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Abstract—This paper proposes a cross-layer approach called
routing-aware multiple description coding with multipath trans-
port to support video communications over mobile ad-hoc net-
works. This approach establishes a packet loss model based on
the MAC access mechanism and network parameters, and utilizes
it along with the routing messages from multipath routing to
estimate the packet loss probability of transmitted video packets.
Then the estimated results are passed to the application layer to
assist reference frame selection for multiple description coding
in order to mitigate error propagation introduced in the motion-
compensated loop. Results show that this is an effective approach
to improve error resilience of video transmission over mobile
ad-hoc networks and enhance the video experience for multiple
users.

I. INTRODUCTION

There has been a growing interest in video communications
over mobile ad-hoc networks due to the emerging applications
of ad hoc networks in military, homeland defense, and disaster
recovery scenarios. However, mobile ad-hoc networks impose
significant challenges to video transmissions since node mo-
bility and the lack of infrastructure in the network can lead
to frequent link failures and route changes. Furthermore, the
link availability is affected by fading and interference in the
wireless channels. As a result, video transmission over such
networks experiences both random and burst losses, which can
severely degrade the delivered video quality.

Among a number of solutions to address this problem,
multiple description coding (MDC) with multipath transport
(MPT) has been shown to be a very promising technique [1]-
[4]. With MDC, a video sequence is encoded into two descrip-
tions such that each description can be used to reconstruct
the video with low but acceptable video quality while both
descriptions together provide higher video quality. In addi-
tion, combining MDC with MPT can reduce the likelihood
of simultaneous loss of both descriptions and enables load
balancing in the networks.

When video packets transmitted over mobile ad-hoc net-
works suffer bursty packet losses that do not affect both
descriptions simultaneously, MDC can effectively provide ad-
equate quality by decoding the correctly received description.
However, in a practical mobile ad-hoc network, both burst and
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random losses may appear in two descriptions at distinct times
or simultaneously. Due to the motion compensated prediction
loop employed in most of the MDC coders, the transmission
errors can propagate to subsequent frames and cause great
distortion in delivered video. Many approaches have been
proposed to mitigate error propagation in MDC [5]-[7], yet
it comes at the cost of coding redundancy. Other solutions to
address the problem are traffic allocation and path selection for
MDC with MPT [8]-[11], in which video packets are spread
over different paths based on the error characteristics of paths
to minimize end-to-end distortion.

In this paper, we propose a routing-aware MDC approach
with MPT to alleviate error propagation caused by packet
losses. This approach explores the relationship between packet
losses and standardly available ad-hoc routing messages to
estimate the packet loss probability of each transmitted video
packet, and then apply a threshold-based algorithm to adap-
tively select reference frames in MDC. By avoiding using
possible corrupted frames as a reference, this routing-aware
approach can effectively mitigate error propagation in the
motion-compensated prediction loop. Unlike common refer-
ence picture selection (RPS) work [12], [13], our approach
does not require any extra channel feedback but retrieves
information from normal routing messages. Thus it neither
introduces extra cost nor additional delay to the transmission
system and is suitable for real-time video applications over
mobile ad-hoc networks. It is also different from a recent
work [14] that jointly optimizes multipath routing and coding
rate selection, because our approach does not require any
change to routing protocols but just relies on standard routing
messages.

In Section II, we discuss our routing-aware MDC approach
with MPT, including the packet loss model based on the
MAC access mechanism and network parameters, the multi-
path routing protocol with routing message feedback, and the
reference frame selection scheme applied to the MD encoder.
Then we use the QualNet simulator to simulate an ad-hoc
network with 50 nodes and investigate the end-to-end video
performance in Section III. We show that our proposed method
not only provides consistent PSNR gains but also guarantees
good perceptual video quality for multiple users.
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Fig. 1. Cross layer design: Routing-aware Multiple Description Coding with
Multipath Transport

II. ROUTING-AWARE MULTIPLE DESCRIPTION CODING
WITH MULTIPATH TRANSPORT

We present the system framework of our proposed approach
in Fig. 1. As shown in Fig. 1, our approach includes an
interplay of the MAC, network, and application layers. At the
MAC layer, CSMA/CA scheme in 802.11b is used as the basic
access mechanism. By considering the MAC layer protocol
and network parameters, we establish a packet loss model for
the preceding packets transmitted from the source node before
a route error (RERR) message is received. At the network
layer, a multipath routing protocol is implemented to support
the transmission of two descriptions. Meanwhile, the routing
messages along with the packet loss model are used to estimate
the packet loss probability of transmitted video packets. The
estimated results are then fed back to the application layer
to determine the frame corruption probability and help the
reference frame selection at the multiple description (MD)
encoder. In the following, we discuss the proposed solutions
in the three layers respectively.

A. MAC layer: Packet Loss Estimation Model

In the MAC layer, we build a packet loss estimation model
based on the 802.11b MAC access mechanism and network
parameters. This model models the packet loss probability of
the packets previously sent from the source node before a
RERR message is received.

As shown in Fig. 2, a RERR is initiated at the intermediate
node when video packet vy exhausts all retransmission at-

tempts and still fails to transmit to the next hop destination. We
define the retransmission delay of this packet as T}etrans. After
time TrReRrRr, the source node receives the RERR and stops
transmitting video packets through the unreliable link. We see
that packets vs, vg, v7 sent during time period Tyetrans+IRERR
are still transmitted through the unreliable link and are very
susceptible to packet loss. We derive a model to estimate the
packet loss probability of the preceding packets sent through
this unreliable link.

We denote Pr(n) as the packet loss probability of the n!®
preceding packet sent from the source node before the source
node receives a RERR. Due to the random delay between link
failure and RERR reception at the source, the n'* preceding
packet before RERR can be sent at a time before, right at or
after the link failure happens. We use three states to represent
these three cases: GOOD means the packet is sent before
the link failure, FAIL means the packet fails to transmit and
triggers RERR, and BAD means the packet is sent after the
link failure. We define Pr(n) as

Pr(n) = Ag-pg(n) + Ag-pp(n) + Xo-po(n) (1

where A\, A\r, and )\, represents the packet loss probability in
GOOD, FAIL, or BAD state respectively, and py(n), ps(n),
and py(n) denotes the probability of the n'" preceding packet
in these three states, respectively. In our prior work [15], we
discuss how to estimate the state probability distribution and
the packet loss probability of Ay, A\f, and Ay in detail. Based
on the work in [15], we establish a packet loss model that
estimates the values of Pr(n). Next, we incorporate the packet
loss model with the routing messages to estimate the packet
loss probability of each transmitted packet.

B. Network layer: Multipath Routing

Combining MDC with MPT is an appealing approach
because it provides error resilience as well as load balancing
for video transmission over ad-hoc networks. To support MDC
with path diversity, a multipath routing protocol is required
to build multiple paths between the source and destination
nodes in the ad hoc network. In our design, we implement split
multipath routing (SMR) as our multipath routing protocol due
to its popularity and simplicity [16]. SMR establishes multiple
paths of maximally disjoint paths to avoid congestion in certain
links and to efficiently utilize the network resources [17].



During the route discovery process in the SMR protocol, the
destination sends a route reply (RREP) after receiving the first
route request (RREQ) to construct the first route and waits a
period of time to receive more RREQs. It then selects the route
that is maximally disjoint to the first replied route and sends
another RREP to create the second route. Once the source
node receives the two RREPs, two routes are created and two
video descriptions are sent through the two routes separately.

Whenever an intermediate node fails all retransmission
attempts to send a packet to the next hop destination, it sends a
RERR message to the source node to indicate a broken link. In
Section II-A, we model the packet loss probability of preced-
ing packets transmitted from the source node when the source
node receives a RERR. At the network layer, we feed back
every RERR and utilize the model to estimate the packet loss
probability of each transmitted packet. Furthermore, before the
source node receives a RREP to reconstruct the broken route,
we discard the packets scheduled to be transmitted through
that broken route and mark their packet loss probability as 1.
Next, we use the estimated packet loss probability to assist
the video coding at the application layer.

C. Application layer: Routing-aware Multiple Description
Coding

MDC is an effective approach to enhance the error resilience
of video transmission over lossy networks. The general idea
is to encode the video sequence into several descriptions with
equal importance. Each description can be decoded indepen-
dently or combined with other descriptions for reconstruction.
In general, the reconstructed video achieves better video
quality when more descriptions are received.

Among the many proposed MDC algorithms [18], multiple
state video coding (MSVC) proposed by Apostolopoulos in
[1] is a very popular method since it is easy to implement
and compatible with different video standards. Thus, we apply
MSVC to our MD video encoder. At the encoder, the video
sequence is temporally downsampled into two sub-sequences
with odd and even frames, and the odd and even frames are
encoded as two descriptions using an H.264 encoder.

During the encoding process, we utilize the packet loss
probability of each video packet retrieved from network layer
to determine the frame corruption probability by

p(f)=1- ] (1—pw) ©)

{vilvi€fr}

where p(v;) is the packet loss probability of packet v;, p(fx) is
the frame corruption probability of frame f, and {v;|v; € fi}
is the set of packets that contain information of frame fj.
We define a threshold pyp,es to determine whether a frame is
corrupted or not, i.e. if p(fi) > Pthres, We consider frame f
as corrupted. Then we utilize the frame corruption estimation
results to assist the reference frame selection for MDC. We
initialize the reference list that consists of previously encoded
frames in the same description. Next, we remove the estimated
corrupted frames from that list. If all frames are removed
from the reference list, we check the previously encoded

frames in the other description and add frames that are not
estimated as corrupted to the list. The current frame is encoded
using the reference frames in the list and transmitted over
the network. By not using the possible damaged frame as
reference, we expect to reduce error propagation due to packet
losses. Moreover, our proposed approach only relies on the
standard ad-hoc routing messages and it does not incur any
extra overhead. We refer this method as routing-aware multiple
description coding (RA-MDC) with MPT.

At the decoder, we utilize the MSVC decoder with the
refined error concealment method as proposed in [19]. When
the decoder receives the corrupted descriptions, it decodes
the correctly received MBs and conceals the lost MBs with
the refined MB concealment method that considers the in-
formation from both descriptions for better recovery. The
refined intra MB concealment reconstructs the lost MBs in
the intra frames by using the temporal correlation between
adjacent intra frames in two descriptions, while the refined
inter MB concealment uses an additional reference list to
perform the motion-compensated concealment. Finally, the
concealed descriptions are interleaved to achieve the final
reconstruction.

III. EXPERIMENTAL RESULTS
A. Network Setup

We simulated our proposed RA-MDC method with MPT
using the modified JM codec and the Qualnet simulator and
compared the end-to-end performance with single description
coding (SDC) and MDC with MPT. For these three methods,
we use the same MPT strategy such that even and odd frames
are transported through two separate routes.

In the network, 50 nodes are uniformly placed in a 500m x
500m region. The movement of each node is characterized
by a random waypoint model [20] with the node speed in
the range of 0 ~ 10 m/s and a pause time of 120 s. The
transmission power of each node is 15 dBm. We use IEEE
802.11b with 5.5 Mbps PHY transmission rate and CSMA/CA
basic access protocol. The values of IEEE 802.11b parameters
used for the packet loss probability model can be found in [21].
A pair of source and destination nodes is randomly chosen to
transmit video packets and packets are dropped if they do
not reach the destination by the playout deadline of 350 ms.
Unless otherwise specified, the above settings are chosen in
the simulations.

We consider five video sequences “Foreman”, “Coastguard”,
“Mother-daughter”, “News”, and “Silent”, which are all at
CIF format with 150 frames at a frame rate of 15 fps. The
video sequences are encoded into RTP packets with a packet
size of 500 bytes. We generate two descriptions for each
video sequence and the bitrate of each video sequence is 400
kbps, which corresponds to a bitrate of 200 kbps for each
description. The two descriptions are transmitted through two
paths over the network. For each network scenario, each video
sequence is sent repeatedly 500 times to generate a statistically
meaningful quality measure.



TABLE I
AVERAGE PSNR FOR CODED FOREMAN SEQUENCE AT 400 KBPS
WITHOUT AND WITH TRANSMISSION LOSSES

PSNR (dB) SDC MDC RA-MDC
Without losses 35.77 34.56 34.50
With losses (p=4.5%) 32.20 3245 33.51

We use average PSNR of all frames over all realizations
to evaluate the objective video quality of the decoded video
sequences. In addition, we introduce PSNR, ; proposed in
[22], [23] as a multiuser perceptual video quality indicator.
PSNR, s is defined as the PSNR surpassed by f% of the
video frames for r% of the realizations, which shows the video
quality guaranteed for % of realizations among f% of the
frames.

B. Performance Evaluation

First, we examine the case that the transmission power
of each node is 15 dBm, which leads to an overall packet
loss rate around 4.5%. We look at the PSNR performance
of the three methods for the Foreman sequence without and
with transmission losses in Table I. We see that for the
coded Foreman sequence without transmission losses, SDC
achieves highest PSNR for the same bitrate, while MDC
has a PSNR slightly higher than RA-MDC. On the other
hand, RA-MDC achieves the highest average PSNR in the
presence of moderate transmission losses. The results show
that both MDC and RA-MDC trade coding efficiency for the
reconstructed video quality under transmission losses, while
RA-MDC provides a better tradeoff between coding efficiency
and error resilience. Based on the frame loss estimation results
in RA-MDC, fewer frames are used as reference for RA-
MDC, which leads to a 0.06 dB lower PSNR than MDC
when there is no transmission loss. However, the RA-MDC
achieves 1 dB gain in PSNR under transmission losses, since
it can effectively stop error propagation by not using corrupted
frames as a reference frame.

Next, we compare the PSNR, ; results with fixed values
of r and f. Figure 3(a) shows the PSNR, ; values for the
three coding methods with fixed » = 80%, which indicates the
delivered video quality guaranteed for 80% of the realizations
(users) for f percentage of the frames. In Fig. 3(a), we see
that about 28%, 16%, and 5% of the frames in 80% of the
realizations have a PSNR lower than 25 dB for SDC, MDC,
and RA-MDC respectively. This suggests that RA-MDC has
the fewest bad-quality frames that may attract the viewer’s
attention and make the video visually annoying.

Figure 3(b) presents PSNR, ; for SDC, MDC, and RA-
MDC with fixed f = 85%. This figure shows the video quality
achieved for 7% of the users in 85% of the frames. We see
that RA-MDC guarantees a better video quality for most of the
realizations compared to the other two methods. For example,
RA-MDC guarantees a PSNR of 29.07 dB for 85% of the
frames in 80% of the realizations, while SDC and MDC can
only guarantee a PSNR of 24.50 dB and 21.22 dB for the same
values of r and f. We also see that RA-MDC has a flatter curve
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sequence (CIF, 15fps) at 400 kbps, packet loss rate 4.5%. Average PSNRs of
SDC, MDC, and RA-MDC are 32.20 dB, 32.45 dB, and 33.51 dB respectively

than SDC and MDC, which indicates that for RA-MDC, the
video experience of multiple users has a smaller variance such
that PSNR ;_g50, for over 70% of the users is greater than 30
dB. On the other hand, PSNR y_g5¢, for 70% of the users for
SDC varies in the range of 23.29 to 32.87 dB, which means
that some of the users experience good video quality while
the others have a bad video experience. Figure 3 shows that
our proposed RA-MDC not only achieves the highest objective
video quality but also provides good performance for multiple
users.

Finally, we present the performance of the three methods for
different video sequences under two typical packet loss rates
in Table II. We see that RA-MDC consistently achieves the
best PSNR and PSNR,_gg9 r—g5% for all video sequences
under different packet loss rates. RA-MDC achieves gains
in PSNR in the range of 0.7-2.3 dB compared to SDC,
and gains in PSNR in the range of 0.7-1.4 dB compared to
MDC. The performance improvement of RA-MDC in PSNR
increases as packet loss rate increases since both SDC and



TABLE I
PERFORMANCE FOR DIFFERENT VIDEO SEQUENCES UNDER DIFFERENT PACKET LOSS RATES

packet loss rate 4.5% packet loss rate 8.8%
PSNR PSNR, _g0%, f=85% PSNR PSNR, _g0%, f=85%
SDC | MDC | RA-MDC | SDC | MDC | RA-MDC | SDC | MDC | RA-MDC | SDC | MDC | RA-MDC
Coastguard 28.30 | 28.38 29.03 21.42 | 23.77 27.76 27.16 | 27.62 28.52 18.79 | 22.30 25.16
Foreman 3220 | 3245 33.51 2122 | 24.49 29.07 30.51 | 31.23 32.67 18.67 | 22.49 26.84
Mother-daughter | 39.40 | 39.86 40.63 27.86 | 34.20 38.66 3791 | 3891 39.99 24.29 | 32.00 34.28
News 37.24 | 37.50 38.53 2247 | 29.63 36.06 3543 | 36.38 37.72 2042 | 27.89 31.41
Silent 35.13 | 35.20 35.89 2493 | 29.66 33.85 33.61 | 3432 35.24 20.32 | 26.59 29.32

MDC suffer more error propagation under more transmission
errors. Furthermore, RA-MDC increases PSNR, _ggo; r=85%
by up to 13.6 dB as compared to SDC and by up to 6.4 dB as
compared to MDC, which indicates substantial improvement
for multiple users over the network.

IV. CONCLUSION

In this paper, we propose a cross-layer approach to support
video transmission over mobile ad-hoc networks. The ap-
proach incorporates a routing-aware reference frame selection
method with multiple description coding and multipath routing
to enhance the error resilience of the delivered video. We
discuss the transmission and coding mechanism at the MAC,
network, and application layers and how the interplay among
these layers can be beneficial to video transmission. The
main advantage of our proposed approach is that it neither
requires extra feedback channel nor incurs any extra overhead,
but just utilizes the known network parameters and routing
information to retrieve packet loss information embedded at
the network layer. In addition, it only introduces negligible
reduction in coding efficiency and does not cause extra delay.
Therefore, our proposed approach is suitable for real-time
video applications over mobile ad-hoc networks.
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