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ABSTRACT

Multimedia real-time session services, such as voice and
videoconferencing with Quality of Service support is
challenging task on Mobile Ad hoc Network (MANETS). For
providing multimedia services and Voice over Internet Protocol
in  MANET, support for Session Initiation Protocol ( SIP) is
essential .The goal of QoS provisioning is to achieve a more
deterministic network behaviors, so that information carried by
the network can be better delivered and network resources can
be better utilized. In this paper, we have analyzed various QoS
parameters on different routing protocols for the voice
transmission using OPNET simulator. The performance metrics
comprises of QoS parameters such as packet delivery ratio, end
to end delay, packet delay variation, routing overhead,
throughput and jitter.
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1. INTRODUCTION

MANET is a collection of wireless mobile nodes which
dynamically forms a temporary network without the use of any
existing network infrastructure or centralized administration.
MANET possess different features in the form of dynamic
topologies, bandwidth-constrained, variable capacity links,
energy constrained operation and limited physical security. The
increase in multimedia, military application traffic has led to
extensive research focused on achieving QoS guarantees in
current networks. The QoS parameters differ from application to
application e.g., in case of multimedia application bandwidth,
jitter and delay are the key QoS parameters [1].Two major
trends in technology can be observed over the last decade:
pervasive communication and the Internet. Pervasive
communication is slowly but surely becoming an integral part of
our daily life. The Internet has also become a central aspect for
almost everybody, both in business, at home or during
education. It is thus essential for us to bridge those two
technologies, where future wireless communication systems are
expected to provide a broad range of multimedia services.
MANETS are reaching a stage where they can support these
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services in order to provide an infrastructure useful for the
common user. Thus, the interconnection of MANETS to fixed
infrastructure based IP networks is very important in order to
provide the ubiquitous user access internet anywhere at any time
[2], [3]. In such scenarios, also known as “Internet connected
MANET”, or “hybrid MANET”, the user within an Ad hoc
network will get access to the public internet by using the packet
forwarding capabilities of intermediate Ad hoc network nodes
towards the Access Router (AR) or gateway to the Internet,
providing the user with access to different services through a
diversity of interconnected networks (fixed, wireless and Ad hoc
networks). To offer advanced services, such as multimedia
communication for hybrid MANETS, the support of Voice over
IP (VolIP) is required. Ad Hoc On-Demand Distance Vector
(AODV), and Dynamic Source Routing protocol (DSR),
Optimized Link State Routing protocol (OLSR) (proactive) and
temporarily Ordered Routing Algorithm (TORA) are the key
protocols that have been considered for the investigation. IN this
paper figure 1, illustrates two different MANETs which are
connected through internet to form a Hybrid MANET and they
can make voice calls to each other using VVolP application.
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The rest of paper is organized as follow. Section 2, deals with
related work, Section 3, gives an overview of routing protocols,
performance metrics in section 4, Section 5 simulation results
and analysis are discussed and section 6 concludes the paper.

2. RELATED WORK

The performance of different reactive routing protocols, such as
the Ad Hoc On Demand Distance Vector (AODV), Dynamic
Source Routing (DSR) and Temporally-Ordered Routing
Algorithm (TORA), with variation in load of real-time traffic is
evaluated in [4]. These routing protocols have high transmission
delay as they determine the routing table only if there is traffic
in the network. In [5], the performance of VoIP systems in an
Ad hoc network with stationery nodes using two routing
protocols: Ad hoc on-demand distance vector (AODV) and
Optimized Link State Routing (OLSR) is analyzed. In [6] the
deployment of VolIP services with the AODV routing protocol
and analysis of different performances metrics, such as jitter,
one-way delay, frequency of service interruptions and their
duration is made. An integrated SIP-based session establishment
mechanism with extensions of the DSR over MANET through
effectively applying the cross-layer design between the
networking routing protocol and the application layer SIP
method is proposed in [7]. In [8], a novel service discovery
mechanism for supporting SIP-based multimedia session
services over a proactively routed MANET is proposed.
Performance evaluation results reveal that the distributed proxy-
less architecture is more robust as it is not constrained by the
location and capacity of the proxy server, and may thus deliver
relatively better session application performance, e.g., higher
throughput and lower setup latency. The limitations of SIP
service scalability when centralized proxies/registrars located in
the Access Networks are used by MANET nodes is analyzed
[9]. In [10] performance of Signaling Compression (SigComp)
to reduce session setup delay with different compression
algorithms in Mobile Ad hoc Networks (MANETS) taking
account The related work does not give any information about
MANET routing protocol which can offer better the voice
transmission .In this paper, we have analyzed the performance
of some routing protocols (AODV, DSR, OLSR and TORA)
during voice transmission in term of certain QoS parameters.

3. DESCRIPTION OF THE PROTOCOLS

3.1 Ad hoc On Demand Distance Vector
(AODV)

AODV routing protocol is also based upon distance vector, and
uses destination numbers to determine the freshness of routes. It
operates in the on demand fashion, as opposed to the proactive
way of the DSDV protocol. AODV is capable of both unicast
and multicast routing [11]. AODV requires hosts to maintain
only active routes. An active route is a route used to forward at
least one packet within the past active timeout period. When a
host needs to reach to destination and does not have an active
route, it broadcasts a route request (RREQ), which is flooded in
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the network. A route can be determined when RREQ is received
either by the destination itself or by an intermediate host with an
active route to that destination. A route reply (RREP) is unicast
back to the originator of RREQ to establish the route. Each host
that receives RREQ caches a route back to the originator of the
request, so that RREP can be sent back. Every route expires
after a predetermined period of time. Sending a packet via a
route will reset the associated expiry time. It uses HELLO
message to determine the connectivity among the neighbours.
Features of this protocols include lop-freedom and that link
breakage cause immediate notification to be sent to the affected
set of nodes.

3.2Dynamic Source Routing (DSR)

DSR is a multi-hop routing protocol proposed for MANETS
[11]. It is based on the concept of source routing in contrast to
hop-by-hop routing. It includes two mechanisms, route
discovery and route maintenance. Route discovery is the process
by which a source node discovers a route to a destination for
which it dos not already have a route in its cache. The process
broadcasts a RREQ packet that is flooded across the network in
a controlled manner. In addition to the address of the original
initiator of the request and the target of the request, each RREQ
packet contains a roué record, which records the sequence of
hops taken by the RREQ packet as it propagates through the
network. RREQ packets use sequence numbers to prevent
duplication. The request is answered by a RREP packet either
from the destination or an intermediate node that has a cached
route to the destination. DSR uses aggressive caching to reduce
the frequency and propagation of route discoveries. The original
design of DSR [12] uses a path cache which stores whole source
routes. Another design, called a link cache proposed in [13],
stores individual links of routes to build a topological graph of
the network. The route maintenance procedure monitors the
operation of the route and informs the sender of any routing
errors. If a route breaks due to a link failure, the detecting host
sends a RRER packet to the source which upon receiving it,
removes all routes in the host’s cache that use the hop in error.

3.3Temporally ordered routing algorithm

TORA [14] is a source-initiated on-demand routing protocol
which uses a link reversal algorithm and provides loop-free
multipath routes to a destination node. In TORA, each node
maintains its one-hop local topology information and also has
the capability to detect partitions. TORA incurs less control
overhead and the local reconfiguration of paths results in non-
optimal routes. The distance metric used in TORA which is
nothing but the length of the path, or the height from the
destination. H(N) denotes the height of node N from the
destination. TORA has three main functions: establishing,
maintaining, and erasing routes. The route establishment
function is performed only when a node requires a path to a
destination but does not have any directed link. This process
establishes a destination-oriented directed acyclic graph (DAG)
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using a query/update mechanism. TORA incurs less control
overhead and the local reconfiguration of paths results in non-
optimal routes.

3.4 Optimized Link State Routing

OLSR [15] is a proactive routing protocol for MANETSs. OLSR
is an optimization over the classical link state protocol, tailored
for MANETSs. OLSR minimizes the overhead from flooding of
control traffic by using only selected nodes, called MPRs, to
retransmit control messages. This technique significantly
reduces the number of retransmissions required to flood a
message to all nodes in the network. Secondly, OLSR requires
only partial link state to be flooded in order to provide shortest
path routes. The minimal set of link state information required
is, that all nodes, selected as MPRs, must declare the links to
their MPR selectors. OLSR may optimize the reactivity to
topological changes by reducing the maximum time interval for
periodic control message transmission. Furthermore, as OLSR
continuously maintains routes to all destinations in the network,
the protocol is beneficial for traffic patterns where a large subset
of nodes are communicating with another large subset of nodes,
and where the [source, destination] pairs are changing over time.
The protocol is particularly suited for large and dense networks,
as the optimization done using MPRs works well in this context.
The larger and more dense a network, the more optimization can
be achieved as compared to the classic link state algorithm.

3.5 Session Initiation Protocol

SIP is an application layer control protocol used for establishing,
modifying and tearing down multimedia sessions, both unicast
and multicast. It has been standardized within the IETF for the
invitation to multicast conferences and Internet telephone calls
[16].The most important SIP operation is that of inviting new
participants to a call. To achieve this functionality we can
distinguish different SIP entities:

Proxy server: A proxy server receives a request and then
forwards it towards the current location of the callee either
directly to the callee or to another server that might be better
informed about the actual location of the callee.

Redirect server: A redirect server receives a request and
informs the caller about the next hop server. The caller then
contacts the next hop server directly.

User Agent (UA): A logical entity in the terminal equipment
that can act as both a User Agent Client (UAC) and a User
Agent Server (UAS).

Registrar: The register server is mainly thought to be a database
containing locations as well as user preferences as indicated by
the user agents.

In detail, a SIP call setup is essentially a 3-way handshake
between a caller (UAC) and a callee (UAS). For instance, the
main legs are an INVITE (to initiate a call) message, a 200 OK
(to communicate a definitive successful response) message and
an ACK (to acknowledge the response) message. However,
implementations can make use of provisional responses, such as
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180 RINGING message. 180 RINGING message indicates that
the callee (UAS) receiving the INVITE message is trying to alert
the user. The call setup is followed by the actual media transfer
(speech and video) using the Real-time Transport Protocol
(RTP) [17]. The release of the call is made by means of the
BYE; message and the successful call release can be
communicated through a 200 OK message.

4 PERFORMANCE ANALYSIS

The performance of Routing protocols during transmission of
Voice is simulated using OPNET simulator. Figure 2(a-d) shows
the simulation parameters and configuration of Routing
Protocol, Proxy Server, SIP Client ,Voice Encoding and Voice
Table Configuration on each Nodes is depicted in figure 3(a-€) .

4.1 Performance Metrics
The performance metrics includes the following QoS parameters
such as PDR (Packet Delivery Ratio), Throughput, End to End
Delay, Routing overhead and Jitter.

Packet Delivery Ratio: The fraction of packets sent by the
application that are received by the receivers.
End-to-end delay: indicates how long it took for a packet to
travel from the source to the application layer of the destination.
Jitter: Jitter is the variation in the time between packets
arriving, caused by network congestion, timing drift, or route
changes.

Throughput: The throughput is defined as the total amount of
data a receiver receives from the sender divided by the time it
takes for the receiver to get the last packet.
Routing Load: Routing Load is the ratio of total number of the
routing packets to the total number of received data packets at
destination.

Packet Delay Variation: Difference in “end-to-end delay”
between selected packets in a flow is called Packet Delay
Variation.

5. SIMULATION
ANALYSIS

The parameters used for simulation and different scenario on
which they are analyzed are shown in Table 1 and Table 2
respectively. The Hybrid MANET consist of 16 different hybrid
devices in the form of PDA and laptop to participate in voice
communication along with a SIP proxy server configured to
provide SIP proxy services to the SIP clients (mobile nodes) as
shown in figure 4 .

RESULTS AND

Table 1: Simulation Parameters

Parameters Value
Simulation Time 600 sec
Number of nodes 16

Ad hoc Network 02
Proxy Server o1

Router/Access Point
Internet Connection
Ad Hoc Protocols

01 Node(8)
2

AODV,DSR. TORA,OLSR
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Figure 4 Scenario for Hybrid MANET for the voice communication

Table 2: List of Scenarios Used in Simulation

Scenario Name Ad Hoc Protocol Used
Scenariol AODV | AODV

Scenario2_ DSR DSR

Scenario3_OLSR OLSR

Scenario4d_ TORA TORA

For simulation, we have configured the mobile devices to
support the different protocols and then generated the VolP
traffic. The mobile devices have been categorized in two
different groups: Calling node and Called node as indicated in
figure 5 and table 3.

Voice Application: It is installed on each node to support voice
communication.

Voice Calling Node: It makes a call to called node.
Voice Called Node: It receives a call made by calling node

Figure 5 Calling and Called nodes in MANET

Table 3: WVoice Communication Setup

Calling node Called node
M-3 N1

M-7 N-13

N-10 N-11

The Figure 6 and 7 illustrates that the SIP active calls are
increased over the time and SIP Clients (mobile nodes) are
making requests to start the voice communication to the SIP
proxy Server .Table 4 shows the Call Setup Time, Active Calls,
Voice Traffic Sent and Voice Traffic Received over different
Routing Protocols.

SIP UAS. Active Calls

UAS Active Calls

0.0 —n—J 1 v

om sm 10m

Time

Figure 6 Shows that SIP Active Calls which are increased over the time.

B scenariol _AODY
BB scenario2_DSR
W scenario2_OLSR
scenarioZ_TORA
SIP UAS.Call Setup Requests
1.000 -

0.875

0.7s0

0.625

0.500

0.375

0.zs0

0.125

UAS Call Setup Requests

0.000
T T 1
10m

Time

Figure 7 shows that SIP Clients (mobile nods) are making requests to start the voice communication
to the SIP proxy Server.
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Table 4 Shows the Call Setup Time, Active Calls, Voice Traffic Sent and Voice Traffic Received. M scenariol_AODY

M scenario2_DSR
W scenario2_OLSR

Protocols | SIP UAS Call Setup SIP UAS Voice Traffic Voice Traffic scenario2_TORA T,
. Woice.Pac nd-to-End Delay {sec
Requests Active Calls Sent (Packets) | Received (Packets) 7
AODV 24 8 70566.17 30987.5 26 R
E 1
DSR 19 28 423817 7660.667 2 ] M \ A M
OLSR 2% 78 7125233 3292383 & [ ¥ "V
o
TORA 23 66 34434.67 s '8 4 L 1IG8I JiT1808 |
5 & ' ]
T 3 - = .
: A
M scenariol _AODY © l
M scenario?_DSR % 2 th‘ A an—A A ] ‘VA
W scenarioz_OLSR 2 -
scenario2_TORA g J’ \ ﬁ i A ‘-’M ﬁl J MAA\J"
Voice. Traffic Sent (packets/sec) 1 ¥ — — "V | Al L (
1,250 J\{
% I 1
Om Sm 10m
500 Time
Figure 10 Voice Packet End-to-End Delay
750
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© 0.4
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8
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Figure 8 Voice Traffic Sent 0.0 N D ey PELIN X LA
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W scenario2_OLSR
scenario2_TORA ) ) Time
& Voice. Traffic Received {packets/sec) Figure 11 Shows Voice Jitter
/\ The end-to-end delay in OLSR and AODV is lower side and is
500 ! P — maximum in TORA and DSR as shown in figure 10. Figure 11
8 - - - - - .. -
% \ A l J illustrates the comparative results in which maximum jitter is
g i produced in DSR and TORA and is lower side in case of OLSR
g L Wy and AODV.
= 300 . 4
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Figure 9 Voice Traffic Received rII
Figure 8 and 9 illustrates that the number of packets sent and 1 oo s i . !
received in OLSR and AODV are maximum and are lower side e
In TORA and DSR Figure 12Voice Packet Delay Variation

The Packet Delay Variation in TORA and DSR is maximum as
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compared to other protocols and in case of OLSR and AODV it
is minimum as depicted in figure 12. Tables 5 summarize the
performance of different routing protocols under various QoS
parameters.

Table: 5 Performance analysis of different Routing protocols

Pratocols | Throughput | Packet | Routing | End-to- | Jitter | Packet
Delivery | Load end- Delay
Ratio delay Variation

AQDV | 52.16 4391 32 14564 |02 95.097

DSR 1291 18.11 6.52 34982 | 123 41221

OLSR | 5542 46.20 3.16 106.83 | 0.13 34.69

TORA | 2438 42.05 337 29406 1055 629.62

6. CONCLUSION AND FUTURE SCOPE

Finally, we have concluded that it is possible to launch voice
transmission with acceptable quality and throughput over
Hybrid MANETSs. The overall performance of OLSR is best as
all QoS parameters has favourable results as indicated in Table
5.The performance of TORA protocol is less than OLSR and
AODV protocol but it is better than performance of DSR
protocol. DSR protocol has minimum throughput and maximum
end-to-end-delay with highest jitter and all these factors make
this protocol unsuitable for voice transmission. As per analysis,
we can conclude that OLSR protocol is best performer as
compared to all other protocols and DSR protocol is the worst
performer. In future this work can be extended to provide the
support Video Conferencing, Real time remote surveillance
system and MANET based Battlefield Communication System.
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