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ABSTRACT

Longlivedaudiostreamssuchasmusicbroadcastsandsmall
differencesin clock rateslead to buffer underflav or overflov
eventsin receving applicationsthat manifestthemseles as au-
dible interruptions. We presenta low compleity algorithm for
detectingclock skew in network audioapplicationsthat function
with local clocksandin the absenceof a synchronizatiormech-
anism. A companionalgorithmto performskew compensatioiis
alsopresentedThe compensatiomlgorithmutilisesthe temporal
redundang inherentin audio streamso make inaudibleplayout
adjustmentsBoth algorithmshave beenimplementedn asimula-
tor andin a network audioapplication. They performeffectively
overtherangeof obsered clock ratedifferencesandbeyond.

1. INTRODUCTION

Whensamplinganaudiosignalfor digital transmissionthe sam-
ple clock will differ from its nominalratedueto variationsin the
quartz crystal oscillatorsand the componentshat regulate their
frequeng. During theimplementatiorof a network audiosystem
[3] for workstationsand personakomputersve obsened +0.5%
variationbetweemominally similar clocks. This hasundesirable
effects, since when the senders clock is fasterthan the the re-
ceier’s, sampleswill accumulate;consumingmemory and in-
creasinghedelay As thememoryavailablefor theaudiobuffer is
exhaustednterruptionsoccurasframesaredroppedrom stream.
Corversely whenthe sendess clock is slowver thanthat of the re-
ceiver, audioplayedout attherecevver becomesnterruptedasthe
playoutbuffer runsdry.

We presentwo algorithms:onefor detectingclock skew, and
onefor compensatindor its effects. Dueto the presencef loss
andjitter in the pacletarrival processit is not sufiicientto merely
obsere playoutbuffer occupang to detectclock skew. Instead,
obenation of the paclet arrival processs necessarymakingthe
detectionof clock skew a non-trivial problem. Our compensation
algorithmusesanovel low complity patternmatchingalgorithm,
to identify periodswhereadjustmentsnay be performed.

Existing researchon Internetaudio applicationshasfocused
on issuesarising from the besteffort natureof network, suchas
lossconcealmenandforward error correction[9], andthe calcu-
lation of suitableplayoutpointsin the absencef synchronization
mechanismg7, 10]. Work hasalsobeenundertaken on the de-
tectionof clock skew betweerhosts[6, 8], thoughthis is thefirst
work we areawareof thataddressetheissuef transparenskew
adjustmenfor network audioapplications.

This paperis structuredasfollows: section2 concernghede-
tectionof clock skew in unsynchronizedudioapplications;sec-
tion 3 describeshe compensatioralgorithmto be appliedwhen
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skew is percevedandit’ s performancen voice,popular andclas-
sical music streams;section4 presentssomepreliminary results
illustrating the performancef thesealgorithms.A sectiononim-
plementatiorissuesconcludeshe contrikutions of this work. Fi-
nally, we summarizeanddiscusgotentialfuture work.

2. SKEW DETECTION ALGORITHM

In systemswith unsynchronizedtlocks, suchasRTP [12] audio
applications,an offset must be addedto eacharriving paclet to
mapit from its sources time into local time. An additionaldelay
theplayoutdelay is addedo compensatéor arrival time variation
(jitter) andfor variationsin hostschedulind4]. Theplayoutdelay
andmappingoffsetare usuallyheld constantover the durationof
thepaclet streanto avoid interruption.

Detectionof clock skew canbe performedby maintaininga
running estimateof the mappingoffset, 72;, andlooking for di-
vergencefrom the mappingoffset assignedo the currentpaclet
streamm i active. Assumingthei-th paclet hasa timestampindi-
catingits sourcetime, s;, andthe recever recordsits arrival time,
a;, thesevariablesarecalculatedusing:

m; = a; —S8; (1)
m; = ami—1+(1—a)m; 2
with the initial M active beiINGT;|i=0. When; and mactive
have divergedsuficiently compensatingctionmustbetaken. We
denotethedivergenceasd = mactive — M.

Eachvalueof m; calculatedncludesacomponenattributable
to the variabletransittime betweenthe senderandrecever. The
responsienesgo thesevariationsis determinedoy the parameter
a in equation2. Thereis a trade-of betweenbeingresilientto
shorttermfluctuationsandthedelayintroducedoy theexponential
weighting process.We have found by experimentatiora value of



% to represent goodcompromisevaluewith paclet sizesof 20,
40,and80ms.

It is desirableto limit the numberof compensating@ctionsto
keepthe computationakostlow andto reducesensitvity to the
transienttransit variations. High and low water marks,d;, and
dm, arethereforeemployed. The placemenbf the watermarksis
influencedby implementatiorissueghataredeferreduntil section
5. We thereforearrive at the following formulation:

SAMPLESTOCORRECT(M Active,1;)
1 §+— mActive - mz

2 ifd<drord; >dmthen

3 return é

4 returnO

Thereturnedvalueis passedo the skew compensatioralgo-
rithm astheupperimit onthenumberof sampleso addor remove
fromthestream A positive divergencevalueindicateshesources
clock is fasterthanthe recever and§ samplesshouldbe deleted
from thestream.Corversely anegative divergencevalueindicates
the sources relatively slow clock rateandd samplesneedto be
inserted. Whenthe compensatioralgorithm, in the next section,
malkesadjustmentst changeshevalueof 7 4ct50e accordingly

This algorithm suffices for symmetricdistributions of transit
variations. In reality, outliers exist in the distribution of transit
times, particularly thosearising from paclet compressiorevents
[1] that adwersely influencethe mappingoffset. An additional
mechanismgerivedfrom Ramjeeetal’'salgorithm4[10], is there-
fore employedto identify periodsof paclet compressionDuring
theseperiodsthe estimateof the mappingoffset is not updated.
Compressiomeriodsaretypically of the orderof 1 secondn du-
ration; a periodshortenoughnot to have repercussionat the ob-
senedskew rates.

The short-termmemory of offset estimatemeansthat vari-
ationsin the meanend-to-enddelay are indistinguishablefrom
clock skew. In contrastto previous work [6, 8], our algorithmis
not a robust skew estimator Our goal is to maintainthe buffer
occupang within aconstrainedegion. Both clock skew andslov
evolutionsof themeantransittime manifesthemselesaschanges
in the buffer occupanyg, andit is thesethatthe compensatioral-
gorithm catersfor. Our estimatorcomesat a reducedcost,O(1)
comparedo O(n), owing to thesimplergoal.

3. COMPENSATION ALGORITHM

Whenthe skew detectionalgorithmindicatesthat the numberof
samplesn therecever'splayoutbuffer requiresadjustmentacom-
pensatiormechanisnis applied.We have experimentedwith sev-
eral schemesandthe mechanismwe presenthererepresentshe
mostsuccessfulPotentiallysimplerschemessuchasregular(and
irregular) sampleinsertionanddeletion,introduceaudibledistor
tion thatis attributableto phasediscontinuity

The approachwe adoptutilizes the temporalredundang in-
herentin audiosignalsto identify segmentsof audiothat may be
repeatedr cut from the streamto adjustthe playoutbuffer occu-
pang. A simpleandlow-costheuristicis usedto locaterepetitve
segmentswithin aframe:

L-1

E@M)=7Y ls@+k)-sm+) @)

k=0

wheres;(t) representshe amplitudeof samplet in frames, w is
positionof the matchwindow start, L is the comparisorwindowv

width, and m positionin the frame wherethe bestmatchcom-
mences. matchcommences.When the smallestvalue of E;(t)
for aframeis below athreshold, T, the portion of audiobetween
the window andthe matchlocationis deemedan acceptabldor
repeatingor cropping. The parameterd” and L arechoserto be
1200 (usinga 16-hit linear representationand 8 samplegespec-
tively after auraltesting. The matchwindown andregion searched
do notoverlap. Thematchingprocesss illustratedin figure 2.

Earlier work on repairingmissingsegmentsfrom pacletized
audiostreamq?2, 11, 13] scalethe samplesetweenthe windowv
andthe searcthregion. The heuristicwe presentelectsonly those
segmentswith a relatively stationarysignal gain. Whilst this re-
duceghenumberf sggmentsavailablefor croppingandrepeating
comparedhe earlierwork cited,no costlygainscalingis required
to masktheinsertionanddeletionoperations.

The location of comparisonwindow dependson whethera
segmentis to be insertedor deleted. When a seggmentis to be
deletedthe matchwindow begins at the startof the frame. Con-
versely when samplesare to be insertedthe matchwindow is
placedat the end of the frame. The insertionor deletionis ap-
plied andthe transitionis masled using a linear blendingfunc-
tion. Framesdn the playoutbuffer afterthe adjustmenpoint have
their playouttime shifted to maintaincontinuity The mapping
offsetused,m active, IS Updatedand subsequenpacletshave the
updatedoffset applied. The window locationsandoperationsare
depictedn figure 3.

4. RESULTS

To evaluatethe effectivenessof the compensatioralgorithm we

appliedartificial clock skew ratesof +0.5%,+2%, and+5%rel-

ative to the intendedplaybackrate to threesamplestreamscom-

prising of voice, popularmusic,andclassicalmusic(describedn

appendixA). The skew compensatednd original sampleswere
thenplayedthrougha high quality headseto 10 listeners. Skew

compensatioadjustment®f +0.5%and+2% werenot detected
by ary of thelisteners.At +£5% compensatin@djustmentsere
apparento all listenersof the classicalmusicpiece. However, at

+5% noneof thelistenersnoticedthe adjustments$o the pop mu-

sic track and only one listenercommentedon the brevity of the

pausedetweerspeectsggmentsin thevoicetrack.

Thecompensatinglgorithmhasdifficulty with audiosources
containingprolongedperiodswithoutstationaryrepetitve sggments.
Sourcewith rich andwiderangingharmoniccontent suchasclas-
sicalmusic,exemplify theproblem.In the periodswithout station-
ary repetitve sggmentsthe numberof samplesabove or belov the
thresholdncreasesWhenapassagevith astationaryperiodarises
mary adjustmentccurin closesuccessiorintroducinga “war
bling” effect. Sourcedike voice that have frequentlow enegy
componentsanda high fraction of stationaryrepetitve segments
areableto have adjustmentsnademorefrequently A comparison
of the numberof samplesn excesswhenadjustmentsare made
for a fastersourceis shavn in figure 4. The distributions of the
size of adjustmentgnot shavn) arenearidenticalfor eachaudio
streantype, the adjustmensizesareevenly distributedacrosshe
availablerange.

We have also implementedthe algorithm in an RTP audio
application[3] and monitoredit’s behaiour with multicastses-
sionsof terrestrialradio stationprogrammingandunicasttestsbe-
tweenUCL andotherinstitutions.We have obsered skew ratesof
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Figure 2: Identification of bestmatchingaudio segmentwithin
an audioframe of the voice testsample. The audiosignalis de-
pictedin the top graphtogetherwith the matchwindowv andthe
bestmatchingseggment.Theresidualis depictedower graph.

Original Buffer ‘ ‘ ‘ ‘
i-1 i i+1

Shortened Bufferl:|

i-1 i+1

Original Buffer ‘ ‘ ‘

i \—¢i+1

Expanded Buffer |:|
i i+1
i (copy)

Search Window Best Match Blended sample. Discarded

Figure3: Deletionandinsertionof repeatedegmentsin the play-
outbuffer. Thearrowsindicateaudioseggmentsthatareblendedto
conceainsertionor deletionoperations.

oor /S

0.8 -

0.7

0.6 -

05 i B

Cumulative Distribution

04 i g
03l |

02 —

0.1 Voice 1

1 1 1 1
0 200 400 600 800 1000 1200 1400
Sample Surplus at Time of Adjustment

Figure 4: The cumulative distribution of the numberof samples
over thoseexpected,from a fasterclocked audio sourcesource,
beforeanadjustments possible.

+0.5%andhave notobseredary ill effectsarisingfrom compen-
satingactions.

5. IMPLEMENTATION CONSIDERATIONS

We now considerthe practicalissueshatimplementingthe detec-
tion andcompensatiomlgorithmpresent.The key issueis the se-
lectionof thelow andhigh watermarksthatareusedto determine
anadjustments necessary

Thelow watermarkis usedto trigger sampleinsertionwhen
thesourcds deemedo have arelatively slow clock. It is desirable
to triggersamplensertionbeforethe applicationrunsout of audio
to play, andhasto invoke a last-chancdoss concealmentecha-
nismor playoutsilence.We have foundthatbothconcealmenand
silencesubstitutionperform poorly when comparedto the skew
compensatiolgorithmpresentedIf it is not possibleto perform
skew compensatioripssconcealmeris potentiallylessdamaging
thansilencesubstitutionthoughits performances heaily depen-
dentonthesignalcontent.

The low water mark is thereforedeterminedby how mary
sampleganbedeficientbeforestanationeffectsoccur Ourpresent
implementatiorusesafractionof theplayoutdelayincurreddueto
network effects’, but this is an ad-hocmeasureandfurther work
is neededo refineits performance.

As arefinementwhenit is determinedhat a sources clock
is consistentlyslow, a receiver may add additionaldelay beyond
the minimum necessaryo ensurecorrectplayout. This prevents
interruptionduring periodsthatthe skew compensatiomlgorithm
cannotfunctiondueto thelack of stationarysggmentsn theaudio
stream.

Thecriteriafor thehighwatermarkis dependenvn how much
delayand memoryconsumptiorthe recever is preparedo toler
ate. Thehigh watermarkneedgo be placeda gooddistancefrom
the low; suficiently far that oscillationsdo not occur between
positive and negative playout adjustments. Our implementation
presentlyusesa fixedvalueof 200mswhich is suficiently largeto

1As opposedo thedelayintroducedo compensatéor schedulingzari-
ationin the hostsysten{4].



handleobserednetwork transitdelayvariations,andshortenough
thatthe additionalplayoutdelaywhich may be incurredis not an
issuefor interactve sessions.

6. SUMMARY AND FUTURE WORK

We have presenteda low compleity algorithm to detectclock
skew betweerremoteaudioapplicationsandanalgorithmto com-
pensateby addingor remorving stationaryaudio segments. We
have found theseto work well in simulationandin a real appli-
cation.

Our detectionalgorithmis affectedby slow variationsin end-
to-enddelay suchasthosearisingfrom demanddriven variations
in router queuelengths. Thesechangesmanifestthemseles in
a similar mannerto clock skew, and our compensatioralgorithm
alsoadaptdo thesechangeslin practice we have the foundcom-
binationof the two algorithmsto work well.

We believe our compensatioralgorithm could also be used
to effect small changesn playoutpoint, if needed.Applications
aretypically conserative andchoosea largeinitial playoutdelay
sincethey have insuficientinformationaboutthetransittime vari-
ationto bemoreaggresie. Thecompensatioalgorithmpresented
could make adjustmentgo the playout point for those streams
which do not have naturalbreaks.

The useof stationarysegmentsfor the compensatioris both
a strengthand weaknesof this approach. It enablesinaudible
adjustmentsut ata costof delaywhena suitablesggmentsarenot
presentn the audiostream.In future work we intendto compare
the compensatiorschemewith a resamplingalgorithmthat may
concealphaseshifts betterthan individual sampleinsertionand
deletionschemes.
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A. AUDIO SAMPLES

Two minuteaudiosamplef theof thefollowing piecesvereused
in evaluatingthe algorithmspresented:

e “You've gotto build bypasses”excerptfrom Hitch-Hiker's
Guideto theGalaxy DouglasAdams,BBC WorldwideLtd,
1978.

e ‘“Imaginary Friends”, from Dizzy Heights, The Lightning
SeedsSory Music Entertainment1996.

e “Brandenlurg ConcertdNo. 4in B flatmajor”, JoharSebes-
tian Bach, recordingof the English ChamberOrchestra/
BenjaminBritten, DeccaRecordCompary, 1969.
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