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1. ABSTRACT

In real ervironments,the presenceof room reverberationsseri-
ously degradesthe quality in soundcapture. To solve this prob-
lem, multiple beamforming1], which forms directiity not only
in the direction of the desiredsoundsourcebut alsoin the di-

rection of reflectionimages,was proposedby J. Flanagaret al.

However, it is difficult to apply this methodpracticallyin realen-
vironments,sincethis applicationrequiresthat the distortion of

reflectionsoundsignalsby wall impedancede equalized. This
papemproposes nen multiple beamformingalgorithmthatequal-
izesthe amplitude-spectrurandphase-spectrurof reflectionsig-
nalsby a cross-spectruri2] method. Evaluationexperimentsare
conductedn realervironment.ln a SDR(Signalto DistortionRa-
tio) evaluation,the proposednultiple beamformeachievessignal
distortionreductionmore effectively thanthe corventionalsingle
beamformerand the corventional multiple beamformemwithout
equalization. In addition,in an ASR (Automatic SpeechRecog-
nition) evaluation,the equalizedmultiple beamformerachievesa
higherrecognitionperformancethan thoseof the above corven-
tional beamformers.

2. INTRODUCTION

For teleconferencesystemsor voice control systems,the high-
quality soundcaptureof distanttalking speechs very important.
However, backgroundhoiseandroomreverberationseriouslyde-
gradethesoundcapturequality in realacousticaknvironments A

microphonearrayhasbeenappliedasone of the promisingtools
to dealwith this problem. With the microphonearray a desired
speectsignalcanbe acquiredselectvely by steeringthe directiv-

ity in thedesiredspeectdirectionsensitvely.

This shaws thatit is necessaryor superdirectiity to reduce
noise signals. Delay-and-sumrbeamformerd3, 4] and adaptve
beamformerg5, 6] were proposedas corventionalsingle beam-
formerswith amicrophonearray However, adaptve beamformers
with null steeringhave hada seriousproblem,i.e., the capturing
performancef thedesiredspeectsignalis degradedn highrever-
berantrooms,becausef limitationswith theamountof null steer
ing. Delay-and-sunibbeamformersave alsohada seriougproblem
i.e., the performancds not enoughto capturethe desiredspeech
signalwith theinsuficientnumberof transducerandtheexistence
of highreverberantooms.

To solve this problem,we focuson utilizing thereflectionsig-
nalsthatcausethereverberationsWhenasoundsignalis reflected
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Figurel: A directsourceandareflectionimage.

by walls, and so on, the quality of the reflectionsignalsis dis-
tortedandattenuatedby wall impedancesThedistortedreflection
signalsthenreachtransducersfter the direct signalarrival. The
quality of someof thesignalsarriving atthetransducerarehighly
degraded especiallywith a lot of wall reflections.However, low-
orderreflectionsignalscanbehighly correlatedo thedirectsignal.
Accordingly, low-orderreflectionsignalscanbeutilized efficiently
asthedesiredsignal.

Toimprovetheperformancef thedelay-and-surbeamformer
amultiple beamformefl] thatutilizeslow-orderreflectionsignals
wasproposedy Flanagaretal. Unlike this beamformerthe con-
ventionalmultiple beamformedoesnot considerthe degradation
of reflectionsignalsby wall impedancesTherefore althoughthe
corventionalmultiple beamformeis effectivein computersimula-
tion experimentswithout ary consideratioron signaldegradation
by wall impedancesthis beamformemill not be effective at all
in real ervironmentswheresuchwall impedancesxist. Further
more, when the corventionalmultiple beamformeris appliedto
ASR, it is necessaryo equalizethedistortedreflectionsignals.To
copewith this problem this paperdescribes nenv multiple beam-
forming algorithmthatis effective for ASR in realenvironments.

3. CONVENTION AL MULTIPLE BEAMFORMING

Until now, the reflectionsignalsof the desiredsignal had been
dealtwith as“noise signals”. However, sincelow-order reflec-
tion signalsare highly correlatedto the desireddirect signal, a
multiple beamformethatutilizeslow-orderreflectionsignalswas
proposedby Flanagaret al. Figurel shavs an example. There
are two transducersnd one soundsource. In this situation, the
first-orderreflectionimage exists on a mirror position of the di-
rect soundsourceacrossa wall [7]- If the wall impedancegan



Single beamforming
to the direct path

Single beamforming
to reflection 2

Single beamforming
to reflection L

Figure2: Multiple beamforming.

be ignored, the reflectionsignalscan be consideredequalto the
directsignalwith a shorttime delay Thereforethe corventional
multiple beamformercreatedirectivity not only in the direction
of the desiredsoundsourcebut alsoin the directionof reflection
soundimages. Figure 2 shavs an overview of the corventional
multiple beamformingalgorithm. Impulseresponséi., (t) from
the desireddirect soundsourceto the mth transduceis shavn as
Equation(1) whenonedirect soundsourceand L. — 1 reflection
soundimagesarereceved by the M transducersn the far field
without ary soundattenuation.

L
hon(8) = Y 6(t — 1m), (1)
=1

wherel is thesignalnumber(if { = 1, this shavs the directsound
signal.,if [ = 2,3,---, L, this shavs a reflectionsoundsignal)
andr;,, representthetime delayfor thelth signalto arrive atthe
mth transducer Capturedsignal z.,, (t) by the mth transduceis
shavn asEquation(2).

Tm (t) = s(t) * han(t), 2

wheres(t) is thedesiredsignalandthe symbol’+" representson-
volution. Accordingly outputsignaly; (t) by the delay-and-sum
beamformefor thelth signalis shavn by Equation(3).

u(t) =) wm(t) % 5(t + Tim)- €)

m=1

Outputsignaly(t) with multiple beamformings shovn by Equa-
tion (4).

L

y(t) =Y u)

=1

ZZ{S(Q*ZWTl,,m)*a(tm,m)}. 4)
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Desiredsoundsignals(t) is LM timesaslargeassignalzm (t) by
Equation(4). Ontheotherhand,noisesignals(t) is not LM times
aslargeassignalz, (t) becausehedirectionsof noisesignalsare
differentfrom thedirectionof thedesiredsoundsignal. As aresult,
the multiple beamformeperformsmore effectively thana single
beamformeif we donotconsidemwall impedancesHowever, this
considerations a necessityin real environments. Therefore it is
indispensabl¢o equalizereflectionsignalsin real ervironments.
To copewith this problem,this paperdescribesa nev multiple
beamformingalgorithmwith theequalizatiorof reflectionsignals.
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Figure3: Singlebeamformingor eachsignal.
4. PROPOSEDMULTIPLE BEAMFORMING

4.1. Equalization of reflectionsignals

Basically speaking,reflection signalsare distorted seriously by
wall impedance realenvironments With the corventionalmul-
tiple beamforminghe outputsignalis alsodistorted.As aresult,a
multiple beamformercannot performmoreeffectively thana sin-
gle beamformerHowever, reflectionsignalscanbe utilized asthe
desiredsignalif theiramplitude-spectrurandphase-spectrumwan
beequalized.

In this paper we considemultiple beamforminghat utilizes
reflection signalsafter equalizingdistortedreflection signalsby
wall impedancesFor the reflectionsignalequalizationequaliza-
tion filters aredesignedor the distortedreflectionsignals. These
filters equalizethe reflectionsignals. As a result,the amplitude-
spectrumand phase-spectrurof the reflectionsignalscanbe ad-
justedto thedirectsignal.

4.2. Equalization filter

Next, we describehemethodof designinghe equalizatiorfilters.
In real ervironments,impulse responsesre measureddy time-
stretchedpulsesignals(TSP)[8, 9]. Then,the directvity of the
beamformers steeredo thedirectsoundsourcedirectionandthe
reflectionsoundimagedirectionasthe desiredsignalwith single
beamforming Figure3 shavs anexample.In thefigure,thefirst-
orderreflectionsignalby theright wall is focusedo beutilized as
thereflectionsignal.

The direct signal must not be distortedby wall impedances.
Therefore we try to equalizedistortedreflectionsignalswith the
directsignal. Thefilters for equalizingthe distortedreflectionsig-
nalsaredesignedy estimatingthetransferfunctionbetweerout-
put signals,with single beamformingfor the direct soundsource
andfor reflectionsoundimages. However, if we assumeoutput
signalswith singlebeamformingfor the directsoundasthetarget
signal, it is difficult to designthe equalizatiorfilters accurately
This is becausehe tamget signal can alsoinclude undesiredsig-
nalsbesideghedirectsoundsignal. Thereforeasshavn in Figure
3, we extracta 0.5msec. windowed signal surroundingthe sig-
nal peak.Then,the equalizatiorfilters aredesignecy estimating
the transferfunction betweenthe cut outputsignalsof the single
beamformingor the directsoundandfor reflectionsoundimages.

In this paper the transferfunction is estimatedby a cross-
spectrun{2] method.Thespectrunt’ (k) is definedasthediscrete
Fourier transform(DFT) of the output signal with single beam-
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Figure4: Equalizatiorfilter.

forming for the directsound.Similarly, the spectrumX (k) is de-
finedasthe DFT of the outputsignalwith singlebeamformingor
the reflectionimages.The equalizindfilter (the transferfunction)
f(n) is calculatedby Equation(5).

Fn) = DET! (%) , )

wherethe symbol’+" representshe complex conjugate.Figure4
shavs anexampleof the equalizatiorfilter coeficient f(n) in the
time domain.The equalizatiorfilter is designedo adda 20msec.
delay to eachoutputsignal for causalityin Figure 4. A cross-
spectrummethodis one of the most effective methodsfor esti-
matingthe transferfunction. The amplitude-spectrurandphase-
spectrumof reflectionsignalscanbe equalizedaccuratelyby this
technique.This equalizationtechniquecannot only equalizethe
amplitude-spectrunand phase-spectrurof reflectionsignalsbut
alsothe time delay betweenthe direct signal and reflectionsig-
nals. As aresult,the synchronizatiorof eachsinglebeamformer
canbe carriedout easily We try to achiere an effective multiple
beamformewith this algorithmin realenvironments.

5. EVALUATION EXPERIMENT

5.1. Experimental conditions

An experimentontheproposednultiple beamformeis conducted
to evaluateits signalcapturingperformanceand ASR (Automatic
SpeectRecognition)performancen arealroom ([Zs0] = 0.64).

Table 1 shaws the recordingconditions,microphonearray type,

andASR experimentatonditions.Theexperimentaloomis shavn
asFigure5. A multiple beamformeiis utilized for first-orderre-

flection soundimagesby the right wall. The talker is placedat

pointsA~F.
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Figure5: Experimentoom.

Tablel: Evaluationexperimentconditions.

Reverberatiortime [Ts0] | 0.64sec.

Ambientnoiselevel 49.3dBA

Samplingfrequeny 12kHz

Temperature 19.5°C

Microphonearray Lineartype, 14 transducers
Framelength(shift) 32msec.(8 msec.)
Featurevectors MFCC,AMFCC, Apower
HMM Tied-mixture

Numberof models 54 phonemeamodels
Trainingdata Spealer dependenb240words
Testdata Isolated216words

Improvement of SDR [dB]

7
Distance from
the right wall [m]

2.0
Distance from
the microphone array [m}.o

Figure6: SDR;,.) with multiple beamforming.

5.2. Evaluation of signal capturing performance

The SDR of the eachsignalfor evaluationis calculatedasshavn
in Equation(6).

>on(s(n)?
2 (s(n) = B3(n))?

where s(n) is the original signal, §(n) is the evaluation signal,
andg representthe coeficientto equalizethe amplitudebetween
s(n) and3(n). The SDRimprovementS DR ;) is calculatedby
Equation(7) afterEquation(6).

SDR = 10logo [dB], (6)

SDR(ipT) = SDR(MBF) — SDR(SBF> [dB], @)

whereSDR 5y andSDR s pr) representne SDRof theout-
putsignalwith multiple beamformingandsinglebeamformingor
directsoundrespectiely. Thesignalcapturingperformancef the
proposednultiple beamformings evaluatedby the SDRimprove-
ment,SD Ry, Shovn by Equation(7). As aresultof this evalu-
ationexperimentFigure6 shavs S D R ;,,y whenwhite Gaussian
noiseis generatedrom eachtalker position. The proposednulti-
ple beamformingperformsmoreeffectively thanthe singlebeam-
forming for directsoundbecauses DR ;) shavs positive values
in Figure6. However, thebestS D R ;. is only about1.5d B in
this evaluationexperiment.

To investigateheseresults theimpulseresponsés measured
by TSPin talker positionB. Figure7 shavs the outputsignalwith
eachbeamformingor thedesiredmpulsesignal. As shovnin this
figure, single beamformingand multiple beamformingcan sup-
pressthereflectionsignalsby theright andleft walls althoughthe
signalof the singletransducecannot. We canalsoconfirm that
undesireasignalsexist 0.8 ~ 1.3msec. beforethedesiredmpulse
signalwith multiple beamformingin Figure7. Theseundesired
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Figure7: Multiple beamformingwith impulseresponses.
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Figure8: SDR,, for the outputsignalexcluding residualsig-
nalswith multiple beamforming.

signalsarethe residualsignalsby the multiple beamforming.In
particular thesesignalare direct signalsunableto be suppressed
whenthedirectiity of thesinglebeamformers steeredo areflec-
tion signal. Therefore,S D R ;,,, is re-calculatedfter cutting off
thisresidualsignal. As aresult,thebestS DR ;) is about2.4dB
in this evaluationexperimentasshavn in Figure8. Therefore it
is necessaryo form asharpedirectiity by increasinghenumber
of transduceré orderto suppressindesiredignals.

5.3. Evaluation of ASR performance

To evaluatethe ASR performancevith theproposednultiplebeam-
forming, a Japanesesolatedword recognitionexperimentis con-
ducted.Theword recognitionrate(WRR) is 98.7%for cleandata.
Next, an ASR experimentis conductedwith the speechutteredat
talker positionB, whichis 0.7 meterdrom theright wall. Figure9
shavs theresults.In Figure9, whenonetransduceis used WRR
first degradesrom 98.7%to 69.4%by theeffectof reverberations,
andsoon. Then,WRRimprovesfrom 69.4%to 74.5%with single
beamformingfor the direct sound. On the otherhand, WRR de-
gradesin comparisorwith the single beamformingfor the direct
soundfrom 74.5%to 71.8%with the corventionalmultiple beam-
forming (without equalization). However, WRR of the proposed
multiple beamforming(with equalization)improvesin compari-
sonwith the singlebeamformingor the directsoundfrom 74.5%
to 79.2%. At talker positionE, the ASR performancds alsoim-
provedidenticalto the proposednultiple beamforming We could
thereforeconfirm that the ASR performanceas improved by the
proposedmultiple beamformingutilizing reflectionsignal equal-
ization.
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Figure9: Word recognitionresults(Talker positionB).

6. CONCLUSION

This paperdescribesa new multiple beamformingalgorithm for
ASR. The proposedmultiple beamformentilizes reflectionsig-
nalsby wall impedancesfterequalizingthe signal. As evaluation
experimentakesults we confirmthatthe proposednultiple beam-
former canimprove SDR and WRR comparedwith conventional
beamformers.In future work, it will be necessaryo utilize not
only first-orderreflectionsignalsbut alsosecond-andthird-order
reflectionsignals.
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