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Abstract— As the use of real-time multimedia applications increases,
bandwidth available to TCP connectionsis oppressedby “gr eedy” UDP
traffic and their performance extremely deteriorates. In order that both
TCP and UDP sessiondairly co-existin the Internet, UDP sessionshould
properly react against congestionas TCP. In this work, we implement a
“TCP-friendly” rate control mechanismsuitableto videoapplicationsand
investigateits applicability to a real systemthrough observation of the
videoquality at the receiver It is shownthr ough our experimental system
that we can achieve high-quality and stable video transfer while fairly
sharing the network bandwidth with TCP by applying our rate control at
acontrol interval of 16 or 32timesaslongasRTT.

|. INTRODUCTION

Sincethe currentinternetdoesnot provide QoS (Quality
of Service)guaranteamechanismseachapplicationchooses
the preferabletransportprotocolto achieve the requiredper
formance.As the useof real-timemultimediaapplicationsn-
creasesa considerablamountof “greedy” UDP traffic would
dominatenetworkbandwidth.As a result,the available band-
width to TCP connectionss oppresse@ndtheir performance
extremelydeteriorates.

In orderthatboth TCP and UDP sessiondairly co-exist in
the Internet,it is meaningfulto considerthe fairnessamong
protocols. In recentyears,several researchetave beenfo-
cusedon the investigationof the “TCP-friendly” rate con-
trol [1-10]. “TCP-friendly” is definedas“a non-TCPconnec-
tion shouldreceve the sameshareof bandwidthasa TCP con-
nectionif they traversethe samepath” [7]. The TCP-friendly
systenregulatests datasendingrateaccordingto the network
condition, typically expressedn termsof the round-trip-time
(RTT) andthepacketossprobability(denotedasp), to achieve
the samethroughputhata TCP connectionwould acquireon
the samepath.

Control mechanismgproposedin [1-8] achieve the TCP-
friendlinessaccordingto its definition, but thoserequirecare-
fully chosenparameterdo achieve the fairnessamongTCP
and UDP connections. Especiallywhen those mechanisms
areto be appliedto the real-timevideo transfer characteris-
tics of videoapplicationsshouldbe takeninto accountto pro-
vide the high quality video transferwhile satisfyingthe TCP-
friendlinessin the real-time multimediaapplications. In ad-
dition, asa resultof rate control, the video sendingrate in-
herentlyfluctuatesand the resultantvideo quality frequently
changesn the caseof pseudo-TCRmechanismavhich em-
ploy the AIMD control to imitate the TCP’s behaior, [1-3].
On the otherhand,althoughthe stablevideo presentatiortan
be accomplishedvith equation-basednes[4-8], they cannot
adequatehadaptto change®f networkcondition.

We have beendevotedinto investigationof the applicability

of TCP-friendlyratecontrolto real-timeMPEG-2video com-
munications,and proposedan effective control mechanism,
called MPEG-TFRCPIn [9, 10]. Our mechanismemploys
the equationproposedn [6] andthuscanbe cateyorizedinto
the equation-basedpproach However, our approactdynam-
ically adjuststhe video sendingrateaccordingto the network
condition. Theeffectivenessvasevaluatedhroughsimulation
experimentsandit wasshawn thatthe high quality and TCP-
friendly real-timevideo transfercanbe accomplished.How-
ever, in theexperimentstheidealnetworksystemervironment
wasassumedThatis, we did nottakeinto accounseveralfac-
torswhich may affect the effectivenesf ratecontrol. Those
includethefluctuationof controlintervalsor thequality degra-
dationduring playbackof avideosequence.

In this paper we implementseveral TCP-friendlyratecon-
trol protocolson an actualvideo transfersystem.Our imple-
mentedmechanismsrebasednthe MPEG-TFRCPFirstwe
demonstratehe applicability of MPEG-TFRCPto a real sys-
temthroughevaluationof the perceved video quality andob-
senation of the traffic on thelink. Thenwe considerthe im-
proved versionsof MPEG-TFRCPoy carefullyexaminingthe
rateandcontrolintenal determinatiormethods.

The paperis organizedasfollows. In Sectionll, we intro-
duceour MPEG-TFRCPand explain how it is implemented.
Then we compareseveral TCP-friendly rate control mecha-
nismson our implementedvideo applicationsin Sectionlll.
Comparisonare performedin termsof theratevariation,the
packetlossvariationandthe perceved video quality. Finally,
we summarizeour paperand outline our future work in Sec-
tion V.

Il. IMPLEMENTATION OF MPEG-TFRCP

In this section, we introduce our MPEG-TFRCP(TCP-
friendly rate control protocolfor MPEG-2 video transfer)[9,
10]. In orderto transferavideo sequencavith high andstable
quality while fairly sharingthe networkbandwidthwith TCR
our MPEG-TFRCPbehaesasillustratedin Fig. 1; attheend
of thecontrolinterval i — 1 whosedurationis I,_1, thesender
estimateghe networkconditionandthe throughputof a TCP
sessionfrom informationgatheredvithin theinterval, andfi-
nally determinesandregulatesits sendingrater; for the next
interval .

A. MPEG-TFRCP mechanism

In MPEG-TFRCPa sendewdividesthe MPEG-2videodata
into packetsvhoseheadercontainsthe timestampandthe se-
guencenumberasin RTP (Real-timeTransportProtocol)and
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sendghemto arecever. Onreceving the packettherecever
sendsackanacknavledgemento inform thesendeof asuc-
cessfulreception. Then, the senderobtainsRTT, RTO (Re-
transmissiormime Out) andthe packetiossprobability p.

At the endof theinterval i — 1, the senderdetermineghe
sendingrater; for thenext intenal . If the packetlossprob-
ability p is non-zerothe senderestimateghe throughputof a
TCP connectiorwhich traverseshe samepathfrom the equa-
tion proposedin [6]. Thenr; is setat the estimatedTCP
throughputexpecting the fair shareof network bandwidth.
Whenthenetworkis underutilized andthereis no packetoss,
the senderonly doublesthe rate becauseahe estimatoris not
applicable. Thealgorithmis summarizeds

MTU
"i = RIT 23)1+T01nin(1,3\/%)p(1+32p2)

2 X ri1,

whereMTU standdor the maximumtransferunit size,p is the
packetiossprobability RTT andTy arefor theroundtrip time
andtheretransmissiotimeout,respectiely.

The durationof eachintenal is 32 timesaslong asRTT
in the MPEG-TFRCPConsideringhe MPEG-2video coding
algorithm, the durationis further roundedto the multiple of
GoP(Groupof Picture)time, whichis givenasthe numberof
picturesin a GoP(N) divided by the framerate. We call this
stratgy as32-RTT. Thatis, the controlinterval of 32-RTT is
givenby

I 32 X RTT
' = 1 Goptme

The senderadjuststhe video codingrateto the determined
tamgetrater;. In this paper we considerthe MPEG-2 VBR
coding algorithm. In the MPEG-2 algorithm, eachcaptured
picture is first Discrete-Cosine-lansformedand then each

1 x GoPtime

ifp>0 (1)
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DCT coeficient is quantizedwith specifiedquantizerscale.
Thus, the codedvideo quality andthe amountof datacanbe
regulatedby choosingthe appropriatequantizerscale.An ex-

ampleof therelationshipamongthe quantizerscale theresul-
tantaveragevideorateandthe video quality in termsof SNR
(Signalto Noise Ratio) [11] is depictedin Fig. 2. Thevideo
is 640x 486 pixels large andits GoPstructureis N = 30 and
M =1 (IPPR-.). By applyingthe methodproposedn [11],

we caneasilydeterminethe appropriateguantizerscaleto ad-
justthevideorateto thetargetrate.

In Fig. 3, we shav anexampleof simulationresultswith our
MPEG-TFRCPThe ratevariation of a TCP sessiorandthat
of the determinedamet rate of a MPEG-TFRCPsessiorare
depicted.As shavn in the figure,the MPEG-TFRCPbehaes
similarly to TCPandthey fairly sharethe bandwidth.

if p=0 (2)B. Implemented system

To investigatethe applicability of the MPEG-TFRCRo the
actualsystem,we built the small-scalelOBase-Tnetworkas
illustratedin Fig. 4. The systemconsistof four personatom-
puters(RedHatLinux kernel-2.2.14)two sharedHUBs and
onePCrouter Packetsizeis 1000Bytesandidenticalamong
connections.

The implementedMPEG-TFRCPsystemis depictedin
Fig. 5. The MPEG-2encoderappliesthe VBR codingalgo-
rithm to original video datawherethe quantizationscaleis
specifiedby the QoS manager Then, the transmitterdivides
thevideodatainto RTP packetsandsendghemto therecever
over the UDP session. The MPEG-2 video dataare recon-
structedfrom receved packetsat the recever, then decoded
anddisplayedon the monitor.

While sendingvideo data,the senderalsotransmitsRTCP
control packetsto obtain the feedbackinformation from the
recever, which is indispensabldor the TCP throughputes-
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timation. The estimatortransmitsRTCP Sender Repor t
packetgto the recever at the regularinterval of, in our exper
iments, every five frames(5/29.97=0.16&ec). On reception
of the control packet,the recever sendsbacka RTCP Re-
cei ver Report packetwhich containsthe informationnec-
essaryfor the sendetto estimatethe networkcondition. Those
arethe expectednumberof packetssentfrom the sener be-
tweentwo RTCP packetsaandthe numberof packetgeceved.
With whichthesendercaneasilyderive the packetiossproba-
bility. The sendewobtainstheobsenedRTT valueby subtract-
ing thetimestampof the Sender Report from thereception
time of the Recei ver Report. Then,theestimatedRTT is
derived by applyingthe smoothingalgorithmof Jacobsors to
theobseredRTTSs.

I1l. EVALUATION OF MPEG-TFRCP

In this section,we evaluatethe practicality of our MPEG-
TFRCPby comparingsomevariantsof MPEG-TFRCHor the
MPEG videotransfersystemimplementedn thesmallscaled
network. The comparisonis performedin termsof the rate
variationof TCPandMPEG-TFRCPsession®bseredonthe
link usingt cpdunp, the packetloss probability andthe per
ceivedvideoquality quantifiedoy MOS (MeanOpinionScore)
evaluation.

In the casewhereboth TCP and UDP sessiondransferthe
samevideo streamin our systemthe resultantrate variations
measureat therecever sidesareshowvn in Fig. 6. Thosetwo
sessionsransfertheidenticalvideo streamof the averagerate
5.25Mbps(SeeFig. 2. Quantizeiscale=1237.28dB). Theex-
perimenttime on anx-axisis expressedn a unit of GoPtime,
i.e. GoPsize/framerate=30/29.97=1.004ec,and zerocorre-
spondsto the startof the UDP session.In this experimental
ervironment,we obsere thataverageRTT is about30 msec.
It is obvious that the throughputof TCP drasticallydeterio-
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ratesasthe UDP sessiorstartssendingthe videodata. Onthe
otherhand the UDP sessioroccupiesmuchportionof thelink
bandwidthandfreely transfersthe video dataat the desirable
rate. Theaveragedhroughpubf TCPis 2.27Mbpsandthatof
UDP is 5.25Mbps. Thenthe percevedvideo quality in terms
of MOSis high, 4.25.

A. Original MPEG-TFRCP

First, we investigatethe practicality of our MPEG-TFRCP
originally proposedin [9, 10] in the actual systemerviron-
ment. Figure 7 shavs the experimentakresultwhereTCP and
MPEG-TFRCPsessiongompetefor the bandwidth.It canbe
obseredthatthe MPEG-TFRCPconnectiorregulatesits data
sendingrate during the sessionand the degradationof TCP
performancebecomesmallerthanwhenwe useUDP. How-
ever, the obtainedresultseemgyuite differentfrom the simu-
lation resultin Fig. 3. Frequentand considerabldluctuation
of MPEG-TFRCPrateis dueto the high packetloss proba-
bility causedby the aggressie rate increase. Fig. 8 depicts
the packetiossprobability p (“loss”), thetamgetrater; (“target
rate”) determinedby (1) and (2), and the averagevideo rate
selectedor transmissior(“video rate”). The MPEG-TFRCP
sendedoublesits datasendingrateduring a loss-freeperiod.
As it encountergacketlosses,it suddenlyshrinksthe send-
ing ratebecaus¢helossprobabilityis high dueto the network
congestiortausedy itself. Althoughnotshovnin figuresthe
perceved video quality alsovariesasthe video rate changes.
Especiallywhencongestioroccurs the high packetiossprob-
ability leadsto decreasedarget rate far belov the minimum
video rate, and no picture can be displayedat the recever.
Herewe shouldnotethatthe MPEG-TFRCPsendeffirst sends
asmuchdataaspossible thenstopsvideotransmissiorwhen
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the“video rate” is higherthan“targetrate”. For thosereasons,
the subjectve video quality of the original MPEG-TFRCPin
termsof MOSis only 1.25.

B. Variants for rate determination

In this subsectiongconsideringsuddenand aggressie rate
increase causesnetwork congestionas shavn in Subsec-
tion lllI-A, we investigateinto variantsin rate determination
algorithmswhich arenon-aggresse.

The previous work [10] proposesan alternatve for (2),
which imitatesTCP’swindow-basedlow control.

MTU x ],‘,1

RTTT 3
With this new algorithm,the additive rateincreaseasin TCP’s
congestioravoidancephasecanbe performedin our MPEG-
TFRCP We call this algorithmasEAI (Equation-baseédddi-
tive Increase).

The experimentalresult of EAl MPEG-TFRCPalgorithm
is depictedin Fig. 9. As shown in this figure, the sending
rate considerablyoscillates,becausehe rate increaseis un-
expectedlyaggressie. It is sometimegmore aggressie than
theoriginalalgorithmdueto smallRTT values.Asin (3),RTT
dominatesthe degree of rateincrease. If the obsered RTT
is stableand large enoughasin the simulation ervironment
in [10], the EAI algorithmcontritutesto smoothemate vari-
ation. However, in the actualsystemwhereRTT is relatively
smallandoftenchangesthe EAI algorithmprovidesunprefer
ableresults.

An alternatve algorithm for an additive rate increaseis
Quantizerscale-based\dditive Increase(QAIl). The QAI is
basednthe MPEG-2codingalgorithm. It increaseshesend-
ing rate with regardto, not r;, but the quantizerscale. It is

Ty = Ti—1 pr:0
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initially setat 60, with which the perceved video quality is
worstandthevideorateis lowest(Fig. 2). Then,thequantizer
scaleis decreasebly two aslong asnolossis obseredduring

eachcontrolinterval.

We shav the experimentalresultusingQAlI MPEG-TFRCP
algorithmin Fig. 10. It canbe obseredthatboththe degrada-
tion of TCPperformancendtheratevariationbecomesmaller
thanthat of the original MPEG-TFRCP However, the aver-
agethroughputof TCP becomest.29 Mbps, whereashat of
MPEG-TFRCHs 2.34Mbps. Thatis, this methodis far from
TCP-friendly Thesubjectve videoquality of QAI is 2.50and
much smallerthan that of UDP, 4.25. We found that QAI
MPEG-TFRCPdoesnot attainhigh-qualityand TCP-friendly
videotransfer

0 50 100

C. Variantsin packet loss probability derivation

As evaluatedin the previous section, changing a rate-
increasamechanisnaloneis not helpful to accomplistthede-
sirablecontrol. In this section,we investigatean alternatve
way for derivation of the packetlossprobabilityp. Originally,
it is derived by dividing the numberof lost packetsby that of
transmittedpacketswithin eachcontrolinterval. As a result,
MPEG-TFRCPreactsso quickly againstthe short-termcon-
gestionthatit leadsto the extremeratefluctuation.In addition,
accordingto its assumptionthe networkconditionshouldbe
stablefor (1) to accuratelyestimatethe TCP throughput.One
candidatesuitableto beappliedto (1) is to calculatethe packet
lossprobabilityover longerinterval; anextremecasefrom the
beginning of the session.

the total number of lost packets

(4)

Figure 11l indicatesthe experimentalresultof EAl MPEG-
TFRCPwith cumulatize packetloss probability (‘EAI-CL").
As describedn Subsectionll-B, the EAI algorithmleadsto
the aggressie rate increasein our system,the considerable
amountof packetsare lost at the beginning and the packet
lossprobability stayshigh persistently In consequenceysers
areforcedto wait long time until they receve the satisfactory
videopresentation.

To avoid the unpreferableaffect of the initial condition,
the sendingrate of MPEG-TFRCPshouldbe initially small
enoughandthengraduallyincreasedleadingto QAlI MPEG-
TFRCPwith cumulative packetloss probability (“QAI-CL").
The experimentalresultof QAI-CL is shavn in Fig. 12. As

pi= the total number of transmitted packets
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shavnin thisfigure,theratevariationbecomeselatively small
andthe video quality is improved, MOS value of 3.00. Fur-
ther, the averagethroughputsof TCP and our QAI-CL are
3.70Mbpsand2.97 Mbps, respectrely, andthe TCP-friendly
controlis reasonablyaccomplishedHowever, ratherlongtime
haspassedeforethe sendingrate and the estimatedpacket
lossprobability becomestable.

200 250 300

D. Variantsin control interval

In orderto attainthe effective rate control, the durationof
controlintenal I; (Fig. 1) mustbe carefully determined.For
example whenthecontrolinterval is tooshort,thesendingate
fluctuatesenormoushby thefrequentratecontrol,andtheper
ceivedvideoquality alsobecomesinstable Conversely in the
caseof the longerintenal, the fairnesswith TCP connection
cannotbe accomplishedbecauseideo applicationscannotre-
act changesf the network condition. In addition, sincethe
perceved video quality graduallyincreasesvith our QAI-CL
MPEG-TFRCPmechanisma smallerinterval is preferred.

The resultsare summarizedn Table| for several settings
of controlinterval suchas 8-RTT, 16-RTT, 64-RTT and 96-
RTT, in MPEG-TFRCPwith QAI-CL. Table| demonstrates
thatfrequentcontrolachievescomparatiely highfriendliness.
However, the frequentrate control introducesa greatvaria-
tion of the video quality, andthe subjectve video quality by
MOS evaluationbecomesworse. On the other hand, by the
longer control interval, not only the friendlinessbut the sub-
jective videoqualitybecomesvorse.Thisis becaus¢hevideo
applicationcannotfollow the networkconditionandtransmit
thevideodataof the undesirableyuality. Further astheinter
val becomedonger userswait longertime for the satisfactory
video presentation.

From those results, we conclude that either 16-RTT or
32-RTIT control interval is preferablein our systemin order
thatour MPEG-TFRCPconnectiorrecevesthe almostsame
throughputasa TCP connectiorandthe percevedvideoqual-
ity becomesigh andstable.

IV. CONCLUSION

In this paperwe have implementedMPEG-TFRCPsuitable
for videotransfer andthenevaluatedits practicality Through
several considerationsand experiments,we have shavn that
it is appropriatefor real-timevideo applicationsto apply our
rate control algorithm, MPEG-TFRCPwith QAI-CL, where
sendingrateis graduallyincreasedy quantizerscalecontrol

TABLE |
RESULTSOF SEVERAL SETTINGSOF CONTROL INTERVAL

Throughput{Mbps) e MOS

TFRCP‘ TCP riendliness| ygiye
8-RTT 3.10 3.53 0.878 2.25
16-RTT 2.87 3.71 0.774 3.25
32-RTT 2.97 3.70 0.802 3.00
64-RTT 251 4.06 0.618 3.33
96-RTT 2.33 4.29 0.543 2.50

andthe packetlossprobability is cumulatively estimated We
canachiese high-qualityandstableTCP-friendlyvideotrans-
fer whenvideo rateis regulatedat a control intenval of 16 or
32timesaslongasRTT.

Although resultsare not shovn in the paperdueto space
limitation, we appliedour QAI-CL MPEG-TFRCRotheother
sequencesincluding basketgame,animationand news, and
verify our conclusion. Our resultsmight be different from
oneson ary otheroperatingsystemssuchasWindows andSo-
laris with differentcharacteristic®f the UDP/TCPtransmis-
sion software.Neverthelessye will be ableto obtainsimilar
resultsbecauset is network conditions(RTT, packetlosses,
and so on) that hasconsiderablenfluenceon the control of
MPEG-TFRCPwhich we have investigatedn this work.

However, we leave severalissuedor futureresearch First,
we mustinvestigatdts practicalityto thelarger networkwhere
greatnumberof connectiongo-eists andthey leave andjoin
during sessions. Second,we should considerthe variation
of RTT. In the experimentationspbsered RTT considerably
changes.Then,the perceved video quality becomesunstable
anddeteriorates.
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