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1 INTRODUCTION

A largenumber of current speech recognitionsystens for clean speech displa great
abilitiedi nideal environnen ts which have no noises and reverberations. However, there
are mn y literatures,e.g. [1] reported that performances of these speech recognition
systens go down extrenely inreal environnen ts because noises and reverberations distort
speech.

Therefore, thisthesisprop oses a new netho d of dereverberationas a front-end posessor
of speech recognitionsystens to support naking speech recognitionsystens practicable
by reducing the distortionsof anplitude spectruns caused by the reverberations.

2 ALGORI THM DESCRI PTI ON

A new dereverberation netho d proposed here uses a mcrophone array constructed
wth three linear-equally-spacedmcrophones as an input device.

This netho d detects revereberant ingredients anal yticallyat the positionof the center
mcrophone by using two signalsreceived by the leftand right mcrophones of the m-
crophone array. 'Then, dereverberationcan be acconplished by subtracting revereberant
ingredi ents from the signal received by the center mcrophone which includes both a direct
wave and itsrevereberant ingredients.
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2.1 Detection of the Reverberant Ingredient

This method adoptsa sound source segregati omo del[2] propsedby Innda et
al . todetecttherewerkran ingredi ¢n. The sourcesegregati am del can detectan
objectiersi gnalpreciselgpm ngfromthedirecti drhatthesi gnahrrial ti ne between
two m crophoned sdi fferetn, and reducea si gnaperfectlgom ngfromt hefroh.

Hence,thedirecti yidft hem crophonearrg constructelly t hesoundsourceegre-
gatiomo del werei westigatedlhe resul $hows thatsi gnalsom ngfromalldirections
exceptthefroh can be detectedoughl yinl v and mi d frequencyangebel o 1 kHz
usingt hi sm crophonearr g.

Thus,inthisthesisasignaletectioal gorithtmdetecttherewerkeran ingredi¢n
basedon soundsourceegregati am delispropsed,assum ngt hatt heobjectiewi gnal
comes fromthefroh. The fol mngisa conceptof thesignaldetectioal gorithmo
detecttherewerleran i ngredi ¢mn.
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Figurel: I1lustratitexexpl ai m si gnaletectioal gorithm

Let us assune that a directwave z(t) comes fromthe froh and one of reflected
waves y(t) cones fromthedirecti smd thatthediflerencef arrial ti ne betweentwo
ni crophoned @atingt bot hends of a 3ch. mi crophonearrg is26 as shown inFi gure
1. The arrial soundat each m crophonei sasuned as fol vs,

I(t) = z(t)+y(t —9)
oft) = a(t)+y(t) (1)
r(t) = 2(t) +y(t+9),

wherel(t),c(t) and r(t) aresi gnal seceied by 1 ef tcent erand ri gh ni cr ophonesof t he
nm crophonearrg.



The relationshi p between an objectiwe signal y(¢) which isthe reverberant ingrediert
and the received signalsi(t) and 7(t) can be formulated not using the direct wave z(t)
but using the foll®ing equation;

gt)y={lt+7)-lt—7)}—{r(t+7)—r(t—7)}. (2)

The signal g(t) istransforned to G(w) by the short term Fourier transfornation (STFI).
Then, G(w) iscalcul ated by using the rel ationshi pof Equation (1),

G(w) = 4Y (w) sinwé sinwr, (3)

vhere Y(w) isthe STFT of y(t) , and 7 isthe focus of the mcrophone array. If the
directionfrom which the objectie signal cones can be known, the estinated signal §(t)
of the objectie signal y(t) at the positionof the center mcrophone can be cal cul ated by
adjusting the focus tothe directionfromwhich the objectiwe signal cones. The estinated

signal 9(t) is
G(w)

4sitf wr
0, otherwise.

LFFT [ ] 4sitf wr > 0.02,

g(t) = (4)

To decide the focus of the mcrophone array, this netho d adopts a well-known al go-
rithm based on the tine difference of signalsarrivingat the leftand right mcrophones.

2.2 Removal of the Reverberant Ingredient

Afterdetecting the reverberant ingredients, itisnecessarry to subtract them from a
reverberant signal received by the center mcrophone.

Since this netho d ains at processing dereverberation as a from-end processor for
autonatic speech recognition systens, itis enough to deal with anplitude spectruns
only. For the subtraction of anplitude spectruns, thisnetho d enplo ys the conventional
spectral subtraction proposed by Boll[3].

The original spectral subtraction proposed by Bll didn’t take account of subtracting
the tine variant signals,but this netho d needs to deal with speech which are the tine
variant signals. 'Therefore, this netho d proposes the short tine frane processing and
the subtraction coefficient renewal. The coefltient isrenewed frane by frane using the
correl ationcoeflitien t between the detected reverberant ingredient ina certainfrane and
the estinated direct wave inthe previous frane. This technique can inpro ve thisnmetho d
to cope with dereverberation of speech.



3 EXPERIMENTS AND RESULTS

In this study, reverberant speech data are made by presen ting some of clean speech
data in the ATR speech database through a loud speaker in real reverberant room and
by recording wsing the 3ch. mcrophone array.

The evaluatation measwe for this netho d isamoun t of spectral distortion (SD) de-
crease from 100 Hz to 6 klE frequency range. The averages of SD decrease anong franes
for a vowel /a/ and a word /buri/ are shown in Tabe 1.

Table 1: Ar erage SD decreases.

Dta A erage SD decrease
/a/ 3.18 [dB]
/ buri  / 1.29 [dB

The results indicate that this metho d works well as a front-end derev erberation pro-
cessor, becausse Wang et al. has reported that the dereverberation is effective even SD
decrease isonly 1 dB4].

4 (CONCLUSI ON

This thesis prop osed a metho d of dereverberation wing a 3ch equally-spaced lin
ear mcrophone array, and its distinctive feature is the we of informtion about signal
directions.

A& the results of dereverberation experinen ts, this netho d is very useful in vowel
frames. On the other hand, in comsonan t frames of speech, distortion of speech increases
unfortunately . This problem should be solved in future.
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