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ABSTRACT

The growth in power and connectvity of today's PCs
promisesa continuedincreasein the growth of streaming
mediaover the Internet. Hand-in-handwith theincreasen
streamingmediacomesthe impendingthreatof unrespon-
sive UDP traffic, often cited asthe majorthreatto the sta-
bility of the Internet. The responsienessof commercial
streamingmediaapplications suchas RealNetvorks’ Re-
alPlayer will play animportantrole in the network impact
of streamingmedia. Unfortunately therearefew empirical
studieghatanalyzetheresponsienessor lackof it, of com-
mercial streamingmedia. In this work, we measurehere-
sponsvenes®f RealMdeoover UDP by measuringhe per
formanceof numerousstreamingvideo clips selectedrom
avarietyof RealSerersonthelnternet.By varyingthebot-
tleneckbandwidthto the player, we areableto analyzethe
TCP-Friendliness of RealMdeoover UDP andcorrelatethe
resultswith network andapplicationayerstatistics Wefind
thatmoststreamingRealMdeoclips arenotbandwidthcon-
strainedor typical broadbanaonnectionsin timesof con-
gestion,mostRealMdeo UDP streamsrespondto Internet
congestiorby reducingthe applicationlayerencodingrate,
andstreamawith aminimumencodingatelessthanthefair
bandwidthshareusually achiese a TCP-Friendlyrate. In
addition, our analysissuggestghat a reasonstreamingap-
plicationschoosenotto useTCPis thatthe TCP API hides
network information,suchaslossrateandround-triptime,
makingit difficult to estimatethe available bandwidthfor
effective mediascaling.

1. INTRODUCTION

The growth in power and connectvity of today’s comput-
ers hasenabledstreamingvideo acrossthe Internetto the
desktop. Increasingly userscanaccesonline video clips
througha Web browser by simply clicking on a link and
having the Web browserstartup anassociatedideoplayer

Web sitestodayoffer streamingvideosof news broadcasts,
musictelevision, live sportingeventsandmore. For exam-
ple,in 2001anestimatedf 350,000hoursof online enter
tainmentwas broadcaskeachweek over the Internet[17],
with countlessnorehoursdownloadedon-demand.

While voice quality audiotypically operate®ver a nar
row rangeof bandwidthg32-64Kbps),videooperateover
amuchwider rangeof bandwidths.Video conferencesind
Internet videos streamat about0.1 Mbps', VCR quality
videosataboutl.2Mbps’, broadcastuality videosatabout
2-4 Mbps®, studio quality videosat about3-6 Mbps®, and
HDTV qualityvideosatabout25-34Mbps®. Uncompressed
video can require hundredsand even thousandof Mbps.
Thus,videoapplicationshave the potentialto demandenor
mousamountsof bandwidths often greaterthanthe avail-
ablenetwork capacity but alsohave the potentialto reduce
their datarateswhenbandwidthis constrained.

While TCPis thedefactostandardransporprotocolfor
typical Internetapplications thereare asof yet no widely
acceptedate-basedransportprotocolsfor streamingme-
dia applications. Unlike typical Internettraffic, streaming
videois sensitve to delayandjitter, but cantoleratesome
dataloss. In addition, streamingvideo typically prefersa
steadydatarateratherthanthe bursty datarate often asso-
ciatedwith window-basednetwork protocols. Recentre-
searchhasproposedate-based CP-Friendlyprotocolsin
thehopethatstreamingnediaapplicationswill usethem[19,
9], but suchprotocolsarenotyetwidely partof ary operat-
ing systemdistribution. For thesereasonsstreamingvideo
applicationsoften use UDP as a transportprotocol rather
than TCP. Moreover, with the useof repairtechniqued2,
12, 16], paclet lossescanbe partially or fully concealed,
reducingthe impactof losson the quality of the video by
theuser andthusreducingtheincentive for multimediaap-
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plicationsto lowertheirbandwidthin thepresencef paclet
lossduringcongestion.

Potentially high-bandwidthvideo over UDP using re-
pair techniquesuggestshatvideo flows may not be TCP-
friendly or, evenworse,thatvideo flows may be unrespon-
sive to network congestion. In the absenceof end-to-end
congestiorncontrol, TCP flows competingwith UDP flows
reducetheir sendingratesin responseéo congestionjeav-
ing theunresponsie UDP flows to expandto usethevacant
bandwidth,or, worse, contritute to congestioncollapseof
the Internet[8].

Inlight of this,recentresearcthasexploredrouterqueue
managemenapproacheso identify and police unrespon-
sive flows [13, 20, 7, 15, 3]. Suchresearctoften models
unresponsie flows astransmittingdataat a constanpaclet
sizeand constantbit rate (CBR) or, as*“firehose” applica-
tions, transmittingat an unyielding, maximumrate. How-
ever, commercialmediaproductshave beenshavn to not
bestrictly CBR[14, 11], and,althoughusingUDP, mayre-
spondto congestiorattheapplicationlayer. A betterunder
standingof the traffic ratesand responsienessof current
streamingmediaapplicationsmay help createmore effec-
tive network techniquedo handleunresponsie traffic.

Theresponsrenes®f commerciaktreamingnediaprod-
uctswill play animportantrole in the impactof streaming
mediaon the Internet. The useof commercialstreaming
products suchasthe Microsoft Windows MediaPlayerand
RealNetvorks RealPlayerhasincreasediramatically[10].
Communicatiorwith commercialstreamingmediaproduct
developershasbeenineffective in providing adequatesci-
entific informationon the congestiorresponsieness|eav-
ing measuremergsthenext viableoption. While therehave
beensomestudiescharacterizingstreamingtraffic [4, 14,
11, 23], therearefew empiricalstudiesthatanalyzethere-
sponsvenessor lackof it, of currentstreamingmediaprod-
ucts.

This study evaluatesthe responsienessof RealMdeo
streamingover UDP by comparingit to the dataratesof
TCP underthe samenetwork conditions. We setup a net-
work testbedwheretwo clients, one using UDP and the
otherusing TCR, streamedrideo througha network router
we control, connectedo the Internetvia a broadband:on-
nection. We variedthe bottleneckbandwidthto the clients
by limiting the bandwidthof the router’s outgoingconnec-
tion, allowing usto explorearangeof congestiorsituations.
The two clientsthen simultaneoushstreamechundredsof
videosselectedwith a variety of contentandencodingfor-
matsfrom a diversesetof Web seners, while measuring
pacletlossratesandround-triptimesaswell asapplication
level statisticssuchasencodedandwidthsaandframerates.
By usingthe TCP streamasthe desiredevel of responsie-
nesswe areableto quantifytheresponsienes®f thevideo
streamover UDP andcorrelatetheresultswith network and

applicationstatistics.

In analyzingour data,we make several contritutionsto
betterunderstandinghe characteristicef potentiallyunre-
sponsve streamingrideoontheInternet.We find thatover
all, moststreamingReal\Mdeo clips arenot constrainedy
bandwidthfrom a typical broadbandconnection resulting
in a fair shareof link bandwidthfor both RealMdeo over
UDP andTCP In timesof congestionmoststreamingRe-
alVideo over UDP doesrespondto Internetcongestiorby
reducingthe applicationlayer encodingrate. We alsofind
several key incentivesfor video streamgo useUDP rather
than TCR, suggestinghat potentiallyunresponsie stream-
ing mediaover UDP will likely persistfor sometime.

Therestof this paperis organizedasfollows: Section2
presentdackgroundon RealPlayemeededo understand-
ing our results;Section3 describeur approachto obtain
a wide-rangeof InternetmeasurementsSections4 and5
presentand analyzethe measurementlataobtained; Sec-
tion 6 discussesurfindings;Section7 summarizesurcon-
clusionsandSection8 presentpossiblefuturework.

2. REALVIDEO BACKGROUND

RealPlayermprovidedby RealNetvorks, is themostpopular
streamingmediaplayeron the US Internet,with over 47%
of the commercialmarket share[10]. RealMdeo content
providerscreatestreamingvideosusinga variety of possi-
ble video codecs,corvert it to RealNetvorks’ proprietary
formatandplaceit on anInternethostrunningRealSerer.
During creation,contentprovidersselecttargetbandwidths
appropriatefor their target audienceand specify other en-
coding parameterssuchas frame size and framerate, ap-
propriatefor their content. A RealSerer thenstreamghe
videoto ausers RealPlayeclientuponrequest.

RealSererandplayersprimarily useRealTime Stream-
ing Protoco? (RTSP)for the sessiorlayer protocol. Occa-
sionally, RealSererwill useHTTP for metafilesor HTML
pagesandHTTP may alsobe usedto deliver clips to Re-
alPlayersthat are locatedbehindfirewalls. For this mea-
surementstudy all the video clips selectedusedRTSR as
describedn Section3.1.

At the transportlayer, RealSerer usesboth TCP and
UDP for sendingdata. The initial connectionis oftenin
TCR with controlinformationthenbeingsentalonga two-
way TCP connection. The video dataitself is sentusing
either TCP or UDP. By default, the actualchoiceof trans-
port protocolusedis determinedautomaticallyby the Re-
alPlayerand RealSerer, resultingin UDP about1/2 the
time andTCPtheotherhalf [23]. Thedecisionmakingpro-
cessRealPlayemalesin choosingeitherUDP or TCPis
not known, andmay beinterestingfuture work. Thechoice
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of UDP or TCPcanalsobe manuallyspecifiedoy theusef.
For our study we specificallysetRealPlayeto useUDP in
somecasesaandTCPin others,asdescribedn Section3.2.

RealSystensupportsanapplicationlevel mediascaling
technologycalled SureStream in which a RealMdeoclip is
encodedor multiple bandwidthg6, 18]. Whenstreaming
aSureStreanRealMdeoclip, RealSererdeterminesvhich
encodedstreamto usebasedon feedbackirom RealPlayer
regardingthe client end-hostnetwork. The actualvideo
streamsened canbe variedin mid-playout,with the sener
switchingto alower bandwidthstreamduring network con-
gestionandthenbackto a higherbandwidthstreamwhen
congestiorclears. We study the flexibility of SureStream
scalingin Section5.3.

For eachvideoclip, RealPlayekeepsabufferto smooth
out thevideo streambecaus@f changesn bandwidth,lost
pacletsor jitter. Dataentersthe buffer asit streamgo Re-
alPlayerandleavesthebuffer asRealPlayeplaysthevideo
clip. If network congestionreducesbandwidthfor a few
secondsfor example,RealPlayeicankeepthe clip playing
with thebuffereddata.If thebuffer emptiescompletely Re-
alPlayerhaltsthe clip playbackfor up to 20 secondswhile
the buffer is filled again.We measurdhe rateat which Re-
alPlayerfills thebuffer in Section5.4.

3. APPROACH

In orderto empirically measurehe responsienessof Re-
alVideo over UDP, we employed the following methodol-

ogy.

e SelectnumerousRealMdeo URLs that usethe Real
Time StreamingProtocol (RTSP) using well-known
WebsearctenginegseeSection3.1).

e Constructan ervironmentfor measuringhe respon-
sivenesf RealMdeo over UDP by comparingit to
TCP underthe samenetwork conditions(see Sec-
tion 3.2).

e Construca“mediascaling”ernvironmentfor compar
ing the applicationlayer behaior of non-competing
RealMdeoover UDP or TCP (seeSection3.3).

o [teratively play the selectedrealMdeo clips in both
ervironmentswith differentbottleneclbandwidthsand
analyzetheresults(seeSectiond andSection5).

3.1. RealVideo Clip Playlist

We desireda relatively realistic environmentin which we
could measureand comparethe network layer responsie-
nessof RealMdeo over UDP with that of long-lived TCP
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flows sharingthe samenetwork path. In a stand-aloneen-
vironmentin which we could preciselycontrol the network
conditionsfrom the sener to the client, the encodedcon-
tentandsener platform chosemmight impactperformance
morethanthe network, resultingin inaccurateconclusions
abouttheInternetatlarge. Thus,we decidedo usepublicly
availableInternetRealMdeo senersandclips asthe traffic
sources.

To form aclip playlist, we searchedor RealMdeoclips
(URLSs) accessiblghrough Web pagesusing well-known
searchengines suchas Yahooand Google,and randomly
selected100 RTSP RealMdeo URLs from the searchre-
sults.Of theselectedJRLs, 76 werefrom theUnited States,
9 from Canadag from the United Kingdom, 6 from Italy,
and1 from Germaly. While our selectionmethodof using
US/Englishbasedcommercialsearchengineslikely influ-
encedhe predominancef North AmericanURLSs, our Re-
alPlayerclientsranfrom North America,andit is likely that
thereis typically similarly stronglocality of acces$or most
streamingplayers.

For theclips selectedthe medianclip lengthwasabout
3 minutes,while the shortestand longestclips playedout
in 20 secondsand30 minutes,respectrely. Otherstatistics
on the selectedrealMdeo clips are availablein Section4,
Section5.3and[5].

3.2. Responsiveness of RealVideo over UDP Measure-
ment Environment

Ideally, we soughtan ervironmentin which to measurehe
network layer responsienessof RealMdeo over UDP by
comparingt to thatof long-livedTCPflowsunderthesame
network conditions. Sincelnternetnetwork conditionsare
volatile, wewantedto runsimultaneoufkealMdeooverUDP
and bulk TCP flows alongthe samenetwork path, rather
thanrun consecutie UDP and TCP flows. Unfortunately
public RealSerersdo nottypically supportulk TCPtrans-
fers making it difficult to ensurea bulk TCP would use
the samepathasa RealPlayetUDP. Instead,we usedRe-
alVideo over TCP asthe yardstickwith which to compare
RealMdeooverUDP. SinceRealMdeoapplicationsarerate-
based,at the network level RealMdeo over TCP may re-
questthe sameasor lessbandwidththana bulk TCP trans-
fer underthe samenetwork conditions,providing a “lower
bound”onthe bandwidtha bulk TCPtransferwould use.
We hadtwo RealPlayerspneusingUDP andthe other
usingTCR simultaneouslgtreamavideoclip fromthesame
RealSereralongthe samenetwork path,while we captured
network andapplicationstatistics.As depictedin Figurel,
the two RealPlayergan on separatéPCs attachedto the
samelO Mbps huh Both PCswere equippedwith a Pen-
tium 11l 700 MHz processarl28 MB RAM anda UDMA-
66 15 GB harddisk, andwererunningLinux kernelversion
2.4. Both PCsran RealPlayewersion8.0.3,with oneRe-
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Fig. 1. TestbedNetwork Setup: Environmentto Measure
the Responsienesof RealMdeo

alPlayerconfiguredto use UDP andthe other RealPlayer
configuredto useTCP,

Thehubfacilitatedcapturingnetwork layerperformance
sincepacletsdestinedo eitherPCwerebroadcastetb both
PCs. We rant cpdunp’, a well-known network paclet
sniffer, ononePCto filter andlog thevideostreanpaclets.
As the RealMdeopacletformatis proprietarywe wereun-
ableto obtainsequenc@umbersand,hence lossinforma-
tion, from the paclet tracesthemseles. We did runt cp-

t r ace onthetcpdumpdata,but it only providesstatistics
on thevery sparseamountof RTSP controltraffic from the
client to the sener and not statisticson the datastreamit-

self. Instead,during eachclip, we ran a pi ng at 1 sec-
ond intervalsto the sener to obtainsamplesof the round-
trip time (RTT) and paclet loss rate. During pilot stud-
ies, we confirmedthat the RTTs and loss ratesobtained
via pi ng sampleswere comparableo thoseobtainedvia

t cpt race. Also, we verifiedthatthe pacletfiltering and
loggingdid not inducemuchCPU or disk load anddid not
interferewith the video playout. At the end of eachRe-
alvideo stream,informationsuchasthe IP paclet sizeand
arrival time were extractedfrom thet cpt r ace log using
et her eal 8 andprocessedo obtainnetwork layer statis-
tics, suchasthroughput.

In orderto control network congestionwe considered
addingbackgroundraffic alongthe pathfrom the client to
the seners. However, as discussedmost RealSerersdo
notsimultaneouslyrovide otherfile serviceamakingit dif-
ficult to add congestion-causintzaffic to senersin a con-
trolled manner Instead to consistentlycontrol theincom-
ing bandwidth,we setup a privateLinux routerconnected
to acommerciaDSL 700Kbpsnetwork to enableusto cre-
ate constrainedandwidthsituations. The routerwas con-
figuredto usenetwork addresdranslation(NAT) to elim-
inate the possibility that pacletsfrom the competingTCP
and UDP streamgo be routeddifferently. We attacheda
software implementatiorof a Token Bucket Filter (TBF)°
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to the Ethernetcard at the internal network of the router
The TBF queuesizewassetto 10 Kbytesandthe burst al-
lowed (the maximumnumberof tokensavailableduringidle
times)wassetto 1600Bytes, slightly largerthana typical
1500Byte MTU. Thetoken rate (availablebandwidth)was
setto 600 Kbps, 300 Kbps, 150 Kbps and 75 Kbps. Note,
sincewe have two streaminglows, one TCPandoneUDP,
competingtheir fair bandwidthshares approximatelyhalf
of eachbottleneckbandwidth.

For eachDSL-TBF configuration,we carried out two
setsof measurementsyhereeachsetplayedall videoclips
in the playlist.

3.3. Media Scaling M easurement Environment

Streamingvideo canadjustto the availablebandwidthdur-
ing congestionby media scaling wherevideo encodingis
switchedto a lower rate. As mentionedn Section2, Real-
SystemsisesamediascalingtechnologycalledSureStream
in which a RealMdeo clip is encodedfor multiple band-
widths[18]. Theactualvideo streamsened canbe varied
in mid-playout,with the sener switchingto a lower band-
width streamduring network congestiorandthenbackto a
higherbandwidthstreamwhencongestiorclears.

To study mediascalingin RealPlayerwe used Real-
Tracer'®, developedfor a previous study[23], which plays
RealMdeo streamsand recordsapplicationlevel statistics,
including encodingrate. One of the client machineswas
bootedwith Microsoft Windows ME andequippedvith Re-
alPlayer8 Basicversion6.0.9and RealTracerversionl.0.
We thenran a non-competingsingle UDP or TCP stream
for eachURL in the playlist, while limiting the TBF in-
comingbandwidthto 35 Kbpst?, sincethe highestencoded
bandwidthfor all clips thatdid mediascalingwasabove 35
Kbps. We tried other TBF ratessuchas25 Kbps, 150Kbps
and300Kbpsto verify we measureall possiblescaldevels
(or encodedbandwidths)usedfor clip playouts. However,
only 2 setsof measurement3,CPfor theentireplaylistand
UDP for the entireplaylist, on the 35 Kbps DSL-TBF con-
figuration were usedto characterizehe responsienessof
RealMdeomediascaling(seeSection5.3).

4. RESULTS

Over the courseof 2 months,we streamedover a total of
200 hoursof video from a cumulative total of over 4000
video clips. Of the original setof 100 video clips, 1 clip
could not be sened using UDP, perhapshecausef sener
firewall restrictions Also, 20 otherclipsbecamecompletely
unavailable sometimeafter the initial selectionbeforethe

1Ohttp://perform.wpi.edu/redtacer/
11The queuewassetto 5 Kbytesfor the 35 Kbps DSL-TBF configura-
tion.



experimentswvere complete. We removed theseclips from
furtheranalysis.

Of theremaining79 clips in the playlist, about30% of
theirsenersdid notrespondo pi ng packets,makingthem
unavailablefor lossandroundtrip time (RTT) analysis.For
all RTT and loss analysisin this report, we removed the
datafrom theseclips. However, we did usethe otherdata
recordedon theseclips for otheranalysis.

ComparingheaverageRT Tsobtainedvia pi ng probes
for eachbottleneckbandwidth the 75 Kbpsconnectiorhad
the highestround-triptimes. The medianRTTs for the 75,
150, 300 and 600 Kbps configurationsvere 450, 340, 130
and100 msrespectiely. For the 150-600Kbps configura-
tions, about33% of the clips hadthe sameRTT regardless
of the bottleneckbandwidthsincetheseclips streamat less
than150Kbps,andthereforedo not suffer additionalqueu-
ing delaysattherouter For theremaining67%of theclips,
the lower the bottleneckbandwidththe higherthe queuing
delays,causedprimarily by the 10 Kbyte buffer at the bot-
tleneckrouter

Summarizingthe lossratesobtainedvia pi ng probes
for eachbottleneckbandwidth the medianlossratefor any
configurationwas lessthan 2%. About 37% of the clips
playedwith low bottleneckbandwidthshadno loss, while
about50% of the clips playedat higher bottleneckband-
widths hadno loss. Overall lossratesincreasedabout1%
for eachdecreasdn bottleneckbandwidthas bandwidths
decreasedrom 600 Kbps to 300 Kbpsto 150 Kbpsto 75
Kbps. The low lossrates,even at low bandwidthconnec-

tions,impliesthatmostof theRealMdeoUDP streamsdapted

to the available bandwidth,and s investigatedn depthin
Section5. Dueto spaceconstraintswe do not presenfur-
ther detailson the RTT andlossresultshere,but refer the
interestedeadetrto [5].

5. ANALYSIS

In analyzingtheresponsienes®f RealMdeoover UDP, we
first analyzebandwidthaggreyatedover all clips andthen
for individual clip pairs (Section5.1). We then analyze
the TCP-Friendlinessf RealMdeoover UDP (Sectionb.2).
Moving to the applicationlayer, we analyzethe applica-
tion scalingbehavior (Section5.3). Lastly, we measurdhe
initial buffering ratecomparedvith the steadyplayoutrate
(Section5.4).

5.1. Bandwidth

Figure 2 depictsCumulatve Density Functions(CDFs) of
the perclip averagebandwidthusedby TCP and UDP for
bottleneckbandwidthsof 600, 300,150and75 Kbps. The
TCPandUDP distributionsarenearlythe samefor the 600
Kbps bottleneckbandwidths. However, as bandwidthbe-

comesnoreconstrainedthedistributionsseparatewith UDP
having aconsistenthhigherdistribution of bandwidthghan
TCR

We next analyzethe head-to-headbandwidthfor each
pair of (TCR, UDP) clips. For eachclip pair, in Figure3 we
plot an (z,y) pointwherez is the averagebandwidthused
by the TCP streamandy is the averagebandwidthused
by the UDP stream. The pointsfor eachbottleneckband-
width are depictedby a differentpoint style. The dashed
45 degreeline providesa referencefor bandwidthequally
sharedby TCP andUDP. Pointsabove theline (top left of
the graph)indicate UDP receved more averagebandwidth
while pointsbelow the line (bottomright of the graph)in-
dicateTCPrecevedmoreaveragebandwidth.Thedistance
from theline indicatesthe magnitudeof the averageband-
width difference.

FromFigure3, while therearesomepointsthatlie along
theequalbandwidthline, therearemary case®f bandwidth
disparity Thehighestbandwidthplayoutsfor the 600Kbps
bottleneckbandwidthshad the greatesbandwidthdispari-
ties. For the 600 Kbps bottleneckbandwidthstherearevi-
suallyasmary pointsbelow theequalbandwidthiine where
TCPreceved morebandwidthasthereareabore the equal
bandwidthline whereUDP received more bandwidth. For
thelower bottleneckbandwidthstherearevisually consid-
erablymorepointsabove theequalbandwidthline, indicat-
ing UDP recevved morebandwidth.

We next analyzethe bandwidthdisparityrelative to the
bottleneckbandwidthavailable. For eachclip pair, we sub-
tract the UDP averagebandwidthfrom the TCP average
bandwidthanddivide thedifferenceby the bottleneckband-
width. Thus,equalsharingof bandwidthhasavalueof zero,
avalueof -1 indicatesUDP got the entirebottleneckband-
width, andavalueof +1 indicatesTCPgottheentirebottle-
neckbandwidth. Figure4 depictsCDFsof the normalized
bandwidthdifferencedor eachbottleneckbandwidth.

For the 600 Kbps bottleneckbandwidth,about40% of
the clips sharedhe bandwidthequally As indicatedby the
region in the top right, about30% of TCP got more band-
width than their counterpartUDP clips while about20%
of the UDP clips got more bandwidththan their counter
part TCP clips, as indicatedby the region in the bottom
left. The greatestbandwidthdisparity was approximately
half the bottleneckbhandwidth.

Forthelowerbottleneckbandwidthstherewereincreas-
ingly fewer clips with equalbandwidth. The UDP clips
got substantiallymorebandwidththandid their TCP coun-
terparts,asindicatedby the large areasunderthe distribu-
tionsonthebottomleft. For the 300Kbpsbottleneckband-
width, about60% of the UDP clips got more bandwidth
thantheir TCP counterpartsandfor the 150 Kbps and 75
Kbps bottleneckbandwidths.about70% of the UDP clips
got more bandwidththantheir TCP counterparts.For the
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300, 150 and 75 Kbps bottleneckbandwidths,about20%
of the UDP clips got twice the normalizedbandwidthof
their TCPcounterpartsfor the 150and75 Kbpsbottleneck
bandwidthsabout20%of the UDP clipsrecevedover80%
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moreof the normalizedbandwidththantheir TCP counter
parts.However, evenfor the lowestbottleneckbandwidths,
therewerestill casesvhere TCP got more bandwidththan
their UDP counterpartsasdepictedby the areasabove the
distributionsin the upperright.

In generalasbandwidthbecomesconstrainedstream-



ing RealMdeoclipsoverUDP receverelatively moreband-
width than do streamingstreamingRealMdeo clips over
TCPR However, furtherlimiting bandwidthdoesnot signif-
icantly changethe UDP vs. TCP bandwidthallocationra-
tio. A significantlylarge numberof the UDP video streams
areableto adaptto reducedandwidthswvithout causingn-
creasectongestion.Moreover, in all casesstreamingRe-
alvideo over UDP sometimesgeceieslessbandwidththan
do competingTCP flows, especiallyfor higherbottleneck
bandwidths.

Our analysisof round-triptimesandlossratesobtained
by the pi ng samplesshov modestcorrelationsfor both
round-triptimesandbandwidthdisparityandlossratesand
bandwidthdisparity In otherwords,asround-triptimesand
loss ratesincrease,streamingReal\Mdeo clips over UDP
receve relatively more bandwidththan do streamingRe-
alVideo clips over TCP for bandwidthconstrainedcondi-
tions. Due to spaceconstraints,we do not presentthese
resultsherebut refertheinterestedeaderto [5].

5.2. TCP-(Un)Friendly

Although RealMdeo over UDP may receie a dispropor
tionateshareof bandwidthversustheir TCP counterparts,
this may be becauseRealMdeo TCP clips transmitat less
thantheir maximumrate. A moreserioustestof unfairness
is whetherRealMdeo over UDP is TCP-Friendly in thatits
datarate doesnot exceedthe maximumarrival of a con-
formant TCP connectionin the samecircumstances.The
TCP-Friendlyrate, T’ Bps,for a connectioris givenby [8]:

< 15v2/3xs
T Rx./p
with paclet size s, round-triptime R andpaclet droprate
p. For eachclip for eachrun, we computethe TCP-Friendly
rate(T) (equationl), usinga packetsize(s) of 1500bytes?
andthelossrate(p) andRTT (R) obtainedfrom the corre-
spondingpi ng samplesWethencomparel” to theaverage
bandwidthusedby the UDP clip. For eachbottleneckband-
width, we recordthe countof the numberof timesthe UDP
clip wasnot TCP-Friendly

T (1)

Bottleneck Total min> | maz< Effective
Bandwidth | Unfriendly fair fair Unfriendly
75Kbps 8/110(7%) 22 30 8/58 (14%)
150Kbps 7/110(6%) 12 42 5/56 ( 9%)
300Kbps 9/110(8%) 12 48 7/50 (14%)
| Total [ 24/330(7%)| 46 | 120 [ 20/164(14%) ]

Table 1. Number(andpercentpf Non TCP-FriendlyFlows

12Themaximumpaclet sizerecorded See[5] for moredetailson paclet
sizes.

The TCP-Friendlyresultsare shavn in Table 113, The
“Unfriendly” columnsindicatea countof theUDP clipsthat
werenotTCP-Friendly The“min> fair” columnindicates
the countof clips thathada minimum encodedbandwidth
greaterthanthefair shareof network bandwidththeseclips
werenotencodedo be ableto properlyrespondo conges-
tion. The*maz< fair” columnindicatesthe countof clips
that had a maximumencodedandwidthlessthanthe fair
shareof network bandwidth;theseclips, in generalhadno
needto respondo congestionRemawing the clips counted
in theselasttwo columnsprovidesa basecountfor thenon
TCP-Friendlyclips, presentedh the column“Effective Un-
friendly”. This last analysisis useful asit exactly repre-
sentsthe percentagef RealMdeo clips that mustrespond
to congestionbecauseof bandwidthconstraintsand have
beenencodedo allow the RealSerer sener to do so, but
still behavein anon TCP-friendlymanner

Overall, 36%(120/330)of the UDP streamshada max-
imum bandwidthlessthantheirfair shareandthuswereun-
constraineddy the network conditions. On the otherhand,
14% (46/330)of the UDP streamswere constrainedy the
network conditionsbut had not beenencodedso asto al-
low themto respondto congestion. This latter set, while
problematicfrom the congestiorcontrol point of view, can
bereadilyaddressebtly contentprovidersselectingmultiple
encodedandwidthavhencreatingstreamingrideocontent
for theirWebsites.Of theremainingUDP streamghatwere
constrainedy the network andhadbeenencodedo allow
a congestiorresponsel4%werenot TCP-Friendly Thus,
with theproperbandwidthencodindevels(seeSections.3),
thelargemajority (86%)of RealMdeostreaming/ideoover
UDPis TCP-friendlyin thepresencef network congestion.

The TCP-Friendlyformula in equationl is consera-
tivein thatit computeghe maximumbandwidthanaggres-
sive TCP connectiorwould receive. Thus,connectionghat
achieze more bandwidththan computedin equationl are
clearly not TCP-Friendly In generalthereis evidenceto
suggesimary casesvherestreamingRealMdeo over UDP
is, in principle, TCP-Friendly andthereis alsoevidenceto
suggesthatstreamingrealMdeoclips over UDP cansome-
timesbenonTCP-Friendly particularlyfor bandwidthcon-
strainedconditions.

5.3. Media Scaling

Media scaling technologiesadaptmedia encodingto the
available bandwidthin an effort to provide acceptablene-
dia quality over arangeof availablebandwidthq1, 22]. In
times of congestion,mediascaling benefitsboth the net-
work, by reducingofferedload, andalsothe user by pro-
viding gracefuldegradationin perceved quality [21]. As

135incethe600Kbpsbottleneckbandwidthclips hadverylow lossrates,
we donotincludethe600Kbpsdatain ouranalysiso avoid dataskew from
“unlucky” sampling.
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mentionedin Section2, RealSystemgprovide SureStream
mediascalingat the applicationlevel that canselectan ad-
equatequality versionof a videoto fit into the currentnet-
work bandwidthconditions.

In the previous section,we shoved that even if using
mediascaling,RealMdeo streamingover UDP canbe still
nonTCP-Friendly This sectionanalyzeglatafrom the me-
dia scalingmeasuremeraxperimentsasdescribedn Sec-
tion 3.3,in aneffort to determinewhy.

Figure5 shovsa CDF of thenumberof distinctencoded-
bandwidthlevels seenin eachclip for all runs. About 35%
of the clips werenot usingmediascalingat all, andthere-
fore over UDP, theseclips would be unresponsie to net-
work congestion. Lessthan 50% of the clips were using
morethan4 levelsof scalingandsocouldonly adjustto the
availablebandwidthcoarsely

Figure6 shavsthescalelevelsandcorrespondindgpand-
widths for eachclip, sortedfirst by numberof levels, and
secondby the lowest encodedbandwidth. For the unre-
sponsve clips (thosewith only 1 scalelevel), 40% were
high-quality video clips that requiredmore than 150 Kbps
of bandwidth.Also, over 50% of the clips with 3to 5 scale
levels were targetedprimarily for broadbandconnections
andcouldnot adaptto bandwidthdelowv 50 Kbps. Stream-
ing theseclips on bandwidthconstrainedinks usingUDP
would causeunfairnessto ary competingTCP flows. Re-
alVideoclipswith morethan5 scalelevelsweredesignedo
adaptmorereadilyto low bandwidthconditions,evidenced
by thenumberof scalelevelswith low bandwidthsput may
still have beenunfair at higherbandwidths.

Whenbandwidthis reducediuringcongestionteal-time
streamingseners mustemploy mediascalingin orderto
presere timing, whetherstreamingover UDP or TCPR Fig-
ure 7 shavs the mediascalingbehaior of two sampleRe-
alVideo clips streamingover UDP and TCR, wherethe in-
boundbandwidthavailable was 35 Kbps. For both clips
and both streamsthe initial encodedbandwidthwas sig-
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Fig. 6. Media ScalesandEncoded-BandwidtigAll Clips).
The horizontal-axigepresentshe numberof differentme-
diascalinglevelstheclip canprovide while theverticalaxis
representshe encodeandwidthfor eachscalelevel. The
clips aresortedfrom thefewestscaleontheleft to themost
scaleson theright. For ties, the clips with the lowesten-
codedbandwidthappearfirst.

nificantly higherthanthe availablebandwidth,depictedby
the horizontalline at 35 Kbps. Eachhorizontal“step” rep-
resentsan applicationlayer scalingof bandwidth. In the
top graphof Figure 7, both TCP and UDP scaledtheir ap-
plication datarate 6 times beforethe encodedrate settled
at a properapplicationratebelow the available bandwidth.
However, UDP wasableto obtainthis applicationlevel rate
much more quickly thandid TCP In the bottom graphof
Figure7, UDP quickly used7 scalelevelsto adjustthe ap-
plication’s datarateto the availablebandwidth,while TCR,
on the otherhand,took morethan20 secondgo adjustthe
rate,andthenit did soin one,largeencodingratechange.
We believethedifficulty RealPlayepver TCPhasin ad-
justing the applicationdatarateto the network datarateis
becausd CP hidesnetwork information. Streamingappli-
cationsover TCP canonly measurepplicationlevel good-
put and not information on packet drop ratesor network
paclet round-triptimes. Streamingapplicationsover UDP,
onthe otherhand,canmoreeasilydetectpacletlossesand
measureround-trip times, allowing them to more quickly
adjusttheapplicationdatarateto the network rate.
Moreover, for high-quality high-bandwidthvideos,the
inability to detectnetwork congestiorwhenusing TCP is
critical. As evidencedby the TCP streamin the bottom
graphof Figure7, the senerfills the available TCP buffers
with high quality videoframesthatmustbedeliveredby the
transportlayerbeforeit is ableto scaledown. For the user
this resultsin a large delaybeforeframe playoutbegins as
the high-quality framesare bufferedover a low-bandwidth
connection. Quantitatvely, by looking at the end-timeof
transmissionthe top graphof Figure 7 shavs thatto play
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3 minutesof video, streamingover UDP took about200
secondsvhile streamingover TCPtook morethan300sec-
onds.In otherwords,streamingover UDP required20 sec-
ondsof buffering to play 3 minutesof a video clip, while
streamingpver TCPrequiredmorethan2 minutesof buffer-
ing to play the sameclip.

In Figure8, the CDFsdepictthe numberof mediascale
changeseerfor eachvideoclip, andsummarizeherelative
responsrenesf RealMdeosto scalethe applicationdata
rateto below thenetwork bandwidth.Overall, UDP streams
had more scalechangeghandid TCP streams.Also, Fig-
ure8 shavsthatabout20% (55%- 35%)of thestreamghat
scaledwhenstreamedver UDP did not scaleat all when
streameaver TCP

Figure 9 summarizeghe responsienesof RealMdeo
mediascalingbasednhow quickly thevideostreamadapted
to the availablebandwidthafter streamingstarted. Specifi-
cally, for the successfullyadaptedstreamsye measurehe
time taken for the coded-bandwidtho drop underthe in-
boundbandwidthlimit, depictedasthefirst pointunderthe
35 Kbpslimit for eachstreamin Figure7. Figure9 showvs
thatabout15% of video clips werelow-quality andalways
requiredlessthan35 Kbps. Also, 25% (40%- 15%) of the
video clips were able to adaptto the available bandwidth

0.9

0.8

0.7

0.6

0.5

Cumulative Density

0.4

0.3

0.2 Number of Scale Changes Seen for TCP —— -+
Number of Scale Changes Seen for UDP ««ssess

0 2 4 6 8 10
Number of Scale (Coded-Bandwidth) Changes

Fig. 8. CDF of Media ScaleChangegDSL: BW=35Kbps,
Q=5Kbytes)

1

09 2 T——
08 b
2 s &
2 R
3 i
a N
2 o5 4
2 H
£ o4t
[} H
0.3
0.2 Scale Adaptation Speed for TCP ——— -]
Scale Adaptation Speed for UDP «+xxseex
0.1
0
0 10 20 30 40 50 60 70 80

Elaps Time in Seconds: 0 to time(Coded-BW < 35kbps)

Fig. 9. CDF of Media Scale Adaptation Speed(DSL:
BW=35Kbps, Q=5Kbytes)

within a couple of secondsjndependenbf the transport
protocolused.However, for theremaining60%of theclips,
the TCPvideostreamgook significantlymoretime to adapt
theirscalego theavailablebandwidth.For example 80%of
the UDP video streamsadaptedo the availablebandwidth
within 10 secondswhile it took morethan 25 seconddor
thesamepercentagef the TCPvideo streamgo adapt.

In general,a significantfraction of RealMdeo clips are
unableto adapttheir applicationdataratesto the available
network bandwidth causingdJDP streamingo beunfair un-
der bandwidthconstrainedconditions. However, mostRe-
alVideo clips can,anddo, scaletheir applicationdatarates
totheavailablenetwork bandwidth.RealMdeostreamver
UDP canadjusttheir applicationdataratesto the available
bandwidthmoreefficiently thancanRealMdeoover TCR

5.4. Buffering Data Rate

As shavn in [11], RealPlayebuffersdataatanaccelerated
rate for the first part of a clip. Analyzing the rate of this
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buffering rate versussteadyplayoutrate may helpto char
acterizethe bursty natureof RealMdeo streams.

For eachclip, we computethe maximumbandwidthav-
eragedover 10 secondntervalstaken over the first 80 sec-
onds(calling thisthebuffering data rate) andcomparedhis
to the averagebandwidthover the time from 100 seconds
until theclip ends(calling this the steady playout rate).

Figure10 depictstheratio of the averagebuffering data
rateto the averagesteadyplayoutrate for differentsteady
playoutrates. For referencea ratio of 1 indicatesthatthe
buffering dataratewasequivalentto thesteadyplayoutrate.
From Figure 10, low bandwidthclips buffered at up to 6
times their averageplayoutrate. Higher bandwidthclips
bufferedatrelatively lowerrates possiblybecauséotalband-
width restrictionslimited them from buffering at a higher
rate.

In orderto determinéf bandwidthrestrictiondimit buffer-
ing rates,we ran a setof experimentswith the bottleneck
bandwidthbeing the campusLAN attachedto the Inter-
net via a 15 Mbps link!4. In this setup,the LAN ervi-
ronmentwasrelatively unconstrainedhaving a bottleneck
bandwidthwhich wastypically at leastthreetimesthat of
our 600Kbpshbottleneckbandwidth.

FigurelldepictsaCDF of theratio of theaverageuffer-
ing datarateto the averagesteadyplayoutrate. Theratio of
buffering rateto steadyratefor UDP wasnearlythe same
asthat of TCP for 40% of the clips. For 60% of the clips,
however, the ratio of buffering rateto steadyfor UDP was
significantly higherthanthat of TCP For UDP, the verti-
cal “steps”in the CDF areat typical RealMdeo bandwidth
encodingrates,wherethe buffering ratewasa fixed multi-
ple of theserates. For TCR the steepslopein the CDF at
around?2 suggestd CP streamgdypically bufferedat a rate
twice thatof the steadyplayoutrate.

http:/ivwwwpi.edu/Admin/Netops/MRG/
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In generalpothRealMdeoclipsoverUDP andRealMdeo
clips over TCP buffer dataata significantlyhigherratethan
the steadyplayoutrate, suggestinghat overall RealMdeo
traffic is bursty over the length of the clip and not strictly
constanbitrate(CBR).

6. DISCUSSION OF RESULTS

In the currentinternet,thereare no concreteincentivesfor
applicationghatuseUDP to initiate end-to-endtongestion
control. In fact, at the network level, unresponsie appli-
cationsmay be “rewarded” by receving more than their
fair shareof link bandwidth.As seenin Section5, stream-
ing mediaover UDP canresultin a higheraverageband-
width rate than streamingmediaover TCR, primarily be-
causecompetingTCP sourcesare forced to transmitat a
reducedate.Plus,asseernin Section5.3,it is moredifficult
for the applicationlayer to adjustthe encodingrateto the
available bandwidthwhenusing TCP (becauséhereis no
API thatgivesyou availablebandwidth for example).Thus,
thereare strongapplication-orientedeasondor streaming
mediato useUDP ratherthan TCR suggestingootentially
high-bandwidthvideo over UDP may contributeto conges-
tion collapse.

However, given the currentclimate whereit is recog-
nized that end-to-endcongestioncontrol, and even TCP-
Friendly congestiorcontrol, is fundamentallyimportantto
the well-being of the Internet,therearelikely social pres-
suresfor video software designeraot to releaseproducts
withoutsomeform of end-to-endtongestiorcontrol. More-
over, anunresponsie “fire-hose” application,suchashigh
quality video over a congestedink, is ineffective from the
applicatiornstandpoinprimarily becauséaving acongested
routerrandomlydrop packetscancausethe moreimportant
datapacletsto bedropped.Instead applicationcansignif-
icantly benefitby usingmediascaling,asillustratedby Re-



alPlayerin Section5.3, to make intelligentdecisionsabout
which pacletsnot to sendbeforehandmakinglow quality
videooverthesamecongestedink quiteeffective. Anecdo-
tally, in our pilot testswith severecongestionplderversions
of RealPlayemwvould continueto attemptto streamvideo,
inducing even more congestion,while newer versionsof
RealPlayemvould terminatethe connectiorunderthe same
conditions. Moreover, asshavn in Section5.3, RealMdeo
overUDP clearlyscalegheapplicationdatarateto meetthe
availablebandwidth.Thus,while it is notclearasto exactly
whatdegreepracticalor socialincentivesareeffective, there
is evidenceto suggesthey arehaving a significantimpact.

The higher buffering rate seenin Section5.4 is ben-
eficial for users,but possibly harmful to the network. A
higher buffering rate either allows the playerto build up a
largerbuffer beforebeginningframeplaybackandthusbet-
ter avoiding ary unsmoothnessausedy network jitter or
transientcongestion,or allows the frame playbackto be-
gin earliet However, theincreaseduffering ratemalkesthe
streamingtraffic more bursty and, with UDP, it can cause
evenmoreunfairnessrersusotherTCPflows. Overall,from
the network point of view, the buffering rateshouldbe lim-
ited to the playoutrate,andis soin someothercommercial
players[11].

7. CONCLUSIONS

The decreasingcost of powerful PCsand the increasein
video contenton the Web is fueling the growth of stream-
ing video over the Internet. Unlike traditionalapplications,
streamingrideooftenusedJDP asatransporfprotocolrather
thanTCPR suggestinghatstreamingrideomaynotbe TCP-
friendly or, worse,that streamingvideo may be unrespon-
siveto network congestionSincecongestiorcontrolis fun-
damentallyimportantto the healthof the Internet, a bet-
ter understandingf the responsieness(or lack of it) of
streamingrideousingUDP canhelpfocusnetwork layerre-
searchthatdetectsandpolicesunresponsie flows, or trans-
portlayerresearchhatdevelopsbetterstreamingprotocols.

Commercialstreamingvideo players,suchasRealNet-
works’ RealPlayerpromiseto have alargeinfluenceon the
impactof streamingvideo on the Internet. While previous
empiricalstudieshave focusedon Internettraffic in general
or have concentratedn overallmeasurementsf streaming
applicationsto the bestof our knowledge,therehave been
no detailedstudieson the responsienesgo congestiorof
commerciabplayersstreamingover UDP.

Inthiswork, we evaluatethenetwork-levelandapplication-
level responsienesof RealMdeo streamingover UDP by
comparingit to TCP underthe samenetwork conditions.
We setup atestbedhatallows usto simultaneouslytream
two RealMdeoclips,oneover TCPandoneoverUDP, along
the samenetwork path. Our testbedalsolets us control the

network bottleneckbandwidth thusallowing usto evaluate
the responsarenesdo congestiorof the UDP streams.Us-
ing our testbedwe streamover 600 hoursof videosfrom
over 1000video clips with a variety of contentandencod-
ing bandwidthsselectedrom acrosghe Internet.

Overall,wefind RealMdeoover UDP typically receves
the samebandwidthas that of TCP. Even during periods
of pacletloss,mostRealMdeo over UDP is TCP-Friendly
However, undervery constrainedandwidthconditions Re-
alVideo over UDP can get substantiallymore bandwidth
than TCP and the bandwidthuse getsincreasinglyunfair
with anincreasen pacletlossrateandround-triptime.

Most RealSererscan,and oftendo, scalethe applica-
tion layerdataratein anattemptto matchthe network data
rate. Application scalingtendsto be coarserat higherlev-
els of bandwidthbut is often fine grainedat lower levels
of bandwidth. While applicationscalingcanbe an effec-
tive meansof respondingo congestionabout35% of Re-
alVideoscannotdo applicationscalingat all, makingthem
unresponsie to network congestiorwhen streamingover
UDP. Adjustingtheapplicationdatarateto thenetwork band-
width is more difficult when streamingover TCP versus
UDP, mostlikely becauseapplicationstreamsover TCP do
not have as much information aboutthe current network
stateasdo the applicationstreamsver UDP.

RealPlayersypically buffer videodatafor upto 40 sec-
ondsat a much higher rate than the averageplayoutrate.
While beneficialto the user this initial burstof traffic can
causeconsiderableongestiorandprobablymakesRealMdeo
network traffic moredifficult to manage.

8. FUTURE WORK

This work is only anotherstepin the analysisof streaming
multimediatraffic on the Internet,leaving mary areasfor
futurework.

Themajorcommerciacompetitorto RealNetvorks’ Re-
alPlayeris Microsoft's Windows Media Playet®. Measure-
mentof thecongestiomesponsienes®f MediaPlayerstream-
ing over UDP might helpunderstandhedifferencesn con-
gestionresponsienessacrosommerciaplayers.We have
conductedpreliminarycomparison®f RealPlayeandMe-
dia Playerin [11].

Weintentionallyselectegre-recordedideoclipsto help
ensureconsisteng in the videos played out during each
setof experiments. Live content,capturedand sened di-
rectly from a video cameraor television, typically hasdif-
ferent characteristicshan doespre-recordectontent. Fu-
ture work could be to measurehe performanceof live Re-
alVideocontentonthelnternetandcomparat to thatof the
pre-recordedRealMdeocontentin our study

L5http:/ivwwmicrosoft.com/windas/windovsmeda/defaut.asp



The work in this paperdid not explore the relationship
betweenperceptuabuality of the video, influencedby ap-
plicationlevel metricssuchasframerateandjitter, andnet-
work metrics. A betterunderstandingf theimpacton per
ceptualquality on video streamingover UDP versusTCP
might further aid in developingmoreeffective waysto use
a TCP-Friendlyshareof bandwidth.
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