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SUMMARY It is predicted that there will be a high demand for video
applications in future wireless networks including wireless ad hoc net-
works. However, supporting video applications over mobile ad hoc net-
works is more complicated than with other networks due to the lack of sup-
port from a preinstalled infrastructure. In this paper, we tackle this problem
by adopting the concept of multipoint-to-point video transmission used in
wire-line networks. A novel framework designed with features to accom-
modate the characteristics of ad hoc networks is presented. There are two
key features in our proposal. First, Multiple Description Coding (MDC)
scheme is used for video coding to reduce the redundancy by avoiding
the transmission of duplicate video frames. Second, the routing protocol
is expanded to include finding disjoint routes from video sources to the
receiver so that a single link breakage or a single intermediate node fail-
ure affects transmission from only the minimum number of nodes. Fur-
thermore, the use of disjoint routes also enables the workload to be dis-
tributed more evenly within the network. A simulation study was carried
out using NS-2 to demonstrate the performance of the proposed mecha-
nism. We show that the proposed mechanism outperforms conventional
point-to-point transmission, especially under conditions of high mobility.
key words:  mobile ad hoc networks (MANETs), video transmission,
multipoint-to-point (MP2P) transmission, multiple description coding
(MDC), dynamic source routing (DSR)

1. Introduction

A Mobile ad hoc network is defined as a group of wire-
less devices that are capable of organizing themselves in a
mesh topology in order to find routes and relay packets from
each node to any other node within the network without the
support of a pre-installed infrastructure. The deployment of
these networks is expected to take place in critical environ-
ments such as during disaster or on battlefields, where pre-
installed infrastructure is not available. Recently, mobile ad
hoc networks have emerged as a promising solution for pro-
viding ubiquitous communications [1], [2] and their ability
to support various multimedia applications, including video,
is becoming a topic of intense interest [3]—[5]. Video trans-
port has rigid requirements on bandwidth, delay and jitter.
The commonly used low bit rate video compression meth-
ods can achieve high compression efficiency and good qual-
ity reconstruction under error free or nearly error free trans-
mission. However, the quality drops drastically when the er-
ror rate increases, which occurs regularly in lossy networks.
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Many research activities have been conducted with the aim
of providing good quality video streaming over lossy net-
works, and these include path diversity transmission [6]—[8],
multipoint-to-point transmission [9], [10], and layered video
transmission [11], [12] together with video coding schemes
which are more error-resilient [13]-[17]. These techniques
have been proven to be feasible in many types of lossy net-
work but this may not hold true in mobile ad hoc networks.
Video transmission over infrastructure-less ad hoc networks
faces greater challenges due to node mobility, which causes
continuous changes in topology. Furthermore, transmission
loss due to attenuation, interference and fading, and the re-
sultant error rate are usually higher in ad hoc networks than
in conventional single-hop wireless networks because an
end-to-end path in an ad hoc network is usually composed
of several wireless connections.

To address the aforementioned problem, a number of
solutions have been proposed for handling video transmis-
sion over mobile ad hoc networks. One of the solutions is
to use multistream coding with multipath transport [5], [18].
The Multiple Description Coding (MDC) scheme is used to
replace the conventional video coding scheme and generate
several independent and equally important video streams,
also known as video descriptions, in such a way that each
description can be decoded independently to reconstitute the
original video at low but acceptable quality, and any addi-
tional descriptions received increase the video quality above
the minimum level [19]. Unfortunately, the strength of the
MDC scheme is usually associated with a major drawback
in that a larger bandwidth is needed to convey the video
streams generated [20]. Therefore, using MDC alone does
not necessarily achieve the objective of improving video
quality, as demonstrated in [18]. In order to fully utilize
the strength of the MDC scheme, these descriptions need
to be transmitted over highly disjoint routes to ensure that
a route failure affects only the minimum number of video
descriptions. In this paper, we propose a framework that
combines multipoint-to-point (MP2P) transmission with the
MDC scheme to provide reliable video streaming over mo-
bile ad hoc networks.

The rest of this paper is organized as follows. In Sect. 2,
a literature review on the related work and a brief introduc-
tion to the concept of the MDC scheme are presented. A de-
tailed explanation of the framework of multipoint-to-point
video transmission is given in Sect.3. An extended ver-
sion of Dynamic Source Routing (DSR) protocol to support
MP2P transmission is also presented in this section. Sec-
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tion 4 gives details of a simulation study using NS-2 and
the evaluation parameters used. The simulation results are
presented and discussed in Sect. 5. Finally, conclusions and
possible future work are given in Sect. 6.

2. Background
2.1 Related Work

A considerable amount of work has been done in adopting
the concept of diversity for video transmission over mo-
bile ad hoc networks. Diversity can be achieved through
multiflow transport, for example, through path diversity or
server diversity. The concept of path diversity, commonly
known as multipath transport, involves the splitting of the
video into several parts and transmitting them via different
paths [5],[18]. In [5], Mao et al. proposed three point-to-
point video transport techniques that combined multistream
video coding with multipath transport. These techniques are
Feedback Based Reference Picture Selection (RPS), Lay-
ered Coding (LC) with selective Automatic Repeat Request
(ARQ), and Multiple Description Motion Compensation
Coding (MDMC). Their simulation demonstrated that the
key factor for successful multipath transport is the use of
disjoint routes to ensure that the losses experienced by each
video stream are independent. For this purpose, they pro-
posed an extended Dynamic Source Routing (DSR) proto-
col in order to ensure that two disjoint routes are maintained
continuously between the video source and the receiver. In
order to minimize packet lost due to topology changes, Wei
and Zakhor proposed the Robust Multipath Source Routing
Protocol (RMPSR), which builds a set of disjoint routes for
a source-receiver pair instead of just maintaining only two
disjoint routes [18]. In summary, both [5] and [18] have
demonstrated the implementation of path diversity together
with multistream coding schemes to improve the video qual-
1ty.

Supporting multiflow transport not only involves issue
at the network layer, but also at the higher layers, especially
the application and transport layers. The existing real-time
transport protocol (RTP) may not be able to support this
framework efficiently due to the rapid topology changes and
lack of reliable real-time connections in a mobile ad hoc net-
work. In order to tackle this problem, Mao et al. proposed
a multiflow real-time transport protocol (MRTP), which is
an extension of RTP, to facilitate multifiow real-time video
transmission over ad hoc networks [21]. MRTP is imple-
mented at the application layer to provide essential support
including session and flow management, data partitioning
and reassembly, traffic dispersion, data framing, timing and
quality-of-service feedback. The authors suggested three
application scenarios for this protocol, including point-to-
point multipath transmission, multipoint-to-point communi-
cation and multicast.

Apart from path diversity, the concept of server diver-
sity, more commonly known as multipoint-to-point commu-
nication, is also a feasible solution for improving video qual-
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ity. In [9] and [10], server diversity is employed to improve
video quality over packet-lossy wire-line networks. How-
ever, for ad-hoc networks, only path diversity has been em-
ployed to improve video quality, as elaborated above, with
respect to [5] and [18]. We believe that applying the server
diversity concept to mobile ad hoc networks offers good po-
tential, for two main reasons. First, the mesh topology of
mobile ad hoc networks, where each node is connected vir-
tually to other nodes within its transmission range, is itself a
readily available topology for multipoint-to-point communi-
cation (server diversity). Second, it has been demonstrated
that the introduction of MRTP provides a suitable platform
at the application and transport layers for real-time multi-
flow transport [21]. However, in order to achieve optimum
performance of the mobile ad hoc network, an efficient rout-
ing protocol at the network layer is required. Therefore, in
this paper we propose a framework for server diversity in a
mobile ad-hoc network, in order to tackle the routing issue at
the network layer. Specifically, we introduce a routing pro-
tocol at the network layer for mobile ad-hoc networks, for
multipoint-to-point communication. This work, which con-
centrates on routing at the network layer, is complementary
to MRTP investigation on multiflow transport at the trans-
port and application layers, and serves as an alternative to
path diversity for video transmission.

2.2 Multiple Description Coding (MDC)

Conventionally, video coding aims to encode the raw video
into a single stream of video frames suitable for storage and
transmission. Generally, these coding schemes use motion-
compensation prediction between frames, block-Discrete
Cosine Transform (DCT) for error prediction, and entropy
coding. One major problem of conventional video coding is
the propagation of errors when a single frame error affects
not only the current frame but also all subsequent frames,
until a frame with new prediction is received. In order to
combat this problem, layered coding is introduced to en-
code the video stream into two layers, i.e. a base layer and
an enhancement layer. In this case, the base layer alone is
enough to reconstruct the original video but at lower quality.
The enhancement layer is used to improve the video quality
further. In normal circumstance, both layers of video are
sent, but under a heavy traffic load, only the base layer is
sent. This method is more robust but the same problem may
occur if the base layer is lost, since the enhancement layer
is totally useless by itself. Consequently, with the MDC
scheme it is proposed to generate several equally important
and totally independent video descriptions. Each descrip-
tion can be decoded independently to obtain the original
video at low but acceptable quality, and every additional de-
scription received improves the quality further [19]. MDC
is more error-resilient than the conventional methods and it
has been proven to outperform conventional coding schemes
in most lossy networks [22].

Figure 1 shows the general form of MDC coding. Ini-
tially, the raw video stream is divided into several sub-
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Fig.1  Multiple Description Coding (MDC): (a) Encoding process; (b) Decoding process.

streams prior to the encoding stage. One of the simplest
ways to do this is the per-frame allocation scheme as shown
in Fig. 1(a) [23], [24]. Next, these sub-streams are encoded
independently to obtain several video descriptions. There
is no constraint on the selection of the type of encoder
used; either a standard video encoder such as H.264 [25]
and MPEG4, or a specifically designed MD encoder [23]
may be used. As compared to a single video stream, a
higher bandwidth is required to accommodate the MD en-
coded video due to the larger difference between neighbor-
ing frames within each sub-stream. This results in a lower
compression efficiency and the resulting data size is larger.
In [20], a comprehensive analysis of video encoded by the
MDC scheme shows that the average frame size increases
as the number of descriptions increases. The size of this in-
crease depends on the content of the video; normally, high
motion video produces a larger increase as the number of de-
scriptions increases. The decoding process is illustrated in
Fig. 1(b). Each description is decoded separately and the re-
constructed video sub-streams are merged for viewing pur-
pose. At this stage, a compensation scheme may be used
to replace any missing frame with the one displayed pre-
viously. This compensation scheme can reduce distortion
during display of the displaying.

3. The Proposed Solution
3.1 Objective
A mobile ad hoc network has a mesh topology where each

node is connected virtually to all other nodes within its
transmission range. Consequently, every node can obtain
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Fig.2  MP2P video transmission over MANETS.

data freely from any other node as long as a valid route can
be established between them. In addition, if the same infor-
mation is available from several nodes within the network, a
node can retrieve the information at a higher rate by down-
loading it simultaneously from several nodes, which is sim-
ilar to the concept used in peer-to-peer networks. In light of
this, we propose multipoint-to-point (MP2P) transmission in
this paper. Figure 2 illustrates the concept of the proposed
mechanism for different types of video application over mo-
bile ad hoc networks. Figure 2(a) shows video applications
such as video-on-demand, live streaming and video confer-
encing. Figure 2(b) demonstrates download-and-play video
using file-sharing concept of peer-to-peer networks. On top
of MP2P transmission, the MDC scheme is used for video
coding and each video source sends different video descrip-
tions to minimize the workload of the network. In order to
fully utilize the strength of the MDC scheme, disjoint routes
should be used to send these video descriptions. This leads
to the need to provide the routing protocol with the ability
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to obtain disjoint routes for these video sources.

On the other hand, we must limit the number of con-
current connections to a receiver. In wired peer-to-peer
networks, a greedy mechanism is used where the receiver
tends to establish many concurrent connections, in order to
achieve the highest possible data rate. This greedy behav-
ior should be avoided in ad hoc networks because the same
transmission medium is shared among all the mobile nodes,
and so too many concurrent connections to a single node
can notably degrade the overall performance of the network.
Besides, it is not cost effective to generate many video de-
scriptions considering the excessive redundancy on account
of the increased average frame size mentioned earlier in the
coded video. Studies have shown that the use of two video
descriptions can maintain the compression efficiency and at
the same time increase the error resilience. Therefore, in this
paper we use only two video sources and two video descrip-
tions. Our preliminary work showed that MP2P improved
the quality of video transmission over ad hoc network by
increasing the overall video quality and decreasing the oc-
currence of interruptions during video [26].

3.2 Novel Architecture

The basic idea behind our proposal is to implement concur-
rent video streaming from several video sources to a single
receiver using disjoint routes. Figure 3 shows the novel ar-
chitecture of our proposal. In this, the receiver is given the
responsibility of selecting the video sources and instruct-
ing them to send different video descriptions. In addition,
the receiver also needs to ensure that the received video
frames are decoded correctly for viewing purpose. In gen-
eral, the MP2P framework can be divided into three stages
and the timeline of packets exchanged at each stage is given
in Fig. 4.

3.2.1 Source Searching Stage

Both source-initiated and receiver-initiated searching mech-
anism can be used to locate the video sources but the
receiver-initiated approach is used in this paper in order to
synchronize the starting time of the subsequent stages and
to avoid large difference in the starting time of the video
transmission of the different video sources. In Fig. 4, the re-
ceiver initiates the source searching by broadcasting a video
request packet (VREQ) to the networks and a timer is acti-
vated. Nodes with the desired video may reply by using a
video reply packet (VREP), which can be sent out broadcast
or unicast using the reversed route. Since the DSR protocol
is used in this paper, we allow the VREQ packets to record
the route traversed and therefore, the VREP is returned uni-
cast along the reverse route. Upon the timeout of the wait-
ing period, the receiver selects two most suitable nodes to
become the video sources; in our case, we select the video
sources based on the arrival time of the VREP. We name
these nodes S1 and S2, where the reply from S1 arrives be-
fore S2. If only one node has replied to this request be-
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fore the timeout, normal point-to-point video transmission
is used. Finally, the selected video sources are informed us-
ing the video select packets (VSEL). Each VSEL carries in-
formation used for MD coding, i.e. the number of video de-
scriptions to be created and which description is to be sent.
For point-to-point transmission, both values are set to one.
In order to help in the discovery of disjoint routes in the next
stage, the identity of the other video source (for example, the
IP address) should be carried by the VSEL packets as well.

The sending of VSEL packets is associated with a sim-
ple mechanism to synchronize the starting time of the route
discovery stage at both video sources. VSEL to S1 is sent
out 7;/2 after VSEL to S2 is sent out, where T} is the dif-
ference between arrival times of VREP1 and VREP2. The
objective of this mechanism is to ensure that both video
sources start their route discovery at virtually the same time
and consequently, the starting of video streaming will also
be virtually concurrent, as shown in Fig. 4. We provide only
a loose synchronization here because a more precise syn-
chronization would involve a greater number of packet ex-
changes and would subsequently increase the control over-
head and result in higher delay in the video streaming. Be-
sides, our mechanism together with a small playout buffer at
the receiver is sufficient to provide best-effort video at good
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quality, as demonstrated in our simulation study.
3.2.2 Route Discovery Stage

The aim of this stage is to obtain routes connecting the
video sources and receiver. These routes should be opti-
mally disjoint in order to fully utilize the strengths of the
MDC scheme as mentioned in the previous section. For this
purpose, we have extended the DSR protocol accordingly,
to provide it with the ability to discover disjoint routes for
nodes sending the same video to the same receiver; we call it
the MP2P-DSR protocol. We have chosen the DSR protocol
because it makes the discovery of disjoint routes relatively
easy and allows the senders to determine the route traveled
by each data packet [27]. Furthermore, this routing protocol
has been proven to be efficient and good performance can
be achieved under different network conditions [28]. A de-
tailed description of the extended DSR protocol is given in
the next subsection.

3.2.3 Video Streaming Stage

We assume the same MDC codec is installed in every node.
The video sources encode the video frames and send out
only one video description based on the instruction carried
by the VSEL. The video streaming is started once a valid
route to the receiver is available and no further synchroniza-
tion is performed here. Instead, we use a playout buffer
at the receiver to absorb the difference in arrival time of
video packets, and for re-sequencing purposes. The playout
buffer is activated after the first video packet arrives at the
receiver. Packets which arrive after their deadline are dis-
carded because in this paper we are dealing with best-effort
services. However, the size of the playout buffer should
be carefully designed by taking into considering the max-
imum number of hops can be handled by the DSR protocol
(MAX_SR_LEN). Generally, it is safe to design the playout
buffer by considering the worst case, in which S1 is one hop
away from the receiver and S2 is MAX_SR_LEN hops away
from the receiver. From Fig.4 and by assuming the route
discovery stage is started at the same time at both video
sources, we obtain

Atyax = 3 X (MAX_SR_LEN - 1)
x NODE_TRAVERSAL_TIME (1)

where NODE_TRAVERSAL _TIME is a conservative esti-
mate of the average one-hop traversal time for a packet
including queuing delays, interrupt processing times and
transfer times; a common value for this parameter is 40 ms.
The buffer size should be larger than At,,,,, to also take ac-
count of the time for frames re-sequencing.

3.3 Extended DSR Protocol for MP2P Transmission
(MP2P-DSR)

The DSR protocol is an on-demand routing protocol for
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multi-hops wireless ad hoc networks in which the end-to-
end route from source to destination is carried in the packet
header. In order to accommodate our proposal, we ex-
tend the routing protocol to find disjoint routes for differ-
ent video sources. It is important to note that this extension
is only applied to video applications and non-video appli-
cations should follow the original DSR protocol. Basically,
the routing protocol starts with a route discovery mechanism
initiated by the requestor (video source) to find valid routes
to a destination (receiver). This mechanism involves the ex-
change of a route request packet (RREQ) and route reply
packet (RREP). Readers are referred to [27] for a complete
explanation of the DSR protocol. As explained in the pre-
vious section, both requestors are synchronized to start the
route discovery at almost the same time. Generally, our pro-
posal consists of two mechanisms, i.e. preventive and cor-
rective mechanisms.

The preventive mechanism aims to avoid the conver-
gence of both video streams at the same intermediate node
by encouraging the discovery of disjoint routes for the dif-
ferent video sources during the route discovery stage. For
this purpose, the following modifications have been intro-
duced:

i) Each duplicated RREQ is not discarded immediately at a
intermediate node. Instead, the route it traversed is analyzed
to provide a backup route if it is highly disjoint with the
route traversed by the first RREQ, and better than the exist-
ing backup route, if available. This backup route is used to
provide another alternative route for the requestor, as shown
in Fig. 5(a). At intermediate node X, RREP2 is created af-
ter RREP1 is received and forwarded. The route carried by
RREP2 is Route 2 and the remaining route from node X to
node D as recorded in RREP1. This method provides more
disjoint routes for the requestor.

ii) The original DSR protocol allows the destination node
to reply to all RREQs that arrive, and this creates a scenario
where most or all immediate (one-hop) neighbors of the des-
tination are involved in the route created for one requestor.
Consequently, route discovered by the other requestor may
have low disjointedness. In order to overcome this prob-
lem, selective reply is introduced in our proposal. If a route
has high ratio of shared-node with route which replies have
already been sent to the same requestor, this RREQ is dis-
carded, as shown in Fig. 5(b).

iii) Each route for which the destination sends a reply is
given a ‘priority.” The priority is determined by compar-
ing the route traversed by the RREQ with routes for which
replies have previously been sent to the other requestor
(video source). If the shared-node ratio is below certain
threshold, it means that this route is highly disjoint with
routes used by the other video source; therefore, it is given
high priority. This priority is carried by RREP back to the
requestor. The video sources always use the shortest high-
priority route for video transmission if available.

iv) Video sources cannot use route that includes the other
video source in order to avoid an excessive workload at one
video source.
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rective mechanism to encourage link disjointedness in the
event that preventive mechanism fails to provide this. As
shown in Fig. 5(c), the corrective mechanism is activated
when both video streams are transmitted via the same inter-
mediate node X, which is not an immediate neighbor of the
destination, and would continue their flows over the same
route to the destination. When this happens, node X should
find an alternative route to the destination from its route
cache and transmit one of the video streams using this route.
In order to avoid unnecessary delay in video transmission,
the length of the alternative route should not be longer than
the original one.

4. Simulation Study

4.1 Simulation Scenario

A simulation study was carried out using NS-2 [29] with
CMU wireless extension [30] to compare the following
three cases: (Cl) Point-to-point transmission using DSR,
(C2) Multipoint-to-point transmission using DSR, and (C3)
Multipoint-to-point transmission using MP2P-DSR. The
simulator uses the IEEE802.11 protocol in the MAC layer
working in the Distributed Coordination Function (DCF)
mode, a form of Carrier Sense Multiple Access with Colli-
sion Avoidance (CSMA/CA). Its physical layer features are
not modeled. The channel bandwidth is 11 Mb/s and the
transmission range is 250 meters.

The simulation topology contained 50 nodes within an
area of 1500 meters by 800 meters. The node movement was
modeled using the enhanced Random Waypoint Model [31].
The minimum traveling speed was set to 0.1 m/s and the
maximum speed was varied between 2.5m/s and 15.0 m/s
to model different levels of node mobility. For each level
of mobility, 30 scenarios were generated prior to the simu-
lation so that identical scenarios could be re-used for each
case to ensure fairness in the comparison study. In each

scenario, each node is randomly assigned with an initial lo-
cation, a destination and a traveling speed, the speeds be-
ing uniformly distributed between the given minimum and
maximum speeds. During the simulation, these nodes are
assumed to travel from their initial location to the destina-
tion at the assigned speed. After they reach the destination,
a new destination and traveling speed are assigned, and the
movement continues. This is repeated until the end of the
simulation and only continuous mobility with no pause is
considered. Table 1 shows statistical analysis for the sce-
narios generated for references in the next session. Average
Node Degree (AND) is the number of one-hop neighbors
of a node, and is averaged over all nodes and over the du-
ration of the simulation. Rate of Link Changes (RLC) is
the number of times the connection between any two nodes
is formed and broken divided by the simulation duration.
Length of Longest Shortest-Path (LSP) is the distance, in
number of hops, of the longest shortest-path encountered by
any two nodes within the simulation duration. These values
are the average values for all 30 scenarios. It can be ob-
served that the AND and the LSP are independent of node
mobility, and as expected, the RLC increases with node mo-
bility. To represent the background traffic, five constant bit
rate (CBR) connections of 18 kb/s each were introduced ran-
domly in the networks. UDP was used in the transport layer.

The video sources and receiver were chosen randomly
among the 50 nodes and recorded so that the same nodes
were used for each case to maintain the fairness of the
comparison study. The video sequence used was high-
way in quarter common intermediate format (qcif) [176 X
144 pixels/frame]. The first 1800 frames were used and
they were encoded at 12 frames per second (f/s) using the
H.26L video codec for both the SDC and MDC schemes
[25]. The Group of Pictures (GOP) size was 12 and the de-
fault coding parameters were used for both SDC and MDC
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schemes to maintain the fairness of the comparison study.
For MDC scheme, we used the per-frame separator in [24]
to divide the raw video frames into two groups prior to
implementing video coding as explained in Sect.2.2, and
the EvalVid toolset was used to obtain the video trace for
the simulation [32]. The average peak-signal-to-noise ra-
tio for the encoded video frame was 43.27 dB, and the av-
erage frame sizes were 4143 and 4657 bits for SDC and
MDC, respectively. Clearly, the MDC scheme adds redun-
dancy to the encoded frames as explained in [20]. By using
MAX_SR_LEN and NODE_TRAVERSAL_TIME equal to
20 hops and 40 ms, respectively, we obtain At,,,, as equal to
2.28 s using Eq. (1). In order to accommodate time elapsed
for frame re-sequencing, which should be of moderate level
[5], we conservatively set the buffer size to S, a practical
waiting time for real-time video. Each simulation ran for
200 s and the results were averaged over the 30 scenarios.

4.2  Performance Metrics

The following parameters were used:

(a) Average Peak Signal-to-Noise Ratio (PSNR) is calcu-
lated by averaging the PSNR of the decoded frames, which
is calculated by comparing the luminance value of each
reconstructed frame with its corresponding original frame.
This parameter represents the quality of the decoded video
as a whole.

(b) Normalized Routing Load (NRL) is the ratio of the to-
tal number of routing packets forwarded at each node to the
total number of data packets received, expressed as a per-
centage. This parameter measures the efficiency of the rout-
ing protocols. In the calculation, the data packets include
both video and non-video packets because the routing infor-
mation is used by both types of traffic, so they cannot be
differentiated. This calculation does not affect the fairness
of our comparison study because the number of data packets
is the same for all cases.

(¢) Normalized Control Overhead (NCO) is the ratio of the
total control overhead created during the source searching
and route discovery stages to the total number of data pack-
ets received. This parameter is also expressed as a percent-
age and it represents the efficiency of the proposed frame-
work as a whole.

(d) Total Time elapsed for source searching (T,) measures
the amount of time spent on source searching.

(e) Average End-to-End Delay is the average end-to-end de-
lay experienced by the video packets. This parameter gives
an indication on the additional delay caused by our proposed
routing protocol.

(f) Throughput of Non-Video Traffic is also measured, to
observe the influence of our proposal on non-video applica-
tions, i.e. the background traffic.

(g) Number of Bad Frames specifies the quantity of de-
coded bad quality frames. For this purpose, we perform
a PSNR to Mean Opinion Score (MOS) mapping for the
video frames as recommended by ITU-T, and given in Ta-
ble 2 [33]. We further simplify the classification into two
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Table2  The PSNR to MOS mapping.
MOS 1 2 3 4 5
PSNR | <20 | 20-25 | 25-31 | 31-37 > 37
Quality | Bad Poor Fair Good | Excellent

categories only; a frame is considered as a bad frame if its
MOS is below 4.

(h) Number of Interruptions measures how frequent dis-
tortions occur during the video viewing. An interruption is
observed when a number of bad frames are decoded consec-
utively. Naturally, the human visual system cannot notice
the distortion if the interruption lasts for a very short period
of time. In this paper, we assume an interruption is notice-
able only if it lasts for at least 0.5s.

5. Results and Discussion

Figure 6 shows the average PSNR, which represents the
overall video quality. As may be seen, MP2P (C2 and C3)
provides a better overall performance than P2P transmission
(C1). Further improvement is achieved by using a routing
protocol that uses disjoint routes for video transmission, as
demonstrated in C3, where the improvement over C1 is be-
tween 0.2 to 0.95 dB. In addition, it can be observed that C3
provides a more stable performance over various levels of
mobility. The fluctuation is only 0.35 dB for C3, and 0.5 dB
for C2, but as high as 0.9dB in C1. This also leads to the
observation that our proposal provides larger improvement
under cases of high mobility. Since the video quality is di-
rectly proportional to the quantity of video frames success-
fully received, there are two factors that contribute to this
improvement. First, the route discovery mechanism is en-
hanced to obtain more disjoint routes for the video sources,
and using disjoint routes can achieve better workload bal-
ancing within the network, which leads to less congestion.
Second, MD coded video has better error resilience and the
impact of frames lost is generally smaller. The combination
of these two factors contributes to the improvement of the
overall video quality.

Figure 7 shows the normalized routing load for the
three cases. As expected, our proposal has the highest rout-
ing load due to the additional routing packets created dur-
ing the route discovery mechanism to find disjoint routes.
The additional normalized routing load is about 2-4%. It
is also of interest to observe the overall control overhead
which involves the source searching stage as well as the
route discovery, as presented in Fig. 8. It can be seen that
Figs. 7 and 8 exhibit the same pattern with small difference,
which is only about 0.5%. The additional control overhead
created during source searching stage is relatively small be-
cause the source searching stage is executed only once at
the beginning of the simulation but the route discovery and
route re-establishment are carried out whenever the topol-
ogy changes. From Figs. 6, 7 and 8§, we observe a tradeoff
between control overhead and throughput; the higher con-
trol overhead in our proposal has led to better video perfor-
mance. However, it is important to note that excessive con-



CHOW and ISHIT: MP2P VIDEO TRANSMISSION OVER MANETS

42.8

42.6

—
o 424
o
=
& 2
g a
4
o 42.0
=) —-Cl1
[
8 4138
> : -C2
<
4167 | -3
414 ‘ :
2.5 5 7.5 10 12.5 15

Maximum Speed (m/s)

Fig.6  Simulation results: Average PSNR.

~<-Cl1
21 o-C2
1 - C3

Normalized Routing Load (%)
W (=) ~ o0 Re)

g
19

5 75 10 12.5 15
Maximum Speed (m/s)

Fig.7  Simulation results: Normalized routing load.

- Cl1
21 S=e)
1A - C3

Normalized Control Overhead (%)
(=)} ~ o O 5

25 5 7.5 10 12.5 1
Maximum Speed (m/s)

[

Fig.8 Simulation results: Normalized control overhead.

trol overhead may lead to a drastic drop in the overall net-
work performance. Therefore, we limit the number of video
sources in our proposal in order to limit the control over-
head. Clearly, using two source nodes is a practical com-
promise considering the tradeoff between control overhead
and throughput.

Figure 9 shows the total time elapsed for source search-
ing (T,). Since cases C2 and C3 use the same source search-
ing mechanism, they have the same value for this parame-
ter. Source discovery for the multipoint-to-point framework
introduces a slight increase in delay of about 10 ms. This
delay is due to the need to locate two video sources and
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for synchronization purposes as discussed in Sect. 3.2.1. In
order to consider the delay caused by the modified routing
protocol and the video transmission, the average end-to-end
delay for video packets is shown in Fig. 10. For most levels
of mobility, C3 has the highest delay, which is about 20 ms
higher than the other cases for all levels of mobility, except
for the highest speed of 15.0 m/s, where the increase rises to
60 ms. In summary, our proposal introduces higher overall
delay in the system, but fortunately, the worst case of this
additional delay is only about 70 ms (60 ms + 10ms) and
this only occurs for the maximum speed of 15.0m/s. We
believe the impact of this delay is small considering the size
of the playout buffer, which is almost ten times greater.

As mentioned earlier, the MP2P extension added to the
DSR protocol is only used by the video traffic but it is still
possible that the extra routing overhead created, as discussed
in the previous paragraph, may affect the non-video traffic
as well. In order to check this possibility, the throughput of
the background traffic is also plotted. As seen in Fig. 11,
the difference in throughput for non-video traffic is very
small, less than 0.5%. Generally, the extra overhead cre-
ated takes only a small portion of the processing power at
each node. Therefore, the influence is small. Besides, our
proposal tends to distribute the video traffic evenly within
the network to avoid local congestion. This directly reduces
the loss of non-video packets due to congestion. Therefore,
the negative and positive impacts are offset and it is fair to



2054
98
g 97 1
5
2
=)
&b 96 -
2
=
=
95 {| = Cl
-0 C2
- C3
94 : : :
25 5 7.5 10 12.5 15
Maximum Speed (m/s)
Fig.11  Simulation results: Non-video throughput.
150
—-<-Cl1
g -8-C2
21007 | > C3
k=]
<
m
Gy
5]
S 50
e
£
=]
Z
0
2.5 5 7.5 10 12.5 15
Maximum Speed (m/s)
Fig.12  Simulation results: Number of bad frames.
4
" ~-Cl
g o2
Z 3
3 -+ C3
8
=
S
o
5}
£
= D\D—D\D/D/D
S 1
Z \A\A/A/A/A
0

2.5 5 7.5 10 12.5 15
Maximum Speed (m/s)

Fig.13  Simulation results: Number of interruptions.

conclude that our proposal has insignificant influence on the
non-video traffic.

Next, we inspect the video quality from a more detailed
perspective. Figure 12 shows the total number of bad frames
received. For C3, the number of bad frames is always below
50, which is less than 3% of the total number of frames. For
C2, the number is slightly higher but the performance is still
quite stable with respect to speed of mobility. Once again,
C1 shows a large variation in performance with the bad
frame ratio growing to almost 8% under the highest mobil-
ity. Figure 13 shows the number of interruptions, and from
these results it is fair to say that our proposal gives almost
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perfect video viewing because the average number of inter-
ruptions is below one. C2 resulted in an average of about
one interruption per video session while C1 resulted in more
than two interruptions per video session. These observations
can be explained by checking on the rate of link changes
(RLC) in the topology, as given in Table 1. At low mobility,
the connection between video source and receiver is stable
and using a single node is enough to provide video viewing
with good quality. As mobility increases, the connection be-
tween the video source and receiver breaks frequently, but
with MP2P transmission, the probability of losing connec-
tion to both video sources simultaneously is smaller than
with point-to-point transmission, and thus a smaller number
of interruptions is recorded. Furthermore, the use of disjoint
routes in C3 further increases the probability of receiving
at least one video description, and this further reduces the
occurrence of bad frames and interruptions.

6. Conclusions and Future Work

The issue of video streaming over mobile ad hoc networks
has been studied in this paper. We have adapted the concept
of multipoint-to-point video transmission used in wire-line
networks to wireless ad hoc networks with some modifica-
tions to take account of the differences between them. The
contribution of this paper is twofold. First, we presented
a novel architecture for multipoint-to-point video transmis-
sion over mobile ad hoc networks by considering three dis-
crete stages at the network layer. Second, we extended the
routing protocol to handle video transmission from multi-
point to a single receiver. The main objective of this ex-
tension is to use disjoint routes for the video transmission,
so that the strengths of the MDC scheme are fully utilized.
Moreover, our routing protocol takes into consideration both
node-disjointedness and route-disjointedness to achieve the
best possible workload distribution within the network. To
verify the feasibility of our proposal, a simulation study us-
ing real video sequence was carried out. The simulation
study has shown that the proposed multipoint-to-point trans-
mission outperforms point-to-point transmission in terms of
the overall video quality and the number of interruptions
during the viewing stage, especially under high mobility.

Future work includes studying multicast video trans-
mission using multiple video sources. As well known, it
is not cost effective to send the same data unicast to several
receivers; therefore, we will investigate the possibility of de-
veloping multipoint-to-multipoint transmission over mobile
ad hoc networks.

Acknowledgments

The authors thank the anonymous reviewers for their
constructive comments in improving the quality of this
manuscript. In addition, thanks are due to the Hitachi Schol-
arship Foundation for supporting the first author’s studies.
This research is partially supported by SCOPE (Strategic In-
formation and Communications R&D Promotion Program),



CHOW and ISHIT: MP2P VIDEO TRANSMISSION OVER MANETS

Ministry of Internal Affairs and Communications, Japan.

References

(1]

(2]

[3]

[4]

[3]

(6]

(71

(8]

[9]

[10]

[11]

[12]

[13]

[14]

[15]

[16]

[17]

[18]

[19]

[20]

[21]

B. Xu, S. Hischke, and B. Walke, “The role of ad hoc networking
in future wireless communications,” Proc. IEEE ICCT 2003, vol.1,
no.2, pp.1353-1358, Beijing, China, April 2003.

R. Bruno, M. Conti, and E. Gregori, “Mesh networks: Commodity
multi-hop ad hoc networks,” IEEE Commun. Mag., vol.43, no.3,
pp-123-131, March 2005.

C.K. Toh, W.K. Tsai, V.O.L. Li, and G. Guichai, “Transporting audio
over wireless ad hoc networks: Experiments and new insights,” Proc.
IEEE PIMRC’2003, vol.1, pp.772-777, Beijing, China, Sept. 2003.
R. Kays, K. Hostchulte, and W. Endermann, “Wireless ad-hoc net-
works with high node density for home AV transmission,” IEEE
Trans. Consum. Electron., vol.50, no.2, pp.463-471, May 2004.

S. Mao, S. Lin, S.S. Panwar, Y. Wang, and E. Celebi, “Video trans-
port over ad hoc networks: Multistream coding with multipath trans-
port,” IEEE J. Sel. Areas Commun., vol.21, no.10, pp.1721-1737,
Dec. 2003.

J. Apostolopoulos, “Error-resilient video compression via multiple
state streams,” Proc. VLBV 1999, pp.168-172, Japan, Oct. 1999.

J. Apostolopoulos, W.T. Tan, S. Wee, and G.W. Wornell, “Modeling
path diversity for multiple description video communication,” Proc.
ICASSP 2002, vol.3, pp.2161-2164, USA, May 2002.

R. Tian, Q. Zhang, Z. Xiang, Y. Xiong, X. Li, and W. Zhu, “Robust
and efficient path diversity in application-layer multicast for video
streaming,” IEEE Trans. Circuits Syst. Video Technol., vol.5, no.8,
pp-961-972, Aug. 2005.

T. Nyugen, P. Mehra, and A. Zakhor, “Path diversity and bandwidth
allocation for multimedia streaming,” Proc. IEEE ICME 2003, vol.1,
pp.1-4, Marryland, USA, July 2003.

H. Hsieh and R. Sivakumar, “Accelerating peer-to-peer networks for
video streaming using multipoint-to-point communication,” IEEE
Commun. Mag., vol.42, no.8, pp.111-119, Aug. 2004.

K. Chandra and A.R. Reibman, “Modeling one- and two-layer vari-
able bit rate video,” IEEE/ACM Trans. Netw., vol.7, no.3, pp.398—
413, June 1999.

M. Zink, J. Schmitt, and C. Griwodz, ‘“Layer-encoded video stream-
ing: A proxys perspective,” IEEE Commun. Mag., vol.42, no.8,
pp-96-103, Aug. 2004.

T.C. Yin, Y.C. Huang, M.U. Lin, and W.C. Chen, “Error-resilient
MPEG-4 video communication over error-prone wireless networks,”
Proc. IEEE ICCE 2005, pp.313-314, USA, Jan. 2005.

L.W. Kang and J.J. Leou, “An error resilient coding scheme for
H.264 video transmission based on data embedding,” Proc. IEEE
ICASSP 2004, vol.3, pp.257-260, Montreal, Canada, May 2004.
W.Y. Kung, H.S. Kong, A. Vetro, and H.F. Sun, “Error resilient
methods for real-time MPEG-4 video streaming,” Proc. IEEE IS-
CAS 2004, pp.745-748, Vancouver, Canada, May 2004.

J. Kim, R.M. Mersereau, and Y. Altunbasak, “Error-resilient image
and video transmission over the Internet using unequal error protec-
tion,” IEEE Trans. Image Process., vol.12, no.2, pp.121-131, Feb.
2003.

Z. Jia, K. Tang, and H. Cui, “A H.263 compatible error resilient
video codec,” Proc. IEEE ICCT 2000, vol.2, pp.1157-1160, Beijing,
China, Aug. 2000.

W. Wei and A. Zakhor, “Multipath unicast and multicast video com-
munication over wireless ad hoc networks,” Proc. IEEE BROAD-
NETS 2004, pp.496-505, California, USA, Oct. 2004.

V. Goyal, “Multiple description coding: Compression meets the
network,” IEEE Trans. Circuits Syst. Video Technol., vol.18, no.5,
pp-74-93, Sept. 2001.

F.H.P. Fitzek, B. Can, R. Prasad, and M. Katz, “Overhead and
quality measurements for multiple description coding for video ser-
vices,” Proc. WPMC 2004, vol.2, pp.524-528, Italy, Sept. 2004.

S. Mao, D. Bushmitch, S. Narayanan, and S. Panwar, “MRTP: A

[22]

[23]

[24]
[25]

[26]

[27]

[28]

[29]
[30]

[31]

[32]

[33]

2055

multifiow real-time transport protocol for ad hoc networks,” IEEE
Trans. Multimed., vol.8, no.2, pp.356-369, April 2006.

Y. Wang, A.R. Reibman, and S. Lin, “Multiple description coding
for video delivery,” Proc. IEEE, vol.93, no.1, pp.57-70, Jan. 2005.
F.H.P. Fitzek, B. Can, R. Prasad, and M. Katz, “Traffic analysis and
video quality evaluation of multiple description coded video services
for fourth generation wireless IP networks,” Wirel. Pers. Commun.,
vol.35, pp.187-200, April 2005.

Multiple Description Coding, http://140.116.72.80/"smallko/ns2/
MDC.htm

H.264/AVC Reference Software (jm17.zip), http://iphome.hhi.de/
suehring/tml/download/old_jm/

C.O. Chow and H. Ishii, “A simulation study on multipoint-to-point
video streaming over mobile ad hoc networks,” Proc. IEEE PIMRC
2006, pp.1-5, Helsinki, Finland, Sept. 2006.

D.B. Johnson, D.A. Maltz, Y.C. Hu, and J.G. Jetcheva, “The dy-
namic source routing protocol for mobile ad hoc networks,” IETF
Internet Draft, draft-ietf-manet-dsr-10.txt, July 2004.

J. Broch, D.A. Maltz, D.B. Johnson, Y.C. Hu, and J. Jetcheva,
“A performance comparison of multi-hop wireless ad hoc network
routing protocols,” ACM/IEEE MOBICOM 1998, pp.85-97, Texas,
USA, Oct. 1998.

The Network Simulator—NS2, http://www.isi.edu/nsnam/ns/

P. Seeling, M. Reisslein, and B. Kulapala, “Network performance
evaluation using frame size and quality traces of single-layer and
two-layer video: A tutorial,” IEEE Commun. Surveys and Tutorials,
vol.6, no.3, pp.58-78, third quarter, 2004.

J. Yoon, M. Liu, and B. Noble, “Random waypoint considered harm-
ful,” Proc. IEEE. INFOCOM 2003, vol.2, pp.1312—1321, San Fran-
cisco, USA, April 2003.

EvalVid—A Video Quality Evaluation Tool-set. http://www.tkn.tu-
berlin.de/research/evalvid/

ITU, “Subjective video quality assessment methods for multimedia
applications,” ITU-T Recommendations P.910, 1996.

CheeOnn Chow received a bachelor’s de-
gree in electrical engineering in 1999 and a mas-
ter’s degree in engineering science in 2001, both
from the University of Malaya, Malaysia. Cur-
rently, he is a doctoral student at the Unified
Graduate School, Tokai University, Japan. His
main research interests include network man-
agement and video streaming over ad hoc net-
works. He is a student member of IEEE.

Hiroshi Ishii received B.E. and M.E.
degrees in communications engineering from
Osaka University in 1977 and 1979, respec-
tively, and a Ph.D. degree in engineering from
the University of Tsukuba in 2001. At the
Nippon Telegraph and Telephone Corporation
(NTT) Laboratories from 1979 to 1993, he was
engaged in CCITT (ITU-T) standardization of
ISDN protocols, and R&D concerned with ATM
switching systems, TINA systems, and managed
IP networking systems. He is now a professor in

the Department of Communications Engineering, Tokai University. His re-
search interests encompass telecommunications and information network-
ing systems and protocols. Dr. Ishii is a member of the IPSJ and a Senior
Member of the IEEE.




<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Dot Gain 20%)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Error
  /CompatibilityLevel 1.4
  /CompressObjects /Tags
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJDFFile false
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /ColorConversionStrategy /LeaveColorUnchanged
  /DoThumbnails false
  /EmbedAllFonts true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /SyntheticBoldness 1.00
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams false
  /MaxSubsetPct 100
  /Optimize true
  /OPM 1
  /ParseDSCComments true
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveEPSInfo true
  /PreserveHalftoneInfo false
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts true
  /TransferFunctionInfo /Apply
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 300
  /ColorImageDepth -1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages true
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 300
  /GrayImageDepth -1
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages true
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile ()
  /PDFXOutputCondition ()
  /PDFXRegistryName (http://www.color.org)
  /PDFXTrapped /Unknown

  /Description <<
    /ENU (Use these settings to create PDF documents with higher image resolution for high quality pre-press printing. The PDF documents can be opened with Acrobat and Reader 5.0 and later. These settings require font embedding.)
    /JPN <FEFF3053306e8a2d5b9a306f30019ad889e350cf5ea6753b50cf3092542b308030d730ea30d730ec30b9537052377528306e00200050004400460020658766f830924f5c62103059308b3068304d306b4f7f75283057307e305930023053306e8a2d5b9a30674f5c62103057305f00200050004400460020658766f8306f0020004100630072006f0062006100740020304a30883073002000520065006100640065007200200035002e003000204ee5964d30678868793a3067304d307e305930023053306e8a2d5b9a306b306f30d530a930f330c8306e57cb30818fbc307f304c5fc59808306730593002>
    /FRA <>
    /DEU <>
    /PTB <>
    /DAN <>
    /NLD <>
    /ESP <>
    /SUO <>
    /ITA <>
    /NOR <>
    /SVE <>
    /KOR <>
    /CHS <FEFF4f7f75288fd94e9b8bbe7f6e521b5efa76840020005000440046002065876863ff0c5c065305542b66f49ad8768456fe50cf52068fa87387ff0c4ee575284e8e9ad88d2891cf76845370524d6253537030028be5002000500044004600206587686353ef4ee54f7f752800200020004100630072006f00620061007400204e0e002000520065006100640065007200200035002e00300020548c66f49ad87248672c62535f0030028fd94e9b8bbe7f6e89816c425d4c51655b574f533002>
    /CHT <FEFF4f7f752890194e9b8a2d5b9a5efa7acb76840020005000440046002065874ef65305542b8f039ad876845f7150cf89e367905ea6ff0c9069752865bc9ad854c18cea76845370524d521753703002005000440046002065874ef653ef4ee54f7f75280020004100630072006f0062006100740020548c002000520065006100640065007200200035002e0030002053ca66f465b07248672c4f86958b555f300290194e9b8a2d5b9a89816c425d4c51655b57578b3002>
  >>
>> setdistillerparams
<<
  /HWResolution [2400 2400]
  /PageSize [612.000 792.000]
>> setpagedevice


