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Abstract—In this paper, weinvestigatethe transmissionof H.263video
sequence®ver wir elessnetworks with error recoveryprovided by a two-
step adaptive hybrid ARQ schemeusing RS codes. Each video frame is
divided into data packetsfor transmission. For each packet transmis-
sion, by usinga simple table-driven approach, the bestRS codeis selected
from a givensetof codesto minimize the transmissionoverhead.Further,
an additional adaptation stepis usedto guaranteecertain QoS require-
ment. Simulation resultsshowthat the proposederror recoveryscheme
outperforms the traditional single-codeschemesand the single-steperror
recoveryschemeshanks to its adaptability to both the wir elesschannel
condition and the actual frame lossevents.

Keywords— Wir elessnetworks, adaptive hybrid ARQ, transmission
gain, partial gain, transmission status, pseudodelivery deadline, frame
lossrate.

|. INTRODUCTION

In recentyears,the increasinghumberof mobile usersand
thegrowing demandor new multimediaserviceshave spurred
the researchon video transmissionover wireless networks.
Unlike non-real-timemessag@acketsreal-timevideoframes
have deadlinesby which they mustbe deliveredto the des-
tination. Video servicesare very sensitve to delivery de-
lays but cantoleratesomeframelossesand transmissiorer
rors. To provide a video serviceof acceptableguality over
wirelessnetworksa carefully-designeérrorrecovery scheme
mustbe employedbecausevirelesschannelsareerrorprone,
bandwidth-limitedandtime-varying dueto fading effectsand
usermobility.

Therearetwo basiccateoriesof errorrecorery: FEC (For-
ward Error Correction)and ARQ (Automatic Retransmission
reQuest)[1], [2]. FEC schemesuseerror correctingcodes
to combattransmissiorerrorsby addingredundang to data
packetsbeforethey aretransmitted. The redundang is used
by the recever to detectand correcterrors,if ary. Because
wirelesschannelsare time-varying, stationaryFEC schemes
must be implementedto guaranteecertainquality-of-service
(QoS)for the worst caseof the channelcondition, which in-
troducesa high transmissioroverhead. Since FEC schemes
maintainconstanthroughputandboundeddelay they canbe
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usedfor real-timeapplications.In contrast,only error detect-
ing codesareusedin ARQ schemesPacketsrecevedin error

arerequestedo be retransmitted. ARQ schemesre simple

andefficient whenthe channelconditionis goodor moderate.
If thechannebit errorrateis high, thethroughpuperformance
dropsdrasticallydueto theincreasedrequeng of retransmis-
sions.

In orderto achieve highthroughputandhigh systenreliabil-
ity, a combinationof thesetwo basicerrorrecorery schemes,
calledthe hybrid ARQ schemehasbeenproposedandre-
ceived considerablattention.Deng[3] proposed type-I hy-
brid ARQ systemwhich automaticallyadjuststhe error cor-
recting coderateto matchthe currentchannelbit error rate.
In [4], Kallel proposedand analyzedseveral efficient Stop-
and-Wait, Go-Back-N, and Select-Repeahybrid ARQ pro-
tocols with adaptve forward error correctionusing convolu-
tional codes. Joe[5] designeda hybrid ARQ schemewith
concatenatedrEC for wirelessATM networks,and the key
ideais the adaptationof the coderateto channelconditions
usingincrementafedundang to maximizethe throughputef-
ficieng.. However, for real-timeapplicationsall the above er
ror recovery schemesproposedor non-real-timedatatrans-
mission, may introducean unacceptablyong delay To pro-
vide boundeddelay an error recorery schemewith a limited
number of retransmission$ias beenproposedin [6]. Fur-
ther, Liu [7] presentech delay-boundedype-Il hybrid ARQ
schemeausingBCH codesfor thetransmissiorof H.263video
sequencesver indoor wirelesschannels. The numberof re-
transmissionss limited to onein orderto reducethe delay

In this paper we presenta two-stepadaptie hybrid ARQ
schemefor transmitting H.263 video sequencesvhich, (1)
basedon boththe wirelesschannekconditionandthedeadline
constraintadaptvely selectghe besterror correctingcodeby
looking up anoptimal codetablewhich is pre-determinede-
fore startingthe video service,and, (2) basedon the actual
frame loss events, adaptvely usesthe pre-huilt optimal code
tableto guaranteeertainQoSin termsof the framelossrate.
This work is mainly motivatedby [8] wherea similar table-
driven approachis usedto determinethe besttransmission
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Fig. 1. Networktopology

stratgy with an objective of balancingthe needof delivering
the packeton time andtheneedto consere bandwidth.How-

ever, this approactcant provide guarantee®oS.In addition,
they assumehateachvideoframeis carriedby a singlepacket
for transmissionwhich is not practical.

The rest of this paperis organizedas follows. Section2
describeghe systemmodelsand statesthe assumptiongo be
used. The problemstatementand the proposederror recors-
ery schemearepresentedn Section3. Section4 presentsand
discusseshe simulationresults,and Section5 concludeghe
paper

Il. MODELING AND SPECIFICATIONS

Before proceedingo the proposedwo-stepadaptie error
recovery schemeijt is necessaryo first describethe network
topology, the wireless channelmodel, the H.263 video se-
guenceandtheerrorcorrectingcode.

A. Network Topology

As shown in Fig. 1, a mobile recever anda sourcestation
communicatewith eachothervia an accesgpoint (AP). As-
sumethattherecever stationrequesta videoservicefrom the
sourcestationwherean H.263video encodeilis implemented
with a fixed compressiorratio. The picture format and the
samplerate of thevideo sequencareknown to both stations,
andthe AP buffersall the incoming packetsfrom the source
station. In this paper we focuson the error recorery scheme
atthe AP for videotransmissiorover the downlink of theend-
mostwirelesshop. Error recavery for uplink communication
will betreatedn aseparatgaper

B. Wireless Channel Model

The channelcondition of a wirelesslink can be approxi-
matelymodeledby a two-stateMarkov chain. The channelis
in eithergood or bad stateas shown in Fig. 2. Let¢; ; de-
note the transition probability from state: to statej, andlet

Pb(s) denotethe averagechannebit errorrateat states, where
i,7,s € {good, bad}.

tgood,bad

tgood,good tbad,bad

tbad,good

Fig. 2. Two-stateMarkov chainmodelfor wirelesschannel

C. H.263 Video Sequence Structure

In the H.263 video coding standard[9], inter-frame pre-
diction is employedto reducethe temporalredundang be-
tween adjacentvideo frames. Eachframe is first predicted
from the immediatelyprevious onein the sameGOP (Group
of Pictures),the motion vector and the residual prediction
errors are then DCT (Discrete Cosine Transform)encoded.
To accommodatehe MTU (Maximum TransferUnit) limi-
tation of the underlying wireless network, the DCT coefi-
cientsare divided into smallerdatapacketsfor transmission.
As shawn in Fig. 3, a GOP consistsof L video frames. Let
F = A{fo, f1,--., fr—1} denotethe setof L different GOP
positions.

We definethe delivery deadline of a video frameto be
thetime whenthe frameis expectedto bedisplayedat there-
ceiver station.A framecanbefully restoredf all of its pack-
ets are successfullytransmittedbeforethe delivery deadline.
However, if ary packetmisseghedeliverydeadlinetherecon-
structedframewill containsomeerror andthe picture quality
will be degraded. Due to inter-frame prediction, the subse-
guentframeswill alsosuffer quality degradationandtheerror
propagationvon’t stopuntil the first frame of the next GOR
Thesedeterioratedramesaresaidto belost. Insteadof trans-
mitting the packetof thesubsequerlbst framesthe AP stops
thetransmissiorandremovesthesepacketsfrom its memory

Clearly, the numberof lost framesdueto packetlossesde-
pendsonthe GOPpositionof theframecarriedin lost packets.
To quantifythe positive impacton the quality of serviceasthe
resultof deliveringtheframeontime, eachframeis associated
with arewardvalueaccordingto its GOPposition. Considera
framewith GOPposition f; € F, ary lossof its datapackets

Fig. 3. H.263videosequencstructure



wouldresultin atotal of . —i lostframes.Basedonthis obser
vation,we settheassociatedeward Rwd(f;) tobeJ - (L —1),
where.J is thenumberof datapacketsperframe.

D. Error Recovery Scheme

We consideran adaptie hybrid ARQ schemeusing Reed-
Solomon(RS) error correctingcodes. Insteadof using one
singleRScode,a setof RS codeswith differentcoderatesare
availableat both the AP andthe recever station. At eachat-
temptof packettransmissionthe AP canuseary oneof these
RS codes.In this paper we considerthe Stop-and-Vdit ARQ
stratgy. Thepacketiransmissions successfuif a positive ac-
knowledgmentis received from the recever station. If a ney-
ative acknavledgmentis receved or the acknavledgmentis
not receved within a time-outinterval, the packetis thenre-
transmittedby the AP. The retransmissiottime-outinterval is
determinedbasedon the round trip time. After a successful
packettransmissioror afterthe correspondingramedelivery
deadlineexpires,the AP removesthe packetfrom its memory

RS codesare known to have the maximum error correct-
ing capabilityfor givenredundang. Letc = (N, K) bethe
RS codeunderconsideratiorandlet ¢ be the numberof bits
in eachsymbol. The error correctingcapabilityt is equalto
[(N — K)/2], i.e., ary combinationof ¢ symbol errorsout
of N symbolsis correctable. The coderate r is definedas
r = K/N. Assumethatthe wirelesschannels in states with

the averagechannelbit error rate Pb(s). Let P,,,, denotethe
symbolerror probability, thenthe probability of a correctable

packetransmissionP.%, is givenby

t
s.c N 7 —1i
PC(O;,):Z< i )(Psym) (I_Psym)N ) 1)
7=0
where .
Poym = 1 — (1 - p;s)) : @)
LetC = {co,c1,...,cs} bethesetof RS codeswith code

ratesrg > r1 > --- > rp, > 0. Foreache; € C, let Cst(e;)
denotethe costfor using codec; in the packettransmission.
Whena packetof h symbolsis encodedby codec;, the total
numberof symbolsto be transmittedis 4/r;. Basedon this
obsenation, we setthe associatedransmissiorcostC'st(c;)
to be 1/r;. Clearly, for a fixed-lengthdatapacket,the larger
the transmissiorcost, the betterthe error correctingcapabil-
ity. In the proposedapproachthe AP canalsochooseto de-
fer the packettransmission.For the sakeof conveniencewe
usea specialcodecy; € C with aninfinite coderateto repre-
sentthe decisionof deferment. Choosingcodec, makesthe
associatettansmissiorcostzero,but, the probability of a cor-
rectablepackettransmissioris alsozero.

I1l. PROBLEM STATEMENT AND SOLUTIONS

Assumethat the mobile recever requestsan H.263 video
servicefrom thesourcestationandindicatests desiredquality

of serviceby settinga target frame loss rate (FLRiarget)
of the receved video sequence.In this paper we definethe
transmission gain for thevideoframeunderdelivery asthe
differencebetweenthe associatedeward for delivering the
frameon time andthe total transmissiorcostin conveying all
the datapacketsof the frame. The problemis to develop an
adaptve schemefor the AP to selectthe bestRS codefor the
next packetransmissiorsoasto maximizetheexpectedrans-
missiongain for the currentframe, while keepingthe actual
framelossratebelov F'LR;4rget.

A. Adaptive RS Code Selection

Ourproblemis actuallyanoptimizationproblemwith anad-
ditional constraint.Let’s first dealwith the gainmaximization
problemwithout consideringhe framelossrateconstraint.

The total transmissiorcostfor the currentframe delivery
can be divided into two parts: the costof pasttransmission
attemptsandthefuture transmissiorcostin conveying there-
maining packetsf the frame. Sincethe costof pasttransmis-
sion attemptshasbeendeterminedand henceindependenbf
the future transmissiorstrateyy, in orderto maximizethe ex-
pectedtransmissiorgainfor the currentframe,it is equivalent
to maximizing the expectedvalue of the differencebetween
the associatedeward andthe future transmissiorcost, which
is definedasthepartial gain.

Thetransmission status attimet canberepresentetly a
quadruplet(s, f, n, m), wheres € {good, bad} is thechannel
statein the Markov chainmodel, f € F is the GOP position
of the frameunderdelivery, n is the numberof the remaining
packetsf thisframe,andm is thenumberof packettransmis-
sion slotsbeforethe frame delivery deadline.In this paper a
packet transmission slot (T') is definedasthe time period
from the beginning of a packettransmissioruntil the packet
retransmissiotime-out.Let D denotethedelivery deadlineof
the currentframe,thenm canbecalculatedby

_— lmax(D—t,O)J . 3)

T

Let PG(e, s, f,n, m) denotethe expectedpartial gain of

choosingcodec € C for the next packettransmissionun-

der the currenttransmissiorstatus(s, f, n,m). The optimal

code c¢*(s, f,n, m) and the maximum expectedpartial gain
PG*(s, f,n, m) aredefinedas

c*(s, f,n,m) = arg 1rnEaCXPG(c7 s, fy,m,m), (4)
and
PG*(s, f,n,m) = PG(c*,s, f,n,m). (5)

Whenn > m, evenif m transmissiorattemptsareall suc-
cessful,the currentframestill cant be fully recoreredbefore
its delivery deadlinedueto absenceof the remainingn — m
packets. Hence,it makesno senseto continuetransmitting
thesen packets.Instead,we selectcodec, to deferthe next



packettransmissionand thus maximize the expectedpartial
gainto be zero. Whenn = 0, sinceall the packetsof the cur-
rent frame have beensuccessfullytransmitted the maximum
expectedpartialgain PG* (s, f, 0, m) is equalto Rwd(f).

Now considerthe generalkcasewhen0 < n < m. A packet
is successfullytransmittedonly if the transmissiorerrorsare
correctable.Uponreceving a positive acknavledgmentfrom
the recever station,the numberof the remainingpacketsis
reducedo n — 1 with m — 1 possibleransmissiorattemptsal-
lowed beforethe delivery deadline.If the packettransmission
fails, the AP hasto retransmitthe packetafterthe retransmis-
siontime-out. The numberof the remainingpacketds still n
but atmostm — 1 possibletransmissiorattemptsareallowed
beforethe delivery deadline. In both casesthe transmission
costfor usingcodec is C'st(c). Basedon the above obser
vations, PG (e, s, f,n,m) (0 < n < m) canbe recursvely
calculatecby

PG(e,s, f,n,m) =

>

i€{good,bad}

P(svc)

cor

tsi- PG*(i, fyn—1,m—1)

+ [1 - Pc(jf)}

>

i€{good,bad}

tsi- PG*(i, fyn,m—1)

—C'st(c). (6)
Treatingthe casef n > m andn = 0 astwo initial condi-
tions,we fully specifythecomputatiorof theoptimalRScode
for thenext packetransmissiorby (4), (5), and(6).

Sincethe numberof possibletransmissionstatusis finite
for ary practicalvideo service,the AP cancomputeoff-line
a table of optimal RS codesindexed by the statusquadruplet
(s, f,n,m). At run-time,the AP estimateghe channelcon-
dition, determineghe currenttransmissionstatus,and looks
up this pre-huilt codetableto selectthe optimal RS codefor
the next packettransmissionThe problemof how to makean
accurateestimationof the currentchannelconditionis beyond
thecoverageof this paper In our study we assumehatthe AP
canmonitorthepastchannekonditionvariationsandmakean
estimationwhich is accurateenoughfor codeselection.

B. Adaptive Use of the Code Table

Whenthe AP looks up the pre-huilt optimal codetableto
determinethe RS codefor the next packettransmissionthe
expectedtransmissiorgain for the video frame under deliv-
ery is maximizedaccordingto the above analysis. However,
sincethe framelossrate constraintis not takeninto consider
ation when building the optimal codetable, the actualframe
loss rate cant be automaticallyguaranteeelown the tamget
value. In this section,we proposean adaptve way of using
the pre-huilt optimal codetableto determinghe bestRScode
for the next packettransmissionpasedon the obsenation of

01.
02.
03.
04.
05.

if (wref = {1/([/ . FLRtarget)])r then
Wobs ‘= Wref,

Weount = 0; leount 1= 0;

dmaz = Mmaz — J, dpse = dstart;

while (videoservicecontinues){

06. if (currentGOPdeliveryis finished)then {
07. Weount = Weount + 1;

08. l10,s¢+ := numberof lostframesin this GOP;
09. if (liost > 0) then {

10. lcount = lcount + llost;

11. if (lcount > wobs/wref) then {

12. if (dpse < dmaz) then

13. dpse = dpse + 1;

14, Wops ‘= Wobs + Wref,

15. }

16.

17. elseif (Weount > wops) then {

18. if (lcount < Wobs /Wrey aNddpse > 0) then
19. dpse = dpse — 1;

20. Wobs ‘= Wref, Weount ‘= 0; leount == 0;
21. }

22. }

23. }

Fig.4. A pseudo-codef thealgorithmto adjustdyse

theactualframelossevents,soasto satisfytheframelossrate
constraint.

Considerntwo RS codeslisted in the pre-huilt optimal code
table: ¢; = ¢*(s, f,n,m1) and el = ¢*(s, f, n, ma) with
my; < ms. Notethatn andm representhe numberof the
remainingpacketsof the currentframeandthe numberof al-
lowed transmissiorattemptsheforethe delivery deadline re-
spectvely. To transmitthe samenumber(n) of packetswith a
smaller(m,) numberof transmissiorattempts,codec} tends
to have lower coderateandhighererror correctingcapability
thancodec;. Assumethatthe currenttransmissiorstatusis
(s, f,n,mq). By choosingcodec; over codec} for the next
packetiransmissionthe AP offersmoreerrorprotection how-
ever, attheexpenseof loweringtheexpectedransmissiomain
for the currentframe.

Basedon the above obsenations, we associatean earlier
pseudo delivery deadline for eachvideo frame,andlet the
AP determinethe optimal transmissiorstratgly basedon this
pseudadelivery deadlineinsteadof the actualone. By chang-
ing a frames pseudodelivery deadline,the AP adaptsthe
transmissiorstratgy with moreor lesserror correctingcapa-
bility. Let d,,. denotethe numberof packetransmissiorslots
betweenthe pseudodelivery deadlineandthe actualdelivery
deadline. Fig. 4 shows the pseudo-codedlgorithmexecuted
by the AP to adjustthevalueof d,..

Before running the algorithm, the referencewindow size
wrer (Measuredn GOPs)is determineddy w,.; = [1/(L -



FLR;4rget)] and assignedto the obsenation window size
weps, Which representshe numberof GOPswithin which the
AP countsthe lost framesto estimatethe actual frame loss
rate F LRgciuar- The countSwe,,,: for deliveredGOPsand
leount fOr lost frameswithin the obseration window arere-
setto 0, and d,;. is initialized to d;q,¢, @ designparame-
ter. As shown in the pseudo-codeyw,;s is increasedor de-
creasedy w,.y, andtheconstraintF' L Roctuat < FLRiarget

canbetranslatedo thatto keepthe countednumberi.,,,: of

lost framesout of w,;, obsened GOPsbelow wps /wres. At

run-time,wheneer thereis a framelossafter woss /w,. s l0st
frames,d,;. := dpse + 1 andwops 1= Wops + wrep. Onthe
otherhand,whentherearelessthan,or equalto, weps/wy.y

lost framesout of w,,, obsered GOPsdp;. := dps;e — 1 and
Wobs ‘= Wref -

The maximumvalueof dp;. IS dpmaz = Mmaz — J in the
algorithm. Note that m,, .., the maximumnumberof packet
transmissiorslotsfor eachframedelivery, is a constantdeter
minedby thepictureformat,the samplerate,andthecompres-
sionratio of thevideo sequenceand ./ is the numberof data
packetgerframe. Any d,,. with avaluelargerthand,, . is
meaninglesd®ecauset is impossibleto transmit.J packetsn
only mp,qas — dpse (< J) transmissiorattempts.We alsoset
the minimumvalueof d,,. to 0 sincea pseudadelivery dead-
line is never laterthantheactualdelivery deadline.

After determiningthe valueof d,,., the AP selectshe best
RS codefor the next packettransmissiorby

C**(Sa fa n,m, dpse) —

c*(s, f,n,m)
C* (81 f1 n,m-— dpse)
c*[s, f,n, min(n, m)]

if dpse =0
if m—n>dye>0
if dmas > dpse > m —n

= ¢"{s, f,n, min[m, max(m — dp;., n)]} @)
wherethe quadruplet(s, f, n, m) representshe currenttrans-
missionstatus,and ¢* is the RS codelisted in the pre-huilt
optimalcodetable.

IV. SIMULATION AND RESULTS

In this section, we evaluatethe effectivenessof the pro-
posedtwo-stepadaptie error recovery scheme. The band-
width of the wirelesslink is assumedo be 1M bps. For the
resultspresentedhn this paper let the statetransitionprobabil-
iti€S%g00d,bad ANALyed 4004 D€0.2 aNd0.8, respectiely, in the
two-stateMarkov chainmodelof thewirelesslink.

The video underconsideratioris sampledat 20 frames/sec
rateandeachframeis capturedn the QCIFformat(176 x 144)
with 256 gray levels for eachpixel. At the sourcestation,an
H.263 video encoderwith compressiorratio 8.25 is imple-
mented,anda single GOP consistsof four video frames. We
assumethe datapacketlengthto be 1024 bytes. Therefore,
the compressethformationof eachvideoframeis carriedby
threedatapackets.

CRC IP Packet Header
4 bytes 1044 bytes 16 bytes
7% V777N
/ \
CRC IP Packet Header

Z S

RS code redundant symbols

for IP packet and CRC Additional Header = 1 byte

BCH code check bits for new
header = 116 bits (14.5 bytes)

Fig.5. Modified WaveLAN MAC framestructure

At theaccespoint, eachdatapacketis prependedvith a20
byte-longlP headerandthenencapsulatethto a MAC frame
for transmission.Our studyborrows the MAC frame specifi-
cation of the popularWaveLAN modem. In WaveLAN, the
cyclic redundang check(CRC)codeis implementedor error
detectionbut no errorcorrectingcodeis implementedTo ap-
ply the proposedcadaptie error recorery schemethe original
WaveLAN MAC frameis modifiedasshavn in Fig. 5.

The MAC headeiis increasedy onebyte,which is usedto
specify the selectedRS code. The nev MAC headeris pro-
tectedby a (255, 139) BCH binarycode,s0255 — 139 = 116
checkbits areappendedo thenew headerBy usingthis code,
up to 15 bit errorscan be corrected. The reasonfor choos-
ing this codeis addressedh [10]. IP packetand CRC check
bits areencodedisingthe selectedrk S code,andtheredundant
symbolsare appendedat the end of the MAC frame. At the
recever station,basedn theinformationprovidedin the nen
MAC headerthereceved MAC framesarethenpresentedo
theappropriateRSdecoder

Further we assumehatthethreeRScodesavailableatboth
the AP andthemobilerecever stationarec, to deferthepacket
transmissiong; = (919,839) andes = (939, 839). Each
symbolis 10 bits long'. The (919, 839) RS codecandetect
and correct40 symbol errors, while the (939, 839) RS code
candetectand correct50 symbolerrors. The probabilitiesof
a correctablepackettransmissiorare computedby (1), using
theaveragechannebit errorrateof 5 x 10~2 for bad stateand
5 x 10~ for good state respectiely. Theseprobabilitiesand
the associatedransmissiorcostfor eachRS codearelistedin
Tablel.

For the assumedvirelesslink bandwidthof 1M bps, the
transmissiortime of a datapacketprotectedby codec; and
codec, are9.436msand9.636ms, respectiely. The packet
transmissiorslotis setto 10 ms,andhencehe maximumnum-
berof packettransmissiorslotsfor eachframedeliveryis lim-
ited to five. The optimal RS codetableindexed by the trans-
missionstatusquadruple{s, f, n, m) is shavn asTablell.

Empty entriesin this optimal codetable correspondo the

1839symbolsxs 1048bytes.



TABLE |

THREE RS CODES UNDER CONSIDERATION

[ RScodec | P [ P [ Cot(o) |
cg 0 0 0
e1(919, 839) 1 0.253 1.095
¢2(939, 839) 1 0.760 1.119
TABLE Il

PRE-BUILT OPTIMAL RS CODE TABLE

f Jo
s good | bad

n n
m|1]2]3|1|2]|3
1 C1 Co Cp (2] Co Cp
2 C1 C1 Cp C2 (2] Cp
3 c1 c1 Ccq1 Co Ca Cy
4 C1 C1 Co (2]
5 C1 Cp
f Ji
s good | bad

n n
m| 12 |3]1]2]3
1 C1 Co Co Co Co Co
2 C1 (4] Co Co (6] Co
3 C1 (5] C1 Co Co (2]
4 C1 (&3] Co Cy
5 (&3] Cp
f f2
s good | bad

n n
m| 12 |3]1]2]3
1 C1 Co Co Co Co Co
2 C1 (] Co Co (6] Cp
3 C1 C1 C1 Co Co (2]
4 C1 C1 Co (2]
5 C1 Co
f /3
s good | bad

n n
m|1]2]3|1|2]|3
1 C1 Co Cp (2] Co Cp
2 C1 C1 Cp Co Co Cp
3 C1 C1 C1 Co Co (2]
4 C1 C1 Co Cp
5 C1 Cp

S 8

average frame loss rate

average transmission overhead

2

°

1 2 3 a 1 2 3 4
error recovery scheme error recovery scheme

Fig. 6. Comparisorof four errorrecoveryschemes

eventswhich never occur For example,the transmissiorsta-
tuswith (n = 1, m = 4) pairimpliesthat2 (= 3 — n) data
packetshave beentransmittedn only 1 (= 5 — m) transmis-
sionattemptwhichis impossible Besidestheentryfor trans-
missionstatuswith n > m is alwayscg, sinceit is impossible
to transmitall theremainingpacketseforethe framedelivery
deadline.

For thetransmissiorstatuswith good stateand0 < n < m,
thecorrespondingntryin theoptimalcodetableis alwayse; ,
since the probability of a correctablepackettransmissionis
onefor bothc; andes, but ¢; hasa smallerassociatedrans-
missioncost. Whenthe wirelesslink is in bad state,we have
the following obsenations. Theentryfor (bad, fs,1,2) is ¢g
or deferringthe packettransmissiorat the currenttime. The
rationalebehindthe defermenis thatthereis a high probabil-
ity, 0.8,thatthewirelesdink will becomeyood duringthenext
packettransmissiorslot. However, if we changehe GOP po-
sition from f3 to f, in thequadrupletthecorrespondingntry
in theoptimalcodetableindicateghat,insteadf deferringthe
transmissionthe packetis encodedy codec, andtransmitted
overthebad channel Thisis becauséailureto transmitframes
with GOP position f, resultsin moresubsequerframelosses
thanthatfor f3, andwe would like to provide moreerror pro-
tectionand moretransmissiorattemptsfor suchframes. The
restof theentriesfor bad statecanbeinterpretedsimilarly.

At each experiment, the mobile recever requestsa 60
second-longrideoservice(total 1200frames)from the source
station,andindicatesits desiredquality of serviceby setting
atamgetframelossrateat 1.1%. For eachof the testingerror
recovery schemegheexperiments repeated 00timesto esti-
matethe averagetransmissioroverheacandthe averageframe
loss rate of the video service. The four testingschemesun-
der consideratiorare: the traditional single-codeschemesis-
ing codec; (Schemel) andcodecs (Scheme?), asingle-step
error recovery schemeby simply looking up the pre-kuilt op-
timal codetable (Scheme3), andthe proposedwo-steperror
recovery schemgSchemet).

Fig. 6 shawvs the averagetransmissioroverheadandthe av-
erageframelossratefor eachscheme.Scheme? hasa large
averagetransmissioroverheadecausef thelarge numberof
checkbits introducedby codec,. However, dueto theseaddi-
tional checkbits, the recever stationcancorrecta large num-
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Fig. 7. Simulationresultsfor Scheme2

berof symbolerrorsresultingin thelowestaverageframeloss
rate. Schemel hasthe highestaverageframelossratewhich
is dueto thelow probability of correctablgpackettransmission
usingcodec; whenthewirelesslink is in bad state. Scheme
1 alsohasthe largestaveragetransmissioroverhead pecause
thepoorerrorcorrectingcapabilityof codec; resultsin alarge
numberof packetretransmissionsScheme3 hasthe smallest
averagetransmissioroverheadamongthe four becausef the
adaptve useof codec; at good stateandtransmissiordefer
mentat bad state.lt alsoyieldsalow averageframelossrate
dueto the addedprotectionof codecs.

The detailedsimulationresultsfor Scheme? areplottedin
Fig. 7. Clearly, all the experimentsmeetthe targetframeloss
raterequirementhowever, attheexpenseof thelargetransmis-
sionoverhead As shavnin Fig. 8, althoughScheme3 presents
arelatively low averageframelossrate,mostexperimentsstill
suffer the frameloss rate higherthanthe target value; this is
becausehe optimalcodetableis built without consideringhe
framelossrate constraint. In the proposedwo-steperror re-
covery schemethe pre-huilt optimal codetableis adaptiely

0.035

usedaccordingto the actualframelossevents.Dueto this ad-

ditionaladaptatiorstep theframelossrateis greatlyimproved

at the expenseof a slightly increasedransmissioroverhead
comparedto Scheme3. However, the averagetransmission
overheadof the proposedschemés almost20% smallerthan

that of Scheme2 becausef the adaptve useof transmission
defermentcodes:; andc, in eachframedelivery. Theresults
areshavnin Fig. 6 andFig. 9.

V. CONCLUSION

In this paper we proposed two-stepadaptie error recor-
ery schemdor videotransmissiorover wirelessnetworks.The
mobile recever indicatesits desiredquality of serviceby set-
ting a target frame loss rate of the receved video sequence.
The main objective is to minimize the transmissioroverhead
while keepingthe framelossrate below the target value. To
accommodatéhe MTU limitation of the underlyingwireless
network, eachvideo frameis divided into smallerdatapack-
ets for transmission. The bestRS codefor the next packet
transmissions carefully selectedrom a setof availablecodes
basednthecurrenttransmissiorstatusandthe obsenation of
the actualframelossevents. Using simulations,we compare
theperformancef theproposedchemewith thatof two tradi-
tional single-codeschemesinda single-steadaptve scheme.
Thesimulationresultsshawv thatthe proposedschemeés much
betterthanthe single-codeschemesn termsof the transmis-
sionoverheadandoutperformghesingle-steschemen terms
of theframelossrate.
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