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Abstract- The recent evolution of IP networks are seeing IP applications more complex and requiring higher bandwidth 
consumption. More recently, IP networks are employing MPLS which is a technique can be used to improve the performance 
of IP networks .By use of MPLS, data packets can be switched on the basis of labels rather than routed on the basis of 
destination address. MPLS support different features like Traffic engineering (TE), QOS and VPNs etc. key features of MPLS 
is its 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 variations. integration of TE with QOS may enhance the performance the of the network .Different 
Scheduling algorithms are used for implementing of QOS and to check their impact on the network and to identify suitable one 
among them the simulation is done using opnet Software and results are analyzed. 
 
Index Terms- MPLS, VOIP, TE, IP 
 
I. INTRODUCTION 
 
Multi Protocol label switching (MPLS) is a fast 
growing technology which plays a vital role in 
providing quality of service (QoS) and traffic 
engineering. It uses information contained in the 
labels, which are attached to the internet protocol 
(IP)packets to improve the fast forwarding of these 
packets. MPLS provides scalability as well as 
congestion control in order to overcome limitations 
such as high packet loss and excessive delays in the 
network. While IP is a connectionless best effort 
protocol that works effectively in the data network 
with no QoS requirements. 
 

 
Figure 1.1 a simple MPLS Network 

 
II. MPLS AND IP 
 
It is necessary to understand the differences in the way 
MPLS and IP routing forward data across a network. 
Traditional IP packet forwarding uses the IP 
destination address in the packets header to make an 
independent forwarding decision at each router in the 
network. 

These hop-by-hop decisions are based on network 
layer routing protocols, such as Open Shortest path 
(OPSF) or border gateway protocol (BGP). These 
routing protocols are designed to find the shortest path 
through the network, and do not consider other factors 
, such as latency or Traffic congestion, MPLS creates a 
connection- based model overlaid onto the 
traditionally connectionless framework of IP routed 
networks. The connection oriented architecture opens 
the door to a wealth of new possibilities for managing 
traffic over an IP network, MPLS build on IP, 
combining the intelligence of routing, which is 
fundamental to the operation of internet and today, IP 
network with high performance of switching. Beyond 
its applicability to IP networking, MPLS is being 
expanded for more general applications in the form of 
generalized MPLS (GMPLS), with applications in 
Optical and Time-division Multiplexing (TDM) 
Networks 
 

A.  MPLS Architecture 
The MPLS domain is described as “a contiguous set of 
nodes which operate MPLS routing and forwarding”. 
It is divided into MPLS core which consist of label 
switch routers (LSRs) and MPLS edge which consist 
of MPLS edge which consist of Label Edge Routers 
(LERs) [8][25]. 
The main terminologies of MPLS technology are 
described as follows. 

 Label Switch Router Any router which is 
located in the MPLS domain and forwards 
the packets based on label switching are 
called LSR. When an LSR receives a packet, 
it checks the look-up and determines the next 
hop. Before forwarding the packet to the next 
hop, it removes the old label from the header 
and attaches the new label. 
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 Label Edge Router A packet enters into 
MPLS domain through LER which is ingress 
router. Packet leaves the MPLS domain 
through LER which is called Egress router. 
LER has an ability to handle L3 lookups and 
is responsible for adding and removing the 
labels from the packets when they enter or 
leaves the MPLS domain. 

 Forward Equivalence Class (FEC) The FEC 
is the class which comprises the group of 
packets which are treated in same manner by 
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 

 

 
Fig. 2.4 MPLS Domain 

 
B.  Internet Protocol Network 

It is the principal communication layer 3protocol in 
the internet protocol suite has the task of delivering 
packets from source host to destination host solely 
based on the IP addresses in the packets headers. Its 
routing function enables internetworking, and 
essentially establishes the internet. Data is constructed 
as a series of packets. All the packets are routed 
through a chain of routers and multiple Networks to 
reach the destination. There are two versions of 
internet protocol internet protocol version 4 
abbreviated as IPv4 and internet protocol version 6 
abbreviated as IPv6.  
 
1.1Traditional IP routing 
As the main function of IP is to send data from source 
to destination Data is constructed as a series of 
packets. All the packets are routed through a chain of 
routers and multiple networks to reach the destination. 
In the internet routers take independent decisions on 

each incoming packet. when a packet arrives at a 
router, the router has to consult its routing table to find 
the next hop for the packet based on the packets 
destination address in the packet IP header (longest 
match Prefix look up ) as explained in Fig. 1 To built 
routing tables each router runs IP routing protocols 
like Border Gateway protocol (BGP), Open short path 
first (OSPF) or intermediate  system-to-intermediate 
system (IS-IS). These protocols enable the router to 
build the forwarding table as shown in fig2.1  
For forwarding the packets and controlling the 
routing, Data plane and control plane are the main 
components. The data plane is the forwarding 
component which is responsible for forwarding 
packets from input interface to output interface on 
router. In the data plane forwarding decisions are 
made by consulting the routing table. 
 
The control plane is the controlling component which 
is responsible for construction and maintenance of 
routing table. The control plane uses the information 
from routing protocols such as Open shortest path first 
(OSPF), intermediate system to intermediate system 
(IS-IS) and border gate protocols (BGP) in building 
and updating the routing table. These two planes ate 
integrated in the traditional routers. 
 

 
Fig 2.1 Traditional IP routing 

 
1.2  MPLS functionality 
The Fig 2.10 shows MPLS router which operates on 
two functional blocks [28]. 

 The separation of control plane and 
forwarding plane (data plane) components. 

 Label- swapping forwarding algorithm. 
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Fig 2.10 Label Switch router 

 
The control plane (control component) maintains and 
controls the forwarding table by learning the network 
topology from the routing protocols such as OSPF, 
IS-IS, and BGP. In MPLS each router maintains a 
label information table that is used for updating the 
forwarding table and forwarding decision is done. 
Control plane is responsible for building the MPLS-IP 
routing control by updating the label bindings which 
are exchanged between the routers. Therefore when a 
packet arrives at the router, the forwarding decision is 
taken by the data plane (forwarding component) by 
consulting the forwarding table, which is maintained 
by the control plane the packets are the forwarded 
towards the appropriate node according to the 
forwarding decision. 
In MPLS routers control plane and data plane are the 
separate entities. This separation allows the 
deployment of single algorithm that is used for 
multiple services and Traffic types. 
The label Swapping forwarding algorithm explains 
how the packets are routed in the MPLS domain. It is 
described in the following steps. 
 When a packet enters the MPLS domain, a 

label of short fixed length is inserted in the 
packet header by the ingress router. FEC is 
identified from the label. 

 The Packets belonging to one particular FEC 
are forwarded through the same path through 
the MPLS networks. Even though all the 
packets do not have the same destination 
address. 

 The path on which the packets are forwarded to 
the next hop in the network is LSP. 

 Every hop in MPLS network forwards the 
packet based on the label but not on IP address. 
This is done until the packets reach the final 
hop in MPLS network and then the label is 
removed by the egress router and normal IP 
forwarding continues. 

 The ingress and egress routers are located in 
the MPLS edge domain. The routers within the 
MPLS core domain are LSRs which is shown in 
figure 2.10 

 
III. SIMULATION 
 
A. OPNET Simulation 
Simulation is divided into two tasks to fulfill the 
purpose of the thesis. 
In the first part of the simulation, the VoIP traffic is 
send from source (VoIP _ WEST) to destination (VoIP 
_ EAST) in the two networks (MPLS and traditional 
networks). The main task is to compare the 
performance of VoIP traffic in both IP and MPLS 
networks with respect to metrics, i.e., voice jitter 
end-to-end delay, packet loss and throughput. The 
simulation results are analyzed to determine the 
efficient network used for transmitting VoIP traffic. 
In the second part an approach is made to estimate the 
approximate the minimum number of calls that can be 
maintained in both IP and MPLS networks. This 
approach is accomplished by designing the real 
life-network in the OPNET. In the simulation, we use 
the end-to-end delay metric to estimate the 
approximate minimum number of calls maintained in 
both networks. 
Assumptions 
It is difficult to predict the traffic behavior in both 
networks as the traffic in network instantaneously 
varies from source to destination. We prefer to 
simulate the conventional IP and MPLS models by 
considering the worst case scenario, to estimate the 
minimum number of VoIP calls that a network can 
support with acceptable quality. We consider the 
background traffic excluding the VoIP traffic to be as 
50 % of link capacity, as explained in [16] 60% of the 
link capacity is the max-utilization allowable of a link 
to protect it from bursts. 
Network Design 
The simulation of both IP and MPLs network is 
deployed in OPNET Modeler 14.5. the simulation 
consists of two scenarios with considering the same 
network topology. 

 Scenario 1 On the basis of MPLS network with 
TE. 

 Scenario 2 on the basis of IP network without 
TE. 
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1.1 MPLS simulation Model 

 
Figure MPLS simulation Model 

 
Fig 3.10 shows MPLS network based scenario which 
consists of the following network elements. 

 Two LER (ingress R1 and Egress R4) 
 Two LSR (MPLS R2 and MPLS R3) 
 Two VoIP stations (VoIP west and VoIP east) 
 Two switches SW1 and SW2 

DS3 links (44.736 Mbps) and 100 Mbps links are used 
for respectively connecting all the routers connection 
workstation to the two switches. 
 
TE is implemented in the above simulation model by 
using CR-LDP signaling protocol, which is 
configured in OPNET by defining FECs in MPLS 
definition attribute and also set LDP parameters in the 
routers. The CR-LSP which is established can be 
visible in the Fig.  3.10 as a blue colored link from 
ingress R1 to egress R4through routers MPLS R2. 
When the network congestion occurs, the traffic 
directed along CR-LSP path is evenly distributed in 
the MPLS network. This decreases the affection of the 
network congestion and increases the efficiency in 
utilizing the network resources. 
 
In the first Scenario VoIP traffic is send from VoIP 
west to VoIP east. The VoIP calls are established by 
configuring the application and profile definition 
attributes. We simulate both networks IP and MPLS in 
order to obtain packet end-to-end-delay, voice jitter, 
packet sent and packet received values. 
 
In the MPLS network model shown in above fig  there 
exist two paths which are ingress_ 
R1<->MPLS_R2<->Egress _R4 and 
ingress_R1<->MPLS_R3<->Egress_R4. Both paths 
are equidistant from source to destination. When the 
packets are routed, an IP network uses only one of the 
paths and does not consider the other path, as both are 
shortest paths, Since Traffic engineering is 
implemented in MPLS network, the network load is 
evenly distributed and makes MPLS an efficient 
technology. In IP network model fig.3.11the two paths 

are defined as IP_R1<->IP_R2<->IP_R4 and 
IP_R1<->IP_R3<->IP_R4. 
1.2 Conventional IP simulation Model 
Fig 3.11 shows the simulation scenario based on the 
conventional IP network without TE. In this scenario 
MPLS routers are replaced with normal IP routers. 
MPLS definition attribute, hence is not considered and 
the packets are routed using OSPF protocol. The VoIP 
traffic is transmitted between VoIP west and VoIP east 
and the procedure for setting up VoIP calls is similar 
to the MPLS scenario. 

 
Figure IP simulation Model 

 
1.3 Modeling of VoIP traffic in OPNET 
In order to model an application in OPNET, an object 
is available which is called application definition 
attribute. This attribute consists of predefined 
applications which can be modified as per 
requirements of the user. Some of the predefined 
applications in application definition attribute are 
HTTP, E-mail, Video, FTP, Voice, database etc.  
 

 
Fig Application Definition 

 
Figure 3.12 shows application definition attribute 
used in our simulation model. Three applications 
(FTP, video and voice) are modeled in our simulation 
by using the applications attributes. FTP and video 
applications are modeled in order to introduce 
background traffic in the simulation. The voice 
applications is modeled by configuring the (voice) 
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table which can be seen in Fig. 3.12 the VoIP 
application uses G.711encoder scheme and interactive 
voice (6) as the type of service for establishing the 
VoIP calls. 
After configuring the VoIP applications in application 
definition there is necessity is to define which work 
station will be using this VoIP application. In our case 
VoIP_ East and the VoIP_ west are the workstations 
(shown in Fig. 3.10 and Fig. 3.11) that will run the 
VoIP application.  
 

 
Figure profile Definition 

 
The behavior of work station is described by its Profile 
which is defined by using the Profile definition Fig. 
3.13 shows the profile definition object used in our 
simulation which describes, the start time of 
simulation is set 100 seconds and the VoIP application 
is repeated continuously till the end of simulation. It 
means the VoIP calls are established between VoIP_ 
West and VoIP_ East starting at 100 seconds and the 
calls are added continuously till the end of simulation. 
In OPNET, the task of calculating the minimum 
number of calls that can be maintained in the given 
network is done by configuring the profile definition. 
The profile is configured in a way that each VoIP call 
is added after a fixed interval of time and the process 
of adding the call is repeated till the end of simulation. 
The first VoIP call is established at the 100th second of 
simulation then for every 2 second a VoIP call is added 
to the simulation. The addition of VoIP call is done by 
repeating the VoIP applications for every 2 seconds in 
the profile definition. The process is repeated till the 

End of the simulation. In this way the VoIP calls are 
added continuously at fixed interval to the given 
network model, this approach makes it possible to 
determine the number of calls that can be maintained 
in the given network. 
 
IV. RESULTS AND DISCUSSION 
 
4.1 Comparison of the performance metrics 
For performance analysis in the MPLS network 
considering voice, End-to-end delay, jitter and packet 
delay variation were taken as our means of evaluation 
the results shown in Fig.4.1, Fig.4.2, Fig.4.3 and Fig. 
4.4 are the performance metrics obtained for MPLS 
and conventional IP Network. From the graphs it is 
observed that there is an increase in the performance 
when the VoIP traffic is transmitted using MPLS 
technology. 
 

 
Figure .Voice packets send and received 

 
For each scenario the duration of simulation is 420 
seconds. The VoIP traffic starts at 100th second and 
ends at 420th second of the simulation time. In both 
scenarios VoIP calls are added at fixed time intervals 
i.e., for every two seconds starting form 100th till 420th 
second. 
 
Fig. 4.1 gives the average number of packets send and 
received in both MPLS and conventional IP networks. 
By the end of simulation it is observed MPLS model 
gives more through put than the IP model. 
The simulation of MPLS and IP models are done 
considering the background traffic. It is observed form 
Fig. 4.1 that the voice packets start to drop from 240 
second in IP network whereas in MPLS voice packets 
are started to drop from 300 second. 
In the early packet drop in network indicates that it 
cannot establish the VoIP calls with acceptable quality 
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after 240 seconds. The VoIP calls established after 240 
seconds experiences loss of information due to the 
packet loss which cause voice breaks and voice skips. 
The Voice packet drops in MPLS network start at 300 
seconds due to the fact that MPLS delivery the packets 
with high transmission speed with low delays and 
moreover the TE is implemented in the MPLS 
network which temporarily reduces the congestion. 
Due to these factors the packet drop in MPLS 
networks starts at 300 second whereas in IP network 
the packet drop starts at 240 seconds, this increases 
the throughput in MPLS. 
Fig. 4.2 shows the Voice packet jitter of MPLS and IP 
network model. It is noticed that voice jitter starts to 
increase at 240 sec in IP network for MPLS network it 
start to increase at 300 second. 
Fig. 4.3 shows the Voice packet jitter of MPLS and IP 
network model. It is noticed that voice jitter starts to 
increase at 240 sec in IP network for MPLS it starts to 
increase at 300 second. The voice packet delay 
variation shown in Fig. 4.3 has same variation in 
graph as shown here.   
 

 
Figure 4.2 Voice Packet Jitter 

 

 
Figure Voice packet delay variation 

 
Figure 4.4 Voice packet End-to-End delay 

 
Above Fig shows the packet end-to-end delay of 
MPLS and IP network model. As explained earlier 
end-to-end delay in a network shouldn’t increase 
above the threshold value of 80 milliseconds in order 
that established VoIP calls are of acceptable quality. 
From Fig.4.4 it is noticed that end-to-end delay 
exceeds the threshold at 240 sec and the MPLS 
network reaches the end-to-end delay threshold at 300 
seconds. The IP network reaches the threshold early 
than MPLS network, is due to that TE is implemented 
in MPLS network. MPLS uses CR-LSPs for 
controlling the temporary congestion. In simulation 
CR-LSP is set from Ingress_R1 to Egress_R2 through 
R3 which is shown by ‘blue’ path in Fig. 3.10. In the 
NMPLS network the network are efficiently utilized 
compared to IP network.  
 
4.2 Calculating the number of VoIP  
As explained earlier the delay in the network must not 
exceed the threshold value of 80 ms to maintain the 
minimum number of VoIP calls with acceptable 
quality. The numbers of VoIP calls that can be 
maintained in the MPLS and IP networks are 
estimated using the End-to-End delay graph. Fig. 4.5 
shows the End-to-End delay statistics of the IP 
network and Fig.4.6 shows the End-to End delay 
statistics of the MPLS network model. 
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Figure IP network End-to-End delay 
From the Fig.4.5 it is noticed that in conventional IP 
network the End-to-End delay crosses the threshold 
value of 80ms at 243 seconds, whereas in MPLS 
network from Fig. 4.6 the End-to-End delay crosses 
threshold value at 298 seconds. 
 
As explained in section 3.3.5 that in the OPNET the 
VoIP calls are added to the network by configuring the 
Application definition and profile definition. The 
configuration is done so that the each call is added for 
every 2 seconds and the addition of calls start from 100 
second of the simulation to end of simulation. (100 
second is considered because in the simulation, the 
start time of VoIP application from source to 
destination is at 100 second). 
 
In each scenario the total number of call established is 
given by calculating total simulation time i.e., from 
100 to 420 seconds. Since for every 2 seconds one call 
is added to the network so that the total number of 
calls maintained in the network is (420-100)/2=160 
VoIP calls. (These are number of VoIP call established 
in each scenario i.e., for IP and MPLS model) 
 

 
Fig. MPLS network End-to-End delay 

 
Number of calls maintained in both networks with 
acceptable Quality: 
In IP network around 240th second (see fig. 4.5) the 
threshold is reached i.e. 80 millisecond, the VoIP calls 
calculated are from 100 to 240 seconds, as we are 
adding a VoIP call for every 2 seconds. 
Total number of VoIP calls maintained with 
acceptable quality in IP network is: 
(240-100)/2 = 70 VoIP calls with acceptable quality. 
Total number of VoIP calls maintained with 
acceptable quality in MPLS network is: 
(300-100)/2 = 100 VoIP calls with acceptable quality. 
In MPLS network around 300th (see Fig. 4.6) the 
end-to-end delay threshold is reached which is at 
80ms. 

The calls calculated in both network models are varied 
depending on traffic conditions and the network 
topology. 
CONCLUSION 
 
The main objective of the research paper is based on 
performance analysis of conventional IP network and 
MPLS traffic in respect to VoIP traffic. The 
performance analysis is followed by presenting an 
approach in OPNET to estimate the minimum number 
of VoIP calls that can be maintained in the MPLS and 
IP networks. The performance analysis in both 
networks is made on focusing on the performance 
metrics such as Voice jitter, Voice packet delay 
variation, Voice End-to-End delay, voice packet send 
and received. 
Based on the simulation results it can be concluded 
MPLS provides best solution in implementing the 
VoIP application (internet Telephony) compared to 
conventional network because of the following 
reasons  
 Routers in MPLS take less processing time in 

forwarding packets this is more suitable for the 
applications like VoIP which passes less tolerant 
to the network delays. 

 Implementation of MPLS with TE minimizes the 
congestion in the network TE in MPLS is 
implemented by using signaling protocols such as 
CR-LDP and RSVP. 

 MPLS suffers minimum delay and provides high 
throughput compared to conventional IP 
networks. 
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