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1 Introduction

A l arge number of current speech recogni ti on systems f or cl ean speech di spl ay great

abi l i ti esi n i deal envi ronmen ts whi ch have no noi ses and reverberati ons. However, there

are man y l i teratures,e. g. [1] reported that perf ormances of these speech recogni ti on

systems go down extremel y i nreal envi ronmen ts because noi ses and reverberati ons di stort

speech.

Theref ore, thi sthesi sproposes a new metho d of dereverberati onas a f ront-end posessor

of speech recogni ti on systems to supp ort maki ng speech recogni ti on systems practi cabl e

by reduci ng the di storti onsof ampl i tude spectrums caused by the reverberati ons.

2 Algori thmDescri pti on

A new dereverberati on metho d proposed here uses a mi crophone array constructed

wi th three l i near-equal l y-spacedmi crophones as an i nput devi ce.

Thi s metho d detects revereberant i ngredi ents anal yti cal l yat the posi ti onof the center

mi crophone by usi ng two si gnal s recei ved by the l ef tand ri ght mi crophones of the mi -

crophone array. Then, dereverberati oncan be accompl i shed by subtracti ng revereberant

i ngredi ents f romthe si gnal recei ved by the center mi crophone whi c h i ncl udes both a di rect

wave and i tsrevereberant i ngredi ents.
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2.1 Detection of the Reverberant Ingredi ent

This method adopt s a s ound s ource s egr egat i onmo del[2] pr opos edby Imada et

al . t o det ectt he r ever ber ant i ngr edi ent s . The s our ces egr egat i onmo del can det ectan

object i ve s i gnalpr eci s e l ycomi ng fr omt he di r ect i ont hat t he s i gnalar r i val t i me between

two mi cr ophonesi sdi �er ent , and r educea s i gnalper f ect l ycomi ng f r omt he f r ont .

Hence,t hedi r ect i vi ty of t hemi cr ophonear r ay cons t r uct edby t he s ounds our ces egr e-

gat i onmo del wer ei nves t i gat ed.The r es ul ts hows t hats i gnal scomi ng f r omal ldi r ect i ons

exceptt he f r ont can be det ect edr oughl yi n l ow and mi d f r equencyr angebel ow 1 kHz

us i ngt hi smi cr ophonear r ay.

Thus , i nt hi st hes i s ,a s i gnaldet ect i onal gor i t hmt odet ectt he r ever ber ant i ngr edi ent s

bas edon s ounds our ces egr egat i onmo del i spr opos ed,as s umi ngt hatt he obj ect i ve s i gnal

comes f r omt he f r ont . The f ol l owi ng i sa conceptof t he s i gnaldet ect i onal gor i t hmt o

det ectt he r ever ber ant i ngr edi ent s .

Reflected  wave

Direct  wave

Microphone Array

θ

d

d sinθ

Source

y(t)

x(t)

l(t) c(t) r(t)

y(t) =    x(t +   T)α ∆

Fi gur e1: I l l us t r at i ont o expl ai na s i gnaldet ect i onal gor i t hm.

Let us as s ume t hat a di r ectwave x(t) comes f r omt he f r ont and one of r eect ed

waves y(t) comes f r omt he di r ect i ons uch t hatt he di �er enceof ar r i val t i me betweentwo

mi cr ophonesl ocat i ngat bot h ends of a 3ch. mi cr ophonear r ay i s2� as s hown i nFi gur e

1. The ar r i val s oundat each mi cr ophonei sas umed as f ol l ows ,

8><
>:

l(t) = x(t) + y(t� �)

c(t) = x(t) + y(t)

r(t) = x(t) + y(t + �);

( 1)

wher e l(t) , c(t) and r(t) ar es i gnal sr ece i ved by l ef t ,cent erand r i ght mi cr ophonesof t he

mi cr ophonear r ay.
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The relationshi p between an objecti ve si gnal y(t) whi c h i s the reverberant i ngredi ent

and the recei ved si gnal s l(t) and r(t) can be formul ated not usi ng the di rect wave x(t)

but usi ng the f ol l owi ng equati on;

g(t) = fl(t + � )� l(t � � )g � fr(t+ � )� r(t� �)g : (2)

The si gnal g(t) i s transf ormed toG(!) by the short termFouri er transf ormati on (STFT).

Then, G(!) i s cal cul atedby usi ng the rel ati onshi pof Equati on (1),

G(!) = 4Y (!) si n!� si n!�; (3)

where Y (!) i s the STFT of y(t) , and � i s the f ocus of the mi crophone array. If the

di recti onf romwhi c h the obj ecti ve si gnal comes can be known, the estimated si gnal ŷ(t)

of the obj ecti ve si gnal y(t) at the posi ti onof the center mi crophone can be cal cul atedby

adjusti ng the f ocus to the di recti onf romwhi c h the obj ecti ve si gnal comes. The estimated

si gnal ŷ(t) i s

ŷ(t) =

8><
>:

IFFT

"
G(!)

4 si n2 !�

#
; 4 si n2 !� > 0:02;

0; otherwise:

(4)

To deci de the f ocus of the mi crophone array, thi s metho d adopts a wel l -known al go-

ri thmbased on the time di �erence of si gnal s arri vi ngat the l ef tand ri ght mi crophones.

2.2 Removal of the Rev erberant Ingredient

Af ter detecti ng the reverberant i ngredi ents, i t i s necessarry to subtract them f rom a

reverberant si gnal recei ved by the center mi crophone.

Si nce thi s metho d aims at processi ng dereverberati on as a f ront-end processor f or

automati c speech recogni ti on systems, i t i s enough to deal wi th ampl i tude spectrums

onl y. For the subtracti on of ampl i tude spectrums, thi smetho d empl o ys the conventi onal

spectral subtracti on proposed by Bol l [3].

The ori gi nal spectral subtracti on proposed by Bol l di dn't take accoun t of subtracti ng

the time vari ant si gnal s, but thi s metho d needs to deal wi th speech whi c h are the time

vari ant si gnal s. Theref ore, thi s metho d proposes the short time f rame processi ng and

the subtracti on coe�ci ent renewal . The coe�ci en t i s renewed f rame by f rame usi ng the

correl ati oncoe�ci en t between the detected reverberant i ngredi ent i na certai nf rame and

the estimated di rectwave i nthe previ ous f rame. Thi s techni que can impro ve thi smetho d

to cope wi th dereverberati on of speech.
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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 using the 3ch. microphone array.

The evaluatation measure for thi s metho d i s amoun t of spectral di stortion (SD) de-

crease from 100 Hz to 6 kHz frequency range. The averages of SD decrease among frames

for a vowel /a/ and a word /bunri/ are shown in Table 1.

Table 1: Av erage SD decreases.

Data Av erage SD decrease

/ a / 3.18 [dB]

/ bunri / 1.29 [dB]

The resul ts indicate that thi s metho d works wel l as a front-end derev erberation pro-

cessor, because Wang et al . has reported that the derev erberation i s e�ective even SD

decrease i s only 1 dB[4] .

4 Conclusi on

This thesi s prop osed a metho d of derev erberation using a 3ch. equal ly-spaced l in-

ear microphone array, and i ts di stinctive feature i s the use of information about signal

di rections.

As the resul ts of derev erberation experimen ts, thi s metho d i s very useful in vowel

frames. On the other hand, in consonan t frames of speech, di stortion of speech increases

unfortunately . Thi s problem should be solved in future.
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