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Abstract— Broadband and wireless communication systems
in today’s world are more robust and ubiquitous tha they used
to be earlier. Video traffic has become a problemawadays due
to the increase in the use of wireless networks. NM#aining a
good quality of video is very important. The video gality is
affected by: 1) the distortion due to compressiontahe source
and 2) distortion due to both wireless channel indced errors
and interference. Here, we are working to reduce dtortion in
video traffic flowing over a wireless network. Todays users
demand high quality videos to be delivered seamldgson their
devices. In this paper, we discuss routing policigs reduce video
distortion on an end to end basis. Conventional angdopular link
based routing metrics such as ETX cause high videostortion
as they do not account for dependence across theks of a path.
Hence, video traffic merges onto few paths causingjstortion.
To reduce the distortion in videos and report frameloss in
videos, we build an analytical framework. A routingprotocol for
reducing distortion in videos is designed based orthe
framework’s routing policy. Simulations are done toshow the
protocol designed is efficient in minimizing videdlistortion.

Index Terms— video distortion, distortion minimization,
routing protocol.

I. INTRODUCTION

loss in the GOP and the frame loss probabilithéntdirectly
associated with the video distortion Metric. Usthg above
mapping from the network specific property to the
application-specific quality metric, we indicateetproblem

of routing as an optimization problem where we fiad the
path from the source to the destination that canmizes the
end-to-end distortion. The solution for this prables based
on a dynamic programming approach that effectigafytures
the evolution of the frame —loss. After this we igasa
practical routing protocol, based on the above teniu to
minimize routing distortion. Television) and VOIR/dice
over Internet Protocol) which have high bit — naigltimedia
content and high QOS (Quality of Service) are being
delivered to users due to increase in bandwidthsaddband
year after year. Providing broadband access iastiallenge

in rural and mountainous regions because of teahaiud/or
economic reasons due to which people living in segfions
cannot benefit from the advantages offered by Hyaad
access . 802.11 WLANSs have limited coverage andhope
wireless networks such as 3G and licensed WiMAXcastly
and usually require licences for channel. Multithopadband
wireless networks is a solution which provides biiwsnd
access along with much needed QoS . Multihop vseele
networks have one or many intermediate nodes which

Video quality can be improved by accounting folindependently communicate among themselves alorg th
application requirements. The schemes used to eneodroute and send or receive packets using wireladss.li

video clip can accommodate a certain number ofgtdokses
per frame. If the number of lost packets exceettseshold
value then the frame cannot be decoded correctiys,T
resulting a distortion. The value of distortion dads on
position of unrecoverable video frames in the GGR(ip of
Pictures). So, we construct an analytical modeli¢av the
behaviour of the process that describes the eeolad frame
losses in the GOP. Using this we capture how ttuécehof
path for an end-to-end flow affect the performaata flow
in terms of video distortion. Our model is builtsea on a
multilayer on approach as shown in figl.The padass-
probability on a link is mapped to the probabilitya frame
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Multihop networks can perform routing in a self-read
manner, since they don't rely on any past frameviarge.
Research interest has been increasing in wireksggorks to
deliver multimedia services as multimedia is expddb be a
major traffic source over next — generation wirglestworks .
Multimedia traffic is becoming very popular in wiess
networks with the coming of smart phones. Transferideo
clips, pictures and voice data in areas of natcatdmities,
disaster recovery, drought hit areas, etc. toifatdl mission
management by government agencies and NGO'’s hasasm
a hope to people in distress. Under such extreragasios
maintaining a good quality of the video which ertsferred is
demanding from the user’s prospect. The qualitsiddo sent
over wireless network is influenced by: 1) the uske
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compression techniques during which noise or distoris

added at the source and 2) both, errors enteringraless
channel and tampering also causes distortion ireovid
Transmission losses can prevented by using difféegals of
encoding described in video encoding standardMIR&EG-4

or H.264/AVC. I-type, P-type and Btype frames am@ugs of
frame types which are defined in these encodinpstals. In
case of I-type frames data is encoded independédntlyase
of P-type and B-type frames encoding is performased on
the data encoded within other frames. Applicatievel

performance of video transmissions can be deriv@dgu
Group of Pictures (GoP) which allows for the matchof

frame losses into a distortion metric . Routinghie most
often neglected critical functionality which affectthe
end-to-end video quality. There is a correlatioriwieen

losses on the links that constitute routes fromuace node to
a destination node but most routing protocols whéch

designed for wireless multihop networks are appbica
specific. Sometimes, few links can become heavbded
with traffic which results in video distortion amdhile other
links are less utilized as network traffic is indedent.
Network parameters and not application parametershe
only basis on which most of the routing protocolskmtheir
decisions to route the traffic.

II. PROPOSEBYSTEM

In this paper, our thesis is that the user-perckiideo
quality can be significantly improved by accountifay
application requirements, and specifically the widestortion
experienced by a flow, end-to-end. Typically, tlubesmes

sent out on relatively more congested paths.
Our routing scheme is optimized for transferringea
clips on wireless networks with minimum video disian.

Ill. LITERATURE SURVEY

A. Overview of the H.264/AVC video coding standard

AUTHORS: T. Wiegand, G. J. Sullivan, G. Bjontegaard,
and A. Luthra

H.264/AVC is newest video coding standard of the/{T
Video Coding Experts Group and the ISO/IEC Moving
Picture Experts Group. The main goals of the HA28Q
standardization effort have been enhanced compressi
performance and provision of a "network-friendlyldeo
representation addressing "conversational" (vieésphony)
and "nonconversational" (storage, broadcast, @asting)
applications. H.264/AVC has achieved a significant
improvement in rate-distortion efficiency relatite existing
standards. This article provides an overview oftdahnical
features of H.264/AVC, describes profiles and aggpions
for the standard, and outlines the history of the
standardization process.

B. A high throughput path metric for multi-hop wireless

routing

AUTHORS: D. S. J. D. Couto, D. Aguayo, J. Bicket, and
R. Morris

This paper presents tkeepected transmission count metric
(ETX), which finds high-throughput paths on multgh
wireless networks. ETX minimizes the expected totahber
of packet transmissions (including retransmissioagired

used to encode a video clip can accommodate aircertg, g,ccessfully deliver a packet to the ultimatstidetion.

number of packet losses per frame. However, ifthaber of
lost packets in a frame exceeds a certain threstt@drame
cannot be decoded correctly.

A frame loss will result in some amount of distorti The
value of distortion at a hop along the path from sburce to
the destination depends on the positions of theaawerable
video frames (simply referred to as frames) inGi@P, at that
hop.

The ETX metric incorporates the effects of linkdastios,
asymmetry in the loss ratios between the two dwastof
each link, and interference among the successks bf a
path. In contrast, the minimum hop-count metric ades
arbitrarily among the different paths of the samiaimum
length, regardless of the often large differencebiioughput
among those paths, and ignoring the possibility sh@nger
path might offer higher throughput.This paper diéss the

As one of our main contributions, we CONStruct alyesign and implementation of ETX as a metric fer BSDV

analytical model to characterize the dynamic bedraot the
process that describes the evolution of frame Lasehe
GOP (instead of just focusing on a network quatitgtric
such as the packet-loss probability) as videoliseled on an
end-to-end path.

Specifically, with our model, we capture how theicle of
path for an end-to-end flow affects the performaoica flow
in terms of video distortion. Our model is builtsed on a
multilayer approach.

A. ADVANTAGES OF PROPOSED SYSTEM:

Our solution to the problem is based on a dynam
programming approach that effectively capturestraution
of the frame-loss process.

Minimize routing distortion.

Since the loss of the longer I-frames that camg-fjrained
information affects the distortion metric more, @aproach
ensures that these frames are carried on the phé#ts
experience the least congestion; the latter frama&OP are
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and DSR routing protocols, as well as modificatitn®SDV

and DSR which allow them to use ETX. Measuremeaksrt
from a 29-node 802.11b test-bed demonstrate the poo
performance of minimum hop-count, illustrate theises of
that poor performance, and confirm that ETX impsve
performance. For long paths the throughput impraamns
often a factor of two or more, suggesting that EWK
become more useful as networks grow larger andspath
become longer.

iCC. Packet loss resilient transmission of MPEG video over
the internet

AUTHORS: J. M. Boyce

A method is proposed to protect MPEG video quddiiyn
packet loss for real-time transmission over theerimit.
Because MPEG uses inter-frame coding, relativelalism
packet loss rates in IP transmission can drambticatiuce
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the quality of the received MPEG video. In the prsgd
high-priority protection (HiPP) method, the MPECd&0
stream is split into high- and low-priority pantitis, using a
technique similar to MPEG-2 data partitioning. Qhead

diversity. It is shown that, given specific implemations,
there is a large variation in relative performarnegween
multiple description coding and layered coding delieg on
the employed transmission scheme. For scenariosevihe

resilient data for the MPEG video stream is credbgd packet transmission schedules can be optimized in a
applying forward error correction coding to onlyeth rate-distortion sense, layered coding provides #&ebe
high-priority portion of the video stream. The highnd performance. The converse is true for scenariogeviie

low-priority data, and resilient data, are sentrogesingle

packet schedules are not rate-distortion optimized.

channel, using a packetization method that maxisnize

resistance to burst losses, while minimizing dekayd

overhead. Because the proposed method has low dethy

does not require re-transmission, it is well suitfxa
interactive and multicast applications. Simulationgre
performed comparing the improvement in video qualgting
the HiPP method, using experimental Internet patbss
traces with loss rates in the range of 0-8.5%. Kaex
resiliency data rates of 0%, 12.5%, 25%, and 37viEdre
studied, with different compositions of the overthetata for
the 25% and 37.5% overhead rates, in an attenfpiddhe
“best” composition of the overhead data. In thespree of
packet loss, the received video quality, as medswydPSNR
and the Negsob measure, was significantly improvbdn
the HiPP method was applied.

D. Layered coded vs. multiple description coded video
over error-prone networks

AUTHORS: Y.-C. Lee, J. Kim, Y. Altunbasak, and R. M

Mersereau

Layered (LC) and multiple description coding (MD@ve
been proposed as source coding techniques thablaust to
channel errors for video transmission. LC and MD&veh
similar characteristics: they both generate
sub-bitstreams, and it is permissible to drop spowion of
the data from the sub-bitstreams during transmisfsioboth
methods. However, they are different in the sehs¢ the
sub-bitstreams for LC have different levels of imtpace
while all sub-bitstreams for MDC are equally im@mt
Since these two encoding techniques have similzpegties,

some performance comparisons between LC and MDE€ h

recently been reported. However, these studiestélenot
conclusive because several scenarios have notdaeefully

considered. Furthermore, they have been perfornmed 3

different environments. In this paper, we furthavestigate
the error-resilience capabilities of these two el
techniques through extensive experimentation. Aigo
some of our conclusions agree with those in tleedttre, we
believe that this paper provides the most compratien
performance comparison yet between LC and MDC.

E. Layered coding vs. multiple descriptions for video
streaming over multiple paths

AUTHORS: J. Chakareski, S. Han, and B. Girod

mugtip

IV. RELATEDWORK

Different approaches exist in handling such an dmgp
and transmission. The Multiple Description CodingD(C)
technique fragments the initial video clip intowanber of sub
streams called descriptions. The descriptionsraresinitted
on the network over disjoint paths. These descmgtiare
equivalent in the sense that any one of them ifscarit for
the decoding process to be successful; howevequhéty
improves with the number of decoded sub streamgerea
Coding (LC) produces a base layer and multiple ecément
layers. The enhancement layers serve only to refie
baselayer quality and are not useful on their ciWrerefore,
the base layer represents the most critical patieoéncoded
signal . Standards like the MPEG-4 and the H.264ZAV
provide guidelines on how a video clip should becgted for
a transmission over a communication system baséayered
coding. Typically, the initial video clip is sepéed into a
sequence of frames of different importance wittpees to
quality and, hence, different levels of encodinge frames
are called I-, P-, and B-frames, and groups of dumimes
constitute a structure named the GOP. In eachG@h, the
first frame is an I-frame that can be decoded irdepntly of

jany other information carried within the same G@feer the

I-frame, a sequence of P- and possibly B-framdevisl. The
P- and B-frames use the I-frame as a referencen¢code
information. However, note that the P-frames can Ak used
as references for other frames. There has beedyadievork
on packet-loss-resilient video coding in the sigmalcessing
research community . In the video stream is sptib high-
d low-priority partitions, and FEC is used to tpob the

"
6\ﬂgh—priority data. To account for temporal andtsdaerror

propagation due to quantization and packet losses,
Igorithm is proposed in [8] to produce estimatésthe
overall video distortion that can be used for shiitg

between inter- and intracoding modes per macroblock
In an enhancement to the

achieving higher PSNR.
transmission robustness of the coded bit streaathseved
through the introduction of inter/intracoding witbdundant
macroblocks. The coding parameters are determiyed b
ratedistortion optimization scheme. These schemes a
evaluated using simulation where the effect of ieéwvork
transmission is represented by a constant packstréde, and
therefore fails to capture the idiosyncrasies dfl-meorld
systems. In an analytical framework is developedadel the

In this paper, we examine the performance of sjgecifeffects of wireless channel fading on video distort The

implementations of multiple description coding awod
layered coding for video streaming over error-prpaeket

model is, however, only valid for single-hop comraation.
In the authors examine the effects of packet-lateems and

switched networks. We compare their performancagusi specifically the length of error bursts on the alison of

different transmission schemes with and withouivoek path
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compressed video. The work, although on a singik, li
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showcases the importance of accounting for thestadion of
errors across frames. Finally, a recursion modedérived in
[13] to relate the average transmission distortaamoss
successive P-frames. None of these efforts corssithes
impact of routing on video distortion. There havgoabeen
studies on the performance of video transmissioes dG
wireless networks that have been designed to stbygin
QoS for multimedia applications. In an assessmérnhe
recently defined video coding scheme (H.264/SVC)
performed over mobile WiIMAX. Metrics such as theNtS
and the MOS are used to represent the quality pérance
perceived by the end-user. The results show that
performance is sensitive to the different encodipgons in
the protocols and responds differently to the tdstata in the
network. Again, these are single-link wireless rarks, and
routing is not a factor. Cross-layer optimizatiomdaQoS
routing is not new. An extensive body of researxiste on
routing algorithms for wireless ad hoc and meshvaogks.

Furthermore, the survey in provides various ways of
routing schemes based on protocol

classifying QoS
evaluation metrics (transport/application, networknd
MAC-layer metrics). However, none of the routingiames
presented in these surveys takes into account rpeaface
metrics defined for an application and specificddly video
transfers. Even when a QoS routing
application-aware, the applications need
throughput and delay constraints. This is in cattta our
approach, where an application-related performamnetric,
namely the video distortion, is directly incorp@etinto the
route selection mechanism.

V. CONCLUSIONAND FUTUREWORK

In this paper, we argue that a routing policy thsat
application- aware is likely to provide benefitstearms of
user-perceived performance. Specifically, we carsid
network that primarily carries video flows. We setk
understand the impact of routing on the end-todiatbrtion
of video flows. Toward this, we construct an ariabftmodel
that ties video distortion to the underlying paeksis
probabilities. Using this model, we find the optimaute (in
terms of distortion) between a source and a ddgtimaode
using a dynamic programming approach. Unlike trewétl

metrics such as ETX, our approach takes into adcol
influenceeovid
distortion. Based on our approach, we design atipehc

routing scheme that we then evaluate via extensi

correlation across packet losses that

simulations and testbed experiments. Our simulasitaly
shows that the distortion (in terms of PSNR) isrdased by

20% compared to ETX-based routing. Moreover, ther us

experience degradation due to increased traffid ioathe
network is kept to a minimum.
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