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Abstract—

We discussthe useof interleaving asa bandwidth efficient meansof pro-
tecting audio streamsfr om the effectsof packet lossin the Inter net. The ad-
verseeffectsof interleaving on IP/UDP/RTP headercompressionare noted
and a number of schemesvhich remedythis problem are discussed.
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|. INTRODUCTION

In recentyearsthe market for, anduseof, voice-over-IP and
other streamingmedia applicationsin the Internethasgrown
at a phenomenatate. As suchservicesbecomemore widely
deployed the limitations of best-efort IP transportare becom-
ing apparentandit is clearly necessaryo provide thesemedia
streamswith someprotectionfrom the worst effectsof paclet
loss.

The InternetEngineeringTask Force hasrespondedo this
with the definition of a numberof payloadformatswhich ex-
tendthereal-timetransportprotocol, RTP [1], to provide some
degreeof error resilience[2—4]. Thesepayloadformatsshare
the commonfeaturethatthey adderror correctioninformation
to a mediastream,gaining protectionfrom paclet loss at the
expenseof increasedandwidthutilization.

Unfortunately this increasein bandwidthmay be unaccept-
ablein mary casesfor examplelow-speeddialup or wireless
links may not be able to supportthe bandwidthrequirements
of sucha stream. Interleaving providesan effective meansby
which audio streamsmay be protectedwhich tradeslatengy,
ratherthanbandwidth for suchprotection.

Thereare, however, a numberof interactionshetweeninter-
leaved mediastreamsand RTP headercompressiorf5] which
reducethe effectivenessf this approach.This paperdescribes
theseinteractionsandnotespossiblesolutions.

It shouldbenotedthatthe applicationof errorresiliencetech-
niguesto besteffort IP transportof RTP flows is not the only
meansby which thoseflows canbe protected For example,the
IETF hasalso definedthe integrated[6] and differentiated7]
servicesframewnorks which canprovide variouslevels of guar
anteedquality of servicefor RTP flows. However, dueto the
large natureof the changeentailedby thesenew forwarding
models,andthe difficulties in producinga chaging modelfor
suchservicesdeploymentof enhancedransportservicesn the
Internethasbeenslow. For thisreasonye donotfurtherdiscuss
the useof suchtransportin this work, althoughwe do expectit
to becomeémportantin thefuture.

The remainderof this paperis structuredasfollows: in sec-
tion Il we briefly review the useof interleaving, pacletization
optionsfor interleaved streamsand IP/UDP/RTP headercom-

pression.The problematicinteractionbetweeninterleasred me-
diaandheadercompressiornis notedin sectionlll, with a num-
ber of solutionsto this beingdiscussedn sectionlV. Section
V andVI discusgelatedandfuture work, respectiely. Finally
sectionVIl concludeghepaper

I1. BACKGROUND
A. The Interleaving Process

An interleaver is a device which permuteghe orderof a se-
guenceof symbols. The correspondinglevice which restores
the original order of the symbolsis a deinterleaer. An inter
leaver is employedin atransmissiorsystemwhenit is desired
to randomizethe distribution of errorsafterrecepetion:a burst
of lossonthechanneis transformednto a sequencef isolated
lossedhy theinterleaving process.

A block interleaver is an interlearer wherethe permutation
function repeatsperiodically Considerann x m matrix rep-
resentinghe mn successie symbolsthatarestoredin a buffer
prior to transmissionjllustratedin figure 1. Symbolsareread
into the matrix by rows, startingfrom the positionlabelled‘l’,
andreadout by columnsstartingfrom the‘O’ position.

Fig. 1. A sample4x4blockinterleaer

For continuousinterleaving two matricesare needed with
symbolsbeingwritten into one matrix whilst they arereadout
of the other This clearlyleadsto considerablalelayin the in-
terleaver, with outputof symbolsfrom the buffer matrix being
delayeduntil all symbolshave beenreadin.

The rearrangemenf the symbolsby theinterleaver is such
thatif m or fewer symbolsarelost from a block, eachoriginal
groupof n symbolsafterdeinterlea&ing will containatmostone
loss.

Theprocesdy whichaninterleavercanbeappliedto a paclet
audiosystemis illustratedin figure 2. Codecframesaretreat-
ed asthe symbolson which the interleaver operatesand rese-
guenceddeforepacletisation.
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As an exampleof the processconsiderthe 4x4 interleaver
illustratedin figure 1 which resequencethe codecframesas
shawvn in figure 3. It is importantto notethat, althoughframes
aresentin a differentorderto their original creation,this order
is notrandomandhasa definitepatternto it (theimportanceof
this will becomeclearlaterwhenwe discussRTP headercom-
pression).
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Fig. 3. Theinterlearing process

It canbe seenthat a burst of consecutre lossin an inter-
leaved streamwill resultin multiple small gapsin the recon-
structedstream.This spreadingf thelossis importantfor two
similarreasonsfirstly, paclketvoiceapplicationgdypically trans-
mit pacletswhich aresimilar in lengthto phonemesn human
speech.Lossof a single paclet will thereforehave a large ef-
fect on theintelligibility of speech.If thelossis spreadout so
that small partsof several phonemesrelost, it becomeseasi-
er for listenersto mentally patch-aver this loss[8] resultingin
improvedpercevedquality for agivenlossrate.In asomeavhat
similar manner error concealmentechniquegperform signifi-
cantly betterwith smallgaps sincethe amountof changen the
signal’s characteristicss likely to be smaller

The majority of speechandaudio codingschemesanhave
their outputinterleaved. Providedthe channelexhibits burstsof
loss,ratherthanisolatedossevents,interlearing providesanef-
fective meansby which a mediastreammay be protected.The
disadwantageof interleaving is thatit increase$ateny. Thema-
jor advantageof interleaving comparedo othermeansof pro-
tectingmediastreamds thatit doesnotincreasehe bandwidth
requirement®f astream.

B. RTP Packetisation

Theprotocolof choicefor IP-basegacketaudioapplications
is the Real-timeTransportProtocol,RTP [1]. The RTP header

hasthe following format:
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Fig. 4. RTP Paclet Header

The importantfeaturesof the RTP headerwhendiscussing
interleaving, arethe sequenceumberandtimestamp.An RTP
paclket may containsone or more codecframes,with the se-
guencenumberincrementingby one for eachpaclket sentand
the timestampincreasingat the rate of the samplingclock. For
example,if usinga codecwith 20msframesat 8kHz sampling,
for example GSM, the timestampwill increaseby 160 (8000
samplegpersecondx 0.020secondsyvith eachpacletsent,as-
sumingoneframeperpaclet.

An RTP recever usesthe sequencenumberto detectlost
paclets andthe timestampfield to determinewhento playout
receveddata.This allowsfor interleaving without changingthe
basicdecodemodelandwithout thereceversbeingawarethat
interleaving is in use,provided only a singleframeis included
in eachpaclet.

When transmitting an interleaved stream, the interleaving
processtakes placeon codecframes,beforethe RTP headers
are generated.As before,the sequencenumberis increment-
ed by onefor eachpaclet sent,but the timestampsn the RTP
headerdollow the interleaved codecframeorder If eachRTP
pacletcontainsasinglecodedrame,it is asimplematterfor the
recever to reconstructininterleaved stream;framesaredecod-
edin theorderspecifiedby the RTP timestampn addition,the
interleaving functionandcodeccanchangeat any time, without
requiringadditionalsignalling.

If multipleframesarepacledinto eachRTP paclet,thetimes-
tampis not sufficient for the recever to reconstructhe media
stream.It is alsonecessaryo corvey the orderin whichframes
arepacletized.Thisis discussedurtherin sectionlV-C.

For now wewill considethecasewhereasinglecodedrame
is pacledinto eachRTP paclet, sincethis is expectedto be the
mostcommoncase.

C. RTP Header Compression

RTP headeicompressioff5] relieson the exploitationof pre-
dictabledifferencedbetweerconsecutre packetheaderso com-
pressthe 40 octetUDP/IP/RTP headerown to 2 octets,in the
bestcase.

In TCP/IP headercompressionthe gain comesfrom noting
thatmary headeffieldsareidenticalbetweernconsecutie pack-
ets,andmaybeelidedafterthefirst packet. Differentialcoding
reducesthe size of the remainingfields. This conceptis ex-
tendedin the RTP/UDP/IP compressioralgorithm, whereit is
notedthat, whilst mary fieldschangerom pacletto paclet, the



Paclket | Frame| RTP Timestamp Increment
1 1 0
2 5 640 640
3 9 1280 640
4 13 1920 640
5 2 160 -1760 | *
6 6 800 640
7 10 1440 640
8 14 2080 640
9 3 320 -1760 | *
10 7 960 640
11 11 1600 640
12 15 2240 640
13 4 480 -1760 | *
14 8 1120 640
15 12 1760 640
16 16 2400 640
17 17 2560 160 | *

Fig. 5. Valuesof headerfields for the exampleinterleaved streamillustrated
in figure1. Notethatin practicethetimestampstartsfrom arandomvalue,
ratherthanfrom zeroasillustrated. This doesnot affect theresult.

changes constantandthereforethe secondorderdifferenceis
identical. By noting this, and passingthe first orderdifference
with the first paclet, thesefields may also be elidedin subse-
guentpaclets.

I1l. PROBLEM STATEMENT

The standardpacletization of an interleaved RTP paclet
streamresultsin a sequencef packetswherethe secondorder
differencebetweenthe timestampfields in the headeris non-
zeroin somecases. This hasadwerseaffects on RTP header
compression.

As anexampleof this, considertheinterleaving schemeused
in our previous examples(figure 1). The mappingfrom paclet
orderto frame orderandthe correspondindRTP timestampis
shawvn in figure 5. Thosepacletsdenotedby * have non-zero
secondlifferencedetweerconsecutie valuesof thetimestamp
field, andhencedo not compressvell.

It should be notedthat whilst the precisetimestampincre-
ments- andhencethe overheaddueto poor compression de-
pendon theinterleaserin use,the problemexistsin someform
with all interleavers.

With the rise of personnalcellular telepholy systems,and
increasednterestin the corvergenceof voice-over-IP systems
with thetraditionaltelephonenetwork, it becomeglearthatit is
desirablao useRTP headeicompressionvith interleaved pack-
etstreamd9]. A cellularradiotransmissiometwork hasburst
losscharacteristicto whichinterleaving is an effective counter
andthelow bandwidthavailablecallsfor headercompression.

For reasonsuchasthese,it is desirableto developa means
by which RTP headecompressioranbemadeto functionwell
with interlearedstreams.

IV. POSSIBLE SOLUTIONS

Therearethreepossibilitiesfor dealingwith the problemof
non-uniformtimestamgncrements:

1. Do nothing, basedon the assumptiorthat headercompres-
sionworkswell enoughdespitethis.
2. Modify the headercompressiorschemeto recognizeinter-
leaved streamsandto expectthis variationin timestamp.
3. Pacletize the streamdifferently, to avoid this variationin
timestamp.
Clearlyoptionsl and3 aresimplesto implementsincethey re-
quireeitherno changepr achangeo end-pointRTPimplemen-
tationsonly. Option 2 is harderto deploy, sinceit alsorequires
changedo routercode.

We now discusghesethreepossibilitiesin moredetail.

A. How well does header compression work?

The factor which limits the amountof headercompression
achiesable for an interleaved RTP audio streamis the non-
constantvariation in timestampbetweenpaclets. There are
threefactorswhichinfluencethis:

» themediaclock, s samplepersecond

« thepacletisationinterval, i secondgerpacket

« theinterleaving function,ann x m matrix
Sinceblockinterleavershave periodicoutput,we may calculate
therepeatingratternof timestamgncrementdor aninterleased
paclet streamaccordingto theseparametersandhencecharac-
terize the efficiengy of the headercompressioralgorithmfor a
particularinterleaver overits repeaftcycle.

If interleaving is not used the timestampincrementbetween
pacletsis t = si samplegper paclket. Sinceinterleaving does
notchangehesizeof paclets,theincrementdor aninterleaved
streammustbe multiplesof this value.

Recallthat,for an x m blockinterleaver, symbolsarereadin
asn rowsof m symbolsandreadoutasm columnsof n symbol-
s. Thisresultsin a periodicpatternto thetimestampncrements:
within eachcolumntheincrements constantput differsfor the
first paclet from eachcolumn. In addition, the first pacletin
eachblock hasa differentincrementfrom all the othersin that
block. The processs illustratedin figure 6. Thetimestampn-
crementfor thefirst paclet of eachblockis ¢t samplesThefirst
paclet readfrom eachcolumnof theinterleaving matrix there-
fore hasatimestampncremenof —((n —1)m — 1)tm samples,
and eachof then — 1 other pacletswithin the columnhasa
constanincrementof mt¢ samples.

Thosepacletswith the sametimestamgncrementasthepre-
vious packetmaybesentwith fully compressetivo octethead-
ers. Thosewherethe timestampncrementdiffersfrom the pre-
vious paclet are sentwith a compressedRTP headelincluding
thetimestampncrement(3-5 octets,dependingon the value of
theincrement5]).

For ann x m blockinterleaver we obsenethatthereare2m
paclketswhich mustbe sentwith anincrementcomprising
« 1 pacletwherethe timestampincrementis ¢ sampleqat the
cross@er point betweertwo interleaving matrices).

« m — 1 pacletsfor which thetimestampncrementis —((n —

1)m — 1)t samplegthefirst pacletin eachcolumn).

« m pacletsfor which the timestampincrements tm samples
(the secondpacketin eachcolumn,to settheincrementfor the
remaindeiof thecolumn).

Theremaining(n — 2)m pacletsfrom eachroundof theinter

leaver maybefully compressed.
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Fig. 7. Total headersizefor aninterleared stream,comparedo a fully com-
pressedstream(2 octet headersynd a non-compressedtream(12 octet
headers)for a singlerepeatcycle of variousn x m block interlearer con-
figurations.Missingentriesrequiretimestampncrementoutsidetherepre-
sentableangeof the standardieltaencodingtable.

If we assumen particularsamplingrateandpacletisationin-
terval, for example 8kHz with 20mspaclets, the factort be-
comesconstantand we may plot the overheadcausedby the
interleaving, measureddy paclet headersize, asis shovn in
figure 7. It is clearthat, whilst the overheadsare significantly
reducedcomparedo the uncompressedase,interlearing has
apronounceceffectonthe performancef the headeicompres-
sionalgorithm,particularlywhenlargeinterleasing matricesare
used.

The useof other samplingratesand pacletisationintervals
will changehe constanbffset,but notthe shapeof thecurves.

B. Can we modify header compression?

Sincewe have determinedhatthe standarcheadeicompres-
sion algorithm performspoorly in the presenceof interleaved
media,it becomesiecessaryo seekanimproved compression
algorithm. Thatis, to modify the headercompressiorscheme
to recognisanterleavred streamsandto expect,andcodefor, the
inherenttimestampvariation.

The obvious meansby which the headercompressiortanbe
improvedis to modify thedefaultdeltaencodingablesuchthat
thetimestampdifferencegproducedoy the interleaving process
canbe efficiently encodedn a single octeteach,without using
arny multi-octetcombinations. This leadsto the setof header
sizesillustratedin figure 8. It is clearthat sucha customdelta
encodingiableleadsto a significantimprovementin the perfor-
manceof the headercompressiorschemerelative to the stan-
darddeltaencodingable. It alsoallows offsetsoutsidetherange
of thestandardableto berepresented.

m=3 | m=4| m=5| m=6
n=3 24/32 32/43 40/54 48/65
n=4 30/38 40/51 50/64 60/77
n=>=5 36/44 48/59 60/74 72/—
n==6 42/50 56/67 70/— 84/—

Fig.8. Headesizefor theheadecompressioschemavith customdeltaencod-
ing table,comparedo the standarddeltaencodingtable,for a singlerepeat
cycle of variousblock interleaver configurations. Entriesin the columns
comprisethe sizesof the headerscustomtable/standarthble.

It shouldbe notedthat the conceptof loadinga non-defult
deltaencodingtableinto the headercompressiorengineis ex-
plicitly describedn [5] where“...it is recommendethatimple-
mentationsiseatable-drivendeltaencodeanddecodeto allow
negotiation of a table specificfor eachsessionif appropriate,
possibly even an optimal Huffman encoding”. However, that
specificatiordoesnotindicatehow suchanon-defwultencoding
tablemaybeloaded Jeaving thatto thelink layerprotocol.

As notedpreviously, thetimestampdeltaswhich arerequired
to efficiently compressiblockinterlearedpacletstreanmaybe
derived from the interleaver parametersTherefore,if ameans
of loadingthe new compressiortiablemaybefound,suchgains
maybereadilyachie/ed. Possibleneandy whichtheencoding
tablemaybeloadedarediscussedater.

A moreimpressve gain can be achiezed by modifying the
headercompressiorschemeo be explicitly awareof theinter-
leaving process.In this case detailsof the interleasing matrix
arecommunicateaut-of-bando thehostsperformingthe head-
ercompressionThereis thenno needto transmitthetimestamp
deltasincethosehostsexplicitly keeptrackof thepositionin the
interleaving sequencand generateRTP timestampsn the de-
compressegacketsto matchthis. Unlikethechangdo thedelta
encodingtable discussedibove, this is a significantchangeto
theheadecompressiomodel,butit hasthepotentialto achiese
highercompressiomain.

The headercompressiorenginessupporta contet identifier
to differentiatemultiple paclet flows and a 4 bit per flow se-
guencenumberusedto detectpacletlossbetweerthe compres-
soranddecompressorPacket losson the link for which com-
pressionis beingperformedis assumedo berare,but a mech-
anismis provided by which the receiver may indicatethatloss



int dt[] = {-1760,
int fd;

160, 640, 0};

setsockopt (fd, SOL_SOCKET, SO RTPCOMPRESSTABLE,
(void *)dt, sizeof(dt));

Fig. 9. Useof setsochpt() to setthe deltaencodingtable

occurredandrequesthatthe sendettransmitsa paclet with an
uncompressebieadetto refreshthe state.

We canleveragethis sequenceumberto determinethe cur-
rentpositionwithin theinterleaving sequenceprovidedthatthe
senderlndreceierareinitially synchronisedthattheinterleav-
ing sequencés known andthatthe sequenceroceedwithout
pauseor interruption. Oncethe positionwithin theinterleaving
sequencés known, the headercompressiorenginecansimply
sendfully compressegacletsevenwhenthetimestampncre-
mentis non-uniform, provided that the non-uniformity is ex-
pected.As notedin sectionlV-A the performancef the header
compressiorschemenhenall headersanbe fully compressed
is significantly betterthanthat whentimestampdeltashave to
becommunicated.

Bothmodificationsto theheadercompressioschemeaequire
thatsomeinformationis communicatedo thosehostsperform-
ing thecompressionln thefirst casethisis thetableof deltaen-
codings,n thesecondt is thedetailsof theinterleaving matrix.
Therearetwo possibilitiesfor this communicationdepending
on the locationof the link which requiresheadercompression.
If it is the accesdink from the senderof the interleaved data
onecanervisagethattheapplicationcaneasilysettheappropri-
ate parametergor the compressiodayer. If the link requiring
compressions remotefrom thesendertheroutersat eitherend
of that link mustderive the correctencodingtable/interleser
parametershemseles.

In thelocal casewe ervisage for example,anextensiorto the
setsockpt() call on systemsmplementinghe Berelely soclets
API [10] whichssetsthe headercompressiomparametersThis
would take asthe optval parameten pointerto thedeltaencod-
ing tableto be usedwith, perhapsthe syntaxshawn in figure
9.

In the remotecasethere are, onceagain, two options: the
routerscaneitherinvoke someheuristicto determinethata flow
is interleaved,or theend-systemsanpasgherequiredinforma-
tion to theroutersin somemanner

We do not expectit to be feasiblefor routersto useheuristics
to determinethe presencef interleaved flows andto intuit the
optimumparametersdueto the amountof statethis would re-
quireto bekeptandthecomplexity of producinganoptimumta-
ble andcommunicatingt to the peerrouter In particulat there
hasbeensomeconcernexpressedhat currentroutersare un-
ableto performheadecompressiomthighrates andadditional
compleity hereis unlikely to bewelcome.

As an alternatve to this, a signalling systemsuch as, for
example,RSVP[11] may be employed by which end system-
s cansignalto the routersin adwancethat certainparameters
arerequiredfor a given flow. Whilst the currentRSVP flow-
specificationgdo not allow descriptionof interleaving parame-
ters,we would expectthatsuchparameterganeasilybe added
if desired. This leadsto the overheadof implementingRSVR

with its associatedtate,in routersbut shouldnotimpactcom-
plexity of thefast-pattforwardingengine makingthisis poten-
tially moredesirablesolution. It is still aheary-weightsolution,
however.

To conclude,we notethat thereare a numberof meansby
which the RTP headercompressioralgorithm canbe modified
to bettersuitinterleavedflows. Suchschemesredifficult to im-
plementin thosecasesvherecompressions performedin the
coreof the network, but relatively simpleextensiongo the cur-
rent model would allow implementationin thosecaseswhere
end-systemgperform compression.Since,in mary casesthe
low-bandwidthlink which would benefitfrom headercompres-
sionis at the edgeof the network, we believe thereis consider
ablepotentialin theseapproaches.

C. Can we packetise the stream differently?

A commontechniqueusedto reducethe headeroverheadn
RTP flowsis to packmultiple codecframesinto a singlepaclet.
For example,anapplicationwhich packstwo consecutie GSM
framesinto a single paclet, insteadof sendingtwo separate
paclets,will reducethedataratefrom 29.2kbpgo 21.2kbpgin-
cludingheadersyueto the absencef the second P/UDP/RTP
headerSucha saring is clearlyworthwhile,andit maybe pos-
sibleto achieve similar gainsfor interleavedflows.

In particular for ann x m block interleaver, it is possibleto
groupeachof then framesfrom eachcolumnof theinterleaver
matrixinto asinglepaclet(subjectto network MTU constraints,
of course). This hastwo adwvantagesthe numberof pacletsis
reducedby a factorof n comparedo sendingeachframesasa
singlepaclet, andthosepacletswhich are senthave moreuni-
form timestampincrementsllowing effective headercompres-
sion.

Whengroupingmultiple interleavedframesinto asingleRTP
pacletit is necessaryo corvey the playouttime for eachframe
in somemanney sinceit is not possibleto uniquelyderive this
from thetimestamgn theRTP headerlone.Thismayeitherbe
doneimplicitly, usingthe RTP sequence&umberto indicatethe
positionin theinterleaving sequencegr by explicit inclusionof
atimestamgor eachframe.

Implicit corveyanceof the timestamps more bandwidthef-
ficient, but requiresout-of-bandsignallingto corvey detailsof
theinterleaving parameters useto therecever, suchthatit can
constructhe positionin the sequencgvenatimestampandse-
guencenumberonly. Theneedfor out-of-bandsignallingcanbe
avertedby includinganexplicit timestampon eachframeasit is
pacledinto a paclet, for exampleit hasbeenproposed12] to
re-usethe RTP payloadformatfor redundantwudio[2] for this
purpose.

If implicit timestampsreused this alternatve pacletisation
has clear bandwidth savings comparedto a streamwith one
frameperpacket. Theheadeoverheadnn — 1 of then frames
from eachcolumn of the interleaver matrix is reducedto ze-
ro octets(sincethereis no needto sendthe headers)andthe
remainingheadersnaybecompressedsingthetechniqueslis-
cussedn sectionlV-B to two octetseach.

If explicit 16 bit timestampsareused,assignedoffsetsfrom
thetimestampn the RTP headertheresultis a streamwith the
sameheaderoverheadas with optimum compressiorand one



frameper paclet. The paclet rateis reducedby a factorof n,
however.

We alsonotethatinterleaved streamgaclketisedin this man-
nerexhibit asignificantbandwidthsaving in thebackbonef the
network, whereheadeircompressioiis nottypically performed.

A significantdisadwantageof thesealternatve pacletisations
is thatthe loss of a single paclet affects multiple frames(the
interleaving processhelps,sincethoseframeswill not be adja-
centin thereconstructedtream).It is unclearwhetherthis loss
multiplier effectis significant,or if the n-fold reductionin the
numberof pacletsflowing will resultin alower pacletlossrate
to counteracthe effect. This will almostcertainlybe network
dependent.

To conclude,we note that an alternatve pacletisationof an
interleaved mediastreamcan lead to more efficient transport
thanthatachievedby RTP headecompressioandamoretradi-
tional pacletisation.In addition,the bandwidthrequirementén
the coreof the network, thoselinks whereheadercompression
cannottypically beemployeddueto processingime limitations
in routers,aresignificantlyreduced.Onthe down side, it is un-
clearhow pacletlossaffectssucha streamandif the reduction
in paclet ratewill leadto a sufficient reductionin paclet loss
rateto counteracthe lossmultiplier effect causedoy grouping
multiple framesinto a singlepaclet.

V. RELATED WORK

Interleaving by the transmitteris not the only sourceof re-
orderingin the Internet. It haslong beenrecognisedhat the
network itself canintroducesomereorderinginto paclet flows,
dueto routechangesandthis will alsohave adwerseeffectson
the performancef RTP headeicompression.

For example,in thelarge scalesurwey of Internetpaclet dy-
namicsby Paxson[13], it is notedthat“Internetpathsaresome-
times subjectto a high incidenceof reordering,but the effect
is stronglysite dependentandcorrelatedwith routefluttering”.
Thatwork notesthatpaclet reordering‘rarely hada significant
effecton TCPflows, becausegenerallythe scaleof thereorder
ing wasjustafew paclets”whichwouldimply thattherewould
be relatively few casesin which it would impact RTP header
compression.

Thereceptiorof interleavedand/orreorderedRTP flows must
also affect the playoutadaptation/estimatioalgorithmusedin
therecever. Playoutadaptatiorfor RTP flows is a reasonably
well understoodhrea,but mostexisting work [14,15] assumes
thatpacletsarrivein order, or thatreorderingsrare.In addition,
mostexisting voice-over-IP applicationsare designedwith the
goal of minimizing end-to-enddelay for exampleby keeping
the adaptve playoutbuffer assmallaspossiblewhich conflicts
with therequirementgor correctplayoutof interleavedmedia.

Whendesigningaplayoutadaptatiorior aninterleavedmedia
streanit is necessaryo ensurehatit includessuficientdelayto
buffer an entireblock of the interleaver’s outputbeforestarting
playout. If usingthe pacletisationschemewith explicit times-
tampsasdiscussedn sectionlV-C, it becomes simplematter
to includetherequiredplayoutdelayin eachpacletenablingthe
receverto adapt.

If usingamodifiedheadercompressioschemesuchasthose
in sectionlV-B or if usinga pacletisationwith implicit times-

tamps,asin sectionlV-C, it is necessaryo eitherdesigna play-

out adaptatioralgorithmwhich canrecognizethatinterleaving

is in useor to passthe requiredplayoutdelayasan out-of-band
parameterThis seemgo beanareawherefurtherwork is need-
ed.

V1. FUTURE WORK

Thereis anadditionalclassof interleaver which may be em-
ployed as an alternatve to the block interleaverswe have dis-
cussed.Thesecorvolutionalinterleavers(seefor example[16])
arethe subjectof further study but arenot expectedto signifi-
cantlyalterourresults.

As we notedin sectionlV-C, thelossmultiplier effect caused
by packingmultiple interleaved framesinto a single paclet is
difficult to quantify. Therearetwo areaswvhich needinvestiga-
tion:

« listeningtestsmay be performedto determinethe effects of
pacletlossby comparingsubjective quality ratingsfor streams
pacletisedwith both single and multiple framesper paclet at
varyingpacletlossrates

« measurementsf paclet lossratesmay be taken over differ-
entnetwork connectiongor bothtypesof streamto attemptto
measurehe effectsof ann-fold reductionin paclketrateon the
obsenedpacletloss

It is well known thatthesetwo areasarehardproblemsin their
own right, andthat meaningfulresultsare difficult to produce.
We thereforeconsidersuchwork to be outsidethe scopeof this
presenpaperalthoughweintendto pursuehefirst optionin the
future. The secondoption - evaluationin realnetworks - would
not addsignificantlyto the resultspresentedhere. Whilst such
an evaluationwould be a usefulindication of the sensitvity of
headecompressioto pacletloss,it is orthogonato thepresent
discussiorof headeioverheads.

VIlI. CONCLUSIONS

The major contribution of this paperis the recognitionthat
RTP headercompressiorandinterleasing have undesirablén-
teractions.In addition,we have outlineda numberof possible
remediesandshovn how to calculatethe overheadsausediue
to theseinteractions.

As aresult,we have shovn thatthelP/UDP/RTP headeccom-

pressiorschemeanperformwell with interleavedstreamspro-
videdthateither
« thedefault deltaencodingtableis replacedwith onetailored
to the particularinterlearing schemen use;or
« thecompressiorengineis madeexplicitly awareof theinter-
leaving processandcantake thisinto accountwhenpredicting
valuesfor thetimestamp.
Both alternatvesrequiresomemeansof signallingto the com-
pressiorengineparameterselatingto theinterleaving function.
We have notedthat, sinceheadercompressioris typically per
formedatthe edgef the network, thismayreadilybeachieved
using,for example,a new socletoption.

If neitherof thesetwo modificationscanbemadeto the head-
er compressioralgorithm, we have shovn that an alternatve
pacletisationof aninterleavedstreancanachieve similar band-
width efficiency. In addition,sucha pacletisationis important



for efficientbandwidthusagen thecoreof thenetwork. This al-
ternative may have poor performancen the presencef paclet
loss,althoughthis is notyet proved.

If oneis concernednly with theefficientutilisationof alow-
bandwidthlink at the edgeof the network, our recommended
solutionis to useoneof the modifiedheadeicompressioralgo-
rithms,asdiscussedh sectionlV-B.

However, it is worth notingthatthe alternatve pacletisation
discussedh sectionlV-C hasloweroverheadvhenRTP headers
areuncompressedsis the casein the coreof a network. Giv-
entherecentinterestin RTP multiplexing solutions,to reduce
theheadeoverheadvhentrunkingmary simultaneousallsbe-
tweenlP telepholy gatevays[17,18], it is possiblethatthis sav-
ing will take precedencever a bandwidthsaving at the edges
of thenetwork.
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