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ABSTRACT

In this paperwe investigatea special-purposeapplicationof
MPEG-1layer II audiostreaming.First, we discusshow two or
morealreadycodedMPEG-audiobitstreamscanbe manipulated
andmixed within the codedsubbanddomainby usingan appro-
priatealgorithmfor combiningandrecalculatingthebit allocation.
Next, we will show thatverysignificantspeedupscanbeobtained
comparedwith mixing in thetemporaldomain.Wewill alsoillus-
tratethat, at the sametime, the systemcanact asa bit ratescal-
ing device,usingoneof thebit allocation-combinationalgorithms
which we implemented.Theresultsobtainedwith thesedifferent
algorithmsare briefly discussedand compared. Finally, we re-
portonhow thedevelopedsoftwarewasintegratedinto aninternet
audiostreamingsystem,which is now able to allow simple,yet
efficient, real-timemixing of severalMPEG-audiocodedsignals.

1. INTRODUCTION

The MPEG-1-audiocompressionstandardshave beenwell stud-
ied duringrecentyearsandseveralsoftwareandhardwareimple-
mentationshave madeit a very popularstandardfor compression,
coding, distribution and transmissionof high quality audio sig-
nals[1][2][3]. However, whenmanipulatingsuchcompresseddata
streams,e.g.for audiobroadcastingor internetstreamingapplica-
tions,several tools or functionalitiesstill areeithernot available,
or haveonly beenpartially studiedandimplemented.

Large internet audio archives are typically compressedand
storedonelectro-magneticaloropticalstoragemedia.Consequent-
ly, whenvolumeand/ormixing controloperations(e.g.mixing or
overlaying,and/orfadingin andout)aredesired,playingor trans-
mitting the combinationof several audio streamsis a very im-
portant,but far from trivial task. Although several MPEG-audio
(de)codingtools arewidely available, tools for flexible andeffi-
cientmixing arescarce.

Also, for severalapplications,e.g.internetstreaming,it is of-
tendesirableto beableto transmittheaudioinformationaccording
to variouscompressionvs. quality trade-offs, i.e. flexible andef-
ficient bit ratescalingfunctionalitiesareneeded.For example,a
signal is typically archived asa high quality (layer II or III) 192
kbit/s file on a harddiskor a CD-subsystem,but needsto betrans-
mittedovera128kbit/s TCP/IPconnection.

In thispaperwefocusonhow asetof efficientMPEG-1layerII
mixing (andbit ratescaling)algorithmscanbeimplemented.First,

32 SMR
values

ISO/IEC
11172-3

frame

output

model
acoustic
Psycho-F

F
T

32 subbands
Digital
audio
input

Bit- and
scalefactor
allocation

ScalingSubband

analysis

Multiplexing
and bitstream 

formattingQuantisation

Fig. 1. MPEG-1encoderstructure(layerI andII).

wewill show thathugemixing speedupscanbeobtainedby using
only partialdecodingandrecodingin thesubbanddomain.A cru-
cial stepis the fastrecalculationof the bit allocationinformation
for thesignal(aftermixing in thesubbanddomain).Hence,next,
wesummarize(resultsfor) severaldifferentbit allocationrecalcu-
lationalgorithmsthatwehavestudied.Wewill show thatreal-time
mixing of up to 3 compressedaudiosignalscaneasilybeobtained
on a low-endPC-systemwhile high quality codingof thesignals
is retained. Finally, we briefly discusstheprototypemixing and
streamingsystemwhich wedeveloped.

2. MPEG-AUDIO CODING

ThegeneralMPEG-audio(layer I andII) codingschemeis illus-
tratedin figure1. Thesubbandanalysiscomponentfilterstheinput
signalinto 32 equallyspacedsubbands[1][2][3]. Thesesubbands
arethenscaled,quantised,formattedandcodedinto a framebased
outputbitstream.Thequantisationis controlledby thebit alloca-
tion andscalingcomponentwhich determineshow many bits will
be asignedto eachsubband.By simulatingthe psycho-acoustic
propertiesof thehumanhearingsystem,thebit allocationroutine
can decidewhich subbandsshouldbe given the majority of the
availablebits. The subbandanalysisfiltering, bit allocationand
psycho-acousticmodellingarehighly computationaltasks[4][5].

Figure2 illustratesthe generaldecodingscheme;it basically
inversesall theencodersteps.Obviously, comparedto theencoder,
thecomputationalcomplexity of thedecoderis significantlysmal-
ler; mostof thedecodercomputationtime is usedby thesynthesis
filter bank.

The popularlayer III format (mp3) usesadditionaladvanced
techniquessuchas noiseshaping,Huffman coding, bitreservoir
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Fig. 2. MPEG-1decoderstructure(layerI andII).
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Fig. 3. Mixing and cross-fading of two codedbitstreamsusing
transcoding(theCPU-intensivecomponentsareshown filled).

management,window switching,andMDCT coding to improve
thelayerI andII codingprinciples;see[1][2].

3. AUDIO MIXING AND CROSS-FADING

3.1. Transcoding and mixing

Themoststraightforwardwaytoobtainamixedcodedaudiostream
is illustratedby figure3. Usingthis method,eachof thecodedin-
put signalsis fully decodedandscaledaccordingto the defined
volumechanges(userdefinedfadingin or out, etc.). Thesignals
arethenadded(in thetemporaldomain)andfully recoded.Obvi-
ously, the computationalcomplexity of this methodis very high.
Also, recodingcanintroduceor amplify (quantisationand/orper-
ceptual)errorsdue to the chaineddecoder-encodersetupof the
system,e.g.dueto theuseof inaccuratepsycho-acousticmodels.

3.2. Subband mixing (layer II)

In this sectionwe discusshow high speedmixing canbe imple-
mentedwithoutfully decodingthelayerII codedaudiostreams.In
section6 we discusshow layer I andlayer III (mp3)streamscan
alsobeusedin themixing process.Generallyspeaking,layerII (at
theupperpartof its bit raterange)hasalsobeenacceptedasavery
efficient complexity vs. quality trade-off. Additionally, sinceour
initial aim wasthedevelopmentof a low costsystemfor stream-
ing high quality audioon the university LAN and the BELNET
researchnetwork, we decidedthat layer II would be an adequate
choice.

In this paperwe only focuson thesituationwheretwo audio
streamsarebeingmixed,obviously this caneasilybeextendedto
any numberof streams(if thenecessaryamountof computational
poweris availableandtheissuesdiscussedin section4 arehandled
appropriately).
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banddomain(comparewith figure3).

As is shown in figure4, the two partial decodersonly recon-
structthesubbanddomainsampleswhich arethenaddedandre-
codedinto thenew bitstream.TheCPU-intensivecomponents,see
figure3,whichcanbeomittedincludethesubbandsynthesisfilter-
banks,theanalysisfilterbank,theFFTandpsycho-acousticmodel,
andthenormal,full searchbit allocation.

Obviously, animportantcomponentof theproposedsystemis
the bit allocation-combinationandscalingmodule; seefigure 4.
This is discussedin thenext section.

4. BIT RATE SCALING

A remainingproblemwhenapplyingsubbandmixing is that the
requiredbit rate of the mixed streamis (almost)always higher
thanthebit rateof thepartiallydecodedinputstreams.This is due
to the fact thatwe neithercannor wish to determinethe psycho-
acousticpropertiesof the(original) audiosignals.Hence,mixing
the partially decodedinput bitstreamswill requirean independ-
ent,bit rateconstrainedre-evaluationandcombinatationof thebit
allocationsets.

Remarkthat in fact this is a bit ratescalingproblem;the bit
rate of the codedsignal —the input MPEG-audiosignalsafter
subbandmixing— has to be reducedto a lower level that can
be handledby the transmissionchannel— the singleoutputbit-
stream.Here,bit ratescaling(in thecodeddomain;seealso[6])
correspondsto lowering the bit allocation,andthusthe available
numberof quantisationstepsfor eachof the32 MPEG-subbands,
while trying to spreadtheresultingaddedquantisationnoiseover
thesubbandsin a computationallyefficient andintelligentway.

In [7] we implementedfivedifferentalgorithmsto do this; the
algorithmsdevelopedby Nakajimaet al. [6] partially served asa
basis. However, we slightly adaptedthesealgorithms,and also
developedsomenew variationsin order to retainvery high pro-
cessingspeeds.Also, weonly discussresultsfor mild bit ratescal-
ing functionalities,i.e. the (higher)bit rateneededby the mixed
signalwasreduced,andwe only investigateddown scalingfrom
192kbit/s to 128 kbit/s (seesection3.2; designgoals). For fully
functional bit rate scaling additional algorithmsare being con-
sidered.

Thefirst two algorithmshave thefollowing initialisationstep:
themaximumbit allocationfor eachsubbandoverall inputstreams
is determinedandfor eachnon-zeroallocatedsubbandthealloca-



tion is increasedwith oneallocationstep.
After this initialisation,algorithm1 thenproceedsiteratively;

it decreasesthebit allocationof thehighestsubbanduntil thesub-
bandis removedor thebit rateconstraintis satisfied.

The secondalgorithmfirst makessinglestepdecreasesover
all subbandsbeforerepeatingthesameprocedure.

Thethird algorithmis similar to thesecondone,but theinitial
bit allocationin eachsubbandis setto thevalueusedby theinput
streamwith the highestsum of subbandsamplevalues(in each
subbandbeingconsidered).

Algorithm 4 is similar to algorithm3, but considersthesumof
absolutevaluesof thesubbandsamples.

Finally, algorithm5 doesnot considerbit allocationstepsbut
initially calculateswhich bit allocationshouldbechosenin order
not to introducequantisationerrorsbigger than the accumulated
error of the combinedinput streams;this methodconsidersthe
numberof possiblequantisationlevelsratherthanthebit allocation
values.Thedown scalingstepof algorithm5 is identicalto theone
usedby algorithm2.

A moredetailedexplanationof all the algorithmsmentioned
above is availablein [13].

5. SIMULATION RESULTS

The initial MPEG-codecsourcecode[14] wasadapted,extended
andcompiledon a standardMMX-200 Mhz pentiumPCrunning
Linux (kernelversion2.0.36).

Using the proposedsubbanddomainmixing procedure,the
total mixing time for two audiosequencescouldbereducedby a
factor8 to 12; enablingthemixing of up to threelayer II files in
realtime.

Due to a lack of spacewe can not report all bit allocation-
combinationcomparisonsandsimulationresultsthatwe have ob-
tained;moreresultsarereportedon the WWW: see[13]. These
resultsincludecomparisonsof theobtainedbit allocationsfor dual
input 192kbit/s to mixed192kbit/s,dual128kbit/s to mixed128
kbit/s,anddual192to mixed(andadditionallybit ratescaled)128
kbit/s. Additionally, in [13] wealsoreportonbit allocationresults
for a transcodedmix comparedwith aninitial time domainbased
andafterwardscodedmix, anddifferencesobtainedwhenusing
two differentpsycho-acousticmodels.

However, figures5 and6 illustrateresultsfor dual192kbit/s
input to 192kbit/s outputmixing. Figure5 illustratestheaverage
bit allocationsof the mixing algorithmsand the result obtained
whenusingthetranscodingmethod(seefigure 5: “trans” results).

Figure6 illustratesthe averagequadraticdifferencebetween
the bit allocationof the transcodedsignalandeachof the imple-
mentedmixing algorithms.

As canbeseenfrom thesefigures,four of thealgorithmsper-
form quite well. Algorithm 1 doesnot work well, but this cor-
respondsto the bandwidthcut-off natureof the algorithm. Al-
gorithm 5 tendsto favour the higher(lessperceivable)subbands
toomuch.Furtherfine tuningshouldimprove this.

Finally, simple subjective listening testshave indicatedthat
(whenusingalgorithm4 and)dependingon thesignalsbeingre-
coded,often only after training noticabledifferencescanbe per-
ceived betweenthe transcodedand the subbandmixed signals.
For practicalapplicationsasdiscussedbelow (seesection8), high
quality audiocanalwaysberetained.

Fig. 5. Averagebit allocationresultswhenmixing two pop-songs
with the different bit allocation-combinationalgorithmsand the
transcodingmethod(1000frames).

Fig. 6. Theaveragesquaredbit allocationerrorof theimplemented
algorithmswith respectto thetranscodingbit allocationresults.

6. MIXING WITH LAYER I AND III

Thesystemthatwasdescribedabove mainly focusseson efficient
layer II (re)coding. However, we have also implementedfunc-
tionalitiesfor translatinglayer I andlayer III framesinto layer II
frames. Someof the issuesdiscussedbelow will requirefurther
research.

6.1. Layer I

AlthoughlayerI hasfoundvery little usein practicalapplications,
wehavedevelopedsomeroutineswhichalsoenablethefastrecod-
ing andmixing of layerI audioframes[8]. However, wehaveonly
implementedsimpleproceduresto translatethe layer I bit alloca-
tion values(layer I usesa direct linear quantiserwith symmetric
zero)into thebit allocationtablesusedin layer II (see[1]; tables
B2.a–B2.drestrict the numberof subbandsand the quantisation
possibilities,but add “grouping”). Thesetranslationalgorithms
arebeingimprovedfurther.



Fig. 7. Fixedbit allocationusedfor layerIII to layerII translation
(192kbit/s).

6.2. Layer III

In orderto enablemixing with layerIII files thefollowing proced-
urewasimplemented[7]. First,themp3-bitstreamis decodeduntil
subbanddomainsamplesareobtained(this requiresfastHuffman
decodingandIMDCT calculationetc.).Then,thesubbanddomain
samplesaremixed,anda fixedbit allocation,asis e.g.illustrated
in figure7, is usedfor all thelayerIII frames.

7. INTERNET STREAMING

In order to streamthe codedaudioonto the internetwe decided
to usean adaptedversionof the IcecastHTTP basedstreaming
tool [9].

This tool is a quitepopular, freeandOpenSourcecounterpart
of thecommercialShoutcastsystem[10]. Icecaststreamingcanbe
usedwith severalMPEG-audioplayersase.g.FreeAmp,XMMS,
mpg123,Xaudio,WinAMP, Sonique,MacAMP andSoundJAM.

An obvious disadvantageof our currentprototypesystemis
that it still requiresLAN, xDSL or cablemodemnetwork access,
in order to receive the high bit rate and high quality audio sig-
nal. To enablereliable playbackof the audio streamit is often
alsoa good idea to increasethe buffersizeof the player tool, so
thatpeeksin network loadandjitter canbecompensatedfor. Re-
duction of the requiredbandwidthcould be obtainedby further
down scalingof the bit rate(seesection4). But, obviously, this
would alsohave animpacton theaudioquality. Indeed,prelimin-
ary experimentalresultshave confirmedthattheuseof simpleyet
efficient algorithmsfor bit ratescalingof mixed signals,without
any recalculationof thepsychoacousticsof thecombinedsignals,
causesadditionalnegativecodingeffectsif thesignalshaveconsid-
erablydifferentpsycho-acousticpropertiesand the target bit rate
of themixedsignalis significantlylower; i.e.thebit ratevs.quality
trade-ofcurvedegeneratesfasterw.r.p. to thenormal(trans)coding
approach.

8. THE PROTOTYPE MIXER AND STREAMER

Thesoftwarewasdevelopedfor anaudiobroadcastingandinternet
streamingsystem.It is beingput to useby thestudentradiochan-
nel at GhentUniversity;see[11]. Currently, RealAudioG2 (TM)
streamingtechnologiesareusedto provide listenerswith simple,
i.e.non-mixed,concatenationsof mediumqualityaudiosignals.In
thenearfuture highqualityMPEG-1audiomixing andstreaming
functionalitieswill alsobeprovided.

The currentprototypesystemis a standardPC with a num-
berof harddiskscontainingthealready(layer II andIII) encoded
songs,jingles,etc.Themixing functionalitiesoverlapandaddthe

jinglesat theendandthebeginningof songs,andcanalsoshape
thevolumeof thesongsasthey fadein or out.

Currently, theprototypesystemcanbelistenedto by accessing
theWWW: see[11] or [12]. For futurereference,we recommend
visiting ourWWW page[13] for moreup-to-dateinformation.

9. CONCLUSION

In thispaperwehavediscussedthesubbanddomainbasedmixing
andbit ratescalingof MPEG-audiosignals.We have shown that
usingvariousdifferentalgorithmsfor recalculationandcombin-
ation of the input bit allocationvalues,the total mixing time for
two alreadycodedaudiosequencescanbe significantlyreduced,
enablingthe mixing of up to threelayer II files in real time on a
200Mhz PC.We briefly outlinedhow theproposedsubbandmix-
ing implementationwasintegratedinto aninternetaudiostreaming
server, andindicatedsomepossibilitiesfor futureresearch.
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