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ABSTRACT 
 
 
 

Over the last years, we have witnessed a rapid deployment of real-time applica-
tions on the Internet as well as many research works about Quality of Service 
(QoS) in particularly IPv4 (Internet Protocol version 4). The inevitable exhaus-
tion of the remaining IPv4 address pool has become progressively evident. As 
the evolution of Internet Protocol (IP) continues, the deployment of IPv6 QoS 
is underway. Today, there is limited experience in the deployment of QoS for 
IPv6 traffic in MPLS backbone networks in conjunction with DiffServ (Differen-
tiated Services) support. DiffServ itself does not have the ability to control the 
traffic which has been taken for end-to-end path while a number of links of the 
path are congested. In contrast, MPLS Traffic Engineering (TE) is accom-
plished to control the traffic and can set up end-to-end routing path before data 
has been forwarded. From the evolution of IPv4 QoS solutions, we know that 
the integration of DiffServ and MPLS TE satisfies the guaranteed QoS require-
ment for real-time applications. This thesis presents a QoS performance study 
of real-time applications such as voice and video conferencing over DiffServ with 
or without MPLS TE in IPv4/IPv6 networks using Optimized Network Engi-
neering Tool (OPNET). This thesis also studies the interaction of Expedited 
Forwarding (EF), Assured Forwarding (AF) traffic aggregation, link congestion, 
as well as the effect of various performance metrics such as packet end-to-end 
delay, packet delay variation, queuing delay, throughput and packet loss. The 
effectiveness of DiffServ and MPLS TE integration in IPv4/IPv6 network is 
illustrated and analyzed. The thesis shows that IPv6 experiences more delay 
and loss performance than their IPv4 counterparts. 
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Chapter 1                                           

INTRODUCTION 

 
Internet Protocol version 4 (IPv4) is one of the key foundations of the Internet, 
which is currently serving up to four billion hosts over diverse networks. Despite 
this, IPv4 has still been successfully functioned well since 1981. Over the last 
couple of years, the massive growth of the Internet has been evident requiring an 
evolution of the whole architecture of the Internet Protocol. Therefore, in order 
to strengthen the existing architecture of Internet Protocol, IETF has developed 
Internet Protocol version 6 (IPv6) [1]. IPv6 offers a significant improvement of 
IPv4 when it comes to the unlimited address space, the built-in mobility and the 
security support, easy configuration of end systems, as well as enhanced multi-
cast features, etc [2]. On the other hand, due to the fascination of end users of 
the World Wide Web (WWW) and the popularity of real-time applications, we 
can now observe new increasing demands on real-time multimedia services over 
the Internet. As the name implies, these services has timing constraints. Because 
of their real-time nature, for instance, video and voice applications typically have 
bandwidth, delay and loss requirements as if the data does not arrive in time; as 
a result, the play out process will pause, which is annoying to end users [3]. 
 
 In such a new environment, as the expansion of the Internet continues, QoS 
is a basic requirement in terms of provisioning the multimedia services where 
deployment of IPv6 QoS is underway. Today, there is limited experience in the 
deployment of QoS for IPv6 traffic in MPLS backbone networks in conjunction 
with DiffServ (Differentiated Services) support. Many organizations, groups, re-
searchers are still working in order to ensure a guaranteed service for the real-
time applications and support as a framework to the Internet. In that case, the 
IETF has introduced several service models, mechanisms, policies and schemes 
for satisfying QoS demands. DiffServ [4] and MPLS [5] are known as notable 
mechanisms to provide QoS guarantee [6]. The DiffServ architecture model pro-
vides the most extended and attractive solution for QoS support in IPv4/IPv6 
networks. Scalability and traffic classification are main concerns for DiffServ as it 
can handle large number of data networks very efficiently.  
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This is accomplished through the combination of traffic conditioning and Per-
Hop Behavior-based (PHB) forwarding by using the field DSCP (Differentiated 
Service Code Point) [7]. This field exists in both IPv4 and IPv6 packet headers.  
At the same time, MPLS is a network protocol technology that helps to improve 
scalability and routing flexibility in IP networks. The conventional IP network 
creates hot spots (Hyper-aggregation) on the shortest distance path between two 
points while other alternative paths remain underutilized. For this circumstance, 
IP network can experience some problems such as longer delay, degradation in 
the throughput and packet losses. In such a situation, MPLS TE is best suited 
for minimizing the effects of congestion by bandwidth optimization [8]. 
 
 Combination of these two QoS mechanisms (e.g., DiffServ and MPLS) have 
already been evaluated and experimented on IPv4 environment where in the dep-
loyment of IPv6 in MPLS networks, one of the approaches called IPv6 MPLS 
over IPv4-based core (6PE) is undertaken in a greater extent. In terms of IPv6 
deployment in MPLS networks, there are four approaches including IPv6 over a 
circuit transport over MPLS, IPv6 over IPv4 tunnels over MPLS, IPv6 MPLS 
with IPv4-based core (6PE), and IPv6 MPLS with IPv6-based core [9]. Perfor-
mance evaluation of IPv6 MPLS with IPv6-based core in conjunction with Diff-
Serv has not yet been evaluated and experimented so far. Therefore, in this the-
sis paper, a comparative study has been done on the performance evaluation of 
real-time applications (e.g., video and voice conferencing) over DiffServ-MPLS in 
IPv4/IPv6 networks. 

1.1 Motivation 
QoS is a matter of fact for performing real-time applications efficiently over the 
Internet. Many service models, policies, and mechanisms for fulfilling QoS de-
mand have been adopted by the IETF. Today, emergence of the real-time appli-
cations demands more resources. The main challenge is to maximize the resource 
utilization by implementing the sort of QoS that leads in need for the validation 
of those QoS mechanisms. Today, most of the existing QoS mechanisms, especial-
ly DiffServ with MPLS TE in the IPv4 environment have been evaluated in a 
greater extent. On the other hand, as the IPv6 is foreseen to be the next genera-
tion Internet Protocol which has not been so far elaborately investigated or ana-
lyzed over DiffServ-MPLS, that is what our driving motivation. 

1.2 Aims and Objectives 
The main goal of this thesis work is to evaluate the QoS performance in terms of 
real-time applications such as voice and video in IPv4/IPv6-based DiffServ with 
or without MPLS networks using OPNET Modeler. In order to reach this goal, 
we have set the following objectives: 



Chapter 1:  Introduction 

  3

  
 Doing literature study about QoS, DiffServ, MPLS TE, IPv4/IPv6, and real-

time applications. 
 Studying the characteristics of DiffServ/MPLS network in conjunction with 

IPv4/IPv6. 
 Understanding how to configure their network and set their network attrib-

utes into the OPNET Modeler. 
 Developing, testing and evaluating tactical scenario-driven simulations in 

OPNET. 
 Studying the interaction of EF (Expedited Forwarding), AF (Assured For-

warding) traffic aggregation and link congestion. 
 Investigating the performance behaviour of IPv4/IPv6-based DiffServ/MPLS 

networks from QoS perspectives. 
 Verifying the way of how the available resources can be optimized in order to 

provide guaranteed service. 
 Verifying how to minimize the effects of network congestion using QoS fea-

tures of DiffServ/MPLS TE. 
 Understanding voice and video applications and collecting their possible sta-

tistics such as throughput, end-to-end delay, delay variation, queuing delay 
and packet loss on different links as well as nodes. 

 Interpreting the simulation results and predicting which technology best suits 
our network modelling objectives. 

1.3 Scope of The Thesis 
In what follows to give the descriptive idea about the DiffServ/MPLS TE me-
chanism and their functionality but it doesn’t provide any deep information re-
garding the architecture of those mechanisms. In this thesis, qualitative and 
quantitative analysis of QoS performance over DiffServ/MPLS networks have 
been done in a simple and understandable fashion so that it might be helpful for 
those who have some intention to further pursue their research in this field. 

1.4 Research Questions 
The questions to be examined in this thesis paper are formulated as follows: 

 
Q.1.   How much difference in the throughput and queuing delay performance   

    is experienced over DiffServ with or without MPLS TE in IPv4/IPv6  
    networks? 

 
Q.2.   To what extent do the performances of end-to-end delay, delay variation   
         and packet loss for AF and EF PHBs vary from DiffServ/IPv4 network  
         to DiffServ/IPv6 network? 
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Q.3.   To what extent do the performances of end-to-end delay, delay variation     
         and packet loss for AF and EF PHBs vary from DiffServ-MPLS/IPv4 net  
         work to DiffServ-MPLS/IPv6 network? 

1.5 Research Methodology 
This section provides the key points involved with the research methodology in 
conducting this thesis work.  Within such points, one of them is the chosen 
evaluation methods compared with other possible methods and another one is 
the justification about choice of them.  Additionally, in detail chapter 3 illus-
trates the platforms and possible network scenarios applied to investigate the 
means of mechanism attempted by this work. This narrative incorporates the key 
elements of the platform in conjunction with the justification of choices made. 

1.5.1 Justification of the Method of Study 

This section briefly discusses the different possible methods of research on net-
works and explains the choice of simulation as the appropriate method of study 
for the purpose of this work. Likewise, this section justifies the use of OPNET as 
the selected simulator and provides information on the procedures followed in 
order to reduce the possibility of simulation errors. Three methods are available 
for packet-level performance evaluation in IP networks which include: mathemat-
ical analysis, direct measurement and computer simulation [10]. After thoughtful 
consideration, simulation was found to be the suitable method of study in this 
work. 
 At first sort of characteristics associated with the mathematical model need 
to be addressed prior to give a reason behind our choice of methods not being 
made as mathematical analysis. In that context, advantage of using mathemati-
cal analysis lies in the cost, time, and ability of providing better predictive re-
sults while disadvantage of it lies in the inaccuracy of results analyzed for real-
network as well as in the complexity of modelling a realistic network. It is noted 
that to model a realistic network using mathematical analysis is very difficult job 
when network protocols are concerned. That is what led us to choose simulation 
instead of using mathematical analysis. 
 In our thesis work, as a choice of method, direct measurement could be an-
other alternative to the simulation. According to the intended course of work for 
this thesis, several number of network models in a medium scale were to be stu-
died.  In the case of direct measurement, the analysis has to be conducted on an 
operational network which may lead to a disruptive situation. It is generally too 
expensive to build an operational network in conjunction with configuration 
complexity. Nevertheless, using this method one can also perform a realistic ob-
servation and achieve fairly accurate results.  Therefore, particularly expense and 
additional configuration complexity in modeling an operational network has not 
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allowed us to select this method in our work. 
 There was one more selection alternative of the simulators e.g., NS-2, Qual-
Net, OPNET and OMNeT++. In order to perform the simulation work we had 
to select the suitable simulator. For our work the suitable choice was the popular 
OPNET simulator introduced by the OPNET (Optimized Network Engineering 
Tool) Technologies, Inc [11] [12]. The OPNET modeler is an object oriented and 
a Discrete Event System (DES) based network simulator, which is highly reliable 
and efficient simulation tool for modeling a network. Discrete Event Simulation 
is widely used in the performance evaluation of complex networks and communi-
cation systems. The OPNET simulator is well-known for network design and 
attractive features. 
 After selecting the simulator, it is important to investigate the obtained 
results. Simulation investigations form a vital part of networking research, and 
have long been used by the research community in, for example, the design of 
protocols and evaluation of quality of service mechanisms. But many theoretical 
problems lie in the simulation results, which need to be taken in account while 
performing simulation [10]. In that case, for validation and verification of simula-
tion results, we have considered the guidelines given in [13] [14].The detailed 
description of the network modelling and implementation using OPNET has 
been presented in chapter 3. 

1.6 Contribution 
Within this thesis, we comprehensively analyze QoS performance metrics such as 
end-to-end delay, delay variation, throughput, packet loss and queuing delay for 
real-time applications such as video and voice conferencing in IPv4/IPv6 net-
works. Subsequently, the study explores how well the declared IPv4/IPv6 proto-
cols reply to various QoS performance metrics against different network scena-
rios. During our experiment, we validate our desired network models by using 
OPNET modeler 14.0 and analyze the comparative performance of real-time 
applications such as video and voice in the six different network models. We 
model DiffServ with or without MPLS in IPv4/IPv6 networks and compare the 
performance of both IPv6 and IPv4 networks with respect to end-to-end QoS. 
With respect to the comparative analysis, we found out that IPv6 has slightly 
higher throughput, delay and loss compared to IPv4. 

1.7 Review of the State of the Art 
This section discusses about literature process, the search strategy for col-
lecting the primary study materials, the sources of knowledgebase used in 
this work, and a concise review of related work. 
 The aim of literature review is to find out primary studies that regard to 
the research questions. In order to do this, it is important to follow the search 
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strategy. General approach in the process of search strategy involves with identi-
fying the search keywords from the research questions. Other search keywords are 
drawn from the subject title of this research work related to the journal and dif-
ferent articles. After identifying the search keywords, search strings are con-
structed using Boolean ANDs, ORs and NOTs. The constructed search strings 
have been used to collect primary study materials using a number of electronic 
databases including IEEE Xplore, ACM Digital Library, Springer Link, Science 
Direct (Elsevier), Engineering Village (Compendex, Inspec), Wiley-Inter Science, 
AISC, LIBRIS, ISI, Scopus, Google Scholar, thesis archive of BTH, Internet, and 
OPNET tutorial. These sources of electronic databases are accessed through the 
BTH library. To make sure transparency and repeatability of the search results, 
most relevant study materials are documented and a log file maintained during 
search process documentation. It is noteworthy to mention that additional assis-
tance involving with search strategy is taken from the librarian of BTH. Our 
critically thinking skills and open mind taken in consideration on the choice of 
the most relevant study materials on the subject of this thesis that obtained from 
the search results, which are described in the following section. 

1.7.1 Related Work 

Several researches have concentrated on the IPv6 network performance over the 
last decade.  There is very large literature on general aspects of the new Internet 
protocol IPv6 and its QoS evaluation are described in [15] [16] [17] [18] [19] [2] 
[20] [21] [22] [23] [24] .  
 
 The authors in [15] [24] describe the IPv6 loss and delay performance 
evaluation between IPv6 and IPv4 networks. They have presented and discussed 
the measurement methodologies and showed that IPv6 paths have higher delay 
and loss than their IPv4 counter parts.  
 The authors in [16] have described the implementation of a testbed and the 
inter–connection between three DiffServ domains by using IPv6–in–IPv4 static 
tunnels. They have investigated the performance issues like throughput, packet 
loss and delay of particularly aviation applications such as Controller to Pilot 
Data Link Communication by using DiffServ on the IPv6-based backbone net-
work. Their obtained results confirm that the DiffServ implementation and sup-
port in IPv6 network has been matured enough to provide stable and reliable 
Quality of Service (QoS) for the aviation applications.  
 In [17], authors have evaluated the performance of TCP and UDP transmis-
sion under different network environment e.g., a pure IPv4, a pure IPv6 and an 
IPv6 tunneled in IPv4 using MPLS Linux environments. With regard to the en-
vironment construction and measurement tool they have used virtual machine 
running on Linux and Iperf, respectively. They have showed that the perfor-
mance of TCP transmissions in both IPv4 and IPV6 is almost the same while 
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the performance of TCP transmission in tunneling of IPv6 in IPv4 using MPLS 
Linux is lower compared with the IPv4 and IPv6 performance and the perfor-
mance of UDP transmission in all three different environments is close to each 
other. 
 In [18] authors have presented whether a QoS service implemented on a 
large-scale native IPv6 network works well. In their investigation, they have con-
cluded that the QoS mechanisms (i.e., classification, prioritization, policing) per-
form well. 
 The authors in [2] discuss about tests and technical challenges in the de-
ployment of IPv6 QoS in core networks, namely the production dual stack giga-
bit-speed Greek Research and Education Network (GRNET) and the IPv6-only 
6NET European test network, using both hardware and software platforms. In 
either case, they show that the advanced transport services can be successfully 
delivered to IPv6 traffic with different performance guarantees to portions of 
that traffic.  A major finding of their tests is that the IPv6 QoS mechanisms are 
efficiently supported with state-of-the-art router cards at gigabit speeds. 
 The authors in [20] have evaluated the QoS Mechanisms on an IPv6 domain 
aiming to provide services for aggregates of real-time traffic with minimum delay, 
jitter, and packet loss. In their experiment, as an actual example of real-time 
traffic, they have considered the OpenH323 project, an open source H.323 im-
plementation that is ported to IPv6. In general, their results show that the level 
of QoS that the real-time traffic experiences is very good and gives to the real-
time applications the ability to operate with high quality standards without hav-
ing any significant impact on the foreground traffic from the existence of the 
WRED. 
 The authors in [21] have presented on how to deploy DiffServ in order to 
assess priority functionalities.  In their paper, a scheduling mechanism based on 
WRED for the Intel® IXP2400 network processor has been developed and tested 
to provide QoS by maintaining priority of incoming packets based on criteria i.e. 
class of packets and traffic. 
 The authors in [22] have done a comparison between three QoS Schemes i.e., 
Integrated Service, DiffServ and IPv6 QoS Management with respect to QoS 
guarantee. In comparison of their achieved results from the test, it shows that 
IPv6 QoS management scheme achieves the best results during conformant and 
non-conformant test compared to both the IntServ and the DiffServ scheme. 
 The authors in [23] have analyzed the issues of implementation of the IPv6 
service, IPv6 performance, the advantages of current transition technologies and 
the problems encountered. They also provided a performance comparison be-
tween three different transition mechanisms: IPv6 in IPv4 tunneling, 6PE tunne-
ling (IPv6 over an IPv4 MPLS network) and dual stack in a local very high-
speed broadband network. 
 On the other hand, using testbeds mechanisms, the authors in [25] have 
examined the implementation of QoS mechanisms with CISCO network devices. 
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 In broad outline, however, several research projects have been conducted on 
6NET [26] [27] [28] [29] [30] in European Union and rest of the world are also 
pushing the boundaries of the IPv6 deployment. 
 From the above described related work, it is observed that most of the work 
that have been done so far by following the method as an experimental mea-
surement. Furthermore, none of the above research work has done a simulative 
evaluation of real-time applications such as video and VoIP performance in rela-
tion to DiffServ with MPLS TE in the IPv4/IPv6 networks. In this thesis work, 
realizing a simulation approach a comparative performance analysis of video and 
voice conferencing in conjunction with DiffServ with or without MPLS TE has 
been complemented. 

1.8 Thesis Outline 
The outline of this thesis paper is organized as follows; in this chapter, the intro-
duction, background, motivation, aims and objectives, review of the state of the 
art, research methodology, and contribution of this research are discussed. It also 
discusses about the research question and scope of this thesis paper. In chapter 
2, the literature studies related with the research are described where particular-
ly the fundamentals and architecture of QoS, DiffServ, IPv6 and MPLS TE are 
explained in detail. The discussion of how DiffServ and MPLS Traffic Engineer-
ing can be integrated is also briefly elaborated in this chapter. In chapter 3, the 
implementation of DiffServ and MPLS TE in IPv4 as well as IPv6 networks is 
explained in detail. The detail steps to design a network model and video and 
voice traffic generation by using OPNET are discussed. Chapter 4 is dedicated to 
outline the simulation results followed by chapter 3. Finally chapter 5 concludes 
the research work with possible future work. 
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Chapter 2                                                           

BACKGROUND 

2.1 Quality of Service (QoS) 
The term QoS is one of the big challenges for the Internet world. Many organiza-
tions, groups, researchers are still working for providing better quality of service 
over the Internet. Different multimedia applications are ruled over the Internet 
and hence QoS are just categorized by their application demand.  For example, 
QoS provides guaranteed services for voice and video applications in terms of 
delay, jitter, packet loss and throughput. QoS does also imply in different net-
works resources such as link bandwidth, throughput and latency. The main ob-
jective of QoS is to assure a guaranteed service and support as a framework to 
the Internet. The IETF has suggested several service models, mechanisms, poli-
cies and schemes for satisfying QoS demands. In QoS, the most notable service 
models are IntServ (Integrated Service), DiffServ and MPLS. These models have 
been standardized to provide QoS guarantee [6]. The DiffServ architecture mod-
els provide the most extended and attractive solution for QoS support in IP net-
works. Scalability and traffic classification are main concerns for DiffServ as it 
can handle large number of data networks very efficiently. DiffServ are achieved 
through the combination of traffic conditioning and PHB-based forwarding [4]. 
Although DiffServ architecture solves the scalability problem of IntServ but still 
there has some drawback like resource stealing. Flows sharing a common class 
compete inside the class for the resources available to all members and in some 
occasions might reduce the performance of their competitors in terms of QoS 
measures by stealing the resources that were initially used by their rivals. Unfor-
tunately, the DiffServ standard does not suggest a technique to alleviate the 
problem. Therefore, IETF has suggested using the MPLS architecture for alle-
viating the drawbacks of DiffServ [31]. MPLS is a network protocol technology 
that helps to improve scalability and routing flexibility in IP networks. The basic 
idea of MPLS networks is to provide facilities of individual packets, which belong 
to individual Forwarding Equivalence Class (FEC) needed to be labeled before 
they are forwarded. The label is known as a short fixed length value and used for 
identifying FEC. All packets have the same FEC that assigned to the same label 
and traverse through the same path called Label Switched Path (LSP) across the 
MPLS network. MPLS forwarding technique is much faster than IP forwarding 
and so the packet headers at every hop in the path are not needed [31] [5]. 
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Fig. 2.1 The MPLS Architecture [31]. 

The main objective of TE is to reduce the overall cost of operations by more 
efficient use of bandwidth resources [6]. It performs DiffServ classification in a 
MPLS-TE network, coupling the advantages of both DiffServ and MPLS-TE and 
achieving all QoS functionalities [32]. 

2.2 Differentiated Service (DiffServ) 
The Differentiated Service (DiffServ) model has been proposed in [4], which deals 
with scalability and traffic classification issues. This model is based on a simple 
model, where traffic entering a network is classified and possibly conditioned at 
the network boundary node, and assigned to different Behaviour Aggregates 
(BA). Each BA is identified by a single DSCP. The marked packets with DSCP 
are forwarded through the DS domain on the basis of Per-Hop Behaviour (PHB) 
as quickly as possible depending upon buffer management and packet scheduling 
mechanisms. The DSCP field defines the layout of the TOS (Type of Service) 
octet in IPv4 and the Traffic Class (TC) octet in IPv6. For the special treatment 
of delivering the packets, PHBs are vitally important into packet forwarding path 
along with traffic conditioning mechanisms such as monitoring, marking, meter-
ing, policing and shaping at the network nodes. The DiffServ is identified in the 
packet forwarding path by mapping the DSCP which is contained in DS field to 
a particular forwarding treatment at each network node along its path. PHBs are 
deployed for a range of queue service disciplines, for instance, Weighted Round 
Robin (WRR) queue or drop-preference queue management on node’s output 
interface [33]. 
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                            Fig. 2.2 A Simple DiffServ Domain [34]. 

Figure 2.2 shows a simple DiffServ domain and its two key elements such as in-
gress node and egress node. These two nodes work as a downstream or upstream 
node of a boundary link in a given traffic direction. The edge (boundary) router 
classifies, measures and marks the packet appropriately to be selected a PHB 
from one of the PHB groups within the domain. The edge router can work as 
ingress or egress node based on its location and it interconnects the DiffServ 
domain with several DS domain or non-DiffServ compliant domain. When the 
edge router of the DS domain enters into the non-DS compliant domain, the 
overall performance of the network may unpredictably degrade thereby Service 
Level Agreement (SLA) may not be satisfied [4] [33] [34]. 

2.2.1 DiffServ Code Point (DSCP) 

The DS field contains 8 bits which is used as a ToS in IPv4 octet and TC in 
IPv6 octet. Now, DS field is used as a DSCP indicating 6 bits. 6 bits are used to 
select PHB a packet at each node and remaining 2 bits are currently unused (re-
served). DSCP can operate 64 possible classes for Internet traffic [33]. 

2.2.2 Per-Hop Behavior (PHB) 

A PHB [4] is a description of the externally observable forwarding behavior i.e., 
delay, loss, and jitter of a DS node applied to a particular DS BA. Each type of 
behavior aggregation is identified by the same DSCP value. PHBs are imple-
mented in nodes by means of some buffer management and packet scheduling 
mechanisms and the parameters associated with the mechanisms are closely re-
lated to those of traffic conditioning [35]. Useful behavior distinctions are mainly 
noticed when multiple behavior aggregates compete for buffer and bandwidth 
resources on a node.  There are three types of PHB which have been proposed by 
IETF: 
Default PHB: The Default PHB called Best-Effort (BE) is a general forward-
ing scheme that doesn’t provide any guarantee in traditional IP networks. It can 
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forward many packets so quickly without any restriction through the traditional 
IP network. The recommended DSCP value for Default PHB is 000000 [33]. 
EF PHB: The EF PHB is defined as a forwarding treatment for a particular 
DiffServ aggregate that provides highest level of aggregated QoS guarantees with 
the low loss, low latency/delay, low jitter, assured bandwidth and end-to-end 
service through DS domains. Any traffic in EF PHB that goes above from the 
scale which is defined by the local policy must be discarded. The recommended 
DSCP value for EF PHB is 101110 [36]. 
AF PHB: AF PHB [37] group is to offer different levels of forwarding (buffer 
space and bandwidth) assurances for IP packets at DS domain. There are four 
AF classes are defined, in which each class allocated a certain amount of for-
warding resources in each domain. IP packets are marked with one of the three 
possible values of drop at AF class. The drop precedence of a packet during con-
gestion used to determine the most relative packets within the AF class. The 
lower drop precedence of packets is dropped before the higher drop precedence of 
packets tries being lost by a congested DS node. 

2.2.3 Traffic Classification and Conditioning 

A DiffServ domain can be divided into two main parts [4]: 
Traffic Classification: The classifier selects packets based on the combination 
of DSCP value in IP header. There are two types of classifiers – Behavior Aggre-
gate (BA) and Multi-Field (MF). BA selects packet based on DSCP value whe-
reas MF selects packet based on combination field of the IP header (i.e. source 
address, destination address, source port, destination port). 
Traffic Conditioning: Traffic Conditioning performs metering, shaping, polic-
ing and marking or remarking to ensure the traffic entrance to the DS domain 
which conforms to the rules specified in the TCA (Traffic Conditioning Agree-
ment) and the SLA. In the edge router of the DiffServ domain, Traffic condition-
ing functions are implemented, and those functions are described below [4]:  

 
• Metering is the process of measuring the temporal properties (e.g. rate) of a 

traffic stream selected by a classifier.  
• Shaping is the process of delaying packets within a traffic stream to cause it 

to conform to the SLA.  
• Policing is the process of discarding packets within a traffic stream to cause 

it to conform to the SLA.  
• Marking is the process of setting the DSCP value in a packet based on de-

fined rules such as pre-marking, re-marking. 

2.2.4 Scheduling Mechanism 

A queue scheduling [34] allows constant output bandwidth by selecting packet 
transmitted into the output queue. A queue scheduling is implemented on output 
port of the routers. The packets are classified and queued for each output port of 
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the routers. There are several scheduling methods introduced by IETF but this 
thesis focuses only one method that is described below: 
Weighted Fair Queuing (WFQ): The Weighted Fair Queuing (WFQ) [38] is 
a flow-based queuing algorithm that is designed to address limitations of the Fair 
Queuing (FQ) model. In this WFQ model, arriving packets are classified into 
flows and each flow is assigned to a First-In-First-Out (FIFO) queue. If all flows 
have the same priority/weight, WFQ effectively divides the interface bandwidth 
and distributes the bandwidth fairly among all the existing flows. For that rea-
son, low-volume interactive flows are scheduled and not end up with packets 
waiting in their corresponding queues. High-volume interactive flows build up 
their corresponding queues and end up with packets waiting and delay more and 
possibility to drop packets. When the number of active flows exceeds the maxi-
mum number of dynamic queues, the new flows are assigned to the existing 
queues. As a result, multiple flows can end up sharing a queue. 

2.2.5 Congestion Control Mechanism 

Several congestion control mechanisms are introduced by IETF but the focus of 
this thesis based on one method that is described below [37] [39]: 
 
Weighted Random Early Detection (WRED): Weighted Random Early 
Detection (WRED) scheme is an extension version of RED. WRED scheme 
works with packets which are marked through the different drop probability or 
DSCP values. Packets with higher drop priority are dropped first if queue occu-
pancy goes beyond the minimum threshold. Different profiles for various traffic 
classes can be set up with different parameters such as maximum threshold, min-
imum threshold, and maximum drop probability. 

2.3 Multiprotocol Label Switching (MPLS) 
MPLS is a switching technology that brings up a new dimension for the tradi-
tional IP network. MPLS helps to improve scalability and flexibility which makes 
better performance in traditional IP router. In traditional IP network, routers 
make an independent forwarding decision for the packet and independently 
choose the next hop for that packet on the basis of analysis of the packets header 
and the results of running the routing algorithm; before sending packet to the 
next hop, routers will assign FECs into each packet and then map each FEC to 
the next hop. In MPLS network, once a packet is assigned to a FEC which is 
required to be labeled before they are forwarded to the next hop; no further 
header analysis is needed to be done by subsequent routers which make faster 
performance in IP network. Label swapping is done by looking up an incoming 
label to determine the outgoing label [5]. 
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Fig. 2.3  A simple MPLS domain [31]. 

Fig. 2.3 represents a simple MPLS domain with six core routers called Label 
Switch Routers (LSR) and two paths called Label Switch Paths (LSP). The 
MPLS edge routers are called E-LSR (Edge-LSR). The LSPs are unidirectional 
for each pair of LSRs. The LSR that transmits with respect to the direction of 
data flow is called upstream, whereas the LSR that receives is called down-
stream. For instance, LSR B in Fig. 2.3 is upstream of LSR C while LSR C is 
downstream of LSR B. Each LSP has an ingress E-LSR and an egress E-LSR, 
which represents the upstream E-LSR and the downstream E-LSR, respectively. 
In Fig. 2.3, the E-LSRs of upstream and downstream for LSP1 are E-LSR B and 
E-LSR A, respectively. The operations of an E-LSR have different aspects with 
respect to a core LSR. The main task of E-LSR is to represent the interface be-
tween the MPLS domain and the exterior domains. E-LSR needs to have the 
ability to implement both label switching and routing IP. According to the 
routing information in the IP header, the E-LSRs classify the incoming traffic 
into a forwarding equivalence class (FEC) and mark the packet with a label cor-
responding to the forwarding along a specific LSP. Then, the core LSRs make 
forwarding decision on the basis of label without the need for extracting the 
routing information from the IP header [32]. 

2.3.1 MPLS node Architecture 

MPLS nodes have two architectural plane such as control plane and forwarding 
plane. MPLS nodes perform at only Layer 3, routing and Layer 2 switching [5] 
[40]. 

 
 Control Plane: The basic task of this plane is to exchange the routing in-

formation and Label exchange between adjacent devices [40]. 
 Data Plane: The basic task of this plane is to use [41] a Label Forwarding 

Information Base (LFIB) maintained by the MPLS node to forward the la-
beled packets. 
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2.3.2 MPLS shim Header 

The packet is assigned by the FEC encoded in a MPLS header (shim header) as 
a short fixed length value (32 bits) that is called Label. It is inserted between the 
network headers and the IP headers as shown in Fig. 2.4. A shim header may 
contain one or more Label entry (Label Stack) which is used for LSP tunnel [32]. 

 

Fig. 2.4  The MPLS shim Header [32]. 

Each Label entry has been divided into the following fields [42]: 
 Label: 20-bit actual label value. When a labeled packet is received, the label 

value at the top of the stack is looked up and learns the next hop to which 
the packet is to be forwarded and the operation to be performed on the label 
stack before forwarding. This operation may be to replace the top label 
stack entry with another, or to pop an entry off the label stack, or to replace 
the top label stack entry and then to push one or more additional entries on 
the label stack [32]. 

 Exp:  3-bit Experimental bits are reserved for defining Class of Services 
(CoS) [40]. 

 S: 1-bit BoS (Bottom of Stack) which is set to one for the last entry in the 
label stack and zero for all other label stack entries. 

 TTL: 8-bit Time-to-Live is used to avoid forwarding loops and can also be 
used for path-tracing [43]. 

2.3.3 MPLS Elements 

There are three elements in MPLS that make the labels forwarded through an 
MPLS network, which are demonstrated as follows: 
Label Switching Router (LSR): A router which supports MPLS is called 
LSR. LSR is capable of understanding MPLS labels and of sending and receiving 
a labeled packet on a data link. There are 3 types of LSRs in MPLS network 
that described as follows [44]:  
Ingress LSRs: Ingress LSRs receive a packet that is not labeled yet, insert a 
label in front of the packet, and send it on a data link. 
Egress LSRs: Egress LSRs receive labeled packets, remove the label, and send 
them on a data link. Ingress and egress LSRs are called edge LSRs. 



Chapter 2:  Background 

  16

Core LSRs: Core or intermediate LSRs receive an incoming labeled packet, 
perform an operation on it, switch the packet, and send the packet on the correct 
data link. 
An LSR can operate three functions such as pop, push, swap which are described 
in Table 2.1 [41]: 

Table 2.1  Three Types of Operation of LSR. 

Action Description 

PUSH Replaces the top label in the stack with a set of labels. 
SWAP Replaces the top label in the stack with another value. 
POP Removes the top label in the stack and transmits the remaining payl-

oads as either a labeled packet or unlabeled IP packet. 
 
 Label Switched Path (LSP): LSP [45] is the unidirectional path for the 

label to travel end-to-end through the MPLS network. The path establish-
ment can be performed in 2 ways:   

 Independent Control: LSP is established dynamically; so that the label 
binding can propagate across the network at any time.  

 Ordered Control: LSP is established statically; so the label binding are 
propagated across the network before the LSP is established. 

 Label Distribution Protocol (LDP): The LDP is a protocol that is de-
fined a set of procedures and messages in which LSRs establish LSPs through 
a MPLS network by mapping network-layer routing information directly to 
the data-link layer switched paths [46]. 

2.3.4 MPLS Traffic Engineering (TE) 

Traffic engineering [32] [47] [48] is mainly needed when the goal is to achieve the 
performance objectives such as traffic placement on specific links and optimiza-
tion of network resources. This indicates considering a path between source to 
destination with different constraints, and also forwarding traffic along this spe-
cific path. However, forwarding traffic through this path is not achievable with 
IP, because the IP forwarding decision at each hop is based on the destination 
address, which is often made independently. The routing capabilities of MPLS let 
the LSP source to calculate the path, build MPLS forwarding state, and map the 
packets into that particular LSP. Upon mapping the packet, the forwarding step 
is done depending on the label, where all of the intermediate hops are able to 
make independent decision to forward the packets. 
 The concept of traffic trunk (TT) has been established in order to imple-
ment TE in a MPLS domain. A traffic trunk is defined as a collection of traffic 
flows located inside an LSP.  
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2.3.5 DiffServ and MPLS Traffic Engineering 

DiffServ and MPLS TE [49] [50] [51] technology merges the advantages of Diff-
Serv and MPLS-TE networks. In a DS enabled MPLS TE domain, TE policies 
are accomplished through DiffServ classification in a per-class basis. The primary 
challenge with providing DiffServ is that LSRs need to be capable of applying 
their forwarding decisions based on either MPLS label or DSCP value. The IETF 
overcomes this limitation by proposing two solutions to hold DiffServ informa-
tion in MPLS shim header. The first solution is applicable when the networks 
can support less than eight PHBs. Following this, the three experimental (EXP) 
bits of MPLS header are utilized for mapping the DSCPs and each specific EXP 
combination as depicted in Fig. 2.5. At the time the forwarding mechanism takes 
place, the label indicates where the packet is to be forwarded, while the EXP 
bits indicate the PHB. The EXP bits are a value that needs to be configured 
based on the DSCP bits of the IP packets or by the network operator. LSPs are 
often called E-LSPs. 

 

Fig. 2.5  MPLS header with DSCP in the EXP bits [32]. 

2.4 Internet Protocol version 6 (IPv6) 
IPv6 contains a 128 bit address, which is appeared as 1234:5678:90AB: 
CDEF:FFFF:FFFF:FFFF:FFFF and able to support up to 
340,282,366,920,938,463,463,374,607,431,768,211,456 (3.4x1038) unique addresses 
[1] [52]. Fig. 2.6 represents the basic IPv6 header. The main functionalities of 
IPv6 documented in literature [53] [54] in detail.  

 

Fig. 2.6  IPv6 Protocol Header [52]. 
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2.4.1 IPv6 Addressing 

Extension of the address space and the optimization of the routing tables are the 
key reasons for developing the IPv6. Three types of address are used for IPv4, 
namely unicast, broadcast, and multicast addresses. In IPv6, a multicast address 
is used instead of broadcast address. In addition, a new type of address known as 
anycast address is also utilized in IPv6. An IPv6 address can be classified into 
one of three kinds [54] [55]: 
 
 Unicast:  An unicast address distinctively determines an interface of an 

IPv6 node. A packet transmitted to an unicast address is assigned to the in-
terface recognized by that address. 

 Multicast: A multicast address determines a set of IPv6 interfaces. A pack-
et transmitted to a multicast address is processed by all the multicast group 
members. 

 Anycast:  An anycast address is assigned to multiple interfaces. A packet is 
transmitted to the anycast address is distributed to only one of these inter-
faces. 

Extensive literature of IPv6 addressing and deployment can be found in [9] [19] 
[27] [28] [29] [54]. 
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Chapter 3                                                                   

NETWORK MODEL AND IMPLEMENTATION 

 
 
The methodology that will be followed over the course of this thesis was pre-
sented in chapter 3. This chapter describes how to implement the network mod-
els into OPNET Modeler as well as discusses about their functionalities and pa-
rameters. Section 3.1 presents an assumption while section 3.2 deals with the 
network modeling and configuration parameters. Section 3.3 describes the net-
work scenarios. The detailed information about the network attributes configured 
in the proposed network models has been enlisted in Appendix A. 

3.1 Assumption 
This research aims to find out which Internet protocol in relation to DiffServ-
MPLS performs better QoS under congested circumstances in IPv4/IPv6 net-
works. One of the key factors of this experiment is that it considers different 
network load in all scenarios because without having congestion in the network, 
QoS will not be needed. In the context of network load, the importance of vary-
ing network would be realized while configuring and simulating the network 
models. For example, a medium network load, high network load then a worst 
possible network load can be considered in order to understand the impact on 
the performance of different performance metrics. The network topology scena-
rios considered are partially meshed on the implication with a small ISP domain 
as because of partially meshed topology would be an ideal choice of 
IP/DiffServ/MPLS domain corresponded to a realistic network topology. Two 
network models would be defined as baseline models which would allow us to 
compare the obtained results from other network models. In addition, baseline 
network models could be used and extended in terms of configuring other net-
work models as well.  The video and voice traffic is generated in a way that each 
flow of the real-time traffic can be aggregated. Under the worst possible network 
load, the models would strongly be focused while analyzing the obtained results. 
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3.2 Network Model Configuration 
Being OPNET as a choice of simulators in favor of our intended work described 
in chapter 1, the following subsequent sections discuss about the network com-
ponents used in the network models and voice and video traffic generation. 

3.2.1 Network Components 

This section discusses about the following network components used in the sug-
gested network models running on OPNET [56]. 

 
The ethernet2_slip8_ler (Label Edge Router) and ethernet2_slip8_lsr (Label 
Switched Router) node models are used to represent an IP-based gateway run-
ning MPLS and supporting up to two Ethernet interfaces and up to 8 serial line 
interfaces at a selectable data rate. IP packets arriving on any interface are 
routed to the appropriate output interface based on their destination IP address. 
 The ethernet16_switch node model is used to represent a switch supporting 
up to 16 Ethernet interfaces. The switch implements the Spanning Tree algo-
rithm in order to ensure a loop free network topology. Switches communicate 
with each other by sending Bridge Protocol Data Units (BPDU's). Packets are 
received and processed by the switch based on the current configuration of the 
spanning tree. 
 The ethernet_wkstn_adv node model is used to represent a workstation 
with client-server applications running over TCP/IP and UDP/IP. 
 The 10BaseT and 100BaseT full duplex links are used to represent the 
Ethernet connections operating at 10 Mbps and 100Mbps, respectively. These 
links can connect any combination of the nodes such as Station, Hub, Bridge, 
Switch and LAN nodes (except Hub-to-Hub, which cannot be connected). 
 The ppp_adv, point-to-point full duplex link is used to connect two nodes 
with serial interfaces (e.g., routers with PPP ports)) at a selectable data rate. 
 The Application_Config includes a name and a description table that speci-
fies various parameters for the different applications (i.e. video conferencing and 
voice applications). The specified application name is used while creating user 
profiles on "Profile_Config" object. 
 The Profile_Config is used to create user profiles. These user profiles can be 
specified on different nodes in the network to generate application layer traffic. 
The applications defined in the Application_Config are used by this object to 
configure profiles. Traffic patterns can be specified followed by the configured 
profiles and the applications. 
 QoS_Config is used to define the QoS configuration details for protocols 
supported at the IP layer. These specifications are referenced by the individual 
nodes using symbolic names as FIFO, CBWFQ and Priority Queuing. 
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 MPLS_Config is used to configure Forwarding Equivalence Class (FEC) 
and Traffic Trunk specifications. These specifications are associated with differ-
ent flows at the ingress LERs, to differentiate the flows into various classes and 
different QoS agreements. 
 MPLS_E-LSP_Static is a model of static Label Switched Path (LSP). This 
is used to create the static forwarding tables at each node whereby the LSP can 
traverse. 

3.2.2 Network Traffic Generation 

Detailed information about the configurable parameters for voice applications is 
given in Appendix A (Fig. A.1, and Table A.2, A.3). In voice applications, voice 
traffic configuration we have set the codec bit rate at 64 Kbps and codec sample 
interval 10 ms whereby codec sample size is calculated using 64,000 *10/1000 = 
640 bits (e.g., codec bit rate=sample interval/sample size). Thus the sample size 
is 80 bytes.  For 10 ms sample interval 100 packets per second needs to be 
transmitted [57]. Video and voice conferencing profiles are defined in the source 
workstations while corresponding destination workstations are enabled with their 
respective supported services (see Table A.2 in Appendix). In OPNET terminol-
ogy, in order to generate voice and video traffic, voice and video conferencing 
profiles are configured in such a way where video and voice applications can be 
controlled in terms of their start, end times and repeatability. This is done by 
adding this profile to each workstation’s lists of supported profiles. The start 
time and offset time for the video_and_voice_profile configuration parameters 
are presented in Appendix A. It is noted that while configuring the profile for 
video and voice conferencing; the first call by each designated workstation starts 
at 120 seconds (i.e. start time of 100 seconds with offset time of 20 seconds), 
while the second call is added at 420 seconds of simulation time, and finally the 
third call is added at 720 seconds of the simulation time (1800 s). Which follows 
each designated workstation is having three interactive video conferencing ses-
sions running simultaneously during the simulation period (i.e. 720-1800 
seconds).  

3.3 Simulation Scenarios 
OPNET Modeler 14.0 [12] has been used for the simulation analysis. This section 
explains the network model used in this study. Six network scenarios have been 
prototyped as follows, which will be elaborately demonstrated in the up-coming 
sections. Scenario 1 is modeled as a baseline scenario without QoS implementa-
tion. Scenario 2 serves as another baseline scenario to demonstrate traffic deli-
very in a best-effort IPv6 network under congested condition in which no QoS is 
configured. Scenario 3 is modeled followed by baseline scenario 1 where DiffServ 
has been implemented while scenario 4 is modeled followed by baseline scenario 2 
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with DiffServ implementation. Scenario 5 is modeled to demonstrate real-time 
applications delivery in a DiffServ enabled MPLS network followed by scenarios 1 
and 3 while scenario 6 modeled followed by scenarios 2 and 4. It is important to 
mention that in all the simulation scenarios, the routers ethernet2_slip8_ler and 
ethernet2_slip8_lsr correspond to the LERs and LSRs, respectively. These rou-
ters are interconnected via ppp_adv point-to-point link operated at 4Mbps data 
rate. The links used to connect switches with the routers (i.e. LER1 and LER2) 
are 100Base-T, while 10Base-T is to connect the workstations with the switches.  
The switches namely switch_1 and switch_2 (i.e. ethernet16_switch) are con-
nected with routers ((i.e. ethernet2_slip8_ler and ethernet2_slip8_lsr)) using 
100Base-T. The scenarios to be modeled in this work are outlined as follows: 
 
1) Scenario 1: Baseline IPv4 Network 
2) Scenario 2: Baseline IPv6 Network 
3) Scenario 3: DiffServ without MPLS TE in IPv4 Network 
4) Scenario 4: DiffServ without MPLS TE in IPv6 Network 
5) Scenario 5: DiffServ with MPLS TE in IPv4 Network 
6) Scenario 6: DiffServ with MPLS TE in IPv6 Network 
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3.3.1 Scenario 1: Baseline_IPv4 

 

 

Fig. 3.1  Baseline IPv4 Network Topology. 

In order to study the results from other scenarios (e.g. 3, 4, 5 and 6), a baseline 
network model has been prototyped, which follows a typical meshed IP network 
where packets are forwarded from IPv4 source to the corresponding IPv4 desti-
nation through the IPv4 core domain with the best-effort policies. In this scena-
rio, each pair uses a best-effort service as a Type of Service (ToS). All routers 
(LERs and LSRs) in the given baseline topology are DiffServ and MPLS TE 
disabled. The reference network topology depicted in Fig. 3.1, is composed of six 
pairs of video conferencing workstations and a pair of voice workstations. The 
core network consists of nine LSRs (i.e. Label Switched Router) and two LERs 
(i.e. Label Edge Router). All the LSRs and LERs of the core network are inter-
connected using the point-to-point link (ppp_adv) operated at a 4Mbps data 
rate. In our reference network topology (Fig. 3.1), OSPF [58] routing protocol is 
used under normal condition without considering load balancing feature and 
MPLS is set to disable. The purpose of not considering load balancing is that 
MPLS TE can be better understood. 
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3.3.2 Scenario 2: Baseline_IPv6 

Topology depicted in Fig. 3.2 represents scenario 2 which is same as the scenario 
1, but IPv6 is configured in scenario 2.  

 

Fig. 3.2  Baseline IPv6 Network Topology. 

All IP nodes in the scenario 1 are dual-stack capable that means they can sup-
port both IPv4 and IPv6.  In this scenario, to manually configure an interface 
to support IPv6 only but not IPv4, the IPv4 address of the interface is set to 
“No IP Address”. IPv6 link-local and global address (es) on interfaces of all 
nodes in the network has manually been configured.  In order to configure IPv6 
in the network, Link-Local Address attribute is set to Default EUI-64 while 
Global Address (es) is set to EUI-64 with the specification of the first 64 bits of 
the address. The remaining 64 bits of the address are set to an interface ID 
unique to the interface. With regard to routing protocol configuration of IPv6 
network, as the process v2 of OSPFv2 is already running for IPv4 network 
(scenario 1). In this scenario, the process v2 has been disabled instead another 
process version (v3) [59] is enabled to the OSPF parameters configuration. 
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3.3.3 Scenario 3: DiffServ without MPLS_IPv4 

The main goal of this scenario lies in the differentiation of flows at an edge rou-
ter (LER1) of a DS-domain. Abstraction of DiffServ QoS configuration involved 
in this scenario is described in the following section:  
• Traffic classification and marking 
• Sceduling  
• Configuring Class-Based DSCP WRED 
• Traffic Policy Configuration  

 

Fig. 3.3  DiffServ IPv4 Network Topology. 

3.3.3.1 Traffic Classification and Marking 

DiffServ QoS relies on the classification of traffic, to provide different quality-of-
service level on a per-hop basis. Traffic can be classified based on a wide variety 
of criteria called traffic descriptors, which include: Type of Service (ToS) value in 
an IP header (IP Precedence or DSCP). Configuration of Extended Access Lists 
(ACLs) presented in Appendix A (Table A.3) which is used to identify video and 
voice traffics for classification based on source address of workstations. After 
classification, traffic should be marked, to indicate the required level of QoS ser-
vice for that traffic. Marking can oc- cur within either the Layer-2 header or 
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the Layer-3 header [60].  In Layer 3 marking, there are two marking methods 
where one uses the first three bits of the ToS field and another uses the first six 
bits of the ToS field (DSCP) [55]. In our test case, layer-3 marking for voice and 
video traffic is accomplished based on DSCP where the traffic has been marked 
on the inbound interface of edge router, LER1.Now marked traffic flows are sub-
jected to forwarding behavior based on their corresponding DSCP value. This 
forwarding behavior is implemented using CBWFQ and WRED. There are two 
standard PHB groups: Assured Forwarding (AF) PHB and Expedited Forward-
ing (EF) PHB where an AF PHB group consists of four AF classes; AF1x 
through AF4x [37]. Looking at the network topology exhibited in Fig. 3.3, video 
conferencing traffic flows generated by source workstations e.g., vc_src1, 
vc_src2, vc_src3, vc_src4, vc_src5, and vc_src6 are marked with AF11, AF12, 
AF13, AF41, AF42, and AF43 classes, respectively. The EF PHB is used for 
voice traffic flows as it provides a low loss, low latency, low jitter, assured band-
width, end-to-end service. 

3.3.3.2 Scheduling  

Seven CBWFQ profiles (see detail in Table A.8 of Appendix A) are defined un-
der IP QoS Parameters. The amount of bandwidth in percentage of available 
bandwidth is assigned to the seven traffic classes. It is noted that the amount of 
bandwidth assigned must be large enough to also accommodate layer-2 overhead. 
So in our case, bandwidth type is assigned to Relative that means if a traffic 
class does not use or need bandwidth equal to the reserved, available bandwidth 
can be used by other bandwidth classes. Queue limit is set to 500 Packets while 
priority is set to Enable with EF class. EF class carries voice traffic which is de-
lay and loss sensitive.  Setting the priority as Enable provides strict priority for 
CBWFQ and allows voice traffic to be dequeued and sent before packets in other 
queues are dequeued. 

3.3.3.3 Configuring Class-Based DSCP WRED 

WRED is an extension to RED. It allows configuring different drop profiles to 
different traffic flows and providing different QoS for different types of traffic. 
Seven WRED profiles defined under IP QoS Parameters attribute which is able 
to distinguish traffic flows by examining the DSCP value. Detail configuration 
parameters of WRED profiles are provided in Appendix A (Table A.6 and A.7). 
Each QoS attributes is configured at output the interfaces of the edge router 
(LER1). 

3.3.3.4 Traffic Policy Configuration 

In OPNET modeler suite, traffic policies can be defined and configured on the 
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inbound/outbound interface of routers under the IP QoS ‘Parameters>Traffic 
Policies’ attribute. Table A.7 in Appendix A illustrates QoS mechanisms such as 
scheduling (CBWFQ) and policing (WRED) are grouped into the defined traffic 
policy (Traffic_Policy) and applied to corresponding traffic classes where each 
Traffic Class referenced in the traffic policy is associated with two profiles. An 
outbound traffic policy e.g., Traffic_Policy is applied to the outbound interface 
of the edge router, LER1 as scheduling and congestion avoidance is supported 
only in the outbound direction.  

3.3.4 Scenario 4: DiffServ without MPLS_IPv6 

This scenario is configured based on the scenarios 2 and 3. Additional configura-
tion involved in implementing IPv6 QoS is discussed below.  

 

Fig. 3.4  DiffServ IPv6 Network Topology. 

For IPv6 QoS implementation in the network topology depicted in Fig. 3.4, all 
relevant factors including network equipments and application in the network are 
capable to support IPv6 QoS. IPv6 Header has two segments relevant with QoS, 
TC (Traffic Class) and FL (Flow Label) [7]. TC has 8 bits and same as the ToS 
(Type of Service) in IPv4. The Traffic Class field is used to set differentiated 
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service code point (DSCP) values. These values are used in the exact same way 
as in IPv4. In this scenario, classification is accomplished based on IPv6 prece-
dence, differentiated services control point (DSCP) which is defined in the confi-
gured extended IPv6 access lists (Appendix A in Table A.9). After traffic classi-
fication, in order to carry out IPv6 DiffServ implementation, the steps needed to 
be followed are described in Section 3.3.3. 

3.3.5 Scenario 5: DiffServ with MPLS_IPv4 

The DiffServ configuration for MPLS network models is similar to IP QoS confi-
guration in DiffServ IPv4 network that is not MPLS-enabled. The main differ-
ence for MPLS networks is that packet is marked with the appropriate EXP bits 
according to their traffic class at edge routers, LER1 and LER2. The goal of this 
scenario is to minimize congestion by making some traffic follow the “non-
shortest path” through the network and distributing the total real-time traffic 
across the pre-established LSPs according to the current state of the network. 
The example topology presented in Fig. 3.5 illustrates the use of DiffServ with 
MPLS TE in IPv4 network followed by the network configuration of scenarios 1 
and 3.  

 

Fig. 3.5 DiffServ/MPLS IPv4 Network Topology. 



Chapter 3:  Network Model And Implementation 

  29

For deploying traffic engineering in the network, it is important to determine 
whether or not traffic engineering is required for a given network. This determi-
nation has been made by doing an IGP analysis on the scenario 3. The IGP 
analysis is done by running a discrete event simulation (DES) of the scenario 3, 
which shows that one link e.g., LER1 LSR4 is over-utilized while others e.g., 
LER1 LSR2 and LER2 LSR1 are unused that turns out  to have a need of 
traffic engineering configuration and analysis. In this case, in terms of traffic 
engineering implementation and analysis of the network, the next step is to 
create LSPs in the network that will direct traffic from the over-utilized links 
towards the less utilized links. In the OPNET MPLS model suite, Global MPLS 
attributes, which are used to configure network-wide MPLS parameters, are 
grouped in the MPLS configuration object e.g., MPLS_Config. Router-specific 
MPLS attributes are grouped in the MPLS Parameters attribute on each core 
router of DiffServ/MPLS IPv4 domain. 

3.3.5.1 MPLS TE Configuration in the Network 

This section describes how to manually configure MPLS TE in IPv4 network 
using OPNET MPLS Model Suite. The following topics are covered by configur-
ing LSPs and defining how traffic is assigned to the corresponding LSPs. Before 
LSPs are configured, status of MPLS on the Interfaces running OSPF of core 
routers of DiffServ/IPv4 domain is set to enable. The edge routers, LER1 and 
LER2 are considered as the source and destination of the LSPs, respectively. In 
order to make LSPs reachable from other sections of the MPLS domain, a loop-
back interface on the routers has been configured.  Configuring MPLS in a net-
work can be split in a three-step process as follows. 

3.3.5.1.1 LSPs creation and configuration in the network topology 

Static LSPs are created using the path object e.g., MPLS_E-LSP_STATIC de-
scribed in section 3.2.1. In our proposed network, six bidirectional LSPs are 
created namely LSP1_0, LSP1_1, LSP1_2, LSP2_0, LSP2_1 and LSP2_2 in a 
way that they can be initiated on both LER1 and LER2. Motivation of using 
static LSPs is as because of it allows more routing control but has fewer resilien-
cies to link failures, however link failures is out of scope of this paper. One of the 
important LSP attributes is that for E-LSP, three experimental bits in the shim 
header carry the DiffServ information. This provides eight different types of ser-
vice (TOS) per LSP [49]. 
 

3.3.5.1.2 FECs and traffic trunks creation and configuration in the 

MPLS_Config 

Forwarding Equivalence Class (FEC) parameters are used to classify and group 
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packets so that all packets in a group are forwarded the same way.  In order to 
do that seven FECs are defined based on DSCP in MPLS_Config. Table A.10 in 
Appendix A illustrates seven FECs, which correspond with DSCP. Each of FECs 
consists of three UDP traffic flows that are treated as traffic aggregate in the 
MPLS domain.  For example, “FEC for AF11” is identified by this name when 
the Traffic Engineering Assignments are specified in Traffic Mapping Configura-
tion, which defines the criteria for the Forwarding Equivalence Classes. Seven 
Traffic Trunk Profiles are created based on seven DiffServ codes in the 
MPLS_Config, which specifies out-of-profile actions and traffic classes for traffic 
trunks in the network. Traffic trunks capture traffic characteristics such as peak 
rate, average rate, and average burst size. The detail out-of-profile settings of the 
traffic Trunk Profiles can be found in Appendix A (Table A.14). 

3.3.5.1.3 Configuring LERs to Direct Packets into the Appropriate 
LSPs  

Some of the important MPLS Parameters are set on the edge routers, LER1 and 
LER2 which are described in this section. Traffic Mapping Configuration speci-
fies bindings between FECs and LSPs. In Appendix A (Table A.11), each row of 
the Traffic Mapping Configuration specifies a distinct traffic engineering (TE) 
binding in which each TE binding specifies the FEC, traffic trunk, and LSP that 
is applied to the label of the incoming packet. For instance, a FEC such as “FEC 
for AF11” is bound to a Traffic Trunk e.g., “Trunk for Video Traffic AF11” 
which is mapped on to LSP1_0. Table A.12 in Appendix A shows the EXP PHB 
attribute specification. This mappings defined in the MPLS_Config are used by 
the edge routers. A standard EXP PHB mapping is applied to determine the 
PHB of the behavior aggregates that are mapped onto a single E-LSP. 

3.3.6 Scenario 6: DiffServ with MPLS_IPv6 

Scenario 6 is similar to scenario 4 except deployment of IPv6 support on MPLS 
network. In this scenario, the network topology depicted in Fig. 3.6 illustrates 
the use of MPLS TE using MPLS to route the traffic in IPv6-only network. Sev-
eral approaches are possible to offer IPv6 connectivity over the MPLS core do-
main. They vary from a couple of standpoints: transitioning strategy, scalability, 
data overhead, and configuration. Table A.13 in Appendix A compares the dif-
ferent solutions in relation to the support of IPv6 in MPLS [9]. In our case of 
IPv6 support on MPLS network, approach 4, e.g., “IPv6 MPLS with IPv6-based 
core” is considered where all the LSRs are configured in such a way that it can 
support IPv6 completely.  
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Fig. 3.6 DiffServ/MPLS IPv6 Network Topology. 

3.3.7 Simulation Run-Time 

All the simulations run for 1800 seconds, and all applications that generate the 
traffic (i.e. voice and video conferencing) start simultaneously at 120 seconds of 
the simulated time, that is, every event has the same probability to occur at 
every value at 120 seconds. The simulation is implemented in OPNET Modeler 
14.0 running on a HP laptop with Windows 7, Pentium IV 1.7 GHz with 2GB of 
RAM. For all of scenarios the information about simulation run in OPNET has 
been shown in Table 3.1. These information regarding six different scenarios have 
been collected from OPNET after the simulation run is finished.   
 
                      Table 3.1  Simulation Run-Time Information. 

Scenarios Total Events Elapsed Time[Min] Simulate Time[Min] 
Scenario 1 172,091,413 42 30 
Scenario 2 168,931,243 52 30 
Scenario 3 184,118,451 77 30 
Scenario 4 182,776,740 69 30 
Scenario 5 330,895,155 227 30 
Scenario 6 330,686,773 709 30 



Chapter 3:  Network Model And Implementation 

  32

3.3.8  Collecting Statistics 

Before running the simulation, OPNET needs to be configured to obtain the 
desired statistics.  Once the desired statistics have been specified, OPNET auto-
matically produces those statistics. However, there is a key factor associated with 
statistics collection. First of all we need to look at how the simulator processes 
the generated statistics during the simulation.  OPNET Modeler has three modes 
of the statistics collection for processing the statistics, which include All Values, 
Sample and Bucket Details of these statistics collection modes can be found in 
OPNET tutorial. 
 In our case we have collected our intended statistics using bucket mode be-
cause the results of this mode are useful as they show the general trend of the 
statistic's variations, even if they do not capture any of the rapid changes [9]. 
Bucket mode is also called as the default mode in OPNET. Now we will discuss 
how does bucket mode processes the statistics before being stored in file of the 
simulation results. In order to explain that here we have considered the specified 
values in bucket mode configuration made in our simulated scenarios. For in-
stance, bucket mode has one important parameter called bucket width which is 
measured in seconds. This can be obtained by setting up the Values per statistics 
and simulation time. Values refer to how many values of the statistics will be 
reported in the graph and stored in the simulation results file. In that case, we 
have set 100 as the Values per statistics parameter under Configure Simulation 
Parameter before running the simulation with simulation time 1800 s (seconds). 
After setting up these values, we can get the bucket width in way that total si-
mulation time i.e., 1800 s is divided by the Values 100 which gives 18 s. 
 In the case of our simulated scenarios, for example of interest in the end-to-
end delay measurement , groups of values  of the end-to-end delay for all the 
transmitted packets that occurred within bucket width ( i.e., 18 seconds ) cor-
respond to many individual values which are averaged together to plot just one 
value in the statistics graph. Per bucket one value obtained and for total simula-
tion time 18 seconds, 100 values are reported in the statistics. 100 values for each 
one of the respective performance metric that subject to our thesis work have 
been collected followed by the given example. Those statistics have exported 
from OPNET into a spreadsheet and plotted using software called Originlab. The 
plotted graphs including statistical summary of the obtained results have been 
presented in Chapter 4 and Appendix B.   
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Chapter 4                                                      

SIMULATION RESULTS AND EVALUATION 

 
In chapter 3, the aspects related to the task of various network modeling and 
configuration with respective important configuration parameters were explained. 
In this chapter, simulation results will be discussed for the different network sce-
narios. Section 4.1 offers a discussion that regards to the performance of 
throughput while section 4.2 covers the evaluation of point-to-point queuing de-
lay performance. Section 4.3 discusses on the performance of packet delay varia-
tion (PDV) whereas Section 4.4 deals with the performance analysis of end-to-
end delay (i.e. E2E delay). Performance of the packet loss is described in section 
4.5 while validation of the simulation results is presented in section 4.6. 

4.1 Throughput Performance 
The IP Performance Metrics (IPPM) Working Group of IETF has defined 
throughput refering to the amount of data packet successfully received by the 
destination node [61] . The throughput is usually measured in bits per second 
(bits/sec). The throughput results are displayed, followed by a brief discussion 
for each scenario. 

4.1.1 Throughput performance in scenarios 1 and 2 

In this experiment, throughput has been measured at the physical layer. Using 
the conventional routing protocol such as OSPF under normal condition (with-
out considering load balancing feature of OSPF), all the traffic follows the short-
est path where the link from LER1 to LER2 (LER1→LSR4→LER2) carries all 
the traffic flows. No traffic passes through the paths, (e.g., LER1 → LSR1 → 
LSR3 → LSR6 → LSR8 → LER2 and LER1 → LSR2 → LSR5 → LSR7 → 
LSR9 → LER2) either in IPv4 network or IPv6 network. All real-time traffic 
flows are being transmitted throughout the entire network with best-effort 
treatment.  
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Fig. 4.1  Throughput (a) bits/s (b) packets/s for scenarios 1 and 2 
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Fig. 4.2  Average throughput for scenarios 1 and 2. 

During the phase-1 (i.e., low load (40%); simulation time; 120-420s) of the simu-
lation, the achieved throughput for IPv4 and IPv6 network depicted in Fig. 4.1 
(a) is approximately 1 457 840 bits/s and 1 507 440 bits/s, respectively. The 
throughput for IPv6 is 3.29% higher than IPv4 because IPv6 incurs an additional 
overhead caused by the IPv6 bigger header size (i.e., 40-byte) compare to IPv4 
(i.e.,20-byte). Despite the header size issue of Internet Protocol (IPv4/IPv6) as 
expected and known, analytical approach can be taken in account on how other 
factors contributed to the overall achieved throughput. With the intention of 
clearing up those factors such as different amount of overhead added to the payl-
oad by different layers, phase-1 of the simulation has been considered.  
 During this phase of simulation, the different UDP CBRs (Constant Bit 
Rates) generated by seven different sources, (i.e., voice_src, vc_src1, vc_src2, 
vc_src3, vc_src4, vc_src5, and vc_src6) include 64,000, 320,000, 240,000, 
160,000, 280,000, 200,000, and 120,000 bps, respectively. These CBRs generated 
at the application layer don’t include any protocol overhead turning out to be 
the total injected traffic as payload of about 1,384,000 bps. Looking at the Fig. 
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4.1 and Table 4.1, during phase-1 the throughput is appeared to roughly be 
1,457,000 bps and 1,507,000 bps for IPv4 and IPv6, in that order. From the 
achieved throughput and the injected payload, we can determine the total over-
head added by layer protocols (i.e., RTP + UDP+ IP + PPP) (1,457,000 ̶ 
1,384,000) bps= 73,000 bps while the overhead is added by layer protocols in 
IPv6 is about 123,000 bps (i.e., (1,507,000 ̶ 1,384,000) bps). The difference be-
tween total overheads of IPv4 and IPv6 becomes about 50,000 bps. 
  
To analytically determine the total overhead, one of the important things that 
we have to identify how many packets for voice and video traffic are transmitted 
throughout the network. According to our voice traffic configuration, we have set 
the codec bit rate at 64000 bps and codec sample interval 10 ms whereby codec 
sample size is calculated using 64,000*10/1000 = 640 bits (e.g., codec bit 
rate=sample interval/sample size). Thus the sample size is 80 bytes.  For 10 ms 
sample interval 100 packets per second needs to be transmitted.  
 Therefore, the total bandwidth required for voice traffic is 
(80*100+48*100)*8= 102,000 bps (((e.g., ((sample size in bytes)*(number of 
transmitted packets per second*8)) + ((header overhead of layer protocols=48 
bytes) * (number of packets transmitted per second*8))) in one direction. The 
overhead added by voice traffic for 100 packets is about 38,000 bps (i.e., (102,000 
̶ 64,000) bps). 
 At the same time, the video traffic has been configured in way that this has 
to do with different frame sizes for the different traffic sources. Detail of the 
frame size for individual traffic source can be found in chapter 3 under traffic 
generation section. For example, in the course of phase-1 of the simulation, 
source vc_src1 generating video traffic at the CBR of 320,000 bps of payload at 
the application layer where incoming/outgoing frame size is set at  4000 bytes 
with 10 frame/s. For IP layer and PPP (Point-to-Point Protocol) at physical 
layer, MTU (i.e., Maximum Transmission Unit) has been set at 1500 bytes. As a 
result there will be fragmentation for the video traffic. In the case of different 
frame sizes for all of the video traffic, analytical calculation of those fragmented 
packets would be very complicated for each traffic sources. With that said, the 
obtained statistics of throughput in packet/s depicted in Fig. 4.1 (b) is favored in 
roughly determining the total number of video packets transmitted during the 
phase-1. Total number of packets for both video and voice are found to roughly 
be 250. 100 packets per second for voice traffic already described earlier and the 
rest of the packets around 150 are for video traffic. 
 Once the number of packets transmitted by video and voice sources during 
the pahse-1 is determined, we can calculate the total overhead added to total 
payload by different protocols. The different layer protocols consist of (RTP + 
UDP + IP + PPP), which include total header sizes e.g., (12+8+20+8) bytes, 
(i.e., (IPv4/IPv6 = 48/68 bytes)) [57]. 
 From our analytical calculation, we now roughly determine the total over-
head added in IPv4 and IPv6. This is obtained followed by the number of voice 
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and video packets multiplied by total overhead for layer protocols, and multiplied 
by 8 , e.g., 250*48*8/1000= 96,000 bps in IPv4 and 250*66*8/1000=136,000 bps 
in IPv6. We have already calculated the total injected traffic rate, 1,384,000 bps 
of payload thereby we get about 1,480,000 bps (i.e., (1,384,000+96,000) bps) as 
theoretical throughput for IPv4 while throughput for IPv6 is about 1,520,000 bps 
(i.e., (1,384,000+136,000) bps), which correspond to the obtained throughput 
from the simulation results. 
 It is noticed that comparing the theoretical throughput and the resulting 
throughput from OPNET simulation, it is found that the theoretical throughput 
is little bit higher than simulation results for both IPv4 and IPv6 networks. This 
is due to the fact that particularly for video traffic, the total number of packets 
considered from the OPNET simulation results are not an absolute value of the 
packets. The reason lies on how OPNET process the statistics, which has elabo-
rately been described in chapter 3 under statistics collection in OPNET section.
 During the phase-2 (i.e., medium load; simulation time: 420-720 s), the 
throughput for IPv4 and IPv6 is found to be about 3, 592, 000 bits/s and 3,708, 
500 bits/s, respectively. In this case, the throughput for IPv6 is 3.14% higher 
than IPv4. Now, turning to the third phase-3 (i.e., high load (offered traffic load 
(200%; 8Mbps); simulation time: 720-1800 s), it is apparent that the egress inter-
face of the ingress router LER1 gets saturated to be served as a bottleneck link 
for all the traffic flows. This is attributed to the fact that the injected traffic load 
increases with the passage of time. Therefore, at the state of the congested cir-
cumstances, the throughput for IPv4 and IPv6 are mostly alike as it reaches the 
maximum link capacity of the followed route. From the discussed analysis and 
the obtained results reported in Table 4.1 and plotted in Fig. 4.2, it is reasonable 
to conclude that the average throughput for IPv6 is roughly 0.85% higher than 
its counterpart IPv4 under the varying network load. 

Table 4.1  Summary statistics of throughput for scenarios 1 and 2. 

Phase-1(40% Network Load) 
 Forward Direction Scenario 1 Scenario 2 

Avg.[bits/s] LER1<->LSR4-> 1,46E+06 1,51E+06 
Std Dev.[bits/s] LER1<->LSR4-> 3,24E+01 6,15E+01 

Phase-2 (90% Network Load ) 
Avg.[bits/s] LER1<->LSR4-> 3,59E+06 3,71E+06 

Std Dev.[bits/s] LER1<->LSR4-> 7,35E+02 7,27E+02 
Phase-3 ( 200% Network Load) 

Avg.[bits/s] LER1<->LSR4-> 4,00E+06 4,00E+06 
Std Dev.[bits/s] LER1<->LSR4-> 2,48E+02 2,68E+02 
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4.1.2 Throughput performance in scenarios 3 and 4 

Fig. 4.3 and 4.4 show the throughput (along the forward direction) for the video 
and voice conferencing traffic that are transmitted at the output interface of edge 
router (LER1). The video and voice traffics have been marked with their corres-
ponding traffic flows by using DSCP. Apart from the differentiating traffic at the 
edge router, Fig. 4.3 and Table 4.2 show that the analysis of DiffServ without 
MPLS TE scenario that takes along the forward direction throughput value in 
both IPv6 and IPv4 network is almost similar to the analysis in section 4.1.1 
(scenarios 1 and 2). 
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Fig. 4.3  Point-to-point throughput for scenarios 3 and 4. 
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Fig. 4.4  Point-to-point avergae throughput for scenario 3 and 4. 
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Table 4.2  Summary statistics of throughput for scenarios 3 and 4. 

4.1.3 Throughput performance in scenarios 5 and 6 
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Fig. 4.5  Point-to-point throughput for scenarios 5 and 6. 

For scenarios 5 and 6, Fig. 4.5 shows the point-to-point throughput for all 
sources in IPv4/IPv6 networks. The throughput is measured at the output inter-
face of ingress router (LER1), while load balancing considered by the help of 
MPLS TE capabilities. The X axis shows the simulation time in seconds while 
the Y axis represents the throughput in bits/s. The goal of applying MPLS TE is 
to reduce the load of the congested path and making some traffic flows follow the 
underutilized-non-shortest path. All of the traffic flows arrive at the edge router, 
LER1. As per the FEC definition and mapping mentioned in the previous chap-
ter, traffic flows are forwarded to the destination. 

 

 

Phase-1(40% Network Load) 
 Forward Direction Scenario 1 Scenario 2 

Avg.[bits/s] LER1<->LSR4-> 1,46E+06 1,51E+06 
Std Dev.[bits/s] LER1<->LSR4-> 3,24E+01 6,15E+01 

Phase-2 (90% Network Load ) 
Avg.[bits/s] LER1<->LSR4-> 3,59E+06 3,71E+06 

Std Dev.[bits/s] LER1<->LSR4-> 7,35E+02 7,27E+02 
Phase-3 ( 200% Network Load) 

Avg.[bits/s] LER1<->LSR4-> 4,00E+06 4,00E+06 
Std Dev.[bits/s] LER1<->LSR4-> 2,48E+02 2,68E+02 
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Table 4.3  Summary statistics of throughput for scenarios 5 and 6. 
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Fig. 4.6  Average throughput at the output interface of LER1 for scenarios 5 and 
6. 

Apart from the MPLS TE performance, in the scenarios 5 and 6, throughout the 
simulation period, from Fig. 4.6 one can observe that the IPv6 network always 
uphold higher throughput than that of IPv4 network. The experimental results 
of the average value for the throughput of all the video and voice conferencing 
traffic flows in both IPv4 and IPv6 networks are shown in Table 4.3. The results 
indicate that the average IPv6 throughput at the output interface, 
LER1→LSR1→, LER1→LSR2→, and LER1→LSR4→ of the edge router 
(LER1) is 3.7%, 2.4% and 2.6% higher compared with IPv4, respectively.  
 

Phase-1 (120-420 Seconds) 
Direction LER1->LSR1-> LER1->LSR2-> LER1->LSR4-> 
Scenarios Scenario 5 Scenario 6 Scenario 5 Scenario 6 Scenario 5 Scenario 6

Avg.[bits/s] 6,41E+05 6,70E+05 4,54E+05 4,65E+05 3,71E+05 3,80E+05
Std Dev.[bits/s] 3,10E+01 6,18E+01 2,91E+01 6,42E+01 2,91E+01 6,18E+01

Phase-2 (420-720 Seconds) 
Avg.[bits/s] 1,53E+06 1,60E+06 1,12E+06 1,15E+06 9,17E+05 9,39E+05

Std Dev.[bits/s] 7,42E+04 7,72E+04 5,55E+04 5,70E+04 4,51E+04 4,62E+04
Phase-3 (720-1800 Seconds) 

Avg.[bits/s] 3,26E+06 3,39E+06 2,50E+06 2,56E+06 2,04E+06 2,09E+06
Std Dev.[bits/s] 1,69E+03 1,98E+03 1,51E+03 1,55E+03 9,10E+02 9,24E+02
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The earlier explanation presented in section 4.1.1 can be considered for further 
understanding, which similarly imply to the causes of IPv6 being higher in the 
throughput performance than IPv4 in these two scenarios. 
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4.2 Queuing Delay (QD) Performance 
This section describes the results on the experimental scenarios 1, 2, 3, 4, 5 and 
6 as explained in chapter 3. The performance analysis of QoS in terms of queuing 
delay has been carried out in IPv4/IPv6 networks. In packet switching networks, 
link bandwidth is shared by multiple traffic sources with the help of two basic 
mechanisms, queuing and scheduling. Queuing refers to the process of buffering 
incoming packets at the entrance of a communication link. The statistics 
represent instantaneous measurements of packet waiting times in the transmitter 
channel’s queue. Measurement is taken from the time a packet enters the trans-
mitter channel queue to the last bit of the packet is transmitted [62].  

4.2.1 QD performance in scenarios 1 and 2 

In this subsection, scenarios 1 and 2 correspond to the Best Effort in the IPv4 
network and Best Effort in IPv6 network (i.e. as Baseline Scenarios) respectively.  
For analyzing the IP QoS behavior, statistics results of point-to-point queuing 
delay incurred at the output interface of the edge router (LER1) have been col-
lected from simulation results and described in the following way. The analysis 
and discussion of the obtained results concerning queuing delay is mainly focused 
on the congested phase of the network during the simulation period (720-1800 
seconds). 
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Fig. 4.7  Point-to-point queuing delay for scnearios 1 and 2. 

Fig.4.7 illustrates point-to-point queuing delay for the link in scenario 1 and 2 
network topology. It is important to note that these two scenarios are configured 
with best-effort policy. That means when congestion is taken place in the net-
work, the packets are enqueued in FIFO manner (First in First Out). Observing 
Fig. 4.7 and Table 4.4, one can see that minimum queuing delay is appeared to 
be about 0.15 ms, in fact, the network is not in a congested state. This may be 
attributed to the fact that congestion occurs if the demand for one or more of 
the resources of the routers goes beyond the capacity of that resource. Opera-
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tionally, uncongested routers operate with little queuing on average, where the 
queue is the waiting line for a particular resource of the router [63]. The re-
sources consist of processing speed, updating routing tables and reporting any 
exceptions, space used for buffering and transmission links. In this case, buffer 
and transmission link seem to be not an issue rather this is probably caused by 
the processing speed of the router used in the network models.  
 Now let’s concentrate on phase-3 where during 720 seconds of simulation, 
queuing delay is suddenly appeared to be raised reaching 1.8 s for IPv4 and 2.0 s 
for IPv6 as the demand exceeds the link capacity. In the simulation, the link 
between LER1 and LER2 followed by the path (i.e. path LER1→LSR4→LER2) 
is congested by the packet flows between designated workstation pairs. In addi-
tion, Table 4.4 indicates an average value of queuing delay incurred on the 
LER1’s output interface along the path (i.e. LER1→LSR4→LER2) by IPv6 is 
10% higher than counterpart IPv4. 

Table 4.4  Summary statistics of queuing delay for scenarios 1 and 2. 

Scenario Description Link Direction Min. [s] Avg. [s] Max.[s] Std Dev.[s]
Baseline_IPv4 LER1<>LSR4-> 1,50E-04 1,06E+00 1,80E+00 8,58E-01 
Baseline_IPv6 LER1<>LSR4-> 1,58E-04 1,18E+00 2,00E+00 9,60E-01 

4.2.2 QD performance in scenarios 3 and 4 
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Fig. 4.8  Point-to-point queuing delay for scenarios 3 and 4. 

In Fig. 4.8, X and Y axis represent the simulation time and point-to-point 
queuing delay in seconds, respectively. Fig. 4.8 illustrates the point-to-point 
queuing delay incurred on the LER1’s output interface in the scenarios 3 and 4.  
From Fig. 4.8, one can see a change in the queuing delay in relationship with the 
DiffServ deployment in the network. Followed by the implementation of the 
scheduling algorithm CBWFQ and congestion avoidance mechanism, Weighted 
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Random Early Detection (WRED) there is significant reduction in queuing delay 
compared to the scenarios 1 and 2. From Fig. 4.8 and Table 4.5, it follows that 
on an average, there is a slight difference in queuing delay on the LER1’s output 
interface (LER1→LSR4→) between DiffServ enabled IPv4 and IPv6 networks. In 
addition, on an average, the queuing delay in the IPv6 network experiences ap-
proximately 2.8% higher than that of the IPv4. 

Table 4.5  Summary statistics of queuing delay for scenarios 3 and 4. 

4.2.3 QD performance in scenarios 5 and 6 

In this section, Scenarios 5 and 6 correspond to the DiffServ without 
MPLS_IPv4 and DiffServ without MPLS_IPv6 network, respectively. In Fig. 
4.9, X and Y axis represent the simulation time and point-to-point queuing delay 
in seconds, respectively. Fig.4.9 illustrates the point-to-point queuing delay in-
curred at three individual output interfaces of LER1 under two network scenarios 
5 and 6. 
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Fig. 4.9  Point-to-point queuing delay for scenarios 5 and 6. 

From Fig. 4.9, it can be seen that by introducing MPLS TE with the DiffServ 
support allows a remarkable reduction in point-to-point queuing delay when a 
heavily loaded aggregate is concerned. In this case, there are two factors asso-
ciated in the reduction of queuing delay. One can be explained from the deploy-
ment of MPLS TE with DiffServ support in the network while other one can be 
enlightened from Internet Protocol (IPv4/IPv6) perspective. Saying that, in or-
der to avoid congestion at the uplink interface of the edge router (LER1), three 
LSPs are established in the network whereby MPLS-TE reroutes traffic along 

Scenarios Link Direction Min. [s] Avg.[s] Max.[s] Std Dev.[s] 
Scenario 3 LER1→LSR4→ 1,50E-04 1,58E-03 1,77E-03 3,74E-04 
Scenario 4 LER1→LSR4→ 1,58E-04 1,63E-03 1,82E-03 3,80E-04 
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non-IGP shortest paths, (LER1→LSR1→LSR3→LSR6→LSR8→LER2) and 
(LER1→LSR2→LSR5→LSR7→LSR9→LER2). Then again, from Fig. 4.9 and 
Table 4.6, one can see that in IPv6 network, average queuing delay incurred at 
the LER1’s output interfaces directed towards LSR4, LSR2 and LSR1 are almost 
2.4%, 2.4% and 4% higher than the counterpart IPv4, respectively. 

Table 4.6  Summary statistics of queuing delay for scenarios 5 and 6. 

 
 

Scenarios Link Direction Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 5 LER1<->LSR1-> 1,42E-04 1,16E-03 1,31E-03 2,78E-04 
Scenario 6 LER1<->LSR1-> 1,58E-04 1,20E-03 1,36E-03 2,80E-04 
Scenario 5 LER1<->LSR2--> 1,50E-04 2,14E-03 2,27E-03 4,97E-04 
Scenario 6 LER1<->LSR2-> 1,58E-04 2,20E-03 2,33E-03 5,04E-04 
Scenario 5 LER1<->LSR4--> 1,42E-04 2,19E-03 2,32E-03 5,12E-04 
Scenario 6 LER1<->LSR4--> 1,58E-04 2,24E-03 2,38E-03 5,15E-04 
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4.3 Packet Delay Variation (PDV) 
Performance 

This section evaluates a performance metric for variation in delay of packets 
across the IPv4/IPv6 paths. The performance metric is based on the difference in 
the One-Way-Delay (OWD) of selected packets. This difference in delay is called 
"IP Packet Delay Variation (IPDV)" as defined in a draft of the IETF IPPM 
working group [64].   
 In  the subsequent sections under this section, scenarios 1, 2, 3, 4, 5 and 6 
correspond namely to the Baseline in IPv4, Baseline in IPv6, DiffServ without 
MPLS in IPv4, DiffServ without MPLS in IPv6, DiffServ with MPLS in IPv4, 
and DiffServ with MPLS in IPv6 networks, respectively. An extensive perfor-
mance evaluation has been carried out by means of simulations, to investigate 
PDV performance for seven different service classes. 
 Results which summarized in the figures and minimum, maximum, average 
and standard deviation values of PDV have been reported in the tables for the 
respective scenarios. In all of the figures presented in the following sections, X 
axis represents the simulation time in second while Y axis represents Packet De-
lay Variation (PDV) in second. In the following discussion, the obtained results 
from the scenarios 1 and 2 (i.e., base-line scenarios) have been considered in fa-
vor of comparison purpose with relation to other scenarios (3, 4, 5 and 6). PDV 
performance in scenarios 1 and 2 (best-effort) is similar along the discussion of 
PDV performance analysis. Therefore, PDV experienced in these two scenarios 
are discussed once in section 4.3.1. 
 It is essential to note that PDV description carried out in this section is 
focused on minimum PDV value during phase-1 and maximum PDV value dur-
ing phase-3 and then total average PDV value.  Additionally, detailed statistics 
of PDV that regards to average and standard deviation of each individual phase 
(i.e., phase-1, phase-2 and phase-3) for individual scenario, can be found in Ap-
pendix B. 

4.3.1 PDV performance for AF11 traffic flows 

Fig. 4.10 shows the comparable performance of the PDV under the different net-
work scenarios measured for the video conferencing traffic flows, which are gen-
erated at VC_Src1(source node) and destined to VC_Dst1 (destination node) 
through the IPv4 and IPv6 networks. The comparison against different network 
scenarios in terms of PDV is referred to Table 4.7, and observed in Fig. 4.10. 
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Fig. 4.10  PDV experienced by AF11 flows for scenarios (a) 1-2 (b) 3-4 and (c) 5-
6. 

In the case of baseline networks, from Fig. 4.10(a), one can examine that PDV in 
IPv4 varies from 0.1 ns (nanosecond) to 196 ms (millisecond) along with an av-
erage value 35 ms, whereas PDV in IPv6 varies from 0.3 ns to 273 ms followed 
by an average value 64 ms. 
 In the case of DiffServ IPv4/IPv6 networks exhibited in Fig.4.10 (b) (top 
right side), and Table 4.7 follows that PDV for AF11 traffic flows in IPv4 is dif-
fered from 0.0 s to 930 ms achieving an average 427 ms while PDV in IPv6 is 
differed from 0.0 ms to 1019 ms with an average 490 ms. From DiffServ perspec-
tive, the average PDV of AF11 in both IPv4 and IPv6 network is considerably 
higher than scenarios 1 and 2. This is caused by as weight set to 20% of the link 
capacity (4Mbps) and queue size set at 500 packets. This can be explained in 
way that VC_Src1 is generating total video traffic about 1.7 Mbps. In order to 
successfully transmit this traffic, the required bandwidth is about 1.9 Mbps in-
cluding additional overhead by layer protocols. But the assigned weight is about 
0.8 Mbps. As a result, it exceeds the link capacity. In summary, from the IPv6 
protocol performance perspective, PDV in DiffServ IPv6 network is fairly about 
12% higher than that of counterpart, IPv4. 
 In the case of scenarios 5 and 6 depicted in Fig. 4.10 (c)(bottom side mid-
dle), and from Table 4.7, it is observed that PDV for AF11 traffic flows in Diff-
Serv/MPLS IPv4 network differs from approximately 0.0 s to 17 µs (microse-
cond), attaining an average PDV of about 8 µs, alternatively PDV for AF11 in 
DiffServ/MPLS IPv6 network varies from 0.1 ns (nanosecond) to about 26 µs 
(microsecond) with an average 9 µs. Table 4.7 depicts the average PDV which is 
very small compare to the scenarios 3 and 4. That means adopting MPLS TE in 
DiffServ network improves PDV performance for video conferencing traffic. In 
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the context of the IPv4/IPv6 protocol performance, AF11 in DiffServ/MPLS 
IPv6 network still suffers 7% higher than that of IPv4. 
 Based on the simulation results illustrated in Table 4.7 and Fig. 4.10, it can 
be concluded that on an average, PDV for AF11 in DiffServ IPv6 network is 
appeared to be 12% higher than that of counterpart IPv4 while PDV for AF11 in 
DiffServ/MPLS TE IPv6 network remains 7% higher than IPv4. 

Table 4.7  Summary statistics of PDV experienced by AF11 flows. 

4.3.2 PDV performance for AF12 traffic flows  

Fig. 4.11 illustrates the comparable performance of the PDV under the different 
network scenarios measured for the video conferencing traffic flows generated at 
VC_Src2 and destined to VC_Dst2 through the IPv4 and IPv6 networks. The 
comparison against different network scenarios in terms of PDV is referred to 
Table 4.8, and observed in Fig. 4.11. 

0 300 600 900 1200 1500 1800
0,00
0,05
0,10
0,15
0,20
0,25
0,30
0,35
0,40

(a)

 

D
el

ay
 V

ar
ia

tio
n 

[s]

Simulation Time [s]

 Baseline_IPv4
 Baseline_IPv6

0 300 600 900 1200 1500 1800
0,0

0,5

1,0

1,5

2,0

2,5

3,0

(b)
Simulation Time [s]

D
el

ay
 V

ar
ia

tio
n 

[s]

 DiffServ Without MPLS_IPv4
 DiffServ Without MPLS_IPv6

0 300 600 900 1200 1500 1800
0,00000
0,00002
0,00004
0,00006
0,00008
0,00010
0,00012
0,00014

(c)

D
el

ay
 V

ar
ia

tio
n 

[s]

Simulation Time [s]A@5

 DiffServ With MPLS_IPv4
 DiffServ With MPLS_IPv6

 

Fig. 4.11  PDV experienced by AF12 flows for scenarios (a) 1-2 (b) 3-4 and (c) 5-
6. 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 1,00E-10 3,52E-02 1,96E-01 4,61E-02 
Scenario 2 3,00E-10 6,46E-02 2,73E-01 7,64E-02 
Scenario 3 0,00E+00 4,28E-01 9,30E-01 3,53E-01 
Scenario 4 1,00E-10 4,90E-01 1,02E+00 4,00E-01 
Scenario 5 0,00E+00 8,48E-06 1,70E-05 4,79E-06 
Scenario 6 1,00E-10 9,13E-06 2,63E-05 5,58E-06 
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 In support of the DiffServ in the baseline network scenarios shown in Fig. 
4.11(b) (top right side), where Table 4.8 follows that PDV for the AF12 traffic 
flows in IPv4 is differed from 1.5 ns to 2.43 s achieving an average 1.15 s. At the 
same time, one can visualize in IPv6, PDV for AF12 varies from 1 ns to 2.6 s 
with an average 1.27 ms. From the IPv6 protocol performance perspective, PDV 
in DiffServ IPv6 network is relatively 10% higher than that of IPv4.  From Diff-
Serv perspective, in both scenarios 3 and 4, the offered traffic load by VC_Src1 
is 50% higher than the assigned weight 10% (0.4 Mbps) for AF12 with medium 
priority which leads to the higher delay compare to the base-line scenarios 1 and 
2. 
 In the case of scenarios 5 and 6 shown in Fig. 4.11 (c) (bottom middle side), 
Table 4.8 indicates that the PDV for AF12 traffic flows in DiffServ/MPLS IPv4 
network differs from approximately 0.0 µs to 85 µs, achieving an average about 
50 µs while PDV in IPv6 is varied from 0.0 µs to roughly 103 µs with an average 
57 µs. By examining the obtained results of PDV with regard to the IPv6 proto-
col performance, AF12 in the IPv6 network perceives 11% higher PDV than that 
of IPv4 when TE is considered in the IP/DiffServ. In addition, from the Fig. 4.11 
and Table 4.8, it can be concluded that on an average, in the case of IP/DiffServ 
network, PDV for AF12 IPv6 contributes to 10% higher PDV than counterpart 
IPv4, while PDV for AF12 in the DiffServ/MPLS TE IPv6 network remains 11% 
higher than IPv4. 

Table 4.8  Summary statistics of PDV experienced by AF12 flows. 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 1,00E-10 3,52E-02 1,96E-01 4,61E-02 
Scenario 2 3,00E-10 6,46E-02 2,73E-01 7,64E-02 
Scenario 3 1,50E-09 1,15E+00 2,44E+00 9,52E-01 
Scenario 4 1,00E-10 1,28E+00 2,65E+00 1,04E+00 
Scenario 5 0,00E+00 5,08E-05 8,54E-05 3,53E-05 
Scenario 6 0,00E+00 5,71E-05 1,04E-04 4,08E-05 
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4.3.3 PDV performance for  AF13 traffic flows 
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Fig. 4.12  PDV experienced by AF13 flows for scenarios (a) 1-2 (b) 3-4 and (c) 5-
6. 

Fig. 4.12 illustrates the comparable performance of the packet delay variation 
(PDV) under the different network scenarios measured for the video conferencing 
traffic flows generated at VC_Src3 and destined to VC_Dst3 through the IPv4 
and IPv6 networks. The comparison against different network scenarios in terms 
of PDV is referred to Table 4.9, and observed in Fig. 4.12. 
 In scenarios 3 and 4, one can see from Table 4.9 that PDV for AF13 traffic 
flows in IPv4 network exhibited in Fig. 4.12(b) (top right side) is differed from  
0.0 ns to 10.2 s  with the average value 4.7 s. At the same time, PDV expe-
rienced in IPv6 network by AF13 traffic flows (Fig. 4.12(b)) varies from 1 ns 
(e.g. 40% network load) to 10.8 s (200% network load) with an average 5.1 s. 
PDV introduced in DiffServ IPv4/IPv6 networks is significantly higher than sce-
narios 1 and 2. There may be couple of reasons; firstly, the offered traffic load is 
50% higher than the assigned weight 5% (0.2 Mbps) for the AF13 traffic flows, 
which has highest drop probability when forwarding from the queue in which it’s 
buffered. It is noted that PDV increases due to the congestion which leads to the 
packet to be waiting for long time in the queue.  From the IPv6 protocol perfor-
mance perspective, PDV in the IPv6 is relatively 7% higher than that of coun-
terpart, IPv4. But packets are randomly dropped in the best-effort network as 
soon buffer is full. 
 In scenarios 5 and 6, Table 4.9 indicates that PDV for AF13 in IPv4 net-
work shown in Fig. 4.12(c) (bottom middle side) differs from approximately 0.0 
µs to 18 µs, achieving an average PDV of about 10 µs. On the other hand, PDV 
for AF13 in IPv6 depicted in Fig. 4.12(c) is varied from 0.0 µs to roughly 33 µs 
with an average 11 µs. By examining the obtain results of PDV with regard to 
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the IPv6 protocol performance, IPv6 perceives 11% higher PDV than IPv4. In 
addition, from the Fig. 4.12 and Table 4.9, it can be concluded that in the case 
of IP/DiffServ network, AF13 in the IPv6 network contributes to 7% higher 
PDV than that of IPv4 whereas PDV in the DiffServ/MPLS TE IPv6 network is 
11% higher than that of IPv4. 

Table 4.9  Summary statistics of PDV experienced by AF13 flows. 

4.3.4 PDV performance for AF41 traffic flows  

Fig. 4.13 demonstrates the comparable performance of the PDV under the differ-
ent network scenarios measured for the video conferencing traffic flows generated 
at VC_Src4 and destined to VC_Dst4 through the IPv4 and IPv6 networks. The 
comparison against different network scenarios in terms of PDV is referred to 
Table 4.10, and observed in Fig. 4.13.  
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Fig. 4.13  PDV experienced by AF41 flows for scenarios (a) 1-2 (b) 3-4 and (c) 5-
6. 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 1,00E-10 3,52E-02 1,96E-01 4,61E-02 
Scenario 2 3,00E-10 6,46E-02 2,73E-01 7,64E-02 
Scenario 3 0,00E+00 4,76E+00 1,02E+01 4,04E+00 
Scenario 4 1,00E-10 5,12E+00 1,08E+01 4,42E+00 
Scenario 5 0,00E+00 1,02E-05 1,81E-05 6,60E-06 
Scenario 6 0,00E+00 1,16E-05 3,38E-05 7,68E-06 
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 In scenarios 3 and 4, Table 4.10 points out that PDV for AF41 traffic flows 
in the IPv4 network (Fig. 4.13(b)) (top right side) differs from 0.1 ns to 13 ms 
achieving an average 4 ms. PDV for AF41 experienced in IPv6 network (Fig. 
4.13(b)) varies from 0.2 ns to 24 ms with an average 7 ms. From the IPv6 proto-
col performance perspective, PDV for AF41 in the IPv6 network is relatively 
38% higher than counterpart, IPv4. Comparing to the baseline scenarios 1 and 2, 
one can easily see that PDV in IPv4/IPv6 networks has been significantly re-
duced. This is achieved for AF41 in IP/DiffServ network by setting up the high-
est priority with the weight 40% (1.6 Mbps) of the network capacity. Even 
though there is considerable difference in the PDV with respect to the Internet 
Protocol performance perspective. 
 In the scenarios 5 and 6, Table 4.10 indicates that the PDV for AF41 in the 
IPv4 network shown in Fig. 4.13(c) (bottom middle side) differs from approx-
imately 0.0 s to 8 µs, achieving an average PDV of about 4 µs. In contrast, PDV 
for AF41 in the IPv6 network depicted in Fig. 4.13(c) (bottom middle side) is 
varied from 0.0 s to roughly 10 µs with an average 6 µs. By observing the simula-
tion results of the PDV with regard to the IPv6 protocol performance, AF41 in 
IPv6 network perceives 25% higher PDV than IPv4 . In addition, from the Fig. 
4.13 and Table 4.10, it can be summarized that for AF41 traffic flows, PDV in-
troduced in DiffServ IPv6 network is 38% higher than that of IPv4 while PDV in 
IPv6 network is also 25% higher than IPv4 when MPLS TE is introduced in the 
IP/DiffServ network. 

Table 4.10  Summary statistics of PDV experienced by AF41 flows. 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 1,00E-10 3,52E-02 1,96E-01 4,61E-02 
Scenario 2 3,00E-10 6,46E-02 2,73E-01 7,64E-02 
Scenario 3 1,00E-10 4,30E-03 1,30E-02 5,20E-03 
Scenario 4 2,00E-10 7,00E-03 2,40E-02 9,40E-03 
Scenario 5 0,00E+00 4,71E-06 8,09E-06 2,86E-06 
Scenario 6 0,00E+00 6,35E-06 1,00E-05 4,07E-06 
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4.3.5 PDV performance for AF42 traffic flows 
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Fig. 4.14  PDV experienced by AF42 flows for scenarios (a) 1-2 (b) 3-4 and (c) 5-
6. 

Fig. 4.14 shows the comparable performance of the PDV under the different net-
work scenarios measured for the video conferencing traffic flows generated at 
VC_Src5 and destined to VC_Dst5 through the IPv4 and IPv6 networks. The 
comparison against different network scenarios in terms of PDV is referred to 
Table 4.11, and observed in Fig. 4.14. 
 
 According to the simulation results shown in Table 4.11, by enabling the 
DiffServ in the baseline network scenarios, the obtained PDV for AF42 traffic 
flows in IPv4 network exhibited in Fig. 4.14(b) (top right side) is differed from 
0.1 ns to 1.3 s reaching an average value 614 ms. At the same time, in IPv6 net-
work, the maximum PDV is about 1.4 s, which is nearly 10% higher than that of 
IPv4. One can see that PDV for AF42 in the IPv4/IPv6 is higher than scenarios 
1 and 2. This is because, the traffic prioritization set to medium and the respec-
tive assigned weight (15% of the link capacity) to the AF42, which can be de-
fined as a trade-off.  It is noteworthy to point out that a trade-off between mean 
PDV observed in Table 4.11 and less packet loss can be for the preferred and 
non-preferred flows. Concerning the IPv4/IPv6 protocol performance perspective, 
one can observe that PDV for AF42 in the IPv6 is relatively 11% higher than 
IPv4. 
 In the scenarios 5 and 6, Table 4.11 indicates the maximum PDV for AF42 
in IPv4 network (Fig. 4.14(c)) (bottom middle side) is approximately 3.7 µs, 
averaged 1.7 µs. On the other hand, the maximum perceived PDV for AF42 in 
IPv6 network (Fig. 4.14(c)) is roughly 3.9 µs with an average 1.8 µs which is 
about 1.5% than that of IPv4. For the AF42, in comparison with scenarios 3 and 
4, PDV is considerably lower in the IPv4/IPv6 networks. In addition, from the 
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Fig. 4.14 and Table 4.11, in the case of IP/DiffServ network, AF42 in IPv6 net-
work contributes to 11% higher PDV than counterpart IPv4, and in conjunction 
with the DiffServ/MPLS TE, IPv6 is 1.5% higher than IPv4 as well. 

Table 4.11  Summary statistics of PDV experienced by AF42 flows. 

4.3.6 PDV performance for  AF43 traffic flows 

Fig. 4.15 illustrates the comparable performance of the PDV under the different 
network scenarios measured for the video conferencing traffic flows which are 
generated at VC_Src6 and destined to VC_Dst6 through the IPv4 and IPv6 
networks. The comparison against different network scenarios in terms of PDV is 
referred to Table 4.12, and observed in Fig. 4.15. 
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Fig. 4.15  PDV experienced by AF43 flows for scenarios (a) 1-2 (b) 3-4 and (c) 5-
6. 

 In scenarios 3 and 4, PDV for AF43 in IPv4 network exhibited in Fig. 
4.15(b) (top right side) is differed from 0.1 ns to 5.5 s achieving an average 2.63 
s. At the same time, PDV experienced in DiffServ IPv6 network depicted in Fig. 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 1,00E-10 3,52E-02 1,96E-01 4,61E-02 
Scenario 2 3,00E-10 6,46E-02 2,73E-01 7,64E-02 
Scenario 3 1,00E-10 6,14E-01 1,32E+00 5,08E-01 
Scenario 4 1,00E-10 6,93E-01 1,46E+00 5,56E-01 
Scenario 5 0,00E+00 1,79E-06 3,62E-06 1,21E-06 
Scenario 6 0,00E+00 1,81E-06 3,91E-06 1,29E-06 
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4.15(b) varies from 0.1 ns to 6.4 s with an average 3 s. From the IPv6 protocol 
performance perspective, PDV for AF43 in IPv6 is comparatively 11% higher 
than counterpart, IPv4. AF43 PDV in IPv4/IPv6 is quite higher than the PDV 
introduced in scenarios 1 and 2. This is due to the fact that AF43 is set to the 
lowest priority with 5% weight (0.2 Mbps) and the required bandwidth for this 
traffic is about 0.8 Mbps. In that context, for timely delivery of AF43 traffic 
depends on the ratio between the arrival and departure rate for the minimization 
of the queuing time introduced by the AF43 queue, as stated in [65]. In addition, 
the buffering time may also affect the on-time delivery of data packets, especially 
in real-time applications. 
 In scenarios 5 and 6, Table 4.12 indicates that the PDV for AF43 in IPv4 
network shown in Fig. 4.15(c) differs from approximately 0.0 s to 41 µs, achiev-
ing an average PDV of about 21 µs. In contrast, PDV in IPv6 network depicted 
in Fig. 4.15(c) (bottom middle side) is varied from 0.0 s to roughly 46 µs with an 
average 24 µs. From the discussed analysis about PDV with regard to the IPv6 
protocol performance, AF43 in DiffServ/MPLS IPv6 network perceives 11% 
higher PDV than that of IPv4. From the obtained results shown in Table 4.12, it 
can be concluded that on an average, PDV for AF43 in IPv6/DiffServ network is 
11% higher than counterpart IPv4, and for the DiffServ/MPLS TE, PDV for 
AF43 in the IPv6 network is 11% higher than that IPv4. 

Table 4.12  Summary statistics of PDV experienced by AF43 flows. 

4.3.7 Jitter Performance for EF Traffic Flows 

This section evaluates the jitter performance for the voice traffic. The variation 
in packet delay is called "jitter". Jitter has another meaning that has to do with 
the variation of a metric (e.g., delay) with respect to some reference metric (e.g., 
average delay or minimum delay) as defined in a draft of the IETF IPPM work-
ing group [64].   
 
 Fig. 4.16 illustrates the comparable performance of jitter under the different 
network scenarios measured for the voice traffic flows generated at Voice_Src1 
and destined to Voice_Dst1 through the IPv4 and IPv6 networks. The compari-

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 1,00E-10 3,52E-02 1,96E-01 4,61E-02 
Scenario 2 3,00E-10 6,46E-02 2,73E-01 7,64E-02 
Scenario 3 0,00E+00 2,64E+00 5,58E+00 2,19E+00 
Scenario 4 1,00E-10 2,99E+00 6,43E+00 2,49E+00 
Scenario 5 0,00E+00 2,16E-05 4,16E-05 1,18E-05 
Scenario 6 0,00E+00 2,45E-05 4,64E-05 1,42E-05 
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son against different network scenarios in terms of jitter is referred to Table 4.13, 
and observed in Fig. 4.16. 
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Fig. 4.16  Jitter experienced by EF flows for scenarios (a) 1-2 (b) 3-4 and (c) 5-6. 

In the case of base-line network scenarios, Table 4.13 indicates that jitter in the 
IPv4 network shown in Fig. 4.16(a) (top left side) varies from 76 µs (40% net-
work load) to 758 ms (200% load) with an average value 242 ms, whereas the 
jitter in the IPv6 network shown in Fig. 4.16(a), varies from 82 µs to 669 ms 
followed by an average value 299 ms.  In comparison, on an average, jitter in the 
IPv4 network is approximately 18% lower than that of IPv6. 
 In scenarios 3 and 4, Table 4.11 follows that jitter for the EF traffic flows 
(i.e. voice) in the IPv4 network exhibited in Fig.4.16 (b), (top right side), is dif-
fered from 82 µs to 28 ms achieving an average, while jitter experienced in the 
IPv6 network shown in Fig. 4.16(b), (top right ), varies from approximately 81 µs 
to 30 ms with an average 14 ms. Here point to be noted that the EF traffic is 
not experiencing high jitter in both IPv4/IPv6 networks compared with the base-
line scenarios due to the fact that for the voice traffic (EF), LLQ (Low Latency 
Queue) is enabled by setting up the weight 5% of network capacity. From the 
IPv6 protocol performance perspective, jitter in IPv6 is relatively 3.4% higher 
than counterpart, IPv4.  
 In scenarios 5 and 6, Table 4.13 indicates jitter for EF in the IPv4 (Fig. 
4.16(c)) differs from around 9 µs to 36 µs, achieving an average value of about 25 
µs, while jitter in the IPv6 network depicted in Fig. 4.16(c) (bottom middle 
side), is varied from 6.5 µs to roughly 37 µs with an average 19 µs. By examining 
the obtained results of jitter with regard to the IPv6 protocol performance, EF 
traffic in the IPv6 network perceives 2.4% higher jitter as compared with IPv4 
network. In summary, based on the extensive simulation results in this section, it 
can be concluded that on an average, for the Best Effort network scenario, IPv6 
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jitter is 18% higher than that of IPv4, in the case of IP/DiffServ network, EF in 
the IPv6 network contributes to 3.4% higher jitter than counterpart IPv4, and 
for the DiffServ/MPLS TE, IPv4 is also 2.4% higher than that of IPv6. 

Table 4.13  Summary statistics of jitter experienced by EF flows. 

 
 
 
 
 
 
 
 

4.3.8 Summary of PDV and Jitter Performance 

The preceding discussion has shown PDV and jitter performance for indi-
vidual class-of-services. This section summarizes the discussion followed by 
sections 4.3.1-4.3.7. In Fig. 4.17, the results of the comparison of PDV and 
jitter under 4 different scenarios are shown where Y axis represents PDV and 
jitter in seconds while X axis presents the various class-of-services (CoS). In the 
sense described above, the figure is to be interpreted in the following man-
ner.  
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Fig. 4.17  Average PDV against four different scenarios. 

 From the simulation results shown in Fig. 4.17, it is clearly visible that the 
average PDV for AF11 flows in DiffServ/IPv6 network is found to be 12% higher 
than that of IPv4 while in DiffServ/MPLS, IPv6 remains 7% higher than IPv4. 
The average PDV for AF12 flows in DiffServ IPv6 network is appeared to be 
10% higher PDV than that of IPv4, then again, for the DiffServ/MPLS TE, IPv6 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 7,64E-05 2,42E-01 7,59E-01 3,21E-01 
Scenario 2 7,40E-05 2,99E-01 6,99E-01 3,09E-01 
Scenario 3 8,28E-05 1,12E-02 2,87E-02 1,25E-02 
Scenario 4 8,14E-05 1,42E-02 2,98E-02 1,32E-02 
Scenario 5 8,95E-06 2,51E-05 3,65E-05 1,05E-05 
Scenario 6 6,59E-06 1,94E-05 3,74E-05 1,21E-05 
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is also 11% higher than IPv4. The average PDV experienced by AF13 traffic 
flows in DiffServ IPv6 network is 7% higher PDV than that of IPv4, whereas 
PDV in DiffServ/MPLS IPv6 network is considerably 11% higher than that of 
IPv4 as well. Now we turn to the average PDV for AF41 in the DiffServ IPv6 
network is found to be 38% higher than that of IPv4, at the same time PDV in 
the DiffServ/MPLS IPv6 network is almost 25% higher than that of IPv4.  
Again the AF42 traffic flows in DiffServ IPv6 network, which suffers 11% higher 
PDV than that of IPv4 while AF42 in DiffServ/MPLS IPv6 network suffers 1.5% 
higher than that of IPv4. The average PDV for AF43 traffic flows in DiffServ 
IPv6 network is found to be roughly 11% higher than that of IPv4 whereas AF43 
in DiffServ/MPLS IPv6 network is found to be 11% higher PDV than that of 
IPv4. Finally, EF in the DiffServ IPv6 network contributes to 8% higher jitter 
than that of IPv4, in contrast, EF flows in the DiffServ/MPLS IPv4 network 
contributes about 11% higher jitter than that of IPv6. 
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4.4 End-to-End (E2E) Delay Performance 
The end-to-end (E2E) [66] delay refers to the time taken for a packet to be tra-
versed from the source node to the destination node in a network. The E2E delay 
is measured in second. In this sub-section, the packet E2E delay results for dif-
ferent scenarios are presented in different statistical plots. In the discussion that 
follows, the node (local) statistics for each designated workstations have been 
collected in our study in order to analyze the E2E delay performance. In OPNET 
terminology, the local statistics generally (at the node level) act as a source of 
statistic wires. Such statistics are scoped to the queue or process module in 
which a process operates. In other words, each separate instance of the process 
model can individually maintain a local statistic with the same name. These 
statistics vary independently over time, can be separately probed, and can be 
used to feed statistic wires [56]. 
 In the following subsections, scenarios 1, 2, 3, 4, 5 and 6 correspond to the 
Best Effort in IPv4, Best Effort in IPv6, DiffServ without MPLS in IPv4, Diff-
Serv without MPLS in IPv6, DiffServ with MPLS in IPv4, and DiffServ with 
MPLS in IPv6, respectively. In all of the network scenarios, interactive video 
conferencing application and voice application between the designated sources 
and destinations happens to be started at 120s as the start time of video confe-
rencing profile and application has been set to 110 seconds and 10 seconds, cor-
respondingly. In all of the figures presented in this section X axis represents si-
mulation time in seconds while Y axis stands for E2E delay in seconds. Video 
and voice application configuration is discussed in detail in chapter 3. 
 It is important to note that E2E description conducted in this section is 
focused on minimum E2E delay value during phase-1 and maximum E2E delay 
value during phase-3 and then, in addition to the average value of three phases 
together. Furthermore, the detailed statistics of E2E delay that regards to aver-
age and standard deviation of each individual phase (i.e., phase-1, phase-2 and 
phase-3) for individual scenario, can be found in Appendix B. 
 E2E delay experienced in scenarios 1 and 2 is same along the following dis-
cussion regarding E2E performance, hence E2E delay for these two scenarios 
have been described once in section 4.4.1. 

4.4.1 E2E delay performance for AF11 traffic flows 

Fig. 4.18 illustrates the comparable performance of the E2E delay under the dif-
ferent network scenarios. E2E delay is measured for the video conferencing traffic 
flows generated at VC_Src1 and destined to VC_Dst1 through IPv4 and IPv6 
networks. The comparison against different network scenarios in terms of end-to-
end delay is referred to Table 4.14, and observed in Fig. 4.18. 
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Fig. 4.18  E2E delay experienced by AF11 flows for scenarios (a) 1-2 (b) 3-4 and 
(c) 5-6. 

In the case of the best-effort IPv4/IPv6 network (Fig. 4.18(a)) (top left side), 
Table 4.14 indicates that E2E delay in IPv4 network for the VC_Src1 varies 
from 0.062 s to 1.82 s. In such a network, the average delay is 1.16 s, which is 
approximately 3% higher than that of an IPv6 network. Since the size of IPv6 
packet payload is fixed for all communication sessions, this eventually, leads to 
reduce the benefits from the IPv6 feature that allows the fragmentation and de-
fragmentation processes to be performed by only source and destination hosts 
compared to that of an IPv4 network. In case of IPv4, the network allows these 
processes to be performed by the intermediate devices, which fall between the 
source and destination hosts [67]. 
 As far as the focus of this thesis is Quality of Service (QoS) performance 
evaluation, QoS can be better understood under the congested circumstances. In 
conventional IP networks, IGPs such as OSPF [58] forward IP packets on the 
shortest cost path toward the destination. If resource (i.e. bandwidth) availability 
is not considered when deciding route, subsequently the traffic happens to be 
aggregated on the shortest path LER1→LSR4→LER2.  
 In turn, this makes the links congested on the shortest path, while other 
links on alternative paths, LER1→LSR1→LSR3→LSR6→LSR8→LER2 and 
LER1→LSR2→LSR5→LSR7→LSR9→LER2 are under-utilized. Following this, 
the congestion starts at 720s of the simulation time as expected, consequently, 
the sudden increase in E2E delay is found in all the network scenarios.  
 In the view of QoS perspective investigation, DiffServ deployment within 
the core network results a slight decrease in E2E delay compare to the best-effort 
network for both IPv4 and IPv6. However, all the three video conferencing traffic 
flows (AF11) still experiences intolerable E2E delay due to the overload of the 
shortest path. As a matter of fact, in this particular DiffServ network model illu-
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strated earlier in the network modeling chapter, all three video conferencing traf-
fic flows simultaneously start at 720 s of the simulation, which are generated 
from video conferencing source, VC_Src1, and continue till at the end of the 
simulation. These three flows are aggregated in Assured Forwarding (AF) classes 
of service, i.e., AF11 with the highest priority. The scheduling mechanism for 
AF11 queue is configured based on CBWFQ and the weight for AF11 is set to 
20% of the link capacity (4Mbps). It is substantial to point out that 20% of the 
link capacity is not an adequate amount of what the offered traffic load (1.8 
Mbps) demanded. DiffServ itself with the conventional routing protocol is not 
capable to provide guaranteed QoS. In support of the DiffServ in the baseline 
network scenarios, E2E delay for AF11 traffic flows in the IPv4 network exhi-
bited in Fig.4.18(b) (top right side) is differed from 0.053 s to 1.61 s by means of 
an average value of 0.98 s. At the same time, E2E delay for AF11 in the IPv6 
(Fig. 4.18(b)) varies from 0.052 s to 1.70 s with an average of about 1.03 s. From 
the IPv6 protocol performance perspective, IPv6 contributes to 4.5% higher E2E 
delay than counterpart, IPv4. It is observed that DiffServ has a processing over-
head due to the packet classification process which results in a higher E2E delay 
in the network. 
 
 Accordingly, the resource optimization is required that leads DiffServ me-
chanisms to be complemented with MPLS TE. Considering the deployment of 
TE capabilities in scenarios 3 and 4, the problems of OSPF in the conventional 
IP/DiffServ network can be resolved. From the simulation results, it is apparent 
that the E2E delay for AF11 in both IPv4 and IPv6 network outperforms a 
standard IP/DiffServ network when an MPLS network with TE capabilities is 
introduced in the IP/DiffServ network. From Fig. 4.18 (c), one can observe that 
E2E delay for AF11 in IPv4 differs from 0.080 s to 0.082 s, achieving an average 
about 0.081 s while E2E delay for AF11 in IPv6 varies from 0.080 s to 0.083 s 
with an average 0.081 s. By examining the obtained results of E2E delay with 
regard to the IPv6 protocol performance, E2E delay for AF11 in DiffServ/MPLS 
IPv6 network is found to be 0.75% higher than that of IPv4. In addition, from 
the Fig. 4.18 and Table 4.14, it can be concluded that for the Best Effort net-
work scenario, on an average IPv4 E2E delay is 3.28% higher than IPv6. In the 
case of the IP/DiffServ network, E2E delay for AF11 in the IPv6 network is 4.5% 
higher than that of IPv4.  Finally for the DiffServ with MPLS TE, E2E delay for 
AF11 in the IPv6 network is 0.75% higher than that of IPv4. 
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Table 4.14  Summary statistics of E2E delay experienced by AF11 flows. 

4.4.2 E2E delay performance for AF12 traffic flows 
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Fig. 4.19  E2E delay experienced by AF12 flows for scenarios (a) 1-2 (b) 3-4 and 
(c) 5-6. 

Fig. 4.19 demonstrates the E2E delay results for the video conferencing traffic 
flows generated at VC_Src2 and destined to VC_Dst2 through the IPv4 and 
IPv6 networks under six different network scenarios.  
 In these two scenarios (3 and 4), DiffServ deployment within the core of the 
network results a slight increase in E2E delay for AF12 traffic flows (Fig. 
4.19(b)), compared with the scenarios 1 and 2 in IPv4/IPv6 networks. Table 4.15 
indicates that E2E delay for AF12 in IPv4 experiences 0.062 s and 2.76 s with 
the average value of 1.61 s. There may be couple of reasons; firstly, the offered 
traffic load is 50% higher than the assigned weight 10% (0.4 Mbps) for AF12 
which has medium priority to be served from the queue in which it’s buffered. 
Secondly, the processing overhead due to differentiation and classification at the 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 6,29E-02 1,16E+00 1,82E+00 8,25E-01 
Scenario 2 6,03E-02 1,12E+00 1,77E+00 7,98E-01 
Scenario 3 5,33E-02 9,89E-01 1,61E+00 7,02E-01 
Scenario 4 5,21E-02 1,03E+00 1,70E+00 7,36E-01 
Scenario 5 8,06E-02 8,13E-02 8,26E-02 5,87E-04 
Scenario 6 8,10E-02 8,19E-02 8,33E-02 6,89E-04 
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edge router is also taken in account while measuring the performance of the net-
work. In conclusion, Table 4.15 indicates that the average E2E delay for AF12 in 
the IPv6 network is 4.5% higher compare to IPv4. 
 In scenarios 5 and 6, Table 4.15 indicates that for the average value of E2E 
delay for AF12 in the IPv4 network (Fig. 4.19(c)) (bottom middle side) differs 
from 0.082 s to 0.090 s by means of average 0.087 s. In the meantime, the E2E 
delay for AF12 in the IPv6 network (Fig. 4.19(c)) varies from 0.082s to 0.092 s 
with an average 0.088 s. 
 Finally, from the Fig. 4.19 and Table 4.15, it can be concluded that for the 
Best Effort network scenario, on an average IPv4 E2E delay is 3.23% higher than 
IPv6. E2E delay for AF12 in the DiffServ IPv6 network is 4.5% higher than that 
of IPv4 while E2E delay in DiffServ/MPLS IPv6 is also 1.3% higher than IPv4. 

Table 4.15  Summary statistics of E2E delay experienced by AF12 flows. 

4.4.3 E2E delay performance for AF13 traffic flows 

Fig. 4.20 illustrates the comparable performance of E2E delay measured for the 
video conferencing traffic flows generated at VC_Src3 and destined to VC_Dst3 
through the IPv4 and IPv6 networks under six different network scenarios.  

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 6,29E-02 1,16E+00 1,82E+00 8,25E-01 
Scenario 2 6,03E-02 1,12E+00 1,77E+00 7,98E-01 
Scenario 3 5,33E-02 9,89E-01 1,61E+00 7,02E-01 
Scenario 4 5,21E-02 1,03E+00 1,70E+00 7,36E-01 
Scenario 5 8,06E-02 8,13E-02 8,26E-02 5,87E-04 
Scenario 6 8,10E-02 8,19E-02 8,33E-02 6,89E-04 
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Fig. 4.20  E2E  delay experienced by AF13 flows for scenarios (a) 1-2 (b) 3-4 and 
(c) 5-6. 

 In the case of DiffServ network, one can see that the E2E delay for AF13 
traffic flows in IPv4/IPv6 networks shown in Fig.4.20(b) (top right side), com-
pare to the scenario 1 and 2 in both IPv4 as well as in IPv6 network. Table 4.16 
indicates that E2E delay for AF13 traffic class in IPv4 for scenario-3 experiences 
0.064 s and 6 s with the average value 3.35 s. This is because the offered traffic 
load is 50% higher than the assigned weight 5% (0.2 Mbps) for AF13, which has 
highest drop probability when forwarding from the queue in which it is buffered. 
 In scenario 5, Table 4.16 indicates that E2E delay for AF13 in IPv4 network 
(Fig. 4.20(c)) (bottom middle side) differs from 0.036 s to 0.040 s by means of 
average 0.087 s. On the other hand, in the scenario 6, the E2E delay for AF13 in 
the IPv6 network (Fig. 4.20(c)) is varied from 0.034 s to 0.041 s with an average 
0.037 s.  
 In addition, referring to the Fig. 4.20 and Table 4.16, on an average IPv4 
E2E delay in scenario 1 is 4% higher than IPv6 in scenario 2. E2E delay for 
AF13 in the IPv6 network is 4.5% higher than counterpart IPv4 whereas E2E 
delay in DiffServ/MPLS TE IPv6 is 1.74% higher than IPv4. 
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Table 4.16  Summary statistics of E2E delay experienced by AF13 flows. 

4.4.4 E2E delay performance for AF41 traffic flows 

Fig. 4.21 shows the E2E delay results for the video conferencing traffic flows gen-
erated at VC_Src4 and destined to VC_Dst4 through the IPv4 and IPv6 net-
works.  
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Fig. 4.21  E2E delay experienced by AF41 flows for scenarios (a) 1-2 (b) 3-4 and 
(c) 5-6. 

 Fig.4.21 (b) represents the obtained results from the DiffServ deployment in 
the IPv4 and IPv6 networks. One can observe that the E2E delay in such scena-
rios is less than the scenarios 1 and 2. This is because AF41 traffic class has the 
assigned weight 40% (1.6 Mbps) with the lowest drop probability. The average 
E2E delay for AF41 in the IPv4 network is 22% higher than IPv6. 
 Looking at Fig. 4.21 (c) (bottom middle side ), in case of scenario 5, the 
minimum and maximum E2E delay for AF41 traffic class in IPv4 network are 
found to be 0.076 s to 0.079 s, respectively.  The average E2E delay of such traf-

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 3,67E-02 1,16E+00 1,83E+00 8,40E-01 
Scenario 2 3,66E-02 1,11E+00 1,75E+00 8,05E-01 
Scenario 3 6,41E-02 3,35E+00 6,10E+00 2,50E+00 
Scenario 4 6,54E-02 3,50E+00 6,30E+00 2,61E+00 
Scenario 5 3,68E-02 3,86E-02 4,08E-02 1,23E-03 
Scenario 6 3,40E-02 3,79E-02 4,10E-02 2,18E-03 
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fic class is about 0.077 s. Meanwhile, for scenario 6, the E2E delay for AF41 in 
the IPv6 network varies from 0.076 s to 0.080 s with an average value of about 
0.078 s.  

Table 4.17  Summary statistics of E2E delay experienced by AF41 flows. 

4.4.5 E2E Delay Performance for AF42 traffic flows 

For different network scenarios, Fig. 4.22 illustrates the comparable performance 
of E2E delay measured for the video conferencing traffic flows generated at 
VC_Src5 and destined to VC_Dst5 through the IPv4 and IPv6 networks. 
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Fig. 4.22  E2E delay experienced by AF42 flows for scenarios (a) 1-2 (b) 3-4 and 
(c) 5-6. 

 From Fig. 4.22(b), it is observed that the E2E delay for AF42 traffic flows 
in the IPv4/IPv6 network, it is almost somewhat similar to the scenarios 1 and 
2. From SLA (Service Level Agreement) viewpoint, E2E delay introduced in both 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 4,69E-02 1,15E+00 1,82E+00 8,30E-01 
Scenario 2 4,40E-02 1,11E+00 1,75E+00 8,01E-01 
Scenario 3 3,68E-02 1,83E-01 2,80E-01 1,09E-01 
Scenario 4 3,71E-02 2,35E-01 3,68E-01 1,48E-01 
Scenario 5 7,64E-02 7,79E-02 7,91E-02 9,83E-04 
Scenario 6 7,66E-02 7,86E-02 8,00E-02 1,23E-03 
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IPv4 and IPv6 is unacceptable, however. This is because the AF42 packets have 
to wait longer in the queue as the link gets congested. It is also notable that 
there is a trade-off between packet loss and E2E delay. For instance, under con-
gested circumstances either packets are dropped or buffered in the queue, which 
can be controlled using dropper and limiting the queue size. That means if the 
packet has to wait long time in the queue due to the long queue size as assigned 
in our case, the E2E delay substantially increases. In turn packet loss is reduced. 
The weight set for AF42 flows is 15% of the link capacity and 500 packets of 
queue limit. Hence packets are enqueued using CBWFQ, AF42 queue is serviced 
in accordance with the WFQ policy. From internet protocol standpoint, Table 
4.18 indicates that in the scenario 3, the E2E delay for AF42 varies from 0.051 s 
to 1.96 s with an average value 1.15 s while in the scenario 4, E2E delay is varied 
from 0.051 s to 2.06 s with an average 1.21 s. In such scenario, E2E delay for 
AF42 in the IPv4 networks outperforms IPv6 by 5%.  
 In scenario 5, Table 4.18 indicates that the E2E delay for AF42 in the IPv4 
network (Fig. 4.22(c)) (bottom middle side) differs from 0.076 s to 0.079 s with 
the average value of 0.077 s while for scenario 6, the E2E delay in IPv6 network 
exhibited in Fig. 4.22(c) varies from 0.076 s to 0.080 s achieving an average value 
0.078 s.  
 To sum up, examining the Table 4.18 it is evident that for all of six scena-
rios IPv6 retains slightly higher E2E delay than that of IPv4. For example, for 
the Best Effort network scenario, the E2E delay in IPv4 is 4% higher that of 
IPv6. Alternatively in the case of the DiffServ network IPv6 E2E delay is 4.5% 
higher than counterpart IPv4 whereas for the DiffServ with MPLS TE, IPv6 is 
1.3% higher than IPv4 as well. 

Table 4.18  Summary statistics of E2E delay experienced by AF42 flows. 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 5,21E-02 1,16E+00 1,83E+00 8,34E-01 
Scenario 2 5,06E-02 1,12E+00 1,76E+00 7,99E-01 
Scenario 3 5,10E-02 1,16E+00 1,97E+00 8,33E-01 
Scenario 4 5,11E-02 1,21E+00 2,06E+00 8,76E-01 
Scenario 5 3,92E-02 3,96E-02 4,03E-02 3,06E-04 
Scenario 6 3,91E-02 3,97E-02 4,06E-02 4,24E-04 
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4.4.6 E2E Delay Performance for AF43 traffic flows  
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Fig. 4.23  E2E delay experienced by AF43 flows for scenarios (a) 1-2 (b) 3-4 and 
(c) 5-6. 

  
Fig. 4.23 illustrates the comparable performance of E2E delay measured for the 
video conferencing traffic flows (AF43) generated at VC_Src6 and destined to 
VC_Dst6 through the IPv4 and IPv6 networks under six different network sce-
narios. 
 Within the DiffServ deployment in the core IPv4 and IPv6 networks (Scena-
rio 3, 4, respectively); it is observed that the E2E delay for AF43 traffic flows 
exhibited in Fig. 4.23(b) (top right side) is higher than the scenario 1 and 2.  
From internet protocol performance perspective, Table 4.18 indicates that in 
scenario 3, the E2E delay for AF43 traffic flows varies from 0.062 s to 4.30 s with 
an average value 2.4 s while in the scenario 4, from 0.062 s to 4.56 s with an av-
erage 2.58 s wherein IPv4 does 5% better than IPv6. 
 Table 4.19 indicates that for scenario 5, the E2E delay for AF43 in the IPv4 
network exhibited in Fig. 4.23(c) (bottom middle side) differs from to 0.079 s 
with the average value of 0.077 s. On top of, for scenario 6, the E2E delay in 
IPv6 network exhibited in Fig. 4.23(c) is varied from 0.073s to 0.078 s achieving 
an average value 0.076 s. From the Fig. 4.23 and Table 4.19, it can be concluded 
that for the Best Effort network scenarios, on an average IPv4 experiences 4% 
higher E2E delay than IPv6, on the contrary, in the case of the DiffServ enabled 
IP network, the IPv6 E2E delay is 5% higher than counterpart IPv4, finally for 
the DiffServ with MPLS TE, IPv6 is 0.65% higher than IPv4. 
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Table 4.19  Summary statistics of E2E delay experienced by AF43 flows. 

4.4.7 E2E delay performance for EF traffic flows 

The E2E delay results for the voice traffic flows (EF) under four different net-
work scenarios are demonstrated in Fig 4.24. 
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Fig. 4.24  E2E delay experienced by EF flows for Scenarios  (a) 1-2 (b) 3-4 and 
(c) 5-6. 

In the case of the best-effort IPv4 network (Scenario 1), the E2E delay (Fig. 
4.24(a)) (left side top) varies from 0.091 s to 1.87 s and its average 1.21 s. For 
the best-effort IPv6 network (Scenario 2), the E2E delay results depicted in Fig. 
4.24(a) (left side top) is appeared to be lower than that of scenario 1. From the 
Table 4.20, it can be seen that the minimum E2E delay value in scenario 2 is 
0.091 s while the maximum value is found to be 1.8 s. the average E2E delay in 
such a scenario is about 1.16 s, which is about 3.45% as less as that of IPv6. 
 DiffServ enabled IPv4 and IPv6 networks (Scenario 3, 4, respectively); it is 
observed that the E2E delay exhibited in Fig. 4.24(b) (right side top) is less than 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 5,77E-02 1,16E+00 1,83E+00 8,31E-01 
Scenario 2 5,21E-02 1,12E+00 1,76E+00 7,99E-01 
Scenario 3 6,28E-02 2,45E+00 4,31E+00 1,81E+00 
Scenario 4 6,30E-02 2,58E+00 4,57E+00 1,91E+00 
Scenario 5 7,32E-02 7,63E-02 7,83E-02 1,85E-03 
Scenario 6 7,34E-02 7,68E-02 7,89E-02 2,02E-03 
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the scenario 1 and 2. From internet protocol standpoint, Table 4.20 indicates 
that in scenario 3, the E2E delay varies from 0.086 s to 0.089 s with an average 
value 2.45 s while in the scenario 4, from 0.087 s to 0.089 s with an average 0.089 
s, in which IPv6 outperforms 5% better than IPv4. 
 Table 4.19 indicates that for scenario 5, the E2E delay in IPv4 network ex-
hibited in Fig. 4.24(c) (bottom middle side) differs from 0.11 s to 0.12 s with the 
average value of 0.12 s. On top of, for scenario 6, the E2E delay in IPv6 network 
exhibited in Fig. 4.24(c) is varied from 0.11 s to 0.12 s achieving an average value 
0.12 s. Table 4.20 suggests that for scenarios 1 and 2, IPv4 outperforms 3.45% 
than IPv6, while for scenarios 3 and 4 IPv6 experiences approximately 0.56% 
higher E2E delay than IPv4. For scenarios 5 and 6, IPv6 contributes approx-
imately 0.45% higher E2E delay than IPv4. 

Table 4.20  Summary statistics of E2E delay experienced by EF flows. 

4.4.8 Summary of E2E Delay Performance 

In Fig. 4.25, Y axis represents the end-to-end delay in seconds while X 
axis presents seven Class of Service (CoS). From the obtained results and 
observing in Fig. 4.25 the following inference can be drawn in terms of 
end-to-end delay performance against the six different network scenarios. 

Scenarios Min. [s] Avg. [s] Max. [s] Std Dev [s] 
Scenario 1 9,17E-02 1,21E+00 1,88E+00 8,36E-01 
Scenario 2 9,17E-02 1,17E+00 1,81E+00 8,04E-01 
Scenario 3 8,65E-02 8,89E-02 8,96E-02 1,13E-03 
Scenario 4 8,73E-02 8,94E-02 8,99E-02 9,79E-04 
Scenario 5 1,20E-01 1,26E-01 1,28E-01 3,47E-03 
Scenario 6 1,20E-01 1,26E-01 1,29E-01 3,73E-03 
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Fig. 4.25  Average E2E delay against four different  scenarios 

For the DiffServ IPv4/IPv6 network scenario, on an average, E2E delay in the 
IPv6 network for AF11 flows contributes to 4.5% higher E2E delay than that of 
IPv4, on the other hand, in support of the DiffServ/MPLS TE; IPv6 is 0.75% 
higher than IPv4. For the DiffServ enabled IPv4/IPv6 network, E2E delay in the 
IPv6 network for AF12 flows is 4.5% higher than IPv4, along with the Diff-
Serv/MPLS TE, IPv6 is 1.3% higher than IPv4. For the DiffServ enabled 
IPv4/IPv6 network, E2E delay in the IPv6 for AF13 flows is 4.5% higher than 
counterpart IPv4 as well as for the DiffServ/MPLS TE, E2E delay in IPv6 is 
1.74% higher than IPv4.For the DiffServ enabled IPv4/IPv6 network, E2E delay 
in the IPv6 for AF41 flows is 22% higher than counterpart IPv4, and for the 
DiffServ/MPLS TE, IPv6 is 1% higher than IPv4. For the DiffServ enable 
IPv4/IPv6 network, E2E delay in the IPv6 network for AF42 flows is 4.5% high-
er than counterpart IPv4 while for the DiffServ/MPLS TE; IPv6 is 1.3% higher 
than IPv4. For the DiffServ enabled IPv4/IPv6 network, E2E delay in the IPv6 
network for AF43 flows is 5% higher than counterpart IPv4 and for the DiffServ 
/MPLS TE, IPv6 is 0.65% higher than IPv4. For the DiffServ enabled IPv4/IPv6 
network, E2E delay in the IPv6 network for AF43 flows is 0.56% higher than 
counterpart IPv4 and for the DiffServ/MPLS TE, IPv6 is 0.45% higher than 
IPv4. In conclusion, E2E delay in the IPv4 for all of the traffic classes against all 
of the scenarios outperforms IPv6 in terms of E2E delay. 
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4.5 Packet Loss Performance 
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Fig. 4.26  Average packet loss rate against the four different scenarios. 

The objective of this section is to evaluate the performance in terms of packet 
loss for the individual traffic classes (i.e. AF11, AF12, AF13, AF41, AF42, AF43 
and EF) against four previously exposed scenarios. It is noted that Appendix B 
lists the figures and summary statistics for packet loss of the individual traffic 
flows. From the obtained results and observing in Fig. 4.26, the following infe-
rence can be drawn in terms of packet loss rate performance against four differ-
ent network scenarios.  
 
 For the DiffServ IPv4/IPv6 network scenario, on an average, packet loss in 
the IPv6 network for AF11 flows is 1% higher than counterpart IPv4, on the 
other hand in support of the DiffServ/MPLS TE, no packet loss is found. For the 
DiffServ enabled IPv4/IPv6 network, packet loss in the IPv6 network for AF12 
flows is 1% higher than IPv4, along with the DiffServ/MPLS TE, almost no 
packet loss is found. For the DiffServ enabled IPv4/IPv6 network, packet loss in 
the IPv6 for AF13 flows is 2.4% higher than counterpart IPv4 as well as for the 
DiffServ/MPLS TE, packet loss is 0% in the IPv6/IPv4 network. For the Diff-
Serv enabled IPv4/IPv6 network, packet loss  in the IPv6 for AF41 flows is 8% 
higher than counterpart IPv4, and for the DiffServ/MPLS TE, no loss is found. 
For the DiffServ enabled IPv4/IPv6 network, packet loss in IPv6 network for 
AF42 flows is 2.6% higher than counterpart IPv4, furthermore for the Diff-
Serv/MPLS TE, packet loss in the IPv6 network is more or less 0%. For the 
DiffServ enabled IPv4/IPv6 network, packet loss in the IPv6 network for AF43 
flows is 3% higher than counterpart IPv4 and for the DiffServ /MPLS TE, no 
packet is lost in either IPv4 or IPv6 network. For the DiffServ enabled 
IPv4/IPv6 network, packet loss in the IPv4 network for EF flows is 3% higher 
than IPv6 as well as for the DiffServ /MPLS TE, IPv6 is 0.45% higher than 
IPv4. In wrapping up, all of the video traffic corresponded to six different service 
classes in IPv6 experience higher packet loss than IPv4 where almost no loss is 
found EF voice traffic in either IPv4 or IPv6.  
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4.6 Validation of the Simulation Results 
There is couple of techniques in relation to the validation, verification and test-
ing (VV&T). In order to verify accuracy of the network models and interpreted 
simulation results we have considered analytical approach, which is described in 
section 4.1. In the course of simulation results verification, throughput perfor-
mance obtained from the analytical analysis and the simulation is found to be 
almost similar. Therefore it can be ensured that network models and the simula-
tion results are correct. 
 A detailed discussion on the subject of taxonomy of VV&T is presented in 
[68]. With the aim of validating of our simulation results, the techniques which 
have been used in the analysis are statistical outcomes and graph-based results 
obtained from previous work. Furthermore, the course of action in validating the 
simulation results offered in [69] [70] have also been followed in this work. Over 
the course of simulation analysis, the six experimental network models are repli-
cated five times by changing the initial seeds and simulated keeping the confi-
dence interval at ± 95%. While simulating replicated models in OPNET, it is 
found that all of those models generate nearly same results. 
 The study [25] undertaken by the authors, C. Bouras, A. Gkamas, 
D. Primpas, and K. Stamos  followed an experimental measurement approach to 
evaluate Quality of Service aspects in an IPv6 domain. The results from this 
study have favored the transmission rate (throughput) where IPv6 maintains 
higher the transmission rate than that of IPv4. 
 The another study [17] carried by R. Yunos, N. Noor, and S. Ahmad, fo-
cused on the evaluation of  the performance of TCP and UDP transmission un-
der a pure IPv4, a pure IPv6 and IPv6 tunneled in IPv4 using MPLS Linux envi-
ronments. However authors show that the performance of UDP transmission in 
all three different environments is close to each other. 
 The study [71] carried by X. Zhou and P. Van Mieghem, on the Hop count 
and E2E delay: IPv6 versus IPv4, shows that compared to IPv4, IPv6 paths suf-
fer from a larger delay variation, which has a significant impact on the real-time 
applications since more buffering in the end host is required. This result has fa-
vored the achieved PDV performance in our work. 
 The findings from the study [24] carried by X. Zhou, M. Jacobsson, 
H. Uijterwaal, and P. Van Mieghem, on the IPv6 delay and loss performance 
evolution, has suggested that  E2E delay performance of native IPv6 paths  are 
slightly worse than their corresponding IPv4 counterparts. This result has fa-
vored the E2E delay performance in our work.  
 Based on the study [72] of Integrating Voice over IP Services in IPv4 and 
IPv6 Networks carried out by the authors, L. Lambrinos and P. Kirstein,  mean 
jitter is essentially similar for IPv4 and IPv6 ( i.e., it is identical or there is less 
than a millisecond difference). This result has favored the jitter performance in 
our experiment. 
 According to the study [73] carried by Y. Wang, S. Ye, and X. Li, on the 
understanding current IPv6 performance: a measurement study, IPv6 paths gen-
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erally tend to experience more packet loss than IPv4, which has favored our re-
sults of the packet loss performance.  
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Chapter 5                                        

CONCLUSIONS AND FUTURE WORK   

 
In this thesis paper, we have evaluated the QoS performance of real-time appli-
cations in terms of various performance metrics such as throughput, queuing 
delay, packet end-to-end delay, packet delay variation, and packet loss in 
IPv4/IPv6 networks. Six network scenarios have been simulated: Baseline IPv4 
network, Baseline IPv6 network, DiffServ IPv4 Network, DiffServ IPv6 network, 
DiffServ/MPLS IPv4 network and DiffServ/MPLS IPv6 network. The simulation 
has been carried out by using OPNET. Comparative investigation of QoS per-
formance was carried in four different network scenarios (e.g., DiffServ IPv4 
Network, DiffServ IPv6 network, DiffServ/MPLS IPv4 network and Diff-
Serv/MPLS IPv6 network) using different network loads as presented in chapter 
4.  
Based on this thesis, three research questions presented in chapter 1 were set out 
to examine the QoS performance of real-time applications. Q.1 was aimed to 
understand and investigate how much difference in the throughput and queuing 
delay performance is experienced over DiffServ with or without MPLS TE in 
IPv4/IPv6 networks. The simulation results related to this question was pre-
sented in section 4.1 and 4.2 where the average throughput in all the four sug-
gested IPv6 networks was found to be roughly 3% higher compared with IPv4 
networks. This is due to the fact that IPv6 has a bigger header size. Moreover, as 
we claim, that is not significantly enough to make a difference in the quality of 
video and voice traffic. On the other hand, the average queuing delay in the 
DiffServ IPv6 network was nearly 2.8% higher than in the DiffServ IPv4 network 
while the average queuing delay in the DiffServ/MPLS IPv6 network was ap-
proximately 3% higher than that of IPv4 network.   
  
 The questions Q.2 and Q.3 were aimed to understand and investigate what 
extent, the performances of packet delay variation, packet end-to-end delay as 
well as packet loss for AF and EF PHBs vary from DiffServ/MPLS IPv4 network 
to DiffServ/MPLS IPv6 network. The obtained results for these performance 
metrics (i.e., PDV, E2E and packet loss) were comprehensively analyzed in sec-
tions 4.3, 4.4, and 4.5, respectively.  
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 In our analysis, the average PDV for video traffic defined to the correspond-
ing AF classes (i.e., AF11, AF12, AF13, AF41, AF42, and AF43) in the DiffServ 
IPv6 network was found to experience 5%~10% higher compared with the Diff-
Serv IPv4 scenario while the average PDV in the DiffServ/MPLS IPv6 scenario 
was to be 7%~11% higher compared with the DiffServ/MPLS IPv4 network. The 
average jitter for voice traffic corresponded to EF class in all the IPv6 network 
scenarios was found to virtually be indistinguishable compared with the IPv4 
network scenarios. 
 The average E2E delay of video traffics for AF service classes in DiffServ 
IPv6 network was found to be 0.56%~22% higher than DiffServ IPv4 network 
while E2E delay in DiffServ/MPLS IPv6 network  was found  to be  0.65%~1.7% 
higher than that of IPv4 network.  
 The average packet losses of video traffics corresponded to AF11, AF12, 
AF13, AF41, AF42, and AF43 in IPv6 network were found to be 1%, 1%, 2.4%, 
8%, 2.6% and 3% higher, respectively, than that of IPv4 network, while almost 
no packet loss was found in DiffServ-MPLS IPv6/IPv4 networks. The packet loss 
of voice traffic defined as EF in the IPv6 network appeared to be 3% higher than 
in the IPv4 network.  
 In our future work, we would like to explore on more complicated and larger 
network model in order to see whether or not IPv6 is matured enough to deal 
with other QoS mechanisms.  We would also like to use RSVP with MPLS TE in 
our testing as a means to create reservations in the system which would enable 
us to observe how the IPv6 versus IPv4 behaves. 
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APPENDIX   A                                                                  

NETWORK MODEL AND IMPLEMENTATION  

In this chapter, the tasks that regard to the network model configuration parameters 
and their corresponding values are presented in tables and figures. 
  

A.1 VIDEO AND VOICE TRAFFIC GENERATION 

 

Fig. A.1  Voice and Video Profile Configuration Parameters. 
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Table A.1  Voice and video application configuration parameters. 

Video and Voice Profiles 
Frame Size

[Bytes] 
Bit Rate
[Kbps]

Total Offered load
[Kbps] 

Start-time
[s] 

Video Conference AF11_10Frame 4000 320 
1760 

120 
Video Conference AF11_15Frame 4000 480 420 
Video Conference AF11_30Frame 4000 960 720 
Video Conference AF12_10Frame 3000 240 

1320 
120 

Video Conference AF12_15Frame 3000 360 420 
Video Conference AF12_30Frame 3000 720 720 
Video Conference AF13_10Frame 2000 160 

880 
120 

Video Conference AF13_15Frame 2000 240 420 
Video Conference AF13_30Frame 2000 480 720 
Video Conference_AF41_10Frame 3500 280 

1540 
120 

Video Conference_AF41_15Frame 3500 420 420 
Video Conference_AF41_30Frame 3500 840 720 
Video Conference_AF42_10Frame 2500 200 

1100 
120 

Video Conference_AF42_15Frame 2500 300 420 
Video Conference_AF42_30Frame 2500 600 720 
Video Conference_AF43_10Frame 1500 120 

760 
120 

Video Conference_AF43_15Frame 1500 180 420 
Video Conference_AF43_30Frame 1500 360 720 

Voice PCM Quality_EF 80 64 
270 

120 
Voice PCM Quality_EF 80 64 420 
Voice PCM Quality_EF 80 64 720 

 

 

 

 



Appendix  A:   Network Model and Implementation 

  78

 Table A.2  Voice Application Parameters. 

Attribute Value 

Silence Length (seconds) 

Incoming Silence Length 
(Seconds) 

exponential(0.65)

Outgoing silence Length 
(Seconds) 

exponential 
(0.65) 

Symbolic Destination Name Voice Destination 
Encoder scheme G.711 

Voice Frames per packet 1 
Type of Service Best Effort (0) 

RSVP Parameters None 
Traffic Mix (%) All Discrete 

Signaling None 
Compression Delay (Seconds) 0.02 

Decompression Delay 
(Seconds) 

0.02 

A.2 DIFFSERV CONFIGURATION PARAMETERS 

This section presents the DiffServ configuration parameters and there corresponding 
tabulated values.  

 Table A.3 demonstrates the Extended Access Lists (ACL) that is used to filter 
both route updates and packets. 

Table A.3  IPv4 Extended ACL Configuration. 

ACL Name Action 
Source 

DSCP 
Workstations IP Address Wildcard Mask 

EF Permit Voice_Src 192.0.17.1 0.0.0.0 EF 
AF11 Permit Vc_Src1 192.0.17.2 0.0.0.0 AF11 
AF12 Permit Vc_Src2 192.0.17.3 0.0.0.0 AF12 
AF13 Permit Vc_Src3 192.0.17.4 0.0.0.0 AF13 
AF41 Permit Vc_Src4 192.0.17.5 0.0.0.0 AF41 
AF42 Permit Vc_Src5 192.0.17.6 0.0.0.0 AF42 
AF43 Permit Vc_Src6 192.0.17.7 0.0.0.0 AF43 



Appendix  A:   Network Model and Implementation 

  79

 Traffic classes presented in Table A.4 are used for classifying packets to handle 
QoS. The traffic classes i.e., Class Name defined in this table have been referenced in 
the traffic Policies definitions in Table A.8. 

Table A.4  Traffic Class 

Class Name 
 

Match Info 
Match property Match Condition Match value 

EF ACL Equals EF 
AF11 ACL Equals AF11 
AF12 ACL Equals AF12 
AF13 ACL Equals AF13 
AF41 ACL Equals AF41 
AF42 ACL Equals AF42 
AF43 ACL Equals AF43 

 
 Table A.5 presents configuration parameters of Class-Based Weighted Fair 
Queuing (CBWFQ) profiles providing support for traffic classes. For CBWFQ, traffic 
classes are defined based on match criteria. 

Table A.5  Typical DiffServ Queue Bandwidth Allocation (CBWFQ Profiles). 

Profile Name 
Bandwidth  

Type 
Bandwidth 

(%) 
Priority

Queue Limit 
(Packets) 

WFQ_EF_Profiles Relative 5 Enable 500 
WFQ_AF11_Profiles Relative 20 Disable 500 
WFQ_AF12_Profiles Relative 10 Disable 500 
WFQ_AF13_Profiles Relative 5 Disable 500 
WFQ_AF41_Profiles Relative 40 Disable 500 
WFQ_AF42_Profiles Relative 15 Disable 500 
WFQ_AF43_Profiles Relative 5 Disable 500 
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 Table A.6 presents Weighted Random Early Detection (WRED) profile configu-
ration parameters, which combines the capabilities of the RED algorithm to provide 
preferential traffic handling of higher priority packets. 

Table A.6  WRED Profiles. 

WRED Profiles Name 
Match Proper-

ty 
Exponential Weighting Con-

stant 
WRED EF Profiles DSCP 9 

WRED AF11 Profiles DSCP 9 
WRED AF12 Profiles DSCP 9 
WRED AF13 Profiles DSCP 9 
WRED AF41 Profiles DSCP 9 
WRED AF42 Profiles DSCP 9 
WRED AF43 Profiles DSCP 9 

 
 
 Table A.7 illustrates packet dropping parameters that regard with Weighted 
Random Early Detection (WRED) threshold. 

Table A.7  WRED Threshold. 

Profile Name 
DSCP 
Match 
Value 

Minimum 
Threshold 
(packets) 

Maximum 
Threshold 
(packets) 

Mark Probability
Denominator 

WRED EF Profiles 46 100 200 10 
WRED AF11 Profiles 10 100 200 10 
WRED AF12 Profiles 12 100 200 10 
WRED AF13 Profiles 14 100 200 10 
WRED AF41 Profiles 34 100 200 10 
WRED AF42 Profiles 36 100 200 10 
WRED AF43 Profiles 38 100 200 10 
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 Table A.8 presents QoS policy profiles which are linked with traffic classes. 

Table A.8  Class-Based WFQ (CBWFQ) Profiles. 

Policy Name Configuration 

Traffic_Policy 

Traffic  
Class Name 

Set Info 
Set Property Set Value 

EF 
WFQ Profile (Class Based) WFQ_ EF_ Profile 

RED/WRED Profile WRED_EF_Profile 

AF11 
WFQ Profile (Class Based) WFQ_ AF11_ Profile

RED/WRED Profile WRED_AF11_Profile

AF12 
WFQ Profile (Class Based) WFQ_ AF12_ Profile

RED/WRED Profile WRED_AF12_Profile

AF13 
WFQ Profile (Class Based) WFQ_ AF13_ Profile

RED/WRED Profile WRED_AF13_Profile

AF41 
WFQ Profile (Class Based) WFQ_ AF41_ Profile

RED/WRED Profile WRED_AF41_Profile

AF42 
WFQ Profile (Class Based) WFQ_ AF42_ Profile

RED/WRED Profile WRED_AF42_Profile

AF43 
WFQ Profile (Class Based) WFQ_ AF43_ Profile

RED/WRED Profile WRED_AF43_Profile

Table A.9  IPv6 ACL Configuration Parameter. 

List Name 
Access List (ACL) Configuration 

Action Protocol Source/Prefix/Length DSCP 
EF Permit Any 2005:0:0:11:0:0:0:1 EF 

AF11 Permit Any 2005:0:0:11:0:0:0:2 AF11 
AF12 Permit Any 2005:0:0:11:0:0:0:3 AF12 
AF13 Permit Any 2005:0:0:11:0:0:0:4 AF13 
AF41 Permit Any 2005:0:0:11:0:0:0:5 AF41 
AF42 Permit Any 2005:0:0:11:0:0:0:6 AF42 
AF43 Permit Any 2005:0:0:11:0:0:0:7 AF43 

A.3 MPLS CONFIGURATION PARAMETERS 

This section presents the MPLS configuration parameters and their corresponding 
values. 
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 Table A.10 presents a Forwarding Equivalence Classes (FEC) consisting of one or 
more traffic flows that can be treated as a traffic aggregate in the MPLS domain. 

Table A.10  FEC Details. 

FEC Name DSCP 
FEC for AF11 AF11 
FEC for AF12 AF12 
FEC for AF13 AF13 
FEC for AF41 AF41 
FEC for AF42 AF42 
FEC for AF43 AF43 
FEC for EF EF 

  
 Table A.11 presents traffic mapping configuration which is mapped on one or 
two or more LSPs. 

Table A.11  Traffic Mapping Configuration. 

 

 

 

 

 

Interface In FEC/Destination Prefix Traffic Trunk LSP 
8 FEC For AF11 Trunk for Video Traffic AF11 LSP1_0
8 FEC For AF43 Trunk for Video Traffic AF43 LSP1_0
8 FEC For AF13 Trunk for Video Traffic AF13 LSP1_1
8 FEC For AF42 Trunk for Video Traffic AF42 LSP1_1
8 FEC For AF12 Trunk for Video Traffic AF12 LSP1_2
8 FEC For AF41 Trunk for Video Traffic AF41 LSP1_2
8 FEC For Voice EF Trunk For Voice Traffic LSP1_2
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 Table A.12 demonstrates Standard EXP <--> PHB mappings that is applied to 
determine the PHB of the behavior aggregates that are mapped onto a single E-LSP. 

Table A.12  EXP PHB Mapping Details. 

Standard Mappings
EXP PHB 

0 AF11 
1 AF12 
2 AF13 
3 AF41 
4 AF42 
5 AF43 
6 EF 
7 EF 

Table A.13  IPv6 Implementation over MPLS network [9]. 

S.No. Mechanism Primary Use Benefits Limitations 
1 IPv6 over a cir-

cuit transport 
over MPLS 

Service provider 
with circuit to the 
CE (ATM, Ether-
net, and so on) 

Transparent to 
the service 
provider 

Scalability 

2 IPv6 over IPv4 
tunnels over 

MPLS 

Service provider 
willing to offer IPv6 
service on top of an 
existing IPv4 MPLS 

service 

Impact limited 
to PE 

Tunnel overhead 
Configuration 

3 IPv6 MPLS with 
IPv4-based core 

(6PE) 

Service provider 
willing to offer IPv6 
service on top of an 
existing IPv4 MPLS 

service 

Impact limited 
to PE 

Core unaware of IPv6; 
limitations in load 

balancing and trouble-
shooting (ICMP) 

4 IPv6 MPLS with 
IPv6-based core 

Service provider 
willing to offer 

MPLS services in 
an IPv6-only con-

text 

Full MPLS-
IPv6 functio-

nality 

Impact on entire 
MPLS infrastructure 
Complexity if coexis-
tence with an IPv4-

MPLS service 
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 Table A.14 presents Traffic Trunks i.e., profiles that are aggregates of traffic 
flows belonging to the same or different classes. These traffic trunks primarily charac-
terize the FEC that are mapped onto them. 

Table A.14  Traffic (Trunk Profile). 

Trunk Name Trunk Details Value 
Trunk for  

Video Traffic AF11 
Traffic ProfileMaximum Bit Rate(bits/s) 2,000,000 

Peak Burst Size (bits) 2,000,000 
Average Bit Rate (bits/s) 2,000,000 
Maximum Burst size(bits) 2,000,000 

Out of profile Out of profile Action Transmit 
Remark Precedence Transmit Unchanged 

Traffic Class AF11  
Trunk for  

Video Traffic AF12 
Traffic ProfileMaximum Bit Rate(bits/s) 2,000,000 

Peak Burst Size (bits) 2,000,000 
Average Bit Rate (bits/s) 2,000,000 
Maximum Burst size(bits) 2,000,000 

Out of profile Out of profile Action Transmit 
Remark Precedence Transmit Unchanged 

Traffic Class AF12  
Trunk for  

Video Traffic AF13 
Traffic ProfileMaximum Bit Rate(bits/s) 2,000,000 

Peak Burst Size (bits) 2,000,000 
Average Bit Rate (bits/s) 2,000,000 
Maximum Burst size(bits) 2,000,000 

Out of profile Out of profile Action Transmit 
Remark Precedence Transmit Unchanged 

Traffic Class AF13  
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Trunk for  
Video Traffic AF41 

Traffic ProfileMaximum Bit Rate(bits/s) 3,000,000 
Peak Burst Size (bits) 3,000,000 

Average Bit Rate (bits/s) 3,000,000 
Maximum Burst size(bits) 3,000,000 

Out of profile Out of profile Action Transmit 
Remark Precedence Transmit Unchanged 

Traffic Class AF41  
Trunk for  

Video Traffic AF42 
Traffic ProfileMaximum Bit Rate(bits/s) 3,000,000 

Peak Burst Size (bits) 3,000,000 
Average Bit Rate (bits/s) 3,000,000 
Maximum Burst size(bits) 3,000,000 

Out of profile Out of profile Action Transmit 
Remark Precedence Transmit Unchanged 

Traffic Class AF42  
Trunk for  

Video Traffic AF43 
Traffic ProfileMaximum Bit Rate(bits/s) 3,000,000 

Peak Burst Size (bits) 3,000,000 
Average Bit Rate (bits/s) 3,000,000 
Maximum Burst size(bits) 3,000,000 

Out of profile Out of profile Action Transmit 
Remark Precedence Transmit Unchanged 

Traffic Class AF43 
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A.4 LSP PATH DETAILS 

A Label Switched Path (LSP) is a path through the MPLS network. Details of the 
LSP information are exported from OPNET and enlisted in the following subsequent 
tables. 

Table A.15  LSP1_0 Attributes (Path Details). 

Node 
Name 

Interface 
In 

Label In 
Interface 

Out 
Label 
Out 

Label  
Operation

EXP-PHB Mapping

LER1 All Not Used 0 16 Push Standard Mappings
LER2 0 16 2 16 Swap Standard Mappings
LER5 0 16 2 16 Swap Standard Mappings
LER7 0 16 2 16 Swap Standard Mappings
LER9 3 16 1 Not used Pop Standard Mappings

Table A.16  LSP1_1 (Path details). 

Node 
Name 

Interface 
In 

Label In 
Interface 

Out 
Label 
Out 

Label Opera-
tion 

EXP-PHB 
Mapping 

LER1 All Not Used 2 16 Push 
Standard Map-

pings 

LER4 3 16 1 Not Used Pop 
Standard Map-

pings 

Table A.17  LSP2_0 Attributes (Path Details). 

Node 
Name 

Interface In Label In 
Interface 

Out 
Label 
Out 

Label Op-
eration 

EXP-PHB Mapping

LER2 All Not Used 2 17 Push Standard Mappings

LER9 2 17 3 17 Swap Standard Mappings

LER7 2 17 0 17 Swap Standard Mappings

LER5 2 17 0 17 Swap Standard Mappings

LER2 2 17 0 Not used Pop Standard Mappings
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Table A.18  LSP2_1 (Path details). 

Node 
Name 

Interface 
In 

Label In 
Interface

Out 
Label 
Out 

Label 
Operation

EXP-PHB 
Mapping 

LER2 All Not Used 2 16 Push Standard Mappings
LER4 1 17 3 Not Used Pop Standard Mappings

Table A.19  LSP2_2 Attributes (Path Details). 

Node 
Name 

Interface 
In 

Label In 
Interface 

Out 
Label 
Out 

Label 
Operation 

EXP-PHB Mapping

LER3 1 Not Used 3 17 Swap Standard Mappings 
LER6 3 17 0 17 Swap Standard Mappings 
LER8 0 17 2 17 Swap Standard Mappings 
LER2 All Not Used 0 17 Push Standard Mappings 
LER1 2 17 0 Not used Pop Standard Mappings 
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APPENDIX   B                                                    

SIMULATION RESULTS AND EVALUATION  

 
In this chapter, lists of figures and statistical tables obtained from the simulation 
experiments have been reported in terms of PDV, E2E delay and packet loss for each 
traffic class. Summary statistics of packet loss for all of the traffic classes under the 
six network scenarios was discussed in detail in Section 4.5.  

B.1 PDV FOR AF11 TRAFFIC FLOWS 

Table B.1  Summary statistics of PDV for AF11 against 40%, 90%, and 200% load.  

 

 
 
 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 4,02E-10 1,24E-09 1,48E-11 1,54E-10 4,91E-11 1,14E-10 

Std Dev.[s] 4,25E-02 4,09E-02 9,38E-12 8,28E-11 3,19E-11 3,85E-11 
Phase-2 (90% Network Load ) 

Avg.[s] 7,48E-05 7,41E-05 4,93E-05 6,03E-05 6,04E-06 4,44E-06 
Std Dev.[s] 3,75E-02 3,24E-02 1,99E-05 1,90E-05 2,62E-06 1,37E-06 

Phase-3 ( 200% Network Load) 
Avg.[s] 5,50E-02 1,00E-01 6,67E-01 7,64E-01 1,15E-05 1,30E-05 

Std Dev.[s] 2,50E-02 2,71E-02 1,78E-01 1,83E-01 1,39E-06 1,73E-06 
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B.2 PDV FOR AF12 TRAFFIC FLOWS 

Table B.2  Summary statistics of PDV for AF12 against 40%, 90%, and 200% load.  

 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 4,02E-10 1,24E-09 7,67E-09 1,64E-10 1,04E-10 1,25E-10 

Std Dev.[s] 4,25E-02 4,09E-02 1,41E-08 1,06E-10 7,53E-11 9,61E-11 
Phase-2 (90% Network Load ) 

Avg.[s] 7,48E-05 7,41E-05 6,28E-05 4,89E-05 1,50E-05 1,40E-05 
Std Dev.[s] 3,75E-02 3,24E-02 1,77E-05 9,91E-06 3,61E-06 3,89E-06 

Phase-3 ( 200% Network Load) 
Avg.[s] 5,50E-02 1,00E-01 1,79E+00 1,99E+00 7,50E-05 8,51E-05 

Std Dev.[s] 2,50E-02 2,71E-02 4,65E-01 4,48E-01 1,47E-05 1,71E-05 
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B.3 PDV FOR AF13 TRAFFIC FLOWS 

Table B.3  Summary statistics of PDV for AF13 against 40%, 90%, and 200% load.  

B.4 PDV FOR AF41 TRAFFIC FLOWS 

Table B.4  Summary statistics of PDV for AF41 against 40%, 90%, and 200% load. 

 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 4,03E-12 2,50E-11 1,56E-10 1,64E-10 2,43E-11 2,98E-11 

Std Dev.[s] 7,47E-12 4,62E-11 2,14E-10 1,06E-10 3,28E-11 4,55E-11 
Phase-2 (90% Network Load ) 

Avg.[s] 4,95E-05 4,62E-05 9,14E-05 1,41E-04 3,48E-06 5,06E-06 
Std Dev.[s] 2,49E-05 1,94E-05 1,79E-05 5,97E-05 2,2E-06 1,8E-06 

Phase-3 ( 200% Network Load) 
Avg.[s] 1,96E-01 2,06E-01 7,43E+00 8,00E+00 1,50E-05 1,66E-05 

Std Dev.[s] 2,42E-01 2,51E-01 2,09E+00 2,54E+00 1,34E-06 3,58E-06 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 4,03E-12 2,50E-11 1,56E-10 1,64E-10 2,43E-11 2,98E-11 

Std Dev.[s] 7,47E-12 4,62E-11 2,14E-10 1,06E-10 3,28E-11 4,55E-11 
Phase-2 (90% Network Load ) 

Avg.[s] 4,95E-05 4,62E-05 9,14E-05 1,41E-04 3,48E-06 5,06E-06 
Std Dev.[s] 2,49E-05 1,94E-05 1,79E-05 5,97E-05 2,2E-06 1,8E-06 

Phase-3 ( 200% Network Load) 
Avg.[s] 1,96E-01 2,06E-01 7,43E+00 8,00E+00 1,50E-05 1,66E-05 

Std Dev.[s] 2,42E-01 2,51E-01 2,09E+00 2,54E+00 1,34E-06 3,58E-06 
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B.5 PDV FOR AF42 TRAFFIC FLOWS 

Table B.5  Summary statistics of PDV for AF42 against 40%, 90%, and 200% load. 

B.6 PDV FOR AF43 TRAFFIC FLOWS 

Table B.6  Summary statistics of PDV for AF43 against 40%, 90%, and 200% load. 

 
 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 6,31E-02 6,05E-02 5,10E-02 5,11E-02 3,94E-02 3,91E-02 

Std Dev.[s] 8,75E-04 1,19E-03 7,05E-18 1,74E-06 2,11E-17 7,05E-18 
Phase-2 (90% Network Load ) 

Avg.[s] 9,41E-02 9,08E-02 8,13E-02 8,33E-02 3,94E-02 3,95E-02 
Std Dev.[s] 1,26E-01 9,70E-02 1,30E-01 1,37E-01 1,84E-04 2,25E-04 

Phase-3 ( 200% Network Load) 
Avg.[s] 1,78E+00 1,73E+00 1,78E+00 1,87E+00 3,97E-02 3,99E-02 

Std Dev.[s] 2,89E-02 5,58E-02 7,52E-02 8,25E-02 2,55E-04 2,80E-04 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 3,94E-10 1,11E-09 5,76E-11 1,25E-10 2,59E-11 2,59E-11 

Std Dev.[s] 6,27E-10 1,94E-09 3,71E-11 4,14E-11 3,53E-11 4,69E-11 
Phase-2 (90% Network Load ) 

Avg.[s] 6,23E-05 6,73E-05 7,25E-05 5,06E-05 2,59E-11 2,59E-11 
Std Dev.[s] 2,62E-05 1,95E-05 2,04E-05 1,01E-05 5,07E-06 3,78E-06 

Phase-3 ( 200% Network Load) 
Avg.[s] 5,70E-02 1,98E-01 4,12E+00 4,67E+00 2,59E-11 2,59E-11 

Std Dev.[s] 6,10E-02 1,45E-01 1,077984 1,270317 4,42E-06 4,84E-06 
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B.7 JITTER FOR EF TRAFFIC FLOWS 

Table B.7  Summary statistics of jitter for EF against 40%, 90%, and 200% load.  

 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] -2,07768E-08 -5E-08 2,17E-08 -1,9E-08 1,73E-07 6,05E-10 

Std Dev.[s] 8,78417E-08 2,12E-07 9,21E-08 7,89E-08 7,46E-07 2,93E-09 
Phase-2 (90% Network Load ) 

Avg.[s] 2,24E-05 2,02E-05 3E-08 -1,2E-08 5,84E-08 1,31E-07 
Std Dev.[s] 0,000128 0,000116 3,5E-07 4,72E-07 2,66E-06 2,41E-06 

Phase-3 ( 200% Network Load) 
Avg.[s] 2,05E-05 1,83E-05 4,37E-09 7,27E-09 3,3E-08 3,13E-08 

Std Dev.[s] 0,000159 0,000141 4,12E-07 3,88E-07 2,71E-06 1,62E-06 
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B.8 E2E DELAY FOR AF11 TRAFFIC FLOWS 

Table B.8  Summary statistics of E2E delay for AF11 against 40%, 90%, and 200% 
load. 

B.9 E2E DELAY FOR AF12 TRAFFIC FLOWS 

Table B.9  Summary statistics of E2E delay for AF12 against 40%, 90%, and 200% 
load. 

 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 6,31E-02 6,05E-02 5,34E-02 5,22E-02 8,08E-02 8,10E-02 

Std Dev.[s] 8,75E-04 1,19E-03 7,82E-04 9,12E-04 1,25E-04 5,83E-05 
Phase-2 (90% Network Load ) 

Avg.[s] 9,41E-02 9,08E-02 8,34E-02 8,55E-02 8,14E-02 8,21E-02 
Std Dev.[s] 1,26E-01 9,70E-02 1,16E-01 1,21E-01 5,95E-04 6,48E-04 

Phase-3 ( 200% Network Load) 
Avg.[s] 1,78E+00 1,73E+00 1,52E+00 1,59E+00 8,14E-02 8,21E-02 

Std Dev.[s] 2,89E-02 5,58E-02 4,63E-02 4,87E-02 4,47E-04 4,31E-04 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 6,31E-02 6,05E-02 6,23E-02 6,24E-02 8,29E-02 8,26E-02 

Std Dev.[s] 8,75E-04 1,19E-03 7,50E-04 1,10E-03 1,41E-17 2,82E-17 
Phase-2 (90% Network Load ) 

Avg.[s] 9,41E-02 9,08E-02 7,36E-02 7,77E-02 8,56E-02 8,61E-02 
Std Dev.[s] 1,26E-01 9,70E-02 7,21E-04 1,02E-03 1,05E-03 1,12E-03 

Phase-3 ( 200% Network Load) 
Avg.[s] 1,78E+00 1,73E+00 2,48E+00 2,60E+00 8,92E-02 9,09E-02 

Std Dev.[s] 2,89E-02 5,58E-02 1,60E-01 1,76E-01 6,78E-04 7,03E-04 
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B.10 E2E DELAY FOR AF13 TRAFFIC FLOWS 

Table B.10  Summary statistics of E2E delay for AF13 against 40%, 90%, and 200% 
load. 

B.11 E2E DELAY FOR AF41 TRAFFIC FLOWS 

Table B.11  Summary statistics of E2E delay for AF41 against 40%, 90%, and 200% 
load. 

 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 6,31E-02 6,05E-02 6,41E-02 6,54E-02 3,68E-02 3,40E-02 

Std Dev.[s] 8,75E-04 1,19E-03 2,42E-06 1,41E-17 0,00E+00 1,74E-06 
Phase-2 (90% Network Load ) 

Avg.[s] 9,41E-02 9,08E-02 8,31E-02 9,19E-02 3,76E-02 3,68E-02 
Std Dev.[s] 1,26E-01 9,70E-02 2,35E-03 4,32E-03 5,78E-04 7,69E-04 

Phase-3 ( 200% Network Load) 
Avg.[s] 1,78E+00 1,73E+00 5,19E+00 5,42E+00 3,94E-02 3,93E-02 

Std Dev.[s] 2,89E-02 5,58E-02 4,78E-01 5,10E-01 4,98E-04 6,32E-04 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 6,31E-02 6,05E-02 3,68E-02 3,71E-02 7,64E-02 7,66E-02 

Std Dev.[s] 8,75E-04 1,19E-03 2,42E-06 4,42E-06 2,82E-17 0,00E+00 
Phase-2 (90% Network Load ) 

Avg.[s] 9,41E-02 9,08E-02 4,23E-02 4,19E-02 7,69E-02 7,75E-02 
Std Dev.[s] 1,26E-01 9,70E-02 9,11E-04 6,21E-04 2,67E-04 4,14E-04 

Phase-3 ( 200% Network Load) 
Avg.[s] 1,78E+00 1,73E+00 2,64E-01 3,45E-01 7,85E-02 7,94E-02 

Std Dev.[s] 2,89E-02 5,58E-02 1,66E-02 1,77E-02 2,71E-04 3,04E-04 
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B.12 E2E DELAY FOR AF42 TRAFFIC FLOWS 

Table B.12  Summary statistics of E2E delay for AF42 against 40%, 90%, and 200% 
load. 

B.13 E2E DELAY FOR AF43 TRAFFIC FLOWS 

Table B.13  Summary statistics of E2E delay for AF43 against 40%, 90%, and 200% 
load. 

 
 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 6,31E-02 6,05E-02 5,10E-02 5,11E-02 3,94E-02 3,91E-02 

Std Dev.[s] 8,75E-04 1,19E-03 7,05E-18 1,74E-06 2,11E-17 7,05E-18 
Phase-2 (90% Network Load ) 

Avg.[s] 9,41E-02 9,08E-02 8,13E-02 8,33E-02 3,94E-02 3,95E-02 
Std Dev.[s] 1,26E-01 9,70E-02 1,30E-01 1,37E-01 1,84E-04 2,25E-04 

Phase-3 ( 200% Network Load) 
Avg.[s] 1,78E+00 1,73E+00 1,78E+00 1,87E+00 3,97E-02 3,99E-02 

Std Dev.[s] 2,89E-02 5,58E-02 7,52E-02 8,25E-02 2,55E-04 2,80E-04 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 6,31E-02 6,05E-02 6,28E-02 6,30E-02 1,21E+03 1,21E+03 

Std Dev.[s] 8,75E-04 1,19E-03 2,42E-06 1,74E-06 1,41E-17 5,64E-17 
Phase-2 (90% Network Load ) 

Avg.[s] 9,41E-02 9,08E-02 7,48E-02 7,80E-02 1,21E+03 1,21E+03 
Std Dev.[s] 1,26E-01 9,70E-02 1,50E-03 1,90E-03 7,84E-04 8,28E-04 

Phase-3 ( 200% Network Load) 
Avg.[s] 1,78E+00 1,73E+00 3,79E+00 3,99E+00 1,21E+03 1,21E+03 

Std Dev.[s] 2,89E-02 5,58E-02 3,00E-01 3,29E-01 3,64E-04 3,13E-04 
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B.14 E2E DELAY FOR EF TRAFFIC FLOWS  

Table B.14  Summary statistics of E2E delay for EF against 40%, 90%, and 200% 
load. 

 

Phase-1(40% Network Load) 
Scenario 1 2 3 4 5 6 
Avg.[s] 9,17E-02 9,17E-02 8,65E-02 8,73E-02 1,20E-01 1,20E-01 

Std Dev.[s] 3,64E-06 4,23E-17 2,82E-17 2,82E-17 3,84E-06 3,84E-06 
Phase-2 (90% Network Load ) 

Avg.[s] 1,08E-01 1,11E-01 8,88E-02 8,96E-02 1,23E-01 1,23E-01 
Std Dev.[s] 1,84E-03 2,10E-03 2,68E-04 2,69E-04 2,94E-04 3,82E-04 

Phase-3 ( 200% Network Load) 
Avg.[s] 1,83E+00 1,77E+00 8,95E-02 8,99E-02 1,28E-01 1,29E-01 

Std Dev.[s] 8,74E-02 8,24E-02 5,93E-05 1,88E-05 2,59E-04 2,69E-04 
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Fig. B.1  Traffic received at the VC_Src1. 

Table B.15  Summary statistics of video conferencing traffic sent by VC_Src1. 

Table B.16  Summary statistics of video conferencing traffic received at the VC_Src1. 

 

Sent traffic by VC_Src1 for scenarios
1,2,3,4,5, and 6 

Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s] 

Std Dev 
[Bytes/s]

0 155369 220222 82702 

Scenario Description Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s]

Std Dev 
[Bytes/s] 

Avg. Packet 
Loss (%) 

Baseline_IPv4 0 31480 100222 32349 80 
Baseline_IPv6 0 30271 100222 33034 81 

DiffServ Without MPLS_IPv4 0 78469 100000 28833 50 
DiffServ Without MPLS_IPv6 0 76709 100000 28034 51 

DiffServ With MPLS_IPv4 0 155367 220222 82710 0 
DiffServ With MPLS_IPv6 0 155367 220222 82710 0 
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Fig. B.2  Traffic received at the VC_Src2 

Table B.17  Summary statistics of video conferencing traffic sent by VC_Src2. 

Sent traffic by VC_Src2 in the scenarios 
1,2,3,4,5, and 6 

Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s] 

Std Dev
[Bytes/s]

0 116532 165167 62030 

Table B.18  Summary statistics of video conferencing traffic received at the VC_Src2. 

 
 

Scenario  Description 
Min. 

[Bytes/s]
Avg. 

[Bytes/s]
Max. 

[Bytes/s]
Std Dev 
[Bytes/s]

Avg. Packet 
Loss (%) 

Baseline_IPv4 0 42080 75000 18118 64 
Baseline_IPv6 0 42713 75000 17978 63 

DiffServ Without MPLS_IPv4 0 44863 75167 17777 62 
DiffServ Without MPLS_IPv6 0 43810 75000 17754 63 

DiffServ With MPLS_IPv4 0 116525 165167 62032 0 
DiffServ With MPLS_IPv6 0 116525 165167 62032 0 
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Fig. B.3  Traffic received at the VC_Src3. 

Table B.19  Summary statistics of video conferencing traffic sent by VC_Src3. 

Sent traffic by VC_Src3 in the scenarios 
1,2,3,4,5, and 6 

Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s] 

Std Dev 
[Bytes/s]

0 77687 110111 41351 

Table B.20  Summary statistics of video conferencing traffic received by VC_Src3. 

 
 

Scenario 
Description 

Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s]

Std Dev
[Bytes/s]

Avg. Packet Loss
(%) 

Baseline_IPv4 0 38556 54222 14458 50 
Baseline_IPv6 0 32721 50111 24286 57 

DiffServ Without MPLS_IPv4 0 25588 50000 12188 67 
DiffServ Without MPLS_IPv6 0 25039 50111 12303 68 

DiffServ With MPLS_IPv4 0 77689 110111 41355 0 
DiffServ With MPLS_IPv6 0 77689 110111 41355 0 
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Fig. B.4  Traffic received at the VC_Src4. 

Table B.21  Summary statistics of video conferencing traffic sent by VC_Src4 

Sent traffic by VC_Src4 in the scenarios
1,2,3,4,5, and 6 

Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s] 

Std Dev 
[Bytes/s]

0 135956 192694 72370 

Table B.22  Summary statistics of video conferencing traffic received at the VC_Src4. 

 

AF41_Received Traffic Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s]

Std Dev 
[Bytes/s] 

Avg. Packet 
Loss (%) 

Baseline_IPv4 0 68322 88472 25282 51 
Baseline_IPv6 0 65277 87500 24076 52 

DiffServ Without MPLS_IPv4 0 131034 188806 68534 4 
DiffServ Without MPLS_IPv6 0 119597 170139 59704 12 

DiffServ With MPLS_IPv4 0 135948 192694 72373 0 
DiffServ With MPLS_IPv6 0 135946 192694 72371 0 
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Fig. B.5  Traffic received at the VC_Src5. 

Table B.23  Summary statistics of video conferencing traffic sent by VC_Src5. 

Sent traffic by VC_Src5 in the 
scenarios 

1,2,3,4,5, and 6 

Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s]

Std Dev 
[Bytes/s] 

0 97110 137639 51692 

Table B.24  Summary statistics of video conferencing traffic received at the VC_Src5. 

 

Scenario Description Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s]

Std Dev 
[Bytes/s] 

Avg. Packet 
Loss (%) 

Baseline_IPv4 0 41593 62500 15626 57 
Baseline_IPv6 0 32874 62500 15182 66 

DiffServ Without MPLS_IPv4 0 56547 70694 22096 42 
DiffServ Without MPLS_IPv6 0 55104 68333 21235 43 

DiffServ With MPLS_IPv4 0 97111 137639 51693 0 
DiffServ With MPLS_IPv6 0 97111 137639 51693 0 
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Fig. B.6  Traffic received at the VC_Src6 

Table B.25  Summary statistics of video conferencing traffic sent by VC_Src6. 

Sent traffic by VC_Src6 in the 
scenarios 

1,2,3,4,5, and 6 

Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s] 

Std Dev 
[Bytes/s] 

0 58266 82583 31015 

Table B.26  Summary statistics of video conferencing traffic received at the VC_Src6. 

 
 

Scenario Description 
Min. 

[Bytes/s]
Avg. 

[Bytes/s]
Max. 

[Bytes/s]
Std Dev 
[Bytes/s] 

Avg. Packet 
Loss (%) 

Baseline_IPv4 0 14393 37500 10812 75 

Baseline_IPv6 0 12628 37583 11688 78 

DiffServ Without MPLS_IPv4 0 22547 37583 8893 61 

DiffServ Without MPLS_IPv6 0 21873 37500 8876 63 

DiffServ With MPLS_IPv4 0 58263 82583 31017 0 

DiffServ With MPLS_IPv6 0 58263 82583 31017 0 
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Fig. B.7  Traffic received by Voice_Src1 

Table B.27  Summary statistics of voice traffic sent at Voice_Src1. 

Table B.28  Summary statistics of voice traffic received at the Voice_Src1. 

 
 

 

Sent traffic by Voice_Src1 in the scenarios 
1,2,3,4,5, and 6 

Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[ Bytes/s] 

Std Dev
[Bytes/s]

0 18398 24013 7753 

Scenario Description Min. 
[Bytes/s]

Avg. 
[Bytes/s]

Max. 
[Bytes/s]

Std Dev 
[Bytes/s] 

Avg. Packet 
Loss (%) 

Baseline_IPv4 0 14621 18409 5234.1 21 
Baseline_IPv6 0 14287 18044 5044.6 22 

DiffServ Without MPLS_IPv4 0 18399 24000 7752.5 0 
DiffServ Without MPLS_IPv6 0 18399 24004 7752.5 0 

DiffServ With MPLS_IPv4 0 18398 24022 7753.0 0 
DiffServ With MPLS_IPv6 0 18398 24013 7753.0 0 
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