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Abstract

In this article,we present new flow andcongestiorcontrolschemePLUS (Probe-LosdJtilization
Streamingprotocol),for distributed multimediapresentatiorsystems.This schemeutilizes probing of
the network situationandan effective adjustmentmechanisnto datalossto supportmultimediapresen-
tations.Theproposedchemas alsodesignedo scalewith increasingiumberof PLUS-basedtreaming
traffic andto live in harmory with TCP-basedraffic. The novelty of the PLUS protocolis thatit uti-
lizes the knowledgeof its future bottleneckbandwidthin probingthe currentnetwork situation. This
canbeachiered by a priori knowledgeof the multimediadatabeforea presentations requestedy a
client. Compressiorschemedike MPEG introducedependenciesn mediaunits. | framesareneeded
to successfullydecodeP andB frames,and P framesareneededo decodeB frames.A lossof anl or
P frameautomaticallyeliminatesdependenimediaunits. Our probingschemencreaseshe successful
transmissiorof critical | and P pacletswithout the overheadof errorcorrection-schemesProbingis
doneusingB-framepaclets. Theadwantagds thatwe usedatapacletsasprobepaclets. With the PLUS
protocolwe addresghe needto avoid congestiorratherthanreactto it. Experimentdemonstratéhe
effectivenes®of theapproachn utilizing network resourcesinddecreasindossratios.

Keywords. multimediastreaminggcongestiorcontrol, probing,multimediapresentatiorsystems

1 Introduction

Therehasbeenincreasinginterestin flexibly constructingand manipulatingheterogeneoupresentations
from multimediadataresource$29, 6] to supportsophisticate@pplicationd42, 23, 1, 17]. In theseappli-
cations,jnformationfrom multimediadataresourcest onelocationmustbe madeavailableat otherremote
locationsfor purpose®f collaboratve engineeringeducationalearningandtutoring,interactve computer
basedtraining, electronictechnicalmanuals,and distributed publishing. Suchapplicationsrequire that
basicmultimediaobjectsbe storedin multimediadatabases/filesT hesemultimediaobjects,suchasaudio
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samplesyideo clips, images,andanimation,arethenselectvely retrieved, transmittedand composedor

customizedpresentationsMultimedia objects,suchasaudiosamplesyideo clips andtransparenciesare
characterizedby large volumesandtemporalconstraints.Compressioriechniqueg18] help reducethese
volumesbut they alsointroduceburstinessnto the streamdq10]. Bursty streamswith varying bandwidth
requirementsncreaseahe unpredictabilityof congestiorin currentnetworks.

The currentnetwork architectureasembodiedn the IP [8] network protocol,wasdesignedor data-
orientedapplicationsanddoesnot provide usefulpaclet delivery servicefor interactve multimediastreams.
A large partof multimediaapplicationscurrentlyin the Internet,suchasVIC [28],VAT [24] andNetshav,
arebasedon the new RTP (real-time-transportprotocol[34]. RTP doesnot provide servicesghatarenor
mally provided by a transportprotocol. Thatis, it offers no reliability mechanismshasno understanding
of aconnectiorandis usuallyimplementedaspartof the applicationrelying on UDP (partof the IP stack)
asthe transportprotocol. InsteadRTP offers the applicationthe capability of distinguishingbetweendif-
ferentmediastreamsandkeepingtrack of variousstatisticsdescribingthe quality of the session However,
both UDP andRTP offer no quality of servicecontrol mechanismFluctuationsof the network conditions
combinedwith the inability of thoseprotocolsto supportquality of service(QoS) control often renders
multimediaapplicationsuseless.

UDP andRTP asnon-adaptie streamingprotocolsalsohave anoticeablesffect on otherapplicationsn
the network, especiallywhencompetingwith adaptve protocolssuchasTCP. Underheary load, TCP will
backoff, reducingits bandwidthutilization, while non-adaptie streamswill continueto pushtheir loads
throughbottlenecksvithout consideringheir neighborsTheeffect of thisbehaior is to drive up the paclet
droprateandwill leadto stanationin neighboringTCP andpaclet-losssensitve streamg27].

To combatising pacletlossratesthelnternetEngineeringraskForce(IETF) is consideringvidespread
deploymentof active queuemanagementechniquego improve the performanceof congestiorresponsie
applicationsandto punishnon-adaptie ones.Thetechniquedeingconsideredirebasedon RandomEarly
Detection(RED) [15]. RED punishesstreamsby droppingpacletsrandomlyout of their waiting queues.
IETF employs RED alongwith additionalmechanismso identify maliciousflows andforce themto main-
tain a fair shareof the available bandwidth. Thesemechanismsave a catastrophidmpact on motion
predictedcompressiorschemesike MPEG[12], which areusedfor videodatacompression.

Compressiorschemedike MPEG introducedependencieamongmediaunits. | framesareneededo
successfullydecodeP andB frames,andP framesareneededo decodeB frames.Only B frameshave no
dependenciesA lossof anl or P frame automaticallyeliminatesdependentnediaunits. Therefore,we
definepacletsbelongingto | andP framesascritical padkets Theaim of a multimediastreamingprotocol
mustincludeprotectionof critical paclets.

Thelossof critical pacletshasa high impacton the quality of service,it might evenleadto complete



distortionof amediastream39]. Transmissiorsupportfor multimediapresentatiorsystemswhich do not
seriouslyconsideradaptatiorto lossratescancontritute to awidespreadongestie collapsein thelnternet
[12] andrisk punishmentvith the establishmenof the RED routerscheme.

In this article,we presentnew flow andcongestiorcontrolprotocolschemePLUS( (Probe-LossUti-
lization Streamingprotocol),for distributedmultimediapresentatiorsystemsThis schemautilizes probing
of the network statusandan effective adjustmenmechanisnio datalossto supportmultimediapresenta-
tions. With the PLUS protocolwe addresshe needto avoid congestiorratherthanreactto it. By probing
we meana mechanismto testthe network with currentdatapacletsto seeif the maximumbandwidthre-
guirement(introducedby the compressiorscheme)n the future canbe supported.Our schemegivesthe
applicationtime to preparecountermeasurdik e backingoff streamingatesor conductingframedropping
for videostreamsf the probinggivesinformationthatthe future dataratecannot be supported.

Thepresentedchemas alsodesignedo scalewith increasinghumberof PLUS-basedtreamingraffic
andto livein harmory with TCP-basedraffic. PLUS offersthefollowing features:

e Probing:the network will be probedto testif the maximumbandwidthrequiremenbf a streamcan

besupported.
e Betterprotectionof | andP frames.

¢ Just-in-timedelivery: mediaunitsareonly sentoutdependingpntheirtiming requirementsminimiz-
ing pre-fetchbuffer requirementsatthe client.

e Smoothedransmission:pacletswithin a given window are spreadout to reducebursty bandwidth
requirementsntroducedby compressiotiechniquegsuchasMPEG).

e TCPfriendly adjustmenschemedecreas®f bandwidthutilization in caseof congestionlf needed,
mediadroppingatthe sener siteis initiatedto avoid randompaclet droppingby routers,andto avoid
stanationof neighboringTCP connections.

Therestof this article is organizedasfollows. Section2 discusseshe relatedwork. In Section3 the
PLUS architecturds formulated.Sectiond presentsheimplementatiorof the NetMediatransportscheme
andthe experimentevaluatingthe PLUS protocol. Concludingremarksareofferedin Section5.

2 Related Work

Researcthasbeenconductedn threedifferentareasto handlecongestiorcontrolin the network. Thefirst
is to protectaudio/videostreamsrom the effects of congestiorby reservingresourcege.g., buffers and
CPU cyclesat a router bandwidthat the network). The aim is to guarantegredictabldevels of services.



The RSVParchitecturg45] providesreceverinitiated resenationsto accommodatéeterogeneityamong
receversaswell asdynamicmembershighangesSuchmechanismdike RSVPR have significantscalability
problems.

The secondarea,the so calledbesteffort approachassumeso direct supportfor resourceeseration
in the network andattemptdo adaptthe mediastreamso currentnetwork conditions.Besteffort transmis-
sion schemesadaptvely scale(reduceor increase)he bandwidthrequirement®of audio/videostreamgo
approximatea connectiorthatis currentlysustainablen the network.

Oneapproachs to measureandmonitorthe availablebandwidthat ary giventime. Theideais to probe
the network by sendingprobing pacletsat the flow rate of the datastream. Decisionsare madebasedon
thepacletlossof theprobingstream.Flows will beadjustedasedn a certainthreshold Examplesof this
techniquecanbefoundin [25] and[41]. Thedisadwantageof this approachs thatprobingpacletsarekept
smallanddo not necessarilyeflecttherequiredbandwidthof a stream.Also, decisionsaboutflow ratesare
basednthepastperformancef thenetwork anddo notreflectthecurrentbehaior atthetime of streaming
thedata.

Anotherbesteffort approachs to modify the TCP protocol. In [9], the authorsproposeto use TCP
withoutits retransmissioschemdor streamingapplications.Remawing theretransmissiompartfrom TCP
eliminatesthe resultantproblemsof lateny andwastednetwork bandwidth.But dueto TCP’s congestion
controlalgorithm,the streamingemainsinherentlybursty The SCP(streamingcontrolprotocol)presented
in [7] reduceghe burstinessof TCP without retransmissionSCPusesa direct streamingapproachwhich
utilizesthemaximumbandwidthavailablein thenetwork for streaming.Thisincreasegherisk of congestion
causedy SCPstreamsTheadwantages, in caseof congestionSCPbacks-aof similarly to TCP Sincethere
is no needto sendout multimediadatafasterthanits timing requirementthe dravbackof directstreaming
canbeavoided.

Thegoal of amodel-based@pproachs to establishananalyticalmodelof TCP traffic. Thiswill allow
to calculatethe available bandwidthgiven certainboundaryconditions. Floyd and Ott [16, 40] proposea
rate-basedlow control schemebasedon the analysisof TCP throughput. The proposednodel estimates
the throughputof a TCP connectionunderknown delay (roundtrip time) andloss conditions. Basedon
this estimationthe systemrestrictsits transmissiorrate to the throughputof an equally competingTCP
connection.The adwantageof this modelis its simplicity. This alsoleadsto its disadwantagebecausdhe
modeldoesnot considertimeoutcasesor delayedacknaviedgments.lt is alsobasedon average lossand
delay obserations. However, adaptationdecisionsneedto be taken basedon the currentloss and delay
values. Using the TCP throughputmodel as the sole basisfor adaptationresultsin a ratheroscillatory
adaptatiorbehaior. Differentstudies[35] have alsoshavn that this modelis only accurateenoughfor
lossef lessthan16%. The sendingrateof model-basegrotocolsmaydropto O at highlossratewhichis
undesirabldor multimediaapplicationd19].



Sendingbest-efort traffic without any consideratiorof the network congestionstatecausedoy TCP
andnon-TCPtraffic caneasilyincreaseherisk of paclet losses.Therefore the aimis to develop adaptve
schemeswhich not only target at lossratiosandbandwidthutilization but arealsofair towardscompeting
TCP connections.A goodexampleis the directadjustmentalgorithm (DAA) [35]. It is basedon a com-
bination of two approacheslescribedn the literature,namely: additive increase/multiplicate decrease
schemeproposedn [3, 5] andanenhancementf the TCP-throughputodeldescribedn [16].

TCPusesadditive increasemultiplicative decreasenechanisn{AIMD) to detectadditionalbandwidth
andto reactto congestionRAP [31] usesasimple AIMD mechanisnwhereeachpacletis acknavledged
by therecever. Theincreasaateis onepaclet perround-triptime andwhencongestions experiencedhe
sendingratereducedo its half. Simple AIMD is the mostefficient andbestsuitedalgorithmfor bulk data
transferoperationghatcantoleratelarge reductionsn availablecapacityuponencounteringongestior2].
Simplerate-basedIMD schemesuchasRAP have the samdarge variationsin datarateasTCP[20]. So,
it is not suitableto useit (asin TCP)for multimediaapplicationsLDA+ [36] adjustincreaseanddecrease
factorsfor AIMD dynamicallyto network conditions.

TCP emulationat recevers (TEAR) protocol [19] computesthe sendingrate at the recevers. The
recevers computethe feedbackrate basedon weightedaverageof a numberof epochs. The sendersets
its currenttransmissiomateto themostrecentestimatedatesentby therecever. Sincetherateis computed
attherecever, TEAR refrainsfrom acknavledgingeachpaclet. Thisreduceghecongestionn reversepath
for asymmetrimetworks suchaswirelessnetworks, cablemodems.A suney on TCP-friendlycongestion
protocolscomparesnost of the protocols[20]. The performanceof someof theseprotocolshave been
testedundervariousconditionsto checkfairnessaggressienessresponsienessandsmoothnespt3]. Each
protocolhasits own dravbackanddoesnot dominateotherprotocolsin all aspects.

Thethird approachtowardscongestiorcontrol referredto asactive queuemanaementis to establish
policiesin theroutersto punishnot well behaed streamsOneform of active queuemanagemertiasbeen
proposedby the IETF called RED (RandomEarly Detection)[4, 13]. RED maintainsan exponentially-
weightedmoving averageof the queudength,which it usesto detectcongestionWhenthe averagequeue
lengthexceedsa minimumthreshold pacletsarerandomlydroppedor marked with anexplicit congestion
notificationbit [13, 32, 33]. Whenthe averagequeuelengthexceedsa maximumthreshold all pacletsare
droppedor marked. An implicit assumptiorbehindthe designof RED is that all flows respondo lossas
anindicatorof congestion.Theideais thatunresponsie streamswill be punishedharderby experiencing
a higherlossratethanresponsie streams.The disadwantageis that unresponsie streamsanay dominate
arouters queue.Lin andMorris recognizethis shortcomingof RED andproposeda schemecalled Flow
RandomEarly detection(FRED), to promotefair buffer allocationbetweerflows [26]. In [30], Jefay and
SmithintroducedCBT (Class-Based hresholds).Theideais to provide the congestioravoidancebenefits
of RED while providing protectionfor TCP andwell-behaed UDP flows.



Currenttransmissiorschemesieedto take into accountthe congestioravoidancemechanismsntro-
ducedby therouterschemedn orderto berecognizedswell behavedstreamsPunishmenby somerouters
hasa drasticeffect on the QoS of multimediastreamsgspeciallyif critical pacletsfrom | or P framesare
randomlydroppedduring the punishmeniprocess.Protectingcritical pacletsis thereforea key factorin
increasingthe QoS of a presentation.The PLUS algorithmpresentedn this article addressetheseneeds
by enhancinghe survival rateof critical pacletswithout increasinghe overheadntroducedby traditional

forward-errofcorrecion schemes.

3 PLUSArchitecture

A unicaststreamingscenariowith the PLUS protocolconsistsof mediasenersanda mediaclient, linked
by anetwork. Mediapacletswith aconstanpaclet sizearestreamedvith respecto theirtime-dependenc
from thesener (sender}o theclient (recever). Eachpaclet carriesamongotherfieldsits sendingime and

Initialize

gap in ACK
=> back off

:

recover

Figurel: PLUS statetransitiondiagram.

anincrementabequencaumber In casethe PLUSprobingschemeéndicatescongestionthereceverissues
afeedbackmessagdo the sener. Feedbacknessagearegeneratedisinga TCP connectiono guarantee
arrival at the sener. Basedon the paclet losswithin an obsenation window (AW), the client sendsan
adjustmentequesto influencethe sendingrate of the streamto behae TCP friendly andto avoid further
network congestion.

The PLUS protocolconsistsf threestategseeFigure[1]): Paused SteadyStatandCongested Each
stateis associatedvith a specificconditionof the network andatransitionpolicy. After initialization of the
sener the systementersthe pausedstate. After a requestfor nev pacletsarrivesat the sener the PLUS
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protocolstartsstreamingwith theprobingalgorithmactivated. Theprotocolis now in the SteadyStatenode,
probingtheavailablebandwidthof the network while streaminghedatato theclient. Whenapacletlossis
detectedPLUSenterghecongestiorstate After detectiorof pacletlossattherecever, thebestadjustment
ratefor sendingratewith the congestionnformationis sentasan acknaviedgmentto the sener. Paclkets
aretransmittedn orderandtimeoutsarebasedon theroundtrip time.

In caseof apacletlossin theobserationwindow, theprotocolperformsa multiplicative back-of policy
thatreduceghe bandwidthto live in harmoty with neighboringTCP traffic. If the back-of policy violates
the scheduleof the time-dependenmediaunits, a prioritized mediadroppingat the sener siteis initiated.
This will reducethe quality of the presentatioras minimally aspossiblebut will allow the presentatiorio
continueevenin the caseof congestion.After reachinga bandwidththe network cansupport,the PLUS
protocoltriesto recover by additively increasinghe senderrateuntil the steadystateis reachedagain.

3.1 Smoothing and Probing Algorithm

Datacompressiorcanintroduceburstinessnto datastreams.The burstinesgesultsin differentbandwidth
requirementsiuring transmissiorof the stream. This makesit difficult to comeup with a resourceand

adaptatiorschemebecausdandwidthrequirementsiwayschange.

ThePLUSprotocoleasedandwidthfluctuationsby groupingtogethersomenumberof mediaunitsin a
window (time)intenal AW (e.g.assigningl50framesof videoto 5-secondAW). Reducingtheburstiness
of astreamin agivenwindow by spreadingts pacletsequallyis definedassmoothing11]. Smoothings
doneby sendingoutthe dataatthe aveiage bandwidthrequiremenfor thewindow. Theaveragebandwidth
is equalto spreadinghe pacletsuniformly overthe AW intenal andsendingat a fixedrate Aa (Equation

1).
AW

a= - - . 1
numberof _padets_in_currert_interval @)
By usingthis method,clients can guarantedhat the bandwidthneededs minimal and constantthrough

intenal AW. The disadantageof this methodis that a bigger prefetchbuffer is requiredto assemble
framesof alargesize.

At eachpresentatiorinterval, we identify a critical interval The critical intenal is anintenal in the
future playbacktime thatcontainsthe maximumnumberof paclets. Theaim of the PLUS probingscheme
is to testif the network cansupportthe critical intenval. Theadwantages thatthe PLUS protocoldoesnot
sendout thosepaclets, which may be lost or causecongestionandthentries to adaptto this situation. It
testsaheadf timeif sendingdataat theraterequiredby thecritical interval is feasibleor not.

Thesizeof AW is atradeoff betweertheamountof smoothingandthe delaycausedy prefetching A
largeinternval AW will requirealargebuffer andlarge set-uptimesbeforea streancanbedisplayedhecause

for dependentnediaunits (like B-frames),all necessarpaclets(from | or P frames)needto arrive first at
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Figure2: PLUS probingscheme.

theclient site beforethey canbe decoded.

Onechoiceis to set AW to thelengthof time for sendingoneframe. The advantages thatthe probing
schemesollectsinformationif critical paclets(from I-frames) whichwill bein theintervalswith thehighest
numberof paclets,canbesupportedin thepresencef congestionthe PLUS protocolwill adapto increase
the probability of a successfutransmissiorof critical paclets. The disadwantageis thatthe PLUS protocol
canapply smoothingonly to the pacletswithin a frame. For smoothingalgorithms,it is morefeasibleto
groupalargernumberof framestogetherto lower the peakbandwidthrequired.

Anotherchoiceis to set AW to a shortsequencef framessuchasfive to tensecond®f playback.The
adwantagas thatbuffer managementtill caneasilyhandlesuchadatasize(10 secondequals300framesat
30framespersecond).Theprobingschemewill thenidentify streanmsequencewith higherratesof change,
like videoscenesvith alot of movementandproactvely testthefeasibility of sendingatthesehigherrates.

As areasonabléradeoff for AW, we suggesfor video streamghe useof five secondsmoothing.We
baseour decisionon the knowvledgethat the humanawarenesf framelossesin scenesvith movement
is muchhigherthanin static scenes.If the PLUS probing schemedetectscongestioncountermeasures

like increasinghe smoothingwindow or in the worst casepaclet droppingcanbeinitiated to adaptto the
congestionn the network andprotectcritical intervals.

In thefirst graphof Figure2, we seethenormaljust-in-timesendingscheduleof a multimediapresenta-
tion stream.In eachscheduldnterval within AW, the systemsendsout a numberof constansizedpaclets
to fulfill thetiming requirementgor eachslot. Thedatain eachinterval is normally not smoothedandwill



be sentout asfastaspossible. This will causeshortburstsof high datatransmissiorrates,especiallyfor |

andP frames.

In the averagesmoothingschemdthe secondgraphin Figure2), pacletswithin AW areevenly spaced
apartby Aa. Eachinterval AW hasits own Aa, whichis dependenvnthenumberof pacletsthatcomprise
AW. Thegoalis to find the future intenal thathasthe smallestAa. We definethe corresponding®AW as
thecritical interval of the currentAW. Thecritical interval definesthe bottleneckof the stream.

Let'sassumehecritical intenval for sis the next intenval, which startswith anl frameof 8 paclets. The
advantageof multimediapresentatiosystemss thatmediastreamsareknown apriori to theirtransmission.
This featurecanbe usedto saze computationatime in finding the maximumrequiredbandwidth(critical

intenal) for eachgiveninterval by preprocessinghe mediastreams.

interval number ntl n+2 n+3 n+4 n+5 n+6
pktsin currentAW 2 3 8 4 2 5 EOF
pktsin futurecritical intenval | 8 8 8 5 5 5

Tablel: Preprocessingata.

The preprocessingTable 1) is doneby startingat the end of the stream(EOF) and moving backto
the beginning, checkingeachinternval on theway. For eachinterval we keepan arrayentry which records
the numberof pacletsfor its critical interval. After the preprocessings done,the arraycontainsfor each
intenal AW its correspondingritical intenal which will bethe bottleneckof the streamsometimein the
future.

Oncewe determinethe critical intenal, we apply our smoothingand probing scheme. The critical
bandwidthin thefuture,atagiveninterval, is providedby its critical intenval. To find theminimalbandwidth
requirementfor the critical intenal, we apply the smoothingscheme which spreadshe constantsized
pacletsevenly acrosghewindow. Thisleadsto a sendingdifferencebetweerconsecutie paclets,whichis
definedby: AW

Ar= pkts_in_critical_interval” @)

Accordingto Kesha [22], the bottleneckbandwidthof a connectiorcanbeestimatedy thepaclet pair

approachat therecever site. The essentialdeais thatthe interpaclet spacingwill be proportionalto the
time requiredfor the bottleneckrouterto procesghe secondoaclet. Thebottlene& bandwidthis calculated

as:
_ packet_size

AT
Insteadof usingtheaveragealgorithmfor thecurrentinterval, we usethe bottleneckoandwidthto probe

b (3

andobtainfeedbackbeforethe network hasto supportthe critical bandwidth.

In the third diagramof Figure 2, we presentthe PLUS probing scheme. To increasethe chanceof

successfullytransmittingcritical paclets, we only utilize B framesto probethe network. In eachintenal
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AW we sendB framesin intervals of Ar, while critical I and P frame paclets are transmittedwith the
smoothednternal Aa. Theideais to force the network to give feedbackon whetherit will supportour
future bottleneckbandwidth.This allows usto adaptto the currentsituationin advancebeforewe sendthe
critical pacletsof the bottleneckbandwidth.

The adwvantageof PLUS is that B framesgive feedbackaheadof time if the critical bandwidthwith
critical paclets canbe supported. In caseof loss of B-frames,the resultis only a slight degradationof
quality (in comparisonto lossof a completel to | sequencewhich might contain30 frames). A higher
numberof consecutie B pacletsof courseincreaseshe probingability of the PLUS protocol. This canbe
controlledatthecompressiotime of the stream.Sincewe only utilize B frameswe just punctuallyincrease

the bandwidthto the samédevel asit will berequiredlaterby critical paclets.

To besynchronizedvith thetiming schedulef the mediastreamwe have to wait Ai of time (Equation
4) aftera sequencef probingpaclets,

Ai =ncx Aa— (nc—1) x Ar. (4)

wherencis the numberof sequentiahon-criticalB pacletsbetweercritical | or P pacletsin windowv AW,

This gap(Ai) senesasabandwidthbuffer, which furtherincreaseshe survival rateof critical paclets.
In congestedhetworks, routerstendto drop pacletsthatarrive in bursts,andgapsin streamsallow a busy
routerto processa differentstreamandacceptiaterarrival of critical paclets.

Thekey to a probingschemds how multiple clientswork together In PLUS, probingconsistsof three
phasegFigure2). At thebeginningwe sendcritical pacletswith the averagebandwidth(avelaging phase,
followed by the probingsequencéprobing phasé of the B pacletsanda reducedbandwidthuse(resting
phas¢ beforethe next critical paclet sequencestarts. Thesethreephasesnteractwith eachother when
multiple PLUS andnon-PLUSstreamsarein use. We canidentify the following scenariogo analyzethe
behaior of PLUSwith multiple clients:

e Singleprobing OnePLUSstreamprobeghecurrentnetwork situationcreatedy non-PLUSstreams.

e Sequentiaprobing PLUSstreamgrobeoneafteranother Thiswill leadto anoverlapof theprobing
phaseof onestreamwith the averagingor restingphaseof otherPLUS streams.

e Concurent probing Multiple PLUS streamsare concurrentlyin the probing phase sendingprobe
pacletswith the bottleneckbandwidthof thefuture.

The drawvback of the currentnetwork protocolsis that they lack the knowledge of future bandwidth
requirement®f a connection.To implementcongestiorcontroltheseprotocolsrely onthe currentnetwork
situation. The advantageof a singleprobingPLUS streamis thatit hasknowledgeof the future bottleneck
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requirementandreducegproactvely its sendingrateif the currentnetwork situationsignalsthatit cannot
supportit. Note,PLUSis a besteffort approach A sudderincreasdn network load right beforethe PLUS
streamsendasts critical interval canleadto lossof critical paclets. But this approachs still moreproactive

in congestiorcontrolthancurrentlyimplementegrotocols.

In the sequentiaprobingscenariothe PLUS probingsequencesdo not overlap. This is similar to the
singleprobingscenario.In this case,a PLUS streamprobesagainstaveragingandrestingphaseof other
PLUS streamsand comparest againstits critical interval. The estimatedesultmightleadto lossin case
multiple PLUS streamsendtheir pacletswithin thecritical intenal atexactly the sameime, eachassuming
the network cansupportit. However, the probability of probingonly againstaverageandrestingphaseof
other PLUS streamsis negligible and canbe further reducedby increasingthe numberof B framesin a
streamt.

Concurrentprobing of PLUS streamsis the ideal scenario. If concurrentprobing occurs,the PLUS
protocolreportsa conserative estimationof the currentnetwork situation. The estimationis basedon the
bandwidthneedsof the critical intervals. This behaior allows PLUS streamsto protectcritical paclets
whenthe maximalcapacityof a connectioris reachedlf the concurrenprobingcausegacletloss,PLUS
streamsackoff, harmonizingwith TCPandotherPLUS streams.

Theadwantageof our schemas thatadaptatiorbasedon feedbackrom probinggivesthe sener, rather
thantherouters,control over paclet dropping,which will increasehe chanceof successfulljtransmitting

critical padets

3.2 Back-off and Recovery Policy

If the systemexperiencegaclet lossesduringthe probingschemeijt is anindicationthatthe network can
not supportthe critical bandwidthfor the given stream. The systemneedsto back off andtestwhatis
the maximal bandwidththat the network can currently provide. As a back-of policy, ary TCP-friendly
adjustmentschemecan be utilized. In the congestedstate,probing discontinuesuntil the steadystateis
reachedhgain.

In this section,we presentan easyto useback-of andrecorery policy for the PLUS schemewhich
incorporates high sensitvity towardspacletlossasrecommendedty the [ETF (InternetEngineeringrask
Force).For eachsmoothinginterval, the PLUS protocolchecksf all pacletssentsincethelastcheckhave
arrived at the client site. If a paclet is lost, the PLUS algorithminitiates a multiplicative back-of. If no
further paclet lossis detectedthe systemrecorers additively for eachconsecutie intenal AW until the
maximumsendingrateis reachedgain.The adwantageof this approachs afastreactionin time of atraffic
jam anda conserative increasef bandwidthto avoid furthercongestion.

1The probability of this situationcanalsobe reducedf thesener providesa synchronousendingscheduldor all streamswith
critical intenals. The new scheduleis boundby the amountof prefetchingat the client site, which allows modificationsof the
streamsendingrates.
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To be conseratively responsie to paclet loss,we introducethe conceptof multiplicative adjustment
factor w, which depend®n the numberof pacletssent #, andacknwvledged,#, within theinterval AW:

#
W= =. 5
7 (5)
Thisleadsto a new timing differencebetweerpaclets:
NAlpay = Wk AL (6)

Thus,the percentagef datalosshasdirectinfluenceon the adjustmentactorw, whichwill leadto awider
smoothingntenal andreductionof requiredpeakbandwidth.Theamountof adjustments dependentnthe
sizeof theinterval AW. A largerinterval allows morepacletsto be sent,whichwill decreas¢heinfluence
of shortburstpacletloss.

In the presencef nolossesthe recovery policy increaseshe numberof acknavledgedpacletsof the
congestedntenal by onefor eachupcominginterval AW. Thisleadsto anew w:
#

W=~——.
#+1

(7)

Multiplying the new w with Ar leadsto adecreasef the sendingintenal Arpgy. Equation? takesinto
accountthe possibility of lossof all paclets. In this casewe only sendone paclet perinterval to gather
feedbackf the network hasrecovered.If the network hasrecorered,we increasahe sendingrateup to the
original probingvalue Ar.

Table2 givesanexampleof the back-of andrecorery policy. For simplicity, we assumehatthe sener
sendslO pacletsevery interval. We alsoassumea negligible roundtrip time (changesrein effect during
thenext intenal). By stretchingthe sendingntenalswe reducethe bandwidthin caseof congestionlf the

AW1 | AW2 | AW3 | AW4 | AW5
Pkt loss - 2 - - -
N Ar | 2ar | PAr | Bar | PAr
Arsend | A1 | BAr [ ZAr | Ar Ar

Table2: Back-of andrecorery example.

numberof pacletsperinternval AW is small,the reducedandwidthmight be enoughto supportthetiming
scheduleThis canbedonebecauseave normally sendwith thecritical, notwith theminimal bandwidth.On
the otherhand,theadjustedsendingntenal maybesolargethatit cannotsupportthe scheduleThe PLUS
protocoldetectghis situationby performingthefollowing checkat the sendingsite:

Arsend> Aa, (8)

where Aa representshe length of the sendingintenal requiredto sendall pacletsin AW. If (8) is true,
thenthesystenmustadjusttheschedulesothatfewer mediaunitsarebeingsentwithin AW. Onewayto do
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thisis to dropmediaunitsuntil Aa becomedessthanArgeng Theback-of andrecovery policy presented
for the PLUS protocolis highly adaptve towardspaclet loss. Sinceit is notbasedon ary reductionfactors
[35], it is highly stableanddoesnot oscillatefor higherpaclet lossrates.

To guarante¢hatno critical pacletswill bedroppedthe PLUS protocolprovidespriority-basedoroac-
tive paclet dropping.Packet droppingof aleadingl-framein anl to | sequencéor a MPEG encoded/ideo
streamwill renderthewhole seriesuseless.The PLUS protocoltakesthis into accountby providing a pri-
ority basedmediaunit droppingscheme.Theideais to proactvely reducethe bandwidthto avoid further
congestionpe TCP-friendlyandincreasdhe survival rateof critical paclets.

P
1

N O

I B P B B |
0 3 4 5 6

Table3: MPEG sequence.

Table3 providesan arbitraryl to | sequenceThe P-framescanonly be decodedwith the help of the
I-framesandthe B-framesrely on theinformationencodedn thel andP-frames.The prioritized dropping
schemdor video preprocesseabemediastreamandfindsthe distancebetweertwo adjunctl-frames(in our
examplethedistances 7). Thenadrop orderfor theseframesis generatedfirst, the B framesin orderof
rising sequenc@umberswill bedropped;andsecondihe P framesandlastthel frameof the sequencelf
Equation8istrue, Arsengwill becomehenen smoothingnterval appliedto all pacletsandframedropping
mustbeinitiatedto fit all pacletswithin thetiming interval AW. Eachframedroppedouystimein theform
of the sendingrate (1/30 secfor a rate of 30 framesper second)which allows a stretchof Argenganda
reductionof bandwidth.The droppingsequencgeneratedor the examplein Table3 is: first the B-frames
with number<, 3,5, 6, thenthe P-framesl, 4 andlastthel framewith number0. Packetdroppingof course
influenceghe QoSof the presentatiomndcanfor multimediapresentationsnly be performedo a certain
degree. The amountis boundby the QoS specificationof the user(for example,a maximumdrop rate of
50%). Thisin generals a dravbackin TCPfriendlinessof all multimediastreamingprotocols.Prefetching
someamountof datacanallow a higherdropratein caseof congestior{assuminghe congestiorastsonly
ashortperiodof time).

In casethatpacletdroppingis suficiently allowed,onemethodto analyzethebehaior andTCPfriend-
linessof the PLUS protocolis to comparst with a TCP bandwidthusagemodel. Therelationshipbetween
throughput(Trcp) andloss(p) for TCPwasprovidedin [14, 40] as:

1.22«MTU

RTT+yp’ ©)

Trep =

whereMTU is themaximumpaclet lengthandRTT is theroundtrip time of the connectionNotethatthis
modelis only partially correct[35] up to datalossof 16%. But it still givesusa feel for the TCP behaior
in caseof pacletloss.
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We performedthe sameanalysisfor the PLUS protocol. After onelossPLUS recoversin thetime of
2x AW, which leadsto anaveragesteadystatethroughputof a PLUS connection:

(#— 3) = pktsize

T _ 10
PLUS AW (10)
Combinedwith thelossratio of the PLUS connection
1
= 11
P 2x#—1 (11)
we achieze a PLUS throughputestimationof:
pktsize
T =_ """ 12
PLUS 2% AW p (12)

Analyzing the differencesbetweenthe PLUS and TCP throughputmodelsin Formula9, it shavs that
thelossinfluenceghethroughpubf TCPconnectiondy 1/,/p in comparisorto 1/p in caseof PLUS.This
meansthat PLUS also reactsproactvely in reducingits load in caseof congestiongradually narraving
down to TCP behaior with increasean congestion.Thus,both TCP andPLUS lossesconsiderthe paclet
droprateandarebasedon the amountof time it takesto recover from the lossof onepaclet. The paclet
dropratecontrolstheaveragesteadystatethroughpubr sendingateatthesource.Thisrelationships given
by Formulas9 and12. Note that Formulal2 overestimateshe throughputof PLUS sincethe sendingrate
is boundby critical intenal (i.e. the sendingratewill notincreasanorethancritical rate eventhereis an
availablebandwidth).

Prioritized paclet droppinghasthe advantageof providing bandwidthreductionat the sener site, al-
lowing the sener to choosewhich pacletsto eliminateinsteadof routers.This will increasalrasticallythe
provided QoSto theclient.

4 Implementation and Experiments

In this sectionwe describehe performancef the PLUS protocol. Wefirst introducethe platformonwhich
the PLUS protocolis implemented We designedandimplementeda client-serer distributed presentation
systemthat canflexibly andadaptvely supportstreamingof mediadataacrossthe Internetwith the help
of the PLUS protocol. The systemcalled NetMediahasfour main components:client for presentation
scheduling,serverfor resourcemanagemenénd scheduling,databasesystenfor datamanagemenand
storageandthe PLUS-potocolfor handlingthe datatransferover the network [44].

4.1 NetMedia System

Server design. The sener designmustsupportthe PLUS protocolaswell asaccesgo individual streams

while sharingthe resourcesamongall streams. A multimediapresentatiormay containthree types of
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mediastreams,ideo, audio or transparenciesThe tradeof betweenindividual and sharedresourcess
addressedh our sener design. Multiple threadsare usedin implementingthe modulecomponents.The
systemmanagesn AdmittedClient Set Eachadmittedclient hasonebuffer andonepaclet threadfor each
requestedtream,anda probingthread. The paclet threadreadsmediaunits from the buffer and cutsout
pacletsof constansizeto be deliveredto the network. The probingthreadrecevesacknaviedgmentgrom
theclientandupdateghesendingateof eachstreamaccordingo the PLUSprotocol. Therearealsocontrol
messagewhich areusedto startor endpresentatiomplayback.The Disk ReadThreadis a sharedresource
which constantlybrowsesover the AdmittedClient Set readingdatafrom databasegndwriting the datato
the buffers of eachadmittedclient. If a buffer of oneadmittedclientis full, the Disk ReadThreaddoesnot
block, but movesto the next buffer. Theintegrationof the above designstratejies provideshighly efficient
managementf the mediadataretrieval, buffering andadaptve streamingatthe sener site.

Client design. Themainfeatureof theclientdesignis to provide amultimediastreanclassthatprovides
methodsfor synchronizedetrieval and presentatiorof multimediadatato a userprogrammer The PLUS
protocolusesa TCP soclet for acknaviedgmentof feedbackmessagebk e rateadjustmentindcongestion
of network. A TCP connectionis usedto guaranteano lossof ACKs. In the client, a serviceprovider,
termedMultiMediaRealTmeStreamjs implementedo supportall the abore describedservices.With the
MultiMediaRealTmeStreamservice,an applicationcan be written in C++ or Java to communicatewith
the sener, get well behared UDP mediastreamsand display them throughits own interface. Whena
MultiMediaRealTmeStreams openedit first asksfor admissionthenit will startall relatedthreads.Our
designcaneffectively andefficiently integratedifferentseners,thenetwork andtheclientto supportflexible
and dynamic multimediadatatransferserviceover the Internetwithout unfairly taking bandwidthfrom
concurrenfTCP connections.

Detailsonthe NetMediasystemcanbe foundin [38, 44].

4.2 Test Environment

In orderto effectively testthe PLUS protocol,we established video capturetestbedcapableof capturing
lecture material provided at the University at Buffalo. The testbedconsistsof a video-cameraa SUN-
VideoPLUScapturecard,a SUN-Ultra 10 workstationwith 128 MByte of memoryanda 300Mhz RISC
processor The SUN VideoPluscapturecard provides MIPEG,MPEG-1,H.261 and H.263 compression
for 30 framespersecond.Audio is supportedvith the following encodingstandardsG7.11(Alaw, plaw)
G.722,G.728,G.723.

Lecturescapturedor our systemwereencodedusingthe MPEG-1compressiortechnique.The I-P-B
sequencecould be varied. Streamswere encodedwith four P and 10 B-framesper sequencegl-BB-P-
BB-P-BB-P-BB-P-BB).Audio wascapturedusingplaw encodingwithout ary compressionAudio in our
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experimentaever provideda critical datasizein comparisorio video.

Thesener canbeestablishedn ary SUN-OScompatiblemachine.To cover awide variety of network
situationswe establishedestsitesin thelocal areaneighboringstatesandsitesacrossoththe Atlantic and
PacificoceansWe ranthe sener at our Buffalo campus;Turkey, JaparandPurdueUniversity while clients
could connectfrom SUN Ultra 5 machinesn Buffalo. For this study testrunsweretaken every hourover
the periodbetweenMarch 1999andOctober1999. All figuresareaveragesover aweekof measurements
at the giventime points. The sener requiresabout0.15%systemresource®n a SUN Ultra 10-300with
128Mbyte, delivering audio, video and transparenciesand uses2.2 Mbyte of disk space. For database
accessan additionalremoteprocedurecall (RPC)sener (277k) needsto be started. During the tests,the
clientresidedn ourlab at Buffalo. We useda SunUltra 5 with 64 MByte of memoryanda SUN creator3D
graphiccard,which supports24bit color depthfor video.

To compargheenhancemen@&chiezed by thePLUSalgorithm,weimplementedt ontop of anexisting
end-to-endnetwork delay control protocol, termedDSD (differencebetweensendingand display) [38].
In general,DSD sendsthe dataunits comprisingthe mediastreamaccordingto the display rate of the

Initially current time
’Q’ interval—é‘ {7 wait to send next unit
| | | > ‘ | | |
l l l [ l l l
TIME start ime=s s+interval ~ s+interva(*2 s+interval*n
EVENTS event 0 event 1 event 2 eventn
Slow Down .
set new start time (ns)
:17 wait to send next unit
| | = | | | |
I I I I I I I
TIME start ime=s Stinterval  s+interval*2 ns+interval*n
EVENTS event 0 event 1 event 2 eventn
Speed Up set new start time (ns)
{7 wait to send next unit
| | | | | | |
l l l l l l l
TIME start time=s s+interval ~ s+interval*2
EVENTS event 0 event 1 event 2 eventn

Figure3: DSD-Adaptation.

presentation.However, becausalelayin the network may change,DSD will adjustthe time difference
betweensendinganddisplayin orderto avoid datalossdueto buffer stanation or overflow at the client.
At ary calculationpoint, if the optimaltime differenceis determinedo be differentfrom the currenttime
difference thenthe client sendsa feedbackmessagédo the sener site to make an adjustment.One of the
recentprotocols, TEAR, also computeshe sendingrate at the recever and sendsthe adjustmentate as
feedbackto the senderike DSD. Figure 3 illustratesthe adjustmenischemeof DSD, which is basedon

16



recomputinga new presentatiorstarttime. In caseof slow down, the starttime is movedto the future (in
relationshipto the old starttime), which resultsin adelayof the next dataunit. In caseof speedup, thestart

time is movedto the past,resultingin sendingthe next dataunit soonerthantheinitial timing schedule.

TheDSD schemas well suitedto provide synchronizatioetweeraclientanda sener. Theadwantage
of this algorithmis thatthe DSD gives control over the currentnetwork delay allowing control over the
buffer levels at the client site andtherebyavoiding datalossto the presentation.The dravbackis thatthe
DSD algorithmlacksresponsienesdowardspaclet loss. The adaptatioris only triggeredby the delay of
pacletsthatreachtheclient. Also, the speed-up/sle-down adjustmenbnly effectsthe delayanddoesnot
reducethe bandwidthfor a longer period of time, therebysuppressingther TCP connectionsn caseof

congestion.

ThePLUSprotocolis anidealadditionto anend-to-endchemdike DSD. It addspacletlossawareness
andbandwidthadjustmento DSD, with theideaof protectingcritical pacletsfor multimediapresentations.

4.3 Experimental Results

Experimentdor the PLUS protocolwereconductedwithin the NetMediasystem.We comparedhe PLUS
protocolon top of DSD with a smoothedversion,using5 secondsmoothingintenals. All protocolsare
basedn UDP. DSD deliverstheframesaccordingo thetime schedulef the stream Pacletsin eachframe
aresentatmaximumnetwork speed.To reduceburstinesof streamssmoothingechniquesanbeapplied.
Thefive secondsmoothingapproachuniformly spreadsall pacletsbelongingto framesdisplayedwithin

five secondqaveragingbandwidthscheme).Playbacktime canstartas soonasenoughprefetchdatahas
arrived. The PLUS protocolalsousesa 5 secondsmoothingwindow for | andP frames.B framesaresent
with the minimum smoothinginterval ahead]eaving mostly a gapbetweerthe lastframein a seriesof B

framesandthefirst paclet of a critical | or P paclet.

Thesimplestmeasureof network performancas the averagepaclet loss. A pacletis consideredo be
lostif it is notrecevedby theclient or recevedtoo lateto be usedfor display If thedifferencebetweerthe
sequenceumberof anew arriving paclet andthatof lastarrived paclet is largerthan 1, the paclet is also
consideredisdatalossratherthanout-of-orderpaclet by PLUSto reactfasterto network congestion.The
averagelossratesfor all pathsareshavn in Table4.

OnCampus| Purdue| Japan| Turkey
0.01% 1.3% | 7.53%| 53%

Table4: Averagepacletloss.

Network connectionsat the Buffalo Campuscanbe consideredhearly 100%lossfree. All connections
run at 100baseTsupportedoy a FDDI backbongiassinghroughat maximumof onerouter The network

17



0 50%0ropRatem 1%0ropRaty

T
T

21:20 T n 0%0OropRate

21:30 ! T 50%DropRate

21:50

Figure4: Effectof proactve framedroppingon paclet losswith senerin Turkey.

load experiencedduringthe experimentss classifiedasideal Experimentsat PurdueandJaparexperience
light paclet lossduring mostof the time. Packetsnormally traveledthrough11 (Purdue)and 24 (Japan)
routers. Testrunsat Turkey producedheavytraffic mostof the time. Eventhoughthe averagelosswas
53%, runs during prime time of the day could easily produceresultswith loss ratesup to 90%, which
rendersary presentatiomselessThe Turkey connectiomormally passed5 routers.Dueto its high traffic
load, the Turkey accountprovided the besttest-enironmentfor congestiorcontrol algorithms. Sincethe
stateof the network changeoften, averagereadingspresenteaver time asin Table4 arenot asusefulas
averageinstantaneoussadings.Therefore experimentsareconductedat specifictimesandthe averagesof
theseinstantaneoussadingsareusedto checkthe effectivenessf the PLUS protocol. Theterm“average”
reflectsthe averageinstantaneouszadinggshroughtherestof the paperunlessspecifiedotherwise.

To getaclearpictureof thelossreductionachieved by proactvely droppingframesatthe sener site,we
conductedestrunswith theoriginal streamandapreprocessestream.Thepreprocessestreamdrops50%
of its frames startingfirst with B framesthenP framesandlastl framesat the sener site beforethe datais
sentout. As anexample,considera streamconsistingof 41 I-frames,81 P-framesand 1088 B-frames. A
50%dropratewould eliminate605B framesuniformly over the playbacktime of the stream.

Figure4 shawvs theaveragdossratehistory betweerBuffalo andTurkey. In generalthereducedstream
producedower paclet lossrates. The reducedstreameliminatesnon-criticalpacletswhile decreasinghe
lossrate on critical paclets. The paclets of the original streamare droppedby the network randomly
Adaptively reducingthe sendingratewill definitely helpa streamto deliver its contentwith a lower paclet
lossrateon critical pacletsin caseof congestion.

Smoothingtechniquesspreadpaclets uniformly to reducethe bandwidthrequirementsandburstiness
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of a stream.It hasbeenproved that smoothingalgorithmshave animpacton the network behaior ([37]).
We comparedPLUS with DSD againsta 5 secondsmoothingimplementation Experimentsare conducted
for eachspecifictime (asspecifiedin X — axis of Figure5) during the testperiodthroughTurkey. In the
experimentsthe PLUSprotocoldid notusetheback-of policy explainedin Section3.2. Theresults(Figure
5) indicatethatprobingwith proactve paclet droppingdecreasethelossratio duringcongestion.

OPLUS B Smoothed

Lossin%

19:20 20:30 T Smoothed
PLUS

;
20 e I 4

Figure5: Comparisorof thePLUSprotocolagainst secsmoothingwithoutback-of with senerin Turkey.

ThePLUS protocolworksbestwith anincreasingamountof traffic becauseéhe combinationof probing
andbacking-of in caseof congestiorprovidesthe mostchanceof succes$n anervironment,in which the
routerhasthe choiceof punishingnon-wellbehaed streams.

To testthe PLUS protocolunderlight conditionswe alsoran several testsat Purdueand Japan. We
comparedhe PLUSontop of DSD with DSD alone.Figures6 and7 presenthe averagepaclet lossof the
experimentonductedat specifictimesduringthetestperiod. Dueto thefactthatDSD usesthe maximum
sendingatefor eachpaclet belongingto oneframe, it is moreproneto lossof critical paclets. Eventhough
theloadto Purdueis very light, we canseea slight adwvantageof the PLUS protocolin comparisorto DSD
andthesmoothedrersion.In testrunsto Japanwe experiencen averagelower pacletlosswith PLUSIN
comparisorto DSD. This canalsobe explainedby the highersendingrateof DSD for pacletsbelongingto
thesameframe,causingroutersto morelikely drop paclets.

The PLUS protocoltries to avoid the randomframedroppingby routers. This is achiezed by probing
thenetwork andproactvely droppingmediaunitsatthe sener site. To testthe effect of proactively probing,
we comparedhe numberof receved and successfullydecodedrames(Figure 8) betweenthe smoothed
andthe PLUS schemesLossratesdo not necessarilyprovide atrueindicationof the quality of service.If
mostly critical pacletsareeffected,thenthe viewing experiencds very low, eventhoughthe throughputs
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@PLUS mDSD

T
12:00

DsD
PLUS

T
T

13.00

Time 1w

T
T

16:00 1500 WIDU
18:00

Figure7: Comparisorof DSD andPLUSontop of DSD with senerin Japan.

high. Thenumberof successfullydisplayedramesgivesa truerindicationof the QoSof the presentation.

The PLUS schemeon averagecould deliver 47% moreframesto the client thanthe smoothedrersion.
Thisis achievedby backingoff thesendingatein detectiorof congestionTo studytheeffecton proactiely
testingthe network we comparedhe PLUS protocol againsta smoothedversion,which backsoff if the
paclet loss exceedsl0% within a 5 secondtestintenal. As canbe seenin Figure 8, the PLUS protocol
doesnot just rely on the back-of mechanisnto protectits content. The increasechumberof saved B
frames(eventhoughthey aresentmoreaggressiely) couldbeachieved because largernumberof critical
frameshasbeensaved. Thisis obtainedoy the probingnatureof the PLUS protocol. TransmittingB frames
with a higherbandwidthcauseghe routerto morelikely to drop this kind of frame (andinitiate proactve
framedropping). Probingalso pausedeforea critical paclet stream(therebygiving the routera chance
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Figure8: Comparisorof receved anddecodedrameswith senerin Turkey.

to switch to a differentstreamand procesghe critical pacletslater), which increaseghe survial rate of
critical paclets. In Figure 8, the numberof I-framesthatarereceved anddecodedvhen PLUS protocol
is usedis morethanwhensmoothingwith or without dropis used. Sincethe numberof I-framesthatare
decodedncreasedthe numberof P-frameghatcanbedecodedwill alsoincreaseThenumberof B-frames
thatcanbedecodedvill increasesincethe numberof | andP framesthataredecodedncreasedIin ourtest
ervironment,decodingof onel-frameenableshedecodingof 4 P-framesand10B-frames.Thedecodingof
a P-framealsoenableshe decodingof oneP-frameandtwo B-frames.Sincethe PLUS protocolincreases
the survial rate of critical paclets, it increasedhe numberof framesthat can be decoded. Under light
congestionPLUS deliversslightly moreusabledatathansmoothingor streamingover DSD. Figures9 and
10 comparethe receved anddecodechumberof framesto the displayerwith sener in Purdueand Japan,
respectrely.

We alsomeasureaut of orderpaclet arrival atthe client site. In our experimentgo Purdue Japarand
Turkey theroutersrarely switchedroutesfor paclets. This resultedin a very smallnumberof out of order
paclet arrivalsattheclient. In the experimentdo Japanput-of orderpaclet arrival wasmorecommon.

In our implementationwe considerout of orderpaclet arrival asa sign of potentialcongestion.The
differencein paclet lossbetweenthe DSD only andPLUS on top of DSD canbe explainedby the faster
reactionof PLUS towardsmissingpaclets. DSD is well aware of the paclets arriving at the client and
adjustsaccordinglyto provide astabledatadelivery to thedisplayey but out of orderpacletsanddatalosses
do not influenceits decisionmaking. The PLUS protocolis an ideal complimentarytool to increasethe
amountof successfullydeliveredmediapaclets.
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Figure 11 illustratesthe numberof out of orderpacletsreceved from the DSD in comparisorto the
DSD combinedwith PLUS. The sendingratefor pacletsin DSD, which are sentwithin a frameintenal,
increasedhe chanceof out-of-ordemaclets. Out-of orderpacletsfacetherisk of pacletlossdueto timing
requirements An alternateroute decidedby a routermay increasehe end-to-enddelay designedor this
paclet andrenderst uselesgor presentationThis explainsthe higherpaclet lossexperiencedy the DSD
only protocolin Figure7.

As expectedthe smoothedrersioncanimprove the DSD only versiondueto its uniformly spreadpack-
ets,which doesnot exposecritical pacletsto a higherbandwidth. Eventhoughthe combinationof PLUS
andDSD hardly bacled off duringthe testruns(dueto thelight load), it still performedthe bestin saving
critical paclets.
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The smoothingwindow usedby PLUS protocol introducesdelay betweentransmissiorand playout.
This delay may be significantfor applicationsrequiring synchronization.Jitter is an importantmeasure
whetherthis delayis significantor not. The jitter experiencedduring the testruns of two presentations
(CSE530s alecturepresentatiomndXZEIN is arandomlyselectedgresentationareshavn in Figuresl2.
Measuredisingthe synchronizatioralgorithmgivenin [21], thejitter obtainedon Buffalo Campugemains
on averagein therangesf 0-60 millisecondgms)throughouthe presentationwhich is muchlessthanthe
upperbound(80 ms)givenin [39]. Jitterobtainedirom Purdue Japarand Germaly experiencespikesin
caseof pacletloss.On averagethejitter is still belov theupperbound80 ms. Jitterto Turkey is influenced
by the high traffic load experiencednostof the time duringtransmissionLossratesof 80%in a5 second
intenal producethejitter spikes. In caseof reducedhetwork load, the measureditter alsoperformsunder
theupperbound80 ms. Theseexperimentshav thatthe PLUS protocolcaneffectively beusedevenwhen
applicationgequirefine synchronization.

4.3.1 Discussion

The end-to-endflow control schemeDSD provides just in time delivery, dynamicadaptve behaior to
the network situation,andis successfuin increasingQoSfor theviewing experience However, it doesnot
addressheissueof congestiorcontrolandTCP-friendlinessnor doesit utilize theknowledgeof its streams
to improve transmission.

ThePLUS protocolis usedto increasdahe survival rateof critical pacletsin caseof congestion.To do
this it providesa probingmechanismwhich utilizes the knowledgeof the future bottleneckbandwidthin
thedeliveredstreamsThe PLUSprotocolis TCP-friendly scalingdown its bandwidthrequirementsn case
of pacletloss. This allows neighboringT CP connectiongo recover andpreventstheir stanation.
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Figure12: Jitter betweeraudioandvideo: sener at (a) Buffalo Campus(b) Purdue(c) Germaly, and(d)

Japan.
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Experimentshavedtheincreasef recevedanddecodedrameswith senersin Turkey, JaparandPur
due. Theincreasds achieved by the probingnatureof PLUS, utilizing knowledgeof the network situation
to initiate proactve framedroppingin casethe network cannot handlethe bottleneckbandwidth.Proactve
framedroppingincreasedhe survival ratefor critical paclets,becauseheir pacletscouldbe spreacover a
longerperiodof time,whichis equalto abandwidthreduction.Thesurvival rateis alsoincreasedy provid-
ing a5 secsmoothingwindow, which reduceghe bursty naturecausedy usingthe MPEG-1compression
scheme.An interestingfactis that the sendingpatternalsoinfluencedthe numberof out-of-orderpaclets
andpacletloss. Theprobingschemewhich consistof asequencef averaging probingandrestingphases,
increasedhesurvival rateof critical paclets. Therestingphasesn streamsallow a busyrouterto processa
differentstreamandincreasehelik elihoodat successfulransmissiorof critical paclets. Sincerouterstend
to drop pacletsin bursts,this interruptionin the processingsequencéncreaseshe survial rateof PLUS
streams.

5 Conclusion

Wehave presentednew flow andcongestiortontrolschemetermedPLUS (Probe-Los#/tilization Stream-
ing protocol),for distributedmultimediapresentatiosystemsThis schemaiseshe probingof the network
statusto effectively reactto datalossandpreventpotentialnetwork congestionThe novelty of this scheme
is that feedbackon the available network bandwidthis collectedbeforethe datawith high bandwidthre-
guirementds sent. This hasthe adwantageof avoiding congestiorratherthanonly reactingto it afterit
happens.By using B framesas probing paclets, no additionaldataoverheadis generatedand| andP
framesare betterprotected. As a result, datalossesin the network are reduced. Experimentsconducted
usingthe NetMediaprototypesupporttheseconclusions.

References

[1] G. Abowd, C. Atkenson,A. Feinstein,C. Hmelo, R. Kooper S. Long, N. Savhney, and M. Tani.
Teachingandlearningasmultimediaauthoring: The classroon2000project. In Proceeding®of ACM
Multimedia96, pagesl87-198 BostonMA USA, 1996.

[2] D.BansalandH. Balakrishnan.Tcp-friendly congestiorcontrolfor real-timestreamingapplications.
TechnicalReportMIT-LCS-TR-806 M.I.T. Labaratoryfor ComputerScience NCSU, May 2000.

[3] J.-C.Bolot, T. Turletti, andl. Wakeman. Scalablefeedbackcontrolfor multicastvideo distrikbution in
theinternet. In SIGCOMSymposiunon Communicationg\rchitectuesand Protocols pagesh8—67,
UK London,Aug 1994.

[4] Braden,Clark, Crowcroft, Davie, Deering, Estrin, Floyd, JacobsonMinshall, Partridge, Peterson,
RamakrishnanShenler, Wroclavski, andZhang. Recommendationsn queuemanagemerandcon-
gestionavoidancein the internet. TechnicalReportdraft-irtf-e2e-quee-mg-00.txt, InternetDraft,
1997.

25



[5] I. BusseB. Deffner, andH. Schulzrinne DynamicQoSControl of MultimediaApplicationsbasedbn
RTP. ComputerCommunicationsl9:49-58 Januaryl996.

[6] K. SelcukCandanB. PrabhakararandV. SubrahmanianChimp: A framework for supportingmulti-
mediadocumentauthoringandpresentationin Proceeding®of ACM Multimedia96, pages329-340,
Boston,1996.

[7] S.Cen,C. Pu,andJ.Walpole. Flow andCongestionControlfor InternetStreamingApplications. In
Proceeding®f MultimediaComputingand Networking(MMCN98) 1998.

[8] D.D.Clark. TheDesignPhilosophyof the DARPA InternetProtocols.In SIGCOMM pagesl06-114,
1988.

[9] D.D. Clark, S. Shenler, andL. Zhang. Supportingreal-timeapplicationsin an integratedservices
paclet network: architectureandmechanismin SIGCOMM pagesl4-26,1992.

[10] W. Feng. Bufering Techniquesfor Delivery of Compessedvideo in Video-on-Demandsystems
Kluwer AcademicPublishers1997.

[11] W. Feng,F. JahanianandS. SechrestProviding VCR Functionalityin a ConstanQuality VideoOn-
DemandTransportatiorService. In IEEE Multimedial996 pagesl27-135Hiroshima,JapanJune
1996.

[12] W. FengandW.Feng. The impactof actve queuemanagemenbn multimediacongestioncontrol.
In InternationalConfeenceon ComputerCommunicationgand Networks pages214—218 afayette,
1998.

[13] S.Floyd. TCP andExplicit CongestiorNotification. ComputerComunicationReview, 24(5):10-23,
Oct.1994.

[14] S.Floyd andK. Fall. Promotingthe useof end-to-enccongestiorcontrolin theinternet. IEEE/ACM
Transaction®n Networking 1999.

[15] S. Floyd andV. Jacobson.Randomearly detectiongatevaysfor congestioravoidance. IEEE/ACM
Transaction®n Networking 1(4):397-413Aug. 1993.

[16] S.Floyd andF. Kevin. Routermechanismio supportend-to-endcongestiorcontrol. Technicalreport,
TechnicalReport,Februaryl997.

[17] E. Fox andL. Kieffer. Multimedia Curricula, Coursesand KnowledgeModules. ACM Computing
Surves 27(4):549-551Decembed 995.

[18] B. Haslell, A. Puri,andA. Netravaldi. Digital Video: AnIntroductionto MPEG2 ChapmarandHall,
New York, 1996.

[19] V. Ozdemirl. RheeandY. Yi. Tear:Tcpemulatiomatrecevers- flow controlfor multimediastreaming.
Technicalreport,Departmenbf ComputerScience NCSU, April 2000.

[20] RobertDendad. Widmer and Martin Mauve. A suney on tcp-friendly congestioncontrol. IEEE
NetworkMagazine 15(3),May 2001.

[21] T.V. Johnsomand A. Zhang. Dynamic PlayoutSchedulingAlgorithms for ContinuousMultimedia
Streams ACM MultimediaSystems7(4):312—-325July 1999.

26



[22] S.Kesha. A control-theoretiapproacho flow control. In Proceedingof the Confeenceon Com-
municationsArchitectue and Protocols pages3—15,Zuerich,Switzerland Septembef991.

[23] F.L. Kitson, T. MalzbenderandV. Bhaskaran. Opportunitiesfor Visual Computingin Healthcare.
IEEE Multimedig 4(2):46-57,1997.

[24] I. Kouwelas,Hardman,andA. Watson. Lip synchronizatiorfor useover the internet: Analysisand
implementationln GLOBECOM Novemberl1996.

[25] L. BreslauandE. Knightly andS. Shenler andl. StoicaandH. Zhang. EndpointAdmissionControl:
ArchitecturallssuesandPerformanceln ACM SIGCOMM SeptembeR000.

[26] D. Lin andR. Morris. Dynamicsof randomearly detection.In SIGCOMM pagesl27-137,1997.
[27] J.Mahdai andS. Floyd. Tcp-friendlyunicastrate-basedow control. Technical notg 1997.

[28] S. McCanneandV.Jacobson.Vic: a flexible framewvork for paclet video. In Proceedingsof ACM
Multimedig pages$11-522 Novemberl995.

[29] G. Ozsgoglu, V. Hakkoymaz,andJ. Kraft. Automatingthe Assemblyof Presentationffom Multi-
mediaDatabasesin Proceedingof the 12thIntl. Conf on Data Engineering pagess93-601,New
Orleansouisiana,Februaryl996.

[30] M. Parris,K. Jefay, andF. Smith. Lightweightactive routerqueuemanagemerfor multimedianet-
working. SPIEProceedingsSeries-Societfor Optical Engineering 3654:162—1741999.

[31] M. Handlg R. RejaieandD. Estrin. Rap: An end-to-endate-baseadongestiorcontrol mechanism
for realtimestreamsn theinternet.In Proc. of IEEE INFOCOM, March1999.

[32] K. RamakrishnamandS. Floyd. A proposako addexplicit congestiomotification(ecn)to ipv6 andto
tcp. TechnicalReportdraft-kksjf-ecn-0Qxt, InternetDraft, 1997.

[33] K. RamakrishnamndR. Jain. A binaryfeedbackschemefor congestioravoidancein computemet-
works. ACM Transactionron ComputerSystems3(2), 1990.

[34] H. Schulzrinne,S. Casner R.Frederick,and V. Jacobson. Rtp: a transportprotocol for real-time
applications.TechnicalReportRFC1889 InternetEngineeringraskForce,Januaryl 996.

[35] D. SisalemandH. Schulzrinne.Theloss-delaybasedadjustmenglgorithm: A tcp-friendlyadaptation
schemeln NOSSRYV 98, UK Cambridge,July 1998.

[36] D. SisalemandA. Wolisz. Lda+ tcp-friendly adaptation:a measuremerand comparisorstudy In
Proc. InternationalWbrkshopon NetworkandOpemating System$&upportfor Digital Audio andVideo
(NOSSBV), June2000.

[37] S.Lam,S.Chav, andD.Yau. An algorithmfor losslesssmoothingof mpeg video. In Confeenceon
Communicatiorand Architectue SIGCOMM pages281-293,1994.

[38] Y.SongM. Mielke,andA. Zhang.NetMedia:Synchronizedbstreamingf MultimediaPresentationis
Distributed Environments.In IEEE InternationalConfeenceon MultimediaComputingand Systems
pages$85-590]taly, Florence Junel999.

27



[39] R. SteinmetandK. Nahrstedt.Multimedia: Computing Communicationand Applications Prentice
Hall, 1995.

[40] T.Ott, J. Kempermannand M. Mathis. Window size behaiour in tcp/ip with congestioravoidance
algorithm. In IEEE Workshopon the Architectuie and Implementatiorof High PerformanceCommu-
nication SystemsJunel997.

[41] V. ElekandG. KarlssonandR. Ronngren.AdmissionControlbasedon End-toendVieasurementin
INFOCOM, March2000.

[42] B. P. Woolf. Intelligent Multimedia Tutoring Systems. Communication®f the ACM, 39(4):30-31,
April 1996.

[43] YangY.H.,DudoitS.,LuuP.andSpeedr. P. Normalizationfor cDNA MicroarrayData.ln Proceedings
of SPIEBiIOS200], SanJose California,January2001.

[44] A. Zhang,Y. Song,andM. Mielke. NetMedia A Middleware DesignStrategy for StreamingMulti-
mediaPresentations Distributed Environments.IEEE Multimedia to appear

[45] L. Zhang,S. Deering,D. Estrin, S. Shenler, andD. Zappala. RSVP: A New ResourceReseration
Protocol.IEEE Network pages8—18,Septembe993.

28





