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Abstract—In a Mobile Ad-hoc Network (MANET), no fixed
access points are present and thus there exists no physical or
fixed routing infrastructure. This forces each node in a
MANET to act not only as a host, but also as a router. Routing
is a critical factor for the effective operation of a MANET.
Many proposed MANET routing protocols are best effort
protocols and do not consider the quality of service that can
be provided by the routes that are used. Modern real-time
multimedia applications often require strict bandwidth and
delay guarantees.
We extend the AODV routing protocol for MANETs to
consider end-to-end delay requests from applications. Voice
and video services are now able to request the maximum delay
that the paths it will use should provide. Stationary and
Mobile Ad-hoc Networks are simulated in OPNET and results
prove that the end-to-end delay is greatly improved for these
real-time services. The packet delivery fraction is also
improved in most scenarios, thus, selected routes are more
reliable than before.
Index Terms—Mobile Ad Hoc Networks, Quality of Service,
AODV, Real-time Services, End-to-end Delay.

I. INTRODUCTION

M

OBILE Ad hoc Networks (MANET) are a subset of
wireless networks. In these type of networks, no
physical or control infrastructure is present. With no fixed
infrastructure, nodes communicate by transmitting data
directly to other nodes. However, communicating nodes
may not always be in each other’s transmission range. In
such cases, nodes communicate with each other by using
multi-hop routes, thus, any node in a MANET should be
able to perform the task of a router and forward packets
from a source in the network, to a destination. Furthermore,
such networks should be self organized and accommodative
to node mobility. [1]
The three main characteristics of MANETs that
contribute to their dynamic and uncertain nature are node
mobility, limited transmission bandwidth and limited
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energy resources of mobile nodes [2]. Mobile Ad hoc
Networks are very useful in military deployments, disaster
rescue operations and electronic classrooms. All of these
are scenarios where no network infrastructure is available,
but communication is crucial and has to be real-time and
reliable. [1, 3]
Routing is a critical factor for the effective operation of a
MANET. The dynamic topology of MANETs, limited
bandwidth, power limitation of mobile devices, the limited
physical security and lack of centralized control make
routing a challenging task in these networks [3, 4, 5].
Multiple Quality of Service (QoS), security or other
requirements of modern network applications make the
routing problem even more involved than before [6].
The growing demand for such infrastructure-less
networks brings the question of QoS guarantees to the
horizon [5]. Real-time service provisioning in wireless
networks is a challenging task. This is due to the variation
of QoS requests, the dynamic and distributed nature of
mobile networks, high bit error rates and frequent link and
node failures in mobile networks. Furthermore, applications
often demand high bandwidth, flow synchronization and
are delay sensitive [5, 7]. To ensure that the performance
requirements of different network applications will be met,
a MANET should be able to service multiple QoS requests
of applications.
Reactive routing protocols discover, store and maintain a
route, or routes, to a destination only when communication
with the destination node is required. The route discovery
process is thus real-time and reduces control traffic
overhead; however, route discovery latency together with
frequent route discovery attempts can greatly degrade the
real-time performance of a MANET [1, 2]. The most
popular and studied on-demand routing protocols for
MANETs include Dynamic Source Routing (DSR) [8],
Temporally Ordered Routing Algorithm (TORA) [9] and
the Ad hoc On-demand Distance Vector (AODV) routing
protocol [10].
We propose to extend the AODV protocol, allowing
applications to request a maximum end-to-end transmission
delay. When new routes are discovered, the node-to-node
and end-to-end delay are monitored and recorded in the
routing tables. Application packets are transmitted only if a
route’s recorded delay is less than the requested delay.
The rest of the paper is organized as follows: Section II
gives an overview on related work, which is also used as the
foundation of this study. Section III summarizes the
proposed extension of the AODV protocol. In section IV,
the simulation setup is discussed and the results are

displayed and discussed in section V. Section VI contains a
brief discussion of the study.

II. RELATED WORK
A. The AODV routing protocol [10]
The AODV routing protocol is a layer 3 protocol for ad
hoc networks that provides dynamic, self starting, multihop routing between nodes in such a network. It can adapt
quickly to dynamic link conditions, it has low processing
and memory overhead, and low network utilization. Loop
freedom is guaranteed, and the Bellman-Ford “counting to
infinity” problem is eliminated by using destination
sequence numbers. When a specific link is no longer
available, AODV notifies all nodes that used this link as
part of an active route.
AODV uses three message types in its operation; Route
Requests (RREQ), Route Replies (RREP) and Route Errors
(RERR). These are UDP packets that use normal IP
headers.
When a node wants to send data to a new destination, or
a destination to which it does not have a valid route, it
creates and broadcasts a RREQ packet. Either the
destination node, or an intermediate node with a valid route
to the destination, can reply with a RREP packet to this
RREQ packet.
A newly discovered route is only accepted as valid if the
associated sequence number is as least as high as the
sequence number in the RREQ packet. The sequence
number in the RREQ is the number provided by the
destination for the last known valid route to the specific
destination. Each node in a MANET keeps track of a
monotonically increasing sequence number for itself. It also
records the highest known sequence number of each
destination node that it wishes to communicate with. These
are known as destination sequence numbers. This
destination sequence number is used in all packets that are
sent to the specific destination. [2]
On the reception of a RREQ packet, an intermediate
node first stores a route back to the originator of the RREQ
packet before forwarding the RREQ packet. This is used in
the case where a RREP packet needs to be sent back to the
originator of the RREQ. Duplicate copies of a specific
RREQ packet are discarded by any node. [2]
Each node is responsible to monitor the link status
between itself and every next hop in all active routes of
which the node is part of. If any link is no longer available,
the node should notify all other nodes in its precursor list
that used the link in one or more active routes, by sending a
RERR message. A precursor list is a list in which a node
keeps the IP addresses of all the nodes that is likely to use
the node as a next hop toward a specific destination. [2]
Any node can update its own routing information via a
RREQ or a RREP packet. Upon receiving updated routing
information in such a way, the following update rule is
evaluated [2]:

if (seq_nrd i < seq_nrdj) or
((seq_nrdi = seq_nrd j) and
(hop_countdi > hop_countdj))
then
seq_nrdi := seq_nrdj;
hop_countdi := hop_countdj + 1;
next_hopdi := j;
endif
The notation applies for a node i which receives routing
information to destination d from a neighbor j. The
destination sequence number, hop count and next hop for a
destination d at node i is represented by seq_nrdi,
hop_countdi and next_hopdi respectively.
B. QoS extensions
Some QoS routing protocols for MANET have been
proposed [5, 11, 12], as well as extensions to existing
protocols, enabling them to consider one or more QoS
requests by applications [13, 14, 15, 16]. Only a few
extensions have been proposed for AODV and of them, the
focus area is mainly the provision of bandwidth guarantees
[14, 15, 16].
The overall operation of AODV is relatively lightweight
and efficient. Its main drawback when it comes to real-time
multimedia services is the fact that it uses the first and
freshest discovered route which is not necessarily the best.
Our initial simulations, which confirms the results in [17]
and [18], showed that AODV in most cases outperforms
other well known non-QoS protocols such as DSR and
TORA in terms of throughput, delay and jitter. This makes
AODV a good candidate for the implementation of new
QoS extensions.

III. DELAY AWARE AODV (DA-AODV)
We used the proposed QoS for AODV in [13], with
variations on some concepts, as basis for our delay aware
extension of AODV.
In order to classify the type of data contained in an
application packet, the Type of Service (ToS) field in the
Internet Protocol (IP) header is used. The default values of
160 for Interactive Multimedia and 192 for Interactive
Voice are used.
Whenever an application packet is ready for transmission
and no valid route is available, the route discovery process
is initiated as in AODV. The RREQ and RREP packets are
now modified to contain a delay field in which the
accumulated delay up to node i is recorded. Whenever a
node receives one of these packets and needs to update its
route table, this route delay value is stored with the specific
route entry. This happens for the source, destination and
intermediate nodes. Now, if an application requests a route
to a specific destination node, the requested delay is
compared with the route delay stored in the route table if a
valid route is available. A route is only selected if the route
delay is the same or less than the requested delay.
Once a first route to a destination is discovered, it is

stored in the route table, no matter the delay of the route.
From thereon, if new routes to the destination are
discovered, a modified version of the update rule described
in section II [10] determines whether or not the new route
is preferred above the existing route. The metrics
considered in the AODV update rule, which is primarily
route freshness and secondly minimum hop count (for equal
route freshness), are now replaced with minimum delay and
route freshness on equal basis. Thus, a new route will not
be used if it has a higher delay than the existing route.
The modified update rule is as follows:
if ((seq_nrdi <= seq_nrdj) and
(route_delaydi > route_delaydj))
then
seq_nrdi := seq_nrdj;
hop_countdi := hop_countd j + 1;
next_hopdi := j;
endif
As in AODV, each node broadcasts a Hello message
locally every HELLO_INTERVAL milliseconds to offer
connectivity information [10]. The format of a RREP
packet is used for Hello messages. The delay field in the
extended RREP message is also used in Hello messages to
record link delay. Upon receiving a Hello message, a node
compares the link delay with a delay threshold which is
permitted per link. If the delay exceeds the threshold, the
QoS provided by the link is no longer acceptable and the
route table entry to the originator of the Hello message is
deleted. The Route Error notification mechanism of AODV
then detects the “broken link” and notifies all sources that
was using this link in one or more active routes.
A more elegant solution would be to inform all nodes
using the specific link in an active route of the precise
change in delay, but this would require more extensive
coding. The proposed solution is very efficient for its
simplicity. The fact that the simulated services have the
same delay requests contributes to this. Once services with
different requests are running on the same network,
assigning a threshold to the delay permitted per link would
be less efficient. The second proposed solution (delay
change notification) would be preferred in such networks.
A final extension is made to AODV to ensure that
packets that are queued for route discovery are dropped if
they are queued for longer that a maximum accepted delay
period, typically 400 milliseconds for real-time traffic [19].

IV. SIMULATION SETUP
OPNET Modeler was used to perform network
simulations. The basic scenario setup is as follows: An adhoc network containing 81 nodes is set up over a physical
area of 100x100 meter. A total of six nodes are set up to
perform GSM quality Voice-over-IP (VoIP) communication
and six other nodes to perform low quality (128x120 pixels,
10 fps) video conferencing. Simulation runs are divided
into four main scenarios. In two of the four scenarios, the

TABLE I
GENERAL NETWORK PARAMETERS
Parameter

Value

Units

Network Area
Wireless Nodes
Transmission Power
MAC Layer Protocol
Data Rate

100x100
81
5x10-5 or 2x10-5
IEEE 802.11b
5.5

meter (m)
none
watt (W)

Buffer Size
Node Speed
(mobile scenarios)
Link Delay Threshold
Active Route Timeout
Simulation Time

256000
[0, 5]

Megabits/second
(Mbps)
bits
meter/second (m/s)

0.1
1
1200

seconds
seconds
seconds

TABLE II
VOICE-OVER-IP PARAMETERS
Parameter

Value

Voice Nodes
Encoder Scheme
Voice Frames per Packet
Max. Delay Request

6
GSM
5
0.15

Units
nodes
frames
seconds

TABLE III
VIDEO CONFERENCING PARAMETERS
Parameter

Value

Video Nodes
Frame Inter-arrival Time
Frame Size
Max. Delay Request

6
10
128x120
0.15

Units
nodes
frames/second (fps)
pixels
seconds

transmission power is set to 5x10-5 W, which enables every
node in the network to communicate directly with every
other node, thus, creating a single-hop network. In these
two scenarios, the one is configured to be a static network
and the other to be mobile. In scenarios three and four, the
transmission power is set to 2x10-5 W, forcing nodes in
most cases to use multiple hops to communicate with other
nodes. Again, one static and one mobile scenario is
configured.
These four scenarios simulate large office network
configurations where on average six persons are busy with
VoIP and six other with video conferencing. In such an
office scenario, employees would mainly sit at their desks
(static scenarios), but can also move around with mobile
devices such as laptops, mobile phones or PDA’s
(mobile scenarios).
Tables I, II and III summarize the most important
simulation parameters. Other protocol specific parameters
are kept default as given in the AODV specification [10].
For each scenario, five tests of 20 minutes each are
performed, each with a different seed value, used for
random number generation. Random numbers are used for
certain stochastic events during the simulation such as node
movement and data destination selection.

V. SIMULATION RESULTS
Figures 1 to 8 illustrate the average packet end-to-end
delay obtained from the simulations, for both AODV and
DA-AODV. End-to-end delay for video and voice packets is
illustrated separately. The graphs show the average delay

taken over all five simulation runs for each scenario. In all
scenarios and tests, the packet end-to-end delay is
dramatically improved, and higher packet delivery fractions
compared to AODV, occur in most cases.
Table IV summarizes the average delay of all five tests
per scenario, as well as the delay experienced in worst cases
based on the percentage improvement on the delay
experienced with AODV. It also contains the average and
worst case improvements of packet delivery fractions
(P.D.F.), delay variance, as well as the increase in routing
load.
The packet delivery fraction for video packets is
improved in all tested scenarios with a maximum
Video Packet End-to-End Delay
(Static Single-hop Netw ork)

improvement of 60.71%. The increase in average routing
load varies between 5.20% and 152.15%, with an average
increase of 50%.
The average improvement in delay variation is rather
consistent (between 80% and 100%) for video traffic, as
well as voice traffic in static scenarios. The average
improvements for voice delay variation in the mobile
scenarios are 73.71% and 65.98%. Only one test run
showed worse delay variation than AODV. This occurred in
the mobile multi-hop scenario of which the average delay
was also the worst.
The fact that MANETs have a very random nature
contributes to the variation in the performance
improvements. The availability of routes that meet the
specified criteria are the most critical, yet uncertain factor
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improvement of more than 137 times (from 0.66% for
AODV to 91.31% for DA-AODV) and a minimum
improvement of 26.07%. In 95% of the test runs the
improvement was above 100% and in 60% of the tests it
was more that 10 times. For voice packets, 70% of the test
runs showed a higher packet delivery fraction than AODV
with a maximum improvement of 96.13%. The worst
delivery fraction of voice packets occurred in a mobile
multi-hop network scenario. The delivery fraction was
24.93% worse than that of AODV, but it had a delay
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that influences the performance of the protocol. Although
the improvements in the mentioned parameters vary within
limits, the end-to-end delay improvement, which is the
focus of this study, is rather consistent (Table IV).
In the single-hop scenarios, it might seem as if the
protocol can’t really improve delay since only one singlehop route exists between every source-destination pair. DAAODV does not produce smaller link delays in these
scenarios (or multi-hop scenarios), but does improve packet

TABLE IV
ACHIEVED END-TO-END DELAY AND OTHER QOS IMPROVEMENTS
Video Delay
Avg. Voice
Voice Delay
P.D.F.
P.D.F.
Delay Var.
Improvement
Delay
Improvement
(Video)
(Voice)
(Video)
64.42%
0.279
85.47%
1624%
5.42%
95.87%
59.90%
0.286
82.07%
1009%
1.84%
93.82%

Static Singlehop Network
Average
Worst Case

Avg. Video
Delay
0.220
0.246

Static Multihop Network
Average
Worst Case

0.136
0.194

64.81%
34.40 %

0.292
0.308

93.27%
86.60%

6108%
26.07%

24.86%
-15.42%

Mobile Singlehop Network
Average
Worst Case

0.274
0.304

54.14%
46.78%

0.342
0.433

82.95%
70.60%

1122%
484%

Mobile Multihop Network
Average
Worst Case

0.169
0.202

55.40%
45.79%

0.829
1.304

78.71%
60.71%

737%
192%

VI. CONCLUSIONS
In this study, a solution on how to improve packet endto-end delay in Mobile Ad-hoc Networks is proposed.
Results illustrating the effectiveness of the solution are
provided.
The focus was to improve packet end-to-end delay for
real-time multimedia applications. Although the delay was
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end-to-end delay by prohibiting packet transmission if the
link delay exceeds the requested delay. The result is better
network utilization since resources are not wasted if
communication is inefficient or unusable. It is also possible,
but rarely occurs, that a multi-hop route is selected over a
single-hop route if it offers lower delay (since delay is the
main metric and not hop count as in AODV).

Delay Var.
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dramatically lowered in all cases, the delay requests of
applications were not fully met (150 milliseconds for voice
and video). This is mainly due to factors in other layers of
the protocol stack which were not included in the scope of
this study. A potential influencing factor is packets being
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[13]

queued on the Medium Access Control (MAC) layer,
waiting to access the physical medium, as part of the
Collision Avoidance (CA) scheme used by the 802.11 MAC
layer protocol. This hypothesis is based on the fact that for
too strict delay requests (in the order of 50 milliseconds),
routing overhead increases significantly since less
acceptable routes are available, occupying more bandwidth.
This increases the delay of application packets as they are
queued for longer periods in order to get access to the
shared medium.
Nevertheless, the average packet end-to-end delay was
found to be less than 0.4 seconds (for 150 milliseconds
requests) in 75% of all tests. The ITU specifies that end-toend delay of up to 400 milliseconds is acceptable, as long as
users are aware of the high delay and the impact on
transmission quality due to it [19].
Higher packet delivery fractions in most cases show that
routes that are selected, not only provide lower delay, but
are also more reliable. Reasons for this could include higher
and more reliable signal strengths and the use of less
occupied nodes as intermediate hops, avoiding possible
bottleneck problems.

[14]
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