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We describea genericaudio codecallowing for multiple, i.e., cascadediossy compressiomwithout loss of perceptual
quality ascomparedo thefirst generatiorof compressea@udio. For this sakewe transferencodinginformationto all

subsequentodecsn acascadeThe supplementahformationis embeddedh the decodedaudiosignalwithout causing
degradations.The nev methodis applicableto a wide rangeof currentaudio codecsas documentedy our MPEG-1

implementation.

INTRODUCTION

Low bit ratehighquality codingis usedn awide rangeof
nowadaysaudioapplicationsuchasdigital audiobroad-
castingor networkconferencing.Although the decoded
versionf thecompressedatamaintainvery highsound
quality, multiple- or tandem-codingnay resultin accu-
mulatedcodingerrorsresultingfrom lossydatareduction
schemesSuchmultiple or tandemcoding,leadingto the
notion of a signal's geneations maybe decribedasfol-
lows. Assumingacoderoperation” andacorresponding
decoderoperation> we shall call, for a givensignal z,
DC'z thefirst generatiorand,for anintegern, (DC)"x
then-th generatiorof «.

In this paperwe proposea methodto overcomeageing
effects More precisely our ultimategoal is to presere
thefirst generatiors perceptuatiuality. For this sakewe
usean embeddingechnique conceptuallysimilar to the
audiomole[1], to transporcodinginformationfrom one
codecin a cascaddo subsequentodecs.As compared
to[1], ourembeddindgechniqués performedn thetrans-
form domain. Moreover it is basedon psychoacoustic
principleswhich allows the embeddingo be performed
without causingaudibledistortions.

The paperis organizedas follows. In the first section
we perform a detailedanalysisof ageingeffects. For
this sakewe look at a generalmodel of a psychoacous-
tic codecandinvestigatewhich of its componentsnay
induceartifactsin casacdeaoding. Ageing effectsin a
real-worldcodingapplicationaredocumentedby there-
sultsof listeningtestsaswell as measurementsf rele-
vantencodingparametersThe secondsectiondevelops
a genericaudio codecfor cascadeaodingwithout per
ceptuallossof quality. In thethird sectionanimplemen-
tationbasedon an MPEG-1Layer Il codecis described.
Thefifth sectiongivesacodecevaluationbasedn exten-
sive listening testsaswell as objective signal similarity
measurementsConcludingwe point out someapplica-
tionsandfuturework in thisarea.

1. AGEING EFFECTSIN CASCADED CODING
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Figurel: Simplified schemeof psychoacousticodec.

A generalschemeof a psychoacousti@udio codecis
givenin Fig. 1. In this figure we have omitted optional
componentsuchasentropycodingor scalefactocalcu-
lation, althoughthosemay indirectly influencedegener
ation effects. Sucheffectswill have to be dealtwith in
eachparticularcase.

The encodermnit consistof a subbandransform? op-
eratingin ablock by block mode.For a signalblock z, a
synchronougw.r.t. the subbandransformof thatblock)
spectrabnalysisSz is usedo obtainparametersf apsy-
choacoustienodel¥ (). A bit allocations(¥ (), Tz, z)
is performedusing the psychoacoustiparametersand
leadingto a choiceof quantizerdgor lossydatareduction.
Following quantizationcodevordsandsideinformation,
e.g.,quantizers scalefactoretc., are transmittedto the
decoder The decoderreconstructsubbandsamplesus-
ing the side information, e.g., by dequantizationcode-
book look-up, or inversescaling,andthen carriesout a
reconstructiorsubbandransform(’.

Within this framework, sourcesfor signal degeneration
are

1. thelossyquantizatiorstep,

2. round-of andarithmeticerrorsdueto 7', T', S, as
well aspossiblyfurthercalculations,

3. aliasingdueto 7', cancellecby 7" only in the ab-
senceof lossyquantization,

AES 17" InternationalConferencen High Quality Audio Coding 1



FrankKurth

4. NPR (nearperfectreconstructiongrrors,i.e., if T
is only a pseudoinerseof 7',

5. inaccurag of thepsychoacoustimodelW¥,

6. non-suitabldime-frequeng resolutionin spectral
analysis,

7. missingtranslatiorinvarianceof 7" and7’ (in view
of multiple coding).

Thequantizatiorerrorl. dominatesndis likely to bere-
sponsiblegfor the greatespartof the degenerationsThis
error may differ in several magnitudesrom all of the
othererrors. As an extreme example, considerMPEG
codingwhere dependingpnthecodecconfigurationser-
eralof the highestsubbandef thetransformedignalare
simply setto zero.Round-of andNPR-errorg2. and4.)
aresmallascomparedo 1., althoughthey mustbe con-
trolled from codecto codecin a cascade.Thoseerrors
will be especiallyimportantin conjunctionwith our em-
beddingtechnique As, e.g.,Layerlll of MPEG-1audio
codingshaws, aliasingerrors(3.) have to be dealtwith
carefully Theerrors5. and6. indirectly contrituteto the
guantizatiorerror.
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Figure2: Comparisorof first vs third generationsThe
solid barsgivetheaveragerating,thesmallbarsshav the
variance.

Listeningtestsareusedto investigatesignaldegeneration
with increasinggenerationsFig. 2 shavstheresultsof a
listeningtestwhere26 listenerscomparedirst andthird
generationsodedwith anMPEG-1Layerll codecat128
kbps. Negative valuesindicatethatthe third generations
were rated worse than first generationswhereasposi-
tive valuesgive thembetterratings. It is obvious from
Fig. 2 thatthe third generationgould almostall be dis-
tinguishedfrom the first onesandweregenerallyjudged
to be of worsequality.
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Themostimportantresultg2] maybesummarizeésfol-
lows:

e Almostall testpiecesalreadyshow noticeableper
ceptualchangesn the secondand third genera-
tions.

e Fourth to sixth generationsshov a clear loss in
soundquality. Theinducednoisein mary of the
piecesis annoying. Almost all piecesabove the
eighthgeneratiorshow a severe perceptuatlistor
tion.

e Quietandvery harmonicsignalpartsare (almost)
not distorteddueto MPEGsextensve useof scale
factorsand dueto higher SMR ratiosinducedby
tonalsignalcomponents.

It becomesclear that lossy coding changeghe signals
spectralcontentin a way thatdoesnot allow subsequent
encoderdo performa suitablepsychoacoustianalysis.
Thisleadsto a degeneratiorof codingparameterand,fi-
nally, of overall soundquality. We furtherillustratethis
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Figure3: Degeneratiorof subbandenegiesin MPEG-1
coding. For a fixed frame, the figure shavs the enegy
in eachof the subbands.The four lines correspondo
theenegiesof theoriginal signalandthefifth, tenth,and
fifteenthgeneratiomespectiely.

by an exampledocumentingthe changeof the spectral
contentof a signal for increasinggenerations. Fig. 3
shavsthe subbantenegiesfor afixed framein the case
of anMPEG-1encodedjuitar piece. Thedifferentlines
representhe enegiesfor differentgenerationsOneob-
senesthedecreasef enegy in subband$-9and11-17.
The higher subbandsare attenuatedas an effect of the
MPEG encodemnot allocatingary bits to them.In Fig. 4
the enegy of the scalefactobandsis given for several
framesof a piececontaininga strummedelectricguitar
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Figure4: Degeneratiornof subbandenegiesin MPEG-
1 coding. For successe frames,the figure shavs the
enegy in eachof the scalefactobandsas an intensity
plot. Thefour subplotscorrespondo the enegiesof the
first, fifth, tenth,andfifteenthgeneratiorrespectiely.

(therhythm of strummingmay be obsered asthe verti-
cal structurein eachof the plots). Increasingyenerations
areplottedin a zig-zagscheme.The signal’s degenera-
tion is obviousfrom thelossof structure.Black regions
indicatethat scalefactobandsare setto zeroduring bit
allocation.

We briefly mentionthe effect of missingtranslationin-
varianceof the codingoperation. As alreadyobsered
in [3], acrucialpointin cascadedodingis syndironicity.
Taking the 32-bandmultirate MPEG-1filter bankasan
example,a subsequerngncodemwill not obtainthe same
subbandamplessthepreceedinglecodeunlesghein-
putsignalis “in phase’'with the32-bandilter bank. This
is, thefilter bankis only translationnvariantw.r.t. signal
shifts of 32 samples.On a frame by frame basis,things
are even worse, sincein order to obtain the samecon-
tentin aframavisemannertheinputto theseconccoder
hasto be frame-alignede.g. within 1152samplesn the
MPEG-1Layerll case).Hence,we may alsohave var
ious typesof generatioreffects, dependingon eventual
signalshiftsprior to subsequergncoding Listeningtests
in ourMPEG-1Layerll framevork shov remarkablelif-
ferecedn thetypeof degeneratiordependingon whether
thesignalwas

1. fed into subsequentodecswithout ary synchro-
nization,or

2. fully synchronizedo the original input and then
fedinto thecodec.

Whereaghe unsynchronizedignalstendto produceau-
dible artifactsand noise-likecomponentsthe synchro-
nizedversiongendto attenuateseseral frequeng bands.
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Figure 5: Developmentof meansubbandenegy (left)
and meanbit allocation(right) asa differencesignal of
(increasingenerationsindthefirst generationThetop
plots shav thosedifferencesignalsfor the caseof syn-
chronizatiorbetweereachof thecodeccascadeghebot-
tom plotsfor the caseof absencef sucha synchroniza-
tion.

It dependon the signal,which of the degenerationgre
percieredto bemoresevere.Fig. 5 shavsfour difference
plots (first generatiornversushighergenerationsjor the
scalefactobandsmeanenegies and meandifferencein
bit allocation,wherethemeanrangesover 200 framesof
arelatively stationarysignal. Clearly, in the caseof syn-
chronizationbetweensubsequentoding (top left plot),
the signalenepy is attenuatedywhereasabsencef syn-
chronization(bottomleft plot) shavs no suchtendeng
resp.distributesthe enegy acrosghe subbands.

It is remarkablethat all formerly proposedmethodsfor
cascadedudiocoding[1, 3] takeinto accounta synchro-
nization mechanismo overcomethe mentioneddistor
tion effects. Yetit shouldbeclearthatsucha mechanism
aloneis not sufficientto overcomedegeneration.

2. A CODEC PREVENTING AGEING EFFECTS

The ideabehindour new codingmethodis to reusethe
first generatiors encodingparametersn all of the sub-
sequentodecsn acascadeThis allows usto indirectly
usethe psychoacoustianalysisof the first encodeiin all
of the following encoders.Sincethe encodingparame-
tersarenot presentat the point of decodingwe usethe
decodingparametersi.e., sideinfos. This is reasonable
for in mostcasesve mayderive theencodingparameters
from them.

While it first seemgrivial thatonemayreusethe encod-
ing informationof a certainencodingoperationfor sub-
sequenencodingsit is notatall clear

¢ thatonemaydeducell encodingnformationfrom
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thedecodingnformationonly,

e thatit is possible,usingthis information, to per
fectly reproducethe compressedbitstreamof the
first generation(requantizatiorand scaling could
notbeinjective),

¢ how to corvey thisinformationfrom onecodecto
another

While thefirst two issueddependnthe particularcodec,
the last one posesa generalproblem, for it is in gen-
eral undesirableo createa secondanyitstreamor file
format. Sucha secondanpbitstreamwould causeaddi-
tional data overhead,would requirea ne~ format def-
inition, and, mostimportant,would makeit very diffi-
cult to usethe proposedechniquein conjunctionwith
standardmedianot supportingthe new format. For this
sake the secondarynformationfor subsequergncoding
shouldbeembeddeéhto thedecoded®CM data.Theuse
of suchasteganogmphictechniqud4] in thisframevork
wasalsoindependentlylevelopedby Fletcher[1]. How-
ever, Fletchers embeddingmethodsignificantly differs
from themethodpresentedh this papereadingto rather
differentcodecstructures.

2.1. PsychoacoustiEmbedding

The embeddingof secondandatainto sometarget data
streamis known as steganographyand hasbeenstudied
to a considerablextent [4]. Ourdemand®n a stegano-
graphicprocessarethe absencef ary perceptuatiegra-
dationin thetargetsignal,a high embeddingapacityon
a frame by frame basis,and a computationallyefficient
embeddingprocedure. Furthermore efficient detection
andextractionof theembeddedlatamustbe possible.
For astraightforwarcembeddin@pproacitonsideasam-
pleb = Z;:—Ol b;27 alsowrittenin its binaryrepresenta-
tion b = (bp—1...b0), b; € {0,1}. For k < n andan
embeddingvord z = (zx—1...z0) we definethe k-bit
(direct)embeddindy

E1 . (bn—l .. .bo), (Zk—l .. .Zo) (g (bn_l..bkzk_l..zo).

1)

This kind of embeddingdestroysthe % leastsignificant
bits of the dataword b. Application of this techniqueto

a time signalalreadycausesa noticeablenoiselevel for

small%. In theaudiomole proposal1], this embedding
techniqueis usedwith the leastsignificantbit(s). De-

pendingon thebit resolution the possibility of smallau-

dible distortionsare reported[5]. As an alternatve to

overwriting the leastsignificantbit, the authorspropose
to changeit accordingto a parity/non parity decision,
which causes morerandomsignalchange.

A refinementof the time-domainembeddingechnique
usesaninvertiblelineartransformi” prior to embedding.

An Audio Codecfor Multiple GenerationsCompressionvithout Lossof PerceptuaQuality

Embeddinghow becomes map
(x,2) = T E(Tw, 2). (2

Froma steganographigoint of view, a significantadvan-
tageof this methodis thatthe embeddings not aseasy
to detectas the abore without knowledgeof 7'. Yet it
is not guaranteedhat the reconstructegignalis still of
perceptuallftransparenguality.

Froma psychoacousticodingpoint of view it seemgo
be adviseabléo performa kind of selectve embedding.
Embeddings performedprior to applyingthereconstruc-
tion transform?". The embeddingpositionsand-widths
(e.g.,k above) are given by the psychoacoustiparam-
etersor, in view of embeddingn the decoderunit, by
the decodingparametersintuitively, the possiblechoice
of reconstructiorlevels for a given quantizerQ with re-
guantizerq) is increasedvith the amountof datareduc-
tion, i.e.,decreasingumberof reconstructiotevels. The
embeddinghusbecomes map

(%, 2) |—>T_1E1(C~2(QT1‘),Z,Q), 3)

wherethe embeddingwidth of £, dependn Q. This
techniquds usedin the proposedembeddingcodecpre-
sentedn the next paragraph.

2.2. CodecModel

We first give an overview of the proposedcodecsfunc-
tionality. Fig. 6 shavs the genericcodecscheme. To
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Figure6: Codecfor directembedding.

describahefunctionality, we startwith thedecoder The
decodeextractscodevordsandsideinformationfor one
datablock from the bitstreamand proceeddy dequan-
tization. All parametersieededby the next encoderto
reproducethe compressedbitstreamare assembledn a
bit buffer. Then,usingthe quantizatiorinformation,abit
allocationalgorithmdecidesvhich subbandsvill beused
for embeddingandhow mary bits will be embeddedn
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eachof them. If enoughbits could be allocatedthe de-
coderproceeddy embeddingll datafrom thebit buffer.
To allow extractionof the embeddediatain subsequent
encodingsteps,certainmarkers i.e., bit combinations,
areusedto indicateembedding.Afterwards,the inverse
transformreconstructshetime signalblock.

The encodemroceedsy transformingthe signalblocks
producingsubbandsignals.For this sake we assumehat
encodingis sydironousto the decodingoperationw.r.t.
the processedignalblocks. The detectortries to detect
themarkerscreatedoy thedecoderlf markersarefound,
a decoderextracts the embeddednformation from the
subbandsUsingthe embeddednformation,the bit allo-
cationandfurtherencodeparametersanbe setaccord-
ingly. If, however, nomarkersarefoundor theembedded
informationis detectedo becorrupt,theencodefollows
the standarcencodingprocedurausingthe psychoacous-
tic model. Quantizationand channelmultiplexing con-
cludetheencoding.

The single modulesdesere a more detailedtreatment,
wherewe shallagainstartwith the decoder:

e To obtainthe embeddingcapacity i.e., the num-
ber of bits per samplewhich we may useto store
our secondarydatastream,we divide the subband
samplegor transformblocksin transformcoding)
in groupsof samplessharingthe samequantizers.
Thosegroupsare called embeddingblocks  For
eachembeddingblock we calculatethe numberof
bitsavailablefor embeddingwhichdepend®nthe
guantizers granularity If, e.g.,the quantizerre-
ducesann-bit sampldoak < n bit representation,
we mayuseatmostn — k bitsfor embeddingn this
sample Notethatthis directcorrespondendes not
valid for all kindsof quantizer@andmoreelaborate
corversionruleshave to be usedby non-uniform
guantizerslt is alsoimportantto notethatlossless
coding operationsmight eventually limit the em-
beddingcapacity asit will shav upin the caseof
MPEG’s scalefactors.

¢ All informationto be embeddeds collectedin an
embeddingitstreamor bit buffer. Thetypeof in-
formationdependn the chosercodec,examples
are bit allocation, quantizers,scalefactorscode-
books,bitratesetc. Sometimest will be usefulto
exploit the compresseditstreams structure since
mostof the latterinformationis alreadystoredin
this bitstreamin avery compactorm.

¢ If thetotal amountof embeddingapacitysuffices
totransmitthedesiredcodinginformation,we have
to selectthe embeddingolockswherewe wantto
storethe embeddingoit stream. Furthermorewe
have to determineanembeddingit width perem-
beddingblock. The decisionaboutthoseparame-
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tersis termedembeddingoit allocation. The em-
beddingbit allocation,althoughconsumingonly a
fractionof computationatesourcesiscomparedo
the encoders bit allocation,is the mostcomple
partof theproposecodecextension.

Sincethe proposecembeddingechniquetheoreti-
cally mayyield a biggerreconstructiorerrorthan
normallyinducedby the utilized quantizersa con-
senative allocationmethodshouldbe used. We

proposea greedybit allocationalgorithmwith em-
beddingblocks sortedin descendingorder w.r.t.

theirembeddingcapacitiesTo eachof theembed-
ding blockswe assigna certainbit budget,obey-

ing a safetymaigin accountingor the possiblein-

creasedeconstructiorerror. If thegreedybit allo-

cationloop doesnot yield enoughembeddingca-
pacity, thebit budgetis increasedslongasnofur-

therincreasds possible. Embeddings only per

formedif theallocationproceduresucceeds.

To facilitate the detectionof the embeddednfor-
mation, the kind and position of the embedding
have to be signaledto the encoderresp. its detec-
tor unit. This amountsto corveying the embed-
ding blocks and embeddingpit widths chosenby
the embeddingbit allocation. Several techniques
arepossiblee.g..theuseof adescriptoembedding
block containingall of this “logistic” information.
We proposea block-by-blocksolutionwhereeach
usedembeddingblock containsa separatemarker
indicating the correspondindit width. We only
have to ensurehatno “wrong detections’(i.e., the
embeddingoit width is not detecteccorrectly)oc-
cur.

Sincefloating point operationsccommonly causes
arithmeticerrors,aforwarderrorcorrection(FEC)
haseventuallyto beappliedto theembeddedhfor-
mation. Thoseerrorsmay accumulatevith NPR
errorsasdiscussedibore. A CRC checksuntan
beusedo decidewhethertheinformationextracted
from a certainembeddinglockis valid or not.

Thefirst taskof the encodetis to synchronizehe
PCM bitstreamw.r.t. theframeboundariesisedoy
a previous codec. For this purposeagainseveral
techniquesmay be utilized. In the caseof a fil-
ter banktransform,a (fast) searchfor markerson
certainpredeterminedfrequentlyused)subbands
maybeused.Oncethesynchronizatiolis done the
encodeproceed®naframeby framebasisandno
furthersynchronizations necessary

The detectortries to find the embeddednarkers,
deducethe embeddingblocks embeddingwidths
andchecktheembeddindlocksintegrity.
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¢ Hybrid codingprovidesa mechanisnagainstcor-
rupt embeddediata or frameswhere no embed-
dingwaspossible.In ahybrid framework, for each
frameit is possibleto choosebetween

— usageof all embeddedodinginformationif
thisinformationcouldbe extracted,

— partial usageof embeddednformation, e.qg.
bit allocationonly,

— discardingof all of theembeddedhformation
anduseof thestandardencodingprocedure.

Input: Codevordsg(s), decodingparameters),
embeddindunction F;

1. Requantize(s) +— § =: (51,...,3,).

2. Determineembeddingpositionsandwidths,

vim)s (T, ooy tm)),

aswell as a suitablemarker A/, suchthat1 <

ir < igy1 < n, and a suitablebinary repre-
sentation(D, M) — bin(D, M), consistingof
lbin(D, M)| = 3771, t; bits.

Here,t; denotesheembeddingvidthin bits of po-

(5,D) = (i,1) = ((i1, ...

sition .
3. Createa partitionbin(D, M) =: ey - - -e,,, Where
€; € {0, 1}”.
4. For1 < j < m embedinto § using¢;-bit embed-
ding:
E1 . (§Z'j,6j) (g gz]
5. Let sy := 3 for all k, wherek # i; for 1 < j <

m.
6. Reconstruct — 7-15.
Output: Signalblock 7-15.

Figure7: Pseudaodeversionofthedecodingalgorithm.

A pseudaodeversionof thedecodingalgorithmis given
in Fig. 7. We assumehatcodevordsg(s) aswell asde-
coding parameterd) are givenasaninput. In this ex-

ample, ¢ denotesthe encodersquantizerfunction. For

sakeof simplicity we only usefixed quantizersaswell

asaglobalmarker . Note thatwe separateencoding
anddecodingparameterso clarify the codingsteps.The
embeddingpit allocationis summarizedn 2. In 3., the
embeddingpit streamis partitionedaccordingto the bit

allocation.Finally, embeddingds performedn 4. prior to
thereconstructiotransform.
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Input: Signalblockz € R™, transform[’
psychoacoustimodel ¥, bit allocationb,
detectoffunction onIR”, M C Im(D)
denoteghesetof all valid markers

1. Calculates := T'x.
2. DetectD(s) =: M.
3. f M ¢ M

(a) Calculate¥ (z). Lets’ :=s.

(b) Calculateh(¥ (), s, ) andfrom this
encodingparameter& = E(x).

4. else

(a) Decodes — §(s) =: (s', D).
(b) Calculateencodingparameter® — F£.

5. Quantizes’ usingE: s’ + ¢(s’).
6. Determinedecodingparameterd — D.

Output: codevordsg(s’), decodingparameters).

Figure8: Pseudaodeversionoftheencodingalgorithm.

We summarizehe encodingalgorithmin Fig. 8. In the
pseudacode,the function symbolsfor the bit allocation
andpsychoacoustimodelarechoserasin theinitial dis-
cussions.The setof admissibleor valid markersusedto
indicateembeddings denotedby M. Thedetectofunc-
tion is namedD, quantizeranddequantizeareq andq,
respectiely. The heartof the encodingalgorithmliesin
thedecisionwhetherto usethe embeddednformation4.
or not3. andusethe standargrocedurenstead.

It is importantto note that several designdecisionsin-
cluding the choiceof embeddinglocksandembedding
bit allocation hearily dependon the underlyingcodec.
Suchdecisionswill betreatedn thenext section.

3. MPEG-1LAYER Il IMPLEMENT ATION

To implementacodecpreventingageingeffectswe chose
MPEG-1Layerll [6] asa basis. The well-know coding
schemas depictedn Fig. 9. Although, strictly speaking,
only thebitstreamsyntaxanddecodingarestandardized,
in whatfollowswe shallalsotalk of theencoderRelating
theLayerll codecto our genericschemewe have a 32-
bandmultiratefilterbankas a transformand a psychoa-
cousticmodel basedon a windowed Fourier spectrum.
The psychoacoustiodelyields a signal-to-maskatio
usedn thebit allocationprocessTo reduceamplitudere-
dundang, blocksof subbandamplesareassignecom-
monscalefactorandscaledaccordingly Thescaledval-
uesarelinearly quantizedisinga variablequantizerstep
sizeaccordingto the bit allocation. Codevordsandside
informationarestoredin the MPEG bitstreamandtrans-
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Figure9: MPEG-1Layerll codec.

portedto thedecoder
To extendtheMPEGLayerll codedo theproposeahovel
codecschemewe consider

¢ thechoiceof suitableembeddindlocks,

o thesideinformationto be embeddedndthe em-
beddingbit buffer,

¢ the determinationof the available embeddingpit
widths,

o theembeddingit allocation,
e errorcorrectionmechanismsand

o thechoiceof suitablemarkers.

3.1. Embeddingblocks

MPEG-codingvorksonaframeby framebasis.In Layer
I, blocksof 1152sampleperchannehbrefiltered,yield-
ing 36 samplesn eachof the 32 subbandsScalefactors
are assignedo blocks of 12, 24 or 36 sampleswithin
one subbanddependingon the magnitudesof the sam-
ples. Sincescalefactorsmplicitly changethe quantiza-
tion resolution,the embeddingcapacitydependson the
particularscalefactomssignment/combinatioror sim-
plicity, we assumehe worst-casef 12-samplescalefac-
tor blocksandchoosahoseblocksasembeddingdlocks.
Hencethereare potentially threeembeddingblocks per
subbandandframe. Thefollowing discussiorassumes
fixedgivenMPEGframe.

3.2. Embeddedinformation and bit buffer

Besidegglobalinformationsuchasthe numberof chan-
nels, bitrate or joint stereocoding modes,we have to
transmit/embethefollowing frame-relatednformation:

An Audio Codecfor Multiple GenerationsCompressionvithout Lossof PerceptuaQuality

e Bit allocation: dependingon the tamet bit ratea
variablenumberof subbandss allowed for bit al-
location.In MPEG, 2-4 bits areusedfor eachsub-
bandsallocationinformation.

e Scalefactorselection: eachsubbandwith a posi-
tive numberof allocatedbits is assigned.-3 scale
factors,dependingon the subbandsamplesmag-
nitudes. The select-informatiorconsistsof 2 bits
corveying the utilized scalefactopattern.

e Scalefactorsfor eachof the1-3scalefactors; bits
areused.

First, one might think that the transmissiorof scalefac-
tors could be obsoletefor they only represent lossless
codingstep. Yet sincedequantizatiorventually signifi-
cantlyaltersa samples magnitudea subsequergncoder
might calculatedifferentscalefactorsagainimplicitly re-
sultingin adifferentquantizeistepsize. Thuswe transmit
both scalefactorand selectinformation. Listeningtests
for the casewherewe only transmittecbit allocationin-
formationshow a significantamountof degeneratiordue
to theaforementionedeffectsof scalefactochanges.

To storethoseparametersye implementeda bit buffer-
ing mechanisntonsistingof a buffer with read/writeac-
cessto n x k bit blocks. The coding parametersare
sequentiallyfed into the buffer. During embeddingthe
buffer is readin 12 x & bit blocks,correspondingo the
embeddingdlock sizen andthe embeddingoit width %.
In the extractor, the procedures reversed.

3.3. Embedding bit width

For eachscaling/embeddinglock (k,¢) (where k de-
notesthe subbandhumberandl1 < ¢ < 3 oneof thethree
scalefactorsjve determinethe maximumembeddingoit

width V% ; from the correspondingsubbandsjuantizer
resolutionA; (in bits) andthe assignedscalefactos, ;,

1 < ¢ < 3. We have to accountfor the scalefactorssince
they implicitly increasethe bit resolution: scalingby a
factor2—* prior to quantizatiorallows for anincreasen

bit resolutionby & bits ascomparedo quantizatiorwith-

out scaling. We do not considersubbandsvith zerobits
allocated(A; = 0). In this casewe defineVy ; := 0

for all 7. In the casethat lessthanthreescalingfactors
areassignedo aspecificsubbandye determinethe sy, ;

accordingo thescalefactopattern.

If the scalefactor;, ; of scalefactoband(k, ¢) is given

by sk i = s, 1= \75(3_”) forn € [3:62], welet
Vk,i =16 — min(16, |—— 10g2 Sk,i—| + Ak)

Since[—log, s ;] = [—log, o n)1 = [5]—1we
obtain

Vii = 16 — min(16, [g] 14 Ay).
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Forn € [0 : 2], scalingcauseshelossof at mostonebit
of precision.In thiscasel ; := 16 — min(16, A; — 1).
Thecalculatiorof Vi, ; maybemotivatedasfollows: start-
ing from an initial precisionof 16 bits, we obtain the
MPEG reconstructiorprecisionasthe sumof thealloca-
tion precision4;, andtheprecisiongainedby usingscale-
factors. Thedifferencebetweerthosetwo quantitiesand
the initial resolutiongivesthe maximumembeddingoit
width. In caseof a precisionexceedingl6 bits (whichis
possibleén MPEG),welet V;, ; := 0.

3.4. Embeddingbit allocation

For the embeddingpit allocationwe usea greedyalgo-
rithm asalreadysketchedabore. We shall only give an
overview of the algorithm:

¢ Sortthe embeddingblocksin orderof decreasing
capacities.

e For eachblock (%, 7), assignaninitial embedding
bit width €k S Vk,i-

¢ Main allocationloop: allocateembeddingolocks
in the given descendingrder Add capacitydue
to ey ; to counterfor embeddedit size. Note that
atthis point, we have to takecareof FECbits and
markergoo.

e End the allocationif enoughbits could be allo-
cated.

e Endtheallocationif no changen theallocatedbit
sizeoccurredascomparedo thelastloop.

o Increasesache;, ; by onebit providedey, ; < Vi,
thenrestartthemainallocationprocedure.

If theembeddindit allocationfails, the decodedoesnot
embedarything for thatparticularframe.

3.5. Error correction and markers

Sincethe MPEG filterbankdoesnot yield perfectrecon-
struction,we cannotrely on the encoders subbandsam-
plesbeingidenticalto thoseproducedby ourembedding
procedure.Thereis a certainreconstructiorerror inher
entin thefilter bankwhich accumulatesvith arithmetic
errorspossiblyintroducedby floating point operations.
Thus,prior to embeddingve performanarithmeticFEC,
mappinghewordto beembeddeds, to Ax + B =: y(x)
for suitablepositive integersA and B. Then,y(z) is the
word to be embedded As an example,considerz to be
aninteger, then,choosingA := 8, B := 3, we mayre-
coverz fromy(x) = 8z + 3+ e for e € [—3,4]. In this
case the codingoverheador the arithmeticcodewould
be 3 bits.

Finally, we considerthe markersindicating the embed-
ding positionsandbit widths. In our implementatiorwe
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Figure10: Schemeof anembeddinglock andthe em-
beddingpositions. Theleastsignificantbits aredepicted
onthel.h.s.

chosevariablewidth markersembeddedtthebeginning
of ourembeddindlocks. Themarkerswidth dependsn
the actualembeddingpit width. To preventfalsedetec-
tionsin theencoderwe performananalysis-by-synthesis
examinationof all possibleembeddindlocksand,if nec-
essaryadapttheir contentaccordingly Fig. 10illustrates
theconcepbf anembeddindlock andgivesaroughim-
pressiorof theembeddingositions.For sakeof simplic-
ity, we useda 16 bit PCM representatioasareference.

4. CODEC EVALUATION

4.1. Testsettings

The proposedcodecwasevaluatedon a broadvariety of
audiopiecesmostly chooserfrom thewidely usedEBU
testmaterial[7]. We testedour codecon musicaswell
aswith male andfemalespeakers.In our testsettings,
the sourcematerialwasgivenas16 bit PCM stereowith
a samplingrateof 44.1kHz. We usedstereobit ratesof
128to 192kbpsfor compression.

4.2. Listening tests

In whatfollows,we shallconcentrat®nthelisteningtest
resultsfor a bitrate of 128 kbps. For our testswe re-
cruited26 testlistenerschoserfrom amongthe members
of theaudiosignalprocessinggroupandothercomputer
sciencestudentsat Bonn University.

In this section the term standad codecrefersto a non-
modified MPEG-1 Layer Il codecimplementation. In
summarywe conductedhefollowingtests:

1. Comparisorof 5thgenerationsf thestandarc¢odec
and 5th generationf the proposedcodec(rela-
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tive).

2. Comparisorof first generationand 25th genera-
tionsof theproposedodec(relative).

3. Comparisorof 5th generationsisingthe standard
codecand25th generation®f the proposectodec
(relative).

4. Comparisorof 3rd generationsisingthe standard
codecand 5th generation®f the proposedcodec
(relative).

5. Comparisorof 10thgenerationsf thestandarao-
dec and 25th generationf the proposedcodec
(relative).

6. Absoluteratingsof

e Firstgenerations,

¢ 5th generation®f the standardcodec(with-
outsynchronization),

e Sthgenerationsf thestandaradodedinclud-
ing synchronization),

e 5Sthgenerationsf the proposectodecand
e 15thgeneration®f the proposedtodec.

In thosetestsabsoluteratings were given accordingto
thefive point MOS impairmentscale while relative rat-
ings were givenw.r.t. an integer scaleof [—3, +3], in-
dicating if a secondstimulusis judgedto be of better
({+1,+2,+3}),worse({—3, —2, —1}) or samg0) qual-
ity as comparedto a first stimulus. We shall give an
overview of thetestresults.

worse equal better

8 Percussion

7+ Pop (Jackson)
6 Orchestra

51 Wind Instruments

4+ Speech, male

3r Speech, female I:@:l

L L L L L
-3 -2 -1 0 1 2 3

2r Castanets

1 Pop (Abba)

Figurell: Comparisorof first generationand25thgen-
erationausingtheproposedodec.For mostof thepieces,
bothversionscouldnotbedistinguished.
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5r Wind Instruments ‘

4+ Speech, male

!

2r Castanets
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Figure 12: Comparisonof 10th generationausing the
standardcodecvs 25th generationausing the proposed
codec. Positive valuesgive the proposedcodeca better
rating.

In Fig. 11, the resultsof the comparisorof first genera-
tionsand25th generationsisingthe proposedtodecare
given. It is obviousthatfor almostall of the piecespoth
versionscould notbe distinguished.

Thedecreas@ quality causedy thestandaradcodecwas
alreadyreportedn thefirst section.Fig. 12 givesthere-
sultsfor the “extreme” situationof a comparisorof 10th
generationausing the standardcodecand 25th genera-
tions using the proposedcodec. Clearly, the proposed
codecis consideredo yield muchbetterresults. There-
sults of the othertestsare consistenwith the onesre-
portedhere. One problemprevalentin our testsettings
wasthelossof quality in thefirst generationintroduced
by the Layer |l codecin caseof oneor two pieces. In
thosecasessomeof thelistenersvereunsureaboutwhich
of a pieces versionsshouldberatedworse.

We summarizeéhetrendsof our listeningtests:

e Forsixof thetestpiecesfirst generationsouldnot
be distinguishedrom 25th generationgenerated
by theproposedodec.

¢ For the other pieces,the quality of higher (about
25th) generationgregenerallyjudgedto be com-
parableto or betterthanthe 3rd generationgpro-
ducedby thestandardcodec.

e Testswith high generationgabout50th)shaw that
thesignalquality staysstable.

It isimportantto commenbn sggmentsvherenoembed-
dingis possible As will beshown in the next subsection,
embeddings indeednot possiblefor eachframe. Yet it
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turnsoutthatthisis notcrucialfor our MPEGimplemen-
tation. More precisely the frameswith no possibility of
embeddingurnoutto correspondo quietsignalpassages
with tonalcontent.Since

1. the useof scalefactorsmplies anincreasechccu-
rag/ within thosesegmentsand

2. tonal componentsare quantizedin a conserative
way (highersignal-to-maskatio assumed),

thereis a natural“workaround”to this problem.Our lis-
teningtestsconfirmthis reasoning.

4.3. Objective measuements

To supportheaboreresultswe give someobjectvemea-
surementgoncerninghesignalchangeswith increasing
generationsFurthermorewe considerpossible(or max-
imum) embeddingcapacitiesbeing of interestfor other
steganographi@pplications.
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Figure13: Eachof thefour partsof the plot eachshovs
(fromtopto bottom)thesegmentalSNRsbetweerilstand
3rd generations3rd and 5th generationssth and 10th
generationsaswell as10thand25thgenerationsSmall
circlesatabout60 dB indicatethatthecorrespondingey-
mentsareidentical

In Fig. 13 the frameby frame SgSNR betweenvarious
generation®f the castagnepieceis given. This is, the
se@gmentsizeis 1152, in synchronicitywith the MPEG
frames. While the S@SNR is plotted as a solid line,
segmentswherethe sighalcontentdoesnot changefrom
generatiorto generatiorareindicatedby smallcirclesat
about60dB. It canbeobsenredthatwith increasinggen-
erations(from the top to the bottomplot) therearemore
andmoreseggmentsvherethesignaldoesnotchangeary-
more. This is perfectlyin accordancevith the obsena-
tions of the listeningtestthatthe signalquality startsto
be“stable” startingfrom about3rd to 5th generationsin
otherwords,we may saythat the proposedcodectends
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Difference
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Signal [Samples] x 10°

Amplitude
I
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Figurel4: Theplot shavs thewaveformof the castagnet
piece(bottom).Above, thedifferencesignalbetweerbth
and10thgenerationss given. The upperhorizontalbars
indicatepositionswhereembeddingcould be performed
while the lower barsindicatesggmentswhereno embed-
dingwasperformed lt is obviousthatthe differencesig-
nal vanishesat the embeddingpositions(Note that the
magnitudeof the differencesignal is much lower than
thatof thesignal.).

to map the signal partially to somefixed point signal.
Comparinghe embeddingsggmentsto thosefixed point
positionswithin the signal, we oberne a match, as de-
pictedin Fig. 14. The lower part of the plot shaws the
waveform of the castagnepiece. The differencesignal
between5th and 10th generationss givenin the upper
part. The upperhorizontalbarsindicatepositionswhere
embeddingouldbeperformedwhile thelowerbarsindi-

catesggmentswhereno embeddingvasperformed.lt is

obviousthatthe differencesignalvanishesat the embed-
ding positions. Measurementsvith differenttestpieces
andothermeasure§/ -distancerelative sggmentalSNR)
shaw similar results.

In view of somenaturalextensionof theproposedodecs
aswell asothersteganographi@pplicationsywe examine
theembeddingapacitieobtainableoy our apporachin
caseof the castagnepiece,Fig. 15 showvs the variousbit
demandsand capacitiesfor eachframe. The solid line
givesthebit demandor theembeddingf the codingpa-
rametersandthe dashedine shaws the total embedding
capacity The dottedsolid line givesthe netembedding
capacityi.e., thetotalembeddingcapacityminusthe ca-
pacity neededfor the error correctionandthe markers.
Embeddings only performedor frameswherethe solid
line is plotted below the dottedsolid line. One clearly
obsenestheoverheadroducedy themarkersanderror
correction. Furthermoresomesignalpartsallow a very
huge amountof embedding(about4000-6000bits per
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Figure 15: Embeddingcapacitiesand demanddor the
castagnefpiece. The solid line gives the bit demand
for embeddingf the codingparametergperframe),the
dashedine shaws the total embeddingcapacity andthe
dottedsolid line givesthe netembeddingapacity
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Figure 16: Embeddingcapacitiesand demandsfor a
longersegmentof a pieceof popmusic.

frame)whichis really a considerablguantity Note that
thisis nothingreally exceptional asillustratedin Fig. 16.
Theplot is analogougo the upperpartof Fig. 15 except
thata considerablyongersignalpieceis shavn. For this
pieceof popmusic,therearesomepartswith netembed-
ding capacitief about4000bits perframe,in this case
correspondingo atotal of 10000bits perframe.

5. CONCLUSIONS AND FUTURE WORK

We have presentedh novel audiocodecschemesuitable
for multiple generationsudiocompressiomwithout loss
of perceptuabuality. As animplementatiorof the new
conceptwe decribedan MPEG-1Layer Il basedcodec.
A thoroughcodecevaluationincluding extensie listen-
ing testsand objectve measurementshavs the proper

An Audio Codecfor Multiple GenerationsCompressionvithout Lossof PerceptuaQuality

functionality of the proposectodec. The codecconcept
is genericandmaybe combinedwith a wide rangeof to-
daysaudiocodecsand, naturally video/imagecodecs).
Furtherresearchdescribingan improved secondproto-
typebasedn populartransformcodingtechniquess re-
portedelsavhere.
WealsoconsideredteganographiapplicationsThepos-
sible hugeembeddingcapacitiesasillustratedin Fig. 16
shaw the flexibility of our embeddingapproachin view
of otherapplications Amongthoseis oneof our current
projectswhich is concernedwith the synchronousnte-
grationof textual or scoreinformationinto the decoded
PCM bitstream.

Naturally, thereis muchroom for furtherimprovements
of our prototypicimplementatiorincludingthereduction
of FEC/markeoverheadusinga techniquesimilarto the
MPEG-1Layerlll bit reseroir, orintroductionof robust-
nessw.r.t. transmissiorerrors. The applicationof the
introducedechniqueto heterogeneousodeccascades
alsoof greatinterestfor further studies. Recentdevel-
opmentson a VQ embeddingframevork allowing for
codecavhich,undersomemild conditionsmaybeproven
to keepthe perceptuabuality of the first generatiorsig-
nal,will bereportedelsevhere.
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