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ABSTRACT

In this paper, we introducetheconceptof cooperativeanalog-digital sig-
nal processing, andits applicationin thedevelopmentof a real–timenoise
suppressionsystem.Thealgorithmimplementedis designedto reducesta-
tionarybackgroundnoisewhilepreservingthenon–stationarysignalcom-
ponent. Thealgorithm is basedon digital signal processingfoundations
that are slightly adjustedfor usein thecontinuous-timedomain.Because
the systemrelieson analog computationrather than digital, it hasbene-
�ts such asextremelylow powerconsumptionandreal-timecomputation.
Theanalog circuit elementsare basedon new �oating-gate circuits that
aresmall,ef�cient, andprogrammable—makingit possibleto setandtune
biaspoints,offsets,and�lter parameters underdigital control.

1. COOPERATIVE ANALOG-DIGIT AL SIGNAL
PROCESSING

New advancesin analogVLSI circuits have madeit possibleto
perform operationsthat more closely re�ect thosedonein DSP
applications,or that aredesiredin future DSPapplications[1, 2,
3, 4, 5, 6, 7]. Further, analogcircuits and systemscan be pro-
grammable, recon�gurable,adaptive, and at a densitycompara-
ble to digital memories(for example,100,000+multipliers on a
singlechip) [8, 9, 10, 11, 5]. Thesepropertieshave beenalmost
exclusively associatedwith digital processing,but theadditionof
small,dense,programmableanalogcircuitsprovidesa framework
in whichto createcooperativeanalog/digitalsignalprocessingsys-
temsthatbene�t from bothapproachesto make somethingbetter
thanthesumof its parts.Wede�ne cooperativeanalog-digitalsig-
nal processing(CADSP)astheresearch�eld usingcombinations
of programmableanalogsignalprocessinganddigital signalpro-
cessingtechniquesfor real-world processing.

Neitheranalogsignalprocessingnor digital signalprocessing
canexist in currenttechnologieswithout the other; that is, real-
world signalsareanalogwhile muchof the moderncontrol and
communicationis digital. Therefore,a primaryquestionis where
to partitiontheanalog–digitalboundryto enhancetheoverall func-
tionality of a systemby utilizing analog/digitalcomputationsin
mutually bene�cial way (Figure 1). CADSP allows more free-
domof movementfor thepartitionbetweentheanaloganddigital
computation. CADSP is a supersetof mixed-signalresearchin
that it focusesheavily on algorithmsaswell ascircuit implemen-
tation.By addingfunctionalityto ouranalogsystems,weenhance
thecapabilitiesof thecontrollingdigital system,andtherefore,the
entireproductunderconsideration.A full discussionof this parti-
tion problemcanandwill encompassseveralresearchpapers.The
rangeof applicationsfor theseapproachesreachesfrom auditory
andspeechprocessing,to beam-forming,multidimensionalsignal
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Fig. 1. Illustrationof thetradeoffs in cooperativeanalog/digitalsignalpro-
cessing.We assumethe typical modelof signalscomingfrom real-world
sensors,whichareanalogin nature,thatneedto beutilizedby digital com-
puters.Theinverseproblem,digital signalsgoingto real-world actuators,
is similar in nature.Oneapproachis to putananalog-to-digital(A/D) con-
verterascloseto the sensorsignalsaspossible,andallow the remainder
of the computationsto be performeddigitally. An alternateapproachis
to performsomeof the computationsusinganalogsignalprocessing,re-
quiring simplier A/D converters,andreducingthe computationalload of
resultingdigital processors.Onecouldgroupthis analogcomputationand
A/D converterasa specializedA/D converterthat givesmorere�ned in-
formation(Fourier coef�cients, phonemes,etc.) thana literal mapof the
incomingsignal. Thequestionof whereto put this boundryline strongly
dependsupontheparticularrequirementsof anapplication.

processing,andradarcomputations,communicationsprocessing,
andimageprocessingandrecognition.

Thefollowing sectionsbrie�y discussCADSPadvantagesand
disadvantagesfollowed by a discussionof the developmentand
implementationof a backgroundnoisesuppressionsystembased
on theCADSPapproach.

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

Onemight wonderwhy introduceanalogsignalprocessingat all,
sincethe currentframework of immediatelydigitizing incoming
signals,illustratedas the top half in Fig. 1, seemsto be work-
ing well in current practice. As more computationalpower is
requiredto implementmoredigital functionality, the needshave
largely beenmetby transistorscalingandtheadvantages�e xibil-
ity in programming.However, currenttrendsare,andhave been,
�nding uniquechallengesthat provide an opportunityfor a new
perspective. Several factorssuggestusinganalogsignalprocess-
ing in conjunctionwith digital systemsto meetthesechallenges:

1. powerconsumption/ ef�ciency requirements,
2. A/D converterrequirements,
3. sizeconstraints,and
4. problem“�t. ”

TheanalogVLSI signalprocessingcircuitsareprogrammableand
adaptiveusing�oating–gatecircuits.Theprogrammableandadap-



tiveaspectsof �oating–gateanalogVLSI aresigni�cant andmake
practicala variety of signalprocessingapplications.Onesystem
thatholdspromisefor theimplementationof a largeclassof signal
processingapplicationin analogVLSI is the �eld programmable
analogarraypresentedin [12].

Power consumptionin DSPmicroprocessors,asmeasuredin
mW/MIPS,hasbeendecreasingby half aboutevery 18 months—
a phenomenaknown asGene's law [13]. This trendof decreasing
power consumptionhasbeenkeepingpacewith Moore's law and
hashelpedmake possiblethe increasingproliferationof portable
electronics.Evenso,devicefunctionality, andtheamountof signal
processing,is often primarily constrainedby a �x ed power bud-
get. A customanalogapproachcan often achieve an increased
ef�ciency ( = Bandwidth�Power) of a factorof 104 over a custom
digital approach[14]. If Gene's law continuesto hold,digital sys-
temswill catchup to currentanalogef�ciencies within about20
years!Therefore,migratingsomeapplicationsto analogprocess-
ing could provide up to a 20 year jump in functionality relative
to a purelydigital roadmap.The greatestef�ciency occurswhen
matchingphysicsof problemto physicsof silicon medium. This
increasein ef�ciency canbeusedfor reducingthepoweref�ciency
of agivenproblem,or addressingcomputationalproblemsthatare
consideredintractableby thecurrentdigital roadmap.

Analogto digital (A/D) convertersalsocanbealimiting factor
in signalprocessingsystemsandA/D requirementsarebecoming
an increasinglylarge part of the systemdesignconstraints.The
systemdemandson many currentsystemsrequirevery high reso-
lution / high performanceA/D converters;theresultingA/D con-
verterblock is oftenconsuminga largefractionof thepower bud-
get, aswell assystemdesigntime. While digital processoref�-
ciency maybeincreasingrapidly, partially asa resultof transistor
scaling;scalingis not helpingasmuchfor A/D converters. A/D
convertershave roughly beenincreasingresolutionat 1.5 bits / 5
yearsatthesameperformance,andquickly runninginto additional
physical limits which might furtherslow this progress.1 In many
problemstheneedfor enormousspeedandresolutionoriginatesin
recovering “low-information” signalsover a wide dynamicrange
or in a noisy background(e.g. CMOS imaging,softwareradio).
By utilizing analogsignalprocessingat thefront-end,we cansig-
ni�cantly reducethe A/D converter complexity, and the overall
systemcomplexity.

Circuit sizeconstraintsalsofavoranalogVLSI circuitsin many
casesandit is oftenpossibleto takeadvantageof devicephysicsto
performcomplex operationswith only a very few transistors.For
example,an analogmultiplier can storethe coef�cient and per-
form themultiplicationusingonly asmany transistorsaswouldbe
neededto storea four bit coef�cient in digital memory. Besides
multiplicationtherearemany elementaloperationsthatcanbeef-
�ciently implementedin �oating–gateanalogVLSI. Theseinclude
�lters, adaptive multipliers,a largerangeof non-linearfunctions,
decisioncircuits,andothers(seealso[5, 11]).

3. NOISE SUPPRESSIONSYSTEM
The recentprosperityof portablecomputingandcommunication
deviceshasresultedin a renewedinterestin audiosignalenhance-
ment by suppressingadditive backgroundnoise from corrupted
noisy signal. While most noise suppressionmethodsfocus on
processingsampledaudio signals,Becausenoisesuppressionis

1The A/D converter limitations on a power constrainedsystemsis
somewhat similar to the problemsgeneratedas processorspeedspro-
gressedmuchfasterthanmemoryspeedsin recentyears.
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Fig. 2. (a) Block diagramof continuous-timenoisesuppressionsystem.
Thecenterfrequency of �lter bankis spacedexponentially. At eachsub-
band,gain is calculatedfrom non-lineargain function. To achieve consis-
tent noisesuppressionfor differentnoisevariance,noisy signalestimate,
insteadof signalestimate,is usedasan input of non-lineargain function.
Thegain is thenmultipliedwith sub-bandsignalandsummedto build full-
bandsignalestimate.(b) Detailsof thesub-bandgaincalculation—Within
eachfrequency band,thenoisysignalenvelopeis estimatedusinga peak
detector. Basedonthevoltageoutputof thepeakdetector, thenoiselevel is
estimatedusinga minimumdetector. Thecurrentsrepresentingthenoisy
signal and noiselevels are input to a translineardivision circuit, which
outputsa currentrepresentingtheestimatedsignal–to–noiseratio. A non-
linearfunctionis appliedto theSNRcurrent,andtheresultinggain factor
is multipliedwith theband–limitednoisysignalto produceaband–limited
“clean” signal.Finally, theoutputof all of thebandsaresummedto recon-
structthesignalwith thenoisecomponentssigni�cantly reduced.

typically performedbeforeotherprocessingsuchascompression,
transmission,or storage,it �ts well into the CADSPframework
shown in Fig. 1 [15, 16]. Therefore,we presentherean analog
noisesuppressionsystemasa demonstrationof a typical CADSP
application.

We assumea noisy signal,x(t), consistingof a signal,s(t),
corruptedby additivenoise,n(t), thatis uncorrelatedwith thesig-
nal

x(t) = s(t) + n(t): (1)

Thegoalis to designa real–timesystemthatgeneratessomeopti-
malestimate,̂s(t), of s(t) from x(t). We assumethattheadditive
noiseis stationaryoveralongtimeperiodrelativeto theshort-term
stationarypatternsof normal speech.The signalestimate,̂s(t),
maybe found in the frequency domainusingspectralsubtraction
or by applyinga Wiener �lter gain. The basicWienergain can
beexpressedin termsof thefrequency–dependentsignal–to–noise
ratio (SNR)as

H (! ) =
� 2(! )

1 + � 2(! )
; (2)

where� 2(! ) = � s (! )=� n (! ) with � s (! ) and� n (! ) represent-
ing the power spectraldensitiesof the signal and noiserespec-
tively.

Frequency domainprocessingis accomplishedusing a one-
third octave �lter bank. The �lter bankseparatesthenoisysignal
into narrow-bandsignals.In eachband,theenvelopeof thenoisy
signal is detectedand smoothed. From the smoothedsub-band
signalenvelopethenoiseenvelopeis estimatedin eachsub-band.



TheSNRin eachbandis estimatedfrom thenoisysignalandnoise
envelopes.A non-linear(sigmoid)gainfunctionis usedto approx-
imatetheWienergain. Finally, theoriginal band-limitedsignalin
eachbandis multiplied by the respective gain and the result is
summedto constructthe full-band “clean” signalestimate. The
overall structureof the systemis shown in Fig. 2(a) with a more
detailedview of thegaincalculationblockof asinglebandshown
in Fig. 2(b).

4. IMPLEMENT ATION
Thissectiondescribestheimplementationof thenoisesuppression
algorithmona0.5micronCMOSVLSI chip. Thegaincalculation
circuitsmake up theprocessingblock for thesystem.Eachblock
operatesindependentlyof the othersin the array, so effectively
wehave32parallelsignalprocessorsoperatingsimultaneouslyon
32 band–limitedsignals. The block diagramshown in Fig. 2(b)
summarizesthe gain calculationalgorithm. The following sec-
tions will elaborateon the algorithm and relatethe circuits that
performthe underlyingfunctions. Note that the analogsystems
describedherearelargely basedon ananalog�oating gatecircuit
technologywhichallowseachcircuit to beprogrammable/tunable.
Theresultis thattheindividual circuit elementscanbevery small
sincethey do not requirethe extensive overheadof building per-
fectly matchedcircuitsor of designingcircuits tunedvia external
inputs.

4.1. FrequencyDecomposition

The �rst structureon the left sideof Fig. 2(a) is a �lter bankthat
separatesthe noisy signal into 32 bandsthat are logarithmically
spacedin frequency, similar to the humanauditory system,for
frequency domainprocessing.This resultsin approximatelyone-
third octavespacingin thecut-off frequenciesof the�lter bank.By
using one-thirdoctave �lters, any frequency distortions—whose
bandwidthis ontheorderof thebandwidthof theeachband—also
lie almostwithin thesamecritical bandandcanbeminimizedfor
the perceptualimpact[17]. The �lters usedin the �lter bankare
the Capacitively-CoupledCurrentConveyor Second–OrderSec-
tions (C4 SOS),shown in Fig. 3(a). TheC4 SOSis composedof
threeC4s (describedin [18, 19, 20]) in which thefeedbackcapac-
itor of the �rst stage�lter is removed in orderto make thatstage
a high gain ampli�er. This �lter canhave a frequency responseof
any de�ned bandwidth,andoutsidethatbandwidth,slopesof � 40
dB/decadeor greateroccur. By adjustingthe voltagebiases,the
responseateithercornercanbetunedto haveasharptransitionor
evenaQ peak.A highQ peakis usefulbecauseit helpsisolatethe
respectivecenterfrequency. Moreinformationonthedetailsof the
C4 SOSis availableelsewhere[21].

After theincomingnoisysignalhasbeenband–limitedby the
�lter bank,a gain factoris calculatedbasedon thecharacteristics
of eachband-limitednoisysignal.

4.2. EnvelopeEstimation

The �rst stepin the gain calculationis to estimatethe envelope
of thenoisysignal. Next, thenoiseenvelopeis estimatedusinga
techniquecloselyrelatedto theminimumstatisticsmethodwhere
the noiseis found usinga minimum detectoron the envelopeof
thenoisysignal.TheSNRis thenestimatedfrom thenoisysignal
envelopeandnoiseenvelopein eachsubband.

�̂( k; t) =
ês (k; t)
ên (k; t)

�
ex (k; t) � ên (k; t)

ên (k; t)
=

ex (k; t)
ên (k; t)

� 1 (3)

wherek is thesubbandindex andêx (k; t) is thenoisysignalen-
velopeestimatethat canbe representedas the sumof the actual
signalenvelopees (k; t) andthenoiseenvelopeestimatêen (k; t).

4.2.1. PeakDetector

A peakdetectoris usedto estimatethe envelopeof eachnoisy
subbandsignal. Whena speechsignalis input, thepeakdetector
will follow the envelopeof the signal,rising rapidly with the in-
creasingsignalamplitudeanddecayingslowly enoughto resultin
asmoothenvelope.Thepeakdetectorwill alsofollow thelevel of
theadditive noise,particularlyin timeswherethesignalis absent.
Thecircuit outputsbotha voltageandcurrentthatarerepresenta-
tive of thenoisy–signallevel (envelope).Eachsubbandcontainsa
signalof a differentbandwidthso thepeakdetectorseachhave a
programmabletime constantso thatanappropriatesmootheden-
velopecanbedeterminedfor eachof thebands.

4.2.2. MinimumDetector

Oneeffective methodof noiseestimationis the minimum statis-
ticsapproach[22]—anapproximationto thisapproachis to usean
invertedpeakdetectoror minimumdetectorwith a long time con-
stanton theaveragednoisysignalenvelopeestimate.Theinverted
peakdetectoroperateson theestimatedenvelopeof thenoisysig-
nal, keepinganestimateof theminimumvaluewhich 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-
ageoutput from the peakdetector. In this way, we estimatethe
noiselevel by following theminimumvaluesof thenoisy–signal
envelope. A bias voltagesetsthe attacktime constant;it is set
to run muchslower thanthe peakdetectorin orderto follow the
slow changesfoundin theamplitudeof relatively stationarynoise.
Whenthesignalis present,theoutputwill maintaina slowly ris-
ing level; when the signal is not present,the minimum detector
will trackthenoiselevel.

4.2.3. SNRCalculation

Multiplication anddivisionoperationscanbeperformedusingthe
translinearprinciple [23]. Thecircuit shown in Fig. 4 performsa
division operationwheretheoutput,I S N R , canberepresentedby
thefollowing equation:

I S N R = I scale
I sig nal

I noise
� I scale

andrepresentstheestimatedSNR.ThecurrentI scale is setby the
biasvoltageVscale andis usedto put the outputcurrentinto the
properrangefor thegain function.

4.3. Non-linear Gain Function

The �nal elementsof the gain calculationalgorithmarethe gain
function andmultiplier. The Wienergain (Eq. 2) is widely used
in noisesuppressionsinceit minimizeserror energy. In the cir-
cuit implementation,thegain functionandthemultiplier comprise
onecircuit, shown in Fig. 5(a). The transistorsat the top of the
schematicarethedifferentialpair wheretheactualmultiplication
takesplace;the multiplier will be describedshortly. The transis-
torsbelow thedifferentialpaircreatethebehavior of thegainfunc-
tion. Theoutputof thegain functioncircuit is I gain , whichcanbe
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approximatedby

I gain =
(I 2

S N R + I min 1)I max

(I 2
S N R + I min 1) + I max

:

This hasalmosttheexact form of theWienergain with theaddi-
tion of a biascurrentthatcanbeusedto tunecircuit operationas
neededandascalingfactor. I max andI min 1 aresetby thevoltage
biasesVmax andVmin 1 andeffectively createtheupperandlower
boundsof the gain factoroutput. The voltagebiasVmin 2 canbe
usedto further adjust the rangeof input current that the circuit
will accept.Thediode-connectedtransistoron theinputbranchof
thecircuit causesthecurrentthatis mirroredontothegain branch
to be approximatelysquared;this is importantto ensurea quick
transistionfrom low to highgainasI S N R increases.

The multiplication portion of the circuit resultsfrom the in-
teractionbetweenthe subbandsignalpresentedat the inputsasa
pair2 Vin 1 andVin 2 andthegainfactorcurrentI gain from thegain

2Becausethecurrentimplementationis single-endedratherthandiffer-

functioncircuit in Fig. 5(a). Thecircuit is biasedto operatein the
linearrangeof thefollowing equation:

I out 1 � I out 2 = I gain tanh
�

� (Vin 1 � Vin 2)
2UT

�
;

whereUT is the thermalvoltageof the transistors.The input to
the multiplier is the band-limitednoisy signal, i.e. the outputof
theC4 SOSband-pass�lter . Thedatain Fig. 5(b)and(c) show the
functionalityof themultiplier andtheform of thegain function.

5. SYSTEM RESULTS

5.1. Simulation

It is importantto havea“signalprocessingsimulation”of theana-
log VLSI systemprior to fabricatingthecircuit. Circuit or device
level simulationcanprovideaccurateresultsbut they taketoolong

ential,the“negative” input voltage,Vin 2 , is heldconstant.
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to effectively include in an iterative designprocess. Therefore,
the initial continuous-timenoisesuppressionalgorithmwasfunc-
tionally simulatedin Matlab. Thesimulatedsystemcontainedthe
samefunctional blocks as shown in Fig. 2 and as implemented
in theanalogsystemwith continuous–timetransferfunctionscon-
vertedto discrete–timefunctionsusingthebilineartransform.The
samplingratein thesimulatorwaschosento beat leastfour times
therequiredNyquist rateto avoid the frequency warpingthatoc-
cursneartheNyquist ratewith thebilinear transform.Multi-rate
signalprocessingwasusedto improveef�ciency but thehighover-
samplingrulewasalwaysfollowed. In orderto anticipateaccurate
performancewhenimplementedwith circuits,we tried to include
physical limitationsasmuchaspossible.For example,the �lters
wereimplementedashighQ second-ordersectionsthatconformed
to previouslymeasuredcircuit behavior for theC4 �lters.

Thesimulationgain functionparameterswerechosenso that
theattenuationwaslimited to lessthan40dB—leavingsomeresid-
ualbackgroundnoise.Representativeoutputfrom thesimuluation
is shown in Fig. 6a.Theperceivedqualityof thenoise–suppressed
signal is remarkablyfree from artifactsnormally associatedwith
Wiener�ltering andspectralsubtraction.We attribute this to the
methodof frequency decomposistionthatmatcheshumanauditory
critical bands,andtheproportionalbandwidthsof thesubbanden-
velopes.

5.2. Implementation Results

The experimentalresultspresentedin this paperare from tests
on individual componentsthat have not yet beenintegratedinto
a largersystem.Figure??b shows a noisyspeechsignalthathas
beenprocessedby thecomponentsin oursystem.Thesystemis ef-
fectiveatadaptively reducingtheamplitudeof noise-onlyportions
of thesignalwhile leaving thedesiredportionsrelatively intact.

The power consumptionof the noise suppressioncircuit is
very small. Thecorecircuitry, assuming32 frequency bandsand
a 3.3 V power supply, consumeslessthan50 � W. Therefore,in-
tegratingthis circuit into anexisting systemwill not likely have a
measureableimpacton batteryperformance.In systemsthatpro-
vide signalampli�cation, the removal of backgroundnoisemay

decreaseampli�er powerconsumption,therebyincreasingtheover-
all batterylife.

5.3. Cir cuit Noiseand Distortion

Any noiseor distortion createdby the gain calculationcircuits
minimally affectsthe outputsignalbecausethesecircuits arenot
directly in thesignalpath.While thebandpass�lters andthemul-
tipliers will inject a certainamountof noiseinto eachfrequency
band,this noisewill beaveragedout by thesummationof thesig-
nalsat theoutputof thesystem.Distortion in thesignalpathwill
arisefrom thebandpass�lters andthemultiplier. In thebandpass
�lter array, the C4 SOSstructureis not cascadedas in cochlea
models,thereforethereis nodistortionor noiseaccumulation.The
distortionlevel in eachfrequency bandfor a 30 mV single-ended
input signalis 2ndharmoniclimited at -30 dB at peak. A differ-
ential�lterbank will eliminate2ndharmonicdistortionandreduce
the3rdharmoniclevel to -40dB atpeak.Thedistortionintroduced
by themultiplier is dependenton theoutputlevelsof thebandpass
�lters: if thesignalis near30 mV, 3rd harmonicdistortionwill be
-20 dB down; however, if the signal is near7.5 mV, the 3rd har-
monic distortionwill approach-46 dB. In speech,particularlyin
noisyenvironments,thesignalis moreevenly distributedacrossa
broadfrequency rangethana simpletone,thereforedistortionis
signi�cantly reduced.

6. CONCLUSIONS

This paperdescribesan approachto designingsignalprocessing
systemscalled Cooperative Analog and Digital Signal Process-
ing (CADSP)in which signi�cant portionsof the signalprocess-
ing are done in programmableanalogVLSI circuits. We then
presentnoisesuppressionsystemfor single-channelbackground
audio noisesuppressiondesignedusing the CADSP framework.
The systemis uniquein that it is implementedin programmable
analogVLSI circuits.Theanalognatureof thesystemhasseveral
novel implications:

1. Thesystemis extremelylow–power, operatingon a wide-
bandsignalwhile usingonly a few milliw attsof power.
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Fig. 6. (a) Time-domainwaveform of original noisy signal (gray) and
noise-suppressedsignal(dark) from our functionalcircuit simulation. (b)
Noisesuppressionfrom analogVLSI circuit in onefrequency band. The
light gray datais the subbandnoisy speechinput signal; the black wave-
form is thecorrespondingsubbandoutput,afterthegain functionhasbeen
applied.

2. The noise suppressionquality appearsto be comparable
in quality to that of state-of-the-artdigitally implemented
adaptiveWiener�lters.

3. The systemprovides a proof of conceptfor the potential
usefulnessof signalprocessingusinganalogVLSI circuits.

Webelievethatthiscircuit is oneof the�rst of its kind—ananalog
VLSI signalprocessingcircuit with wideapplicability. Ourchoice
of �lters, noiseestimator, andgain functionyield a robustsystem
for avarietyof noiselevelsandconditions.Also,wedemonstrated
circuit implementationsof eachof thealgorithmiccomponents.
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