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ABSTRACT

In this paperwe investigate a special-purposapplicationof
MPEG-1layer Il audio streaming. First, we discusshow two or
more alreadycodedMPEG-audiobitstreamscan be manipulated
andmixed within the codedsubbanddomainby usingan appro-
priatealgorithmfor combiningandrecalculatinghebit allocation.
Next, we will show thatvery significantspeedupsanbe obtained
comparedvith mixing in thetemporaldomain.We will alsoillus-
tratethat, at the sametime, the systemcanact asa bit rate scal-
ing device, usingoneof thebit allocation-combinatiomlgorithms
which we implemented.The resultsobtainedwith thesedifferent
algorithmsare briefly discussedand compared. Finally, we re-
porton how the developedsoftwarewasintegratedinto aninternet
audio streamingsystem,which is now ableto allow simple, yet
efficient, real-timemixing of several MPEG-audiocodedsignals.

1. INTRODUCTION

The MPEG-1-audiocompressiorstandardfiave beenwell stud-
ied during recentyearsandsereral softwareandhardwareimple-
mentationshave madeit a very popularstandardor compression,
coding, distribution and transmissiorof high quality audio sig-
nals[1][2][3]. However, whenmanipulatingsuchcompressedata
streamse.g.for audiobroadcastingr internetstreamingapplica-
tions, several tools or functionalitiesstill areeithernot available,
or have only beenpartially studiedandimplemented.

Large internetaudio archives are typically compressednd
storedonelectro-magneticair opticalstoragamedia.Consequent-
ly, whenvolumeand/ormixing control operationge.g.mixing or
overlaying,and/orfadingin andout) aredesiredplayingor trans-
mitting the combinationof several audio streamsis a very im-
portant,but far from trivial task. Although several MPEG-audio
(de)codingtools are widely available, tools for flexible and effi-
cientmixing arescarce.

Also, for severalapplicationsg.g.internetstreamingit is of-
tendesirabldo beableto transmittheaudioinformationaccording
to variouscompressiorvs. quality trade-ofs, i.e. flexible and ef-
ficient bit rate scalingfunctionalitiesare needed.For example,a
signalis typically archived asa high quality (layer Il or Ill) 192
kbit/s file on a harddiskor a CD-subsystembhut needso betrans-
mitted over a 128kbit/s TCP/IPconnection.

In thispapemwefocusonhow asetof efficient MPEG-1layerl|
mixing (andbit ratescaling)algorithmscanbeimplementedFirst,
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Fig. 1. MPEG-1encodeistructure(layer| andll).

we will shav thathugemixing speedupsanbeobtainedby using
only partialdecodingandrecodingin the subbandiomain.A cru-

cial stepis the fastrecalculationof the bit allocationinformation
for the signal(aftermixing in the subbanddlomain). Hence next,

we summarizgresultsfor) severaldifferentbit allocationrecalcu-
lationalgorithmsthatwe have studied. We will shaw thatreal-time
mixing of upto 3 compressedudiosignalscaneasilybe obtained
on alow-end PC-systemwhile high quality codingof the signals
is retained. Finally, we briefly discusghe prototypemixing and
streamingsystermwhich we developed.

2. MPEG-AUDIO CODING

The generaMPEG-audio(layer| andll) codingschemas illus-
tratedin figurel. Thesubbandanalysiscomponenfilterstheinput
signalinto 32 equallyspacedsubband$1][2][3]. Thesesubbands
arethenscaledguantisedformattedandcodedinto aframebased
outputhitstream.The quantisatioris controlledby the bit alloca-
tion andscalingcomponentvhich determinesow mary bits will
be asignedto eachsubband. By simulatingthe psycho-acoustic
propertiesof the humanhearingsystem the bit allocationroutine
can decidewhich subbandsshould be given the majority of the
available bits. The subbandanalysisfiltering, bit allocationand
psycho-acoustimodellingarehighly computationatasks[4][5].

Figure 2 illustratesthe generaldecodingschemeijt basically
inversesll theencodesteps.Obviously, comparedo theencoder
thecomputationatompleity of thedecodeis significantlysmal-
ler; mostof thedecodeicomputatiortime is usedby the synthesis
filter bank.

The popularlayerlll format (mp3) usesadditionaladwanced
techniquessuch as noise shaping,Huffman coding, bitreseroir
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transcodingthe CPU-intensie componentsireshavn filled).

managementwindow switching,and MDCT codingto improve
thelayerl andll codingprinciples;see[1][2].

3. AUDIO MIXING AND CROSS-FADING

3.1. Transcoding and mixing

Themoststraightforvardwayto obtainamixedcodedaudiostream
is illustratedby figure 3. Usingthis method,eachof the codedin-
put signalsis fully decodedand scaledaccordingto the defined
volumechangeguserdefinedfadingin or out, etc.). The signals
arethenadded(in thetemporaldomain)andfully recoded.Ohvi-
ously, the computationatompleity of this methodis very high.
Also, recodingcanintroduceor amplify (quantisatiorand/orper
ceptual)errorsdue to the chaineddecoderencodersetupof the
systemge.g.dueto theuseof inaccuratgsycho-acoustimodels.

3.2. Subband mixing (layer I1)

In this sectionwe discusshow high speedmixing canbe imple-
mentedwithoutfully decodinghelayerll codedaudiostreamsin
section6 we discusshow layer| andlayerlll (mp3)streamscan
alsobeusedin themixing processGenerallyspeakinglayerll (at
theupperpartof its bit raterange)hasalsobeenacceptedisavery
efficient complexity vs. quality trade-of. Additionally, sinceour
initial aim wasthe developmentof a low costsystemfor stream-
ing high quality audio on the university LAN andthe BELNET
researchnetwork, we decidedthatlayer Il would be an adequate
choice.

In this paperwe only focuson the situationwheretwo audio
streamsarebeingmixed, obviously this caneasilybe extendecdto
ary numberof streamg(if the necessaramountof computational
poweris availableandtheissuedliscussedh sectiord arehandled
appropriately).
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Fig. 4. Mixing andcross-adingtwo codedbitstreamsn the sub-
banddomain(comparewith figure 3).

As is shawvn in figure 4, the two partialdecoderonly recon-
structthe subbanddomainsamplesvhich arethenaddedandre-
codedinto the new bitstream.The CPU-intensie componentssee
figure3, which canbeomittedincludethesubbandynthesidilter-
bankstheanalysidilterbank,the FFT andpsycho-acoustimodel,
andthenormal,full searchbit allocation.

Obviously, animportantcomponenbf the proposedystemis
the bit allocation-combinatiorand scalingmodule; seefigure 4.
Thisis discussedn the next section.

4. BIT RATE SCALING

A remainingproblemwhenapplying subbandmixing is that the
requiredbit rate of the mixed streamis (almost) always higher
thanthebit rateof the partially decodednput streamsThisis due
to the factthatwe neithercannor wish to determinethe psycho-
acousticpropertiesof the (original) audiosignals.Hence mixing

the partially decodednput bitstreamswill requirean independ-
ent, bit rateconstrainede-esaluationandcombinatatiorof the bit

allocationsets.

Remarkthatin factthis is a bit rate scalingproblem;the bit
rate of the codedsignal —the input MPEG-audiosignalsafter
subbandmixing— hasto be reducedto a lower level that can
be handledby the transmissiorchannel— the single output bit-
stream.Here, bit rate scaling(in the codeddomain;seealso[6])
correspondso lowering the bit allocation,andthusthe available
numberof quantisatiorstepsfor eachof the 32 MPEG-subbands,
while trying to spreadhe resultingaddedquantisatiomoiseover
thesubbandén a computationallyefficient andintelligentway.

In [7] weimplementedive differentalgorithmsto do this; the
algorithmsdevelopedby Nakajimaet al. [6] partially senedasa
basis. However, we slightly adaptedthesealgorithms,and also
developedsomenew variationsin orderto retainvery high pro-
cessingspeedsAlso, we only discusgesultsfor mild bit ratescal-
ing functionalities,i.e. the (higher) bit rate neededy the mixed
signalwasreducedandwe only investicateddown scalingfrom
192 kbit/s to 128 kbit/s (seesection3.2; designgoals). For fully
functional bit rate scaling additional algorithmsare being con-
sidered.

Thefirst two algorithmshave thefollowing initialisation step:
themaximumbit allocationfor eachsubbandverall inputstreams
is determinechndfor eachnon-zeroallocatedsubbanadhealloca-



tion is increasedvith oneallocationstep.

After this initialisation, algorithm 1 thenproceedsteratively;
it decreasethebit allocationof the highestsubbanduntil the sub-
bandis remoredor thebit rateconstraints satisfied.

The secondalgorithmfirst makes single stepdecreasesver
all subbanddeforerepeatinghe sameprocedure.

Thethird algorithmis similar to the secondne,but theinitial
bit allocationin eachsubbands setto the valueusedby theinput
streamwith the highestsum of subbandsamplevalues(in each
subbandeingconsidered).

Algorithm 4 is similar to algorithm3, but considerghe sumof
absolutevaluesof the subbandsamples.

Finally, algorithm5 doesnot considerbit allocationstepsbut
initially calculatesvhich bit allocationshouldbe chosenn order
not to introducequantisatiorerrorsbigger thanthe accumulated
error of the combinedinput streams;this methodconsidersthe
numberof possiblequantisatiodevelsratherthanthebit allocation
values.Thedown scalingstepof algorithm5 is identicalto theone
usedby algorithm2.

A moredetailedexplanationof all the algorithmsmentioned
aboveis availablein [13].

5. SIMULATION RESULTS

Theinitial MPEG-codecsourcecode[14] wasadaptedextended
andcompiledon a standardVMX-200 Mhz pentiumPC running
Linux (kernelversion2.0.36).

Using the proposedsubbanddomain mixing procedure the
total mixing time for two audiosequencesould bereducedby a
factor8 to 12; enablingthe mixing of up to threelayerll filesin
realtime.

Due to a lack of spacewe can not reportall bit allocation-
combinationcomparisonsndsimulationresultsthatwe have ob-
tained; moreresultsarereportedon the WWW: see[13]. These
resultsincludecomparison®f theobtainedit allocationsor dual
input 192 kbit/s to mixed 192 kbit/s, dual 128 kbit/s to mixed 128
kbit/s,anddual192to mixed (andadditionallybit ratescaled)128
kbit/s. Additionally, in [13] we alsoreporton bit allocationresults
for atranscodednix comparedvith aninitial time domainbased
and afterwardscodedmix, and differencesobtainedwhen using
two differentpsycho-acoustimodels.

However, figures5 and6 illustrateresultsfor dual 192 kbit/s
inputto 192 kbit/s outputmixing. Figure5 illustratesthe average
bit allocationsof the mixing algorithmsand the result obtained
whenusingthetranscodingnethod(seefigure 5: “trans” results).

Figure 6 illustratesthe averagequadraticdifferencebetween
the bit allocationof the transcodedsignaland eachof the imple-
mentedmixing algorithms.

As canbe seenfrom thesefigures,four of the algorithmsper
form quite well. Algorithm 1 doesnot work well, but this cor
respondgo the bandwidthcut-off natureof the algorithm. Al-
gorithm 5 tendsto favour the higher (lesspercevable) subbands
too much. Furtherfine tuning shouldimprove this.

Finally, simple subjectve listening testshave indicatedthat
(whenusingalgorithm4 and)dependingon the signalsbeingre-
coded,often only after training noticabledifferencescanbe per
ceived betweenthe transcodedand the subbandmixed signals.
For practicalapplicationsasdiscussedbelon (seesection8), high
quality audiocanalwaysberetained.
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6. MIXINGWITH LAYER | AND 111

The systemthatwasdescribedabove mainly focusse®on efficient
layer Il (re)coding. However, we have also implementedfunc-
tionalitiesfor translatinglayer| andlayerlll framesinto layer I
frames. Someof the issuesdiscussedelown will requirefurther
research.

6.1. Layer |

Althoughlayer| hasfoundverylittle usein practicalapplications,
we have developedsomeroutineswhich alsoenablethefastrecod-
ing andmixing of layer| audioframeg8]. However, we have only

implementedsimple procedurego translatethe layer| bit alloca-
tion values(layer| usesa directlinear quantisemwith symmetric
zero)into the bit allocationtablesusedin layerll (see[1]; tables
B2.a—B2.drestrictthe numberof subbandsand the quantisation
possibilities,but add “grouping”). Thesetranslationalgorithms
arebeingimprovedfurther.



7

N TP

MO

. .

subband

Fig. 7. Fixedbit allocationusedfor layerlll to layerll translation
(192kbit/s).

6.2. Layer Il

In orderto enablemixing with layerlll filesthefollowing proced-
urewasimplemented?7]. First,themp3-bitstreanis decodedintil

subbandlomainsamplesareobtained(this requiresfastHuffman
decodingandIMDCT calculationetc.). Then,thesubbandiomain
samplesaremixed, anda fixed bit allocation,asis e.g.illustrated
in figure7, is usedfor all thelayerlll frames.

7. INTERNET STREAMING

In orderto streamthe codedaudio onto the internetwe decided
to usean adaptedversionof the IcecastHTTP basedstreaming
tool [9].

Thistool is a quite popular free and OpenSourceounterpart
of thecommercialShoutcassysten{10]. Icecaststreamingcanbe
usedwith several MPEG-audioplayersase.g.FreeAmp XMMS,
mpg123 Xaudio, WinAMP, Sonique MacAMP andSoundAM.

An obvious disadwantageof our currentprototypesystemis
thatit still requiresLAN, xDSL or cablemodemnetwork access,
in orderto receve the high bit rate and high quality audio sig-
nal. To enablereliable playbackof the audio streamit is often
alsoa goodideato increasethe buffersizeof the playertool, so
thatpeeksin network load andjitter canbe compensatetbr. Re-
duction of the requiredbandwidthcould be obtainedby further
down scalingof the bit rate (seesection4). But, obviously, this
would alsohave animpacton the audioquality. Indeed prelimin-
ary experimentakesultshave confirmedthatthe useof simpleyet
efficient algorithmsfor bit rate scalingof mixed signals,without
ary recalculatiorof the psychoacousticsf the combinedsignals,
causesdditionalnegative codingeffectsif thesignalshave consid-
erablydifferentpsycho-acoustipropertiesand the target bit rate
of themixedsignalis significantlylower;i.e.thebit ratevs. quality
trade-ofcurve degenerateastemw.r.p.to thenormal(trans)coding
approach.

8. THE PROTOTYPE MIXER AND STREAMER

Thesoftwarewasdevelopedfor anaudiobroadcastingndinternet
streamingsystem.lt is beingputto useby the studentradio chan-
nel at GhentUniversity; see[11]. Currently RealAudioG2 (TM)
streamingtechnologiesare usedto provide listenerswith simple,
i.e.non-mixed,concatenationsf mediumqualityaudiosignals.In
thenearfuture high quality MPEG-1audiomixing andstreaming
functionalitieswill alsobe provided.

The currentprototypesystemis a standardPC with a num-
ber of harddiskscontainingthe already(layer Il andlll) encoded
songsjingles, etc. Themixing functionalitiesoverlapandaddthe

jingles at the endandthe beginning of songs,andcanalsoshape
thevolumeof thesongsasthey fadein or out.

Currently theprototypesystencanbelistenedtio by accessing
the WWW: see[11] or [12]. For futurereferencewe recommend
visiting our WWW page[13] for moreup-to-datenformation.

9. CONCLUSION

In this paperwe have discussedhe subbandiomainbasedmixing

andbit rate scalingof MPEG-audiosignals. We have shavn that
using variousdifferentalgorithmsfor recalculationand combin-
ation of the input bit allocationvalues,the total mixing time for

two alreadycodedaudio sequencesan be significantly reduced,
enablingthe mixing of up to threelayerll filesin realtime ona
200Mhz PC.We briefly outlinedhow the proposedsubbandnix-

ing implementatiorwasintegratednto aninternetaudiostreaming
sener, andindicatedsomepossibilitiesfor futureresearch.
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