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ABSTRACT

A codingparadigmis proposedvhichis basedsolelyon the prop-
ertiesof thehumanauditorysystemanddoesnotassumery spe-
cific sourcepropertiesHencets performances equallygoodfor
speechnoisy speechandmusicsignals. The signaldecomposi-
tion in the proposedparadigmtakesadvantageof binauralprop-
ertiesof the humanauditory system. This alsoleadsto a natural
multi-descriptve signalrepresentation.

1. INTRODUCTION

For narrav-band speech(4 kHz bandwidth),the most effective
codersarebasedon CELP techniquesoperatingin the 4—16kb/s
range .Becaus®f theinherentassumptionmadeabouthesource,
thesecodersperformpoorly with music-likesignals.Ontheother
hand,audiocoderssuchasPAC [1] work well at higherratesand
wider bandwidthaudiosignals. At bit ratesbelov 24 kb/s,these
codersdo not work well for speech-likesignals. Hybrid coders
suchasMTPC[2] attemptto combineboth codingparadigmsand
work reasonablevell at rangesbetweenl6 and 24 kb/s for both
speectandaudiosignals(8 kHz bandwidth).

Anotherproblemthatoccurswith ary of theabovetechniques
is thatwhenusedin a packetswitchednetwork,the codershave
to berobustagainspacketossesAlthougherrormitigationtech-
niqguesare effective they losetheir efficiency at packetlossrates
above 3%. The traditional approachis to increasethe receve
buffer size, whichreducesheimpactof latearriving packetsHow-
ever, in acommunicationscenaridheincreasedlelaywill impair
two-way communicationsand requiresmore sophisticatedecho
control. Multi-descriptive techniquege.g.,[3, 4]), which allow
a sourcecoderto split its informationinto two (or more)equally
relevant bit streams have beensuggesteds a solution for this
problem. For a two streamscenariceachstreamis encodedsuch
thatwhenusedindependentlyit providesa reasonablguality z.
Whenboth streamsare receied the decodingprovides a quality
y, which is betterthanz. Assumingthat both streamscan be
transmittedsuchthatthe packetossprobabilitiesareindependent,
muchhigherlossratesbecometolerablewith only a smalldegra-
dationin quality.

The proposedcoding paradigm,describedn Section2, ad-
dressedoth issues. It is basedsolely on the propertiesof the
humanauditory system,anddoesnot assumeary specificsource
properties.Hence,its performancewill be equallygoodfor both
speechand music signals. The signaldecompositiorin the pro-
posedmethodtakesadvantageof the binauralpropertiesof the
humanauditory system Jeadingto a naturalmulti-descriptve de-
compositioraswell.

2. PRINCIPLE

It iswidely acceptedhatadecompositiomf theoutputof acochlear
filter into atemporaknvelopeanda“carrier” maybeusedo quan-
tify the role of auditory mechanismsn speechperception(e.g.,
[5]). Thisis supportedby our currentunderstandingf the way
theauditorysystem(the peripheryin particular)operates.

By analogybetweermmeasurecuditorynene (AN) responses
of thecat(e.qg.,[6, 7]) andpossibleAN responsesf ahumanwe
expect a significantdifferencebetweenthe propertiesof the fir-
ing patternsof low CF andhigh CF fibers'. At low CFs,neural
dischagesof AN fibersare phasdockedto the underlyingdriv-
ing cochlearsignal(i.e., synchroty is maintained).At high CFs,
the synchroly of neuraldischagesis greatlyreduced. At these
CFs,temporalinformationis preseredby theinstantaneouaver
agerateof the neuralfirings, which is relatedto the temporalen-
velope of the underlyingdriving cochlearsignal. Obviously, there
is no distinct boundarybetweentheseAN regions. Rather the
changdn propertieds gradual.However, our working hypothesis
is thattheregion of transitionis around1200Hz.

Currently we lack understandingf the post-ANmechanisms
thatareactive atthelow frequeng range(andaresensitve to syn-
chrory). Hence,in the currentcoding paradigmwe encodethe
baseband signal(up to 1200Hz), without decomposition.

For thefrequeny bandabove 1200Hz, we takeadvantageof
thephysiologicalimitationsof thelnnerHair Cell (IHC) to follow
thecarrierinformation(asreflectedby thelossof synchroty in the
AN neuralfirings). Let:

si(t) = s(t) * hi(t) = ai(t) cos ¢;(t) Q)

wheres(t) is theinput signal,k;(t) is theimpulseresponsef the
cochleafilter centeredat frequeny w;, the operator represents
corvolution,anda; (¢) andcos ¢;(t) are ,respectrely, theervelope
andthecarrierinformationof thecochleasignals; (¢). Becaus®f
the IHC limitations, neuralfirings of AN nene fibersoriginating
atw; exhibit only theervelopeinformationa;(¢), while thecarrier
informationis lost. Let ussynthesizeéhesignal:

$i(t) = ai(t) cosw;t 2)

thatis, theoriginal carriercos ¢;(¢) is replacedy a cosinecarrier
cos w;t. For aband-limitedervelopes;(t), 3;(¢) is aband-limited
signalcenteredat frequeng w;. If §;(¢) is presentedo the lis-
teners ear the resultingervelopesignal at the appropriateplace

LCF, for Characteristic Frequency, indicatesthe placeof origin of a
nervefiber alongthebasilarmembranen frequencyunits



alongthe cochlearpartition, which correspondso frequeny ws;,
will bea;(t). Let:

N N
()= &)=Y ai(t)coswit @)
i=1 =1
wherea;(t),: = 1,..., N aretheervelopesignalsof N cochlear

filters equallyspacedalongthe critical-bandscale with a spacing
of onecritical band.(For aninputsignalwith 4kHz bandwidththe
numberof critical bandsabove 1200Hz is N=10. For abandwidth
of 8 kHz, N=17.) Recallingthatinformationis corveyedto the AN
by alarge,finite, numberof highly overlappedcochleafilters (de-
terminedby the discretedistribution of the IHCs alongthe contin-
uouscochlearpartition),for theoriginal signals(¢) theoverall en-
velopeinformationatthe AN level is representedith afrequeny
resolutiondeterminedy thedensityof theI[HCs. Hence theenve-
lopesignalsa;(t),: = 1,..., N,in Eq.(3) represenonly asparse
sampleof the overall envelopeinformationatthe AN level.

Let §(t) of Eq. (3) be presentedo thelisteners ear Theen-
velopeat the outputof thelisteners cochlearfilter locatedat fre-
queny w; is (ideally) a;(t), for eachi,i = 1,..., N. However,
the output of a cochlearfilter locatedin betweentwo successie
cosinecarrierfrequenciesw; andw;+1, will reflect“beating” of
thetwo modulatectosinecarriersignalspassinghroughthefilter.
Thisresultsin anundesiredlistortion.

To reducetheamountof distortiondueto beating,a dichotic
synthesiswith interleaving critical bandsis proposedLet §,44(t)
ands$cyen(t) bethe summationof the odd componentsindeven
componentsf §(t), respectiely, i.e.,

N-1

$oaa(t) = Z a;i(t) cosw;t 4
i€odd
N

éeven(t) = Z Cli(t) cos w;t (5)

i€Ceven

The distancebetweentwo successie cosinecarriersin eachof

thesesignalsis larger, resultingin areductionof distortiondueto

carrierbeating. When §,44(t) ands...»(t) arepresentedo the

left andthe right ears,respectiely, the auditorysystemproduces
asinglefusedimage.

Two pointsarenotevorthy. First, z;(¢) of Eq.(1)is acochlear
filter (realized for example,asa Gammatondilter, [8]). Thisim-
pliesthath(t) = Ef\il hi(t) is not anall-pasdfilter (i.e., thesig-
nal Efil si(t), wheres;(t) arethe untamperedochlearsignals
of Eqg. (1), is differentfrom the original signal s(¢) of Eq. (1))
Sucha behaior, however, is legitimate here becausave do not
aim at reproducingthe original signal. Rather our purposeis to
synthesizea signalthatwill stimulatea neuralactiity atthe lis-
teners AN, whichis in correspondenceith thecochlearenvelope
informationthatwould be generatedby the original signal.

Secondpursignalprocessingechniqui.e.,theusageof pure
cosinecarriersto placethe sampledervelopesignalsat the appro-
priateplacealongthebasilamembraneproducesninherentun-
desired distortiondueto the following reason Whenthe original
signals(t) is passedhroughthehighly overlappedfull resolution

2 Signalspresentedo left andright earsaredifferent.
3Note that in traditional sub-bandcoding systems the filter bankis
designedvith a“perfect” reconstructiomequirement.
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Figurel: Block diagramof the proposedsystem.

cochleaffilter-bank, the resultingervelopeinformationgradually
evolvesaswe move acrosshefilter-bankarray In contrastpass-
iNg 8oaa(t) OF $cven(t) Of EQs.(4) and(5), respectiely, through
the samefilter-bank will resultin much coarserevolution of the
ervelopeinformation. (This is so becausef the sparsesampling
of theervelopeinformationby thefilters &; (¢) of Eq. (1)).

3. APPLICATION TO CODING
3.1. Information reduction based on perception

One sourceof information reductionis the IHCs physiological
limitationsto follow the carrierinformation,which allows the us-
ageof purecosinecarriers(Egs. (4) and(5)) whosefrequencies
areknown to the recever. Furtherinformationreductioncanbe
achieredby replacingthe cochlearervelopeq; () by a smoothed
(via low-pasdfiltering) ervelopei; (¢), i.e.,

N-1
Soaa(t) = Z @i(t) coswit (6)
i€odd
N
Seven(t) = Z @;(t) coswit (7
i€even

Recentpsychophysichexperiments([9]) show thatif the cutoff
frequeng of the low-passfilter is about250 Hz, a speectsignal
synthesizeavith thesesmoothedtochlearenvelopeqEqgs.(6) and
(7)) is perceptuallyindistinguishabldrom the speechsignal syn-
thesizedvith the original envelopeqEqs. (4) and(5)).

The proposedsystemis shavn in Fig. 1. Note thatthe infor-
mationto be transmitteds comprisedof the basebandignaland
thesmoothectritical-bandervelopes.

3.2. Application to multi-descriptive coding

By usingdichoticsynthesiswith interlearing channelsthesignals
Soaa(t) andseven(t) of Egs.(6) and (7) are uncorrelatedcabore
1200Hz. Hence thefollowing multi-descriptve synthesids pro-
posed At therecever, dependingpnthe measured¢hannelosses,
theleft ear(L) andtheright ear(R) maybefedby: (1) $,aa(t) to

L and$ecven(t) 1O R, (2) S0aa(t) to bothL andR, or (3) Scven(t)

to bothL andR.

The baselinesystemintroducestwo typesof artifacts. One,
the usageof purecosinecarrierscausepercevabledistortionsin
$0aa(t) andseyen(t) (Egs.(4) and(5)), the amountof which de-
pendsontheinteractionbetweerspectrakcontentsandcarrierfre-
guenciesandthelistenerexperience.



Seconda dichoticpresentatiortreatesa spatialimagethatis
differentfrom onecreatedby adiotic (i.e., the samesignalis pre-
sentedto both ears)presentation.Whenthe proposedmethodis
usedasa multi-descriptve system,a switch from the dichoticto
thediotic moderesultsin aswitchin thespatiallocationof theim-
age. This problemis usuallymitigatedin real-worldapplications
wherethe two-channebdelivery is usually accomplishedria two
loudspeakerge.g., desktopapplication),insteadof stereophonic
headphones

3.3. Complexity, Delay and Quantization

To makean actualcoderbasedon the describedparadigmit is
importantto constrainthe overall compleity anddelay In the
descriptionbelonv we give an example how this can be accom-
plished. Note that more sophisticatednethodscould be devised
to obtain better coding efficiency at the expenseof an increase
in delay The bandpasfilter-bankof Fig. 1 is implementedvith
128tap FIR filters, introducingan 8 ms delay (8000 samp/sec).
The basebandignal (1200 Hz bandwidth)and the low-passfil-
teredervelopesignals(250 Hz bandwidth)aredown-sampledby
a ratio of 1/3 (2666 samp/secand 1/15 (533 samp/sec)respec-
tively, to maintaina simpletime relationshipbetweenthe various
signals. Any codingdelayat the down-sampledrequencieswill
increasalelayby its respectie down-samplingfactor Hence,we
concentrat®n codingschemeshatwork on a sample-by-sample
basis,suchas Delta-Modulationor ADPCM. The down-sampled
ervelopesignalsarequite robustagainstguantizatiomoiseandit
wasfound that a simple ADPCM structurewith a 2 bits/sample
guantizemprovidesexcellentresults.In contrastthe basebandig-
nal is more sensitve to quantizationerrors. Using ADPCM, it
was found that at least3 bits/sampleare neededfor an accept-
able quality. Althoughthe basebandodercouldin principle be
amulti-descriptve coder[10], for simplicity we usethebaseband
informationfor both streams. The total bit rateis 2 channelsx
(baseband8 kb/s+ envelopes:5 x 1.066kb/s)= 26.66kb/s,and
thetotal codingcompleity is approximatelybasebandi.3MIPS
+ ernvelopes:10 x 0.3MIPS)=4.3MIPS.

Backwardadaptve predictionwith alimited sizeVQ canfur-
ther reducethe numberof bits per sample,without introducing
large algorithmicdelays.The predictororderneedsnot to bevery
highto produceanaccuratedescriptiorof the spectrum The spe-
cific choiceof down-samplingratesallows the useof a 5 dimen-
sionalVQ withoutintroducingadditionalcodingdelay We useda
modifiedversionof LD-CELP [11] usingonly a 16-th orderpre-
dictor on the down-sampledsignal,and without post-filterin the
decoderresultingin 2 bits/sample(2666 samp/secyithout no-
ticeableaudibledegradationsanda compleity of 8 MIPS. At the
decodethe signalswereup-sampledndinterpolatedvith 32-tap
FIR filters, resultingin anadditional2 msdelay Theoverallcom-
plexity of this schemds about14 MIPS for thefiltering andup-
sampling,and11 MIPS for the quantization. Thetotal end-to-end
delayis 10 msdueto filtering and2 ms dueto coding. Thetotal
bit rateis 2 channelsx (baseband5.33kb/s + envelopes:5 x
1.066kb/s)=21.332kb/s. (For wide-bandsignals(8 kHz), the net
increasen bit ratewill only be3to 4 kb/sfor eachbit stream.)

The 21 kb/s systemwas usedin an informal listening tests
usingtwo loudspeakersWe definedthe packet-siz€o be equiv-
alentto 15 ms. Without packetlosses mostlistenerscould not
perceve ary degradationcomparinghe non-quantize@éndquan-
tized versionsof the basebandnd smoothedernvelopes(soaa(t)
ands...n(t) of Egs.(6) and(7)). We randomlyerasegacketaup

to 10%lossrates.Theerrorprobabilityfor eachof thestreamavas
independentWhena packet-lossvaspresenin bothchannelsve
usedthe concealmentechniqueoutlinedin [12]. Basedon lim-
ited informal listeningit wasfound that mostlistenerscould not
tell thedifferencebetweerthe 10%lossconditionandtheno-loss
condition.Degradationdbecamenorenoticeableoncethelossrate
wasincreasedo 20%. Notethatat this lossratethe probability of
losingpacketdrom bothstreamsimultaneouslypecomegi%and
someof the degradationsare causedby the inefficienciesof the
concealmenalgorithm.

4. SUMMARY
In this paperwe introducedthe notion of dichotic synthesif in-
terleaving critical bands,which provides a framavork for (1) a
substantiainformation reductionbasedon perception(fixed co-
sinecarriersmodulateby smoothectritical-bandervelopes)and
(2) anaturalmulti-descriptve signalrepresentation.
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