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ABSTRACT

In this paper we introducethe conceptof coopeative analag-digital sig-
nal processingandits applicationin the developmenbf a real-timenoise
suppessionsystemThealgorithmimplementeds designedo reducesta-
tionary backgroundnoisewhile preservinghe non—stationarysignalcom-
ponent. The algorithm is basedon digital signal processingoundations
that are slightly adjustedfor usein the continuous-timelomain. Because
the systenrelieson analay computationrather than digital, it hasbene-
ts sud asextremelylow powerconsumptiorand real-timecomputation.
Theanalog circuit elementsare basedon new oating-gate circuits that
are small,efcient, and programmable—makini possibleto setandtune
biaspoints,offsets,and Iter parametes underdigital control.

1. COOPERATIVE ANALOG-DIGIT AL SIGNAL
PROCESSING

New adwancesin analogVLSI circuits have madeit possibleto
perform operationsthat more closely re ect thosedonein DSP
applicationsor thataredesiredin future DSP applicationd1, 2,
3, 4,5, 6,7]. Further analogcircuits and systemscan be pro-
grammable recon gurable,adaptve, and at a densitycompara-
ble to digital memories(for example,100,000+multipliers on a
singlechip) [8, 9, 10, 11, 5]. Thesepropertieshave beenalmost
exclusively associateavith digital processingbut the additionof
small,dense programmablenalogcircuits providesa framevork
in whichto createcooperatie analog/digitakignalprocessingys-
temsthatbene t from both approache$o make somethingoetter
thanthesumof its parts.We de ne cooperatre analog-digitakig-
nal processingCADSP)astheresearcheld usingcombinations
of programmabl@nalogsignal processinganddigital signalpro-
cessingechniguedor real-world processing.
Neitheranalogsignalprocessingor digital signalprocessing
canexist in currenttechnologiesvithout the other; thatis, real-
world signalsare analogwhile much of the moderncontrol and
communicatioris digital. Therefore a primary questionis where
to partitiontheanalog—digitaboundryto enhanceheoverall func-
tionality of a systemby utilizing analog/digitalcomputationsn
mutually bene cial way (Figure 1). CADSP allows more free-
domof mavementfor the partitionbetweerthe analoganddigital
computation. CADSP is a supersebf mixed-signalresearchin
thatit focuseshearily on algorithmsaswell ascircuit implemen-
tation. By addingfunctionalityto our analogsystemsye enhance
thecapabilitiesof the controllingdigital systemandthereforethe
entireproductunderconsiderationA full discussiorof this parti-
tion problemcanandwill encompassereralresearclpapersThe
rangeof applicationsfor theseapproacheseachedrom auditory
andspeectprocessingto beam-formingmultidimensionakignal
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Fig. 1. lllustrationof thetradeofsin cooperatre analog/digitakignalpro-
cessing.We assumehe typical modelof signalscomingfrom real-world
sensorswhichareanalogin nature thatneedto beutilized by digital com-
puters.Theinverseproblem,digital signalsgoingto real-world actuators,
is similarin nature.Oneapproachs to putananalog-to-digita(A/D) con-
verterascloseto the sensorsignalsas possible,andallow the remainder
of the computationgo be performeddigitally. An alternateapproachis
to performsomeof the computationaisinganalogsignal processingre-
quiring simplier A/D corverters,andreducingthe computationaload of
resultingdigital processorsOnecouldgroupthis analogcomputatiorand
A/D corverterasa specializedA/D corverterthatgivesmorere ned in-
formation (Fourier coefcients, phonemesetc.) thana literal mapof the
incomingsignal. The questionof whereto put this boundryline strongly
dependsiponthe particularrequirement®f anapplication.

processingandradarcomputationscommunicationgprocessing,
andimageprocessin@ndrecognition.

Thefollowing sectionsrie y discussCADSPadwantagesnd
disadwantagedollowed by a discussionof the developmentand
implementatiorof a backgrouncdhoisesuppressiorsystembased
onthe CADSPapproach.

2. THE CASE FOR COMBINING ANALOG AND
DIGIT AL SIGNAL PROCESSING

Onemightwonderwhy introduceanalogsignalprocessingt all,
sincethe currentframenork of immediatelydigitizing incoming
signals,illustratedas the top half in Fig. 1, seemsto be work-
ing well in currentpractice. As more computationalpower is
requiredto implementmore digital functionality, the needshave
largely beenmetby transistorscalingandthe advantagese xibil-
ity in programming.However, currenttrendsare,andhave been,
nding uniquechallengeghat provide an opportunityfor a new
perspectie. Several factorssuggesusinganalogsignal process-
ing in conjunctionwith digital systemgo meetthesechallenges:

1. powerconsumptiori ef ciency requirements,

2. A/D corverterrequirements,

3. sizeconstraintsand

4. problem“t.”

TheanalogVLSI signalprocessingircuitsareprogrammablend
adaptve using oating—gatecircuits. Theprogrammablandadap-



tive aspect®f oating—gateanalogVLSI aresigni cant andmalke

practicala variety of signalprocessingapplications.One system
thatholdspromisefor theimplementatiorof alarge classof signal

processingpplicationin analogVLSI is the eld programmable
analogarraypresentedn [12].

Pawer consumptiorin DSP microprocessorsas measuredn
mW/MIPS, hasbeendecreasingdpy half aboutevery 18 months—
aphenomen&nown asGenes law [13]. Thistrendof decreasing
power consumptiorhasbeenkeepingpacewith Moore's law and
hashelpedmale possiblethe increasingproliferationof portable
electronics Evenso,device functionality andtheamounbf signal
processingjs often primarily constrainecoy a x ed power bud-
get. A customanalogapproachcan often achieve an increased
efciency ( = BandwidthPower) of afactorof 10* over a custom
digital approact14]. If Geneslaw continuedo hold, digital sys-
temswill catchup to currentanalogef ciencies within about20
years! Therefore migratingsomeapplicationgo analogprocess-
ing could provide up to a 20 yearjump in functionality relatve
to a purely digital roadmap.The greatesef ciency occurswhen
matchingphysicsof problemto physicsof silicon medium. This
increasen ef ciency canbeusedfor reducinghepoweref ciency
of agivenproblem,or addressingomputationaproblemshatare
consideredntractableby the currentdigital roadmap.

Analogto digital (A/D) corvertersalsocanbealimiting factor
in signalprocessingystemsandA/D requirementarebecoming
anincreasinglylarge part of the systemdesignconstraints. The
systemdemand®n mary currentsystemsequirevery high reso-
lution / high performanced/D converters;the resultingA/D con-
verterblock is oftenconsuminga large fraction of the power bud-
get, aswell assystemdesigntime. While digital processoef -
cieng/ maybeincreasingapidly, partially asaresultof transistor
scaling;scalingis not helpingasmuchfor A/D converters. A/D
corvertershave roughly beenincreasingresolutionat 1.5 bits / 5
yearsatthesameperformanceandquickly runninginto additional
physical limits which might further slow this progress. In mary
problemsheneedfor enormouspeedandresolutionoriginatesin
recovering “low-information” signalsover a wide dynamicrange
or in a noisybackgrounde.g. CMOS imaging, software radio).
By utilizing analogsignalprocessingt thefront-end,we cansig-
ni cantly reducethe A/D corverter compleity, and the overall
systemcompleity.

Circuit sizeconstraintsalsofavor analogvLSI circuitsin mary
casesandit is oftenpossibleto take advantageof device physicsto
performcomplex operationswith only a very few transistors.For
example,an analogmultiplier can storethe coefcient and per
form themultiplicationusingonly asmary transistoraswould be
neededo storea four bit coefcient in digital memory Besides
multiplicationtherearemary elementabperationghatcanbe ef-

ciently implementedn oating—gateanalogVLSI. Thesenclude
Iters, adaptve multipliers, a large rangeof non-linearfunctions,
decisioncircuits,andothers(seealso[5, 11]).

3. NOISE SUPPRESSIONSYSTEM

The recentprosperityof portablecomputingand communication
deviceshasresultedn arenavedinterestin audiosignalenhance-
ment by suppressingadditive backgroundnoise from corrupted
noisy signal. While most noise suppressiormethodsfocus on
processingsampledaudio signals,Becausenoise suppressions

1The A/D corverter limitations on a power constrainedsystemsis
somavhat similar to the problemsgeneratedas processorspeedspro-
gressednuchfasterthanmemoryspeedsn recentyears.
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Fig. 2. (a) Block diagramof continuous-timenoisesuppressiorsystem.
The centerfrequeny of lter bankis spacedexponentially At eachsub-
band,gainis calculatedrom non-lineargain function. To achieve consis-
tentnoisesuppressiorior differentnoisevariance,noisy signalestimate,
insteadof signalestimatejs usedasaninput of non-lineargain function.
Thegainis thenmultiplied with sub-bandignalandsummedo build full-
bandsignalestimate (b) Detailsof the sub-bandyain calculation—Wthin
eachfrequeng band,the noisy signalenvelopeis estimatedusinga peak
detector Basednthevoltageoutputof thepeakdetectorthenoiselevel is
estimatedusinga minimum detector The currentsrepresentinghe noisy
signal and noiselevels are input to a translineardivision circuit, which
outputsa currentrepresentinghe estimatedsignal-to—noiseatio. A non-
linearfunctionis appliedto the SNR current,andthe resultinggain factor
is multiplied with the band—limitedhoisy signalto producea band—limited
“clean” signal.Finally, the outputof all of thebandsaresummedo recon-
structthe signalwith the noisecomponentsigni cantly reduced.

typically performedbeforeotherprocessinguchascompression,
transmissionpr storage,it ts well into the CADSP framework
shavn in Fig. 1 [15, 16]. Therefore,we presentherean analog
noisesuppressiosystemasa demonstratiorof a typical CADSP
application.

We assumaea noisy signal, x(t), consistingof a signal,s(t),
corruptedby additive noise,n(t), thatis uncorrelatedvith thesig-
nal

x(t) = s(t) + n(t): 1)
Thegoalis to designa real-timesystemthatgeneratesomeopti-
mal estimate$(t), of s(t) from x(t). We assumehatthe additive
noiseis stationaryoveralongtime periodrelative to theshort-term
stationarypatternsof normal speech. The signal estimate $(t),
may be foundin the frequeng domainusingspectralsubtraction
or by applyinga Wiener Iter gain. The basicWienergain can
beexpressedn termsof thefrequeng—dependensignal-to—noise
ratio(SNR)as

2
H) = Gy @
where 2(1)= (1 )= o(!)with (! )and ,(!) represent-

ing the power spectraldensitiesof the signal and noise respec-
tively.

Frequeng domainprocessings accomplishedusing a one-
third octave Iter bank. The Iter bankseparateshe noisy signal
into narrav-bandsignals.In eachband,the ervelopeof the noisy
signalis detectedand smoothed. From the smoothedsub-band
signalervelopethe noiseervelopeis estimatedn eachsub-band.



TheSNRin eachbandis estimatedrom thenoisysignalandnoise
ernvelopes A non-linear(sigmoid)gainfunctionis usedto approx-
imatethe Wienergain. Finally, the original band-limitedsignalin
eachbandis multiplied by the respectre gain and the resultis
summedto constructthe full-band “clean” signal estimate. The
overall structureof the systemis shavn in Fig. 2(a) with a more
detailedview of the gain calculationblock of a singlebandshavn
in Fig. 2(b).

4. IMPLEMENT ATION

Thissectiondescribesheimplementatiorof thenoisesuppression
algorithmona0.5micronCMOSVLSI chip. Thegain calculation
circuits make up the processinglock for the system.Eachblock
operatesndependentlyof the othersin the array so effectively
we have 32 parallelsignalprocessorgperatingsimultaneouslyn
32 band-limitedsignals. The block diagramshaowvn in Fig. 2(b)
summarizeshe gain calculationalgorithm. The following sec-
tions will elaborateon the algorithm and relate the circuits that
performthe underlyingfunctions. Note that the analogsystems
describecherearelargely basedon ananalog oating gatecircuit

technologywhichallows eachcircuit to beprogrammable/tunable.

Theresultis thattheindividual circuit elementanbe very small
sincethey do not requirethe extensie overheadof building per
fectly matchedcircuits or of designingcircuitstunedvia external
inputs.

4.1. FrequencyDecomposition

The rst structureon the left sideof Fig. 2(a)is a Iter bankthat
separateshe noisy signalinto 32 bandsthat are logarithmically
spacedin frequeng, similar to the humanauditory system,for
frequeny domainprocessing-This resultsin approximatelyone-
third octave spacingn thecut-off frequencie®f the Iter bank.By
using one-thirdoctave lters, ary frequeny distortions—whose
bandwidthis ontheorderof thebandwidthof theeachband—also
lie almostwithin the samecritical bandandcanbe minimizedfor
the perceptuaimpact[17]. The Iters usedin the Iter bankare
the Capacitvely-CoupledCurrent Conveyor Second—OrdeBec-
tions (C* SOS),shovn in Fig. 3(a). The C* SOSis composedf
threeC*s (describedn [18, 19, 20]) in which thefeedbackcapac-
itor of the rst stagelter is removedin orderto make thatstage
ahigh gainampli er. This lter canhave afrequeng responsef
ary de ned bandwidth andoutsidethatbandwidth slopesof 40
dB/decadeor greateroccur By adjustingthe voltagebiasesthe
responsat eithercornercanbetunedto have a sharptransitionor
evenaQ peak.A high Q peakis usefulbecausé helpsisolatethe
respectie centerfrequeng. Moreinformationonthedetailsof the
C* SOSis availableelsavhere[21].

After theincomingnoisy signalhasbeenband-limitecby the
Iter bank,a gain factoris calculatedoasedon the characteristics
of eachband-limitednoisysignal.

4.2. EnvelopeEstimation

The rst stepin the gain calculationis to estimatethe ervelope
of the noisy signal. Next, the noiseenvelopeis estimatedusinga
techniquecloselyrelatedto the minimum statisticsmethodwhere
the noiseis found usinga minimum detectoron the ervelopeof
thenoisysignal. The SNRis thenestimatedrom the noisy signal
envelopeandnoiseenvelopein eachsubband.

o &kt ed(kit) (ki) _ oe(kit)
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wherek is the subbandndex andé, (k; t) is the noisy signalen-
velopeestimatethat can be representeds the sumof the actual
signalenvelopees (k; t) andthe noiseervelopeestimated, (k;t).

4.2.1. PeakDetector

A peakdetectoris usedto estimatethe envelope of eachnoisy
subbandsignal. Whena speecthsignalis input, the peakdetector
will follow the envelopeof the signal, rising rapidly with the in-
creasingsignalamplitudeanddecayingslowly enoughto resultin
asmoothervelope.The peakdetectowill alsofollow thelevel of
theadditive noise particularlyin timeswherethe signalis absent.
The circuit outputsboth a voltageandcurrentthatarerepresenta-
tive of the noisy—signalevel (ervelope).Eachsubbandontainsa
signalof a differentbandwidthso the peakdetectorseachhave a
programmableime constantso that an appropriatesmoothecen-
velopecanbedeterminedor eachof thebands.

4.2.2. MinimumDetector

One effective methodof noiseestimationis the minimum statis-
ticsapproach22]—anapproximatiorto this approachs to usean
invertedpeakdetectoror minimumdetectomwith along time con-
stanton the averagecdhoisysignalervelopeestimate Theinverted
peakdetectoroperate®n the estimatedervelopeof the noisy sig-
nal, keepingan estimateof the minimumvaluewhich is assumed
to be the noise oor. A “minimum detector”circuit is therefore
usedto estimatethe noiselevel in the subbandsignals(i.e. the
noiseenvelope). The input to the minimum detectoris the volt-
ageoutputfrom the peakdetector In this way, we estimatethe
noiselevel by following the minimum valuesof the noisy-signal
ervelope. A bias voltage setsthe attacktime constant;it is set
to run muchslower thanthe peakdetectorin orderto follow the
slow changegoundin theamplitudeof relatively stationarynoise.
Whenthe signalis presentthe outputwill maintaina slowly ris-
ing level; whenthe signalis not present,the minimum detector
will trackthenoiselevel.

4.2.3. SNRCalculation

Multiplication anddivision operationcanbe performedusingthe
translineaprinciple [23]. The circuit shavn in Fig. 4 performsa
division operatiorwherethe output,l sy r , canberepresentetly
thefollowing equation:

I sig nal

Isnr = Iscale I scale

| noise
andrepresentshe estimatedSNR. The currentl scae is setby the
biasvoltageVscae andis usedto put the outputcurrentinto the
properrangefor the gain function.

4.3. Non-linear Gain Function

The nal elementsof the gain calculationalgorithmare the gain
function and multiplier. The Wienergain (Eqg. 2) is widely used
in noisesuppressiorsinceit minimizeserror enegy. In the cir-
cuitimplementationthe gain functionandthe multiplier comprise
onecircuit, shovn in Fig. 5(a). The transistorsat the top of the
schematiarethe differential pair wherethe actualmultiplication
takesplace;the multiplier will be describedshortly The transis-
torsbelow thedifferentialpair createhebehaior of thegainfunc-
tion. Theoutputof thegain functioncircuitis | gain , whichcanbe



out

@

<

tn1

XS
S w
< <

NN
~So g
<<<Z

NN O oo
=]

Gain

10
Frequency (Hz)

(b)

Fig. 3. (a) Theschematicshaving the C* SOSband-passdter . Thebiasvoltagesaresetusinga resistie-divider network, which createsa logarithmically
spacediter bank.Futureversionswill beimplementedising oating gateelementsnsteadof resistorgo allow for programmingandimprovedtuning. (b)

This plot shavsthefrequeny responsef asingle Iter in a32-bandlter bank.In thiscon guration,theband-passolloff is 40 dB. Thenotedbiasvoltages
referto thevoltagessetat eachendof theresistve network. This datais from a circuit fabricatedn a0.5 m processvailablethroughMOSIS.

SNR

Fig. 4. (a) Thetranslineacircuit shavn in this schematiégmplementshedivisionof | noise into I sig nal , yieldingacurrentrepresentinghesignal-to-noise
ratio, | sy r . We subtracianl gscae  from theoutputcurrent,l sy g to mirror thefunctiondescribedn Equation3. ThevoltageVscae Setsthebiascurrent
I scale » Whichis usedto putl sy r into the properrangefor the gain functioncircuit. (b) & (c) Thetheoreticabndmeasureautputsfor the divider circuit

using x edsignalandnoisecurrentsrespectiely.

approximatedy

(130 + Tmin 1)l max
(léNR + I'min 1)+ | max '

| gain —

This hasalmostthe exactform of the Wienergain with the addi-
tion of a biascurrentthat canbe usedto tunecircuit operationas
neededndascalingfactor | max andl min 1 aresetby thevoltage
biasesVmax andVmin 1 andeffectively createtheupperandlower
boundsof the gain factoroutput. The voltagebiasVmin 2 canbe
usedto further adjustthe rangeof input currentthat the circuit
will accept.Thediode-connectettansistoron theinput branchof
thecircuit causeghe currentthatis mirroredontothe gain branch
to be approximatelysquaredihis is importantto ensurea quick
transistionfrom low to highgainasl sy r increases.

The multiplication portion of the circuit resultsfrom the in-
teractionbetweenthe subbandsignal presentedit the inputsasa
pair* Vin 1 andVi, 2 andthegainfactorcurrentl gain from thegain

2Becausehe currentimplementatiornis single-endedatherthandiffer-

functioncircuitin Fig. 5(a). Thecircuit is biasedo operaten the
linearrangeof thefollowing equation:

(Vin 1 Vin 2)

| = lgan tanh ——M—=*
out 2 gain 2UT

I out 1
whereUr is the thermalvoltageof the transistors.The input to
the multiplier is the band-limitednoisy signal,i.e. the outputof
theC* SOSband-pasdter . Thedatain Fig. 5(b) and(c) shav the
functionality of the multiplier andthe form of the gain function.

5. SYSTEM RESULTS

5.1. Simulation

It isimportantto have a“signal processingimulation”of theana-
log VLSI systemprior to fabricatingthe circuit. Circuit or device
level simulationcanprovide accurataesultsbut they take toolong

ential,the“negative” inputvoltage,Vi, 2, is heldconstant.
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Fig. 5. (a) Theschematiof themultiplicationandgain functioncircuit. Theoutputcurrent,! oyt 1
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I out 2, is theproductof the band-limitedinputsignal,

Vin 1 Vin 2, andthegainfactor | gain . Eachvoltagebiassetsa currentthatformsthe overall behaior of the gain functioncircuit. (b) Theoutputcurrent,

lout 1

I out 2, Varieswith its two factors:the gain factorandthe differentialinput voltage. This plot shavs sweepf theinput voltagefor severalvalues

of I sy r - (€) Thegain functionof thecircuit depictedn (a) is plottedversud sy . At theextremesof the signal-to-noiseatio, eitheralow gain factoror a
unity gain factoris theresult.Multiple curvesshawv the biasvoltagesbeingadijusted.

to effectively include in an iterative designprocess. Therefore,
theinitial continuous-timenoisesuppressiomlgorithmwasfunc-
tionally simulatedin Matlah The simulatedsystemcontainedhe
samefunctional blocks as shavn in Fig. 2 and asimplemented
in theanalogsystemwith continuous—timéransferfunctionscon-
vertedto discrete—timdunctionsusingthebilineartransform.The
samplingratein the simulatorwaschoserto beatleastfour times
the requiredNyquist rateto avoid the frequeng warpingthatoc-
cursnearthe Nyquistratewith the bilineartransform. Multi-rate
signalprocessingvasusedo improve ef ciency butthehigh over
samplingrule wasalwaysfollowed. In orderto anticipateaccurate
performancavhenimplementedwith circuits, we tried to include
physical limitations asmuchaspossible.For example,the Iters
wereimplementedashigh Q second-ordesectionghatconformed
to previously measuredircuit behavior for theC* lters.

The simulationgain function parametersvere chosenso that
theattenuatiorwaslimited to lessthan40 dB—Ileaving someresid-
ual backgroundoise.Representate outputfrom the simuluation

is shavn in Fig. 6a. The percevedquality of thenoise—suppressed

signalis remarkablyfree from artifactsnormally associateavith
Wiener Itering andspectralsubtraction.We attribute this to the
methodof frequeng decomposistiothatmatchesrumanauditory
critical bands andthe proportionalbandwidthsof the subbanden-
velopes.

5.2. Implementation Results

The experimentalresults presentedn this paperare from tests
on individual componentghat have not yet beenintegratedinto
a larger system.Figure ??b shavs a noisy speechsignalthat has
beenprocessetly thecomponenti oursystem.Thesystenis ef-
fective atadaptvely reducingthe amplitudeof noise-onlyportions
of thesignalwhile leaving the desiredportionsrelatively intact.
The power consumptionof the noise suppressiorcircuit is
very small. The corecircuitry, assumingB2 frequeny bandsand
a 3.3V power supply consumesessthan50 W. Therefore,in-
tegratingthis circuit into an existing systemwill notlikely have a
measureabl@mpacton batteryperformanceln systemghat pro-
vide signalampli cation, the removal of backgroundnoise may

decreasampli er powerconsumptiontherebyincreasingheover-
all batterylife.

5.3. Circuit Noiseand Distortion

Any noise or distortion createdby the gain calculationcircuits
minimally affectsthe outputsignalbecausehesecircuits are not
directly in thesignalpath. While thebandpasdters andthemul-
tipliers will inject a certainamountof noiseinto eachfrequeng
band,this noisewill beaveragedut by the summatiorof the sig-
nalsat the outputof the system.Distortionin the signalpathwill
arisefrom the bandpasdters andthe multiplier. In the bandpass
lter array the C* SOSstructureis not cascadedasin cochlea
models thereforethereis nodistortionor noiseaccumulationThe
distortionlevel in eachfrequeng bandfor a 30 mV single-ended
input signalis 2nd harmoniclimited at -30 dB at peak. A differ-
ential lterbank will eliminate2ndharmonicdistortionandreduce
the3rdharmonidevel to -40dB atpeak.Thedistortionintroduced
by themultiplier is dependenbn the outputlevels of thebandpass
Iters: if thesignalis near30 mV, 3rd harmonicdistortionwill be
-20 dB down; however, if the signalis near7.5 mV, the 3rd har
monic distortionwill approach-46 dB. In speechparticularlyin
noisy ervironmentsthe signalis moreevenly distributedacrossa
broadfrequeng rangethana simpletone, thereforedistortionis
signi cantly reduced.

6. CONCLUSIONS

This paperdescribesan approacho designingsignal processing
systemscalled Cooperatie Analog and Digital Signal Process-
ing (CADSP)in which signi cant portionsof the signalprocess-
ing are donein programmableanalogVLSI circuits. We then
presentnoise suppressiorsystemfor single-channebackground
audio noise suppressiordesignedusing the CADSP framework.
The systemis uniquein thatit is implementedn programmable
analogVLSI circuits. Theanalognatureof the systemhasseveral
novel implications:

1. The systemis extremelylow—power, operatingon a wide-
bandsignalwhile usingonly afew milliw attsof power.
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Fig. 6. (a) Time-domainwaveform of original noisy signal (gray) and
noise-suppressezignal (dark) from our functionalcircuit simulation. (b)
Noise suppressiorirom analogVLSI circuit in onefrequeng band. The
light gray datais the subbanchoisy speechinput signal; the black wave-
formis the correspondingubbandutput,afterthe gain functionhasbeen
applied.

2. The noise suppressiorguality appearsto be comparable
in quality to that of state-of-the-artligitally implemented
adaptve Wiener lters.

3. The systemprovides a proof of conceptfor the potential
usefulnes®f signalprocessingisinganalogVLSI circuits.

We believe thatthiscircuitis oneof the rst of its kind—ananalog
VLSI signalprocessingircuit with wide applicability Ourchoice
of lters, noiseestimatorandgain functionyield a robustsystem
for avarietyof noiselevelsandconditions.Also, we demonstrated
circuitimplementation®f eachof thealgorithmiccomponents.
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