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Abstract

We presentthe design,and preliminary performanceesults,for a systemthat transportsuncom-
pressedHDTV contentover IP networks. Our systemis motivatedby the growth in useof digital video,
and the ever increasingcapacityof local- and wide-arealnternetlinks. We aim to demonstrateéhe
feasibility of IP asa transportfor very high quality video, andto highlight areaswhereperformance
bottlenecksxist andfurther developmentis needed.To this end,our systemis constructedrom com-
modity componentsandwastestedover existing commercialP backbonenetworks. Performancevas
shawvn to be good,with the endsystembeingthe mainlimiting factor

1 Introduction

Thecorversionof broadcastelevisionfrom thelegag/ analogPAL andNTSCstandardso digital formathas
mary exciting implications.Thesencludethe possiblecorvergenceof television distribution andcomputer
network infrastructuresallowing interactve applications,andthe increasein quality possiblewith high

definitiondigital formats.

To date, the different aspectsof this corvergencehave beenstudiedin isolation: there hasbeenmuch
work onthetransporiof compressedtandardefinition TV over IP, andmuchwork definingprotocolsand
standardsor highdefinition TV (HDTV), but few have studiedthetransporiof HDTV over IP. In this paper
we presenpurinitial experimentswith asystemto deliver productionquality uncompressedDTV over IP
networks.

Why do we choseto deliver uncompresseiDTV? Several reasonsprimarily to maintainimagequality

andreducelateng. Thisis mostusefulin a productionfacility, whereimagedegradationdueto repeated
compressiortyclesis undesirablebut may alsobe appropriatefor very high quality telepresencapplica-

tions. Delivery of compressetiDTV, usingexisting MPEG-2over IP standardsinay be moreappropriate
for otherapplications.

The outline of this paperis asfollows: section2 coversbackgroundn HDTV technology protocolsfor
transportof videoover IP networks andnetwork performanceThis is followed, in section3 with adiscus-
sionof theoptionsfor protocoldevelopmentwith ourdesignbeingoutlinedin sectiord. Sections provides
preliminaryperformanceanalysisof our systemdemonstratingransmissiorof HDTV over awide-aredP
network, with section6 outlining directionsfor further development.Finally, we summarizerelatedwork
in section7, andprovide conclusions.



Format | PictureFormat| Ratio FrameRate
HDTV 1920x1080| 16:9 301, 30P 24P
HDTV 1280x720| 16:9 60R 30P 24P
SDTV 704x480| 16:9 | 301, 60P 30P 24P
SDTV 640x480| 4:3 | 30I,60R 30R 24P

Tablel: Pictureformatsfor digital televisions,definedby ATSC standardA/53.

2 Background

Thetelevision industryis in the procesof a major transformationfrom standardanalogPAL andNTSC
systemgo highdefinitiondigital formats.Thesenew formatsprovide significantlyhigherspatialandtempo-
ral resolution andgreatercolourdepth thantheexisting formats. Thedigital natureof the new formatsalso
allows for greatelintegrationwith computersystemsandnetworks, providing a moreinteractve system.

High definition TV definesa rangeof picture formatsdistinguishedoy frame size andrate, aspectratio,
and scanningtechnique(seetable 1). They encompas$iDTV formatswith 16:9 aspectratiosandboth
progressie and interlacedscanning,and digital equivalentsof the standardPAL/NTSC picture formats
with both 16:9 and4:3 aspectratios. HDTV contentis broadcastat 19.34Mbps,using MPEG-2for both
compressiomndtranspor{11, 10].

Local areatransporiof uncompresseHIDTV is via coaxialcableor opticalfibre, usingthe SMPTE-292M
standard13]. Thisis theuniversalmediumof interchangdetweervarioustypesof HDTV equipmen{e.g.
camerasgncodersVTRs, editing systemsgtc.) at dataratesof 1.485Gbps. It is widely usedin studios
and productionhousesallowing HDTV contentto be delivereduncompressethroughvariouscycles of
production,avoiding the artifactsthat are an inevitable result of multiple compressiorcycles. If wide
areatransportis desiredthe 292M bit-streamis typically run over dedicatedibre connectionsbut a more
economicahlternatve is desirable We considerthe useof IP networks for this purpose.

Standarddor real-timetransportof video over IP networks have reachedelatve maturity recently with

thedominantprotocolbeingthe Real-timeTransportProtocol RTP [20, 21]. RTP providesmediaframing,
identifiesthepayloadtypeandsource andallows for timing recovery andlossdetection It typically runson
UDP/IP networks, inheritingtheir limitations: unreliable besteffort delivery. Receversuseinformationin

theRTP headerso correctfor pacletloss,andto reconstructmediatiming. A key features applicationevel

framing,wherethe codecoutputis intelligently fragmentedandpacletized,accordingto a payloadformat,
sothateachRTP pacletcanbedecodedndependently4]. Thismakescarefuldesignof receversimportant,
sincethey have the primaryresponsibilityfor correctplayoutof mediadisruptedby thevagrancie®f anlP

network.

IP networks provide a best-efort paclet delivery service. Thereis no guaranteehatthe network will not

discard,duplicate,delayor mis-orderpaclets. ApplicationsandtransporiprotocolsusinglP mustadaptto

theseissuesabstractinghe network behaiour to give a usableservice. RTP applicationshave developed
sophisticatedstratgies for dealingwith timing jitter and paclet loss[16]. It is expectedthat a system
for delivery of HDTV over IP will usetheseto provide a robustservice. A critical areawhereRTP based
systemsarelackingis congestiorcontrol;adaptingheirbehaiour to fit theavailablenetwork capacity The

implication hereis thatit is necessaryo eitherdevelop congestiorcontrol for RTP or to run applications
only on a network provisionedwith suficient capacityto supporttheir needs.Of coursei|if it is desiredto

transmituncompresseHDTV over P, thenetwork will needa certaincapacityaryway. For thisreasonywe

deferdiscussiorof congestiorcontrolto section6 andconcentraténsteadon theissueof finding anetwork

thatcansupportgigabitratelP flows.



Thereare several networks that have demonstrateduficient capacityfor theseexperiments. Internet2s
Abilene network [17] andthe DARPA SuperNetestbed24] areexamplesto which we have access.Su-
perNethasbeenusedto demonstratgerformanceof 740 Mbps of single streamTCP and 957 Mbps of
multi-streamT CPtraffic over a crosscountrypath[18].

Our initial testingwasconductedover SuperNetetweenlSI East(Arlington, VA) andCMU (Pittsturgh,
PA). The pathincludesnine hopsin eachdirectionandhasan RTT of approximatelyl0 ms (seefigure
1). We alsoconductedestson a SuperNetpathwherethe pacletsflowed from ISI Eastto ISI West(Los
Angeles,CA) andbackto ISI East.In this configurationpoththesenderlndrecever wereatISI East.This
pathhastwenty-two hopsandanRTT of approximately67 ms.

GigaE GigaE
SuperNet receiver
(Mixture of M160 and GSR routers)
N
CMU

Figurel: Datapathover SuperNefrom ISI-Eastto CMU

ISI-East

Ourtestconfiguratiorconsistedf senderandreceverswith gigabitEthernetNICs connectedo aswitched
gigabit EthernetLAN infrastructure. The local areagigabit Ethernetconnectedo a site borderrouter

Dependingon the site, the borderrouterwaseithera Juniperor Ciscorouterwhich connectedo the wide
areanetwork via an OC48 POS connection. SuperNetusesa commerciallyavailable IP backbonefor

transportacrosghewide area.Thiswide areanetwork consistedf a mix of JuniperandCiscorouterswith

0C48andOC192POSinterfaces.

Prior to conductingthe HDTV experimentswe first desiredto ascertairthat sufficient capacitywasavail-

ableacrossthe wide areanetwork. We alsodesiredto accomplishthis in a mannerwhich would not sig-
nificantly disruptothertraffic. TCP’s congestioncontrol mechanisnprovidesa good gaugeof available
capacity We usedtheiperf application[9] to measuréboth TCP andUDP bandwidthperformance Run-
ning iperf betweenour sendmachineat ISI Eastandthe recever at CMU, we wereableto recorda 702
Mbps TCP stream.Lik ewise we carriedout the sameexperimentfor UDP flows andwereableto transfer
flows in excessof 600Mbps. Performancevasdependenbn network load, with throughputbeinglessat
busytimes.

Thesetestsshaw it is possibleto engineeran IP network to have low paclet lossandjitter, and support
gigabitrateflows. Fromthis, we concludethatthe network capacityshouldbe availableto conducttests
with HDTV over IP.

A systento transportHDTV over IP networkswill useRTP asits transportwith theimplicationbeingthat
anRTP payloadformatneedgo bedevelopedfor HDTV content.The optionsfor thedevelopmentof such
aformatareoutlinedin section3, with the detailsof our designbeingpresentedn sectior4.

3 Optionsfor Transport of HDTV

A systemfor transportof HDTV over IP will accepta SMPTE-292Mdigital video signalandencapsulate
it within RTP for transmissiorover IP. At therecever, the SMPTE-292Msignalcanberegeneratedor the
videocanbedisplayeddirectly. Therearea numberof optionsin how this canbe done,dependingn the
aimof thetransportlf theintentistolink existingequipmenthecorrectapproachmaybecircuit emulation,



wherethe SMPTE-292Msignalis mappedonto IP irrespectie of its contents.The alternatve is a native
packetization, wherean RTP payloadformatis definedto transporthe videodirectly, with SMPTE-292M
usedonly locally.

Circuit emulationprovidestransparentlelivery of the HDTV bit-stream,suitablefor inputinto otherde-
vices. It supportsary formatthat SMPTE-292Msupportswithout having to be adaptedo the detailsof

thatformat. The maindisadwantageis thatthe pacletizationis mediaunavare,andcannotoptimisebased
onthevideoformat. This makescircuit emulationsomavhatlossintolerant.

Native pacletizationlooks at the contentsof the SMPTE-292Mstream,actingon the video datawithin it.

Hence,a native formatsneedto be definedfor every possiblevideoresolution,althoughthoseformatscan
be mademore optimal. It alsoexposesthe contentto manipulationby end systemsratherthan hiding it

within anotherdayerof framing.

We choseto usea native pacletization,sinceoneof our aimsis to displayandmanipulateHDTV content
on commodityworkstationswe do not necessarilyneedto regenerateéhe SMPTE-292Moutput.

4 Design and |mplementation

In thedesignandimplementatiorof our HDTV system,our priority wasto usecommercial off-the-shelf,
componentgatherthan to develop customhardware. Accordingly the core of our systemis a high-
performancd®C,with gigabitEthernelandanHDTV capturecard.

The PCis a Dell PrecisionWorkstation620 MT with dual 1GHz Pentiumlll processorstunning Linux
2.4.2. It hastwo 64 bit, 66MHz PCI slots andfour 32 bit, 33MHz PCI slots. The 64 bit PCI cardsare
locatedon a separatd>Cl busto the slover cards.The network interfaceis a 3Com3c985gigabitEthernet.

For HDTV captureandplayout,we usean HDstationOEM[22] card,providing SMPTE-292Minput and
output. This cardcanoperatein seseral modes:captioning,captureand playback. We usedit to capture
HDTV into main memory andto regenerateSMPTE-292Moutputat the recever. Our systemcanalso
displayHDTV on the workstationmonitor, usinga software-basediecoder The capturecard supportsa
rangeof video formats,but our systemusesonly SMPTE-296M(1280x720pixels, progressie scan,60
framespersecondptthistime.

TheHDstationOEMcardprovidesaccesso SMPTE-292Mcontentusinga FIFO API thattransferdrames
in orderbetweenthe hostanda capture/playoutjueuein the cards on-boardmemory The API hastwo
modesof operation: Mappedmode mapsthe memoryon the card into the systemaddressspace. It is
primarily for captioningapplicationsallowing smallchangedo be madeasframesarefilteredthroughthe
card.In DMA mode,theapplicationsuppliesa pointerto a buffer in systemmemory andthe cardfills that
buffer with a completeframe. DMA modeis intendedprimarily for captureandplaybackapplications As
notedlater, we experimentedvith bothmodesof operation.

We usedan updatedversionof the RTP library from the UCL Rolust-Audio Tool [7] to provide the core
network functionsof our system.This aacompleteRTP implementationsupportinglPv4, IPv6 andmulti-
cast. Transmissiorandreceptionvereimplementedastwo separat@rogramspecauseherequirementsf
the systemaresuchthatit is not possibleto transmitandreceve onthe samemachine.
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4.1 Transmission

A block diagramof the transmitteris shavn in figure 2. Thereare several partsto it: frame capture,
fragmentationto matchthe network MTU, pacletizationand transmission.The captureprocessrunsin
a separatdghreadto the other operations becauseghe FIFO API provided by the grabberonly supports
blockingreadsthathave to be overlappedwith the otheroperations.

Onceframeshave beencapturedthey are fragmentedo fit within the network MTU andtransmittedin
separatdrTP paclets. Framesaresplit into equalsizedfragmentswith an RTP payloadheadeiindicating
the offsetwithin theframe.

Ourinitial designsmoothedransmissionspacingpacletsacrosshe framinginterval, ratherthansending
themin aburst. This proved hardto implement:the inter-paclet spacingis on the orderof microseconds,
andsystemcallssuchasnanosl| eep() operatewith a 10msschedulinggranularityunderLinux, unless
real-timeschedulings used. It alsotakesapproximately30us to senda paclet on our system,which is
comparableo the desiredpaclet spacingof 50us. For thesereasonswe revertedto a simple approach,
sendingpacletsbackto back.

We initially usedmemorymappedcapture sincewe do not manipulatethe video beforetransmissionOur
hopewasthat it was not necessaryo transferthe datainto systemmemory Ratherwe could calculate
the fragmentsize,generatehe RTP headerseparatelyandpassa pointerto the on-boardmemoryon the
capturecarddirectlyto thekernelviathesendnsg() systencall. This performedverybadly:thememory
accesatternausedto generatdJDP pacletsarenot optimalfor the capturecard.

Instead,we usedDMA mode,wherethe capturecard writes completeframesinto memory The restof
our systemwasunchangedwe calculatefragmentsizes,andusesendnsg() to sendthe pacletswith a
scatter/gathearray to avoid anothercopy in systemmemory Theresultis thatvideo datapasse®ver the
PCl bustwice: oncefrom the capturecardinto systemmemory andagainfrom the systemmemoryto the
gigabit Ethernetcard. We believe transmissiorperformancecould be greatlyimproved if the kernelwas
smartenoughto useDMA for large copiesin thesendnsg() systemcall.

4.2 Reception

A block diagramof the recever is shavn in figure 3. It operatesn a classicalsel ect () loop, with a
timeouton the orderof the interframetime. Eachiteration pulls a paclet from the RTP stack, performs
colourcorversionif neededandinsertsthecontentsnto aframestoreattheappropriatgoint. If thepaclet
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is thelastin theframe,renderings triggered.The systemalsocollectsperformancestatisticsandperforms
RTCP processing.

Thefirst stageof receptionoccursin the RTP stack.Paclketsarerecevedfrom thekernel,validatedasRTP,

andthenpassedo the application.The RTP library usedwasoriginally written for a voice-over-IP system,
anddesignedor flexibility ratherthanspeedof operation. Despitethis, it worked reasonablywell at the
ratesneededor HDTV transport.The areasvhereperformancevaslimited by thelibrary included:

e Buffer allocation,sincethemal | oc() systemcall is slov. Ratherthanallocatea new buffer for
eachpaclet, thelibrary wasmodifiedto reusebufferswherepossible.

e Paclet validation,sincethe validity testsdefinedby RTP requirea passover the headerincluding a
numberof consisteng checks.This wasfoundto take approximatelyl0% of thetotal runtimewhen
usinghardwarerendering sothelibrary wasmodifiedto checkonly the RTP versionnumber

e Sequenceumbervalidation,asafurthervalidity check,alsousesa noticeabldraction of the system
runtime,andwe consideredemoving it. Insteadwe limited our changego a rewrite thatimproves
the cachefootprint of thecode.

A numberof systemparameterslso hadto be adjustedbeforethe full datarate could be sustainedas
discussedn section5.

Colour spacecorversionmay be neededdependingon the display device. The HDstationOEMcardcan
directly outputtheregeneratedEMPTE-292Msignal,but to renderinto awindow it is necessaryo corvert
from YUV colour spaceinto the RGB spaceusedby the display Cornversionis straightforvard, but time
consumingsinceit requiresarithmeticon every sampleof the frame. We implementcolour corversionin
optimisedC code,yetit takesover 90% of thetotal runtimewhenrenderingnto awindow.

Onceary necessargolour corversionhasbeenperformed the fragmentis copiedto the correctlocation
in the frame buffer. The offsetis includedasan RTP payloadheademwithin eachpaclet, makingthis a
straightforvard matter Sinceit is advantageouso reducethe numberof copies this stepis integratedinto
the colourconversioncodewherepossible.

The final paclet of eachframeis indicatedby a marker in the RTP header and this is usedto trigger
rendering.To regenerateSMPTE-292Moutput,the FIFO API of the HDstationOEMcardis usedin much
the sameway asfor frame capture. To renderinto a window on the display we usethe sharedmemory
extensionof the X window system. Sincerenderingis triggeredby receiptof the paclet with the RTP
marker set,our systemis vulnerableto threefailures:

6
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o If thepaclet containingthe marler is lost, the applicationwill discardtheframe.

¢ If the paclet containingthe marker is reordered somefragmentswill be lost (they arrive after the
framehasbeendisplayed).

¢ If thepaclet containingthe marlkeris delayedthe framewill beoffsetfrom its true playouttime.

For our proof of conceptsystem,theseissuesare consideredan acceptabldrade-of for implementation
simplicity. A robustimplementationwvould usea more sophisticateglayoutbuffer algorithm,to smooth
network jitter andto compensatéor pacletloss.

We have conducteda numberof testsof the systemperformancewhich we describenext, andbasedon
thesewe proposea numberof enhancement® our designin section6.

5 Experimental Performance

5.1 Local areatests

Ourinitial trialswereconductedetweenwo hostsonthesameEthernesegment,connectediaanExtreme
5i gigabit Ethernetswitch. The aim wasto demonstrateéhat our systemcould supportHDTV delivery on
anunloadedhetwork, freefrom the effectsof competingtraffic. Thetestsweresuccessfulwhencorrectly
tuned,our implementatioris lossfreein the local areatests. The tuning processvassignificant,however,
requiringadjustmentso the network maximumtransferunit (MTU), soclet buffer sizeandnetwork driver.

With the default 15000ctetMTU, the systemthroughputis 535 Mbps. This is insufficient for our needs,
but gigabit Ethernetinterfacessupportthe jumbo-framesextension,allowing us to increasethe MTU to
9000o0ctets.Increasinghe MTU affectsthroughputasshavn in figure4: largerMTU sizesresultin higher
throughout.Theincreases dueto thereductionin the headeprocessingverheadelative to theamountof
data,andthereductionin interruptload on the host.We chosea 44700octetMTU for ourtests,eventhough
thatdoesnot give bestperformancesinceit is the maximumsupportedy thewide areanetwork, andwe
desiredto compareourlocal andwide arearesults.

The default 64k soclet buffer wasinsuficient, and causedpaclet lossin the receving host. Experience
shaws that the buffer may needto be large enoughto storethe pacletsfor an entireframeof video. This
becausedhe recever is not able to processpaclets continually: thereare someperiodswhenit is busy
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Figure6: Inter-paclet timing atthe sender

processinghe video, and cannotreceve paclets. This is a particularproblemwith our softwaredecoder
sincecolourconversiontakesasignificantamountof time. Multithreadingthereceveris expectedo reduce
the buffering requirementssinceit will allow concurrenpaclet receptionandmediaprocessing/decodin
ondualprocessosystems.

ThegigabitEthernedriver performsinterruptcoalescingandchecksunoffloading,andhaddelayedoaclet
notificationenabled. Adjusting theseparametersloesnot appearto significantly affect performanceand
aftermuchexperimentatiorwe settledon the default values.

With thesechangesn place,the systemcansustaina transferrateof 615 Mbps, with no pacletloss. This
allows usto send1280x720pixel video at 45 framesper secondusing8 bits per colourcomponentOnce
paclet losswaseliminated,we madetwo setsof measurementeelatingto the network timing jitter: the
interpaclet timing andrelative transitdelay

Figure5 plots interpaclet timing againstrelatve frequeng of occurrencefor both local andwide-area
tests.It shouldbe comparedvith Figure6, which shavstiming measure@tthesenderAs canbeseenthe

interpaclet timing is stronglybi-modal,a resultwhich surprisedus sincethe transmittersendghe paclets

that compriseeachframein atight loop (thereis a muchsmallerpeakat the location of the inter-frame

intenval, whichis notvisiblein thefigure). The bimodalityseemslueto the sendeiblockingin thetransmit
call, perhapsdueto limited buffering in the network card. If the on-boardbuffer is full, we expectthe

systemblocksuntil the paclet is sent,causingsomepacletsto be delayed.The effect of network transitis

to smearthis secondgpeakoutin time. Therecever seegheinitial peakin theinterpaclet timing, with the

sameintenal asthesenderbut a broadetrtail to the distribution.

The relative transitdelay the differencebetweenthe arrival time in RTP clock units andthe sendtime in
the sameunits, is illustratedin Figure 7. We note variation of approximatelylOms,equalto the Linux
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Losseventduration Frequeng
No loss 24697400
Singlepaclet 85797
Two consecutie paclets 587
Threeconsecutie paclets 7
Four or morepaclets 0

Table2: Obseredpacletlossrates

schedulingnterval, andbelieve thesemeasurementare heavily influencedby the time takento wake the
recever on arrival of the first paclet in a frame, andthat suchlarge variationin network transittime is
largely ameasuremerdrtifact. Furtherstudyis neededo confirmthis result.

Surprisingly our testsalso revealedthe presenceof a small amountof paclet reorderingbetweenhosts
on the sameEthernetsggment. Typical measurementshaving approximatelyl in 10000paclets being
deliveredout of order Reorderingpersistavhenthetwo hostsareconnectedackto backusingcross-wer
fibre,andcanalsobedemonstratedith theiperftool [9]. We have nogoodexplanationfor this, but suspect
araceconditionin theLinux 2.4 kernel,triggeredby our useof dual processosystems.

Video quality was excellentduring the tests,although45 framesper seconddoesnot resultin optimally
smoothmotion (every 4th frameof the original is dropped sotheframetiming is not uniform).

5.2 Wideareatests

We conducteda numberof wide areatestsof our system usingvariouspathsacrosshe DARPA SuperNet
testbed Thefirst factorevaluatedwvaspaclet losson thewide-areanetwork path. Thiswaspartly to ensure
thatwe werenot causingnetwork congestionandpartly to determingheeffectsof pacletlossonthevideo
quality Packet losswasdifficult to measuresincethe network commonlyoperatedvithout loss. Table2
shaws typical measurementshenthe network wasloaded:approximately0.3%of pacletswerelost, with
mostlosseventsbeingof isolatedpaclets. More commonwasthe casewhereno losswasobsenred.

Thedistribution of interpaclet arrival timesandrelative transitdelayfor thewide areanetwork path,shavn
in Figuress and7, is almostidenticalto thatfor thelocal areatests. Thenetwork is lightly loaded andhence
thereis no significantqueueingitter to impactthe paclet timing.

As to be expected,somesmall degreeof paclet reorderingwas presenton the wide areapath. Typical
resultsshaved 0.05%o0f pacletsdeliveredout of order with the vastmajority of reorderingeventsbeing



of adjacenpaclets. In rarecaseswe obsered pacletsbeingdeliveredtwo or threeout of sequenceThis
degreeof reorderings notunusual similar valueshave beenreportedby [2, 3, 15]

Videoquality for thewide-aredestswassubjectvely identicalto thatobseredin thelocal tests.

In additionto the closelymonitoredtestsover DARPA’s SuperNetwe alsodemonstratethe systemat the
SuperComputin@001conferencan Derver, November2001. In this demonstrationthe systemwasrun
over a pathfrom WashingtonD.C to Denver. The network pathfor his demonstratiorutilised Internet2s
Abileneandthe WashingtorD.C. areaMAX gigapop.This pathwas10 routerhopswith aRTT of approx-
imately 43 ms. The backbondinks alongthis pathwere OC48 POSandtherewasno adwanceresource
resenation. We have no formal measurementsf the systemperformanceover this path, but informal ob-
senationsof thesystenshavednegligible pacletlossandijitter. Very high quality videowasreceved, with
no apparenproblemsfor aperiodof severalhours.

6 Limiting Factorsand Future Directions

Our experimentswere conductedusing 615 Mbps mediastreams comprising1280x720pixel imagesat
45 framesper secondwith 8 bits per colour component.This is insufficient for true uncompressetiDTV,
which requiresB50Mbpsto increasegheframerateto 60 framespersecondand1.03Ghbpsfor full colour

PCl bus contentionappearasthe mainlimiting factor We initially putthe HDTV capturecardandthegi-
gabitEtherneinto thetwo 64 bit/66 MHz PCl slotsonthe PC, but testsshavedthat performancencreased
whenwe movedthe Ethernetcardontoa slover 32 bit/33 MHz PCl slot. Investigationshavedthatthe fast
PClslotssharedasinglebus,distinctfrom thatusedby theslower slots,leadingusto believe thatcontention
onthebuswasanissue.We have underdevelopmenta systemusinga PCwith dual 64 bit/66MHz PCI bus
architecturewhich we expectto reachthe 850Mbpsdatarateneededor full frame-rateHDTV, subsampled
to 8 bits percomponent.

To supportthefull colourdepth— 10 bits percomponent we needa fasternetwork interface,for example
a PCl-basedDC-48interface. Our initial experimentswith suchinterfaceshave beendisappointingwith

the availablecardsbeingunableto exceedthe transferratesachievableusinggigabitEthernet.Useof dual
gigabitEthernetmayalsobe possible but we mayagainruninto thelimitations of the PCI bus.

An alternatve to fasternetworks may be useof losslessvideo compressionto reducethe bandwidthre-
quirementf the system.This is anareato be exploredin future, althoughit is not clearthatcommodity
systemgancompresgigabitratestreamsn real-time.

Memory bandwidthalso limits performancethe systemhasbeenrefactoredseveral timesto reducethe
numberof copies,increasingoerformance.This is especiallyanissuefor the software decoderrendering
into a window, dueto the needfor colour corversion. Use of MMX extensionsis expectedto help, as
will off-loading corversionusingthe hardware acceleratioravailablein somedisplay adaptors.Interrupt
processingoverheadsare alsoa factor evidencedby increasedhroughputwhenlarger paclets are used.
Thisis anareawherewide areanetworkslimit performancesincethey limit theMTU to 44700ctets.

Our implementatiorhasa simple playoutroutine,and doesnot dealwell with jitter or lossaroundframe
boundariesWe planto implementan adaptve playoutbuffer, to compensatéor jitter andto correctframe
playouttime. Oncethis is done,we plan to study more sophisticatecerror correctionand concealment
algorithms.At presentpacletlossis concealedy repeatingpartof thepreviousframeto cover themissing
data. If framesare buffered beforeplayout, it will be possibleto usesomeform of FEC (e.g. [19]) or
retransmissiomo correctlost paclets.

10



Congestioncontrol is a seriousissuefor high rate UDP applicationson the currentinternet. Our imple-
mentationis not currentlycongestiorcontrolled,raisingthe issuesof fairnesgo othertraffic andpotential
congestioncollapseof the network. Beforewe deplg/ our systemoutsidea controlledervironment,we
needto implementsomeform of ratelimiting or congestiorcontrol. The TFRC protocol [5] might be an
appropriateneansof congestiorcontrol, but morework is neededo implementandevaluatethis.

Our implementationusesa simplistic RTP payloadheader consistingonly of the fragmentoffset within
a frame (the fragmentlength beinginferredfrom the paclet length). A more generalpayloadformat for
uncompressedideo, better preservingframe metadatashouldbe defined. The RTP payloadformat for
BT.656video[25] may be suitableasa basedesign althoughit will needextensionfor HDTV formats.

7 Reated work

A productfrom 2netFX[1] deliverscompressetiDTV over IP. The systemusesSMPEG-2compressiomat
19.2Mbpsusingthe standardRTP payload[8]. Theuseof compressiomddslateny andmalkesthis system
unsuitablefor ervironmentswherevideoeditingis performedor wherefull quality is needed.

The University of Washingtonhave demonstrated systemfor transportof HDTV over IP [14]. This
systenmusesSory HDCAM compressiomt270Mbps. Thisis a proprietaryproductionquality compression
schemesupportingalimited numberof edit cycleswithout significantquality degradation.

A prototypedevelopedby Tektronix [23] usescustomhardware to deliver HDTV over an OC-48 POS
interface. The systemperformscircuit emulationof SMPTE-292Mover IP at 1.5 Gbpsusing an RTP
payloadformat[6] developedin conjunctionwith the University of Washingtorandourselhes. This system
wasalsodemonstratedt the SuperComputing2001conference.

Most similar to our work is the systembuilt by NTT Laboratorieswhich was demonstratedn Tokyo,
October2001[12]. This systemis built arounda multi-processoPC running Linux, with a commercial
HDTV capturecard,but usesa customnetwork interface.

Theselattertwo systemssuffer from beingimplementedusingcustomhardware. This makesthemexpen-
sive andinflexible, comparedo a systembuilt usingoff the shelfcomponentsTheir advantagds thatthey
have betterperformancet presentalthoughwe expectthatMoore’s law will closethis gaprapidly.

8 Conclusions

We have successfulljdemonstratea prototypesystemfor transportof uncompressediDTV over IP net-

works, which we believe is the first built usingcommoditycomponents.The systemcurrently supports
SMPTE-296Mformat picturesat a reducedrate of 45 framesper secondwith colour sub-sampledo 24

bits. An enhancedersionis underdevelopmentwhich we expectto supportthefull 60 framespersecond,
andwe furtherplanto extendthe systemto deliver full quality uncompressedideo.

Therearea numberof challengego supportingfull uncompressediDTV, primarily dueto limitations of
the endsystem.We have describech numberof areasvhereperformancanay be improved; furtherwork
will implementsomeof theseideas. Many of thesetechniquesarealsovalid for high bit ratecompressed
video, transportof HDTV over IP pravidesan appropriateested but is not the only applicationthat may
benefitfrom this work.
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