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Abstract

Streamingof continuousmediaoverwirelesslinks is anotoriouslydifficult problem.This is dueto thestrin-
gentQuality of Servicerequirementsof continuousmediaandtheunreliability of wirelesslinks. We developa
streamingprotocol for the real–timedelivery of gprerecordedcontinuousmediafrom a centralbasestationto
multiple mobile clientswithin a wirelesscell. Our protocolprefetchespartsof the ongoingcontinuousmedia
streamsinto prefetchbuffers in the clients. Our protocolprefetchesaccordingto a Join–the–Shortest–Queue
policy. By exploiting rateadaptationtechniquesof wirelessdatapacketprotocols,theJoin–the–Shortest–Queue
policy dynamicallyallocatesmoretransmissioncapacityto clientswith smallprefetchedreserves.Our protocol
useschannelprobingto handlethe location–dependent,time–varying,andbursty errorsof wirelesslinks. We
evaluateour prefetchingprotocol throughextensive simulationswith VBR MPEG encodedvideo traces. Our
simulationsindicatethat for burstyVBR videowith anaveragerateof 64 kbit/secandtypical wirelesscommu-
nicationconditionsour prefetchingprotocolachievesclient starvationprobabilitieson the orderof

�������
anda

bandwidthefficiency of 90 % with clientbuffersof 128kBytes.

Keywords

CDMA, ChannelProbing,Multimedia,Prefetching,PrerecordedContinuousMedia,RateAdaptation,Real–
TimeStreaming,WirelessCommunication.

I . INTRODUCTION

Due to the popularityof the World Wide Web retrievals from web serversaredominatingtoday’s

Internet.While mostof theretrievedobjectstodayaretextualandimageobjects,web–basedstreaming

of continuousmedia,suchasvideo andaudio,becomesincreasinglypopular. It is expectedthat by

2003,continuousmediawill accountfor morethan50 % of thedataavailableon thewebservers[1].

This trendis reflectedin a recentstudy[2], which foundthat thenumberof continuousmediaobjects

storedonwebservershastripledin thefirst ninemonthsof 1998.At thesametimethereis increasingly

thetrendtowardsaccessingtheInternetandWebfrom wirelessmobiledevices. Analystspredictthat

therewill be over onebillion mobile phoneusersby 2003andmorepeoplewill accessthe Internet

from wirelessthanwireline devices[3].
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The stringentQuality of Service(QoS)requirementsof continuousmediaandthe unreliability of

wirelesslinks combineto make streamingover wirelesslinks a notoriouslydifficult problem. In this

paperwedevelopahighperformancestreamingprotocolfor thereal–timedeliveryof prerecordedcon-

tinuousmediaover wirelesslinks. We considerthestreamingfrom a centralbasestationto multiple

mobile clientswithin a wirelesscell. We notethat to our knowledgeour studyis thefirst to develop

and evaluatea protocol for the streamingof prerecordedcontinuousmediaover wirelesslinks. Our

protocolallows for immediatecommencementof playbackaswell asnearinstantaneousclient inter-

actions,suchaspause/resumeandtemporaljumps. Our protocolgivesa constantperceptualmedia

quality at the clients while achieving a very high bandwidthefficiency. Our protocol achieves this

high performanceby exploiting two specialpropertiesof prerecordedcontinuousmedia:(1) theclient

consumptionratesover thedurationof theplaybackareknown beforethestreamingcommences,and

(2) while the continuousmediastreamis beingplayedout at the client, partsof the streamcanbe

prefetchedinto the client’s memory. The prefetchedreserves allow the clients to continueplayback

during periodsof adversetransmissionconditionson the wirelesslinks. In addition, the prefetched

reservesallow theclientsto maintaina high perceptualmediaquality whenretrieving burstyVariable

Bit Rate(VBR) encodedstreams.

Theprerecordedcontinuousmediastreamsareprefetchedaccordingto aspecificJoin–the–Shortest–

Queue(JSQ)policy, which strives to balancethe prefetchedreserves in the mobile clientswithin a

wirelesscell. TheJSQprefetchpolicy exploits rateadaptationtechniquesof wirelessdatapacket pro-

tocols[4]. Therateadaptationtechniquesallow for thedynamicallocationof transmissioncapacities

to theongoingwirelessconnections.In theCodeDivision Multiple Access(CDMA) IS–95(Revision

B) standard,for instance,the rate adaptationis achieved by varying the numberof codes(i.e., the

numberof parallelchannels)usedfor thetransmissionsto theindividual clients. (Thetotal numberof

codechannelsusedfor continuousmediastreamingin thewirelesscell is typically constant.)Roughly

speaking,theJSQprefetchpolicy dynamicallyallocatesmoretransmissioncapacityto mobileclients

with smallprefetchedreserveswhile allocatinglesstransmissioncapacityto theclientswith large re-

serves. The ongoingstreamswithin a wirelesscell collaboratethroughthis lendingand borrowing

of transmissioncapacities.Channelprobingis usedto judiciously utilize the transmissioncapacities

of thewirelesslinks, which typically experiencelocation–dependent, time–varying,andburstyerrors.

Ourextensivenumericalstudiesindicatethatthiscollaborationis highly effective in reducingplayback
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starvation at the clientswhile achieving a high bandwidthefficiency. For bursty VBR video with an

averagerate of 64 kbit/secand typical wirelesscommunicationconditionsour prefetchingprotocol

achievesclient starvation probabilitieson theorderof �	��

� anda bandwidthefficiency of 90 % with

client buffers of 128 kBytes. Introducinga start–uplatency of 0.4 secreducesthe client starvation

probabilityto roughly �	� 
�� .
This paperis organizedasfollows. In SectionII we describeour wirelessstreamingarchitecture.

In SectionIII we develop the JSQprefetchingprotocol. We outline how to employ our prefetching

protocolin third generationCDMA systemsandTDMA systems.Wealsodescribeoursimulationset–

up. In SectionIV we introducechannelprobing;a mechanismthat handlesthe location–dependent,

time–varying, andbursty errorsof wirelessenvironments.We alsoevaluateour prefetchingprotocol

throughextensive simulations.In SectionV we discusshow our prefetchingprotocolallows for client

interactions,suchas pause/resumeand temporaljumps,with minimal delays;numericalresultsfor

clientinteractionsarepresented.Wediscusstherelatedwork in SectionVI andconcludein SectionVII.

I I . ARCHITECTURE

Figure1 illustratesourarchitecturefor continuousmediastreamingin wirelessenvironments.A cen-

tral basestationprovidesstreamingservicesto multiplewireless(andpossiblymobile)clientswithin a

wirelesscell. Let � denotethenumberof clientsservicedby thebasestation.We assumefor thepur-

poseof this studythateachclient receivesonestream;thusthereare � streamsin process.(Although

someclientsmight receive the samestream,the phases(i.e., startingtimes)are typically different.)

Thebasicprincipleof our streamingprotocol— exploiting rateadaptationtechniquesfor prefetching

— canbeappliedto any typeof wirelesscommunicationsystemwith a slottedTime Division Duplex

(TDD) structure.TheTDD structureprovidesalternatingforward(basestationto clients)andbackward

(clientsto basestation)transmissionslots.

To fix ideasweinitially consideraCodeDivisionMultiple Access(CDMA) systemthatadaptsrates

in the forward directionby aggregatingorthogonalcodechannels,that is, by varying the numberof

codechannelsusedfor transmissionsto individual clients.ThesecondgenerationCDMA IS–95(Rev.

B) system[5] is anexampleof sucha system;asis thethird generationUMTS systemin TDD mode.

(We considercontinuousmediastreamingin third generationCDMA systemsandTDMA systemsin

SectionIII-C.) Let � denotethenumberof orthogonalcodesusedby thebasestationfor transmitting

the continuousmediastreamsto the clients. Let �����������������	�	�	� �!� , denotethe numberof parallel
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Fig. 1. Architecture: A centralbasestationstreamsprerecordedcontinuousmediato wireless(andpossibly
mobile)clientswithin a wirelesscell.

channelssupportedby the radio front–endof client � . TheCDMA IS–95(Rev. B) standardprovides

upto eightparallelchannelsperclient; in theTDD modeof UMTS upto 15parallelcodechannelscan

beassignedto anindividualclient. Let " denotethedatarate(in bit/sec)providedby oneCDMA code

channelin theforwarddirection.

Our streamingprotocol is suitablefor any type of prerecordedcontinuousmedia. To fix ideaswe

focusonprerecordedvideostreamsin thispaper. A key featureof ourprotocolis thatit accommodates

any typeof encoding;it accommodatesConstantBit Rate(CBR) andburstyVariableBit Rate(VBR)

encodingsaswell asencodingswith afixedframerate(suchasMPEG)andavariableframerate(such

asH.263).For thetransmissionoverthewirelesslinks thevideoframesarepacketizedinto fixedlength

packets. Thepacket sizeis setsuchthatoneCDMA codechannelaccommodatesexactly onepacket

in oneforwardslot; thusthebasestationcantransmit � packetson theorthogonalcodechannelsin a

forwardslot.

Let #$�������%�&�'���	�	�	�(�!� , denotethe lengthof the video streamsin frames. Let )�*+����� denotethe

numberof packetsin the , th frameof videostream� . Notethatfor aCBRencodedvideostream� the

) * ����� ’s areidentical. Let - * ����� denotethe interarrival time betweenthe , th frameandthe �.,0/1� � th

Copyrightat TechnicalUniversity Berlin. All
Rightsreserved.

TKN-00-05 Page5



TU BERLIN

frameof videostream� in seconds.Frame, is displayedfor a frameperiodof - * ����� secondson the

client’s screen.For a constantframerateencodingtheframeperiods- * ����� areidentical. Becausethe

videostreamsareprerecordedthesequenceof integers �.)32(�������4)65��������	�	�	�(�7)+8:9<;�=������7� andthesequence

of realnumbers�.->2(�������?-@5A�������	�	�	�B�7-78:9<;�=C�����7� arefully known whenthestreamingcommences.

Whena client requestsa specificvideo thebasestationrelaysthe requestto theappropriateorigin

server or proxy server. If the requestpassesthe admissionteststhe origin/proxy server immediately

beginsto streamthevideovia thebasestationto theclient. Our focusin thispaperis on thestreaming

from thebasestationover thewirelesslink to theclient. Thestreamingfrom theorigin/proxyserver

to thebasestationis beyondthescopeof this paper. We assumefor thepurposeof this studythat the

video is deliveredto thebasestationin a timely fashion.Upon grantingtheclient’s requestthebase

stationimmediatelycommencesstreamingthe video to the client. The packetsarriving at the client

areplacedin theclient’s prefetchbuffer. Thevideo is displayedon the client’s monitor assoonasa

few frameshavearrivedat theclient. Undernormalcircumstancestheclientdisplaysframe , of video

stream� for - * ����� seconds,thenremovesframe ,D/E� from its prefetchbuffer, decodesit, anddisplays

it for -F*�G 2 ����� seconds.If at oneof theseepochsthereis no completeframein theprefetchbuffer the

clientsuffersplaybackstarvationandlosesthecurrentframe.Theclientwill try to concealthemissing

encodinginformationby applyingerrorconcealmenttechniques[6]. At thesubsequentepochtheclient

will attemptto displaythenext frameof thevideo.

In our protocol the basestationkeepstrack of the contentsof the prefetchbuffers in the clients.

Towardsthis end,let H��������I�J�K���	�	�	� �!� , denotethenumberof packetsin theprefetchbuffer of client

� . Furthermore,let L?�������M�N�O���	�	�	� �!� , denotethe length of the prefetchedvideo segment in the

prefetchbuffer of client � in seconds.The countersHB����� and L?����� areupdated(1) whenthe client �
acknowledgesthereceptionof sentpackets,and(2) whena frameis removed,decoded,anddisplayed

atclient � .

First, considertheupdatewhenpacketsareacknowledged.For thesake of illustrationsupposethat

the ) * ����� packetsof frame , of stream� have beensentto client � during the just expired forward

slot. Supposethat all ) * ����� packets areacknowledgedduring the subsequentbackward slot. When

the lastof the ) * ����� acknowledgmentsarrivesat thebasestation,thecountersareupdatedby setting

H�������PQH������R/S) * ����� , andL?�����TPUL?�����I/S- * ����� .
Next, considertheupdateof thecounterswhenaframeis removedfrom theprefetchbuffer, decoded,
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anddisplayedat theclient. Giventhesequence- * �������I,V�W���	�	�	�(�C# , andthestartingtimeof thevideo

playbackat theclient thebasestationkeepstrackof theremoval of framesfrom theprefetchbuffer of

client � . Supposethatat a particularinstantframe X������ is to be removed from the prefetchbuffer of

client � . Thebasestationtrackstheprefetchbuffer contentsby updatingH������TPOY<HB�����
Z[)]\�9 ;�=>�����_^ G and

L?�����`PaY L?������Zb- \�9<;�= �����_^ G , where Y )�^ G �dc�eBfg�h�i�T)+� . Notethat theclient suffersplaybackstarvation

when H������?Zj)6\�9<;�=C�����:kl� , thatis, whentheframethatis supposedto beremovedis not in theprefetch

buffer.

I I I . JSQ PREFETCH POLICY

For eachforward slot the basestationmustdecidewhich packets to transmitfrom the � ongoing

streams.Theprefetchpolicy is therule thatdetermineswhich packetsaretransmitted.Themaximum

numberof packetsthatcanbetransmittedin a forwardslot is � . TheJoin–the–Shortest–Queue (JSQ)

prefetchpolicy strivesto balancethelengthsof theprefetchedvideosegmentsacrossall of theclients

servicedby the basestation. The basicideais to dynamicallyassignmorecodes(andthustransmit

morepacketsin parallel)to clientsthathave only a small reserve of prefetchedvideoin their prefetch

buffers.TheJSQprefetchpolicy is inspiredby theEarliestDeadlineFirst(EDF)schedulingpolicy. The

EDFschedulingpolicy is known to beoptimalamongtheclassof non–preemptive schedulingpolicies

for a singlewireline link [7]. It is thereforenaturalto basetheprefetchpolicy on theEDF scheduling

policy. With JSQprefetchingthebasestationselectsthepacket with theearliestplaybackdeadlinefor

transmission.In otherwords,thebasestationtransmitsthenext packet to theplayoutqueueswith the

shortestsegmentsof prefetchedvideo(i.e., theshortestqueues).

In orderto simplify thediscussionandhighlight themainpointsof ourapproachwefirst introducea

basicprefetchpolicy. Thisbasicprefetchpolicy assumesthatall clients(1) support� parallelchannels,

and(2) have infinite prefetchbuffer space.Weshalladdressthesetwo restrictionsin a refinedprefetch

policy. Also, we initially excludeclient interactions,suchaspause/resumeandtemporaljumps;these

arediscussedin SectionV.

A. BasicJSQPrefetch Policy

Let m��������n�o�p���	�	�	� �!� , denotethe lengthof thevideosegment(in secondsof videorun time) that

is scheduledfor transmissionto client � in the currentforward slot. The following schedulingpro-

cedureis executedfor every forward slot. At the beginning of the schedulingprocedureall m������ ’s
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areinitialized to zero. The basestationdeterminesthe client ��q with the smallestL4�����T/Nm������ . The

basestationschedulesonepacket for transmission(by assigninga codeto it) andincrementsm���� q � :
m�����q �nPrm�����q �g/&-tsA9 ;!uC=C����q �7v()6sA9 ;!uC=C����q � , wherewx���yq(� is theframe(number)of stream��q thatis carried

(partially) by thescheduledpacket. (Althoughthelengthof theprefetchedvideosegmentgrows in in-

crementsof -F*+����� secondswhenever thetransmissionof the )�*6����� packetscarryingframe , of stream�
is completed;for simplicity weaccountfor partially transmittedframesby incrementingtheprefetched

segmentby - * �����7v() * ����� for eachtransmittedpacket. This approachis further justified by errorcon-

cealmenttechniquesthat candecodepartial frames[6].) The basestationrepeatsthis procedure�
times,that is, until the � availablecodesareusedup. At eachiterationthebasestationdeterminesthe

� q with thesmallestL?�����3/$m������ , schedulesonepacket for client � q andincrementsm6��� q � .
Throughoutthis schedulingprocedurethebasestationskipspacketsfrom a framethatwould miss

its playbackdeadlineat theclient. (Specifically, if frame X������ is to be removedbeforetheendof the

upcomingforwardslotandif L?�����%kz-@\�9 ;�=C����� thebasestationskipsframe X������ andprefetchesfor frame

X����{/|� � . Moreover, frame X������ is skippedif H������T/~}[�A��������k�)6\�9<;�=������ , where } is the numberof

forwardslotsbeforeframe X������ is removed.)

Duringthesubsequentbackwardslotthebasestationwaitsfor theacknowledgmentsfromtheclients.

(Typicalhardwareconfigurationsof wirelesscommunicationsystemsallow theclientsto acknowledge

thepacketsreceivedin a forwardslotof theTDD timing structure,immediatelyin thefollowing back-

wardslot [8].) If all packetssentto client � areacknowledgedby theendof thebackwardslot we set

L?�����xP�L?�����i/jm������ . If someof theacknowledgmentsfor astream� aremissingat theendof theback-

wardslot, L?����� is left unchanged.(This approachis conservative in that it considersall of thepackets

sentto a client in a forward slot aslost whenone(or more)of the packets (or acknowledgments)is

lost. An alternative approachwould beto selectively accountfor theacknowledgedpackets,however,

this would leadto ”gaps” in theprefetchedvideosthataredifficult to keeptrackof.) At theendof the

backwardslot theschedulingprocedurestartsover. The m������ ’s arere–initializedto zeroandthebase

stationschedulespacketsfor theclientswith thesmallestL4�����3/zm������ .
With prefetchingit is possiblethatall #$����� framesof videostream� have beenprefetchedinto the

client’s prefetchbuffer but notall frameshave beendisplayed.Whenastreamreachesthisstatewe no

longerconsiderit in theabove JSQpolicy. Fromthebasestation’s perspective it is asif thestreamhas

terminated.
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B. RefinedJSQPrefetch Policy

In this sectionwe discussimportantrefinementsof theJSQprefetchpolicy. Theserefinementslimit

(1) thenumberof packets,that aresent(in parallel)to a client in a forward slot, and(2) thenumber

of packets that a client may have in its prefetchbuffer. Supposethat the clients �����N�����	�	�	�(�!� ,

supportat most ������� parallelchannels,andhave limited prefetchbuffer capacitiesof �o����� packets.

Let �
�������T�������	�����!� , denotethenumberof packetsscheduledfor client � in the upcomingforward

slot. Recallthat H������ is thecurrentnumberof packetsin theprefetchbuffer of client � . Therefinements

work asfollows. Supposethat thebasestationis consideringschedulinga packet for transmissionto

client �yq . Thebasestationschedulesthepacket only if

�
��� q �:�l����� q �?Zl��� (1)

and

H���� q ���l�o��� q �4Zl��� (2)

If one of theseconditionsis violated, that is, if the packet would exceedthe numberof parallel

channelsof client � q or the packet would overflow the prefetchbuffer of client � q , the basestation

removesconnection�yq from consideration.Thebasestationnext findsanew ��q thatminimizesL?�����]/
m������ . If conditions(1) and(2) hold for the new client � q , we schedulethe packet, updatem���� q � and

�
��� q � , andcontinuethe procedureof transmittingpackets to the clients that minimize L?������/1m������ .
Whenever oneof the conditions(1) or (2) (or both) is violatedwe skip the correspondingclient and

find a new � q . This procedurestopswhenwe have either(1) scheduled� packets,or (2) skippedover

all � streams.TheJSQschedulingalgorithmcanbeefficiently implementedwith a sortedlist (using

L?����� asthesortingkey).

C. JSQPrefetching in third generation CDMAsystemsandTDMAsystems

We emphasizeat this juncturethatour streamingprotocolbasedon theJSQprefetchpolicy canbe

employedwith any of therateadaptationtechniquesfor wirelesscommunication.We have illustrated

the JSQprefetchpolicy in the context of a secondgenerationCDMA IS–95(Rev. B) system,where

rateadaptationis achieved throughcodeaggregation,that is, by dynamicallyassigningmultiple code

channelsto oneparticularclient (stream).Wehaveconsideredascenariowherethebasestationuses�
Copyrightat TechnicalUniversity Berlin. All
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orthogonalcodesfor thestreamingserviceandclient � canreceive (andprocess)������� codechannels

in parallel.

We notethatJSQprefetchingis equallywell suitedfor therateadaptationtechniquesusedin third

generationCDMA systems.Thethird generationNorthAmericanCDMA standard,cdma2000,adapts

dataratesby employing codeaggregationandvariablespreadinggains[9]. With a 5 MHz carrier, for

instance,thedatarateof oneCDMA codechannelcanbeadjustedfrom 9.6kbit/secto 614.4kbit/sec

by varying the spreadingfactor. With codeaggregationa maximumdatarateof 2,048kbit/seccan

beachieved.Similarly, theUniversalMobile TelecommunicationsSystem(UMTS) WidebandCDMA

(WCDMA) standardfor EuropeandJapanadaptsdataratesby employing codeaggregation in con-

junction with variablespreadinggainsandcodepuncturing[10]. UMTS may run in the Frequency

Division Duplex (FDD) or the Time Division Duplex (TDD) mode. In the TDD mode,which we

assumethroughoutthis paper, time is dividedinto 10 msecframes,which aresubdivided into 16 min-

islots of 625 � seceach. A minislot is spreadwith a uniquecodeandmay carry either forward or

backwardtraffic. Eachminislothasatotalof 15codechannels,whichmaybedynamicallyassignedto

theindividual clients.To illustrateJSQprefetchingin thesethird generationCDMA systems,suppose

that the forward (basestationto clients)transmissioncapacityallocatedto streamingservicesallows

for the transmissionof � packets in oneforward slot of theTDD. ThebasestationexecutestheJSQ

schedulingalgorithmto determinethenumberof packets m������ scheduledfor client ���R���d���	�	�	�B�!� , in

theupcomingforwardslot. Thespreadingfactorsandcodechannelsfor theforwardslot areassigned

accordingto thetransmissionschedulem6�������R�{�d���	�	�	� �!� .

TheJSQprefetchpolicy is alsosuitedfor therateadaptationtechniquesof wirelessTime Division

Multiple Access(TDMA) systems.In GeneralizedPacketRadioService(GPRS)andEnhancedGPRS

(EGPRS),the GSM standardsfor packet dataservices,rateadaptationis achieved throughadaptive

codingandtime slot aggregation, that is, by assigningmultiple time slotswithin a GSM frameto a

particularclient (stream)[11]. Up to eight time slots per GSM frame can be allocatedto a client,

giving maximumdataratesof 160kbit/secin GPRSand473kbit/secin EGPRS.Similarly, in GPRS–

136,theIS–136TDMA standardfor packet dataservices,rateadaptationis achievedthroughadaptive

modulationandtime slot aggregation[12]. Up to threetime slotsper 20 msecTDMA framecanbe

allocatedto a client, giving a maximumdatarate of 44.4. kbit/sec. Supposethat the basestation

allocates� time slotsof theforwardportionof theTDMA frameto continuousmediastreaming.The

Copyrightat TechnicalUniversity Berlin. All
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basestationexecutesthe JSQschedulingalgorithmto determinethe numberof time slots (packets)

m������ assignedto client ���?���K���	�	�	�(�!� , in theupcomingTDMA frame.Thebasestationthenassigns

m������ timeslotsto client � in theforwardportionof theTDMA frame(using,for instance,theDynamic

SlotAssignment(DSA++) protocol[13]).

D. Simulationof Prefetch Protocol

In this sectionwe describethesimulationsof our protocolfor continuousmediastreamingin wire-

lessenvironments.In oursimulationsweconsideragenericwirelesscommunicationsystemwith Time

Division Duplex. We assumethroughoutthat thebasestationallocates� = 15 channels(e.g.,orthog-

onal codesin CDMA or time slotsin TDMA) to continuousmediastreaming.We assumethat each

channelprovidesa datarateof " = 64 kbit/secin the forward (downlink) direction. Throughoutwe

considerscenarioswhereall � clientshave thesamebuffer capacityof � packetsandsupportthesame

numberof parallelchannels� , i.e., �o�����x�~� and �������T�~� for all �{�d���	�	�	� �!� .

We evaluateour streamingprotocolfor two differentencodingsof videostreams:( � ) videostreams

encodedat a ConstantBit Rate(CBR) anda constantframerate,and( ��� ) videostreamsencodedat a

VariableBit Rate(VBR) andaconstantframerate(e.g.,MPEG–1encodings).In theCBRscenariowe

assumea videostreamwith a framerateof 25 frames/secanda bit rate(includingpacket headersand

padding)of �� = 64kbit/sec.

For the VBR MPEG–1scenariowe obtained7 MPEG–1traces,which give the numberof bits in

eachencodedvideo frame,from thepublic domain[14], [15], [16]. The7 video traceswereusedto

create10 pseudotraces,each40,000frameslong. Thestatisticsof thepseudotracesaresummarized

in TableI. Thebean, bond, soccer, andterminatortraceswerecreatedby multiplying theframesizes

of thevideotracesfrom [16] by a constantto bring theaveragebit rateof thepacketizedvideostream

(includingheadersandpadding)to �� = 64 kbit/sec.Theoz tracewascreatedby takingthefirst 40,000

framesof theMPEGencodingfrom [15] andscalingtheframesizesto bring theaveragebit rateto ��
= 64 kbit/sec. Finally, the four star wars traceswereobtainedby dividing theMPEGencodingfrom

[14] into four segmentsof 40,000frameseachandthenscalingtheaveragebit rateof thesegmentsto

�� = 64 kbit/sec.Although the10 pseudotracesarenot tracesof actualvideoobjects,we believe that

they reflectthecharacteristicsof VBR videostreams(e.g.,basicquality layersof hierarchicalMPEG

encodings[17]) thatwill bedeliveredin wirelessenvironments.In summary, we have 10 VBR video

streamswith 40,000framesandaconstantframerateof 25 frame/sec.
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TABLE I
MPEG–1 TRACE STATISTICS; THE AVERAGE BIT RATE IS 64 KBIT/SEC FOR ALL VIDEOS.

Frames
Trace Peak Peak/Mean Std.Dev.

in kbit/sec in bits
bean 646 10.1 752.2
bond 832 13.0 1919.8
lambs 1178 18.4 551.9
oz 538 8.4 636.1
soccer 441 6.9 377.3
star wars1 698 10.9 616.5
star wars2 845 13.2 1362.4
star wars3 768 12.0 522.0
star wars4 544 8.5 669.2
terminator 467 7.3 479.6

For eachof the � ongoingstreamsin thewirelesscell we selectrandomlyoneof theMPEGtraces.

We generaterandomstartingphasesX��������I�������	�	�	�(�!� , into theselectedtraces.The X������ ’s areinde-

pendentanduniformly distributedover the lengthsof theselectedtraces.The frame X6����� is removed

from the prefetchbuffer of client � at the endof the first frameperiod. All clientsstartwith empty

prefetchbuffers. Furthermore,we generaterandomstreamlengths#$�������x���U���	�	�	� �!� . The #S����� ’s
areindependentandaredrawn from anexponentialdistribution with mean#�� frames(corresponding

to a video run time of � seconds).We initially assumethat the client consumeswithout interrup-

tion #S����� framesstartingat framenumber X������ of the selectedtrace. The traceis wrappedaround

if X�������/�#$����� extendsbeyond the endof the trace. Whenthe #$����� th frame is removed from the

prefetchbuffer of client � , we assumethat the client immediatelyrequestsa new video stream.For

thenew videostreamwe againselectrandomlyoneof thetraces,a new independentrandomstarting

phaseX������ into thetrace,anda new independentrandomstreamlifetime #$����� . Thustherearealways

� streamsin progress.

In simulatingthe wirelesslinks we follow the well–known Gilbert–Elliot model [18], [19]. We

simulateeachwirelesslink (consistingof upto ������� parallelcodechannels)asanindependentdiscrete–

timeMarkov Chainwith two states:”good” and”bad”. (Weassumethatall parallelcodechannelsof a

wirelesslink (to aparticularclient)areeitherin thegoodstateor badstate.)Thetransitionprobabilities

of the Markov Chainsareset to typical valuessuchthat the steadystateprobability of being in the

”good” stateis ��� = �i����� (and ��� = �i����� accordingly);theaveragesojourntimesare9 secondsfor the
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”good” stateand1 secondfor the”bad” state.Wesetthechannelerrorprobabilitiessuchthata packet

is lost with probability � �� = 0.05 in the goodchannelstate,andwith probability � �� = 1 in the bad

channelstate.Weassumethatacknowledgmentsarenever lost in thesimulations.

Figures2 and 3 shows typical samplepath plots from the simulations. In this experimentwe
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Fig. 2. Samplepathplot: Prefetchbuffer contents(in kBytes)of 3 clientsasa functionof time: Client 1 starts
over

simulatethestreamingof VBR MPEG–1videosto clientswith abuffer capacityof � = ��� kBytes.The

figureshowstheprefetchbuffer contentsof threeclientsin kBytes.Theplotsillustratethecollaborative

natureof theJSQprefetchpolicy in conjunctionwith therateadaptationof thewirelesscommunication

system.We observe from Figure2 thatat time - = 5.1secthebuffer contentof client 1 dropsto zero.

This is becausethevideostreamof client 1 endsat this time; theclient selectsanew videostreamand

startsoverwith anemptyprefetchbuffer. Notethatalreadyattime - = 1.0secondall framesof the”old”

videostreamhave beenprefetchedinto theclient’s buffer andtheclient continuedto consumeframes

without receiving any transmissions.Whenthe client startsover with an emptyprefetchbuffer, the

JSQprefetchpolicy givespriority to this client andquickly fills its prefetchbuffer. While theprefetch

buffer of client 1 is beingfilled theJSQprefetchpolicy reducesthetransmissionsto theotherclients;

they ”li ve off” their prefetchedreservesuntil client 1 catchesup with them. Notice that thebuffer of

client 1 is thenfilled fasterthanthebuffersof clients2 and3. This is becausetheJSQprefetchpolicy
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Fig. 3. Samplepath plot: Prefetchbuffer contents(in kBytes) of 3 clients as a function of time: Client 1
experiencesabadchannel.

strivesto balancethe lengthsof the prefetchedvideo segments(in secondsof video run time) in the

clients’ buffers;clients2 and3 just happento have videosegmentswith lower bit ratesin their buffers

in thetime periodfrom 5.8secto 6.4sec.

Noticefrom Figure3 thatat time - = 0.4secthebuffer occupancy of client 1 drops.This is because

thisclientexperiencesabadchannelthatpersistsfor 2.1sec(aratherlongperiodchosenfor illustration,

in our numericalwork we settheaveragesojourntime in thebadchannelstateto 1 sec),that is, the

client is temporarilycut off from thebasestation.Theprefetchedreservesallow theclient to continue

playbackduring this period. As the prefetchedreservesof client 1 dwindle the JSQprefetchpolicy

allocateslarger transmissioncapacitiesto it. This, however, cutsdown on the transmissionsto the

other clients, causingtheir prefetchedreserves to dwindle as well. This degradesthe performance

of the streamingprotocolassmallerprefetchedreservesmake client starvation morelikely. Loosely

speaking,the JSQprefetchpolicy tendsto wastetransmissionresourceson clientsthat experiencea

badchannel.Adversetransmissionconditionsto justoneclientcandecreasetheprefetchedreservesof

all clientsin thewirelesscell. Weaddressthisshortcomingof thepurelyJSQbasedstreamingprotocol

in thenext section,wherewe introducechannelprobing.In thenext sectionwealsoconductadetailed

quantitative evaluationof theJSQprefetchprotocol.
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IV. CHANNEL PROBING

In this sectionwe introducea channelprobing refinementdesignedto improve the performance

of the purely JSQbasedprefetchprotocol. Note that the prefetchprotocol introducedin SectionIII

doesnot directly take the physicalcharacteristicsof the wirelesschannelsinto consideration.The

JSQtransmissionscheduleis basedexclusively on theprefetchbuffer contentsat theclients(andthe

consumptionratesof thevideo streams).Wirelesschannels,however, typically experiencelocation–

dependent,time–varying,andburstyerrors,that is, periodsof adversetransmissionconditionsduring

which all packetssentto a particularclient arelost. Theseperiodsaremodeledby the”bad” channel

statein theGilbert–Elliot model.Especiallydetrimentalto theprefetchprotocol’s performancearethe

persistentbadchannelsof long–termshadowing that is causedby terrainconfigurationor obstacles.

Long–termshadowing typically persistsfor hundredsof milliseconds,even up to seconds[20]. To

seehow long–termshadowing degradesthe performanceof the prefetchprotocol, considera client

that is just experiencingthe onsetof a bad channel. Supposethat the JSQalgorithm schedulesa

packet for this client in the upcomingslot. Due to the badchannelthe packet is lost. At the same

time, the ongoingconsumptionreducesthe client’s prefetchedreserve. It is thereforelikely that the

JSQalgorithmagainschedulesa packet (or multiple packets) for the client in the next slot. As the

badchannelpersiststhe client’s prefetchedreserve dwindlesand(provided the otherclientsarenot

experiencinga badchannelor the consumptionof extraordinarily large framesat the sametime) the

JSQalgorithmtendsto schedulemoreandmore(up to ������� ) packets for the client in the following

slots. All thesepackets are lost, however, as long as the badchannelpersists.Thus,by scheduling

multiple packetsper slot for a client experiencinga persistentbadchannel,the JSQalgorithmtends

to wastetransmissionresources.As illustratedin Figure3(b), the excessive transmissionresources

expendedon the client that experiencesthe bad channel,tend to reducethe prefetchedreserves of

all the other clients in the wirelesscell. This makes playbackstarvation — not only for the client

experiencingthebadchannel,but all theotherclientsaswell — morelikely.

To fix this shortcomingwe introducethe channelprobingrefinement,which is inspiredby recent

work on channelprobingfor power saving [21]. Thebasicideais to startprobing thechannel(client)

whenacknowledgment(s)aremissingat the endof a backward slot. While probingthe channelthe

basestationsendsat mostonepacket (probingpacket) perforwardslot to theaffectedclient. (A more

complex strategy might senda probingpacket every }]�T}� ¡� , forwardslots.) Theprobingcontinues
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until an acknowledgmentfor a probingpacket is received. More specifically, if theacknowledgment

for at leastonepacketsentto client � in a forwardslot is missingat theendof thesubsequentbackward

slot,we set �������%�¡� . This allows theJSQalgorithmto scheduleat mostonepacket (probingpacket)

for client � in thenext forwardslot. If theacknowledgmentfor theprobingpacket is returnedby the

endof thenext backwardslot, we set ������� backto its original value;otherwisewe continueprobing

with ������� = 1.

A. SimulationResults

We now presenta detailedquantitative evaluationof theJSQprefetchprotocol.We first definetwo

key measuresof theperformanceof a streamingprotocol. We definethebandwidthefficiency ¢ of a

wirelessstreamingprotocolasthesumof theaverageratesof thestreamssupportedby thebasestation

dividedby thetotalavailableeffective transmissioncapacityof thebasestation,i.e.,

¢�� �£�i��
Y ���:���@�`Z¤� �� �g/$���4�y�@�`Zb� �� �_^��B"¥� cJ¦¨§g�h�{�i�T�x� �

We definethe client starvationprobability � loss as the long run fraction of encodinginformation

(packets)thatmissesits playbackdeadlineat theclients.We conservatively considerall )�*]�t�©� packets

of frame , asdeadlinemisseswhenat leastoneof theframe’spacketsmissesits playbackdeadline.We

warmup eachsimulationfor aperioddeterminedwith theSchruben’s testandobtainconfidenceinter-

valson theclient starvationprobability � loss usingthemethodof batchmeans.Werun thesimulations

until the90 % confidenceinterval of � loss is lessthan10% of its point estimate.

Unlessstatedotherwise,all the following experimentsare conductedfor the streamingof VBR

MPEGvideoto clientswith abuffer capacityof � = 32kBytesandsupportfor � = 15parallelchannels.

Theaveragelifetime of thevideostreamis setto � = 10 minutesunlessstatedotherwise.Throughout,

thebasestationhasa total of � = 15channelsavailablefor videostreaming.

Figure4 shows theclientstarvationprobability � loss withoutandwith channelprobingasa function

of theaveragesojourntimein the”bad” channelstate.For thisexperimentthenumberof clientsis fixed

at � = 13(and12respectively). Weobservefromthefigurethatoverawiderangeof channelconditions,

channelprobingis highly effective in reducingthe probabilityof client starvation. In scenarioswith

persistentbadchannelconditions,probingreduces� loss by over oneorderof magnitude.We setthe

averagesojourntime in the”bad” channelstateto 1 secfor all thefollowing experiments.
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Fig. 4. Clientstarvationprobability ¯ loss asafunctionof theaveragesojourntime in the”bad” channelstatefor
JSQprefetchingwithout andwith channelprobingfor VBR video.

Figure5showstheclientstarvationprobability � loss asafunctionof themaximumnumberof parallel

channels� that canbe assignedto an individual client. Thefigure givesresultsfor JSQprefetching

withoutandwith channelprobing.Weobservefrom Figure5 thatbothfor prefetchingwithoutandwith

channelprobing, � loss dropsby over oneorderof magnitudeas � increasesfrom oneto two, allowing

for collaborativeprefetchingthroughthelendingandborrowing of channels.Now considerprefetching

with � = 13 clients. For prefetchingwith channelprobing, � loss dropssteadilyas � increases.For

prefetchingwithout channelprobing, however, � loss increasesas � grows larger than two, that is,

allowing for moreextensive lendingandborrowing of channelsis detrimentalto performancein this

scenario.

This is becauseJSQprefetchingwithout channelprobingtendsto wastetransmissionchannelson a

client experiencinga persistentbadchannel.This reducestheprefetchedreservesof all clientsin the

cell, thusincreasingthe likelihoodof client starvation. The larger thenumberof parallelchannels�
thatcanbeassignedto anindividualclient thelargeris thiswasteof transmissionchannels(resultingin

a larger � loss ). Now considerprefetchingwith � = 7 clients. � loss dropsbothfor prefetchingwithout

andwith channelprobingas � increasesto nine.As � grows largerthannine,however, � loss increases

for prefetchingwithoutchannelprobing.This is becausein this low loadscenarioaclientexperiencing
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Fig. 5. Clientstarvationprobability ¯ loss asafunctionof themaximumnumberof channels

°
perclient for JSQ

prefetchingwithout andwith channelprobingfor VBR video.

a bad channelmay occupy nine out of the 15 available channelswithout doing much harm to the

prefetchedreservesof theothersix clients. (Thenoiselevel, however, is unnecessarilyincreased.)As

� grows larger thannine,however, a client experiencinga persistentbadchanneltendsto reducethe

prefetchedreservesof theotherclients.

Anotherimportantobservationfrom Figure5 is thatalreadya low–costclientwith supportfor a few

parallelchannelsallows for effective prefetching.

Figure6 shows theclientstarvationprobability � loss asafunctionof thebandwidthefficiency ¢ . The

plotsareobtainedby varyingthenumberof clients � . Noteworthy is againtheeffectivenessof channel

probing: � loss is generallyover oneordersmallerwith channelprobing. Importantly, the resultsin

Figure6 indicatethat a crudeadmissioncontrol criterion that limits the bandwidthefficiency to less

than0.9, say, is highly effective in ensuringsmall client starvation probabilities. We note,however,

thatmoreresearchis neededonadmissioncontrolfor streamingin wirelessenvironments.

Figure7 showstheclientstarvationprobability � loss asafunctionof theclientbuffer capacity� . The

resultsdemonstratethedramaticimprovementin performancethat comesfrom prefetching.For � =

13ongoingVBR streamstheclientstarvationprobabilitydropsby over two ordersof magnitudeasthe

clients’ buffers increasefrom 8 kBytesto 128kBytes.(A buffer of �±��² kBytescanholdon average16
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secondsegmentsof theVBR videoswith anaveragerateof �� = 64kbit/sec.)With clientbuffersof � =

�±��² kBytesand � = 13ongoingstreamsourprefetchprotocolachievesaclientstarvationprobabilityof

lessthan �	��

� andabandwidthefficiency of ���y¶ ! Ourprotocolachievesthis remarkableperformance

for thestreamingof burstyVBR videoswith a typicalpeak–to–meanratioof theframesizesof ten. In

the long run eachwirelesslink is in the”bad” state(whereall packetsarelost) for onepercentof the

time; theaveragesojourntime in the”bad” stateis onesecond.

Figure8 shows theclient starvationprobability � loss asa functionof thebandwidthefficiency ¢ for

the streamingof CBR videos. Figure9 shows the client starvation probability � loss asa function of

the client buffer capacity � for the streamingof CBR videos. Comparingthe CBR plots with the

correspondingVBR plotsweobserve thattherearesignificantdifferencesonly at veryhighbandwidth

efficiencies.For � = 14 ongoingstreams(i.e.,a bandwidthefficiency of ¢ = 0.99)andclient buffersof

� = 32 kByteswe achieve a client starvation probabilityof roughly �·���	� 

� for CBR videowhereas

theclientstarvationprobabilityis roughly ����¸T�!�	��
 5 for VBR video. It is alsonoteworthy thatfor CBR

videofor a fixedbuffer capacity� theclient starvationprobability is roughlyconstantasthenumber
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of ongoingstreamsincreasesfrom 1 to 14. This is becausein the theCBR scenarioclient starvation

is only causedby channeloutages(whereasin theVBR scenariotheplayoutof high ratevideoscenes

may also causestarvation). We observed in our simulationsthat with the adoptedtypical channel

parameters,channeloutagesfor aparticularclientaresufficiently farapartto typically allow theclient

to refill its buffer completelybetweenoutages.Whenan outageoccursthe client canthustypically

continueplaybackfor a durationof ��v
�� . Sinceit is ratherrarethattwo or moreclientsexperiencethe

endof a badchannelroughlyat thesametime thebuffer of theaffectedclient is quickly refilled asthe

otherongoingstreamslend their transmissionchannels.In theVBR scenariothesituationis slightly

differentastheotherongoingstreamsmayplay out high ratevideoscenesat that time andtherefore

notasreadilylendtheir channelsasin theCBRscenario.

TableII givesthe client starvation probability � loss asa function of the averagestreamlifetime �
for thestreamingof VBR video to � = 13 clientseachwith a buffer capacityof � = 64 kBytes. Our

prefetchingprotocolperformsvery well for streamlifetimes on the orderof minutesor longer. For

streamlifetimesshorterthanoneminute � loss increasesconsiderablyasthelifetime decreases.This is

becausestreamlifetimesthisshortallow for very little timeto build upprefetchedreserves.Evenfor an

averagestreamlifetime of � = 10 sec,however, prefetchingreducestheclient’s starvationprobability

from 2.8�¨�	� 
 5 without any prefetchingto 4.5�¨�	� 
�º with prefetching.We observed in our simulations
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TABLE II
CLIENT STARVATION PROBABIL ITY ¯ LOSS AS A FUNCTION OF THE AVERAGE STREAM LIFETIME » FOR

VBR VIDEO.

� [sec] 10 50 100 600 1200
� loss [ �	� 

� ] 45 7.3 4.6 4.4 2.1

TABLE III
CLIENT STARVATION PROBABIL ITY ¯ LOSS AS A FUNCTION OF THE START–UP LATENCY FOR VBR VIDEO.

start–uplat. [msec] 0 40 80 120 400
� loss [ �	� 
�� ] 7.7 5.0 3.6 2.2 0.7

thatlossesoccurtypically right atthebeginningof thevideoplaybackwhentheclienthasnoprefetched

reserves.This motivatesusto introducea shortstart–uplatency allowing theclient to prefetchinto its

prefetchedbuffer for a shortperiodof time without removing anddisplayingvideo frames.TableIII

gives the client starvation probability � loss asa function of the start–uplatency for � = 13 ongoing

VBR streamsandclient buffersof � = 128kBytes. We observe from TableIII that very shortstart–

up latenciesreducetheclient starvation probability significantly;a start–uplatency of 400msec,for

instance,reducestheclient starvationprobabilityby roughlyoneorderof magnitude.With a start–up

latency of 400msectheclientprefetchesfor 400msecwithoutremoving videoframesfrom its prefetch

buffer; thefirst frameis removedanddisplayedat time400msec+ -t\�9<;�=C����� , where-@\�9 ;�=C����� denotesthe

frameperiodof thefirst frameof thevideostream.

V. CLIENT INTERACTIONS

In thissectionweadaptourstreamingprotocolto allow for client interactions,suchaspause/resume

andtemporaljumps. With JSQprefetchingtheseclient interactionscanbe performedwith minimal

delay. Whenever a userinvokesaninteractive request,theclient sendsa messageindicatingtheinter-

actionto thebasestation.Thebasestationforwardsthemessageto theorigin/proxyserver providing

thevideostream.Thesupportof theclient interactionsby theorigin/proxyserverandthenetwork con-

nectingtheserver to thebasestationis beyondthescopeof this study. Weassumethattheappropriate

portionsof thevideoaredeliveredto thebasestationin a timely fashion.

Supposethat theuserfor stream� pausesthevideo. Upon receiving notificationof theaction,the

basestationcansimplyremovestream� from considerationuntil it receivesaresumemessagefrom the

client. While theclient is in thepausedstate,it’sprefetchbuffer contentsremainunchanged;aslightly
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TABLE IV
CLIENT STARVATION PROBABIL ITY ¯ LOSS AS A FUNCTION OF THE AVERAGE SPACING ¼ BETWEEN CLIENT

INTERACTIONS FOR VBR VIDEO.
½

[sec] 10 50 100 250 500 1000 5000
� loss [ �	� 

� ] 586 214 67 9.0 7.5 3.6 3.2

morecomplex policy would be to fill thecorrespondingbuffer onceall theother(”unpaused”)client

buffersarefull or reachaprespecifiedlevel.

Supposethattheuserfor stream� makesa temporaljump of ¾ frames(correspondingto -t¿ seconds

of videoruntime)into thefuture. If -t¿ÀkÁL?����� wediscard¾ framesfrom theheadof theprefetchbuffer

andset L?�����ÀPQL?�����TZS-@¿ ; H������ is adjustedaccordingly. If -@¿� lL?����� we set L4�����ÀPO� and H������ÂPÃ�
anddiscardtheprefetchbuffer contents.Finally, supposethattheuserfor stream� makesa backward

temporaljump. In thiscasewe setL?�����xPQ� and H������TPr� anddiscardtheprefetchbuffer contents.

In termsof performance,pausesactually improve performancebecausethe video streamsthat re-

mainactivehave moretransmissioncapacityto share.Frequenttemporaljumps,however, candegrade

performancebecauseprefetchbufferswould befrequentlysetto zero. We now give somesimulation

resultsfor client interactions. In our simulationswe consideronly forward andbackward temporal

jumpsandignorepausesbecausepausescanonly improve performance.We furthermoreassumethat

-@¿�Ä�L?����� for all forward temporaljumps. Thus,the prefetchbuffer is setto zerowhenever thecor-

respondinguserinvokessuchan interaction.Our resultsgive thereforea conservative estimateof the

actualperformance.In oursimulations,weassumethateachuserperformstemporaljumpsrepeatedly,

with the time betweentwo successive jumpsbeingexponentiallydistributed with mean
½

seconds.

TableIV givesthe client starvation probability � loss asa function of the averagespacing
½

between

temporaljumps.Thisexperimentwasconductedfor thestreamingof VBR MPEGvideoto clientswith

buffers of � = 64 kbyte andsupportfor � = 15 parallelchannels.Thebandwidthefficiency is fixed

at 92 % ( � = 13). Theaveragestreamlifetime is fixedat � = 1200sec.As we would expect,theloss

probability increasesasthe rateof temporaljumpsincreases,however, the increaseis not significant

for asensiblenumberof temporaljumps.

VI. RELATED WORK

Thereis a large body of literatureon providing QoSin wirelessenvironments.Much of the work

in this areahasfocusedon mechanismsfor channelaccess;seeAkyildiz et al. [22] for a survey. Choi
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and Shin [23] have recentlyproposeda comprehensive channelaccessand schedulingschemefor

supportingreal–timetraffic andnon–real–timetraffic on theuplinksanddownlinksof awirelessLAN.

Recently, packet fair schedulingalgorithmsthatguaranteeclientsa fair portionof thesharedtrans-

missioncapacityhave received a greatdealof attention[24], [25], [26], [27]. Theseworksadaptfair

schedulingalgorithmsoriginally developedfor wirelinepacket–switchednetworksto wirelessenviron-

ments.They addressthekey differencebetweenschedulingandresourcesallocationin wireline and

wirelessenvironments:wireline links have a fixed transmissioncapacitywhile wirelesslinks experi-

encelocation–dependent, time–varying,andburstyerrors,which resultin situationswheretheshared

transmissioncapacityis temporarilyavailableonly to a subsetof the clients. Another line of work

addressestheefficiency of reliabledatatransferoverwirelesslinks [28], [29].

We note that to our knowledgenoneof the existing schemesfor providing QoSin wirelessenvi-

ronmentstakesadvantage of thespecialproperties(predictabilityandprefetchability) of prerecorded

continuousmedia, thatareexpectedto accountfor a largeportionof thefuture Internettraffic. There

is anextensive literatureon thestreamingof prerecordedcontinuousmedia,in particularVBR video,

overwirelinepacket–switchednetworks;seeKrunz[30] for asurvey. In this literatureawidevarietyof

smoothingandprefetchingschemesis exploredto efficiently accommodateVBR videoon fixedband-

width wireline links. Amongtheseschemesis a prefetchingschemebasedon theJoin–the–Shortest–

Queue(JSQ)principle developedby ReissleinandRoss[31]. Their schemeis designedfor a Video

on Demandservicewith VBR encodedfixed framerateMPEG video over an ADSL network or the

cableplant.Theprotocolproposedin thispaperdiffersfrom theprotocolin [31] in two majoraspects.

First, theprotocolin [31] is designedfor asharedwireline link of fixedcapacity. It doesnothandlethe

location–dependent, time–varying, andbursty errorsthat aretypical for wirelessenvironments.Sec-

ondly, the protocol in [31] is designedfor fixed frameratevideo. It assumesthat all ongoingvideo

streamshave thesameframerate.Furthermore,it requiresthesynchronizationof theframeperiodsof

theongoingstreams.Our protocolin this paper, on theotherhand,doesnot requiresynchronization

of theongoingvideostreams.Our protocolaccommodatesvideostreamswith different(andpossibly

time–varying) framerates. It is thuswell suitedfor H.263encodingswhich areexpectedto play an

importantrole in videostreamingin wirelessenvironments.

ElaoudandRamanathan[32] proposea schemefor providing network level QoSto flows in a wire-

lessCDMA system.Theirschemedynamicallyadjustthesignalto interferenceandnoiseratiorequire-
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mentsof flowsbasedonMACpacketdeadlinesandchannelconditions.TheSimultaneousMACPacket

Transmission(SMPT)schemeof Fitzeketal. [33] providestransportlevel QoSby exploiting rateadap-

tationtechniquesof CDMA systems.TheSMPTschemedeliverstransportlayersegments(e.g.,UDP

or TCP segments,which aredivided into several MAC packets)with high probability within a per-

missibledelaybound. Our work in this paperdiffers from the network/transportlevel schemes[32],

[33] in several aspects.First, [32], [33] proposedecentralizedschemesfor backward (uplink) trans-

missions,that is, the schemesaredesignedfor uncoordinatedtransmissionsfrom distributed clients

to a centralbasestation. Secondly, thereis no prefetchingin [32], [33]; theSMPTschemeresortsto

rateadaptation(i.e., parallelpacket transmissions)only to recover from gapscausedby errorson the

wirelesslink within a givenTCPor UDP segment.Moreover, [32], [33] do not take thecharacteristics

of the applicationlayer traffic into consideration;the scheme[32] operateson oneMAC packet at a

time andSMPT[33] operateson oneTCP or UDP segmentat a time. Our protocolin this paper, on

theotherhand,exploits two specialpropertiesof theprerecordedcontinuousmediastreamingtraffic:

(1) theclientconsumptionratesover thedurationof theplaybackareknown beforethestreamingcom-

mences,and(2) while thecontinuousmediastreamis beingplayedoutat theclient,partsof thestream

canbeprefetchedinto theclient’s memory.

VII . CONCLUSION

We have developeda high performanceprefetchingprotocolfor thestreamingof prerecordedcon-

tinuousmediafrom abasestationto wirelessclients.Ourprefetchingprotocolcanbeemployedontop

of any of therateadaptationtechniquesof wirelesscommunicationsystems.Our protocolaccommo-

datesCBRandVBR encodingsaswell asfixedframerateandvariableframerateencodings.Channel

probingis critical for theperformanceof ourprotocol.With channelprobingthebasestationallocates

transmissionresourcesin a judiciousmanneravoiding theallocationof largeportionsof theavailable

transmissioncapacityto clientsexperiencingadversetransmissionconditions.

In ourongoingwork westudymoresophisticatedchannelprobingschemes.Oneof theinvestigated

approachesis to probemoreaggressively (i.e.,with multiple packetsperslot) whentheaffectedclient

hasa smallprefetchedreserve. Clientswith a largeprefetchedreserve, on theotherhand,areprobed

lessaggressively (i.e.,with onepacket every } th slot,with }oÄÅ� ). Anotheravenuefor futureresearch

is servicedifferentiationamongtheongoingstreams.In acrudeservicedifferentiationschemethebase

stationprefetchesfor low priority clientsonly if theprefetchedreservesof thehighpriority clientshave
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reachedprespecifiedlevels. In our ongoingwork we alsoconductmoreextensive evaluationsof our

prefetchingprotocolwith tracesof MPEG–4andH.263encodedvideos.
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