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ABSTRACT 

One of the key technologies for natural man-machine 
interface is hands-free speech recognition. The per
formance of hands-free distant-talking speech recog
nition will be seriously degraded by noise and rever
beration in real environments. A microphone array is 
applied to solve the problem. When applying a micro
phone array to speech recognition， parameters such 出
number of microphone elements and their spacing in
terval affect the performance. In order to optimize 
these parameters， a me出ure which refiects recogni
tion performance is needed. In this paper， we in
vestigate a me出ure of a microphone array design for 
speech recognition through experiments using various 
kinds of a microphone aπay design. 

1. INTRODUCTION 

One of the key technologies for natural man-machine 
interface is hands-free speech recognition. This re
alizes so natural and friendly man-machine inter
face that users are not encumbered by microphone 
equipments. The accuracy of speaker independent 
speech recognition is made a remarkable progress by 
the arrival of stocha.stic modeling of speech， HMM， 
and its training algorithms. Although the HMM 
brought a high recognition accuracy， a speaker must 
be equipped a c1ose-talking microphone. If the 
speaker inputs his speech from distance or through a 
telephone channel， the accura.cy will be seriously de
graded by the influences of the room acoustic distor
tion or telephone channel distortion and environment 
noises. Therefore we still have problems of interfer
ences by noise and reverberation. 

Many works are presented to solve these problems 

from viewpoints of speech enhancement and model 
modification. These approaches， however， only use 

a monoral speech signal. According to the fact that 

a human listeners process speech signals in stereo， 
the multi-channel signal retrieval would bring more 
significant information for speech recognition. 

In this paper， we tried to solve the problem using 
the multi司channel signal retrieval by a microphone ar
ray. The array signal processing enables high SNR 
signal retrieval utilizing an information of the speech 
and noise signal directions. The many researches have 
been studied [1， 2， 3， 4， 5， 6， 7]. However， when ap
plying a microphoneむray to speech recognition， pa
rameters such a.s number of microphone elements and 
their spacing interval affect the performance. In or
der to optimize these parameters， a mea.sure which 
refiects recognition performance is needed. In this 
paper， we investigate mea.sures of a microphone array 
design for speech recognition through experiments us
ing various kinds of a microphone array design. 

2. DELAY-AND-SUお1: BEAM-FORMER 

The delay-and-sum beam-former is used in order to 
build a ba.seline system. The delay-and-sum beam
former realizes super directivity for the sound source 
direction. Although the subtraction type beam
former which makes a dead. angle had also been pro
posed， the subtraction type beam-former ha.s a prob
lem that it isn't always possible to identify a number 
of noise sources and their directions. The reverber
ation and nondirectional ambient noise are the typi
cal situation which the subtraction type beam-former 
is not able to deal with. On the contrary a speech 
source is relatively stable and e出Y to estimate its 
number and direction. We used a linear array whose 
microphone elements are arranged in equal distance. 
Fig.1 indicates a process of the delay-and-sum beam
former with M microphone elements in a equal dis
tance. Where d is a distance of microphones and 
Xl (k)，・" xM(k) are signals detected by each micro
phones. The output signal from a direction of () is 

y(k). Since the delay-and-sum beam-former a.ssumes 
a speech 出 plane wave， the signal Xi _ I( k) is delayed 

by r =皇子旦(c= speed of sound) from xi(k). Then 

町(k) is represented 出，

Xi(t) = xi-I(t +ァ) ， 

= xl(t+(i-1)r)， i= 1， 2 ， " ' ， M (1) 
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Figure 1. Delay-and-Sum Beam-former 

Therefore the. signals from the direction () can be in 
the same phase by the delay r出xl(k). On the other 
hand the signals from the other directions will not be 
survived. In general the delay-and-sum beam-former 
with M-microphone elements is represented as， 

M 

y(t) =乞Xi(t - ((i - l)r) 
‘=1 
品1 ，、.，.:::... . ，  r _ . . ， d sin () 1. 

= ) >i(t) exp イ ーj27r1(i - 1) --�--- p) 

The received signals X1(t)， X2(t)， ・・" XM(t) can be 
regarded 出a sampled sequence of complex sin signal 
by period d. The frequency of complex sin signal is 
_ 1 sin () 
1'0 =一一一一一. Then， 

c 

山)= L Xi (巾xp {j27!-J.p(i - l)d} (3) 
i=l 

This equation is formally the same 出 Fouri巴r trans
form. For wide-band signal like speech， the derivation 
above c叩be easily extended， 

M . ，、.，.:::... __ . . r . d sin () 1 
Y(t，1) = ) � Xi(t， f) exp � -j27r1(i - 1) ーコー ト ( 4)

o :::; f :::; fma.x 

Here， X1(t，1)，X2(t，f)γ・" XM(t， 1) are Fourier 
transforms of each microphone signals， and 1 ma.x is 
Nyquist frequency. 

Characteristics of d巴lay-and-sum beam-former are 
summarized as follows; 

• According to a number of microphone element 
and their spacing， beam width of the microphone 
array becomes sharper. 

• The distance of a microphone element， d， must 
be spaced so that d sa仙s dく る，0伽wise

spacial aliasing will be occurred. (Spatial Sam
pling Theorem) 

• The main beam width becomes shaper according 
to frequency. 
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Figure 2. Microphone arrays 

Table 1. Specification of Microphone Arrays ( Freq附lCy

Bands : [kHz]) 

Array 1 freq bands 1 mic spacing 1 #mic elements 1 
Equal-l 1 0-6 1 2.83cm 1 11 1 
Equal-2 1 0-6 1 6.00cm 1 11 

一 ーー一 22.67cm '5 
1l.33cm 
5.67cm 
2.83cm 

Table 2. Characteristics of the Arrays 
|Frequency band 11 Low 1 Middle 1 High I 

Equal-l 11 ‘ .-. 
Equal-2 

Harmonic 

11 

3. CO恥lPARATIVE EXPERIお1EN TS OF 

VARIOUSおlICROPHONE ARRAYS 

3.1. Microphone Arrays 

Table 1 shows microphone arrays compared in this 
paper. These are two equally spaced linear micro
phone arrays (Equal-l，2) and one harmonic spaced 
microphone array (Harrnonic) . A microphone array 
beam-form is frequency dependent and determined by 
its spacing interval of microphone elements. The first 
equally spaced linear microphone array， Equal-1 is de
signed its spacing interval to Nyquist frequency. Then 
Equal-1 has a sharp beam-form at Nyquist frequency. 
The second equally spaced linear microphone array， 
Eq叫ー2 allows spacial aliasi時by spacing beyond 1/2 
wavelength. Therefore Equal-2 realizes sharp beam
form in middle frequency while spacial aliasing in 
high frequency band. The last harmonic spaced mi
crophone array， Harmonic， divides target frequency 
band logarithmically and assigns the same number 
of microphone elements . Harmonic realizes the same 
beam-form for each band. Table 2 summarizes their 
characteristics and fig.3 shows their directivity pat
tern to band limited white noise. 
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Wlúte Noise(SNR=10dB) 

Equal-l 
Equal-2 

Harmonic 

Computer Noise(SNR=10dB) 

Equal-l 
Equal-2 

Harmonic 

Reverberation 

Equal-l 
Equal司2

Harmonic 

。
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Evaluation Measure s 

Two kinds of evaluation me出ure are used as baseline 
me出ure such 出，

3.2. 

• array gain for noise direction (Gain) 

• signal to deviation ratio (SDR). 
. 

2ごと� s
2(π) SDR = 1010g =r‘ [dB] 

ε:=J{s(π) - ß言(π)}2

3 
F_・間Y (kH;z:) 

Figure 4. Noise Characteristics Gain is a me出ure commonly used to specify acousti
cal characteristics of a microphone. SDR is a measure 
used to evaluate signal quality in signal separation or 
speech enhancement. The following equation defines 

SDR. 

Here， s(π) and言(π) are an original and an enhanced 
signal， respectively. 

The speaker dependent isolated word recognition ex
periments are conducted using Japanese 500 words. 
The experiments aim to clarify relationships between 
speech recognition accuracy and conventional mea
sures. The speech recognition is carried out using 
context independent 54 phoneme HMMs with 256 
tied-mixture distributions. HMMs are trained by 
2620 words out of 5240 words of ATR Set-A MHT 
database. Other 500 words are used for testing. Pa
rarneters for recognition are 16MFCC， 16ムMFCC
and .6.energy. The evaluation is conducted under the 
following two conditions. 

Recognition Expe riments 3.3. 
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N ois y Environment Speech source Ìß placed in 
front of microphone array， 90 degree. Noise 

sources are place in 45 degree or 80 degree. 

White Gaussian noise and computer room noise 
in fig.4 are used as noise source. The delays of 
wave .arrival are calculated by computer simula-

Figure 3. Directivity Patterns 
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tion on the a.ssurnption tha.t the wa.vefront is a. 
pla.ne wa.ve. 

Reverberant Environment Reverbera.nt 
signals a.re simula.ted by conv<11ution of an origi
nal signals and impulse responses mea.sured in a 
real 5.83 x 4.33m room using a. microphone a.r

ray. The reverbera.tion time of the room used is 
about 0.4 sec. The distance between the micro
phone array and the speaker is 3m. 

Table 3 shows the results. Although Harmonic 
achieves the maximum a.rray gain of -12.7dB for 
white noise from 80 degr田， this microphone array 
gives the worst perforrnance of 84.6% a.mong evalu
ated microphone a.rrays. As far a.s concerned with 
noise cha.racteristics， speech recognition accuracy can 
be va.ried in spite that the rnicrophone characteristics 
are the sむne. It is also observed SDR is insu缶cient to 
predict recognition accuracy in the Table. These re
sults suggest tha.t the rne出ure rnust take into account 
of following properties， 

• characteristics of speech signals 
・characteristics of noise signals 
• SNR for each frequency ba.nd 

4. NDSR 

1n order to provide a good microphone array design 
me出ure to predict recognition performance， this pa
per proposes a new design mea.sure， NDSR (Normal
ized Distortion to Signal Ratio; NDSR) of a micro
phone a.rray for speech recognition. This mea.sure 
takes into account of three properties described in 
the previous section. NDSR is defined a.s， 

log (� 1釘V
Here， S(ω)， S(ω) are power spectra of the target 
speech and the noise signal， respectively. 

Since NDSR is a.n a.verage SNR for each frequency 
b日d， NDSR becomes larger if distortion is small. 

“NDSR = OdB" means there is no distortion. While 
the target speech signals are necessary to calculate 
NDSR， the target speech signals are not always avail
able. 1n this paper， a phoneme bala.nced 215 Japa.nese 
words are used in stead of the target speech signals. 

Table 3 also shows the results by NDSR. It is con
firmed that the proposed me出ure NDSR provides 
good prediction of speech recognition accuracy for 

82 

almost every environments. Only the ca.se NDSR 
doesn't follow the recognition rate is a. reverberation 
environment using Equal-2. This result suggests that 
there is a remaining problem for NDSR caused by 
spatial ali出lllg.

5. SUMMARY 

This pa.per shows the conventional measures for mi
crophone array are insu缶cient to predict speech 
recognition accuracy and to design a good micro
phone a.rray for speech recognition. To provide the 
su伍cient mea.sure， a new rnea.sure， NDSR is pro
posed. The mea.sure is evaluated through speech 
recognition experiments. The experiments clarified 
the effectiveness of the proposed mea.sure. How
ever， we still have a problem that the proposed mea
sure doesn't always predict speech recognition per・
formance in reverberant environments using a micrcト
phone a.rray which allows spacial alia.sing. 
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