Categories of routing protocols 

Routing protocols basically fall into two main categories, namely Distance vector and Link state 

[69]. 

2.6.5.1 Distance Vector: 

This category of routing basically determines the most desirable path depending on how 

far the destination is away from the source. This distance can be hops or a combination 

of metrics calculated to represent a distance value. The distance vector routing protocol 

uses the Bellman Ford algorithm for identifying this best path. 
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2.6.5.2 Link State Routing: 

This category of routing is much more flexible and sophisticated than distance vector 

routing. The protocols under this category are also known as Shortest Path First (SPF) 

protocols. They reduce overall broadcast traffic and make better decisions about 

routing by taking characteristics such as Bandwidth, delay, reliability and load into 

consideration instead of basing their decisions only on distance or hop count [67]. 

Open Shortest Path First (OSPF) and Intermediate System to Intermediate System (IS­

IS) are examples of Link State routing. In this study, we focus more on OSPF. 

2.7 Quality of Service Routing 

In section 2.2.1, we presented the various multimedia applications that may have stringent QoS 

requirements and those that may require a connection oriented service. QoS routing is a 

scheme that considers and acknowledges these requirements. For example, available bandwidth, 

delay and buffering are some of the requirements. Upon analyzing these requirements, the 

scheme then selects a path in a network that best satisfies the QoS requirements of the traffic 

being transmitted hence it is why QoS routing is defined as a process of finding the most 

appropriate path that satisfies QoS requirements. The main objectiyes of QoS routing are: 

a) Dynamic determination of feasible paths . This mainly involves finding a feasible path 

for the flow in question that accommodates the QoS requirements of the flow [27]. 

b) Optimization of resource usage. This is where QoS routing is used to help in balancing 

the load of the network. This is done by efficient utilization of resources, and thus 

improving the total throughput of the network [27]. 

c) Graceful performance degradation. This objective is all about being able to provide 

better throughput in the network than best effort routing [27]. 

2.7.1 Routing classification 

Quality of Service routing is based on algorithms that are classified according to the cardinality 

of the destination of the searched path. These algorithms are categorized in two ways, unicast 

routing algorithms and multicast routing algorithms. 

29 



2.7.1.1 U nicast routing . 

In unicast routing, an algorithm follows a process of forwarding frot;n a source node to 

a destination node while satisfying a pre-designated set of constraints [67]. 

2. 7 .1.2 Multicas t routing. 

Multicast routing on the other hand involves frnding the best feasible path that covers a 

source node and a set of destination nodes while satisfying the pre-designated set of 

constraints [67]. 

2.7.2 QoS routing strategies 

There are more ways in which QoS routing algorithms can be classified thus by path search and 

deployment strategies. These are also known as QoS routing strategies. 

2.7.2.1 Source Routing 

In this strategy, the intended path to be used by the traffic is locally computed at the 

source node itself and because of this computation, the node is supposed to have its 

own maintenance mechanism of the network global state information. The main 

advantage of this strategy is the localized storage of the network state information and 

the centralized computation of the path [50] . 

2.7.2.2 Distributed Routing 

In distributed routing, each node receives some information about the network from its 

adjacent nodes and uses the information to determine the manner in which it forwards 

its traffic [70]. The distributed computation nature of this strategy is a great advantage 

since it enables better scalability and short response time. 

2.7.2.3 H ierarchical Routing 

In this strategy, the nodes are arranged in clusters which are further broken down into 

higher level clusters and this clustering continues to happen a multi-level hierarchy is 

formed. Instead of maintaining global state information at each node just like in other 

strategies, here the aggregate state is maintained [70]. Hierarchical routing combines 

both the advantages of source and distributed routing. 
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2.8 Chapter summary 

This chapter started by introducing the literature surrounding the back bone of next generation 

networks -The IP Multimedia Subsystem. The chapter also presented the main IP QoS models 

and protocols. The chapter concluded by analyzing QoS routing in next generation network 

and foundation to link to chapter three. 
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CHAPTER3 

EVALUATION OF VIDEO QUALITY OF SERVICE 

3.1 Introduction 

This chapter mainly presents the importance of QoS in networks. The chapter discusses the key 

parameters used to evaluate end-to-end QoS of video traffic over the network. The metrics 

presented include delay, jitter, and bandwidth and loss rate. The chapter also presents the 

concepts involved in the process of video streaming over the Internet during. 

Further on, the various ways of implementing QoS in a network are also presented through 

analyzing the basic operations of QoS, Quality of Service routing and the routing protocols. 

The chapter concludes by discussing QoS routing and routing protocols this work focuses on. 

3.2 Overview 

The speed at which the Internet continues to expand has greatly led to a significant change in 

the traffic that traverses this network. In this kind of traffic, data from video applications such 

as video streaming systems and video conferencing systems have 'become so important and 

critical in typical broadband networks and this is mainly because all these applications are meant 

to deliver real-time video content over the Internet. However for all these to successfully 

happen, there is a concept that these applications have to adhere to and this is known as 

Quality of Service (QoS). QoS is the "collective effect of service performance which determines 

the degree of satisfaction of a user of the service". There are mainly two scenarios involved in 

this concept, the first one considers how a user identifies the quality of a service, and the 

second one how a set of connection requirements can accomplish a particular service quality. 

We believe that QoS is strongly correlated to the main characteristic of a network - its 

heterogeneity. The ISO standard also defined QoS as a concept that specifies how "good" a 

networking service is. Therefore, this section fully explores QoS since it is a concept that is 

used to evaluate services in any network. 

3.3 Quality of Service Parameters 

QoS parameters provide a means of specifying user requirements that may or may not be 

supported by underlying networks. As discussed earlier on in chapter 2, QoS in a network is of 
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paramount importance smce continuous media streaming applications continue to emerge, 

because of this, network developers cannot overlook QoS. For example, video streaming and 

transmission process need high throughput which automatically dictates high bandwidth. On 

the other hand, audio transmission is on the contrary since it doesn't require a lot of bandwidth 

to be transmitted across the network. The other factors that should be highly examined are 

delay variations as these mainly affect time-sensitive traffic. The next four sections here after 

are therefore meant to give us an understanding of the various QoS parameters and they are 

measured and quantified and this is important because these parameters are very critical in 

ensuring a congestion free network whenever there is video traffic traversing the network. 

3.3.1 Delay 

End-to-end transit delay is the elapsed time for a packet to be passed from the sender through 

the network to the receiver. The higher the delay between the sender and receiver, the more 

insensitive the feedback loop becomes, and therefore, the protocol becomes less sensitive to 

short term dynamic changes in the network. There are two ways in which Delay can be 

analyzed. The variable delays consist of queuing delays at each node or link on the route 

between source and destination. Figure 3.1 illustrates the factors of packet delay 

Ingress 

Router ~(Node) 

~--- ....... ____ _. 

CIPI-------ICIP--------Ci; CiP 
!....._... I Egress 

~" D(Link) 

D(Forwarding) D(Queuing) D(Se1ialization) D(Propagation) 

Figure 3.1: End-to-end Delay Calculation 

3.3.2 Jitter 

If there is a variation in the end-to-end transit delay in a network during video streaming, then 

this qualifies to be called jitter. Most network developers, engineers and researchers also refer to 

jitter as delay variation. 

In packet-switched networks jitter defines the distortion of the inter-packet arrival times 

compared to the inter-packet times of the packet transmission. 
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3.3.3 Bandwidth 

This is the maximal data transfer rate that can be sustained between two end points of the 

network is defined as the bandwidth of the network link. However it is equally important to 

highlight that the bandwidth may not only be limited by the physical network infrastructure of 

the current paths of the various networks in question. 

3.3.4 Loss 

The process of quantifying loss is done by calculating the overall loss rate, which is equal to the 

total amount of lost traffic divided by the total amount of input traffic over a certain period of 

time. The expression of loss rate, is given as 

total nUJn.ber of dropped packets 
losss rate= (2) 

total number of input packets 

3.4 Basic QoS Operations 

The heterogeneous nature of NGNs comes with a variety of applications and their traffic flows, 

some of these applications have their unique requirements that the network should meet as a 

guarantee for quality in service. Therefore without these requirements being met, the overall 

quality of the application is greatly compromised. Quality of Service operations are the various 

ways that are used to effectively manipulate QoS parameters discussed in section 3.3 to fully 

implement Quality of Service in a network. This section presents the main QoS operations. 

3.4.1 Traffic Classification 

Traffic classification is a process of categorizing traffic within a network by determining the 

different class of service. It also takes up the process of identifying the different applications 

and protocols that are involved in the network. Traffic classification may take on different 

actions such as discovering, monitoring and optimization and all these are meant to achieve the 

ultimate goal of QoS- effective network performance. Typically, once the packets are classified 

(identified) as belonging to a particular application or protocol, they are marked or flagged. 
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3.4.2 Traffic Marking 

In Traffic marking, the packets are colored along with a special value depenqing on how they 

were originally classified. The main purpose of traffic marking is to enable other network 

operations to determine the origin of packets and be able to apply the right policy or priority. 

3.4.3 Traffic Policing 

Traffic policing involves the process of monitoring network traffic for compliance with a traffic 

contract and taking steps to enforce that contract. Policing uses a token bucket scheme to limit 

the number of packets that will be transmitted. 

3.4.4 Traffic Shaping 

Traffic shaping is also known as packet shaping. The latter also uses the philosophy of the 

token bucket scheme as a way of guaranteeing network performance through increasing the 

usable bandwidth in the network and improving the latency levels of the traffic in the network. 

If a link becomes saturated to the point where there is a significant level of contention (either 

upstream or downstream) latency can rise substantially. 

3.4.5 Traffic Congestion Management 

In any given network, congestion is bound to occur. Congestion is a situation where a node or 

link in a network carries a large chunk of data to the extent of compromising the quality of 

service of that network. However, there are quite a number o f techniques that may be used to 

manage the traffic flows and avoid network congestion; these are known as queuing techniques. 

The subsection that follows presents some of these techniques. 

3.5 Video streaming over the Internet 

The Internet's continuous growth has made it possible for various applications to evolve 

leading to further advances in computing technologies that use the Internet to transmit data. 

Today, video applications are some of these systems that have taken to the Internet. Because of 

the possibility of video compression and higher network access speeds, streaming video over 

the Internet has generally become possible. On top of video compression techniques and high 

network speeds, there are factors that have accelerated video streaming over the Internet, and 

these are; 
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a) Design and development of streaming servers; 

b) Recognizable improvement in broadband networks and 

c) The various advances in compression algorithms for video and audio streaming 

applications 

3.5.1 Video Streaming Architecture 

Figure 3.2 shows an overview of the architecture for video streaming. In this figure raw video 

and audio are compressed and then stored in the various storage devices awaiting the client's 

application requests, when these requests are made, the streaming servers then retrieve the 

compressed video and audio data from the storage devices after which the application layer 

QoS portion of the architecture takes up the data as video and audio bit-streams with reference 

to the network status and its QoS requirements. From there, the transport protocols take over 

as they turn the bit-streams into data packets and then send them to the Internet. This is where 

the transport protocols from the client's side pick up the packets from the Internet and the 

whole process is reversed until the packets are decoded by the client's decoding device at the 

time. 

Client/Receiver 

Streaming Server 

Internet 
(Continuous media distr ibution services) 

Figure 3.2: Video Streaming Architecture. 

The following sections mainly present a brief overview of the various concepts 111 video 

streaming over the Internet. 
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3.5.2 Unicast vs Multicast streaming 

Unicast streaming mainly involves a packet being sent from a single source to a specified 

destination and it is mainly predominant in LANs and within the Internet. 

I(J l Serv" 

G) 
Clients 

Figure 3.3: Unicast Streaming. 

Multicast video streaming on the other hand is the term used to describe communication where 

video packets are sent from one or more senders to many recipients. A straight forward 

example of multicast video streaming is networked TV channels. In this scenario there is 

delivery of high resolution video to different recipients. 

Server 

Clients 

Figure 3.4: Multicast Streaming. 

Multicast streaming is the most appropriate technique used in streaming popular videos since 

this is a scenario where many users are bound to watch the same video at the same time, for 

example a live TV soccer game. 
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3.5.3 Streaming stored vs live video 

Streaming stored video involves firstly encoding the video before streaming. Live video dictates 

that video frames have to be produced, encoded and streamed almost at the time. Therefore, 

live video is mainly possible in real-time streaming since these videos are mainly interactive. A 

good example is a video conferencing application. This application usually has more strict delay 

requirements than stored video streaming applications. 

3.5.4 Streaming vs downloading 

Video transmission of stored can be used interchangeably with Video On Demand 01 oD). In 

this technique, the video is encoded off-line and stored just like any other data file on a server 

or proxy. This video is only delivered or transmitted to the user only when requested for, hence 

the concept Video On Demand C:VoD). Therefore, downloading a video is similar to 

downloading a data file . On the other hand streaming involves a user or recipient of the video 

who basically watches this video a few seconds after the transmission of the video has started. 

The user only continues to watch the portions of video which have been delivered so far as the 

video server continues to send the remaining portions of the whole video. Table 3.1 presents a 

summarized comparison between streaming and downloading. 

Table 3.1: A comparison between streaming and downloading. 

Server 

Network layer 

Application layer 

protocol used 

Packet loss 

Time performance 

Delivery quality 

User connection 

Playback 

Streaming 

Streaming server is required 

UDP/ IP 

RTP/RTSP 

Packet loss acceptable 

Real time, The delivered media duration 

is the same as the original 

Some packets may be discarded to meet 

time or bandwidth constraints 

Can match the user's bandwidth 

File starts playing immediately 
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Download 

Standard web server 

TCP/ IP 

HTTP 

No packet loss 

Packets may be retransmitted, leading 

to slower delivery times 

High-quali ty delivery guaranteed, no 

data is lost or discarded 

File is delivered without regard to the 

user's bandwidth 

Play begins when the whole flle 1s 

downloaded 



Effort More burden on service provider More burden on the end user01ard 

drive space, conn~ction speed) 

Firewalls May not play behind some flrewalls Bypasses most flrewalls 

Storage No ftles are downloaded to the user's PC Files are downloads to the user's PC 

VCR functionalities Yes(for streaming of pre-recorded No 

material) 

Zapping of Internet Smood1 

radio channels 

3.6 Overview of Video traffic Quality of Service 

Not possible 

Video traffic that is sensitive to loss, delay jitter and delay in networks has continued to increase 

on ilie Internet, iliis has made network designers and developers become aware of the 

importance of QoS and network congestion management. With this awareness, network 

developers have a task on hand to develop networks iliat have buffer management tools which 

are able to keep packet loss, delay, and jitter at a minimal. Wiiliout understanding the nature of 

network traffic, a network designer is bound to find difficulty in designing ilie management 

tools. T herefore, when a designer is trying to come up with an algorithm for optimal resource 

allocation, iliere has to be accurate modeling of ilie traffic involved. This is important because it 

is ilie only way iliat the provision of the network service shall meet the QoS requirements and 

keep an acceptable network capacity. 

There are various factors iliat may influence QoS demands iliat come from video applications 

in a given network, and one of these is the problem of specifying and modeling quality of 

service for compressed video which is rather challenging since bandwidth requirements and 

tolerance to loss are intimately related to both the coding scheme. 

3. 7 Routing Protocols under study in this work 

This section describes the Protocols that we focus on in this study, mainly Open Shortest Path 

First (OSPF) and Exterior Integrated Gateway Routing Protocol (EIGRP). 

3.7.1 Open Shortest Path First (OSPF) 

OSPF is an Interior Gateway Protocol (IGP) which is one of the main protocols used in the 

Internet Protocol (IP) -based Internetworks. The routing protocol is a public (open standard) 

that is based on the link state. The various concepts and operations of the OSPF link state are 
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fully described in Request For Comments (RFC) 1583. The main two characteristics of OSPF 

are; 

1. It is an open protocol which basically means that the protocol is in a public domain. 

2. OSPF calculates optimal routes based on lower cost of the links to a destination using 

Dijkstra's algorithm. 

3.7.1.1 Metrics 

In any given network, a router is supposed to measure the cost involved to route to 

neighboring routers. This cost measure is mainly used as a metric to ftnd the best route. 

T he cost of a route is calculated using the formula shown in Equation 3: 

Cost= 
ban-dwidth( bps) 

(3) 

After evaluating the expresswn (3), if the cost is low, this implies that there is a 

likelihood that the interface will be used to send data traffic. Each router sends hello 

packets to its neighboring routers in order to track their status. OSPF routers must have 

the same hello and dead time intervals to exchange their information. 

3.7.1.2 Packet Format. 

Figure 3.5 illustrates a typical OSPF packet which always begins with a 24-byte header 

and is composed of nine ftelds (RFC 1583). 

Version 
I 

Type 

Router ID 

Area ID 

Checksum 
I 

Au Type 

Authentication 

Authentication 

Figure 3.5: OSPF packet header (RFC 1583). 
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3.7.1.3 Packet Field D escriptor. 

a) Version: This field refers to the OSPF version used 

b) Type: The fields indicates OSPF packet type as: 

1. Hello 

11. Database Description (DBD) 

ill. Link State Request (LSR) 

1v. Link State Update (LSU) 

v. Link State Acknowledgement (LSAck) 

c) Router ID: The router ID identifies the source router 

d) Area ID: This is the ID of the area that the packet belongs to. 

e) Checksum: This field is used to check for damaged or not damaged packets during the 

transmission. 

f) Au Type: The field defines the authentication type 

3.7.2 Enhanced Interior Gateway Routing Protocol (EIGRP) 

EIGRP is an interior gateway protocol developed by Cisco Systems and introduced with 

Software Release 9.21 and Cisco Interne~orking Operating System (Cisco IOS) Software 

Release 1 0.0. It is a suitable protocol for a variety of network topologies and multimedia. As we 

shall later on find out in the simulation stage, EIGRP is one protocol that has quick 

convergence time. The protocol is considered to be one that lets routers exchange information 

more efficiently than other network protocols. The routers using either EIGRP or IGRP can 

interoperate because the metric (criteria used for selecting a route) used with one protocol can 

be translated into the metrics of the other protocol. 

3. 7 .2.1 Metrics 

To compute the routing metrics, EIGRP mainly depends on minimum path bandwidth 

to the destination network and the total delay. Bandwidth and delay metrics are 

determined from values configured on the interfaces of routers in the path to the 

destination network. Formula 4 is used to scale the bandwidth to the destination 

network. 
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( 
10000000 ) 

bandwidth= . . ""256 
b andwith ( i-) 

( 4) 

Where bandwidth (i) is the least bandwidth of all outgoing interfaces on the route to the 

destination network represented in kilo bits [71]. 

In order to scale delay, EIGRP employs formula 5. 

delay = delay(i) * 256 (5) 

Where de/qy (z) is the sum of the delays configured on the interfaces, on route to the 

destination network in tens of microseconds. 

Then, having bandwidth and delay scales, EIGRP can now determine the total metric to 

the entire network. Below is the formula to do this [72]. 

[ 
K 1 "' bandv.-·idth ] [ Kr; j 

metric= K1 * bandv • .ridth+ "'
25 

+ K * deJay * K .. (6) 6- load 3 
· reliability+ 

This is when K 4 =I= 0 and K5 =I= 0. 

BUT when K4 = Ks = 0 , 

l ( k? bandwidth) j 
metric= kl * baJ1.d\-vidth + - + k3 * del ar 

256- load 
(7) 

Table 3.2 indicates the constants for k 

Table 3.2: Constant Values forK 

I Constant name II Value I 

kl 1 

kz 0 

k3 1 

k4 0 

ks 0 

Therefore, when there is a default or constant behavior the formula becomes; 

metric = bandwidth + deEa.y (8) 
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3.7.2.2 Packet Format. 

Figure 3-6 shows the E IGRP packet header. The highlight of this packet is the autonomous 

systems numbers which are the Type/Length/Value (TL V) triplets. TL V triplets basically carry 

route entries, and also provide the fields for DUAL process management. 

0 8 16 24 31 
Vblf:S iun _[ OPCude J Ct1eck~un1 

Soquoncc 

r-·----
Autonomous Systom N u rnbo r 

T LVs 

Figure 3.6 EIGRP Packet 

3.7.2.3 EIGRP packet parameter descriptor. 

a) The Version field specifies the version of EIGRP. 

b) The OPCode field indicates the type of EIGRP packet. For example Opcode 1 is the 

update packet, opcode 3 is the Query, opcode 4 is the reply, and opcode 5 is the 

EIGRP hello packet. 

c) Checksum is a field used for the regular IP checksum. It is calculated based on the 

entire E IGRP packet, excluding the IP header. 

d) The Flags field involves only two flags. The flag indicates either an init for new 

neighbor relationship or the conditional receive for E IGRP RTP. 

e) Sequence is a field that specifies the sequence number used by the EIGRP RTP. 

f) The Acknowledgment field is used for acknowledging the receipt of an E IGRP 

reliable packet. 

g) Autonomous System Number. This field specifies the number for the identification 

of EIGRP network range. 
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3.8 Summarized comparison of routing protocols 

Table 3.3 is a summarized comparison of the various routing protocols, including those that 

may not be considered in this study. 

Table 3.3: Comparison of routing protocols 

Distance Vector (IP,RIPv2,IGRP,EIGRP) 

Descriptor 

- Routers communicate with neighboring 

routers as they advertise networks 

through distance and vectors measures 

Measures 

- Distance metrics. 

- Vector direction. 

Recommendation 

- Highly recommended for simple, flat 

design and non-hierarchical networks. 

- Minimum administration knowledge 

- Networks where convergence time is not 

of essence. 

Network knowledge 

- Only neighboring routers have the 

knowledge of the network 

Updates 

- Send periodic updates of entire routing 

table 

3. 9 Chapter Summary 

Link State (OSPF,ISIS) 

- Routers communicate with all other routes 

exchanging link-state information to build a 

topology or the entire network. 

- Link -State = Interface connections or links to 

other routers and network 

- Recommended for large hierarchical networks. 

- Advanced administrator knowledge 

- Networks where convergence time is an issue 

- Routers have a complete view of the network, 

knowledge of the entire topology 

- Send triggered partial updates 

In this chapter the importance of QoS in networks has been indicated. The fundamental 

interpretation of QoS from the network point of view was presented during which also the 

various models the Internet depends on to implement QoS in its traffic were discussed. 

Furthermore, the important notions of QoS metrics were introduced as key parameters used to 

evaluate end-to-end QoS of video traffic over the network. The metrics presented included 
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delay, jitter, and bandwidth and loss rate. These metrics are mainly used to provide efficient 

QoS within the network for video traffic thus these requirements must be established to 

achieve this goal. Further on, various ways of implementing QoS in a network were presented 

through analyzing the basic operations of QoS. The other purpose of this chapter was also to 

introduce some of the concepts and processes involved in video streaming over the Internet 

during which video streaming architecture was presented. 
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CHAPTER4 

NETWORK SIMULATION 

4.1 Introduction 

This chapter presents the implementation phase of the research work which is mainly done 

through network simulation. The network environment in which the simulation was done is 

fully described in this chapter too. The simulation results and discussion conclude the chapter. 

4.2 Overview 

Simulation is the imitation of some real thing available, a state of affairs, or a process. Thus, an 

act of simulating something generally entails representing certain key characteristics or 

behaviors of a selected physical or abstract system. Network simulation therefore involves 

simulating the behavior of a selected system model. Simulation is mainly used for performance 

analysis and predicting how a network would behave in reality. This is done through the use of 

results generated from the whole simulation process from which decisions can be drawn prior 

to implementing a network in real life scenarios. The biggest highlight of simulation software is 

that there is a variety of tools to use to niake sure the perfect results are generated These 

include programming environments, network traffic selection and choice, statistical data 

representation and projection, all of which are always related to the simulation. 

4.3 Simulation Environment U sed 

As already indicated, OPNET was chosen to be used in the simulation phase of this work. 

OPNET Technology is the developer of this simulator software and it is considered one of the 

most powerful software in simulation. The main reason is because one can easily design and 

study either small or large scale networks with the various devices in these networks, including 

protocols, applications and above all, the processes of the nodes in the overall network. To sum 

it up, as indicated earlier, OPNET is a simulator built on top of a discrete event system and it 

simulates the system behavior by modeling each event in the system and processes it through 

user defined processes. OPNET relies on three domains to achieve the various benefits of 

simulation and these are: 
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a) The network domain; 

b) The node domain; 

c) The process domain; 

All the above are fully discussed in the next section. 

4.4 Structure of OPNET 

OPNET is structured in a way that has a user interface to assist a developer to build network 

applications, the interface relies on C and C + + source code with a huge library of OPNET 

functions to accommodate the various requirements of the developer. OPNET is further 

broken down into various domains which are meant to simplify the whole experience of 

network simulation. These domains basically allow a developer/ researcher to simulate elements 

of a computer network in order to investigate how they will react to different circumstances 

without the need to physically construct them. The next section briefly presents the three 

domains that OPNET is broken down into. 

4.4.1 Hierarchical Structure 

An OPNET model is broken down into a hierarchy of three parts, and these are: 

a) Network Domain 

This domain of the modeler is mainly concerned with networks and subnets, network 

topologies, geographical coordinates and mobility. Basically the network domain 

represents the overall system that is being simulated. For example, in our simulation, 

the network topology that represents the subnets in Cape Town, Maflkeng, Durban 

and Johannesburg is illustrated in figure 4.1. 
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Figure 4.1: Network Topology 

b) Node Domain 

This domain in OPNET specifies a particular structure of the nodes in the network. 

These nodes may include workstations, routers, packet switches, servers or satellites for 

that matter. Figure 4.2 illustrates the node architecture of the Ethernet server. 

Figure 4.2: Node Domain 

48 



c) Process Domain 

This is the domain ill which a researcher or developer specifies the vanous attributes 

and behavior of the processor and queue model. This domain is mainly based on 

source code of C and C++ languages found within the node model. Figure 4.3 is an 

example of a Process Domain. 

ICI Process Model: ip_dispatch 

Figure 4.3: Process domain 
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4.5 Design and Analysis 

OPNET has specific steps researchers or network developers have to follow whenever they 

embark on simulating a network. Figure 4.5 shows a simple flow chart of these steps. 

-
C reate a Nehvork Model 

r 
C h oose th e stat istics 

Run s imulation 

---

<:~ Ana lyse/Eva luate the results 

Figure 4.5: The Four OPNET Simulation Design Steps 

4.6 Simulation Study 

As presented earlier on, the protocols to be used in this work are OSPF and EIGRP, These 

protocols have been already discussed in the previous sections and shall now be evaluated 

based on the quantitative metrics of convergence time, packet delay variation, end to end delay, 

traffic sent, traffic received and packet loss . These metrics shall help us evaluate the 

performance of the routing protocols mainly in 3 different scenarios i.e. OSPF scenario, 

EIGRP scenario and in the third scenario where both OSPF and EIGRP are combined. A 

video conferencing application is configured to generate the main traffic of the network. This 

evaluation will in give us an idea of the general network QoS with regard to video transmission 

of the application chosen. 

4.7 Network Topology 

Figure 4.6 is a depiction of the 4 subnets as already highlighted in section 4.4.1. This figure is 

duplicated thrice in order to implement the three scenarios discussed in section 4.6 above. 
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The network topology is made up of different devices and different configuration utilities. 

These include: 

a) The four subnets, each subnet with a video Ethernet server, LAN with Ethernet 

workstations and a CS_7000 Cisco router; 

b) The routers are connected with the PPP _DS3 Duplex Links; 

c) Ethernet 10 Base T Duplex Links that connect the various Ethernet workstations in the 

LANS together; 

d) Failure Recovery Configuration Utility; 

e) Application Configuration Utility; 

f) QoS Attribute Configuration and a Proftle Configuration Utility. 

-:- , ... ,."' 
~ ! ~ ... ""':"'_ ...... ~-...... ,.:•· ":::.~-.,._.1 ... 

,......:, .... _,. </.$.-

:::--: ~..:.~ .. =~.~ --w·:~u. .!:::.:-:"'..:;'; . .'~ .. -:-.::::.:.:-·- --·- " 

Figure 4.6: Network Topology with four subnets 

4.8 Configuration Utilities ofthe network 

The configuration utilities of the network model are solely responsible controlling and 

monitoring of the network and its traffic, these are; 

a) The Application Definition utility best known as Application Config. 

b) The Profile Con fig 

c) Quality of service parameter config and The Failure Recovery utility. 
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All these utilities and how they were configured during the network modeling are presented in 

the sections that follow 

4.8.1 Application Configuration 

The Application configuration and definition object is added from the object pallet into the 

modeling workspace. Application Configuration · in a network model makes it possible to 

generate any type of application traffic, for example in our work we chose to use a video 

conferencing application to generate our network traffic; as depicted in figure 4.7. Therefore in 

our work we set the application to support Video Conferencing with a high resolution video. 
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Figure 4.7: Application Configuration 

4.8.2 Profile Configuration 

Profile Configuration involves defining the vanous profiles within the defined application 

traffic of the defined Application Object. In this configuration under our study, a video 

conferencing profile was created as illustrated in figure 4.8. 

52 



I '\. 
I 

I 

4.8.3 Failure recovery 
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Figure 4.8: Profile Configuration 

Due to various reasons, a link in any given network may fail to function or transmit traffic, and 

this is known as failure. Failures always introduce disturbances in the whole routing process 

leading to longer convergence duration. To reduce the impact of these failures, a Failure 

Recovery utility is used . In our work, the link connecting the Cape Town subnet to the 

Mafikeng subnet is set to fail for 300 seconds and then recover at 500 seconds. This process is 

illustrated in figure 4.9. 

Figure 4.9: Failure recovery configuration 
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4.8.4 QoS Parameters Configuration 

QoS Parameters Configuration is aimed at guaranteeing at least a rrurumum amount of 

bandwidth in a network in scenarios where there is network congestion. This is a process that 

also assures better quality to the application in question. Figure 4.10 illustrates the 

implementation of FIFO (First in First Out) queuing mechanism, however In our work, we 

used WFQ (Weighted Fair Queuing) because it is the only mechanism that prioritizes traffic 

mainly on the basis of ToS (Type of Service), DSCP (Differentiated Service Code) and on a 

Protocol basis making it the most suitable for a Video Conference application which is the 

application of choice for generating the traffic in our simulated network. 
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Figure 4.10: QoS Parameters Configuration 

4. 9 Simulation Scenarios 

As already indicated in section 4.6, three scenanos were created with the same network 

topology but different routing protocols; one scenario with OSPF, another with E IGRP and 

the third with OSPF and EIGRP combined. In this section these scenarios are presented 

separately. 

4.9.1 OSPF Scenario 

Figure 4.11 shows this scenario and all the routers of the 4 subnets were configured with the 

OSPF routing protocol. After this configuration of the routing protocol, we then chose the 

D ES statistics that would help us analyze and measure the performance of this routing 

protocol. The model was saved and we then ran the simulation for 2700secs. 
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Figure 4.11: OSPF Scenario 

4.9.2 EIGRP Scenario 

This scenario is slightly related to the previous scenario in terms of topology but differs in the 

routing protocols since the routers of the subnets in this scenario are implemented with the 

E IGRP routing protocol. The D ES statistics are also chosen for this scenario and the 

simulation is run for the sam e time as in the OSPF scenario i.e. 3600 sees. Figure 4.12 illustrates 

this scenario. 

! ,. 

I 

.. 

Figure 4.12: EIGRP Scenario 
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4.9.3 OSPF & EIGRP Scenario 

The main goal of this scenario is be able to analyze the behavior and performance of the 

network where both protocols are run simultaneously within the same scenario. This scenario is 

illustrated in figure 4.13. 

Figure 4.13: OSPF & EIGRP Scenario 

4.10 Results 

In this section, we present a comparative analysis of EIGRP over OSPF. There are three 

network models, which are configured and run as 1st scenario with OSPF alone, 2nd one with 

E IGRP alone and 3rd one with both EIGRP and OSPF simultaneously. 

4.10.1 Convergence time 

Convergence time is the time period it takes all the various routers m a network to share 

specific information, of which this time should always be at a minimal. 
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Figure 4.14: Convergence Duration 

Analyzing figure 4.14 above, we can observe that during convergence, the EIGRP network is 

faster than OSPF and OSPF _EIGRP networks. This is mainly because of the high rate at 

which EIGRP detects the rapid changes within the network and further communicates the 

changes with other neighboring routers u.ntil all the routers in the network are updated. 

Between OSPF and OSPF _EIGRP networks, OSPF _EIGRP network is slower than OSPF 

hence the same reason why OSPF has not yet reflected on the graph in figure 22. Table 4.1 

depicts the convergence times of the networks. 

Table 4.1 : Average value of convergence time 

Scen ario No. Scenario Name Rou ting P rotocol Convergence Tim e( sec) 

1•1 EIGRP EIGRP 0.5473 

znd OSPF OSPF 3.7552 

3•d OSPF _EIGRP OSPF _EIGRP 5.0001 

4.10.2 End to End delay (video conferencing) 

End-to-end delay is the elapsed time for a packet to be passed from the sender through the 

network to the receiver and that the higher the delay between the sender and receiver, the more 
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insensitive the feedback loop becomes, and therefore, the protocol becomes less sensitive to 

short term dynamic changes in the network. 
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Figure 4 .. 15: End to End delay 

So, looking at figure 4 .. 15 along with Table 4.2, the OSPF _EIGRP network has a lesser end-to­

end delay compared to OSPF and EIGRP and it is network congestion that brings about this 

result. Basically end-to-end delay mainly depends on the speed of the network and the degree 

of network congestion .. Table 4.2 below shows the average values of end-to-end delay of the 

different networks .. 

Table 4 .. 2: Average Values of end to end delay 

Scenario Name End to End Delay (ms) 

OSPF_EIGRP 0..43171 

OSPF 0..431 94 

EIGRP 0.63589 

4.10.3 Packet Delay variation (video conferencing) 

Packet delay variation refers to the difference in end-to-end delay of the packets .. This variation 

sometimes brings about an effect known as jitter .. This variation is measured by taking the 

difference in delay of the packets. Figure 4 .. 16 illustrates video conferencing packet delay 

variation .. 
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Figure 4.16: Video Conferencing Packet D elay variations 

Table 4.3 below shows the results of packet delay variations of the different networks in our 

simulations. It is observed that the OSPF _EIGRP network records a less packet delay variation 

than OSPF and EIGRP networks; that is why OSPF and E IGRP individually have a high 

packet delay variation. 

Table 4.3: Packet Delay Variations (m s) 

Scenario Name Packet Delay variations(ms) 

OSP F _EIGRP 0.18749 

OSPF 0.21466 

EIGRP 0.22186 

4.10.4 Video Conferencing Traffic Sent 

A video conferencing application was our main source of traffic in our simulation. It generated 

the traffic throughout the various scenarios. The video resolution of this application was set at a 

high resolution with 15 frames / sees as the frame inter- arrival time. The frame size of 128x240 

pixels was used and the Type of service set at Best effort. The users of the network in the 

various areas had video streaming servers from which they were accessing the video from. 

Figure 4.17 illustrates the total traffic sent from the video conference application. 
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Figure 4.17: Video Traffic Sent 

The Figure also shows a total traffic of approximately 

the network. 

4.10.5 Video Conferencing Traffic Received 
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Figure 4.18: Video Traffic Received 
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Figure 4.18 illustrates a small percentage drop of packets because of the network congestion. 

Table 4.4 shows that EIGRP experiences the least packet loss in cqmparison with 

OSPF _EIGRP and OSPF networks which experience almost the same amount of packet loss. 

Table 4.4: Average value of sent and received (bytes/sec) for video 

Scenario N arne 

EIGRP_OSPF 

EIGRP 

OSPF 

4.11 Discussion 

Sent(bytes I sec) 

2333436 

2333436 

2333436 

Received (bytes I sec) 

233379 

233405 

233265 

Packet Loss 

0.02% 

0.01 % 

0.07% 

EIGRP and OSPF are the main interior routing protocols that are now being widely used and 

deployed in many next generation networks because of the heterogeneous nature of these 

networks and the QoS challenges they pose. One way that network designers and developers 

are keeping up with these challenges is through implementing Quality of Service routing. This 

basically means that QoS can now be implemented using routing protocols. 

In this work, we introduced, explored and analyzed the various concepts used in next 

generation networks. To achieve our main study aim, we simulated a network with three 

different scenarios where two of these scenarios had a different routing protocol and the third 

having a combination of the two protocols used in the f.trst two scenarios. The main aim of this 

kind of set up was to be able to evaluate each protocol individually. The main application used 

to generate traff.tc in these networks was a video conferencing application which falls under real 

time applications among the multimedia applications, hence a suitable source of traff.tc for our 

simulation. Performance of these protocols was measured on the basis of their behavior in 

convergence time, packet delay variation, end-to-end delay and packet loss. 
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4.12 Chapter Summary 

In this chapter, the process of network modeling, design and simulation were presented. The 

chapter also presented the results of the simulation and they showed that end-to-end delay of 

OSPF _EIGRP networks is reliable because it is much lesser than the end-to-end delay of 

OSPF and EIGRP. This means that packets in the OSPF _EIGRP network are bound to arrive 

their destination much quicker than those packets in OSPF or EIGRP networks. It was further 

observed that Packet delay variation of those real time applications that use OSPF _EIGRP are 

far much better than those applications in the networks using OSPF or EIGRP independently. 

Packet loss results on the other hand showed that EIGRP has a low percentage packet loss 

compared to OSPF _EIGRP and OSPF which almost share the same packet loss. 
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CHAPTERS 

CONCLUSION AND FUTURE WORK 

5.1 Introduction 

A Next Generation Network (NGN) has been discussed as a packet-based network able to 

provide telecommunication services to users and making use of multiple broadband, QoS­

enabled transport technologies and in which service-related functions are independent of the 

underlying transport-related technologies. These networks are meant to support a wide variety 

of network traffic services and user mobility that is constraint free at the same time ensuring 

that there is a guaranteed Quality of Service for users at any given time and anywhere. This 

ability of a network doesn't come cheap at all, there are quite a number of challenges that need 

to be addressed, and these include: - The type of application that is using the network, traffic 

characterization, protocol specification, costing, network capacity, mobility management, 

scalability and the heterogeneous compatibility of the network. 

The main goal of this research work was to evaluate Quality of Service of video transmission 

over next generation networks using Open Shortest Path First (OSPF) and Enhanced Interior 

Gateway Routing (EIGRP) routing protocols as a way of enhancing efficient and effective 

video traffic management. This goal was achieved mainly by realizing two objectives: 1) A study 

of the key concepts, architectural components and challenges of NGN networks was carried 

out in order to clearly understand how next generation networks operate and 2), An analysis of 

video traffic QoS routing and transmission over NGNs was also examined in preparation of 

evaluating the routing protocols we decided to focus on. Upon realizing these objectives, an 

experiment in form a network simulation was carried out where three network scenarios were 

created of which two scenarios had the different routing protocols and the third had the two 

protocols combined. A video application was chosen to generate the network traffic from 

which data would be corrected for evaluation as per the parameters of QoS routing. 

5.2 Summary and Conclusion 

In our study, it can be concluded that EIGRP has a much faster convergence time than OSPF 

and OSPF _EIRGP networks and this was because EIGRP is a fast protocol when it comes to 
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accessing a network's topology informacion updates compared to the other protocols which 

tend to struggle. 

The results generally confirmed that combining both EIGRP and OSPF together especially in 

heterogeneous networks is bound to assure QoS in these networks since they host a multitude 

of time sensitive applications, but if a network developer chooses to focus on a single real time 

application network, then EIGRP is better routing protocol than OSPF in terms of 

guaranteeing the desired QoS of a network. 

The major limitation of this study however was the concentration on QoS in routing video 

traffic hence the choice of two routing protocols i.e. Open Shortest Path First (OSPF) and 

Enhanced Interior Gateway Routing Protocol (EIGRP) since these are the protocols that 

facilitate and provide QoS to next generation network applications whose main activity is 

streaming video across a network. Further on, the study assumed a network in an IPv4 

environment thus the experiment did not have scenarios where the IP addressing is of the IPv6 

environment 

5.3 Future Work 

In future, we intend to explore and find out. whether these protocols are bound to produce the 

same results in a different network environment such as a network based mainly on IPv6 due to 

the fact that this study was based on a network with IPv4 environment. 
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