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ABSTRACT 
 
 
 

Multiprotocol Label Switching (MPLS) is a new paradigm in routing architectures which 
has changed the way Internet Protocol (IP) packet is transferred in a Network. MPLS ensures 
the reliability of the communication minimizing the delays and enhancing the speed of 
packet transfer. One important feature of MPLS is its capability of providing Traffic 
Engineering (TE) which plays a vital role for minimizing the congestion by efficient load, 
balancing and management of the network resources. The performance evaluation is done 
considering the network parameters latency, jitter, packet end to end delay, and packet delay 
variation. Integration of QoS with the MPLS-TE network may enhance the performance of 
the network. Various scheduling algorithms can be used for implementing QoS on a 
network, which may vary the performance of the network. In our study, QoS is implemented 
on top of the MPLS-TE network using Differentiated Service (DiffServ) architecture. 
Different basic scheduling algorithms are used for the implementation of QoS and to check 
their impact on the network and to identify the suitable one among them. Performance 
evaluation is done considering the network parameters latency, jitter, packet end-to-end 
delay, and Packet Delay Variation. The simulation was done using OPNET modeler 16.0 and 
the results were analyzed. The simulation result shows that using TE along with QoS in 
MPLS network decreases the latency, jitter, packet delay variation and end to end packet 
delay compared to using TE alone for voice traffic.                                                      

 

Keywords: Multiprotocol Label Switching (MPLS), Quality of Service (QoS), Scheduling 
Algorithms, Traffic Engineering (TE), Voice Over IP (VoIP),  
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1 INTRODUCTION 
 

Today increasing numbers of people are dependent on services provided via Internet. Some 
of the examples of services provided through internet are education, research, social 
networking, banking, communication, etc. Among all these services, VoIP has emerged as 
one of the cheapest communication alternative. VoIP has gained its popularity due to its cost 
effectiveness, live video calls, quality of call, etc. However providing the real time services 
such as VoIP via internet is a difficult task using traditional IP network as it cannot 
guarantee reliable delivery of data. Traditional IP network uses the best effort service model 
which is only capable of some error control and some limited retransmission strategy [1]. For 
overcoming these problems, a new technology called Multiprotocol Label Switching 
(MPLS) was standardized by Internet Engineering Task Force (IETF) [2]. MPLS has the 
capability of Traffic engineering, the process of deciding the paths for the flow of traffic in 
order to balance the traffic load among various links, routers and switches in the network 
where multiple parallel paths are available. It overcomes the problem of extreme delays, 
huge packet loss seen in traditional IP networks by providing congestion control and 
scalability [2]. Having these entire features and overcoming the problems existed on the 
traditional IP networks MPLS can be taken as an ideal means for voice and video 
communication.  

 Aims and Objectives 1.1
 
The main aim of our study is to evaluate the performance of QoS implemented 

MPLS-TE network for voice traffic. The choice of the scheduling algorithms involved 
in QoS implementation may alter the QoS performance parameters. So, comparing the 
performance of the proposed scenarios of network using different scheduling 
algorithms is another objective. Performance parameters, jitter, end-to-end delay, and 
packet delay variation are considered for the comparison. 

 
 Analyzing the performance parameters, jitter, end-to-end delay, and packet 

delay variation. 
 Designing the network models for MPLS with different scenarios. 
 Analyzing these performance parameters in QoS implemented MPLS-TE 

network. 

 Scope of Thesis 1.2
 
This study describes the study of the parameters affecting the performance of 

voice over MPLS network and describes ways of achieving optimal performance. It 
gives the description of routing mechanism of the MPLS network along with the 
functionalities and their design parameters. This study also gives explanation of MPLS 
signaling protocol for traffic engineering. Our research is basically focused on the 
performance evaluation of the voice over MPLS network with application of Traffic 
engineering and additional implementation of QoS using DiffServ architecture. It is 
also focused on determining which of the scheduling algorithms used on the process of 
QoS implementation will perform better. Detailed study of the MPLS architecture is 
not covered; rather it highlights the important details and basic of the MPLS network 
operation. 
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 Research Questions 1.3
 
The following research questions will be answered by this study: 
  
1. What are the network parameters that affect the performance of voice traffic? 
2. What are the improvements that can be seen in performance of MPLS-TE 

network after the implementation of QoS? 
3. Which scheduling algorithm for QoS implementation in MPLS-TE network 

has better performance? 
 

 Expected Outcomes 1.4
 

Different scheduling algorithms in DiffServ architecture are used for QoS 
implementation to compare its effect on MPLS-TE network for voice traffic. The 
expected outcomes can be bulleted as: 

 
 Identification of the parameters which has the noticeable effect on the 

performance of voice traffic. 
 Comparative analysis of voice over MPLS-TE network with QoS enabled 

voice over MPLS-TE network. 
 Performance comparison between scheduling algorithms used for 

differentiated service model of QoS in MPLS-TE network. 
 

 Research Methodology 1.5
 
Due to the unavailability of a real MPLS network for our research we have chosen 

simulation as an alternative. Research cannot reach its goal without literature review 
and selection of papers. For our work we chose the deductive approach as explained by 
Saunders et.al. [3]. The work follow of our study is shown in Figure 1. 

 
 Study of the documents for understanding and determining the constraints and 

parameters that need to be taken under consideration for the analysis. 
 Determining the suitable model for supporting the real time application. 
 Designing a model for the simulation using the simulation tool OPNET. 
 Justify the research using the simulated data as a measure for analysis. 
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Figure 1: Work flow of the study 
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 Related Work 1.6
 

Wright [4] compared the performance of different transport technology such as 
ATM, IP, MPLS and FR for voice traffic. The study mainly focuses on the study of the 
headers required for the transport of voice packets on mentioned transport protocols 
and its processing times. It also compares the processing times of for the different 
codecs including G.771. The study concludes that the bandwidth utilization is achieved 
at most using MPLS network along with point to point protocol. Implementation is 
well suited in MPLS network compared to other transport technologies mentioned 
above according to Wright [4]. Rahman et al [5] has compared the MPLS network 
with the traditional IP network in regards to its performance, using NS2 as the 
simulation tool. The study shows that the use of Traffic Engineering in MPLS network 
increases the performance of the network utilizing the links which are underutilized 
over the traditional IP network. Gure et al has compared the quality of voice traffic 
with the video traffic in MPLS network concluding that, giving priority to the voice 
traffic makes it perform better over non prioritized video traffic [6]. The study focuses 
on priority queuing and concludes that giving priority to the voice packets enhances 
performance of network to voice packets compared to the non-prioritized video 
packets [6]. Hairs H. and Sladjana Z. in [7] studied the effect of Traffic Engineering in 
MPLS network compared to the MPLS network without using Traffic Engineering. 
Their study describes about signaling protocols (CR-LDP and RSVP-TE) used in 
MPLS network and they have used NS2 for the simulation of their study. It concludes 
that use of Traffic Engineering enhances the performance of the network by efficient 
distribution of traffic load to the available links. Their research also suggests the 
requirement of the improvement to the existing signaling protocols [7]. Keerthi and 
Radha [8] compared the MPLS network performance for voice traffic implementing 
TE over conventional IP network using the same network topology for both the 
networks. The study compares the number of calls that a traditional IP network can 
handle with the MPLS-TE network on the basis of jitter, end-to-end delay, throughput, 
packet sent and packet received. Based on it their research concludes that MPLS 
network along with the implementation of Traffic Engineering can handle larger 
number call than the conventional IP network.  

Looking at the number of studies in our literature review, we can see that most of 
the studies are concentrated on comparisons of performance of MPLS network and 
non-MPLS network in different means. Wright [4] has compared different transport 
protocols such as ATM, MPLS, FR and IP regarding the number of headers used for 
the transmission of voice traffic. In his study he has not considered the effect of the 
scheduling in the transmission of the voice traffic through MPLS network. Rahman et 
al [5] focuses on the use of TE in MPLS network. This study is not focused in the use 
of QoS in the TE enabled MPLS network. Gure et al [6] have used the priority queuing 
to evaluate the performance of voice traffic with non-prioritized video traffic. Their 
study does not cover the use of QoS in Traffic Engineered MPLS network. Hairs H. 
and Sladjana Z. has compared MPLS network using TE and without using TE to 
measure its effects in performance. No clue on consideration of QoS in MPLS-TE 
network and its effects in the performance is found in their research. 

 Keerthi and Radha [8] has compared the performance of traditional IP to MPLS 
network and also MPLS with MPLS-TE network but have not considered the effect of 
QoS in MPLS-TE network. In our study we are comparing the effect of 
implementation of QoS in MPLS-TE to see the performance of the network for voice 
traffic. Our study also compares the basic scheduling algorithms for its performance 
when used in MPLS-TE network for voice traffic analyzing the jitter, end-to-end delay 
and packet delay variation as traffic parameters.  
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 Thesis Outline 1.7
 
This section describes the flow of our thesis report.  
 
 Chapter 2 provides the overview of MPLS network covering important details 

such as shim header, label encapsulation and operation, traffic engineering and 
signaling protocols. 

 Chapter 3 describes about Quality of Service (QoS). It gives an overview of 
QoS models and its short description.   

 Chapter 4 summarizes network modeling and simulation. The simulation 
scenario, platform, traffic generation process, QoS implementation etc., are 
described here. 

 Chapter 5 provides the conclusion and future work.  
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2 MULTI-PROTOCOL LABEL SWITCHING (MPLS) 
 

 MPLS Network Overview 2.1
 

In a network the time taken for packet forwarding, or processing plays a vital role 
for smooth communication. In case of conventional IP forwarding, the forwarding 
decision is done independently by each router for each packet, taking IP header routing 
information under consideration. Next hop decision is made by comparing the packet's 
IP header and the routing table of individual router [2]. 

Multi-Protocol Label Switching (MPLS) can be used in different network layer 
protocols like Internet Protocol (IP), Asynchronous Transport Mode (ATM), and 
Frame Relay. MPLS has evolved with better packet processing time and forwarding 
mechanisms with additional feature for implementing traffic engineering and 
enhancing the performance of network. In MPLS the packet forwarding is done with 
the help of label, which is a 20 bit value added to the packet that acts as an identifier 
for packet forwarding. Before forwarding packets, all of them are labeled; 
consequently analysis of the packet’s network layer header is not required at the 
downstream routers [9]. MPLS is often termed as "Layer 2.5" protocol as it is lies in 
between Data Link Layer (Layer 2) and Network Layer (Layer 3) of the OSI Model 
[9]. 

The MPLS network consist the Label Edge Routers (LER), Label Switched 
Routers (LSR) connected with host and servers following a mesh topology as shown in 
Figure 2. The LER’s as implied by its name are the routers which are deployed at the 

edges of the MPLS network. LERs are also responsible for insertion and deletion of 
labels. When acting as ingress, it inserts label before transmitting packet in MPLS 
network. When acting as egress, it deletes the label. The LSR’s as implied by its name 

are the routers responsible for routing the packets by switching the labels using label 
forwarding table. These labels are defined within the MPLS Shim Header which will 
be described later below. 

 

LSR

E-mail-Server

Web-Server

LER

LER

LER

LSR

LSR

LSR

LER

LER

LER LER

 
Figure 2: Typical MPLS Network 
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 MPLS Shim Header 2.2
 
Data packets when reaches the LER, “Shim Header” is placed in between layer 2 

and 3 of the OSI model.  This MPLS Shim Header which is structured into four parts 
has a total length of 32 bits; 20 bits for Label, 3 bits for Experimental (EXP), 1 bit for 
Bottom of Stack and 8 bits for Time to Live (TTL) which is shown in Figure 3. 

 
Link Layer Hader MPLS SHIM 

Header

Network (IP) Layer

Header
IP Packet Data

Label (20 bits)
EXP

3 bits 

S (1 

bit)
TTL (8 bits)

 
Figure 3: MPLS Shim Header building block 

 
As shown in Figure 3 the MPLS Shim Header consists of an identifier called 

“Label”.  It acts as an identifier of Forwarding Equivalence Class (FEC) [2], and also 
used for determining the Label Switched Path (LSP). Followed by Label is 
Experimental field (EXP) which is reserved for the experimental use or are often used 
for QoS purpose. Stack field (S) is used for indicating whether the label is in the 
bottom of Stack. If the Label is at the last entry of stack then the value is set to one else 
is set to zero. The last one is the Time to Live (TTL) value. TTL value decreases by 
one on every hop as it passes through the LSRs. The packet is dropped when the TTL 
value reaches zero [10]. Among all these fields of MPLS shim header, Label plays a 
very important role.  

 

 MPLS Label Encapsulation 2.3
 
MPLS has a different encapsulation scheme for ATM, Frame Relay, Ethernet and 

PPP. The Figure 4 shows the different methodology used for label encapsulation in 
MPLS network. 

 

ATM

VPI VCI

Frame

Relay

DLCI Shim Lable

Ethernet PPP

Shim Label

IP Payload
 

 
Figure 4: MPLS Label Encapsulation 

 
The label encapsulation mechanism is different for different Data Link Layer 

(DLL) technology. In the ATM technology, the label encapsulation in MPLS takes 
place by direct encapsulation within Virtual Path Identifier (VPI) or the Virtual 
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Channel Identifier (VCI) [11] whereas in Frame Relay the direct encapsulation takes 
place onto Data Link Connection Identifier (DLCI) [12].  On the other hand for the 
technologies like Ethernet and PPP Shim Header is used. 

 MPLS Label Operations 2.4
 
When the labeled packet arrives, the top of stack is checked for the label value for 

determining basically two things [10]: 
1. The next hop location and the exit interface where the packets are to be 

forwarded. 
2. The operation to be performed on the label stack by the LSR before 

forwarding of packets. 
 

The label operation is divided into three major parts: 
• Push Operation 
• Swap Operation 
• Pop Operation 

The Figure 5 shows the diagrammatic representation of how these three operations 
are performed on the Labels. In Figure 5 Customer Edge Router (CER) connects the 
customer with the MPLS network.  

 

 
Figure 5: MPLS Label Operations 

 
 

I. Label Imposition (Push):  
This operation is performed by the ingress LER during which the classification 

and labeling of the packets is done.  
 

II.  Label Swapping/ Switching: 
This operation is performed by the LSR during which forwarding of packets using 

labels is done. It indicates the class of service and the destination. 
 

III. Label Disposition (PoP): 
This operation is performed by the egress LER during which removal of label is 

carried out and finally forwarding of original packets out of MPLS network. 
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 Forwarding Equivalence Class (FEC) 2.5
 
The FEC is the class which comprises the group of packets which are treated in 

same manner by the Label Switch Router (LSR). This concept of FEC provides 
scalability and flexibility in the network. Flow states should never be managed on 
individual flows rather it should be managed on aggregation to ensure the scalability; 
for this MPLS uses FEC. In conventional routing the packets are assigned to FEC 
within each hop but in MPLS packets are assigned only once at ingress LER [13]. 

 

 
Figure 6: Flow of packet in FEC 

 
With the help of packet destination address and the port, the packet leaves the LER 

which are then forwarded by the LSR. It is carried out by checking the labels and 
matching them with the ones that are within LSR’s forwarding table [14]. This 
forwarding table is also known as Label Information Base (LIB). 

 

 Label Switched Path (LSP) 2.6
 
The Label Switched Path (LSP) is a path set up by the ingress LER, LSR, and the 

egress LER in such a way that the set up path has the best route. The best route here 
means the path with maximum available bandwidth, low jitter, less congestion and low 
latency [15]. 

 

 
Figure 7: Packet flow in LSP 
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For example in Figure 7, if the Host A wants to send some information to Host B 
in MPLS network considering the path shown by arrow to be the best route. Then the 
table of instruction may look something like: 

 
Table 1: Table of Instruction in MPLS router [15] 

Router Label Instructions 

R1 ---- You receive the IP packet from the Host A as you are the ingress LER 
and you are responsible to convert the IP packet into the MPLS 
packet. Insert the label 10 to the IP packet and forward it to router R3. 

R3 10 Forward this packet to router R7 after swapping the label with label 
20. 

R7 20 Swap the current label with the new label 33 and send it to router R6. 

R6 33 Forward the packet you get to router R8. 

R8 33 Convert back the MPLS packet into original IP packet as you are the 
egress LER and pop out the packet. 

 

 Label Distribution protocol (LDP) 2.7
 
In a MPLS network LSR’s uses labels to forward the packets but while sending 

those packets to each other the two LSR’s should agree on the meanings of those 

labels used. LDP is a protocol which is specifically designed to accomplish this task by 
defining set of rules and procedures so that those LSR’s can inform each other about 
the label binding they have done [16]. In short LDP is a protocol where the 
information regarding label bindings and mappings are shared between the LSR’s for 

the efficient forwarding of data packets. It is responsible for maintaining the label 
operation in the MPLS network. Figure 8 shows the LDP protocol structure. 

 

Version (2 Bytes) PDU Length (2 Bytes)

LDP Identifier (6 Bytes) 

LDP Messages

 
Figure 8: LDP Protocol Structure 

 
Figure 8 shows the LDP protocol structure which are defined as follows: 

 
• Version: - It denotes the LDP protocol version. 
• PDU Length: - It is the total PDU length excluding the version and the PDU 

length field. 
• LDP Identifier: - Label space of the sending LSR is identified by this 

identifier. The IP address assigned to the LSR are encoded with the first four 
octets while the last two denotes the label space within the LSR. 
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2.7.1 LDP Messages 
 
The “LDP peers” which are the LSRs that are using LDP for exchanging the label 

mapping information, have the LDP sessions between each other. Since both the LSRs 
can share their label mapping information on the same session, this protocol is bi-
directional. The LDP messages comprises of four kinds [16]. 

 
 Discovery Messages: These are the Hello messages sent periodically which 

are transmitted as a UDP packets and this tells the presence of LSR’s in the 

network. 
 
 Session Messages: These are the messages used for managing or controlling 

the sessions as new session establishes or terminates between the paired LSRs. 
 

 Advertisement Messages: These messages are used for managing the existing 
label mappings for FEC. 

 
 Notification Messages: These messages are used for the purpose of error and 

advisory notification. Error notification is responsible for terminating the 
sessions by signaling the fatal errors whereas the advisory notification is used 
to pass the information regarding LSR on the LDP sessions. It even notifies 
about the message that were received previously from the peers. 

 

 Traffic Engineering (TE) 2.8
 
Traffic engineering is the process of maximizing performance of operational 

network using available network resources efficiently. The knowledge obtained 
through measuring, modeling and characterization of network can be used to make the 
efficient use of network to control the network traffic. The main objective of TE is to 
optimize the traffic performance by efficient and reliable network operation with 
optimum use of network resources [17].    

TE is now the imperative function of most of the large autonomous systems to 
efficiently use the high cost network resources and to sustain the competitive nature of 
the internet [17]. 

Traffic engineering performance objectives can be classified as follows: 
 

1. Traffic oriented 
Traffic oriented performance objective is related to the enhancement of the QoS of 

the traffic streams, such as minimization of delay, maximization of packet loss and 
deployment of service level agreements [17]. This objective of Traffic Engineering can 
be achieved with the traffic management which is nodal traffic control (here it includes 
traffic conditioning, queue management, Scheduling and other functions which 
regulate the traffic flow) [18]. 

 
2. Resource oriented  

Resource oriented performance is related to optimization of resource utilization 
which include efficient management of network resources. It is used to make sure 
whether the network resources such as bandwidth of a link is over loaded and 
congested while other alternate link is underutilized [17].  This objective of Traffic 
Engineering can be achieved through capacity management which includes capacity 
planning, routing control and resource (network resources of interest here are: link 
bandwidth, buffer space and computational resource) management [18]. 
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Minimizing prolonged congestion is a primary and resource oriented performance 
objective [17]. The congestion caused by insufficient network resources is addressed 
either by expansion of capacity or by application of congestion control techniques, 
sometimes even both. The congestion caused due to the inefficient mapping of 
resources can be addressed using Traffic Engineering.  

Traffic engineering uses iterative and continual process of control function for 
performance boosting of a network. The control functions of Traffic Engineering take 
multiple levels of time to perform better through iterative feedback from the traffic 
engineering tools. 

  
The Traffic engineering Process Model: Traffic engineering being control 

problem it consists of the process model, usually known as The Traffic Engineering 
Process Model. The Traffic Engineering process can be seen as a sum of different 
stages of Traffic Engineering Process Model. The first stage is formulation of control 
policy. Control policy depends on the network resources and the policy that automated 
system wants to implement for its revenue along with the success rate and the service 
it promises to its customers. Monitoring of the network state after the control policy is 
implemented is the second stage of the process model. Finding out the characteristics 
of the network and its analysis is the third stage. This stage is for the identification of 
the bottle necks, which is shown in Figure 9. The fourth stage is evaluating the 
performance of the network before and after implementing control policy. If the 
performance is optimized it leads to capacity augmentation state through optimize 
network performance state else performance optimization leads to revise control policy 
state, where the network control policy is again analyzed and revised [19]. 

 
 

Formulation of

Control policy

Ovservation of 

Network state

Characterization f traffic 

and network state

Optimize Network 

performance

Revise control 

policy?

Performance 

Optimization?

yes

no

no

yes

Formulation of

Control policy

Performance monitors,
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Figure 9: Traffic Engineering Process Model [19]  
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2.8.1 Factors needed to be considered for TE 
 
According to [20] there are four primary elements that have to be considered in 

Traffic Engineering of a packet network. 
 
 Distribution of topology information: The nodes of a network must be 

capable of advertising up to date information about all the links available and 
the link failure. 

 
 Path selection: In this process the shortest paths among all available links are 

selected and sometimes when the information about the bandwidth of the link 
is available it is also considered in the process of path selection when using 
Traffic Engineering. 

 

 Directing traffic along computed paths: When the path selection determines 
the paths considering the constraints such as shortest path and bandwidth, the 
nodes must be able to forward the packets to the defined path, which is done 
by using forwarding table. This requires the use of signaling protocols to set 
up the path.  

 
 Traffic management: It is responsible for the management of the traffic in 

such a way that a user receives his guaranteed QoS. This may involve flow 
identification, traffic polishing and traffic scheduling. 

 

2.8.2 Challenges in Conventional Network 
 
There are lots of challenges in implementation of Traffic Engineering in 

conventional IP networks. Traffic Engineering mostly relies on measurement functions 
of the system. The conventional IP network devices have limited functions for 
measurement and also rely on the topology oriented packet forwarding mechanism. 
The system of per hop checking and forwarding of the packets is another challenge for 
TE implementation in conventional IP networks [19].  

The path selection for forwarding packet by an individual router is done using the 
shortest path computations. Shortest path is determined using additive link metrics. 
This leads to the congestion on network since the traffic flows through the path with 
lower metric count while the link with higher metric count is less utilized [19]. 

2.8.3 TE in MPLS Network  
 
With the standardization of MPLS by IETF, traffic engineering gained its 

popularity due to the supportive features of the MPLS for traffic engineering far more 
than the conventional IP networks. The main building blocks of the MPLS Traffic 
Engineering Model are Path Management, Traffic Assignment, Network State 
Information Dissemination and Network Management [20].  

 Path Management  here means a mechanism by which MPLS network manages 
the packet forwarding, which includes choosing the right path for the specific packet, 
maintaining the existing path and finding new paths if some links are  added. The path 
selection is mostly dependent upon the resource attributes, with which the resource and 
the packets can be categorized and dealt accordingly. The other attribute Traffic 
Assignment is related to the assignment of traffic to the established tunnel by path 
management.  The load distribution is the main focus of Traffic Assignment in LSP. 
Network State Information Dissemination deals with the advertisement of the 
topological and state information of the network to all the nodes of the MPLS network 
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so that the path management becomes easier. The last attribute is Network 
Management which is the most important basis of the Traffic Engineering in the 
MPLS network. It relates to a number of configuration management functions and the 
fault management functions. Due to the online and offline usability of the MPLS 
network and the capability to list at any point of time, Traffic Engineering has gained 
its popularity [20].  
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Figure 10: Interaction of the various components of an MPLS-based Traffic 

Engineering solution [20]. 
 

 These are also the elements of MPLS control plane apart from the MPLS 
forwarding Plane. The packets in MPLS network are forwarded using the level 
swapping. This forwarding of packets gives more control for efficiently forwarding 
packets.  

The Figure 10 shows the relation of IGP, MPLS and constraint-based routing for 
the path selection in a network for forwarding packets.  The path selection process 
depends on the availability of the protocols. In absence of MPLS the path selection is 
done by IGP and in the presence of the MPLS the path selection or the signaling 
protocols of the MPLS are implemented, sometimes even the traffic engineering. 
Depending upon the requirements the policy is implemented [20].  

 Signaling Protocols in MPLS Network 2.9
 
Traditionally IP packets were forwarded looking into its destination address at 

every router in the path. The packets were forwarded based on the shortest path metric, 
which is the cost calculated using the time it takes to reach the next hop. When the 
traffic in the network increases, the link with shortest path becomes heavily congested 
while the links with higher paths are underutilized resulting in the uneven loads in the 
links available, on the cost of traffic resources. The development of MPLS addresses 
these problems with the use of constraint based routing (CBR). The dynamic use of the 
measuring tools and the accountability of all the possible multiple paths and its 
characteristics (bandwidth, policy and topology) by CBR makes it easier for 
implementation of Traffic Engineering efficiently [17]. Signaling protocols are used to 
set up the paths for the packets to follow, these paths are commonly known as Label 
Switched Path (LSP).  There are many protocols which can be used for the selection of 
paths but here we are concerned only on the signaling protocols that support Traffic 
Engineering, which are explained below: 

 
1) Constraint-Based Level Distribution Protocol (CR-LDP) 

 
It is the extension of the signaling protocol LDP. LDP is a control-driven LSP 

(known as hop by hop LSP or constraint-based LSP), the next hop here is 
determined either by looking up into the forwarding table of the LSR or control 
policy used. The control policy may be implemented by some application or the 
operators [20].  
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CR-LDP is extended from LDP with the additional support to explicitly route 
the information about the traffic parameters for the reservation of the resources 
along the LSPs. CR-LDP and LDP are both hard state protocol as it  sends the 
signaling messages only once without refreshing. It uses UDP for the peer 
discovery and TCP for rest of the process like session, advertisement and label 
request messages [20]. DiffServ as well as the operator configurable QoS are 
supported by CR-LDP. 

 
2) Resource Reservation Protocol (RSVP) 

 

RSVP uses the direct routes to set up the CR-LSPs. It uses UDP for resource 
reservation and label allocation. RSVP supports Integrated Service (IntServ) 
model of QoS. The Traffic Engineering extended version of RSVP known as 
RSVP-TE supports loop detection, periodization, reordering of path and strict and 
loose CR-LSPs [20].  

The path message is sent by the sender towards the destination to install the 
path state in each node. When the path message reaches the destination, the 
destination reply with the Resv message which reserves the resources as defined by 
the destination in the nodes and maintains the QoS parameters. Path and Resv 

message are refreshed periodically in RSVP which leads to the scalability problem 
in case of large traffic flow [20]. 

 

2.9.1 Signaling Protocols requirement for MPLS-TE 
 
There are certain requirements of the signaling protocols that the designed 

protocols must follow in order to support the traffic engineering feature in MPLS 
network. The requirements are listed below [7]: 

 
 Robustness:  The signaling system must be reliable and should timely deliver 

the message in any kind of circumstances such as congestion and network 
failure. 
 

  Scalability:  The growth in the size of traffic and the nodes should not 
hamper the performance of the signaling system. 
 

 LSP establishment/teardown/maintenance: Establishing the LSP, its 
teardown and its maintenance depending upon the conditions is another 
requirement of the signaling system. 
 

 Specification of QoS: Signaling must be capable of carrying out traffic 
characteristics such as bandwidth requirement and also the QoS requirement. 
 

 LSP priority/preemption:  LSP must make sure that the traffic with high 
priority gets through the congested route even if the low priority traffic has to 
be torn down. 
 

 Flexibility in the path setup options: The signaling must be able to manage 
the loose and strict CR-LSP setup by the administrator. 
 

 Alternative path setup and rerouting capability: In case the LSP is torn 
down, the signaling must be capable of path optimization, recovery of the path 
and of course the maintenance of the LSP path to provide support for traffic 
engineering.  
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3 QUALITY OF SERVICE (QOS) 
 

QoS is defined as set of techniques to classify and manage network resources with the help 
of which a certain level of packet loss, bit rate, jitter, delay, etc., can be guaranteed [21]. Real 
time applications such as VoIP, online gaming, live broadcasting of video or audio are 
sensitive to delay and require fixed bitrate. QoS plays an important role in networks where 
the capacity is a limited resource. It is equally important for applications and consumers to 
get some level of QoS guarantee for such real time applications to run smooth.   

 QoS Models 3.1
 
There are three kinds of QoS models. 
 
 Best effort service model 
 IntServ (Integrated Service model) and  
 DiffServ (Differentiated Service model) 
 

3.1.1 Best Effort Service 
 
This is a single service model. In this model, no information is provided to and no 

permission is taken from the network by the application before sending the data. In 
best effort service model there is no assurance of reliability, throughput, and delay. 
First In First Out (FIFO) queue is used as default for scheduling; it uses drop tail queue 
management. In this mechanism, the new incoming packet is kept at the end of the 
queue and the packet that comes when the queue is full is discarded [22]. 

 

3.1.2 Integrated Service (IntServ) 
 
Integrated service model is multiple service model which can take different QoS 

requirements under consideration. Prior request is sent to the network before sending 
the data. The process of request handling in the network is done by Resource 
reservation Protocol (RSVP) [22]. Application request services from network with 
certain resource requirements such as bandwidth and delay. When the request is 
processed by the network this information is fed to the application to send the data. 
Particular service with some delay and bandwidth requirements are requested from the 
network by the application, later when the network confirms about it, application sends 
the data. This model also features the mechanism of admission control taking the 
application’s and network resources information under consideration. A network using 
this model maintains per flow state and performs certain operations like policing, 
classification of packets and queuing with the help of that state [23]. 

 

3.1.3 Differentiated Service (DiffServ) 
 
This model came into existence for overcoming the underlying problem of 

scalability in IntServ. In DiffServ the classes are divided into different service classes 
which are treated differently. There is a phenomenon of Behavioral aggregate (BA) in 
which the group of flows is aggregated which is supposed to make the diffserv 
scalable [23]. This phenomenon of BA is carried out by using the different routers with 
different resources; the functionalities of core routers and the border router are 
separated. Core routers cannot exchange packet with other domain since they have 
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only access to the internal connections. Hence, if the packet has to be exchanged with 
the other domains then the border router comes into play. 

 

 
Figure 11: DiffServ Architecture 

 
The packets of different BA’s are given unique treatment by the routers and this is 

termed as Per Hop Behavior (PHB). Differentiated Service Code Point (DSCP) 
marked in the Differentiated Service (DS) field is used to identify and classify the 
packets in the Diffserv. Keeping records of the per flow information and the traffic 
conditioning is done by the Border routers. There is profile of certain agreement made 
for the incoming and outgoing traffic which shouldn’t be altered. Hence, for taking 
care of this and not letting the traffics to get off from the boundary, traffic conditioning 
is needed. The configuration of border router is carried out by taking a traffic profile 
with the help of SLA. Packet forwarding is carried out by core routers examining 
DSCP and mapping with PHB. As standardized by the IETF, there are two kinds of 
PHB’s, Expedited Forwarding (EF) and Assured Forwarding (AF) [24]. 

3.1.3.1 Expedited Forwarding (EF) 

 
EF is a forwarding mechanism with highest priority and is considered best for 

applications that require first class service. For selecting a PHB as forwarding 
treatment to the packet, a code point is used in the IP header by the network nodes 
using differentiated service enhancement to IP. This PHB selected in the process is 
called an expedited forwarding (EF) [25]. This EF PHB can be provisioned for 
providing end-to-end services in DiffServ network. It is also used for provisioning low 
jitter, low loss, least delay, least latency, and assured bandwidth. Problem of latency, 
jitter, and loss are experienced due to the traffic on the queue, faced while being on the 
network. Packets labeled with DSCP and specifying EF PHB are ensured of having no 
queues or shorter queues on the nodes of its path. For queues not to arise at the nodes, 
the maximum arrival rate of EF traffic should not exceed the minimum departure rate 
[26]. This condition is provisioned by configuring the nodes and conditioning the 
aggregate by implementing a queuing policy on each interior node so that it can 
manage queues for all of the PHB traffic. 
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3.1.3.2 Assured Forwarding (AF) 

 
AF PHB has lower priority than EF but the priority is higher than the best effort. 

There are four classes which are forwarded independently. The classes can be 
considered as AF1, AF2, AF3, and AF4 where the priority goes on decreasing 
respectively. Depending on the Service Level Agreement (SLA) certain bandwidth for 
interface and certain size of buffer space is allocated for each class. Within each AFx 
class there are three sub classes called as drop precedence, which are known as DP1, 
DP2 and DP3 with higher drop precedence respectively. Whenever congestion occurs 
in DS node of particular link then the packet within the specific AFx class is dropped. 
Packets in AFx will drop according to DP1(AFx)<=DP2(AFx)<DP3(AFx). So if we 
consider the class AF1, then as DP3 has the highest drop precedence the packets of 
class AF1 with DP1 will be dropped before the packets of class AF1 with DP2 and the 
packets from class AF1 with DP3 drops at the last [27]. 

 

 
Figure 12: Forwarding PHBs and their Priority 

3.1.3.3 Classification and Conditioning of Traffic in DiffServ 

The process involved regarding to traffic in DiffServ can be divided into two parts 
[28] 

 
1. Traffic Classification: In this process of traffic classification packets are 

selected by the classifier. This selection is done by the combination of 
DSCP value in the IP header. Multi-Field (MF) and the Behavior 
Aggregate (BA) are the classifiers responsible for this process. Based on 
the combination field of the IP header, MF selects the packet. In case of 
BA, selection of packet is done depending on its DSCP value. 
 

2. Traffic Conditioning: Another important step is the traffic conditioning, 
which performs marking, policing, shaping, and metering for confirming 
the traffic entry to the DiffServ domain. This whole process should be 
completed satisfying the rules mentioned in the Traffic Conditioning 
Agreement (TCA) and Service Level Agreement (SLA). Let’s understand 
those functions as described in [28]. 
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 Policing: Policing is the process in which the packets are discarded within 
the traffic stream so as to comply with the rules mentioned in SLA. 

 Shaping: Shaping is the process in which the packets are delayed so as to 
comply with the rules mentioned in SLA. 

 

 Marking: Marking is the process in which the DSCP value is set in 
accordance with the set of defined rules like remarking, pre-marking. 

 

 Metering: Metering is the process in which the classifier selects the traffic 
stream and the temporal properties like rate of those selected traffic stream is 
measured. 

3.1.3.4 Queue Scheduling Mechanisms 

Network traffic has different traffic characteristics and may have different Quality 
of Service requirements due to the presence of voice, video, data etc., in the same 
network. Such existence of multiple traffics will lead to new issues in packet 
scheduling, bandwidth sharing and admission control [29–31]. Hence, for provisioning 
QoS there must be the mechanisms of buffer management, scheduling mechanisms 
and way to separate traffics into different service classes. Scheduling mechanisms 
affects the QoS of the given network and these scheduling mechanisms are also often 
called as QoS tools. Scheduling allows the bandwidth management for the output 
which it does by choosing the next packet transmitted in the output queue. Some of the 
common basic scheduling mechanisms are: 

 
 Round Robin (RR) 
 Priority Queuing (PQ) 
 Fair Queuing (FQ) 
 Weighted Fair Queuing (WFQ) 
 Weighted Round Robin (WRR) 

 

Round Robin (RR):  

 

It is a simple algorithm for scheduling where process is divided into equal parts, by 
assigning a time slices. This phenomenon occurs in the circular order. In this 
scheduling there is no priority assignment [32]. 

 
Priority Queuing (PQ):  

 

In this scheduling algorithm various queues are created with their own distinct 
relative priority levels. In PQ when all the queues with higher priority are empty 
packet scheduling is done from the particular priority queue in First In First Out 
(FIFO) order [24]. Here in PQ highest priority is traffic experiences a minimal delay 
but others with lower priority levels might suffer the problem of resource starvation 
when those with highest priority remains occupied in the queue. So, the main problem 
of this algorithm is the resource management for traffic with the lower priority. The 
Figure 13 [24] below shows the Priority Queuing.  
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Figure 13: Priority Queuing (PQ) 

 

Fair Queuing (FQ):  

 

This queuing is also known as flow based or per flow queuing. As shown in the 
Figure 14 [24] the incoming packets are sorted into M queues. 

 

 
Figure 14: Fair Queuing (FQ) 

 
The allocation of output port bandwidth to each queue is in the order of 1/M. The 

packet sending is done by serving the each queue following the Round Robin 
algorithm. It has disadvantage of not being able to allot the different priority to 
different queues due to which the one which needs more bandwidth are not properly 
served. The second disadvantage comes at the time of queue processing where the size 
of the packet is not taken into concern while transmitting a packet. The main 
advantage of it is it’s a simple algorithm [24]. 

 
Weighted Fair Queuing (WFQ): 

This is WFQ algorithm [33] is specifically designed to solve the problem existing 
in the FQ model. In this WFQ model the queuing is done on a flow based mechanism 
in which each flow is assigned to a FIFO queue where these flows are actually the 
classification of the incoming packets. The Figure 15 [24] shows the WFQ. 
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Figure 15: Weighted Fair Queuing (WFQ) 

 
The bandwidth distribution is carried out fairly among the flows as the WFQ 

divides the interface bandwidth effectively on the basis of weight or priority. By 
implementing this mechanism the interactive flows with low volume does not have to 
wait as they are processed first. Whereas the flows with high volume will get their own 
queue leading to packets waiting long and finally dropped. Queue sharing is provided 
between multiple flows in WFQ. Queue sharing is the process in which new flows are 
assigned to the existing queues if the maximum number of dynamic queue falls behind 
the active flow [24].  

 
Weighted Round Robin (WRR): 

 

Weighted Round Robin which is also sometimes called as Class Based Queuing 
(CBQ) is the queuing model which overcomes the limitations of FQ and PQ. It is 
capable of allocating the bandwidth for each service class as per their requirement 
which FQ and PQ lacks. In this model the Round Robin order is used to serve the 
individual queues. The Figure 16 [24] shows the WRR. 

 

 
Figure 16: Weighted Round Robin (WRR) 
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4 NETWORK MODELING AND SIMULATION 
 

In this chapter we discuss about the topology of the network / simulation scenario, network 
modeling & simulation, results and the analysis of the results are done.  

 Platform Evaluation 4.1
 
OPNET is very powerful simulation software which supports various protocols to 

simulate heterogeneous network [34]. OPNET is easy to implement, more versatile 
and also accurate for carrying out the research work [35]. The development work was 
started in 1986 by MIL3 Inc. which is nowadays Opnet Technologies Inc. It is an event 
based high level network level simulation tool which operates at packet level. The 
modeling in OPNET can be divided into three main parts [36]: 

 
1. Network Domain 

It consists of networks, sub-networks network topologies, geographical 
coordinate, mobility etc.   

2. Node Domain 

It consists of network nodes such as routers workstations which are located 
under the same network domain.  

3. Process Domain 

Single module and source code for every node. e.g. data traffic source code. 
 

OPNET is a powerful tool which is capable of running external codes and external 
system domains (ESD) [36]; the main features of OPNET that motivated us to use it as 
a simulator are as follows: 
 

 Simple and easy to use and understand due to its graphical user interface.   
 Packet level simulation, which produces low error in simulation with real time.  
 Portable as it runs in most of the platforms such as Linux and Windows.  
 Being commercial, the support and updates are frequent.  
 Possibility to use the external codes from other programs. 
 Flexible to edit the flow of event at any node by altering the codes of the 

nodes.  
 Packet formats are also editable depending upon the requirement.  
 Able to map real time scenario such as world map, office, WAN etc.,  
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 Simulation Topology / Simulation Scenario  4.2
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Figure 17: Topology of the simulation model 

 
For the experiment, network of six MPLS capable routers were connected as 

shown in Figure 17. The edge routers were connected with workstations with ppp_adv 
link whereas the core routers were connected by ppp_ds3 link. The noumber of VoIP 
application generated can be of increasing nature, and accordingly the link should be 
optimized. So to cope with the dynamic nature of VoIP call occurrence, ppp_adv link 
was used which has a provision of providing variable data rate. Also, ppp_ds3 link was 
used for interconnection between edge and core routers. In order to visualize the 
impact of congestion in presence of different traffic variants, PPP_DS3 link that can 
support data rate of 44.7 mbps is optimally enough. The network consisted of 
workstations on which both the client and server application are running for FTP 
application, Video application and VoIP applications. Out of the six MPLS routers at 
one end was an egress router (Node 7), at the other end was ingress router (Node 5) 
which are collectively known LER. The other four routers are LSR routers. The LSPs 
were set for the defining the path for traffic. The profile configuration was set up for 
creating user profiles referring to the Application Configuration. The application 
configuration describes the application running in different workstations and the 
servers and the protocols they use for the application. The QoS block is used for 
defining the protocols that are supported at the IP layer. MPLS Attribute Definition 
block is responsible for configuring the Traffic Trunks and Forward Equivalence Class 
(FEC). 

In this experiment we were concentrated only on performance metric of MPLS 
network for the voice packets hence other services such as FTP and the video services 
in the network are mainly used as the background traffic in the network.  

Four scenarios were created where one was the normal MPLS-TE network and 
other three were the QoS implemented MPLS-TE network under DiffServ architecture 
where FIFO, PQ and WFQ were used as scheduling algorithms so that we could also 
analyze which of these algorithms is best suited for voice. 
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 Modeling and Simulation 4.3
 
Here we discuss about the modeling components, the settings performed in 

different modules of OPNET and the steps for traffic generation procedure. 

4.3.1 Components Used for Network Modeling 
 
For setting up the network module for the simulation various modules from 

OPNET model library were used which are noted down.  
 
 The Compaq_Personal_Workstation_500 node models are used for the 

workstation purpose on which both of the client/server application is 
running. There are number of different workstations and they perform 
similar for our experiment among which we chose 
Compaq_Personal_Workstation 
 

 The PPP_DS3 links were used for connecting the workstations with the edge 
routers and between the routers respectively. 

 

 PPP_adv links were used for connecting two nodes with variable data rate. 
 

 The ethernet2_slip8_ler (Label Edge router) node model is used as a LER 
which supports 2 ethernet and 8 serial line interface with data rate selection 
availability. The destination IP address is used to route the data packets 
arriving to an incoming interface to the destined output interface. This LER 
was used as it is the default available LER in the OPNET MPLS model 
library. 
 

 The ethernet2_slip_lsr (Label Switch router) node model is used as a LSR 
which has the same interface structure and data packets routing strategy as in 
ethernet2_slip8_ler. This LSR was used as it is the default available LSR in 
the OPNET MPLS model library. 
 

 MPLS_E-LSP_Static is a model which is used to create a Label Switched 
Path (LSP). Static forwarding tables are created using this model. 

 
 The Application_Config contains information of various parameters of 

applications like voice applications, video applications, etc. The name of the 
application given here is used in Profile_Config object in the time of 
creating user profiles. 
 

 MPLS_Config is used for configuring the Traffic Trunks and Forward 
Equivalence Class (FEC). 
 

 QoS_Config is used for defining the QoS configuration details. Protocols 
that are supported at the IP layer are defined with the QoS configuration 
with the help of this object. 
 

 Profile_Config is used for creating the user profiles. While creating those 
user profiles this object make use of the application that were defined in the 
Application_Config. 
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4.3.2 Network Traffic Generation 
 
Voice traffic was the major traffic to be considered for our work. The FTP traffic 

and video traffic was used as the background traffic. As FTP and video traffic 
consumes more network resources, taking these as the background traffic enables us to 
investigate the performance of the network when the network gets congested. It 
enables us to visualize the effect of the traffic engineering and impact of scheduling 
under such condition. For generating those traffics application_config was used from 
the Opnet Model library. The application_config object has the facility of configuring 
the application definition attributes. It has numbers of predefined applications 
mentioned which we can use directly or can be modified as per the requirement. 
Among these pools of applications, the application we considered were only FTP, 
video and voice. The setup for voice application was made by using the parameters as 
shown in Figure 18. 

 

 
Figure 18: Application Configuration  

 
For voice application we set the speech quality as PCM quality speech, for which 

OPNET uses the type of service as Interactive Voice (6) as shown in Figure 18. Here 
for PCM quality speech the encoder scheme used was G.711 as it is the most efficient 
encoding scheme for voice application [37]. The setup were made for the FTP and 
Video application as well. For FTP application we assign heavy file transfer or high 
load so that we can send high background traffic and make the network congested so 
that the queuing algorithms and traffic engineering can come into play. The default 
type of service was used which was best effort service. Similarly for Video application 
High resolution video was set and the type of service used was Streaming multimedia 
(4). 

After configuring the application definition next task was the profile configuration 
setup which is actually specifying the profile for the application in the network. Here 
profiles were created for all VoIP application, Ftp application, and Video application 
on the basis of their behavior in the network; like the VoIP call start time, end time, 
operation mode and similar profiles for FTP and Video application. 

 As shown in Figure 19, the Start time of the VoIP application was set to 
constant (50) which means the first VoIP call takes place at 50th seconds of simulation 
time. After every 2 seconds the next call admissions in the network during simulation. 
This is done by setting up the inter-repetition time to constant (2) which enables the 
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voice application to repeat its work after each 2 second during the simulation. This 
process ends when the simulation is over which is configured by setting duration as 
end of simulation. Similarly the profiles were set to FTP and video applications. 

 

 
Figure 19: Profile Configuration 

 

4.3.3 Configuring MPLS-TE in the Network and QoS Provisioning in 
the Network 
 
To implement MPLS-TE in the network, first we enable the interfaces across the 

routers to support OSPF in DiffServ domain.  Task of LSP creation was carried out 
using MPLS_E-LSP_STATIC from the path models of the OPNET model library. In 
our modeled network we used three bi-directional LSP’s, so that Initiation could be 
started from any of the LER’s. E-LSPs were used for the network. One of the 
important attribute of E-LSP is that the diffserv information is carried by the three 
experimental bits in the shim header due to which there is the availability of eight type 
of service (ToS) for each LSP [38]. Another major feature is the availability of more 
routing control. Then traffic trunks and Forward Equivalence Class (FEC) was created 
configuring the MPLS_config object. For this three FEC specification was configured 
for FTP, Video and Voice based on DSCP. Similarly three traffic trunk profiles were 
created based on the DiffServ codes. The traffic trunks consists of the traffic profiles 
with characteristics of traffic such as bit rate, peak burst size, average bit rate, 
maximum burst size. In the next step LER was configured to direct packet to the 
appropriate LSP’s, specifying the attributes in EXP<->PHB attribute specification on 
MPLS_Config object.  
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For implementing QoS on the network we used DiffServ QoS mechanisms. There 
are varieties of criteria for classifying the traffic commonly called traffic descriptors. 
Traffic descriptors include Type of Service (ToS) value in an IP header (DSCP or IP 
precedence). Extended Access Lists (ACLs) are configured which is used to identify 
the voice, video and FTP traffic for classification based on the source address of the 
workstations. After traffic classification is done the traffic needed to be marked for 
describing the needed amount of QoS service for it. Marking of traffic can occur either 
in the Layer-2 header or Layer-3 header [39]. There are two methods for marking in 
Layer 3, where one method uses first three bits of ToS field and the other method uses 
first six bits of ToS field (DSCP) [39].  

Traffic marking was done on the ingress LER in which DSCP based layer 3 
marking was carried out. DSCP values are used for forwarding behavior of 
corresponding marked traffic flows. Among the available two PHB groups AF PHB 
and EF PHB, EF PHB was used as it provides low latency, low jitter, and low end-to-
end delay with assured bandwidth. After traffic classification scheduling algorithms 
were implemented on the network for which Priority Queuing (PQ), First In First Out 
(FIFO) and Weighted Fair Queuing (WFQ) were used one the same topology 
mentioned in Figure 17 correspondingly and the results were collected. 

 Results and Analysis 4.4
 
For the performance analysis in MPLS network considering voice, End-to-end 

delay, jitter, and Packet Delay Variation were taken as our means for evaluation.  The 
simulation was repeated for thirty times using different simulation seed values, for 
uniform distribution of the result. Running simulation for number of times with 
different seed values also helps to see the effects of random values on the simulation 
output. For each of the scenarios the simulation was run for an hour to get its steady 
state. In the simulation the VoIP traffic starts at the 50th of second and ends after 3600 
seconds. In all the scenarios the VoIP calls are added after each 2 seconds from the 
start time of simulation to the end of simulation. The simulation result was exported to 
spread sheet.  Finally, the average as well as the deviation from the average value was 
plotted by exporting the data to Microsoft excel.  

Figure 20 and Figure 21 shows the average jitter and end-to-end delay in QoS 
implemented MPLS-TE networks and typical MPLS-TE network respectively. Figure 
20 and Figure 21 also shows the standard deviation in the output while using different 
seed values. This deviation graph alongside with the average graph was plotted to 
check if our simulation results were affected materially by the random values 
generated. The evaluation was done by finding the average value and calculating the 
upper and lower deviation from the average value. 
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Figure 20: Avg. Jitter in QoS implemented MPLS-TE networks and MPLS-TE 

network 
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In Figure 20, 
 Jitter_avg_MPLS-TE is the jitter produced in MPLS-TE network with without using 

QoS. 
 jitter_avg_PQ, jitter_avg_WFQ and jitter_avg_FIFO are MPLS-TE network with 

QoS implementation with PQ, WFQ and FIFO scheduling algorithm used 
respectively. 

 The dotted line represents the Standard deviation with upper and lower deviation 
from the average. 

Figure 20 shows the jitter value plotted against simulation time for different scenarios 
mentioned above. Jitter is the undesired variation in packet delay [40].so it’s always 

desirable to have low jitter as it may cause the packets to be discarded at the receiving end. 
Figure 21 shows the End to End delay graph. From both the Figures 20 and 21 we can see 
that WFQ is not showing good performance even when compared with FIFO in terms of 
end-to-end delay and jitter.  It is because WFQ is compromising jitter and end-to-end delay 
performance in the network as it is more concerned with the congestion avoidance and 
maintaining the fairness. Both Figures 20 and 21 also shows that the QoS implemented 
MPLS-TE network is performing better than the MPLS-TE network. From the graphs we 
can also see the QoS implemented MPLS-TE network with PQ scheduling used is showing 
the best performance of all. 
 
Figure 20 also shows the deviation graph for jitter in MPLS-TE network and QoS 
implemented MPLS-TE network, which is represented as dotted lines. The graph shows that 
for thirty different seeds, the deviations sparsely coincide with the average jitter, both in the 
MPLS-TE network and QoS enabled MPLS-TE network. The deviation as seen to be quite 
negligible signifies that the simulation results are uniform. 
 



  30 

 
Figure 21: Avg. End To End Delay in QoS implemented MPLS-TE networks and 

MPLS-TE network 
 
 

In Figure 21,  

 Avg_ETED_MPLS-TE is the end to end delay produced in MPLS-TE network 
with no QoS implementation  

 Avg_ETED__PQ, Avg_ETED__WFQ and Avg_ETED__FIFO are end to end 
delay in MPLS-TE network with QoS implementation with PQ, WFQ and FIFO 
scheduling algorithm used respectively. 

 The dotted lines represent the Standard deviation with upper and lower deviation 
from the average. 

 
In Figure 21, a slight presence of deviation at the starting of simulation in MPLS-TE 

network is seen but as the time progresses deviation is minimal. We also witnessed that 
though slight presence of deviation was seen at the starting of simulation, the deviation seen 
was negligible. Sometimes the slight deviation at the beginning of simulation is obvious as 
simulation tool also takes time before providing some settled value.  
The graphical analysis indicates that in some cases there were a slight deviation seen but 
they were negligible. Though in some cases slight deviation were seen in the beginning of 
the simulation, we were also able to witness that as the time progressed the deviation 
sparsely coincided with the average. Finally, the graphical analysis indicates that the outputs 
are not much affected materially by the seeds values. 
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Figure 22: Packet Delay Variation (PDV) in QoS implemented MPLS-TE networks 

and MPLS-TE network 
 
In Figure 22, 

 Avg-MPLS-TE is the average Packet Delay Variation seen in MPLS-TE network 
without application of QoS.  

 Avg-FIFO, Avg-PQ and Avg-WFQ are end to end delay in MPLS-TE network with 
QoS implementation with FIFO, PQ and FIFO scheduling algorithm used 
respectively. 

 
Figure 22 illustrates the comparable Packet Delay Variation (PDV) graph. PDV is 

the difference in one way delay of the selected packets as defined by the IETF [40]. 
Similar as in the case of both Jitter and End-to-End Delay even when compared on the 
basis of PDV the MPLS network when QoS is enabled performs better. The graph also 
shows Priority queuing when used as the scheduling scheme for DiffServ architecture 
shows better performance for our network model. 
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5 CONCLUSION AND FUTURE WORK 
 

In this study the performance variation seen in the network after and before 
implementation of QoS in the MPLS-TE network were analyzed. Different scheduling 
algorithms were used in the process of implementing QoS to check if they have any 
effect in the performance of the network for voice. After the analysis of the result from 
the simulation and literature review, we conclude that the use QoS in MPLS-TE 
network performs better than normal MPLS-TE network for voice packets as it 
provides lower delay, lower jitter. In the second phase different basic scheduling 
algorithms used for DiffServ architecture in process of QoS implementation; among 
the three algorithms FIFO, PQ and WFQ we found that PQ algorithm performs better 
than basic FIFO and WFQ providing lower jitter,  lower end-to-end delay and 
minimum packet delay variation (PDV).  

Different codecs uses different sampling rate and quantization values which results 
them to have different bit rate. So, there might be the variation in the performance of 
the network with the choice of codec. In our experiment we have used G.711 codec for 
the uniformity of the experiment.  The use of different codecs along with different 
scheduling algorithms in the above mentioned experiment can of extension to our 
work.  This may provide the idea about which codecs perform better for different 
scheduling algorithms. We were only able to cover the basic scheduling algorithms for 
its performance. The performance study of all available scheduling algorithms in 
MPLS-TE network may lead to the better choice of scheduling algorithm to use for 
voice traffic.  

Video services such as video conferencing, video streaming, and video 
broadcasting are in quite demand and are gaining popularity. The performance of 
video traffic can also be compared with another analogous experiment to ours. This 
can be the other extension of our experiment.  

 Answers To Research Questions 5.1
 

1. What are the network parameters that effect performance of voice traffic? 
During the course of literature review we came across many papers; [41] 

describes the QoS parameters for real time data traffic like voice and video as delay, 
jitter, and packet loss rate. [42] describes the QoS parameters to be delay and jitter 
and so was the other authors conclusion. Depending upon this we choose our 
performance parameters to be jitter, end-to-end delay and packet delay variation.   

 
2. What improvements can be seen in performance of MPLS-TE network after the 

implementation of QoS? 
As we have considered the delay and jitter as the performance measuring 

parameters for our work from RQ 1. After the experiment conducted on different 
network scenario, the Figures 20, 21 and 22 shows that performance of MPLS-TE 
network has increased after the implementation of QoS. The Figures 20, 21, and 22, 
illustrates both the delay and jitter was reduced after QoS implementation.  
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3.  Which scheduling algorithm for QoS implementation in MPLS-TE network 
performs better? 

While experimenting with QoS implementation for MPLS-TE network three 
basic scheduling schemes, FIFO, WFQ and PQ were used. From this study and the 
graphical analysis it was seen that the choice of scheduling algorithm plays 
important role while implementing QoS in MPLS-TE network. As seen in Figures 
20, 21 and 22, among those three scheduling algorithms PQ performs the best having 
low jitter, low PDV and low end-to-end delay. 
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