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Abstract

In this article,we presenta new flow andcongestioncontrolscheme,PLUS(Probe-LossUtilization
Streamingprotocol),for distributedmultimediapresentationsystems.This schemeutilizes probingof
thenetwork situationandaneffectiveadjustmentmechanismto datalossto supportmultimediapresen-
tations.Theproposedschemeis alsodesignedto scalewith increasingnumberof PLUS-basedstreaming
traffic andto live in harmony with TCP-basedtraffic. The novelty of the PLUS protocol is that it uti-
lizes the knowledgeof its future bottleneckbandwidthin probingthe currentnetwork situation. This
canbe achievedby a priori knowledgeof the multimediadatabeforea presentationis requestedby a
client. Compressionschemeslike MPEGintroducedependencieson mediaunits. I framesareneeded
to successfullydecodeP andB frames,andP framesareneededto decodeB frames.A lossof anI or
P frameautomaticallyeliminatesdependentmediaunits. Our probingschemeincreasesthesuccessful
transmissionof critical I andP packetswithout the overheadof error-correction-schemes.Probingis
doneusingB-framepackets.Theadvantageis thatweusedatapacketsasprobepackets.With thePLUS
protocolwe addressthe needto avoid congestionratherthanreact to it. Experimentsdemonstratethe
effectivenessof theapproachin utilizing network resourcesanddecreasinglossratios.
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1 Introduction

Therehasbeenincreasinginterestin flexibly constructingandmanipulatingheterogeneouspresentations

from multimediadataresources[29, 6] to supportsophisticatedapplications[42, 23, 1, 17]. In theseappli-

cations,informationfrom multimediadataresourcesatonelocationmustbemadeavailableatotherremote

locationsfor purposesof collaborative engineering,educationallearningandtutoring,interactive computer-

basedtraining, electronictechnicalmanuals,and distributed publishing. Suchapplicationsrequire that

basicmultimediaobjectsbestoredin multimediadatabases/files.Thesemultimediaobjects,suchasaudio
�
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samples,video clips, images,andanimation,arethenselectively retrieved, transmittedandcomposedfor

customizedpresentations.Multimediaobjects,suchasaudiosamples,video clips andtransparencies,are

characterizedby large volumesandtemporalconstraints.Compressiontechniques[18] help reducethese

volumesbut they alsointroduceburstinessinto the streams[10]. Bursty streamswith varying bandwidth

requirementsincreasetheunpredictabilityof congestionin currentnetworks.

The currentnetwork architecture,asembodiedin the IP [8] network protocol,wasdesignedfor data-

orientedapplicationsanddoesnotprovideusefulpacketdeliveryservicefor interactivemultimediastreams.

A largepartof multimediaapplicationscurrentlyin theInternet,suchasVIC [28],VAT [24] andNetshow,

arebasedon thenew RTP (real-time-transport)protocol[34]. RTP doesnot provide servicesthatarenor-

mally provided by a transportprotocol. That is, it offersno reliability mechanisms,hasno understanding

of a connectionandis usuallyimplementedaspartof theapplicationrelying on UDP (partof theIP stack)

asthe transportprotocol. InsteadRTP offers the applicationthe capabilityof distinguishingbetweendif-

ferentmediastreamsandkeepingtrackof variousstatisticsdescribingthequality of thesession.However,

bothUDP andRTP offer no quality of servicecontrolmechanism.Fluctuationsof thenetwork conditions

combinedwith the inability of thoseprotocolsto supportquality of service(QoS)control often renders

multimediaapplicationsuseless.

UDPandRTPasnon-adaptive streamingprotocolsalsohaveanoticeableeffectonotherapplicationsin

thenetwork, especiallywhencompetingwith adaptive protocolssuchasTCP. Underheavy load,TCPwill

backoff, reducingits bandwidthutilization, while non-adaptive streamswill continueto pushtheir loads

throughbottleneckswithoutconsideringtheirneighbors.Theeffectof thisbehavior is to driveupthepacket

droprateandwill leadto starvationin neighboringTCPandpacket-losssensitive streams[27].

Tocombatrisingpacket lossrates,theInternetEngineeringTaskForce(IETF) is consideringwidespread

deploymentof active queuemanagementtechniquesto improve theperformanceof congestionresponsive

applicationsandto punishnon-adaptive ones.ThetechniquesbeingconsideredarebasedonRandomEarly

Detection(RED) [15]. RED punishesstreamsby droppingpacketsrandomlyout of their waiting queues.

IETF employs RED alongwith additionalmechanismsto identify maliciousflows andforcethemto main-

tain a fair shareof the available bandwidth. Thesemechanismshave a catastrophicimpact on motion

predictedcompressionschemeslike MPEG[12], whichareusedfor videodatacompression.

Compressionschemeslike MPEGintroducedependenciesamongmediaunits. I framesareneededto

successfullydecodeP andB frames,andP framesareneededto decodeB frames.Only B frameshave no

dependencies.A lossof an I or P frameautomaticallyeliminatesdependentmediaunits. Therefore,we

definepacketsbelongingto I andP framesascritical packets. Theaim of a multimediastreamingprotocol

mustincludeprotectionof critical packets.

The lossof critical packetshasa high impacton thequality of service,it might even leadto complete
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distortionof amediastream[39]. Transmissionsupportfor multimediapresentationsystems,which do not

seriouslyconsideradaptationto lossratescancontributeto awidespreadcongestive collapsein theInternet

[12] andrisk punishmentwith theestablishmentof theRED routerscheme.

In thisarticle,wepresentanew flow andcongestioncontrolprotocolscheme,PLUS( (Probe-LossUti-

lizationStreamingprotocol),for distributedmultimediapresentationsystems.Thisschemeutilizesprobing

of thenetwork statusandaneffective adjustmentmechanismto datalossto supportmultimediapresenta-

tions. With thePLUSprotocolwe addresstheneedto avoidcongestionratherthanreactto it. By probing

we meana mechanismto testthenetwork with currentdatapacketsto seeif themaximumbandwidthre-

quirement(introducedby thecompressionscheme)in the futurecanbe supported.Our schemegivesthe

applicationtime to preparecountermeasureslike backingoff streamingratesor conductingframedropping

for videostreamsif theprobinggivesinformationthatthefuturedataratecannotbesupported.

Thepresentedschemeis alsodesignedto scalewith increasingnumberof PLUS-basedstreamingtraffic

andto live in harmony with TCP-basedtraffic. PLUSoffersthefollowing features:

� Probing: thenetwork will beprobedto testif themaximumbandwidthrequirementof a streamcan

besupported.

� Betterprotectionof I andP frames.

� Just-in-timedelivery: mediaunitsareonly sentoutdependingontheir timing requirements,minimiz-

ing pre-fetchbuffer requirementsat theclient.

� Smoothedtransmission:packetswithin a given window arespreadout to reducebursty bandwidth

requirementsintroducedby compressiontechniques(suchasMPEG).

� TCPfriendly adjustmentscheme:decreaseof bandwidthutilization in caseof congestion.If needed,

mediadroppingat theserversiteis initiatedto avoid randompacket droppingby routers,andto avoid

starvationof neighboringTCPconnections.

The restof this article is organizedasfollows. Section2 discussesthe relatedwork. In Section3 the

PLUSarchitectureis formulated.Section4 presentstheimplementationof theNetMediatransportscheme

andtheexperimentevaluatingthePLUSprotocol.Concludingremarksareofferedin Section5.

2 Related Work

Researchhasbeenconductedin threedifferentareasto handlecongestioncontrol in thenetwork. Thefirst

is to protectaudio/videostreamsfrom the effectsof congestionby reservingresources(e.g.,buffers and

CPUcyclesat a router, bandwidthat thenetwork). Theaim is to guaranteepredictablelevelsof services.
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TheRSVParchitecture[45] providesreceiver-initiated reservationsto accommodateheterogeneityamong

receiversaswell asdynamicmembershipchanges.Suchmechanisms,likeRSVP, havesignificantscalability

problems.

Thesecondarea,thesocalledbesteffort approach,assumesno directsupportfor resourcereservation

in thenetwork andattemptsto adaptthemediastreamsto currentnetwork conditions.Besteffort transmis-

sion schemesadaptively scale(reduceor increase)the bandwidthrequirementsof audio/videostreamsto

approximateaconnectionthatis currentlysustainablein thenetwork.

Oneapproachis to measureandmonitortheavailablebandwidthatany giventime. Theideais to probe

thenetwork by sendingprobingpacketsat the flow rateof the datastream.Decisionsaremadebasedon

thepacket lossof theprobingstream.Flowswill beadjustedbasedonacertainthreshold.Examplesof this

techniquecanbefoundin [25] and[41]. Thedisadvantageof this approachis thatprobingpacketsarekept

smallanddonotnecessarilyreflecttherequiredbandwidthof astream.Also, decisionsaboutflow ratesare

basedonthepastperformanceof thenetwork anddonotreflectthecurrentbehavior at thetimeof streaming

thedata.

Anotherbesteffort approachis to modify the TCP protocol. In [9], the authorsproposeto useTCP

without its retransmissionschemefor streamingapplications.Removing theretransmissionpart from TCP

eliminatesthe resultantproblemsof latency andwastednetwork bandwidth.But dueto TCP’s congestion

controlalgorithm,thestreamingremainsinherentlybursty. TheSCP(streamingcontrolprotocol)presented

in [7] reducestheburstinessof TCPwithout retransmission.SCPusesa directstreamingapproach,which

utilizesthemaximumbandwidthavailablein thenetwork for streaming.Thisincreasestheriskof congestion

causedby SCPstreams.Theadvantageis, in caseof congestion,SCPbacks-off similarly to TCP. Sincethere

is no needto sendout multimediadatafasterthanits timing requirement,thedrawbackof directstreaming

canbeavoided.

Thegoalof a model-basedapproachis to establishananalyticalmodelof TCPtraffic. This will allow

to calculatetheavailablebandwidthgiven certainboundaryconditions.Floyd andOtt [16, 40] proposea

rate-basedflow control schemebasedon the analysisof TCP throughput.The proposedmodelestimates

the throughputof a TCP connectionunderknown delay(roundtrip time) andlossconditions. Basedon

this estimationthe systemrestrictsits transmissionrate to the throughputof an equallycompetingTCP

connection.Theadvantageof this modelis its simplicity. This alsoleadsto its disadvantagebecausethe

modeldoesnot considertimeoutcasesor delayedacknowledgments.It is alsobasedon average lossand

delayobservations. However, adaptationdecisionsneedto be taken basedon the currentlossanddelay

values. Using the TCP throughputmodel as the sole basisfor adaptationresultsin a ratheroscillatory

adaptationbehavior. Differentstudies[35] have alsoshown that this model is only accurateenoughfor

lossesof lessthan16%.Thesendingrateof model-basedprotocolsmaydropto 0 athigh lossratewhich is

undesirablefor multimediaapplications[19].
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Sendingbest-effort traffic without any considerationof the network congestionstatecausedby TCP

andnon-TCPtraffic caneasilyincreasetherisk of packet losses.Therefore,theaim is to developadaptive

schemes,which not only targetat lossratiosandbandwidthutilization but arealsofair towardscompeting

TCP connections.A goodexampleis thedirect adjustmentalgorithm(DAA) [35]. It is basedon a com-

binationof two approachesdescribedin the literature,namely: additive increase/multiplicative decrease

schemesproposedin [3, 5] andanenhancementof theTCP-throughputmodeldescribedin [16].

TCPusesadditive increase,multiplicative decreasemechanism(AIMD) to detectadditionalbandwidth

andto reactto congestion.RAP [31] usesa simpleAIMD mechanismwhereeachpacket is acknowledged

by thereceiver. Theincreaserateis onepacket perround-triptime andwhencongestionis experiencedthe

sendingratereducesto its half. SimpleAIMD is themostefficient andbestsuitedalgorithmfor bulk data

transferoperationsthatcantoleratelargereductionsin availablecapacityuponencounteringcongestion[2].

Simplerate-basedAIMD schemessuchasRAPhave thesamelargevariationsin datarateasTCP[20]. So,

it is not suitableto useit (asin TCP)for multimediaapplications.LDA+ [36] adjustsincreaseanddecrease

factorsfor AIMD dynamicallyto network conditions.

TCP emulationat receivers (TEAR) protocol [19] computesthe sendingrate at the receivers. The

receiverscomputethe feedbackratebasedon weightedaverageof a numberof epochs.The sendersets

its currenttransmissionrateto themostrecentestimatedratesentby thereceiver. Sincetherateis computed

at thereceiver, TEAR refrainsfrom acknowledgingeachpacket. Thisreducesthecongestionin reversepath

for asymmetricnetworkssuchaswirelessnetworks,cablemodems.A survey on TCP-friendlycongestion

protocolscomparesmost of the protocols[20]. The performanceof someof theseprotocolshave been

testedundervariousconditionsto checkfairness,aggressiveness,responsivenessandsmoothness[43]. Each

protocolhasits own drawbackanddoesnotdominateotherprotocolsin all aspects.

The third approachtowardscongestioncontrol referredto asactivequeuemanagementis to establish

policiesin theroutersto punishnotwell behavedstreams.Oneform of active queuemanagementhasbeen

proposedby the IETF calledRED (RandomEarly Detection)[4, 13]. RED maintainsan exponentially-

weightedmoving averageof thequeuelength,which it usesto detectcongestion.Whentheaveragequeue

lengthexceedsa minimumthreshold,packetsarerandomlydroppedor markedwith anexplicit congestion

notificationbit [13, 32, 33]. Whentheaveragequeuelengthexceedsa maximumthreshold,all packetsare

droppedor marked. An implicit assumptionbehindthedesignof RED is thatall flows respondto lossas

an indicatorof congestion.Theideais thatunresponsive streamswill bepunishedharderby experiencing

a higher lossratethanresponsive streams.The disadvantageis that unresponsive streamsmay dominate

a router’s queue.Lin andMorris recognizethis shortcomingof RED andproposeda schemecalledFlow

RandomEarly detection(FRED),to promotefair buffer allocationbetweenflows [26]. In [30], Jeffay and

Smith introducedCBT (Class-BasedThresholds).Theideais to provide thecongestionavoidancebenefits

of RED while providing protectionfor TCPandwell-behavedUDP flows.
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Currenttransmissionschemesneedto take into accountthe congestionavoidancemechanismsintro-

ducedby therouterschemesin orderto berecognizedaswell behavedstreams.Punishmentby somerouters

hasa drasticeffect on theQoSof multimediastreams,especiallyif critical packetsfrom I or P framesare

randomlydroppedduring the punishmentprocess.Protectingcritical packets is thereforea key factor in

increasingtheQoSof a presentation.The PLUSalgorithmpresentedin this articleaddressestheseneeds

by enhancingthesurvival rateof critical packetswithout increasingtheoverheadintroducedby traditional

forward-error-correction schemes.

3 PLUS Architecture

A unicaststreamingscenariowith thePLUSprotocolconsistsof mediaserversanda mediaclient, linked

by anetwork. Mediapacketswith aconstantpacket sizearestreamedwith respectto their time-dependency

from theserver (sender)to theclient (receiver). Eachpacket carriesamongotherfieldsits sendingtimeand
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Figure1: PLUSstatetransitiondiagram.

anincrementalsequencenumber. In casethePLUSprobingschemeindicatescongestion,thereceiver issues

a feedbackmessageto theserver. Feedbackmessagesaregeneratedusinga TCPconnectionto guarantee

arrival at the server. Basedon the packet losswithin an observation window (
�

W), the client sendsan

adjustmentrequestto influencethesendingrateof thestreamto behave TCPfriendly andto avoid further

network congestion.

ThePLUSprotocolconsistsof threestates(seeFigure[1]): Paused, SteadyStateandCongested. Each

stateis associatedwith a specificconditionof thenetwork anda transitionpolicy. After initializationof the

server the systementersthe pausedstate. After a requestfor new packetsarrivesat the server the PLUS
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protocolstartsstreamingwith theprobingalgorithmactivated.Theprotocolis now in theSteadyStatemode,

probingtheavailablebandwidthof thenetwork while streamingthedatato theclient. Whenapacket lossis

detected,PLUSentersthecongestionstate.After detectionof packet lossatthereceiver, thebestadjustment

ratefor sendingratewith thecongestioninformationis sentasan acknowledgmentto theserver. Packets

aretransmittedin orderandtimeoutsarebasedon theroundtrip time.

In caseof apacket lossin theobservationwindow, theprotocolperformsamultiplicativeback-off policy

thatreducesthebandwidthto live in harmony with neighboringTCPtraffic. If theback-off policy violates

thescheduleof thetime-dependentmediaunits,a prioritizedmediadroppingat theserver site is initiated.

This will reducethequality of thepresentationasminimally aspossiblebut will allow thepresentationto

continueeven in the caseof congestion.After reachinga bandwidththe network cansupport,the PLUS

protocoltriesto recover by additively increasingthesenderrateuntil thesteadystateis reachedagain.

3.1 Smoothing and Probing Algorithm

Datacompressioncanintroduceburstinessinto datastreams.Theburstinessresultsin differentbandwidth

requirementsduring transmissionof the stream. This makes it difficult to comeup with a resourceand

adaptationschemebecausebandwidthrequirementsalwayschange.

ThePLUSprotocoleasesbandwidthfluctuationsby groupingtogethersomenumberof mediaunitsin a

window (time) interval
�

W (e.g.assigning150framesof videoto 5-second
�

W). Reducingtheburstiness

of a streamin a givenwindow by spreadingits packetsequallyis definedassmoothing[11]. Smoothingis

doneby sendingout thedataat theaverage bandwidthrequirementfor thewindow. Theaveragebandwidth

is equalto spreadingthepacketsuniformly over the
�

W interval andsendingat a fixedrate
�

a (Equation

1).
�

a �
�

W
numberof packets in current interval � (1)

By using this method,clientscanguaranteethat the bandwidthneededis minimal andconstantthrough

interval
�

W. The disadvantageof this methodis that a bigger prefetchbuffer is requiredto assemble

framesof a largesize.

At eachpresentationinterval, we identify a critical interval. The critical interval is an interval in the

futureplaybacktime thatcontainsthemaximumnumberof packets.Theaim of thePLUSprobingscheme

is to testif thenetwork cansupportthecritical interval. Theadvantageis that thePLUSprotocoldoesnot

sendout thosepackets,which maybe lost or causecongestion,andthentries to adaptto this situation. It

testsaheadof time if sendingdataat theraterequiredby thecritical interval is feasibleor not.

Thesizeof
�

W is a tradeoff betweentheamountof smoothingandthedelaycausedby prefetching.A

largeinterval
�

W will requirealargebuffer andlargeset-uptimesbeforeastreamcanbedisplayedbecause

for dependentmediaunits(like B-frames),all necessarypackets(from I or P frames)needto arrive first at
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theclient sitebeforethey canbedecoded.

Onechoiceis to set
�

W to thelengthof time for sendingoneframe.Theadvantageis thattheprobing

schemecollectsinformationif critical packets(from I-frames),whichwill bein theintervalswith thehighest

numberof packets,canbesupported.In thepresenceof congestion,thePLUSprotocolwill adaptto increase

theprobabilityof a successfultransmissionof critical packets.Thedisadvantageis thatthePLUSprotocol

canapply smoothingonly to the packetswithin a frame. For smoothingalgorithms,it is morefeasibleto

groupa largernumberof framestogetherto lower thepeakbandwidthrequired.

Anotherchoiceis to set
�

W to ashortsequenceof framessuchasfive to tensecondsof playback.The

advantageis thatbuffer managementstill caneasilyhandlesuchadatasize(10secondsequals300framesat

30framespersecond).Theprobingschemewill thenidentify streamsequenceswith higherratesof change,

likevideosceneswith a lot of movement,andproactively testthefeasibilityof sendingat thesehigherrates.

As a reasonabletradeoff for
�

W, we suggestfor videostreamstheuseof fivesecondssmoothing.We

baseour decisionon the knowledgethat the humanawarenessof framelossesin sceneswith movement

is much higher than in static scenes.If the PLUS probing schemedetectscongestion,countermeasures

like increasingthesmoothingwindow or in theworstcasepacket droppingcanbe initiated to adaptto the

congestionin thenetwork andprotectcritical intervals.

In thefirst graphof Figure2, weseethenormaljust-in-timesendingscheduleof amultimediapresenta-

tion stream.In eachscheduleinterval within
�

W, thesystemsendsouta numberof constantsizedpackets

to fulfill thetiming requirementsfor eachslot. Thedatain eachinterval is normallynot smoothedandwill
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besentout asfastaspossible.This will causeshortburstsof high datatransmissionrates,especiallyfor I

andP frames.

In theaveragesmoothingscheme(thesecondgraphin Figure2), packetswithin
�

W areevenly spaced

apartby
�

a. Eachinterval
�

W hasits own
�

a, which is dependentonthenumberof packetsthatcomprise
�

W. Thegoal is to find thefuture interval thathasthesmallest
�

a. We definethecorresponding
�

W as

thecritical interval of thecurrent
�

W. Thecritical interval definesthebottleneckof thestream.

Let’sassumethecritical interval for s is thenext interval, whichstartswith anI frameof 8 packets.The

advantageof multimediapresentationsystemsis thatmediastreamsareknown apriori to their transmission.

This featurecanbe usedto save computationaltime in finding themaximumrequiredbandwidth(critical

interval) for eachgiveninterval by preprocessingthemediastreams.

interval number n+1 n+2 n+3 n+4 n+5 n+6
pktsin current � W 2 3 8 4 2 5 EOF

pktsin futurecritical interval 8 8 8 5 5 5

Table1: Preprocessingdata.

The preprocessing(Table1) is doneby startingat the endof the stream(EOF) andmoving back to

thebeginning,checkingeachinterval on theway. For eachinterval we keepanarrayentry, which records

thenumberof packetsfor its critical interval. After thepreprocessingis done,thearraycontainsfor each

interval
�

W its correspondingcritical interval which will bethebottleneckof thestreamsometime in the

future.

Oncewe determinethe critical interval, we apply our smoothingand probing scheme. The critical

bandwidthin thefuture,atagiveninterval, is providedby its critical interval. To find theminimalbandwidth

requirementfor the critical interval, we apply the smoothingscheme,which spreadsthe constantsized

packetsevenlyacrossthewindow. This leadsto asendingdifferencebetweenconsecutive packets,which is

definedby:
�

r �
�

W
pkts in critical interval � (2)

Accordingto Keshav [22], thebottleneckbandwidthof aconnectioncanbeestimatedby thepacket pair

approachat thereceiver site. Theessentialideais that the inter-packet spacingwill beproportionalto the

timerequiredfor thebottleneckrouterto processthesecondpacket. Thebottleneck bandwidthis calculated

as:

b � packet size�
r � (3)

Insteadof usingtheaveragealgorithmfor thecurrentinterval, weusethebottleneckbandwidthto probe

andobtainfeedbackbeforethenetwork hasto supportthecritical bandwidth.

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

successfullytransmittingcritical packets,we only utilize B framesto probethe network. In eachinterval
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�
W we sendB framesin intervals of

�
r, while critical I andP framepackets are transmittedwith the

smoothedinterval
�

a. The ideais to force the network to give feedbackon whetherit will supportour

futurebottleneckbandwidth.This allows usto adaptto thecurrentsituationin advancebeforewe sendthe

critical packetsof thebottleneckbandwidth.

The advantageof PLUS is that B framesgive feedbackaheadof time if the critical bandwidthwith

critical packets canbe supported. In caseof lossof B-frames,the result is only a slight degradationof

quality (in comparisonto lossof a completeI to I sequence,which might contain30 frames). A higher

numberof consecutive B packetsof courseincreasestheprobingability of thePLUSprotocol.This canbe

controlledat thecompressiontimeof thestream.Sinceweonly utilize B frameswejustpunctuallyincrease

thebandwidthto thesamelevel asit will berequiredlaterby critical packets.

To besynchronizedwith thetiming scheduleof themediastream,wehave to wait
�

i of time(Equation

4) afterasequenceof probingpackets,

�
i � nc � � a �
	 nc � 1��� � r � (4)

wherenc is thenumberof sequentialnon-criticalB packetsbetweencritical I or Ppacketsin window
�

W.

This gap(
�

i) servesasa bandwidthbuffer, which furtherincreasesthesurvival rateof critical packets.

In congestednetworks, routerstendto droppacketsthatarrive in bursts,andgapsin streamsallow a busy

routerto processadifferentstreamandacceptlaterarrival of critical packets.

Thekey to a probingschemeis how multiple clientswork together. In PLUS,probingconsistsof three

phases(Figure2). At thebeginningwesendcritical packetswith theaveragebandwidth(averaging phase),

followed by theprobingsequence(probing phase) of theB packetsanda reducedbandwidthuse(resting

phase) beforethe next critical packet sequencestarts. Thesethreephasesinteractwith eachother, when

multiple PLUSandnon-PLUSstreamsarein use. We canidentify the following scenariosto analyzethe

behavior of PLUSwith multiple clients:

� Singleprobing. OnePLUSstreamprobesthecurrentnetwork situationcreatedby non-PLUSstreams.

� Sequentialprobing. PLUSstreamsprobeoneafteranother. Thiswill leadto anoverlapof theprobing

phaseof onestreamwith theaveragingor restingphaseof otherPLUSstreams.

� Concurrent probing. Multiple PLUS streamsareconcurrentlyin the probingphase,sendingprobe

packetswith thebottleneckbandwidthof thefuture.

The drawback of the currentnetwork protocolsis that they lack the knowledgeof future bandwidth

requirementsof aconnection.To implementcongestioncontroltheseprotocolsrely on thecurrentnetwork

situation.Theadvantageof a singleprobingPLUSstreamis that it hasknowledgeof thefuturebottleneck
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requirementsandreducesproactively its sendingrateif thecurrentnetwork situationsignalsthatit cannot

supportit. Note,PLUSis a besteffort approach.A suddenincreasein network loadright beforethePLUS

streamsendsits critical interval canleadto lossof critical packets.But thisapproachis still moreproactive

in congestioncontrolthancurrentlyimplementedprotocols.

In thesequentialprobingscenario,thePLUSprobingsequencesdo not overlap. This is similar to the

singleprobingscenario.In this case,a PLUSstreamprobesagainstaveragingandrestingphasesof other

PLUSstreamsandcomparesit againstits critical interval. Theestimatedresultmight leadto lossin case

multiplePLUSstreamssendtheirpacketswithin thecritical interval atexactlythesametime,eachassuming

thenetwork cansupportit. However, theprobabilityof probingonly againstaverageandrestingphasesof

otherPLUS streamsis negligible andcanbe further reducedby increasingthe numberof B framesin a

stream1.

Concurrentprobing of PLUS streamsis the ideal scenario. If concurrentprobing occurs,the PLUS

protocolreportsa conservative estimationof thecurrentnetwork situation.Theestimationis basedon the

bandwidthneedsof the critical intervals. This behavior allows PLUS streamsto protectcritical packets

whenthemaximalcapacityof a connectionis reached.If theconcurrentprobingcausespacket loss,PLUS

streamsbackoff, harmonizingwith TCPandotherPLUSstreams.

Theadvantageof ourschemeis thatadaptationbasedon feedbackfrom probinggivestheserver, rather

thantherouters,controlover packet dropping,which will increasethechanceof successfullytransmitting

critical packets.

3.2 Back-off and Recovery Policy

If thesystemexperiencespacket lossesduringtheprobingscheme,it is anindicationthat thenetwork can

not supportthe critical bandwidthfor the given stream. The systemneedsto back off and test what is

the maximalbandwidththat the network cancurrentlyprovide. As a back-off policy, any TCP-friendly

adjustmentschemecanbe utilized. In the congestedstate,probingdiscontinuesuntil the steadystateis

reachedagain.

In this section,we presentan easyto useback-off andrecovery policy for the PLUS scheme,which

incorporatesahighsensitivity towardspacket lossasrecommendedby theIETF (InternetEngineeringTask

Force).For eachsmoothinginterval, thePLUSprotocolchecksif all packetssentsincethelastcheckhave

arrived at the client site. If a packet is lost, the PLUS algorithminitiatesa multiplicative back-off. If no

further packet lossis detected,the systemrecoversadditively for eachconsecutive interval
�

W until the

maximumsendingrateis reachedagain.Theadvantageof thisapproachis a fastreactionin timeof a traffic

jamandaconservative increaseof bandwidthto avoid furthercongestion.
1Theprobabilityof thissituationcanalsobereducedif theserver providesasynchronoussendingschedulefor all streamswith

critical intervals. The new scheduleis boundby the amountof prefetchingat the client site, which allows modificationsof the
streamsendingrates.
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To be conservatively responsive to packet loss,we introducethe conceptof multiplicativeadjustment

factor ω, whichdependson thenumberof packetssent,#, andacknowledged,#̃, within theinterval
�

W:

ω � #

#̃ � (5)

This leadsto anew timing differencebetweenpackets:

�
rnew � ω � � r � (6)

Thus,thepercentageof datalosshasdirectinfluenceon theadjustmentfactorω, whichwill leadto awider

smoothinginterval andreductionof requiredpeakbandwidth.Theamountof adjustmentis dependentonthe

sizeof theinterval
�

W. A largerinterval allows morepacketsto besent,whichwill decreasetheinfluence

of shortburstpacket loss.

In thepresenceof no losses,therecovery policy increasesthenumberof acknowledgedpacketsof the

congestedinterval by onefor eachupcominginterval
�

W. This leadsto anew ω:

ω � #

#̃ 
 1 � (7)

Multiplying thenew ω with
�

r leadsto adecreaseof thesendinginterval
�

rnew. Equation7 takesinto

accountthe possibility of lossof all packets. In this casewe only sendonepacket per interval to gather

feedbackif thenetwork hasrecovered.If thenetwork hasrecovered,we increasethesendingrateup to the

original probingvalue
�

r.

Table2 givesanexampleof theback-off andrecovery policy. For simplicity, we assumethattheserver

sends10 packetsevery interval. We alsoassumea negligible roundtrip time (changesarein effect during

thenext interval). By stretchingthesendingintervalswe reducethebandwidthin caseof congestion.If the

� W1 � W2 � W3 � W4 � W5
Pkt loss - 2 - - -
� rnew � r 10

8 � r 10
9 � r 10

10 � r 10
11 � r

� rsend � r 10
8 � r 10

9 � r � r � r

Table2: Back-off andrecovery example.

numberof packetsperinterval
�

W is small,thereducedbandwidthmight beenoughto supportthetiming

schedule.Thiscanbedonebecausewenormallysendwith thecritical, notwith theminimalbandwidth.On

theotherhand,theadjustedsendinginterval maybesolargethatit cannotsupporttheschedule.ThePLUS

protocoldetectsthissituationby performingthefollowing checkat thesendingsite:

�
rsend � � a � (8)

where
�

a representsthe lengthof thesendinginterval requiredto sendall packets in
�

W. If (8) is true,

thenthesystemmustadjusttheschedulesothatfewermediaunitsarebeingsentwithin
�

W. Onewayto do
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this is to dropmediaunitsuntil
�

a becomeslessthan
�

rsend. Theback-off andrecovery policy presented

for thePLUSprotocolis highly adaptive towardspacket loss.Sinceit is not basedon any reductionfactors

[35], it is highly stableanddoesnotoscillatefor higherpacket lossrates.

To guaranteethatno critical packetswill bedropped,thePLUSprotocolprovidespriority-basedproac-

tivepacket dropping.Packetdroppingof a leadingI-framein anI to I sequencefor aMPEGencodedvideo

streamwill renderthewholeseriesuseless.ThePLUSprotocoltakesthis into accountby providing a pri-

ority basedmediaunit droppingscheme.The ideais to proactively reducethebandwidthto avoid further

congestion,beTCP-friendlyandincreasethesurvival rateof critical packets.

I P B B P B B I
0 1 2 3 4 5 6

Table3: MPEGsequence.

Table3 providesan arbitraryI to I sequence.The P-framescanonly be decodedwith thehelp of the

I-framesandtheB-framesrely on theinformationencodedin theI andP-frames.Theprioritizeddropping

schemefor videopreprocessesthemediastreamandfindsthedistancebetweentwo adjunctI-frames(in our

examplethedistanceis 7). Thena droporderfor theseframesis generated:first, theB framesin orderof

rising sequencenumberswill bedropped;andsecond,theP framesandlast theI frameof thesequence.If

Equation8 is true,
�

rsendwill becomethenew smoothinginterval appliedto all packetsandframedropping

mustbeinitiatedto fit all packetswithin thetiming interval
�

W. Eachframedroppedbuystimein theform

of the sendingrate(1/30 secfor a rateof 30 framesper second)which allows a stretchof
�

rsend anda

reductionof bandwidth.Thedroppingsequencegeneratedfor theexamplein Table3 is: first theB-frames

with numbers2, 3,5,6, thentheP-frames1,4 andlasttheI framewith number0. Packetdroppingof course

influencestheQoSof thepresentationandcanfor multimediapresentationsonly beperformedto a certain

degree. The amountis boundby theQoSspecificationof theuser(for example,a maximumdrop rateof

50%).This in generalis adrawbackin TCPfriendlinessof all multimediastreamingprotocols.Prefetching

someamountof datacanallow ahigherdropratein caseof congestion(assumingthecongestionlastsonly

ashortperiodof time).

In casethatpacketdroppingis sufficiently allowed,onemethodto analyzethebehavior andTCPfriend-

linessof thePLUSprotocolis to compareit with aTCPbandwidthusagemodel.Therelationshipbetween

throughput(TTCP) andloss(p) for TCPwasprovidedin [14, 40] as:

TTCP � 1 � 22 � MTU
RTT ��� p

� (9)

whereMTU is themaximumpacket lengthandRTT is theroundtrip time of theconnection.Notethatthis

modelis only partially correct[35] up to datalossof 16%. But it still givesusa feel for theTCPbehavior

in caseof packet loss.
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We performedthesameanalysisfor thePLUS protocol. After onelossPLUSrecoversin the time of

2 � � W, which leadsto anaveragesteadystatethroughputof aPLUSconnection:

TPLUS �
	 # � 1

2 ��� pkt size�
W � (10)

Combinedwith thelossratioof thePLUSconnection

p � 1

2 � # � 1
� (11)

we achieve a PLUSthroughputestimationof:

TPLUS � pkt size
2 � � W � p � (12)

Analyzing thedifferencesbetweenthePLUSandTCPthroughputmodelsin Formula9, it shows that

thelossinfluencesthethroughputof TCPconnectionsby 1� � p in comparisonto 1� p in caseof PLUS.This

meansthat PLUS also reactsproactively in reducingits load in caseof congestion,graduallynarrowing

down to TCPbehavior with increasein congestion.Thus,bothTCPandPLUSlossesconsiderthepacket

drop rateandarebasedon theamountof time it takesto recover from the lossof onepacket. Thepacket

dropratecontrolstheaveragesteadystatethroughputor sendingrateat thesource.Thisrelationshipis given

by Formulas9 and12. NotethatFormula12 overestimatesthethroughputof PLUSsincethesendingrate

is boundby critical interval (i.e. thesendingratewill not increasemorethancritical rateeven thereis an

availablebandwidth).

Prioritizedpacket droppinghasthe advantageof providing bandwidthreductionat the server site, al-

lowing theserver to choosewhich packetsto eliminateinsteadof routers.This will increasedrasticallythe

providedQoSto theclient.

4 Implementation and Experiments

In thissection,wedescribetheperformanceof thePLUSprotocol.Wefirst introducetheplatformonwhich

thePLUSprotocolis implemented.We designedandimplementeda client-server distributedpresentation

systemthat canflexibly andadaptively supportstreamingof mediadataacrossthe Internetwith the help

of the PLUS protocol. The systemcalled NetMediahasfour main components:client for presentation

scheduling,server for resourcemanagementand scheduling,databasesystemfor datamanagementand

storage,andthePLUS-protocolfor handlingthedatatransferover thenetwork [44].

4.1 NetMedia System

Server design. Theserver designmustsupportthePLUSprotocolaswell asaccessto individual streams

while sharingthe resourcesamongall streams. A multimediapresentationmay contain threetypesof
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mediastreams,video, audioor transparencies.The tradeoff betweenindividual andsharedresourcesis

addressedin our server design. Multiple threadsareusedin implementingthe modulecomponents.The

systemmanagesanAdmittedClientSet. Eachadmittedclient hasonebuffer andonepacket threadfor each

requestedstream,anda probingthread.Thepacket threadreadsmediaunits from thebuffer andcutsout

packetsof constantsizeto bedeliveredto thenetwork. Theprobingthreadreceivesacknowledgmentsfrom

theclientandupdatesthesendingrateof eachstreamaccordingto thePLUSprotocol.Therearealsocontrol

messageswhich areusedto startor endpresentationplayback.TheDisk ReadThreadis a sharedresource

whichconstantlybrowsesover theAdmittedClientSet, readingdatafrom databases,andwriting thedatato

thebuffersof eachadmittedclient. If a buffer of oneadmittedclient is full, theDisk ReadThreaddoesnot

block,but movesto thenext buffer. Theintegrationof theabove designstrategiesprovideshighly efficient

managementof themediadataretrieval, buffering andadaptive streamingat theserver site.

Client design. Themainfeatureof theclientdesignis to provideamultimediastreamclassthatprovides

methodsfor synchronizedretrieval andpresentationof multimediadatato a userprogrammer. ThePLUS

protocolusesa TCPsocket for acknowledgmentof feedbackmessageslike rateadjustmentandcongestion

of network. A TCP connectionis usedto guaranteeno lossof ACKs. In the client, a serviceprovider,

termedMultiMediaRealTimeStream,is implementedto supportall theabove describedservices.With the

MultiMediaRealTimeStreamservice,an applicationcanbe written in C++ or Java to communicatewith

the server, get well behaved UDP mediastreamsand display them throughits own interface. When a

MultiMediaRealTimeStreamis opened,it first asksfor admission,thenit will startall relatedthreads.Our

designcaneffectively andefficiently integratedifferentservers,thenetwork andtheclientto supportflexible

and dynamicmultimediadatatransferserviceover the Internetwithout unfairly taking bandwidthfrom

concurrentTCPconnections.

Detailson theNetMediasystemcanbefoundin [38, 44].

4.2 Test Environment

In orderto effectively testthePLUSprotocol,we establisheda videocapturetestbedcapableof capturing

lecturematerialprovided at the University at Buffalo. The testbedconsistsof a video-camera,a SUN-

VideoPLUScapturecard,a SUN-Ultra 10 workstationwith 128 MByte of memoryanda 300MhzRISC

processor. The SUN VideoPluscapturecardprovidesMJPEG,MPEG-1,H.261 andH.263 compression

for 30 framespersecond.Audio is supportedwith the following encodingstandards:G7.11(Alaw, µlaw)

G.722,G.728,G.723.

Lecturescapturedfor our systemwereencodedusingtheMPEG-1compressiontechnique.The I-P-B

sequencecould be varied. Streamswere encodedwith four P and 10 B-framesper sequence(I-BB-P-

BB-P-BB-P-BB-P-BB).Audio wascapturedusingµlaw encodingwithout any compression.Audio in our
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experimentsnever providedacritical datasizein comparisonto video.

Theserver canbeestablishedon any SUN-OScompatiblemachine.To coverawidevarietyof network

situations,weestablishedtestsitesin thelocalarea,neighboringstatesandsitesacrossboththeAtlantic and

Pacificoceans.WerantheserveratourBuffalocampus,Turkey, JapanandPurdueUniversity, while clients

couldconnectfrom SUN Ultra 5 machinesin Buffalo. For this study, testrunsweretakenevery hourover

theperiodbetweenMarch1999andOctober1999. All figuresareaveragesover a weekof measurements

at the given time points. The server requiresabout0.15%systemresourceson a SUN Ultra 10-300with

128Mbyte,delivering audio, video and transparencies,and uses2.2 Mbyte of disk space. For database

access,anadditionalremoteprocedurecall (RPC)server (277k)needsto be started.During the tests,the

client residedin our labatBuffalo. WeusedaSunUltra 5 with 64MByte of memoryandaSUNcreator3D

graphiccard,whichsupports24bit colordepthfor video.

To comparetheenhancementsachievedby thePLUSalgorithm,weimplementedit ontopof anexisting

end-to-endnetwork delay control protocol, termedDSD (differencebetweensendingand display) [38].

In general,DSD sendsthe dataunits comprisingthe mediastreamaccordingto the display rate of the

TIME

EVENTS event n

ns+interval*n

start time=s s+interval s+interval*2

event 0 event 1 event 2

TIME

EVENTS event n

Slow Down

Initially

start time=s s+interval s+interval*2

event 0 event 1 event 2 event n

s+interval*nTIME

EVENTS

event 2event 1event 0

s+interval*2s+intervalstart time=s

Speed Up

current time

wait to send next unitinterval

set new start time (ns) 

wait to send next unit

wait to send next unit

set new start time (ns) 

Figure3: DSD-Adaptation.

presentation.However, becausedelay in the network may change,DSD will adjustthe time difference

betweensendinganddisplayin orderto avoid datalossdueto buffer starvation or overflow at the client.

At any calculationpoint, if theoptimal time differenceis determinedto bedifferentfrom thecurrenttime

difference,thentheclient sendsa feedbackmessageto theserver site to make an adjustment.Oneof the

recentprotocols,TEAR, alsocomputesthe sendingrateat the receiver andsendsthe adjustmentrateas

feedbackto the senderlike DSD. Figure3 illustratesthe adjustmentschemeof DSD, which is basedon
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recomputinga new presentationstarttime. In caseof slow down, thestarttime is moved to the future (in

relationshipto theold starttime),which resultsin adelayof thenext dataunit. In caseof speedup, thestart

time is movedto thepast,resultingin sendingthenext dataunit soonerthantheinitial timing schedule.

TheDSDschemeis well suitedto providesynchronizationbetweenaclientandaserver. Theadvantage

of this algorithmis that the DSD givescontrol over the currentnetwork delay, allowing control over the

buffer levels at theclient siteandtherebyavoiding datalossto thepresentation.Thedrawbackis that the

DSD algorithmlacksresponsivenesstowardspacket loss. Theadaptationis only triggeredby thedelayof

packetsthatreachtheclient. Also, thespeed-up/slow-down adjustmentonly effectsthedelayanddoesnot

reducethe bandwidthfor a longerperiodof time, therebysuppressingotherTCP connectionsin caseof

congestion.

ThePLUSprotocolis anidealadditionto anend-to-endschemelikeDSD.It addspacket lossawareness

andbandwidthadjustmentto DSD,with theideaof protectingcritical packetsfor multimediapresentations.

4.3 Experimental Results

Experimentsfor thePLUSprotocolwereconductedwithin theNetMediasystem.We comparedthePLUS

protocolon top of DSD with a smoothedversion,using5 secondssmoothingintervals. All protocolsare

basedonUDP. DSDdeliverstheframesaccordingto thetimescheduleof thestream.Packetsin eachframe

aresentatmaximumnetwork speed.To reduceburstinessof streams,smoothingtechniquescanbeapplied.

Thefive secondssmoothingapproachuniformly spreadsall packetsbelongingto framesdisplayedwithin

five seconds(averagingbandwidthscheme).Playbacktime canstartassoonasenoughprefetchdatahas

arrived. ThePLUSprotocolalsousesa 5 secondsmoothingwindow for I andP frames.B framesaresent

with theminimumsmoothinginterval ahead,leaving mostlya gapbetweenthe last framein a seriesof B

framesandthefirst packet of acritical I or Ppacket.

Thesimplestmeasureof network performanceis theaveragepacket loss. A packet is consideredto be

lost if it is not receivedby theclientor receivedtoo lateto beusedfor display. If thedifferencebetweenthe

sequencenumberof a new arriving packet andthatof lastarrivedpacket is larger than1, thepacket is also

consideredasdatalossratherthanout-of-orderpacket by PLUSto reactfasterto network congestion.The

averagelossratesfor all pathsareshown in Table4.

On Campus Purdue Japan Turkey
0.01% 1.3% 7.53% 53%

Table4: Averagepacket loss.

Network connectionsat theBuffalo Campuscanbeconsiderednearly100%lossfree. All connections

run at 100baseTsupportedby a FDDI backbonepassingthroughat maximumof onerouter. Thenetwork
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Figure4: Effectof proactive framedroppingonpacket losswith server in Turkey.

loadexperiencedduringtheexperimentsis classifiedasideal. ExperimentsatPurdueandJapanexperience

light packet lossduring mostof the time. Packetsnormally traveledthrough11 (Purdue)and24 (Japan)

routers. Test runsat Turkey producedheavytraffic mostof the time. Even thoughthe averagelosswas

53%, runs during prime time of the day could easily produceresultswith loss ratesup to 90%, which

rendersany presentationuseless.TheTurkey connectionnormallypasses15 routers.Dueto its high traffic

load, the Turkey accountprovided the besttest-environmentfor congestioncontrol algorithms. Sincethe

stateof thenetwork changesoften,averagereadingspresentedover time asin Table4 arenot asusefulas

averageinstantaneousreadings.Therefore,experimentsareconductedat specifictimesandtheaveragesof

theseinstantaneousreadingsareusedto checktheeffectivenessof thePLUSprotocol.Theterm“average”

reflectstheaverageinstantaneousreadingsthroughtherestof thepaperunlessspecifiedotherwise.

To getaclearpictureof thelossreductionachievedby proactively droppingframesat theserversite,we

conductedtestrunswith theoriginalstreamandapreprocessedstream.Thepreprocessedstreamdrops50%

of its frames,startingfirst with B frames,thenP framesandlastI framesat theserver sitebeforethedatais

sentout. As anexample,considera streamconsistingof 41 I-frames,81 P-framesand1088B-frames.A

50%dropratewouldeliminate605B framesuniformly over theplaybacktimeof thestream.

Figure4 shows theaveragelossratehistorybetweenBuffaloandTurkey. In general,thereducedstream

producedlower packet lossrates.Thereducedstreameliminatesnon-criticalpacketswhile decreasingthe

loss rate on critical packets. The packets of the original streamare droppedby the network randomly.

Adaptively reducingthesendingratewill definitelyhelpa streamto deliver its contentwith a lower packet

lossrateon critical packetsin caseof congestion.

Smoothingtechniquesspreadpacketsuniformly to reducethe bandwidthrequirementsandburstiness
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of a stream.It hasbeenproved thatsmoothingalgorithmshave an impacton thenetwork behavior ([37]).

We comparedPLUSwith DSD againsta 5 secondsmoothingimplementation.Experimentsareconducted

for eachspecifictime (asspecifiedin X � axis of Figure5) during the testperiodthroughTurkey. In the

experiments,thePLUSprotocoldid notusetheback-off policy explainedin Section3.2.Theresults(Figure

5) indicatethatprobingwith proactive packet droppingdecreasesthelossratio duringcongestion.

Figure5: Comparisonof thePLUSprotocolagainst5 secsmoothingwithoutback-off with server in Turkey.

ThePLUSprotocolworksbestwith anincreasingamountof traffic becausethecombinationof probing

andbacking-off in caseof congestionprovidesthemostchanceof successin anenvironment,in which the

routerhasthechoiceof punishingnon-wellbehavedstreams.

To test the PLUS protocolunderlight conditionswe also ran several testsat PurdueandJapan.We

comparedthePLUSon topof DSD with DSD alone.Figures6 and7 presenttheaveragepacket lossof the

experimentsconductedatspecifictimesduringthetestperiod.Dueto thefactthatDSDusesthemaximum

sendingratefor eachpacketbelongingto oneframe,it is moreproneto lossof critical packets.Eventhough

theloadto Purdueis very light, we canseea slight advantageof thePLUSprotocolin comparisonto DSD

andthesmoothedversion.In testrunsto Japan,weexperiencedonaveragelowerpacket losswith PLUSin

comparisonto DSD.Thiscanalsobeexplainedby thehighersendingrateof DSDfor packetsbelongingto

thesameframe,causingroutersto morelikely droppackets.

ThePLUSprotocoltries to avoid the randomframedroppingby routers.This is achieved by probing

thenetwork andproactively droppingmediaunitsat theserversite.To testtheeffectof proactively probing,

we comparedthe numberof received andsuccessfullydecodedframes(Figure8) betweenthe smoothed

andthePLUSschemes.Lossratesdo not necessarilyprovide a true indicationof thequality of service.If

mostlycritical packetsareeffected,thentheviewing experienceis very low, eventhoughthethroughputis
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Figure6: Comparisonof DSDandPLUSon topof DSD with server in Purdue.

Figure7: Comparisonof DSD andPLUSon topof DSDwith server in Japan.

high. Thenumberof successfullydisplayedframesgivesa truerindicationof theQoSof thepresentation.

ThePLUSschemeon averagecoulddeliver 47%moreframesto theclient thanthesmoothedversion.

Thisis achievedby backingoff thesendingratein detectionof congestion.To studytheeffectonproactively

testingthe network we comparedthe PLUS protocolagainsta smoothedversion,which backsoff if the

packet lossexceeds10% within a 5 secondtest interval. As canbe seenin Figure8, the PLUS protocol

doesnot just rely on the back-off mechanismto protect its content. The increasednumberof saved B

frames(eventhoughthey aresentmoreaggressively) couldbeachievedbecausea largernumberof critical

frameshasbeensaved.This is obtainedby theprobingnatureof thePLUSprotocol.TransmittingB frames

with a higherbandwidthcausesthe routerto morelikely to drop this kind of frame(andinitiate proactive

framedropping). Probingalsopausesbeforea critical packet stream(therebygiving the routera chance

20



Figure8: Comparisonof receivedanddecodedframeswith server in Turkey.

to switch to a differentstreamandprocessthe critical packets later), which increasesthe survival rateof

critical packets. In Figure8, the numberof I-framesthat arereceived anddecodedwhenPLUS protocol

is usedis morethanwhensmoothingwith or without drop is used.Sincethenumberof I-framesthatare

decodedincreased,thenumberof P-framesthatcanbedecodedwill alsoincrease.Thenumberof B-frames

thatcanbedecodedwill increasesincethenumberof I andP framesthataredecodedincreased.In our test

environment,decodingof oneI-frameenablesthedecodingof 4 P-framesand10B-frames.Thedecodingof

a P-framealsoenablesthedecodingof oneP-frameandtwo B-frames.SincethePLUSprotocolincreases

the survival rateof critical packets, it increasedthe numberof framesthat canbe decoded.Under light

congestion,PLUSdeliversslightly moreusabledatathansmoothingor streamingover DSD.Figures9 and

10 comparethe received anddecodednumberof framesto thedisplayerwith server in PurdueandJapan,

respectively.

We alsomeasuredout of orderpacket arrival at theclient site. In ourexperimentsto Purdue,Japanand

Turkey theroutersrarelyswitchedroutesfor packets. This resultedin a very smallnumberof out of order

packet arrivalsat theclient. In theexperimentsto Japan,out-oforderpacket arrival wasmorecommon.

In our implementation,we considerout of orderpacket arrival asa sign of potentialcongestion.The

differencein packet lossbetweenthe DSD only andPLUS on top of DSD canbe explainedby the faster

reactionof PLUS towardsmissingpackets. DSD is well awareof the packets arriving at the client and

adjustsaccordinglyto provideastabledatadelivery to thedisplayer, but outof orderpacketsanddatalosses

do not influenceits decisionmaking. The PLUS protocol is an ideal complimentarytool to increasethe

amountof successfullydeliveredmediapackets.
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Figure9: Comparisonof receivedanddecodedframeswith server in Purdue.

Figure10: Comparisonof receivedanddecodedframeswith server in Japan.

Figure11 illustratesthe numberof out of orderpackets received from the DSD in comparisonto the

DSD combinedwith PLUS.The sendingratefor packets in DSD, which aresentwithin a frameinterval,

increasedthechanceof out-of-orderpackets.Out-oforderpacketsfacetherisk of packet lossdueto timing

requirements.An alternateroutedecidedby a routermay increasethe end-to-enddelaydesignedfor this

packet andrendersit uselessfor presentation.This explainsthehigherpacket lossexperiencedby theDSD

only protocolin Figure7.

As expectedthesmoothedversioncanimprove theDSD only versiondueto its uniformly spreadpack-

ets,which doesnot exposecritical packetsto a higherbandwidth.Eventhoughthecombinationof PLUS

andDSD hardlybacked off duringthetestruns(dueto the light load), it still performedthebestin saving

critical packets.
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Figure11: Comparisonof outof orderpacket arrival with server in Japan.

The smoothingwindow usedby PLUS protocol introducesdelay betweentransmissionand playout.

This delaymay be significantfor applicationsrequiring synchronization.Jitter is an importantmeasure

whetherthis delay is significantor not. The jitter experiencedduring the test runsof two presentations

(CSE530is a lecturepresentationandXZEIN is a randomlyselectedpresentation)areshown in Figures12.

Measuredusingthesynchronizationalgorithmgivenin [21], thejitter obtainedonBuffaloCampusremains

onaveragein therangesof 0-60milliseconds(ms)throughoutthepresentation,which is muchlessthanthe

upperbound(80 ms)given in [39]. Jitterobtainedfrom Purdue,JapanandGermany experiencesspikesin

caseof packet loss.On averagethejitter is still below theupperbound80ms.Jitterto Turkey is influenced

by thehigh traffic loadexperiencedmostof the time duringtransmission.Lossratesof 80%in a 5 second

interval producethejitter spikes. In caseof reducednetwork load,themeasuredjitter alsoperformsunder

theupperbound80 ms.Theseexperimentsshow thatthePLUSprotocolcaneffectively beusedevenwhen

applicationsrequirefinesynchronization.

4.3.1 Discussion

The end-to-endflow control schemeDSD provides just in time delivery, dynamicadaptive behavior to

thenetwork situation,andis successfulin increasingQoSfor theviewing experience.However, it doesnot

addresstheissueof congestioncontrolandTCP-friendliness,nordoesit utilize theknowledgeof its streams

to improve transmission.

ThePLUSprotocolis usedto increasethesurvival rateof critical packetsin caseof congestion.To do

this it providesa probingmechanism,which utilizes theknowledgeof the futurebottleneckbandwidthin

thedeliveredstreams.ThePLUSprotocolis TCP-friendly, scalingdown its bandwidthrequirementsin case

of packet loss.Thisallows neighboringTCPconnectionsto recover andpreventstheir starvation.
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Figure12: Jitterbetweenaudioandvideo: server at (a) Buffalo Campus,(b) Purdue,(c) Germany, and(d)
Japan.
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Experimentsshowedtheincreaseof receivedanddecodedframeswith serversin Turkey, JapanandPur-

due.Theincreaseis achievedby theprobingnatureof PLUS,utilizing knowledgeof thenetwork situation

to initiate proactive framedroppingin casethenetwork cannothandlethebottleneckbandwidth.Proactive

framedroppingincreasedthesurvival ratefor critical packets,becausetheir packetscouldbespreadover a

longerperiodof time,whichis equalto abandwidthreduction.Thesurvival rateis alsoincreasedby provid-

ing a 5 secsmoothingwindow, which reducestheburstynaturecausedby usingtheMPEG-1compression

scheme.An interestingfact is that thesendingpatternalsoinfluencedthenumberof out-of-orderpackets

andpacket loss.Theprobingscheme,whichconsistsof asequenceof averaging,probingandrestingphases,

increasedthesurvival rateof critical packets.Therestingphasesin streamsallow abusyrouterto processa

differentstreamandincreasethelikelihoodatsuccessfultransmissionof critical packets.Sincerouterstend

to drop packetsin bursts,this interruptionin theprocessingsequenceincreasesthesurvival rateof PLUS

streams.

5 Conclusion

Wehavepresentedanew flow andcongestioncontrolscheme,termedPLUS(Probe-LossUtilization Stream-

ing protocol),for distributedmultimediapresentationsystems.Thisschemeusestheprobingof thenetwork

statusto effectively reactto datalossandpreventpotentialnetwork congestion.Thenovelty of this scheme

is that feedbackon the availablenetwork bandwidthis collectedbeforethe datawith high bandwidthre-

quirementsis sent. This hasthe advantageof avoidingcongestionratherthanonly reactingto it after it

happens.By using B framesas probing packets, no additionaldataoverheadis generated,and I andP

framesarebetterprotected.As a result,datalossesin the network arereduced.Experimentsconducted

usingtheNetMediaprototypesupporttheseconclusions.
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