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 ABSTRACT
In contrast to classical assumptions in Video on Demand (VoD) research, the main requirements for VoD in the Internet are adap-
tiveness, support of heterogeneity, and last not least high scalability. Hierarchically layered video encoding is particularly well
suited to deal with adaptiveness and heterogeneity support for video streaming. A distributed caching architecture is key to a scal-
able VoD solution in the Internet. Thus, the combination of caching and layered video streaming is promising for an Internet VoD
system, yet, requires thoughts about some new issues and challenges, e.g., how to keep layered transmissions TCP-friendly. In this
paper, we investigate one particular of these issues: how can a TCP-friendly transmission exploit its fair share of network
resources taking into account that the constrained granularity of layer encoded video inhibits an exact adaptation to actual trans-
mission rates. We present a new technique that makes use of retransmissions of missing segments for a cached layered video to
claim the fair share within a TCP-friendly session. Based on simulative experiments the potential and applicability of the tech-
nique, which we also call fair share claiming is shown. Moreover, a design for the integration of fair share claiming in streaming
applications which are supported by caching is devised.

Keywords: Video on Demand, Wide-Area Caching Architecture, TCP-friendly, Layer Encoded Video

1  INTRODUCTION

1.1  Motivation
In the last few years,the Internethasexperiencedan increasingamountof traffic stemmingfrom the useof multimedia

applicationswhich useaudio and video streaming[11]. This increasewill continueand even be reinforcedsinceaccess
technologieslike ADSL and cablemodemsenableresidentialusersto receive high bandwidthmultimediastreams.One
specificapplicationwhich will beenabledby futureaccesstechnologiesis Videoon Demand(VoD). VoD allows clientsto
watcha largevarietyof videocontentvia the Internet,from small videoclips up to movies.Onetypeof VoD is TrueVoD
(TVoD) [10] which allows usersto watch a certainvideo at any desiredpoint in time and, in addition,offers the same
functionality asa standardVCR (fastforward, rewind, pause,stop).The challengesof providing TVoD in the Internetare
manifoldandrequiretheorchestrationof differenttechnologies.Someof thesetechnologieslike videoencodingarefairly
well understoodandestablished.Othertechnologieslike thedistribution andcachingof videocontentandtheadaptationof
streaming mechanisms to the current network situation and user preferences are still under investigation.

Existingwork on TVoD hasshown cachesto beextremelyimportantwith respectto scalability, from network aswell as
from videoservers’perspective [5]. Scalability, of course,is apremierissueif aTVoD systemis consideredto beusedin the
global Internet. Yet, simply reusingconceptsfrom normalInternetWebcachingis not sufficient to suit thespecialneedsof
video content since, e.g., popularity life cycles can be very different [6].

Besidesscalability, it is very importantfor an InternetTVoD systemto take into accountthe “social” rules implied by
TCP’s cooperative resourcemanagementmodel, i.e., to be adaptive in the face of an (incipient) network congestion.
Therefore,the streamingmechanismsof an InternetTVoD systemneedto incorporateend-to-endcongestioncontrol to
preventunfairnessagainstTCP-basedtraffic andincreasetheoverall utilization of thenetwork. Notethattraditionallyvideo
streamingmechanismsrely on open-loopcontrolmechanisms,i.e.,on explicit reservationandallocationof resources.As it
is debatablewhethersuchmechanismswill ever beusedin theglobalInternet,e.g.,in theform of RSVP/IntServ[1], we do
not assumethesebut build uponthecurrentbest-effort servicemodelof the Internetwhich is basedon closed-loopcontrol
exertedby TCP-like congestioncontrol.Yet,sincevideotransmissionsneedto bepacedat their “natural” rate,adaptiveness
canonly beintegratedinto streamingmechanismsin theform of qualitydegradationandnotby “shifting” traffic in thetime
domainasfor elastictraffic like, e.g.,FTP transfers.An elegant way of introducingadaptivenessinto streamingis to use
layeredvideo encodings[9] asit allows to drop segments(the transferunits) of the video in a controlledway without the
high computational effort of, e.g., adaptive encodings as described in [21].
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However, while the combinationof cachingand adaptive streamingpromisesa scalableand “Internet-conform”TVoD
systemit alsocreatesnew challengesfor the designof sucha system.Oneparticularissueis that video contentcanonly be
cachedin the form as it hasbeentransmitted,i.e., it potentially consistsof successive “steps” of different quality levels
correspondingto thedifferentlayers.For subsequentrequestsfor thatvideoa decisionmustbemadewhethersegmentsfrom
missinglayersareretransmittedandif so,which ones,or if someof the cachedsegmentsarediscarded.The schedulingof
theseretransmissionsaffectstheperceivedquality of thecachedvideocontentin a significantway sinceit is very important
thatquality variationsareminimizedasthey aredisturbingfor users[4]. In precedingwork [25] we developedandcompared
different retransmissionschedulingalgorithmsthat meetusers’demandsto watch high quality video with relatively little
quality variations.In this paper, we focuson how to performthesescheduledretransmissionsin combinationwith a TCP-
friendly transmissionmethodby claimingthefair sharefor theTCP-friendlysession.Transmittinga layerencodedvideoin a
TCP-friendly mannerwould not always result in the casethat the sessionclaims its fair shareof network resources.We
proposea mechanism,calledfair shareclaiming(FSC),which combinesthetransmissionof a layerencodedvideoandsome
additional data, resulting in the utilization of the fair share a session is entitled to.

1.2  Outline
After this motivation,we briefly want to introducethebasiccomponentsof our overall approachtowardsscalableadaptive

video streamingin the Internet.In Section3, we presentthe initial ideaof fair shareclaiming (FSC)that makesuseof the
additionalbandwidththat is not claimedby thelayerencodedvideowithout breakingthecooperative rulesimplied by TCP’s
resourceallocationmodel.We demonstratethe applicability of this approachby simulationsin a 3-stepbasedsimulation
environment. In Section4, we demonstratehow FSC can be integratedinto a streamingapplicationby using and partly
extendingalreadyexistingprotocols.In Section6, wesummarizeourfindings,draw someconclusionsandgiveabrief outlook
to future work.

2  SCALABLE ADAPTIVE STREAMING (SAS)

2.1  Scalability - Caching
As with traditionalwebcaches,cachesfor TVoD systemsallow to storecontentcloserto users,reducelatency, aswell as

server andnetwork loadandincreasethesystem’s fault tolerance.Yet, in contrastto webcachesthecharacteristicsof thedata
to bestoredarevery different.High quality videofiles aremuchlarger thanmostwebpagesandthereforedifferentcaching
strategiesareusedin cachesfor VoD systems.Furthermore,thedistribution processfor videofiles is complicatedby thefact
that the transmission is much more time and bandwidth consuming. Thus store-and-forward approaches can not be applied.

Let us briefly describeour video cachingarchitecture.As cachingmethodwe employ so-calledwrite-throughcaching* .
With write-throughcachinga requestedstreamis forwarded“through” the proxy cacheto the clientsand the proxy cache
storesthe streamon its local cacheif a positive decisionis madeby the cachereplacementstrategy. Subsequentclientscan
then be served from the proxy cache(seeFigure1). This techniquereducesthe overall network load in a TVoD system
comparedto a methodwherethevideo is transportedto thecachein a separatestreamusinga reliabletransmissionprotocol
(e.g.,TCP) [3]. On theotherhand,write-throughcachingrequiresa reliabletransportprotocolto recover from packet losses.
In [23], we presentthe designand implementationof sucha protocol, called Loss Collection RTP (LC-RTP), which fits
particularlywell in a TVoD architecture.It provideslosslesstransmissionof AV contentinto cacheserversandconcurrently,
lossy real-timedelivery to end-users.It achieves reliability by retransmission.The traffic increaseis minimal becausethe
transmission of the AV content and any caching will take place while the end-user is served.

2.2  Adaptiveness - Layered Video
Enablingcongestioncontrol for streamingapplicationsrequiresquality adaptationin contrastto elasticapplicationsthat

allow a reducedtransmissionspeed.However, this quality adaptationdoesnot solely serve congestioncontrol purposesbut
alsosatisfiestheneedsof thelargevarietyof heterogeneousclientsthatexist in theInternet.Layeredvideo,i.e., videothat is
encodedin baseandenhancementlayerswhich have hierarchicalrelationships,representsa suitablemethodto allow for this
quality adaptationalthoughthereareotheralternativeslike adaptive encodingor switchingbetweendifferentencodings.Yet,
thelatterarelessattractive for cachingpurposessincethey donotpossessthesubsetrelationshipof layeredencodingandthus

*. Adopted terminology from memory hierarchies.
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leadto transmissionswhicharedifficult to cache.Figure2 illustrateshow alayeredvideomightbestoredonacacheafterits
initial (congestion controlled) transmission.

Obviously, thecachedcopy of thevideoexhibitsapotentiallylargenumberof missingsegmentsfrom differentlayers.The
exact “shape”of a cachedvideo contentis a function of the congestioncontrol mechanismbeingused.Therehave been
severalproposalshow to achieve TCP-friendlycongestioncontrolusinglayeredvideo transmissions,e.g.,[16] or [2]. Our
focushereis on how retransmissionschedulingcanbe incorporatedin TCP-friendlylayerencodedvideo transmissionsby
claiming the fair share for the TCP-friendly session.

3  FAIR SHARE CLAIMING (FSC)
In this sectionwe will presentour ideaof the fair shareclaimingmechanismthatmakesuseof theadditionalbandwidth

that is not claimedby thelayerencodedvideowithout breakingthecooperative rulesimplied by TCP’s resourceallocation
model.After adetaileddescriptionof theFSCmechanismin Section3.1thesimulationenvironmentfor FSCis presentedin
Section 3.2 and finally the simulation results are shown in Section 3.3.

3.1  TCP-friendly Streaming
It is not our purposeto develop new TCP-friendlymechanismsfor streaming.In recentyearsseveral protocolsfor the

transportof non-TCPtraffic with TCP-friendly congestioncontrol were developed.Widmer et al. have publishedan
overview of theapproaches[22]. To beapplicablefor streamingover theInternettheseprotocolshave to meetthefollowing
requirements:

• Rate oscillations should be kept to a minimum
• Modificationto thenetwork infrastructureshouldbeprevented(e.g.theprotocolstackin therouters

can stay as it is).
Fromour observationsandtheclassificationpresentedby Widmeret al. [22], TCP-friendly Rate Control (TFRC) is very

promisingasaTCP-friendlyprotocolfor unicaststreaming[2]. It is aratebasedcongestioncontrolprotocolwith goodTCP-
friendliness.Themainadvantagein combinationwith A/V streamingis that therateis smoothin thesteady-statecaseand
thereforeapplicationsthatrely on a fairly constantsendingratearesupported.In addition,theprotocolis end-to-endwhich
doesnot requireany modificationsto the network infrastructure.The major drawback of TFRC is its lack of multicast

Figure 1: Video distribution.
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Figure 2: Initial cached video quality.
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support. The sending rate in TFRC is adjusted to a TCP equation that is based on the loss rate which is transmitted from the
receiver to the sender once per round-trip time. In addition it uses slow-start at start-up and for loss recovery.

Transmitting a layer encoded video with the maximum rate that TFRC would allow does not always make sense. If, e.g.,
the possible transmission rate would be much higher than the actual rate needed for the video, the receiver might need a large
buffer to store segments until their playout time is reached. Rate changes in TFRC will not always result in a rate change for
the layer encoded video because changes might occur too often and the encoding format will only provide a certain amount
of different layers resulting in a finite amount of possible transmission rates. This can result in a situation where the actual
possible transmission rate (determined by the TFRC algorithm) and the rate constituted by the sum of several layers might
differ. We choose the following example to illustrate the problem in more detail: Let us assume a layer encoded video that
consists of up to three layers, each requiring a constant transmission rate of 0.5 Mbit/s that should be transmitted in a TCP-
friendly manner via TFRC. At a certain point in time during the transmission the TFRC algorithm determines a maximum
possible transmission rate of 1.3 MBit/s. This would allow a transmission of two layers of the layer encoded video whereas
0.3 MBit/s would be wasted if the video would not be transmitted faster than necessary and an additional third layer can not
be transmitted because this would require a TFRC rate of at least 1.5 MBit/s. Using the additional bandwidth is the fair share
that may be claimed by a corresponding TCP session, yet due to the inelastic and discrete nature of layer encoded video it
cannot be claimed. Nevertheless if we find some data to fill this gap we could claim our fair share without breaking the
cooperative rules implied by TCP’s resource allocation model. Figure 3 depicts an example TCP-friendly layered video
transmission. The creation of the TFRC trace is explained in more detail in Section 3.2. In this example scenario the
transmission rate for the layer encoded video is only increased in case that the rate determined by the TFRC mechanism
would allow the transmission of an additional layer. If this is not the case the additional bandwidth (marked hatched in
Figure 3) could be used for the transmission of additional data. In the example shown in Figure 3 that would be an additional
142 MByte. This could be for example data like, e.g., management or statistical information that should be sent from the
origin server to the proxy cache. But in this paper, the focus is especially on the retransmission of missing segments of the
video that is currently streamed or videos that are already (but not completely) stored on the proxy cache to claim the fair
share for this TCP-friendly session. This techniques are referred to as in-band FSC for the former case and out-of-band FSC
for the latter. In [25], we already devised and analyzed different retransmission scheduling algorithms that could be used to
determine which of the missing segments should be transmitted. The following simulation shall shed some light on whether
the combination of both techniques (retransmission scheduling and FSC) is an appropriate method to improve the quality of
a cached layer encoded video. In the following we will present a simulation model to investigate the presented problem in
more detail.

3.2  Simulation
We split the simulation in three steps to create a scenario that represents the mechanisms presented in Section 3.1 and to

keep the simulation environment more generic:

• Creation of a TFRC trace.
• A possible layer encoded video transmission that is derived from the TFRC trace.
• Determination of segments that can be retransmitted due to spare bandwidth.

The fact that the creation of the TCP-friendly protocol traces is separated from the other two parts allows an exchange of
the TCP-friendly protocol without modification of the other parts. Each single part is explained in more detail in the
following sections.

Figure 3: Example layer encoded video transmission via TFRC
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3.2.1  Creation of TFRC traces
We decidedto performinvestigationsusingns-2† becausea TFRCmodelis alreadyincludedandns-2allows usto create

tracesthat canbe usedasa basisfor the secondsimulationstep.With the simulationarchitectureshown in Figure4 we
modelascenariofor thedistribution techniqueswedescribein thispaper. Thesimulationarchitectureconsistsof 2 routers,2
sendersand2 receivers.The routersR1 andR2 areconnectedvia a duplex link (L1) that hasa bandwidthcapacityof 15
Mbps anda delayof 100 ms. This representsa scenariothat consistsof an origin server S1 anda proxy cachePC1that
cachesvideostreamsandforwardsthemto requestingclients.To modelcompetingweb-like traffic betweenS2andE1 we
useON/OFFsourcesasproposedby Floyd etal. [2]. In additionthereis aTCPsessionbetweenS2andE1whichservesasa
referencein order to observe the TCP-friendlinessof TFRC. It is active throughoutthe entire simulation.The ON/OFF
sourcesarealsoenabledduringthewholesimulation.Onelong-lastingTFRCstream,representingthelayerencodedvideo
transmission,is initiated at simulationstart.A singlesimulationlastsfor 400 seconds.The traceshown in Figure3 was
generated with the method described here.

3.2.2  Layer encoded video transmission
In thesimulations,we presumelayerencodedvideosthatcanconsistof up to threelayers.Here,we assumewithout loss

of generalitythatall layersareof equalsize,CBR encodedandthereforerequireanidenticaltransmissionrate,which is 0.5
MBit/s for thesesimulations.To createa layerencodedvideotransmissionaTFRCtracecreatedby themethodsdescribedin
Section3.2.1is usedasthestartingpoint.We implementeda smallC++ programthatscansthebandwidthfor eachentryof
theTRFCtraceanddeterminestheamountof layersthatcanbetransmittedbasedon theTFRCbandwidth.Theratefor the
layerencodedvideotransmissionin Figure3 wasgeneratedin thisway. It mustbestatedherethatthestrategy for increasing
or decreasingoneof thelayersis verysimpleandshouldbesubjectto furtherinvestigations.E.g.,amoreintelligentstrategy
mightalsocontributeto asmoothertransmissionof thevideo.During theexecutionof thisprogramanadditionallist is built
thatstoresinformationaboutthesparebandwidththat is availablefor the transmissionof additionaldata.For theexample
shown in Figure3 at163.2secondsasparebandwidthof 452000Bit/s wouldbedetermined.Thesimulationis discretesince
the TFRC tracehasa resolutionof 0.2 seconds.This restrictionhad to be madeto keepthe overall simulationeffort in
reasonablelimits. Theerrorthatis introducedby thissimplificationis negligible sincethedelayfor thelink betweenR1and
R2 is 100msandthereforetheRTT is at least200msthusleadingto thefactthattwo consecutive ratechangeswill neverbe
less than 200 ms apart.

3.2.3  Retransmission
To investigate retransmissionschedulingin layered video cachesin more detailed we already built a simulation

environment that is describedin more detail in [25]. In contrastto the simulationspresentedherean instanceof layer
encodedvideowascreatedrandomly. Theavailablebandwidthfor retransmissionswasconstantfor a singlesimulationand
wasonly modifiedto comparethebehavior of the retransmissionschedulingalgorithmsin relationto differentamountsof
available bandwidth.For the simulationsin this paperthe bandwidthfor retransmissionscan changein eachstepof the
simulation. For this reason the simulation environment had to be changed in two respects:

• For eachstepin thesimulationtheavailablebandwidthfor the retransmissionof missingsegments
must be calculated.This is performedwith the aid of the list generatedby the simulation tool
describedin Section3.2.2 that containsinformationaboutthe availablebandwidthfor retransmis-
sions at a certain point in time.

†. http://www.isi.edu/nsnam/ns/

Figure 4: Simulation architecture
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• If retransmissions are performed for the simultaneously streamed video the retransmission schedul-
ing algorithm can only regard the already transmitted part of the video. This is in contrast to our ear-
lier work where we assumed that the complete instance of a cached layer encoded video is known.

In Figure 5, a comprising overview of the three simulation steps is given.

3.3  Simulative Experiments
We generated two different kinds of simulations, one for in-band and one for out-of-band FSC. The latter were performed

to compare our algorithm [25] against the algorithm presented in [17] (For easier identification of both algorithm we refer to
them as unrestricted and restricted, respectively). Since the latter looks always a certain amount of time ahead of the current
playout to determine segments for retransmission it is not applicable for in-band FSC.

3.3.1  In-band FSC
The result of the in-band FSC simulation is depicted in Figure 6. It shows how the quality of a layer encoded video on a

proxy cache can be improved with the aid of the FSC technique. In this specific scenario it was possible to add an additional
layer for more than half of the length of the complete video. Thus the next client that requests this video from the proxy
cache will have the chance to receive it in a significantly better quality than the first client. Unfortunately, there is a small gap
for layer 2 between the 200th and 250th second that increases the quality of the cached content. One possible solution to
close this gap would be the usage of the out-of-band FSC technique (during the transmission of some other video). To reduce
the amount of layer changes the caching strategy on the proxy cache might decide to delete the short amount of the third
layer that was cached due to the peak of the TFRC around 5 seconds after the transmission started.

3.3.2  Out-of-band FSC
The out-of-band FSC simulation was performed in a slightly different way than the in-band simulation. This is due to the

fact that segments for an already cached video are retransmitted. To be able to compare the results of this simulation with the
results of the in-band simulation we assumed that the cached video has the same layout as the layered video trace in
Figure 6. I.e., we assume the same initial transmission as in the in-band simulation but without any retransmission for this
specific video. This will allow us to compare the quality improvement between the in-band and out-of-band technique in the
unrestricted case. Since the “layout” of the video is now completely known both algorithms restricted and unrestricted can
be applied. We generated a second TFRC trace which determines how much additional bandwidth is available for the

ns-2 Simulation LEV Generator
Retransmission

Scheduling
TFRC Trace LEV, spare BW list

Figure 5: Simulation sequence
LEV = Layer Encoded

Figure 6: Result of an in-band FSC simulation
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retransmission of missing segments. The result of this simulation which is depicted in Figure 7 clearly shows the
disadvantages of the restricted algorithm. Caused by the fact that only missing segments ahead of time from the actual
playout point are regarded for retransmission only small chunks of the missing segments can be retransmitted (the black
boxes in Figure 7 only appear as boxes due to the low resolution of the plot). The problem of the restricted algorithm is
shown in more detail in the zoomed out part of Figure 7 that represents an enlarged part of the out-of-band FSC simulation
for this algorithm. The high frequency of layer changes will be very annoying for the client who is currently watching the
video. In contrast to the restricted algorithm the result of the unrestricted algorithm is that the quality of the video is
enhanced by one layer in one contiguous segment which in this specific case does not lead to additional layer changes
compared to the initially cached video. The difference in the amount of retransmitted segments in comparison to the in-band
simulation (see Figure 6) is caused by the fact that the amount of spare bandwidth that is available for retransmission is
higher in the in-band case.

3.3.3  Influence of number of layers
It is obvious that the amount of bandwidth that is available for retransmission will decrease with an increasing number of

layers caused by a higher adaptiveness to the bandwidth determined by TFRC. With this simulation we wanted to investigate
the dependency between the number of layers of a layer encoded video and the resulting amount of bandwidth for
retransmissions. In the simulation we always used the same TFRC trace and varied the number of layers between 2 and 20.
Increasing the number of layers does not increase the maximum bandwidth of the layer encoded video, rather the bandwidth
of each single layer is decreased. This had to be done to be able to compare the results of each single simulation. Figure 8
presents the result of the simulations which shows the percentage of the overall capacity of the TFRC trace that can be used
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for retransmissions.The result statesour assumptionthat the additionalcapacitywill decreasewith an increasinglayer
granularity. But even with a high number of layers there is still capacity for retransmissions available.

4  IMPLEMENTATION DESIGN FOR FSC
In this section,we presentthe designfor an implementationof the FSC techniquewhich shouldbe basedon already

existing,standardizedandif possiblewell establishedprotocolsandtechniques.However, thathasnot alwaysbeenpossible
which is mainly due to the fact that the proposedTCP-friendly mechanismsrequiressomesignificant changesof the
protocol behavior. Nevertheless,the designshouldonly requiremodificationsat origin server and proxy cacheto allow
standardclients in this architecture.In general,we distinguishbetweenthe transmissionof time critical data(the actual
streamthatis transmitted)andtimeuncriticaldata(segmentsfor retransmission).It is theoverallgoalof thissectionto show
that FSC can be reasonably integrated in streaming applications.

4.1  Protocol Suite
Themostcommonapproachfor audioandvideostreamingis theusageof RTP‡ overUDPastransportprotocols.It is well

known that this approachlacks an appropriatecongestioncontrol mechanismand might causeproblemslike congestion
collapseif theamountof audioandvideostreamsfurtherincreases.Thatis exactlywhy differentvariationsof TCP-friendly
protocolshave beendevelopedthatshouldavoid theoccurrenceof suchproblemsin thebest-effort Internet.As mentioned
beforeTFRC is oneof theseprotocolsand in Section3.1 we alreadystatedwhy we favor it asa protocol for streaming
environments.Another advantageis that the TFRC mechanismscan be integratedinto the RTP protocol and thus the
introductionof acompletelynew protocolin thestreamingprotocolsuiteis notnecessary. This integrationhastheadditional
benefitthatno modificationsto UDP mustbemadeandthereforepossiblekernelmodificationscanbeavoided.To enable
TFRC functionality in RTP somenew headerinformationsare needed(seeFigure9) and part of the overall protocol
behavior mustbechanged.Fortunatelytwo of theadditionallyneededheaderfieldsarealreadycontainedin theRTPheader,
sequencenumberand time stamp,respectively. The additionalfields shown in Figure9 mustbe put in the RTP extension
header. The receiver reportsneededby TFRC can be transportedby the application specificinformation in the RTCP
receiver reports.Thefrequency of RTCPreceiver reportsmustbehighly increasedsinceTFRCrequiresto sendthesereports
everyRTT. Sinceweenvisiononly unicasttransmissionsofar in ourarchitecturethehigheramountof reportsshouldneither
restrict the raw data transmission nor cause an ACK implosion.

Rathercomplicatedis the identificationof missingsegmentsof a layer encodedvideo that shouldbe retransmitted.One
could imaginethat missingsegmentscould be easily identifiedby the RTP sequencenumberbut this is not true in every
case.Thesequencenumberof anRTPpacketwouldonly behelpful if thedatawouldbestoredasRTPpacketson theorigin
server’s disk, becausethe simpleinformationof a sequencenumberwould not be sufficient to identify the relatedpart of,
e.g., a file that containsan MPEG-1 video wherethe packet length can vary (wire format and storageformat must not
necessarilybe identical).In the caseof LC-RTP the lossrecognitionis realizedby a bytecountwhich is includedin each
RTP header. The byte countrepresentsthe actualbyte positionof the datathat is includedin the RTP packet. Eachserver
implementationhasto transformthebytecountvalueinto its own file indexing information.As a consequenceit is possible
to have differentfile layoutson thesender- andreceiver side.For exampleoneserver implementationstoresthefile asraw
dataandanotherstoressomeheaderinformationwith it. A legal wayof insertingthebytecountinto theRTPheaderandnot
into thepayloadis theuseof theextensionheaderof RTP. With theaidof thebytecountlossescanbeexactly identified,the

‡. For reasons of simplicity we only mention RTP but always mean RTP and RTCP.

Figure 8:Relative additional capacity for retransmissions
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receiver can maintain a list of losses and the lost segments can be requested from the sender at another point in time. If lost
segments should be retransmitted during the streaming session the RTCP application specific header can be used to send the
loss lists from the receiver to the sender. Should the retransmission be performed out of band, a TCP connection would be
sufficient to transmit the loss lists to the sender. Since there exist now two cases that require an RTP extension header we
propose that in the case of FSC the RTP protocol should be used with an modified extension header as shown in Figure 10.

An additional issue is the multiplexing of the video stream and retransmitted segments over one RTP session. In this case
we can make use of RTP’s mixing functionality. Originally this functionality was thought to combine RTP streams from
different senders at a router into one RTP stream. We make use of this functionality in a slightly different way: In our
scenario no physically separated senders exist but the layer encoded video and the packets that should be retransmitted can
be regarded as two logical sources. Thus both streams** can be transmitted via one RTP stream whereas each stream is
assigned a different synchronizationsource identifier (SSRC). This technique allows the RTP receiver to correctly identify
each of the two streams and forward the packets to their correct destination. It might also be possible to mix more than two
streams with this mechanism but this is out of the scope for this work. To identify each SSRC correctly the receiver needs
additional information about the mapping between streams and SSRCs. The mapping information can be signaled to the
receiver with the aid of the private extensionsource description(SDES) item of an RTCP source description packet. This
type of RTCP packet contains a list of SSRCs and according SDES items. The private extensionitem is meant for
experimental or application specific use. The SDES privateextensionconsists of an itemidentifier, lengthinformation, prefix
length, prefix and value string (see Figure 11).

**. To simplify description the retransmission of segments is also described as a stream, although this is not techni-
cally correct.

bitrate

round trip time

Sender Receiver

Figure 9:Additional TFRC header fields
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0                   1                   2                   3
0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|      defined by profile       |           length              |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| rount trip time |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| bitrate |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| loss measurement round |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| mode |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| byte count |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|                        byte count |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Figure 10: RTP header extension
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The prefix string for this specific SDES item will be set to FSC to indicate that this information is related to the fair share
claiming technique. For the value string three different strings are defined so far:

This additional information allows the demultiplexing of the single sessions of an RTP stream and their correct
assignments to instances for further data processing. In Section 4.3 we will present how a correct data path could be
established with the aid of our Stream Handler (SH) [24] architecture.

4.2  Retransmission Signaling
As mentioned above it might be possible to perform in-band and out-of-band retransmission with FSC. With out-of-band

retransmission the respective video is already stored on the cache and one run of the retransmission scheduling algorithm
should be sufficient to generate a retransmission list. A simple TCP transmission from the receiver to the sender to send the
list of ordered missing segments should be sufficient. The sender stores this list and in the case of a retransmission request
uses this list to obtain information which segments of the original video should be retransmitted.

In the case of in-band retransmission the retransmission signaling must be handled in a different way. First of all the video
is not entirely transmitted to the cache. The retransmission scheduling algorithm can only make decisions based on the
already received part of the video. Thus the generated list of segments that should be retransmitted might change over time
and updates of the list that exists at the sender must be performed. To be able to perform this update we propose that the
initial list that is created by the retransmission scheduling algorithm is also stored on the receiver. Each time the algorithm is
performed again, the newly generated list and the stored list should be compared. If the differences reach a certain threshold
value (for a suitable metric that measures similarity between loss lists) a new list must be transmitted to the sender. The
determination of the threshold value for retransmission list updates goes beyond the scope of this paper and is an issue for
further research.

4.3  Stream Handler Extension
Our experience with the implementation of streaming applications showed us the need for a generic architecture to handle

continuous media streams. This became specifically clear during the development of our experimental KOM-Player platform
[24]. The platform is used for investigations on AV distribution systems and therefore has to offer support for different
encoding formats, transport protocols, but also distribution mechanisms under investigation. Such distribution mechanisms
may combine unicast and multicast distribution or may apply segmentation and reordering for efficient delivery. During the
initial implementation phase we quickly realized that a monolithic approach would not allow a simple integration of these
new distribution mechanisms. This led to our decision to build an environment that is based on a stream handler (SH)
architecture.

Value string Description

STREAM SSRC represents layer encoded video stream

INBAND SSRC represents a stream for retransmitted segments
that belong to the in parallel streamed layer encoded
video

OUTBAND SSRC represents a stream for retransmitted segments
that belong to an already cached video

Table 1: Value string parameters

0                   1                   2                   3
0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
| PRIV=8 | length | prefix length | prefix string ...
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
... | value string ...
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

Figure 11: Private extension SDES item
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In this section we will define the extensions that must be made in the stream handler architecture to support the FSC
technique. In our experimental VoD platform we developed server, proxy cache and a client all of which make use of the
stream handler architecture. Therefore, a great deal of stream handler modules have already been designed, implemented and
tested. To support FSC in our platform we try to reuse these elements and if necessary extend them or create new stream
handlers. First of all we show the modifications that have to be made to the already existing SHs and then we will present the
design of the new SHs.

4.3.1  RTP/RTCP and LC-RTP/LC-RTCP:
The RTP and RTCP functionality is combined in the RTP SH. The FSC technique requires extensions and modifications to

both RTP and RTCP as described in Section 4.1. For the multiplexing and demultiplexing functionality the RTP SH must be
able to receive data from more than one upstream SH (sender) and forward it to more than one down stream SH (sender) in
the case of out-of-band retransmission. This is not the case for in-band retransmission, since the byte count information of
LC-RTP defines the position of the retransmitted segment explicitly. Although only LC-RTP is used in the FSC case, the
extension should be made for both protocols since a) RTP is a basis for LC-RTP and b) the new functionality might also be
needed by RTP only. This will allow a separated development of RTP with TFRC mechanism and LC-RTP.

On both the sending and receiving parts, extension to provide TFRC functionality must be made, too. New fields must be
added to the extension header as depicted in Figure 10. The changes for RTCP are extensive since on one hand the format of
the RTCP receiver reports and on the other hand the timing for the transmission of these must be changed. The TFRC
specific information should be transported in application-specific information of an RTSP receiver report and should contain
the four fields shown in Figure 9. The timing for the receiver reports must be changed in a way that it is based on the RTT
information instead of the algorithm proposed in [20].

4.3.2  Packetizer and depacketizer
Several profiles for the transport of standardized audio and video formats in RTP exist [19]. So far no profile for the

transport of layer encoded video is defined, caused by the lack of a standard for this technique. Our experience with the
development of (de-)packetizers for several audio and video formats [24], have shown that building new SH for this purpose
is a rather simple task. Depending on what layer encoded video techniques should be supported it might be necessary to
build more than one SH. One of our future tasks is to investigate layer encoded video proposals with respect to the needs of
our system. If this work is done we will be able to decide which of the proposals should be supported and develop the
appropriate packetizer and depacketizer SHs. To describe the interaction between the SHs in more detail an example
scenario for in-band retransmission is shown in Figure 12. Whenever a RTP packet should be sent out on the network the
payload will be pulled from the Packetizer SH. With the report functionality of the SH architecture the RTPSink SH can
inform the Packetizer SH about the actual transmission rate. With the aid of this information the packetizer can build the two
different types of payloads. For the layer encoded video the rate information will also determine the number of layers that
should be transmitted. If the number of layers is known the packetizer can determine the resulting capacity that is available
for the retransmission of segments and determine which type of packet (layer encoded video or retransmitted segment) will
be handed to the RTPSink SH in the case of a pull request from the latter. With each payload the packetizer must also
provide the appropriate SSRC information which will allow the correct demultiplexing in the RTPSource SH at the receiver.

Origin Server Proxy Cache

Figure 12: Stream handlers scenario for in-band FSC
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5  RELATED WORK
Rejaie et al [15] and Saprilla et al [18] also present mechanisms that claim their fair share and support the transport of

layer encoded video. Both assume that the client has sufficient buffer to allow a transmission rate higher than the receivers
consumption rate. While the first approach is limited to CBR encoding the second also supports VBR layer encoding. In
contrast to the FSC mechanism we presented in this paper video transmission into proxy caches is not considered. Both
mechanism do not support the transmission of data that has already missed its deadline for the timely consumption at the
client and therefore do not offer any functionality to improve the quality of a video that is being cached or already stored on
a cache.

Another approach that supports scalable streams is presented by Law et al [8]. In this work the focus is mainly on server
efficiency and scalability. In comparison to our approach the quality is adapted due to the capabilities of the receiving client
rather than to network conditions. Their architecture does neither envision caches nor incorporate TCP-friendly streaming.

[7] considers the combination of caching and layered video, yet, the latter only for the support of heterogeneous clients but
not for congestion control purposes. Furthermore, the emphasis of their work is on optimal cache replacement decisions
viewed over all videos stored in a cache. We, however, assume a two-stage decision process where in the first stage a video
is selected for storage in a cache and then the retransmissions of missing segments are scheduled independent from the cache
status of other videos. While this represents a restricted problem it ensures that the overall problem still remains manageable.
Another difference in their work is the fact that missing segments of a certain layer a only streamed directly to the client in
contrast to our approach where the segments are transmitted to the proxy cache to achieve a quality improvement for more
than one client.

The work of Nelakuditi et al [12] and Rejaie et [17] is mainly concerned with quality improvement of layer encoded
videos and does not consider a fair share claiming technique. [12] present an approach where only server and clients are
involved and therefore the client requires sufficient buffer space to allow quality improvement of layer encoded video. Closer
to our work is the approach presented in [17] where also missing segments of a layer encoded video are retransmitted to
proxy caches in order to improve the quality of the cached videos. However, we extend their work by focussing on the
development and comparison of different retransmission scheduling algorithms which are more flexible and performing
better than the one presented in [17] as shown in Section 3.3.2. In contrast to our FSC algorithm an additional link for
retransmission is provided between the origin server and the proxy cache.

An architecture of video servers, caches and clients for layer encoded video is proposed in the work of Paknikar et al [13].
In contrast to our SAS proposal a single broker exists that handles all client requests and redirects them to the corresponding
cache. Even though the usage of a broker allows to reduce the complexity of the caches it has the disadvantage that in the
case of a broker failure the clients will not be able to request content.

Fine-granular-scalable video [14] that consists of a base layer and one enhancement layer which is coded in a way to
enable the transmission of video at any desired bitrate is very well suited for FSC. However it has not been shown (to our
best knowledge) that this proposed technique is usable in streaming applications since some of the encoding has to be
performed in real-time.

6  CONCLUSION AND FUTURE WORK
In this paper, we presented a new technique called FSC that allows to claim the fair share for TCP-friendly sessions for the

transmission of layer encoded videos in the case that proxy caches are involved. This technique bears the advantage that on
one hand these sessions actually will get their fair share of the link and on the other hand the quality of already cached videos
can be improved. We presented our overall scenario of scalable adaptive streaming and showed how FSC fits into it. In order
to prove the applicability of FSC we created a simulation environment that consists of three single simulation steps: Creation
of TFRC traces, layer encoded video transmission and retransmission scheduling. A series of simulations based on this
simulation environment were performed. The results of the simulations stated the applicability of FSC, especially, that in
combination with the retransmission scheduling algorithms we developed earlier a reasonable quality improvement for
already cached videos can be achieved. We have also shown that an other already existing retransmission scheduling
algorithm is not well suited for the proposed FSC technique. Additionally, we have shown how the proposed FSC technique
can be integrated in streaming applications by the extension of already existing protocols.

The approach is so far limited to unicast transmissions. In future work we will investigate how also multicast transmission
can be supported with the FSC approach. In the next step we will implement the presented design in our streaming platform
to be able to gain some information about how FSC performs in a “real world” scenario. An other interesting approach that
we would like to compare with FSC an investigate in more details is the one presented in [12] with the exception that in our
case proxy caches will be involved and the reordering an buffering will be performed at the proxy cache to keep the clients as
simple as possible.
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