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(57) ABSTRACT

Provided is a method for canceling background noise of a
sound source other than a target direction sound source in
order to realize highly accurate speech recognition, and a
system using the same. In terms of directional characteristics
of a microphone array, due to a capability of approximating a
power distribution of each angle of each of possible various
sound source directions by use of a sum of coefficient mul-
tiples of abase form angle powerdistribution of a target sound
source measured beforehand by base form angle by using a
base form sound, and power distribution of a non-directional
background sound by base form, only a component of the
target sound source direction is extracted at a noise suppres-
sion part. In addition, when the target sound source direction
is unknown, at a sound source localization part, a distribution
for minimizing the approximate residual is selected from base
form angle power distributions of various sound source direc-
tions to assume a target sound source direction. Further,
maximum likelihood estimation is executed by using voice
data of the component of the sound source direction passed
through these processes, and a voice model obtained by pre-
determined modeling of the voice data, and speech recogni-
tion is carried out based on an obtained assumption value.

3 Claims, 18 Drawing Sheets

T
]

20
AN

Database
50
k_’/

30\

:‘ Profile

Voice Input Part
(Microphone Array)

-

Sound Source
Localization Part Part

Noise Suppression

40
A Y

Speech Recognition
Part

Amazon / Zentian Limited
Exhibit 1042
Page 1



US 7,478,041 B2
Page 2

U.S. PATENT DOCUMENTS

5,574,824 A * 11/1996 Slyhetal. .....cccceeenee 704/226
5,828,997 A * 10/1998 Durlach et al. .. 704/233
6,009,396 A * 12/1999 Nagata ...... 704/270
6,151,575 A * 11/2000 Newman et al 704/260
6,219,645 B1* 4/2001 Byers .............. 704/275
6,243,471 B1* 6/2001 Brandstein et al. . 381/92
6,707,910 B1* 3/2004 Valveetal. ...... 379/388.06
6,987,856 B1* 1/2006 Fengetal. .... ... 381/92
2002/0193130 Al* 12/2002 Yangetal. . 455/501
2003/0014248 Al*  1/2003 Vetter ........ 704/226
2003/0040008 Al* 2/2003 Yangetal. . 704/233
2003/0097257 Al* 5/2003 Amadaetal. . 704/208
2003/0125959 Al* 7/2003 Palmquist .. 704/277
2004/0193411 Al* 9/2004 Huietal. ... 704/233
FOREIGN PATENT DOCUMENTS
JP 06-195097 *7/1994
JP 09-251299 9/1997
JP 10-207490 8/1998
JP 2000-047699 2/2000
JP 2001-075594 3/2001
JP 2001-309433 11/2001
JP 2002-062895 2/2002
OTHER PUBLICATIONS

Ming Zhang et al., “A New Method of Tracking Talker Location for
Microphone Array in the Near Field”, IEEE ASSP Workshop on
Applications of Signal Processing to Audio and Acoustics, pp. 177-
130, @ct. 1995.*

Ming Zhang et al., “Tracking Direction of Speaker for Microphone
Array in the Far Field”, Proceedings of the IEEE Singapore Interna-
tional Conference on Networks/Information Engineering, pp. 541-
544, Jul. 1995.*

D. Giuliani et al., “Hands-Free Continuous Speech Recognition in
Noisy Environment Using a Four-Microphone Array”, Proceedings
of IEEE ICASSP °95, pp. 860-863, May 1995.*

Farrell, et al., “Beamforming Microphone Arrays for Speech
Enhancement”, Proceedings of IEEE ICASSP-92, vol. 1, pp. 285-
288, Mar. 1992.*

Nordholm, et al., “Aadaptive Array Noise Suppression of Handsfree
Speaker Input in Cars”, IEEE Transactions on Vehicular Technology,
vol. 42, Issue 4, pp. 514-518, Nov. 1993.*

Huang, et al., “A Biomimetic System for Localization and Separation
of Multiple Sound Sources”, IEEE Transactions on Instrumentation
and Measurement, vol. 44, No. 3, Jun. 1995, pp. 733-738.*

Meyer et al., “Noise Cancelling for Microphone Arrays”, Proceed-
ings of IEEE ICASSP-97, vol. 1, pp. 211-213, Apr. 1997.*

Dabhl et al., “Simultaneous Echo Cancellation and Car Noise Sup-
pression Employing a Microphone Array”, Proceedings of IEEE
ICASSP-97, vol. 1, pp. 239-242, Apr. 1997 *

Zhao et al., “Application of Microphone Array for Speech Coding in
Noisy Environment”, Conference Record of the Asilomar Confer-
ence on Signals, Systems and Computers, 1996, vol. 1, pp. 45-49.*
Brandstein et al., “Microphone-array localization error estimation
with application to sensor placement,” The Journal of the Acoustical
Society of America, Jun. 1996, pp. 3807-3816.*

Fuda et al., “Speech Recognition Under the Nonstationary Noise
Using Two Channel Target Speech Detection”, IEICE Technical
Report, pp. 1-5, 2001.

Mizumachi et al., “Noise Reduction by Paired-Microphones Using
Spectral Subtraction”, IEICE Trans., A vol. J82-A No. 4, pp. 503-
512, 1999.

Asano et al., “Application of Subspace-based Speech Enhancement
to Speech Recognition”, IEICE Technical Report, pp. 1-7, 1997.
Nagata et al., “Two-Channel Adaptive Microphone Array with Target
Tracking”, IEICE Trans., A vol. J82-A No. 6, pp. 860-866, 1999.
Nishiura et al. “Multiple Beamforming with Source Localization
Based on CSP Analysis”. IEICE Transactions, vol. J83-D-II No. 7,
pp. 1610-1619, 2000.

Nakamura et al. “Design and Status of Sound Scene Database in Real
Acoustical Environments”. ASJ Papers, 1-R-10, pp. 137-138, 1998.

* cited by examiner

Amazon / Zentian Limited
Exhibit 1042

Page 2



101—

|

111—_| Microphone CPU
Array
¢ 103\ 102\ i

110—_  Sound Main M/B
Card Memory | CPU Chip Set

104
\

Video

Bus

Card

PCI Bus 1

i 105 1
Hard
Disk

107\ i

Bridge
Circuit

1

106\ 1

Network
Interface

Low-Speed Bus

1

108/1|| FIovppy
‘| Disk Drive

1

109—| Keyboard/
Mouse

FIG. 1

JuANed ‘SN

600T ‘€1 "uer

81 JO [ P3YS

4 1P0°8LY'L SN

Amazon / Zentian Limited

Exhibit 1042
Page 3



US 7,478,041 B2

Sheet 2 of 18

Jan. 13,2009

U.S. Patent

Hed

uorjiubooay yosedg

or

Hed

uolssalddng asioN

R S—

¢ 9ld
Jed co:mN.rSo._
92In0g puhog

N
\omh-/ 0¢

aseqele(
9|l40.d

>

<

T\

(Aedry auoydouoip)
1led ndu| adIop

o

Amazon / Zentian Limited

Exhibit 1042

Page 4



uNed SN

- Fourier
Delay and Sum Unit .
(Delay Time Minimum) [ TranstC)nrirwt1at|on
. . Prof|le Fitting
31\\ . 32\ . Unit
Fourier (Frequency Band 1)
Delay and Sum Unit ,
(Delay Time -A0) —»> TransLormanon E
Microphone 31 32 34\ =
1 A h P fI Fitt E
° - Fourier rotile ritting Spectrum Output 2
: De}%)égr;dTiS#gl OL)Jmt —»| Transformation Unit Reconstruction [ @
Unit (Frequency Band i) Unit
Microphone 31~ 32~ »
n , : : =
- Fourier o
. Delay and Sum Unit , e
: (Delay Time +A6) —>» TranstC)nrirwt1at|on 33\ . X
Microphone | 31\ . 32\ . Proﬂlljenll:tntlng =
N 2 . FoJrier Frequency Band )
Delay and Sum Unit % Transformai
(Delay Time Maximum) ranonnrirPa lon
, , t:‘
Sound Source Location Estimated Profile 75
By Sound Source Localization Part Database N
~ g
<
Y
FIG. 3 -
N

Amazon / Zentian Limited
Exhibit 1042
Page 5



U.S. Patent Jan. 13, 2009 Sheet 4 of 18 US 7,478,041 B2

Power (6)

(Frequency )

FIG. 4

Amazon / Zentian Limited
Exhibit 1042
Page 6



Juaed 'S

Power Power Power

(6) 0 (6) .
! =

= X (Coefficient) = X (Coefficient)
=
RIS e :

(Frequency o) (Frequency w, Target Direction 6) (Frequency , Non-Directional)
-
N
FIG. § a
2
=]
=
©
N

Amazon / Zentian Limited
Exhibit 1042
Page 7



U.S. Patent Jan. 13, 2009 Sheet 6 of 18 US 7,478,041 B2

Voice Data Input 5601
Delay and Sum /5602

A 4
Fourier Transformation -/ 5603
Decomposition /" S604

'

Spectrum Reconstruction /5605

!

Output of Processing Result  |—"S606

End

FIG. 6

Amazon / Zentian Limited
Exhibit 1042
Page 8



=
36~ o
Delay and Sum Unit 33 >
—{ (Phase Delay Amount Minimum) \ =
. | Profile Fitting =
36\\ ¢ Unit =
* (Frequency Band 1)
*—|— Delay and Sum Unit
¢  (Phase Delay Amount -A6) . <
Microphone 1 Frequency | 4, 33\ . 34 =
Domain Input 36\ \ ~
. . Profile Fitting Spectrum Output IS
. > Delay and Sum Unit Unit p , g R
Reconstruction [ S
. ¢-(  (Phase Delay Amount 0) (Frequency Band i) Unit S
Microphone n Frequency oo 36
Domain Input . A . »
. (- Delay and Sum Unit 33 o 3
. ®-| (Phase Delay Amount +A8) A 8
° |
i * Profile Fitting =4
T o NN :
(Frequency Band I)
Delay and Sum Unit
| (Phase Delay Amount Maximum)
. . 50
Sound Source Location Estimated Profile -
By Sound Source Localization Part Database 4
ks
x
i~
FIG. 7 -
N

Amazon / Zentian Limited
Exhibit 1042
Page 9



21~

uded ‘SN

. Fourier
Delay and Sum Unit
—{ (Delay Time Minimum) —> Transbomanon
. . Proflle Fitting
21\ . 22\ . Unit
Sourier (Frequency Band 1)
¢ Delay and Sum Unit ,
¢ (Delay Time -40) [ ] TransLor:irPanon 2 E
Microphone || 24 -
: 21~ 22\ \ N 5
. ' Fourier Profile Fitting Residual =
* T Del%y fndT$um0Un|t —»( Transformation Unit Evaluation [~ Location g
. (Delay Time 0) Unit (Frequency Band ) Unit Information
Microphone |—yphe 21\ 22\ Output .
n ¢ . . =
. Fourier &
. ¢—{—| Delay and Sum Unit , e
. - (Delay Time +A0) —» TransLor:irPanon 23\\ . e
Microphone| . 21\ . 22\ . Promﬁnilttmg =
N : : FoJrier (Frequency Band 1)
Delay and Sum Unit —»| Transformation
—| (Delay Time Maximum) Unit
Sound Source Location Estimated Profile %
By Sound Source Localization Part Database N
2
<
FIG. 8 =
=]
N

Amazon / Zentian Limited
Exhibit 1042
Page 10



U.S. Patent Jan. 13,2009 Sheet 9 of 18 US 7,478,041 B2

Voice Data Input

/8901

!

Delay and Sum

5902

!

Fourier Transformation

5903

g

Sequehtial selection of Directional
Sound Source Profile

5904

S905

Selected?

S906 \
Decomposition

S907 \ ¢

Residual Calculation

(Are there unselected profile)

No

S908
\

Residual Evaluation

S909 \ ¢

Location
Information Output

End

FIG. 9

Amazon / Zentian Limited
Exhibit 1042
Page 11



210
\

220
\

Voice Input Part
(Microphone Array)

230
\

- Sound Source
: Localization Part

Noise Suppression

Part

240\ l

250
Ny

Variance
Measurement Part

Maximum Likelihood
Estimation Part

FIG. 10

260\ l

Speech Recognition
Part

Juded ‘'S

600T ‘€1 "uer

813001 133YyS

7d 1Y0°8LY L SN

Amazon / Zentian Limited
Exhibit 1042
Page 12



US 7,478,041 B2

Sheet 11 of 18

Jan. 13,2009

U.S. Patent

(owil)
awe.ld

Ll 'Ol

WIOJBABAN

U01}08g 9910/

i&rﬁjlgfrffggtglfkrﬂztrgfg i
3 x

iy
AW

N oadea, - §cedogaeahacandhonecotarealiconedianaaiiy

wnJjoadg
Jamod

Aouanbal 4

imited

Amazon / Zentian L

Exhibit 1042

Page 13



U.S. Patent Jan.

13,2009 Sheet 12 of 18

US 7,478,041 B2

Obtaining of Power Spectrum

L S1201

51202

S$1203 —

A Voice Section?

Updating of
" Observation Error
Variance

>4

/81204
Making of

Smoothing
Solution

'

S1205 —/

Updating of
Modeling Error
Variance

=

A4

Output of Observation Error
Variance or Modeling Error
$1206— - Variance and Smoothing

Solution

End

FIG. 12

Amazon / Zentian Limited
Exhibit 1042
Page 14



U.S. Patent

Jan. 13,2009 Sheet 13 of 18 US 7,478,041 B2

Obtaining of Power Spectrum  |—" " S1301

!

Obtaining of Observation Error
Variance or Modeling Error | —~51302
Variance and Smoothing Solution

\ 4
Calculation of Maximum
Likelihood Estimation Value ~ [— 1303
Output of Maximum  —~s1304

Likelihood Estimation Value

End

FIG. 13

Amazon / Zentian Limited
Exhibit 1042
Page 15



1401

-

Microphone

1403
//,

1402
Vs

+ .
N Main Beam Former

1404
Vs

Microphone

J_r Sub-Beam Former

—> FFT

AN

WeigNV (o)

—> FFT

FIG. 14

AN

240
a
Variance
* » Measurement
Part
Maximum
Likelihood ,
Estimation
Part
| \250
Y
I-FFT
\J
Qutput Voice

JuAed 'S

600T ‘€1 "uer

8130 p13133YyS

7d 1Y0°8LY L SN

Amazon / Zentian Limited

Exhibit 1042
Page 16



U.S. Patent Jan. 13,2009 Sheet 15 of 18 US 7,478,041 B2

(a»]
(a»]
(a»]
(a»]
<
I < o
I o
3
= S
(e}
gg ° o
>
g -
> o
o LL
L
(@»]
~ S
DY IR+
-
:JO
(a»]
(a»]
N
'% o
(a»] o (a»] (a»] (a»] (a»]
L (an) [Up) (e») [Up)
AN AN - -
(@) M bIap

Amazon / Zentian Limited
Exhibit 1042
Page 17



us. Patent

FIG. 16

Exhibit 1042
Page 18

Amazon / Zentian Limited



U.S. Patent Jan. 13, 2009 Sheet 17 of 18 US 7,478,041 B2

1730

1m
1711
&@ +40°
30ch < /1720
15cm
1712/E
FIG. 17

Amazon / Zentian Limited
Exhibit 1042
Page 19



US 7,478,041 B2

Sheet 18 of 18

Jan. 13,2009

U.S. Patent

Hed

uoniuboosy yosadg

A

//vwF

8l Old

1ed

uoissalddng asIoN

<

JUed co:mNL_moo._

92in0g punog

//mwF

(Aedsy auoydosoipy)
1led indu| 8910/

//Nw_‘

//_‘wF

Exhibit 1042
Page 20

Amazon / Zentian Limited



US 7,478,041 B2

1
SPEECH RECOGNITION APPARATUS,
SPEECH RECOGNITION APPARATUS AND
PROGRAM THEREOF

BACKGROUND OF THE INVENTION

The present invention relates to a speech recognition sys-
tem, especially a method for eliminating noise by using a
microphone array.

W

2

[Method Using Delay and Sum in Combination with 2-Chan-
nel Spectral Subtraction]

This is a method for subtracting an output of a sub-beam
former outputting mainly a noise component from an output
of' a main-beam former outputting mainly a voice from the
target sound source (Spectral Subtraction) (e.g., see Non-
patent Documents 1, and 2).

[Minimum Variance Method]
This is a method for designing a filter so as to form a

These days’ resu]ting from the in]proved perfonnance ofa ' directional null of directional characteristics with respect toa
speech recognition program, speech recognition has been directional noise source (e.g., see Nonpatent Document 3).
coming into use in many fields. However, when trying to The speech recognition part 184 carries out speech recog-
realize speech recognitionwith high accuracy withoutimpos- ~ hition by generating voice features from the signal having the
ing a duty to wear a headset type microphone or the like ona 15 10ise component canceled as much as possible by the noise
speaker, i.e., in an environment of a distance between the ~ Suppression part 183, and collating patterns for time history
microphone and the speaker, cancellation of background of the voice features based on a feature dictionary and time
noise becomes an important subject. The method for cancel- extension.
ing noise by using a microphone array has been considered as [Non-Patent Document 1] ) »
one of the most effective means. 20 Nunoda, Nagata, and Abe: “Voice recognition under

. . unsteady noise using two-channel voice detection”, technical

FIG. 18 schematically shows a configuration of a conven- . .

. . . . research report 2001-25 by Institute of Electronics, Informa-
tional speech recognition system using a microphone array. tion and Communication Engineers

Referring to FIG. 18, the speech recognition system using [Nonpatent Document 2]
the microphone array is provided with avoiceinputpart 181, 25 Nizumachi and Akagi: pp. 503-512, “Noise cancellation
a sound source localization part 182, a noise suppression part method by spectral subtraction using microphone pair”, trea-
183, and a speech recognition part 184. tise A Vol. J82-A No. 4, 1999 by Institute of Electronics,

The voice input part 181 is a microphone array constituted Information and Communication Engineers”
of a plurality of microphones. [Nonpatent Document 3]

The sound source localization part 182 assumes a sound % Asano, Hayami, Yamada, and Nakamura: “Application of
source direction (location) based on an input in the voice voice ep}phasis me.thod using sub-spacing method to vpice
input part 181. The most often employed system for assuming recognition”, technical r.esearch report EA97-17 by Institute
a sound source direction is a system which assumes, as a of Electronics, Information and Communication Engineers”
sound source coming direction, a maximum peak of a power 3 [Nonpatent Document 4] )
distribution for each angle where an output power of a delay Nagata, and Abe: pp. 503-512, “Studies on speaker track-
and sum microphone array is taken on a vertical axis, and a ing 2-channel microphone array”, treatise A Vol. J82-A No. 4
direction for setting directional characteristics is takenona  bY I.nstltu}’e of Electronics, Information and Communication
horizontal axis. To obtain sharper peak, a virtual power called engneers ) .

Music Power may be set on the vertical axis. When there are 40 As described above, in the speech recognition technology,
three or more microphones, not only the sound source direc- ~ When realizing speech recognition with high accuracy in an
tion but also a distance can be assumed. environment of a distance between the microphone and the

The noise suppression part 183 suppresses noise for the speaker, cancellation of backgrqundnmse becomes an impor-
. ) S . tant task. The method for assuming the sound source direction
inputted sound based on the sound source direction (location) by usi . . .

. s by using the microphone array to cancel noise is considered as
assumed by the sound source localization part 182 to empha- 43 il <t effecti
sizeavoice. As amethod for suppressing noise, normally, one one o the most eliective means. .
of the following methods is used in many cases. quever ; to enhance noise suppression performagce by
the microphone array, a large number of microphones is gen-
[Delay and Sum] erally needed, which in turn necessitates special hardware to

This is a method for delaying inputs from the individual 5o €xecute §i111u1ta11e0115 mu}ticham}el inputs. On the other hand,
microphones in the microphone array by respective delay ~ if the microphone array is constituted by a small number of
amounts to sum them up, and thereby setting only voices from ~ microphones (e.g., 2-channel stereo input), a beams of direc-
a target direction in-phase to reinforce them. By such a delay tional characteristics of the microphone array is gently spread
amount, a direction for setting directional characteristics is to be prevented from being sufficiently focused on the target
decided. A voice from a direction other than the target direc- 55 sound source. Consequently, an incursion rate of noise from
tion is relatively weakened because of a phase shift. the surroundings is high.

Thus, in order to enhance the performance of speech rec-
[ Griffiths Jim Method] ognition, a certain processing such as estimation and subtrac-

This is a method for subtracting “a signal in which a noise tion of an arriving noise component to be mixed is necessary.
component is a main component” from the output by the so However, in the above-described noise suppression methods
delay and sum. When there are two microphones, the signal (delay and sum, minimum variance method, and the like), no
thereof is generated as follows. First, the phases of the one of functions have been available to estimate and actively sub-
acombination of signals set in-phase with respect to the target tract the mixed noise component.
sound source is inversed to be added up with the other, In addition, the method for using the delay and sum in
whereby a target voice component is canceled. Then, in the 65 combination with the 2-channel spectral subtraction, since

noise section, an adaptive filter is designed so as to minimize
noise.

the noise component is estimated for the cancellation, can
suppress the background noise to a certain extent. However,
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3

since the noise is estimated by “a point,” an accuracy of the
estimation has not always been high.

On the other hand, as problems resulting with small-scale
microphone array (becoming conspicuous especially in
2-channel stereo input), thereis an aliasing problem, in which
assumption accuracy of a noise component is reduced at a
specific frequency corresponding to a noise source direction.

As measures to suppress the effects of such aliasing, a
method for narrowing spacing between microphones, and a

4

source location means mainly a sound source direction.
Needless to say, however, a distance to the sound source can
be considered when necessary.

In addition, the speech recognition apparatus concerning to
the present invention is characterized comprising; in addition
to the microphone array and the database mentioned above, a
sound source localization part for comparing profile of the
voice recorded by the microphone array with the profiles of
the base form and background sounds stored in the database

method for arranging the microphone in an inclined state are 18 to assume a sound source direction of the recorded voice; and
conceivable (e.g., see Nonpatent Document 4). a speech recognition part for executing speech recognition of
However, if the microphone spacing is narrowed, direc- voice data of a component of the sound source direction
tional characteristics around a lower frequency domain may assumed by the sound source localization part.
be deteriorated, and accuracy of speaker direction identifica- Here, the sound source localization part, more specifically,
tion may be reduced. Conseque.mly, in the.beam former st}ch 15 compares profile obtained by linear combination of the pro-
as 2-channel spectral subtraction, the microphone spacing  fje of the base form sound arriving from each possible sound
cannot be narrowed beyond a given level, and there is a limit location and background sound with profile of the recorded
to the capability of suppressing the effects of aliasing. voice, and assumes a sound source location of the best-
_ Interms of the method for arranging the microphone inthe  atched combination as a sound source location of the
nvlc.hnec’i state, in 'the two mlcroph'ones, by p1j0v1d111‘g asensi- 28 recorded voice based on a result of the comparison.
tivity difference in sound waves from an oblique direction, a " .
. . . . A speech recognition apparatus, another part concerning to
sound wave can be made different in gain balance from a . . . . .
the present invention is characterized by comprising: amicro-
sound wave from the front. However, because of only a small . . o
e . . . phone array for recording a voice; a sound source localization
sensitivity difference in the normal microphone, even in the . L .
. . . o _ part for assuming a sound source direction of the voice
case of this method, there is a limit to the capability of sup- 25 . . : :
- o recorded by the microphone array; a noise suppression part
pressing the effects of aliasing. A .
for canceling from the recorded voice, a component of a
sound source other than the sound source direction assumed
SUMMARY OF THE INVENTION . . o
by the sound source localization part; a maximum likelihood
. . . L estimation part for executing maximum likelihood estimation
Thus, the object of the present invention is to provide, in 3¢ . . .
. e . . by using the recorded voice processed at the noise suppres-
order to realize speech recognition with high accuracy, a : . . .
. . B . sion part, and a voice model obtained by executing predeter-
method for efficiently canceling background noise of a source . . N .
R - mined modeling of the recorded voice; and a speech recog-
other than a target direction sound source, and a system using .. . .. .
the same nition part for executing speech recognition of a voice by
) . . S . using the maximum likelihood estimation value assumed by
Another object of the present invention is to provide a 35 . o e
. L . the maximum likelihood estimation part.
method for effectively suppressing inevitable noise such as ) T N
effects of aliasing in a beam former, and a system using the HereZ the maximum l1ke.:l1llo‘od estimation .part.can use a
same. smoothing solutlor} averaging, in freql}ency @rechon, signal
The present invention attaining the objects written aboveis ~ Powers among adjacent sub-band points with respect to a
materialized as a speech recognition apparatus which is con- 4e predetermined fra{ne of the recorded voice as a voice model
figured as followed. That is, the speech recognition apparatus of the recorded voice.
is characterized comprising; a microphone array for record- Moreover, a variance measurement part for measuring
ing a voice; a database for storing characteristics (profile) of variance of observation error in a noise section, and modeling
a base form sound from possible various sound source direc- error variance in a voice section of the recorded voice is
tions and profile of a non-directional background sound; a 45 provided. The maximum likelihood estimation part calculates
sound source localization part for estimating a sound source the maximum likelihood estimation value by using the obser-
direction of the voice recorded by the microphone array; a vation error variance and the modeling error variance mea-
noise suppression part for extracting voice data of a compo- sured by the variance measurement part.
nent of the assumed sound source direction of the recorded Further object of the present invention is materialized as a
voice by using the sound source direction estimated by the so speech recognition method to recognize a voice recorded by
sound source localization part, the profiles of the base form use of a microphone array by controlling a computer. That is,
sound and the profile of the background sound stored in the the speech recognition method is characterized by compris-
database; and a speech recognition part for executing speech ing: a voice inputting step of recording a voice by using the
recognition of the voice data of the component of the sound microphone array, and storing voice data in a memory; a
source direction. 55 sound source localization step assuming a sound source
Here, the noise suppression part, more specifically, com- direction of the recorded voice based on the voice data stored
pares the profile of the recorded voice with the profile of the in the memory, and storing a result of the assumption in a
base form and the profile of background sound, and based on memory; a noise suppression step of decomposing the
the comparison result, decomposes the recorded voice into a recorded voice into a component of a sound of the assumed
component of a sound source direction and a component of 68 sound source location, and a component of a non-directional
non-directional background sound, and extracts a voice data background sound based on the result of the estimation stored
in the component of the sound source direction. in the memory, extracting and storing voice data of the com-
This sound source localization part assumes the sound ponent of the assumed sound source direction of the recorded
source direction. However, if a microphone array is consti- voice based on a result of the processing and storing into a
tuted of three or more microphones, a distance to the sound 65 memory; and a speech recognition step recognizing the

source can also be assumed. Hereinafter, an explanation will
be done considering a sound source direction or a sound

recorded voice based on the voice data of the component of
the sound source direction stored in the memory.
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Here, the noise suppression step, more precisely, includes
a step of reading profile of background sound and profile of
base form sound which is from a sound source direction
matched with the estimation result of the sound sourcelocal-
ization out of a memory storing profile of base form sound
from possible various sound source locations and profile of
background sound, a step of combining the read profiles with
proper weights so as to approximate to the profile of the
recorded voice, and a step of assuming and extracting a com-
ponent from the assumed sound source location among the
voice data stored in the memory based on information regard-
ing the profiles of the base form and background sounds
obtained by the approximation.

The speech recognition method concerning to the present
invention is characterized by comprising: a voice inputting
step of recording a voice by using the microphone array, and
storing voice data in a memory; a sound source localization
step of assuming a sound source direction of the recorded
voice based on the voice data stored in the memory, and
storing a result of the assumption in a memory; a noise sup-
pression step of decomposing the recorded voice into a com-
ponent of a sound of the assumed sound source location, and
a component of a non-directional background sound based on
the result of the estimation stored in the memory and infor-
mation regarding pre-measured profile of a predetermined
voice, and storing voice data in which the component of the
background sound from the recorded voice is canceled into a
memory; and a speech recognition step of recognizing the
recorded voice based on the voice data in which the compo-
nent of the background sound is canceled stored in the
memory.

Here, the noise suppression step preferably includes a step
of further decomposing and canceling a component of a noise
arriving from a specific direction from the recorded voice if
the noise is assumed to arrive from the specific direction.

A still further speech recognition method is characterized
by comprising: a voice inputting step of recording a voice by
using the microphone array, and storing voice data in a
memory; a sound source localization step of obtaining profile
for various voice input directions by combining profiles of
base form and non-directional background sounds from a
pre-measured specific sound source direction, comparing the
obtained profile with profile of the recorded voice obtained
from the voice data stored in the memory to assume a sound
source direction of the recorded voice, and storing a result of
the assumption in a memory; a noise suppression step of
extracting and storing voice data of the component of the
assumed sound source direction of the recorded voice based
on the assumption result of the sound source direction stored
in the memory, and the voice data; and a speech recognition
step of recognizing the recorded voice based on voice data in
which the component of the background sound is canceled
stored in the memory.

Here, the sound source localization step, more specifically,
includes a step of reading profiles of base form and back-
ground sounds for each voice input direction out of a memory
storing profile of base form sound from possible various
sound source directions and profile of non-directional back-
ground sound, a step of combining the read profiles of each
voice input direction by incorporating proper weights to
approximate the profile to the profile of the recorded voice,
and a step of comparing the profile obtained by the combining
with the profile of the recorded voice, and assuming a sound
source direction of a base form sound corresponding to the
profile obtained by the linear combination which is of small
error as a sound source direction of the recorded voice.
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Further speech recognition method concerning to the
present invention is characterized by comprising: a voice
inputting step of recording a voice by using the microphone
array, and storing voice data in a memory; a sound source
localization step assuming a sound source direction of the
recorded voicebased on the voice data stored in the memory,
and storing a result of the assumption in a memory; a noise
suppression step of extracting and storing voice data of a
component of the assumed sound source direction of the
recorded voice in a memory based on the assumption result of
the sound source direction and the voice data stored in the
memory; a maximum likelihood estimation step of calculat-
ing and storing a maximum likelihood estimation value in a
memory by using the voice data of the component of the
sound source direction stored in the memory, and voice data
obtained by executing predetermined modeling of the voice
data; and a speech recognition step recognizing the recorded
voice based on the maximum likelihood estimation value
stored in the memory.

Further speech recognition method concerning to the
present invention is characterized by comprising: a voice
inputting step of recording a voice by using the microphone
array, and storing voice data in a memory; a sound source
localization step of assuming a sound source direction of the
recorded voicebased on the voice data stored in the memory,
and storing a result of the assumption in a memory; a noise
suppression step of extracting and storing voice data of a
component of the assumed sound source direction of the
recorded voice in a memory based on the assumption result of
the sound source direction and the voice data stored in the
memory; a step of obtaining and storing a smoothing solution
in a memory by averaging, in a frequency direction, signal
powers among adjacent sub-band points with respect to a
predetermined voice frame regarding the voice data of the
component of the sound source direction stored in the
memory; and a speech recognition step of recognizing the
recorded voice based on the smoothing solution stored in the
memory.

Furthermore, the present invention can be implemented as
aprogram for realizing each function of the foregoing speech
recognition apparatus by controlling a computer, or a pro-
gram for executing a process corresponding to each step of
the foregoing speech recognition method. These programs
can be provided by being stored in a magnetic disk, an optical
disk, a semiconductor memory, and other recording media to
be distributed, and delivered through a network.

BRIEF DESCRIPTION OF THE DRAWINGS

For a more complete understanding of the present inven-
tion and the advantages thereof, reference is now made to the
following description taken in conjunction with the accom-
panying drawings.

FIG. 1 is a schematic diagram showing an example of a
hardware configuration of a computer apparatus suited to
realization of a speech recognition system of a first embodi-
ment.

FIG. 2 is a diagram showing a configuration of the speech
recognition system of the first embodiment realized by the
computer apparatus shown in FIG. 1.

FIG. 3 is a diagram showing a configuration of a noise
suppression part in the speech recognition part in the first
embodiment.

FIG. 4 is a graph showing an example of a voice power
distribution used in the first embodiment.
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FIG. § is a schematic view explaining a relation between
premeasured directional sound source profile and profile fora
nondirectional background sound, and profile of a recorded
voice.

FIG. 6 is a flowchart illustrating a flow of a process at the
noise suppression part in the first embodiment.

FIG. 7 is a diagram showing a configuration of the noise
suppression part when voice data of a frequency domain is an
input.

FIG. 8 is a diagram showing a configuration of a sound
source localization part in the speech recognition system of
the first embodiment.

FIG. 9 is a flowchart illustrating a flow of a process at the
sound source localization part in the first embodiment.

FIG. 10 is a diagram showing a configuration of a speech
recognition system of a second embodiment.

FIG. 11 is a diagram explaining an example of a range of
variance measurement according to the second embodiment.

FIG.12 is a flowchart illustrating an operation of a variance
measurement part in the second embodiment.

FIG. 13 is a flowchart illustrating an operation of a maxi-
mum likelihood estimation part 250 in the second embodi-
ment.

FIG. 14 is a diagram showing a configuration of applying
the speech recognition system of the second embodiment to a
2-channel spectral subtraction beam former.

FIG. 15 is a graph showing a learned weight coefficient
W(P) when a noise source is arranged on the right by 40
degrees in the second embodiment.

FIG. 16 is a view showing an example of an appearance of
a computer provided with the 2-channel spectral subtraction
beam former.

FIG. 17 is an explanatory diagram showing an aliasing
occurrence situation in a 2-channel microphone array.

FIG. 18 is a schematic diagram showing a configuration of
a conventional speech recognition system using a micro-
phone array.

DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

Next, description will be made of the first and second
embodiments of the present invention with reference to the
accompanying drawings.

According to the firstembodiment described below, profile
of a base form sound from each of various sound source
directions, and profile of a nondirectional background sound
are obtained beforehand and held. Then, when a voice is
recorded in a microphone array, by using a sound source

direction of the recorded voice and the profiles of the held 3

base form and background sounds, voice data on an assumed
sound source direction component in the recorded voice is
extracted. By comparing profile oftherecorded voice withthe
profile of the held base form and background sounds, a sound
source direction of the recorded voice is assumed. These
methods enable efficient cancellation of background noise of
a source other than a target direction sound source.
According to the second embodiment, targeting a case
where a large observation error such as effects of aliasing
regarding a recorded voice is inevitably included, voice data
is modeled to carry out maximum likelihood estimation. As a
voice model by this modeling, a smoothing solution averag-
ing, in frequency direction, signal powers among several
adjacent sub-bands is used for a voice frame. For the voice
data targeted for maximum likelihood estimation, data having
a noise component suppressed from the recorded voice in a
previous stage is used. This suppression of the noise compo-

10

20

30

35

40

45

60

8

nent may be carried out by, in addition to the method of the
first embodiment, a method of 2-channel spectral subtraction.

First Embodiment

In the first embodiment, profiles of predetermined base
form and background sounds are prepared beforehand to be
used for extraction of a sound source direction component
and assumption of a sound source direction in a recorded
voice. This method is called profile fitting.

FIG. 1 is a schematic diagram showing an example of
hardware configuration of a computer suited to realization of
a speech recognition system (apparatus) concerning to the
first embodiment.

The computer shown in FIG. 1 is provided with a central
processing unit (CPU) 101 as arithmetic operation means, a
main memory 103 connected through a mother board (M/B)
chip set 102 and a CPU bus to the CPU 101, a video card 104
similarly connected through the M/B chip set 102 and an
accelerated graphics port (AGP) to the CPU 101, a hard disk
105 and a network interface 106 connected through a periph-
eral component interconnect (PCI) bus to the M/B chip set
102, and a floppy disk drive 108 and a keyboard/mouse 109
connected from this PCI bus through a bridge circuit 107 and
a low-speed bus such as an industry standard architecture
(ISA) bus to the M/B chip set 102. The computer is further
provided with a sound card (sound chip) 110 and a micro-
phone array 111 for inputting a voice to be processed, and
convert it into voice data to be supplied to the CPU 101.

FIG. 1 shows only the example of the hardware configura-
tion of the computer to realize the first embodiment. Other
various constitutions can be employed as long as the present
embodiment is applicable. For example, in place of the video
card 104, only a video memory may be loaded, and image
data may be processed in the CPU 101. Through an interface
such as at attachment (ATA), a compact disk read only
memory (CD-ROM) or digital versatile disk read only
memory (DVD-ROM) drive may be installed.

FIG. 2 shows a speech recognition system configuration of
the embodiment realized by the computer shown in FIG. 1.

As shown in FIG. 2, the speech recognition system of the
embodiment is provided with a voice input part 10, a sound
source localization part 20, a noise suppression part 30, a
speech recognition part 40, and a space characteristic (profile)
database 50.

In terms of the above configuration, the sound source local-
ization part 20, the noise suppression part 30, and the speech
recognition part 40 constitute a virtual software block real-
ized by controlling the CPU 101 based on a program executed
in the main memory 103 of FIG. 1. The profile database 50 is
realized by the main memory 103 and the hard disk 10S. The
program for controlling the CPU 101 to realize such functions
can be provided by being stored in a magnetic disk, an optical
disk, a semiconductor memory or other storage media to be
distributed, and delivered through a network. In the embodi-
ment, the program is inputted through the network interface
106 and the floppy disk drive 108 shown in FIG. 1, a not-
shown CD-ROM Dirrive, or the like, to be stored in the hard
disk 105. Then, the program stored into the hard disk 105 is
read inthemain memory 103 to be extracted, and executed by
the CPU101 to realize the function ofeach component shown
in FIG. 2. Transfer of data between the components realized
by the program-controlled CPU 101 is carried out through a

5 cache memory of the CPU 101 or the main memory 103.

The voice input part 10 is realized by the microphone array
111 constituted of a number N of microphones, and the sound
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card 110 to record a voice. The recorded voice is converted
into electric voice data to be transferred to the sound source
localization part 20.

The sound source localization part 20 assumes a sound
source location (sound source direction) of a target voice
from a number N of voice data simultaneously recorded by
the voice input part 10. Sound source location information
assumed by the sound source localization part 20, and the
number N of voice data obtained from the voice input part 10
are transferred to the noise suppression part 30.

The noise suppression part 30 outputs one voice data hav-
ing noise of a sound from a sound source location other than
that of the target voice canceled as much as possible (noise
suppression) by using the sound source location information
and the number N of voice data received from the sound
source localization part 20. One noise-suppressed voice data
is transferred to the speech recognition part 40.

The speech recognition part 40 converts the voice into a
text by using one noise-suppressed voice data, and outputs the
text. In addition, voice processing at the speech recognition
part 40 is generally executed in a frequency domain. On the
other hand, a output of the voice input part 10 is generally in
a time domain. Thus, in one of the sound source localization
part 20 and the noise suppression part 30, a conversion of the
voice data is carried out from the frequency domain to the
time domain.

The profile database 50 stores profile used for processing at
the noise suppression part 30 or the sound source localization
part 20 of the embodiment. The profile will be described later.

According to the embodiment, two types of microphone
array profiles, i.e., profile of the microphone array 111 for a
target direction sound source, and profile of the microphone
array 111 for a nondirectional background sound, are used,
whereby background noise of a sound source other than the
target direction sound source is efficiently canceled.

Specifically, profile of the microphone array 111 for a
target direction sound source, and profile of the microphone
array 111 for a nondirectional background sound in the
speech recognition system are measured beforehand for all
frequency bands by using white noise and then, mixing
weight of the two types of the profiles is assumed so that a
difference between profile of the microphone array 111
assumed from speech data observed under an actual noise
environment and a sum of the two types of the microphone
array profiles can be minimum. This operation is carried out
for each frequency to assume a target direction speech com-
ponent (power by frequency) included in the observed data,
whereby the voice can be reconstructed. In the speech recog-
nition system shown in FIG. 2, the above-described method
can be realized as a function of the noise suppression part 30.

The operation of assuming the target direction speech com-
ponent included in the observed data is carried out in various
directions around the microphone array 111 being one of the
voice input part 10, and results are compared, whereby a
sound source direction of the observed data can be specified.
In the speech recognition system shown in FIG. 2, the above-
described method can be realized as a function of the voice
source location searching part 20.

The functions mentioned above are independent each
other, therefore one of the functions can be used, or both can
be used in combination. Hereinafter, the function of the noise
suppression part 30 is first described, and then the function of
the sound source localization part 20 is described.

FIG. 3 shows a configuration of the noise suppression part
30 in the speech recognition system concerning to the
embodiment.
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Referring to FIG. 3, the noise suppression part 30 is pro-
vided with a delay and sum unit 31, Fourier transformation
unit 32, a profile fitting unit 33, and a spectrum reconstruction
unit 34. The profile fitting unit 33 is connected to the profile
database 50 storing sound source information and profile
used for later-described decomposition. The profile database
50 stores, as described later, profile for each sound source
location observed by sounding white noise or the like from
various sound source locations. The information about a
sound source location assumed by the sound source localiza-
tion part 20 is also stored.

The delay and sum unit 31 delays voice data inputted at the
voice input part 10 by preset predetermined delay time to add
them together. In FIG. 3, a plurality of delay and sum units 31
are described for respective set delay times (minimum delay
time, . . ., -A8, 0, +A0, . . . , maximum delay time). For
example, if a distance between the microphones in the micro-
phone array 111 is constant, and delay time is +A8, voice data
recorded in an n-th microphone is delayed by (n-1) [multi-
plied by] A8. Then, a number N of voice data is similarly
delayed, and added up. This process is carried out for the
preset delay times ranging from the minimum delay time to
the maximum delay time. The delay time corresponds to a
direction of setting directional characteristics of the micro-
phone array 111. Thus, an output of the delay and sum unit 31
is to be a voice data at each stage when the directional char-
acteristics of the microphone array 111 are changed from a
minimum angle to a maximum angle stepwise. The voice data
outputted from the delay and sum unit 31 is transferred to the
Fourier transformation unit 32.

The Fourier transformation unit 32 transforms voice data
of a time domain of each short-time voice frame to Fourier
transformation to be converted into voice data of a frequency
domain. Further, the voice data of the frequency domain is
converted into a voice power distribution (power spectrum) of
each frequency band. In FIG. 3, a plurality of Fourier trans-
formation units 32 are described corresponding to the delay
and sum units 31.

The Fourier transformation unit 32 outputs a voice power
distribution of each frequency band for each angle of setting
directional characteristics of the microphone array 111, in
other words, for each output of each delay and sum unit 31
described in FIG. 3. The voice power distribution data out-
putted from the Fourier transformation unit 32 is organized
for respective frequency bands to be transferred to the profile
fitting unit 33.

FIG. 4 shows an example of a voice power distribution
transferred to the profile fitting unit 33.

The profile fitting unit 33 executes approximately a decom-
position of the data of the voice power distribution received
for each frequency band of the Fourier transformation unit 32
(hereinatter, this voice power distribution of each angle is
referred to as profile) to an existing profile. In FIG. 3, a
plurality is described for respective frequency bands. The
existing profile used at the profile fitting unit 33 is obtained by
selecting profile coincident with the sound source location
information assumed by the sound source localization part 20
from the profile database 50.

Now, the decomposition by the profile fitting unit 33 is
described more in detail.

First, by using a base form sound such as white noise, for
various frequencies (ideally all frequencies) w of arange used
for speech recognition, profile (P, (84,0) of the microphone
array 111 when a directional sound source direction is 8,:
hereinafter, the profile is referred to as directional sound
source profile) is obtained beforehand in possible various
sound source directions (ideally, all sound source directions)
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0,. On the other hand, profile (Q,,(®)) for a non-directional
background sound is similarly obtained beforehand. These
profiles exhibit profiles of the microphone array 111 itself,
not acoustic characteristics of noise or a voice.

Then, assuming that an actually observed voice is consti-
tuted of a sum of nondirectional background noise and a
directional target voice, profile X (0) obtained for the
observed voice can be approximated by a sum of respective
coefficient multiples of directional sound source profile

12

cesses, 1.e., a sequential process executing a limit at each state
of'the inverse filter, and a post process executing a limit after
the end of inverse-filtering, are conceivable. From experi-
ence, preferably, 0=Z, is set for the sequential process, and
Z.,=X,,(8,) for the post process.

FIG. 6 is a flowchart illustrating a process at the noise
suppression part 30 constituted in the foregoing manner.

Referring to FIG. 6, first, voice data inputted by the voice
input part 10 is inputted to the noise suppression part 30 (step

P, (8,,8) for a sound source from a given direction 84, and 18 601), and subjected to delay and sum at the delay and sum unit
profile Q,,(8) for a nondirectional background sound. 31 (step 602). Here, it is assumed that pulse coded modulation
FIG. § schematically shows the above relation. The rela- (PCM) voice data of t-th sampling at an n-th microphone of
tion can be represented by the following equation 1. the microphone array 111 (voice input part 10) constituted of
. a number N of microphones is stored in a variable s(n, t).
Hal00=0 P00 014 0u0) (Fquation 1) 5 The delay and sum unit 31 represents a delay amount by
Here, @, denotes a weight coefficient of directional sound sampling points. This delay amount is multiplied by a sam-
source profile of'a target direction, and 3, a weight coefficient pling frequency to become actual delay time. Assuming that
of nondirectional background sound profile. These coeffi- aminute width of adelayamount to be changed is A8 sample,
cients are decided so as to minimize an evaluation function and the delay amount is changed to an M steps in each of
®,, represented by the following equation 2. 28 positive and negative directions, a maximum delay amount
becomes M [multiplied by] A® sample, and a minimum delay
amount becomes —M [multiplied by] A8 sample. In this case,
@, = f'" o {X,(0) — g, P (0o, 0) — B - Qo (O)PA0 (Equation 2] a delay and sum output of an m-th stage becomes a value
min_6 represented by the following equation 4.
25
e and (3, for giving the minimum value are obtained by " [Equation 4]
the following equation 3. X(m, 1) = Z s(n, 1= (n—1)-00-m)
n=1
30
% =0, % =0 [Equation 3] In thg equation 4., asa voige recording environment, con-
“ v stant microphone inter-spacing, and a far sound field are
assumed. Other than this case, based on a publicly known
However, o,,=0 and B,,=0 must be assured. _ theory of the delay and sum m.icrophone array 11.1, an m-th
After the coefficients have been obtained, a power of only 33 delay an'd sum output W'hen a dl'rectlonal direction is changed
a target sound source including no noise components can be 10 one side by M steps is constituted as x(m, t). )
obtained. A power at its frequency o is given as e, 'P_(8.84). Then, Fopner tlfansfomlatlon is carried out by the Fourier
In addition, in an environment of recording a voice, not transformat{on unit 32 (step 603): ]
only background noise of a noise source, but also predeter- 4 The Founer‘transformapon unit 32 cuts up the voice data
mined noise (directional noise) from a specific direction can x(m, t) of the timed domain for each short-time voice frame
be assumed. If its coming direction can be assumed, direc-  interval to be converted into voice data of a frequency domain
tional sound source profile for the directional noise is by Fourier transformation. Further, the voice data of the fre-
obtained from the profile database 50 to be added as a reso- quency dgmain isconvertedinto a power distribution X, ,(n)
lution element of a right side of the equation 1. 45 for. each frequency band. Here, a suftix w denotes a represen-
Incidentally, profile observed for an actual voice is tative frequency of eac}l frequency b_and.v The s.uﬁ‘ix idenotes
obtained time-sequentially for respective voice frames (nor- a number of a voice frame. If a voice frame interval repre-
mally, 10 ms to 20 ms). However, in order to obtain stable se%lted by_ sa}nplmg pomts is frame_size, there is a relation of
profile, as a process before decomposition, power distribu- =i [multiplied by] frame_size. ) )
tions of a plurality of voice frames may be averaged en bloc 54  he observed profile X, ,(m) is transferred to the profile
(smoothing of time direction). ﬁtting unit 33. However, if time-direction‘ s%noothi.ng is car-
Asaresult, the profile fitting unit 33 assumes a voice power ried out as a preprocess at the profile fitting unit 33, the
of each frequency o of only a target sound source including ~ ©Observed profile is to be a value represented by the following
no noise components to be &P, (84,0,). The assumed voice equation 5, where profile before smoothing is X, ;*(m) and a
power of each frequency o is transferred to the spectrum 55 fiter widthis W, and a filter coefficient is C,.
reconstruction unit 34.
The spectrum reconstruction unit 34 collects the voice .
w-1 w-1 [Equation 5]
powers qf all the frequency ‘bands assumeq by the profile X, m) = Z ¢ Xo ). here, S ¢
fitting unit 33 to structure voice data of a noise component- ’ y / =
suppressed frequency domain. If smoothing is carried out at 6e
the profile fitting unit 33, at the spectrum reconstruction unit
34, inverse-smoothing for construction as a inverse-filter of Then, decomposition is carried out by the profile fitting
smoothing may be carried out to sharpen time fluctuation. ~ unit 33 (step 604).
Assuming that Z  is a inverse smoothing output (power spec- For this process, the observed profile X,, ,(m) received
trum), in order to suppress excessive fluctuation in inverse 65 from the Fourier transformation unit 32, sound source loca-

smoothing, a limiter may be incorporated to limit fluctuation
to 0=Z,, and Z =X, (0,). For this limiter, two types of pro-

w=

tion information mq assumed by the sound source localization
part 20, given directional sound source profile P (mg,m) fora
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sound source from a direction represented by a direction m,
and given profile Q. (m) for a nondirectional background
sound are inputted to the profile fitting unit 33. Here, similarly
to the observed profile, for the given profile, a direction
parameter m is set by a sampling point unit of one-side by M
steps.

A weight coefficient e, of the directional sound source
profile of the target direction, and a coefficient f§,, of the
nondirectional background sound profile are obtained by the
following equation 6. In the equation, suffixes w and i are
omitted. The process is executed for each frequency band
and each voice frame i.

ap-az —a4-ay ay-as—az-ay

[Equation 6]

10

—
)

14

executed at the delay and sum unit 36, the Fourier transfor-
mation unit 32 results in unnecessary.

The delay and sum unit 36 receives voice data in a fre-
quency domain, and delays the voice data by a given prede-
termined phase delay amount to add them up. In FIG. 7, a
plurality of delay and sum units is described for respective
preset phase delay amounts (minimum phase delay
amount...,—-A8,0,+A®0, ..., maximum phase delay amount).
For example, if distances between the microphones in the
microphone array 111 are constant and a phase delay amount
is +A8, a phase of voice data recorded by an n-th microphone
is delayed by (n—1) [multiplied by] A8. Then, a number N of
voice data is similarly delayed to be added up. This process is
executed for each of preset phase delay amounts from the
minimum delay amount to the maximum delay amount. This

agray—a-ay’ " agray—ay-ap phasedelay amount corresponds to a direction of directional
characteristics of the microphone array 111. Therefore, simi-
Here larly to the case of the conﬁguration shown in FIG. 3, an
’ output of the delay and sum unit 36 comes to be voice data at
20 eachstagewhendirectional characteristics of the microphone
o o o array 111 are changed stepwise from a minimum angle to a
ap = Z 1Qm))? a = Z {Pm))? @ = Z {P(m) - Q(im)} maximum angle.
m=—M m=—M m=—M The delay and sum unit 36 outputs a voice power distribu-
M M tion of each frequency band for each angle of directional
" = Z {X(m)-Pm)} a4 = Z {X(m)- Qm)} 25 characteristics. This output is organized for each frequency
m=—M m=—M

However, since & and 3 should not be negative values, the

band to be transferred to the profile fitting unit 33. Thereafter,
a process at the profile fitting unit 33 and the spectrum recon-
struction unit 34 is similar to those in the case of the noise
suppression part 30 shown in FIG. 3.

following is assumed: 38 Next, the sound source localization part 20 of the embodi-
If @<0, &0, B=a,/a, ment is described. . _
FIG. 8 shows a configuration of the sound source localiza-
If $<0, $=0, @=as/a, tion part 20 in the speech recognition system of the embodi-
Then, spectrum reconstruction is carried out by the spec- ment.
trum reconstruction unit 34 (step 605). 35 Referring to FIG. 8, the sound source localization part 20 is

The spectrum reconstruction unit 34 obtains voice output
data Z,, , of a noise-suppressed frequency domain based on a
result of decomposition by the profile fitting unit 33 in the
following manner.

First, if no smoothing is executed at the profile fitting unit
33, there is a relation of Z, =Y, ,, directly. Here, Y, =
"(u,i'Pm,i(nlO’ln.)

On the other hand, if smoothing is executed at the profile
fitting unit 33, inverse smoothing accompanying a fluctuation
limit represented by the following equation 7 is executed to

obtain Z

(RS

@,

[Equation 7]

w-1
1 .
Yo = max(., ;{Yw - ; cje Yw,w}

Zy,; = min(Y,,;, X,,;(mo))

This voice output data Z,, , is outputted as a processing
result to the speech recognition part 40 (step 606).

Atthe above-described noise suppression part 30, the voice
data of the time domain is inputted to execute the process.
However, voice data of a frequency domain can be executed
to process as an input.

FIG. 7 shows a configuration of the noise suppression part
30 using voice data of a frequency domain as an input.

As shown in FIG. 7, in this case, in place of the delay and
sum unit 31 for executing the process in the time domain
shown in FIG. 2, a delay and sum unit 36 for executing a
process in a frequency domain is arranged in the noise sup-
pression part 30. Since the process in the frequency domain is

%3
o
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o
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provided with a delay and sum unit 21, Fourier transforma-
tion unit 22, a profile fitting unit 23, and a residual evaluation
unit 24. The profile fitting unit 23 is connected to the profile
database 50. Among these components in the configuration,
functions of the delay and sum unit 21 and the Fourier trans-
formation unit 22 are similar to those of the delay and sum
unit 31 and the Fourier transformation unit 32 in the noise
suppression part 30 shown in FIG. 3. In addition, the profile
database 50 stores, for each sound source location, profile
observed by sounding white noise or the like from various
sound source locations.

The profile fitting unit 23 averages voice power distribu-
tions transferred from the Fourier transformation part 22
within a short time to generate a profile observation value for
each frequency. Then, the obtained observation value is
approximately executed a decomposition to given profile. In
this case, as directional sound source profile P (0,,08) all
directional sound source profiles stored in the profile database
50 are sequentially selected to be applied and, by the above-
described method mainly based on the equation 2, coeffi-
cients e, and f3, are obtained. After the coefficients e, and
B, are obtained, a residual of an evaluation function ® , can
be obtained by substitution of the coefficients into the equa-
tion 2. The obtained residual of the evaluation function @, for
each frequency band w is transferred to the residual evalua-
tion unit 24.

The residual evaluation unit 24 sums up the residuals ofthe
evaluation function @, of the respective frequency bands w
received from the profile fitting unit 23. In this case, in order
to enhance accuracy of the sound source localization, the
residuals may be summed up incorporating weight in a high
frequency band. Given directional sound source profile
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selected at the time when the total residual becomes mini-
mum represents an assumed sound source location. That is, a
sound source location at the time when the given directional
sound source profile is determined is a sound source location
to be assumed here.

FIG. 9 is a flowchart illustrating a flow of a process at the
sound source localization part 20 constituted in the foregoing
manner.

Referring to FI1G. 9, first, voice data inputted by the voice
input part 10 is inputted to the sound source localization part
20 (step 901), and delay and sum by the delay and sum unit 21,
and Fourier transformation by the Fourier transformation unit
22 are executed (steps 902, and 903). These processes are
similar to the inputting of the voice data (step 601), the delay

W

—
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independent each other, when configuring the speech recog-
nition system, both may be configured according to the
above-described embodiment, or one of them may be a com-
ponent according to the embodiment while a conventional
technology may be used for the other.

If either one of the functions is a component according to
the embodiment, for example in the case of using the above-
described suppression part 30, a recorded vice is resolved into
acomponent of a sound from a sound source and a component
of'a sound by background noise to extract a sound component
from the sound source, and recognition is executed by the
speech recognition part 40, whereby accuracy of speech rec-
ognition can be enhanced.

In the case of using the sound source localization part 20 of

and sum (step 602), and the Fourier transformation (step 603) 15 the embodiment, profile of a sound from a specific sound
described above with reference to FIG. Thus, description source location is compared with profile of a recorded voice
thereof is omitted. considering background noise, whereby accurate assumption

Then, a process by the profile fitting unit 23 is executed. of a sound source location can be executed.

The profile fitting unit 23 first selects, as given directional Further, in the case of using both of the sound source
sound source profile used for decomposition, different profile 2o localization part 20 and the noise suppression part 30 of the
sequentially from the given directional sound source profiles embodiment, the process is efficient because not only accu-
stored in the profile database 50 (step 904). Specifically, the rate sound source location assumption and enhancement in
operation corresponds to changing of mq of the given direc- accuracy of speech recognition can be expected but also the
tional sound source profile P, (inq,m) for a sound source from profile database 50, the delay and sum units 21, 31, and the
a direction mg. Then, decomposition is executed for the 25 Fourier transformation units 22, 32 can be shared to be used.
selected given directional sound source profile (steps 905, Even in an environment existing a distance between the
and 906). speaker and the microphone, noise is efficiently canceled to

In the decomposition process by the profile fitting unit 23, contribute to realization of highly accurate speech recogni-
by a process similar to the decomposition (step 604) tion. Therefore, the speechrecognition system ofthe embodi-
described above with reference to FIG. 6, a weight coefficient 38 ment can be used in many voice input environments such as
e, of directional sound source profile of a target direction, voice inputting to a computer, a PDA, and electronic infor-
and a weight coefficient 3, of nondirectional background mation equipment such as a cell phone, and voice interaction
sound profile are obtained. Then, by using the obtained coef- with a robot and other mechanical apparatus, and the like.
ficients e, and {3, of the directional sound source profile of
the target direction and the nondirectional background sound 35 Second Embodiment
profile, a residual of an evaluation function is obtained by the
following equation 8 (step 907). According to a second embodiment, targeting a case where

a lager observation error such as effects of aliasing is inevi-
tably included in a recorded voice, voice data is modeled to
M [Equation 8] 4¢ execute maximum likelihood estimation, whereby noise is
Cu= D AXulm) = au- Pulmo, m) = A, - Qu(m)? reduced.
m=M Prior to description of a configuration and an operation of
the embodiment, a subject about aliasing is specifically

This residual is associated with the currently selected given described.
directional sound source profile to be stored in the profile 45  FIG. 17 illustrates an aliasing occurrence situation in a
database 50. 2-channel microphone array.

The process from step 904 to step 907 is repeated and, after Suppose a case where, as shown in FIG. 17, two micro-
all the given directional sound source profiles stored in the phones 1711, 1712 are arranged at a spacing of about 30 cm,
profile database 50 are tried, then, residual evaluation is a signal sound source 1720 is arranged to the front by 0
executed by the residual evaluation unit 24 (steps 905, and 5 degrees, and one noise source 1730 is arranged to the right by
908). about 40 degrees. In this case, assuming a 2-channel spectral

Specifically, by the following equation 9, residuals stored subtraction method as a beam former to be used, ideally, on a
in the profile database 50 are given weights for respective main-beam former, sound waves of the signal sound source
frequency bands to be summed up. 1720 are set in-phase to be intensified, while sound waves of

55 the noise source 1730 not reaching the left and right micro-

phones 1711, 1712 simultaneously are not set in-phase to be

. [Equation 9] weakened. On the sub-beam former, sound waves of the sig-

Par = Z Clw) &y nal sound source 1702 are canceled to be added together in
“ inverted phase, and thus almost none is left, while sound

60 waves of the noise source 1730 are not canceled to be left in

Here, C(w) denotes a weight coefficient, and simply can be an output because those not originally set in-phase are added
all 1. together in inverted phase.

Then, given directional sound source profile for minimiz- However, at a specific frequency, a different situation may
ing @, is selected, and outputted as location information occur. In a constitution similar to that of FIG. 17, sound waves
(step 909). 65 of the noise source 1730 reach the left microphone 1712 late

As described above, since the functions of the noise sup-
pression part 30 and the sound source localization part 20 are

by about 0.5 ms. Accordingly, sound waves of the noise
source 1730 of approximately 2000 (=1/0.0005) Hz are set
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in-phase late accurately by one cycle. That is, the noise com-
ponent is not weakened on the main beam former, and the
noise component that should be undeleted in the output of the
sub-beam former is deleted. This phenomenon also occurs at
the specific frequency (in this case, harmonic overtones of
(2000 Hz) (=N [multiplied by] 2000 Hz). Thus, aliasing
(noise) is included in the voice data to be extracted. According
to the embodiment, at this specific frequency where aliasing
occurs, assumption of a noise component is realized with

w
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Noise-suppressed voice data is transferred to the variance
measurement part 240 and the maximum likelihood estima-
tion part 250.

The variance measurement part 240 is inputted the voice
data processed at the noise suppression part 230, and mea-
sures observation error variance if the noise-suppressed input
voice is in a noise section (section of no target voices in a
voice frame). If the input voice is in a voice section (section of
a target voice in a voice frame), the variance measurement

higher accuracy. 10 part 240 measures modeling error variance. The observation
The speech recognition system (apparatus) of the second error variance, the modeling error variance, and their mea-
embodiment is, similarly to the first embodiment, realized by surement methods will be described in detail later.
a computer apparatus similar to that shown in FIG. 1. The maximum likelihood estimation part 250 is inputted
FIG. 10 shows a configuration of the speech recognition the observation error variance and the modeling error vari-
system concerning to the embodiment. 15 ance from the variance measurement part 240, and the voice
As shown in FIG. 10, the speech recognition system of the data processed at the noise suppression part 230 to calculate
embodiment is provided with a voice input part 210, a sound a maximum likelihood estimation part. The maximum likeli-
source localization part 220, a noise suppression part 230, a hood estimation value and its calculation method will be
variance measurement part 240, a maximum likelihood esti- described in detail later. The calculated maximum likelihood
mation part 250, and a speech recognition part 260. 20 estimation value is transferred to the speech recognition part
According to the above configuration, the sound source 260.
localization part 220, the noise suppression part 230, the The speech recognition part 260 converts the voice into a
variance measurement part 240, the maximum likelihood text by using the maximum likelihood estimation value cal-
estimation part 250, and the speech recognition part 260 culated by the maximum likelihood estimation part 250, and
constitute a virtual software block realized by controlling a 25 outputs the text.
CPU 101 based on a program deployed in the main memory In the embodiment, a power value (power spectrum) in a
103 of FIG. 1. The program for controlling the CPU 101 to frequency domain is assumed for transfer of voice data
realize such functions can be provided by being stored in a between the components.
magnetic disk, an optical disk, a semiconductor memory or Next, description is made of a method for reducing effects
other storage media to be distributed, and delivered through a 3e of aliasing for the recorded voice according to the embodi-
network. In the embodiment, the program is inputted through ment.
the network interface 106 and the floppy disk drive 108 shown The output of the beam former of a type for assuming a
in FIG. 1, a not-shown CD-ROM Dirive, or the like, to be noise component to execute spectral subtraction, such as the
stored in a hard disk 10S. Then, the program stored in the hard profile fitting method of the first embodiment, and the con-
disk 108 is read into the main memory 103 to be deployed, 35 ventionally used 2-channel spectral subtraction method,
and executed by the CPU 101 to realize the function of each includes an error of large variance of an average O in a time
component shown in FIG. 10. Transfer of data between the direction mainly around a power of a specific frequency
components realized by the program-controlled CPU 101 is where a problem of aliasing occurs. Thus, for a predetermined
carried out through a cache memory of the CPU 101 or the voice frame, a solution made of averaged signal powers
main memory 103. 49 among adjacent sub-band in frequency direction is consid-
The voice input part 210 is realized by a microphone array ered. This solution is called a smoothing solution. Since spec-
111 constituted of a number N of microphones, and a sound trum envelope of a voice is expected to be continuously
card 110 to record a voice. The recorded voice is converted changed, by such averaging in the frequency direction, mixed
into electric voice data to be transferred to the sound source errors can be expectedly averaged to be reduced.
localization part 220. Since a problem of aliasing becomes 45  However, since the smoothing solution has a nature of dull
conspicuous when there are two microphones, description is spectral distribution from the above definition, a spectrum
made assuming that the voice input part 10 is provided with structure is not represented accurately. That is, even if the
two microphones (i.e., two voice data are recorded). smoothing solution itself is used for speech recognition, a
The sound source localization part 220 assumes a sound good speech recognition result cannot be obtained.
source location (sound source direction) of a target voice 58  Therefore, according to the embodiment, linear interpola-
from two voice data simultaneously recorded by the voice tion is considered for an observation value of the noise-sup-
input part 210. Sound source location information assumed pressed input voice and the smoothing solution. A value near
by the sound source localization part 220, and the two voice the observation value is used at a frequency with a small
data obtained from the voice input part 210 are transferred to observation error, and a value near the smoothing solution is
the noise suppression part 230. 55 used at a frequency with a large observation error. A value
The noise suppression part 230 is a beam former of a type assumed as a value to be used is a maximum likelihood
for assuming and subtracting a predetermined noise compo- estimation value. Thus, as the maximum likelihood estima-
nent in the recorded voice. That is, the noise suppression part tion value, in the case of high S/N (ratio of signal and noise)
230 outputs one voice data having noise of a sound from a including almost no noise in a signal, a value very near the
sound source location other than that of the target voice 68 observation value is used in almost all frequency domains. In
canceled as much as possible (noise suppression) by using the the case of low S/N including much noise, a value near the
sound source location information and the two voice data smoothing solutionis used around a specific frequency where
received from the sound source localization part 220. As a aliasing occurs.
type of a beam former, a beam former for canceling a noise Hereinafter, a specific content of a process for calculating
component by the profile fitting of the first embodiment, ora 65 the maximum likelihood estimation value is formulated.

beam former for canceling a noise component by a conven-
tionally used 2-channel spectral subtraction may be used.

In order to prepare for inevitable observation errors when a
predetermined target is observed, the observation target is
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modeled in a certain form to execute maximum likelihood
estimation. According to the embodiment, by using the prop-
erty that “spectrum envelope is changed continuously” as a
voice model of the observation target, a smoothing solution of
a spectrum frequency direction is defined.

A state equation is set as the following equation 10.

S(o,N=S(0,1+Y(w,T) [Equation 10]

(hereinafter, S is also described as S7).

Here, S™ denotes a smoothing solution averaging powers S
of a target voice included in the main beam former among
adjacent sub-band points. Y denotes an error from the
smoothing solution, which is called a modeling error. Also, ®
denotes a frequency, and T a time-sequential number of a
voice frame.

It an output (power spectrum) of a beam former as an
observation value is Z, an observation equation is defined as
the following equation 11.

Z(0,1)=S(0,7)+V(»,1) [Equation 11]

Here, V denotes an observation error. This observation
error is large at a frequency where aliasing occurs. After an
observation error Z is obtained, a conditional probability
distribution P(SIZ) at a power S of a target voice is repre-
sented by the following equation 12 based on Bayes’ formula.

P(SIZ)=P(ZIS)-P(S)IP(Z) [Equation 12]

In this case, an assumption value S~ by a model is used if
the observation error'V is large, and the observation value Z
itself is used if the observation error V is small, whereby
reasonable assumption is made.

Such a maximum likelihood estimation value of S is
obtained by the following equations 13 to 16/

$(@,1)=SS(0,1)+(p(@,7)/r0,1){Z(@,1)-5@,1)}  [Equation 13]

(hereinafter, § is also described as ")

p(@,1)=(g(0,1)  +r(®,1))! [Equation 14]

(0, D=E[{ Y0, )} )ur [Equation 15]

HO.DE[ V0, T) )1 [Equation 16]

Here, q denotes variance of a modeling error Y, and r
variance of an observation error V. In the equations 15, 16,
average values ofY, V are assumed to be 0. Here, as shown in
FIG. 11 showing a range of variance measurement, E[ ], »
represents an operation of taking an expected value of m
[multiplied by] n points around w, T. The letters o, and T,
represent point in m [multiplied by] n points.

In the equation 13, the smoothing solution S~ is not directly
obtained. However, a smoothing solution V™~ of the observa-
tion error V is assumed to take a value near 0 by averaging,
and a smoothing solution Z~ of the observation value Z is used
instead as shown in the following equation 17.

Z(0,D=S(0,1)-T(w,N=5(0,T) [Equation 17]

For the observation error variance r, first, a stationary
nature is assumed to set r(w). As a power S of a target voice is
0 in the noise section, by observing the observation value Z,
the above can be obtained from the equations 11, and 16. In
this case, a range of an operation of measuring variance
becomes similar to a range (a) of FIG. 11.

For the modeling error variance q, as the modeling error Y
cannot be directly observed, assumption is made by observ-
ing f given in the following equation 18.
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F(, T) = E[{Z(wi, T)) - Z(wi, T) ] [Equation 18]

~ E[{Y(wi, T)) + V@i, THF, 7
~ E[{¥(wi, )P, + ElV (i, TP, 7

=q(w, T) +r(w)

Here, it is assumed that there is no correlation between the
modeling error Y and the observation error V. As the obser-
vation error variance r has been obtained, by observing fin the
voice section, modeling error variance q can be obtained from
the equation 18. In this case, a range of an operation of
measuring variance is similar to a range (b) shown in FIG. 11.

According to the embodiment, the foregoing process is
executed by the variance measurement part 240 and the maxi-
mum likelihood estimation part 250.

FIG. 12 is a flowchart illustrating an operation of the vari-
ance measurement part 240.

As shown in FIG. 12, after obtaining a power spectrum
Z(w,T) after noise suppression of a voice frame T from the
noise suppression part 230 (step 1201), the variance measure-
ment part 240 determines whether the voice frame T belongs
to the voice section or to the noise section (step 1202). Deter-
mination for the voice frame T can be made by using a
conventionally known method.

If the inputted voice frame T belongs to the noise section,
the variance measurement part 240 refers the observation
error variance r(w) to past history to execute recalculation
(updating) according to the equations 11, 16 (step 1203).

On the other hand, if the inputted voice frame T belongs to
the voice section, the variance measurement part 240 first
makes a smoothing solution S™(w,T) from the power spec-
trum Z(w, T) as the observation value by the equation 17 (step
1204). Then, by the equation 18, the modeling error variance
q(w, T) is recalculated (updated). The updated observation
error variance r(w), or the updated modeling error variance
q(w,T), and the prepared smoothing solution S™(w, T) are
transferred to the maximum likelihood estimation part 250
(step 1206).

FIG. 13 is a flowchart illustrating an operation of the maxi-
mum likelihood estimation part 250.

As shown in FIG. 13, the maximum likelihood estimation
part 250 obtains a power spectrum Z(w, T) after noise sup-
pression of the voice frame T from the noise suppression part
230 (step 1301), and observation error variance r(w), model-
ing error variance q(w, T), and smoothing solution S~ (w, T)
in the voice frame T from the variance measurement part 240
(step 1302).

Then, by using each of the obtained data, the maximum
likelihood estimation part 250 calculates a maximum likeli-
hood estimation value S™(w, T) by the equation 13 (step
1303). The calculated maximum likelihood estimation part
S™(w, T) is transferred to the speech recognition part 260 (step
1304).

FIG. 14 shows a configuration where a 2-channel spectral
subtraction beam former is used for the speech recognition
system, and the embodiment is applied thereto.

The 2-channel spectral subtraction beam former shown in
FIG. 14 is abeam former using s 2-channel adaptive spectral
subtraction method which is a method for adaptively adjust-
ing weight.

In FIG. 14, two microphones 1401, 1402 correspond to the
voice input part 210 shown in FIG. 10, and main beam former
1403, and a sub-beam former 1404 realize functions of the
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sound source localization part 220 and the noise suppression
part 230. That is, this 2-channel spectral subtraction beam
former executes spectral-subtraction of an output of the sub-
beam former 1404 that forms a directional null on a target
sound source direction from an output of the main beam
former 1403 having directivity pattern on the target sound
source direction regarding voices recorded by the two micro-
phones 1401, 1402. The sub-beam former 1404 is considered
to output a signal of only a noise component including no
voice signals of the target sound source. Each of the outputs of
the main beam former 1403 and the sub-beam former 1404 is
treated by fast Fourier transformation (FFT). After given pre-
determined weight W(w) is incorporated and the subtraction
is executed, the above is passed through processes of the
variance measurement part 240, the maximum likelihood
estimation part 250, and executed to inverse fast Fourier
transformation (I-FFT) to be outputted to the speech recog-
nition part 260. Needless to say, if the speech recognition part
260 receives data of a frequency domain as an input, this
inverse Fourier transformation can be omitted.

An output power spectrum of the main beam former 1403
is set to M;(w, T), and an output power spectrum of the
sub-beam former 1404 is set to M,(w, T). If a signal power
and a noise power included in the main beam former 1403 are
respectively S and N, and a noise power included in the
sub-beam former is N,, the following relation is provided.

M\(0,1)=S(0,1)+Ny(0,T)

My(0,D)=N,(0,1)

Here, it is assumed that there is no correlation between a
signal and noise.

It an output of the sub-beam former 1404 is multiplied by
a weight coefficient W(w) to be subtracted from an output of
the main beam former 1403, its output Z is represented as
follows.

Z(w,T) = My(w,T) = W(w)- Ma (w0, T) =

S, T) +{N1(w, T) — W(w) - Na(w, T)}

A weight W(w) is trained to minimize the following by using
E[ ] as an expected value operator.

E[[N,(0,1)-TT(@)No(,D)]]

FIG. 15 shows an example of a trained weight coefficient
W(w) when a noise source is arranged on the right by 40
degrees.

Referring to FIG. 15, it can be understood that an especially
large value is determined at a specific frequency. At such a
frequency, cancellation accuracy of a noise component
expected in the above-described equation is considerably
reduced. In other words, a large error occurs accompanying in
a value of the observed output power Z (o, T).

Accordingly, a state equation and an observation equation
are set as the above-described equations 10, and 11.

Then, the variance measurement part 240 and the maxi-
mum likelihood estimation part 250 calculate a maximum
likelihood estimation value by the above-described equations
13 to 16.

Thus, ifthere are no large errors in the value of the output
power Z(w,T), i.e., if almost no noise by aliasing is included
in a signal of a recorded voice, a maximum likelihood esti-
mation value near an observation value is treated by an
inverse fast Fourier transformation to be outputted to the
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speechrecognition part 260. On the other hand, it a large error
is present in the value of the output power Z(w, T), i.e., if
much noise by aliasing is included in the signal of the
recorded voice, around a specific frequency causing the alias-
ing, amaximum likelihood estimation value near a smoothing
solution is treated by an inverse fast Fourier transformation to
be outputted to the speech recognition part 260.

FIG. 16 shows an example of an appearance of a computer
provided with the 2-channel spectral subtraction shown in
FIG. 14 in the speech recognition system.

The computer shown in FIG. 16 is provided with stereo
microphones 1621, 16222 in the upper part of a display
(LCD) 1610. The stereo microphones 1621, 1622 correspond
to the microphones 1401, 1402 shown in FIG. 14, and used as
the voice input part 210 shown in FIG. 10. Then, by a pro-
gram-controlled CPU, the main beam former 1403, and the
sub-beam former 1404 functioning as the sound source local-
ization part 220 and the noise suppression part 230, and
functions of the variance measurement part 240 and the maxi-
mum likelihood estimation part 250 are realized. Thus,
speech recognition having effects ofaliasing reduced as much
as possible can be executed.

The embodiment has been described by taking the example
of reducing noise by aliasing conspicuously occurring espe-
cially in the 2-channel beam former. Needless to say, how-
ever, in addition to the above, the noise canceling technology
of the embodiment using the smoothing solution and the
maximum likelihood estimation can be used to cancel a vari-
ety of noises which cannot be canceled by a method such as
the 2-channel spectral subtraction or the profile fitting of the
first embodiment.

As described above, according to the present invention,
background noise of a sound source other than a target direc-
tion sound source can be efficiently canceled from a recorded
voice to realize highly accurate speech recognition.

Moreover, according to the present invention, it is possible
to provide a method for effectively suppressing inevitable
noise such as effects of aliasing in a beam former, and a
system using the same.

Although the preferred embodiments of the present inven-
tion have been described in detail, it should be understood that
various changes, substitutions and alternations can be made
therein without departing from spirit and scope of the inven-
tions as defined by the appended claims.

What is claimed is:

1. A speech recognition apparatus comprising:

amicrophone array, comprising at least three microphones,
each microphone measuring a delay and a sum of peak
power for each of a plurality of angles from a horizontal
axis and from a vertical axis in response to a white noise
source located at a plurality of locations about said
microphone array;

a first directional sound source profile database for storing
aplurality of first directional sound source profiles, each
of said plurality of first directional sound source profiles
determining a first direction sound source profile for
each of said plurality of locations based on said measur-
ing;

a target location for said microphone array, where a voice
and noise are recorded;

a noise suppressor, receiving a voice signal and a noise
signal recorded at said target location by said micro-
phone array, said noise suppressor comprising:
an array of delay and sum units, each delay and sum unit

introducing a different delay from a range of negative
and positive delays into said recording of said voice
and said noise signal and producing a sum of peak
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power for said voice signal associated with each of inputting a voice signal, recorded from said target location,
said plurality of angles from said horizontal axis and and a noise signal from said recording into a noise sup-
with each of said plurality of angles from said vertical pressor for noise suppressing, said noise suppressing
axis; comprising:
wherein said voice signal associated with an angle of 5 introducing different a delay, from a range of negative

said horizontal axis and an angle of said vertical
axis, corresponding to said target location, pro-
duces a maximal in-phase sum of peak power sig-
nal associated with said target location;

and positive delays, into said recording of said voice
signal and said noise signal by an array of delay and
sum units, each said delay producing a sum of peak
power for said voice signal associated with each of

an array of Fourier transform units, each Fourier trans- 10 said plurality of angles from said horizontal axis and
form unit corresponding to one of said array of delay with each of'said plurality of angles from said vertical
and sum units and converting said voice signal from axis;
said one of said array of delay and sum units to a voice wherein said voice signal associated with an angle of
power distribution for each of a plurality of frequency said horizontal axis and an angle of said vertical
bands correspondingly associated with each of said 15 axis, corresponding to said target location, pro-
plurality of angles from said horizontal axis and from duces a maximal in-phase sum of peak power sig-
said vertical axis; nal associated with said target location;
an array of second profile fitting units, each said second performing Fourier transforms by an array of Fourier
profile fitting unit approximately decomposing said transform units on signals received from said array of
voice power distribution for each of said plurality of 26 delay and sum units, each Fourier transform unit cor-
frequency bands, received from each Fourier trans- responding to one of said array of delay and sum units
form units, providing a number of second profiles and converting said voice signal from said one of said
corresponding to said plurality of frequency bands, array of delay and sum units to a voice power distri-
and selecting one of said second profiles based on bution for each of a plurality of frequency bands cor-
correlating each of said voice power distributions that 25 respondingly associated with each of said plurality of
are approximately decomposed to each of said plural- angles from said horizontal axis and from said vertical
ity of first directional sound source profiles, stored in axis;
said first directional sound source profile database, to approximately decomposing said voice power distribu-
one direction corresponding to said voice recorded at tions, received from each of said Fourier transform
said target location; 3e units for each one of said plurality of frequency bands,
wherein said approximately decomposing comprises by an array of second profile fitting units, each said
evaluating a directional target voice profile that second profile fitting unit providing a number of sec-
equals a weighted sum of a first directional sound ond profiles corresponding to said plurality of fre-
source profile for said white noise source in said quency bands and selecting one of said second pro-
one direction of said target location and a non- 33 files based on correlating each of said voice power
directional noise profile; distributions that are approximately decomposed to
wherein a weight coefficient of said first directional each of said plurality of first directional sound source
sound source profile and a weight coefficient for profiles, stored in said first directional sound source
said non-directional noise profile are obtained by profile database, to one direction corresponding to
minimizing an evaluative function; and 49 said voice recorded at said target location;
wherein a power of only a voice signal, without noise wherein said approximately decomposing comprises
components, is determined for each of said plural- evaluating a directional target voice profile that
ity of frequency bands, based on said weight coef- equals a weighted sum of a first directional sound
ficient of said first directional sound source profile source profile for said white noise source in said
and said weight coefficient for said non-directional ® one direction of said target location and a non-
noise profile; directional noise profile;

a spectrum reconstruction unit that receives said power of wherein a weight coefficient of said first directional
only a voice signal for each of said plurality of frequency sound source profile and a weight coefficient for
bands for reconstructing said power of only a voice 5 said non-directional noise profile are obtained by
recorded at said target location; and ’ minimizing an evaluative function; and

an output device that outputs said reconstruction of said wherein a power of only a voice signal, without noise,
power of only a voice recorded at said target location as is determined for each said plurality of frequency
a voice recording, without noise, from said target loca- bands, based on said weight coefficient of said first
tion. 55 directional sound source profile and said weight

2. A speech recognition method measuring for each micro- coefficient for said non-directional noise profile;

phone of a microphone array, comprising at least three micro- transferring said power of only a voice signal for each of
phones, a delay and a sum of peak power for each of a said plurality of frequency bands to a spectrum recon-
plurality of angles from a horizontal axis and from a vertical struction unit for reconstructing said power of only a
axis in response to a white noise source located at a plurality 4 voice recorded at said target location; and
of locations about said microphone array; outputting said reconstructing of said power of only a voice
determining a first direction sound source profile for each recorded at said target location as a voice recording,
of said plurality of locations based on said measuring; without noise, from said target location.

storing a plurality of first directional sound source profiles 3. A program storage device readable by machine, tangibly
in a first directional sound source profile database; 65 embodying a program of instructions executable by said

subsequently, recording a voice, located at a target loca- machine to perform a method of speech recognition, said
tion, and noise from said microphone array; method comprising:
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measuring for each microphone of a microphone array,
comprising at least three microphones, a delay and a sum
of peak power for each of a plurality of angles from a
horizontal axis and from a vertical axis in response to a
white noise source located at a plurality of locations
about said microphone array;
determining a first direction sound source profile for each
of said plurality of locations based on said measuring;
storing a plurality of first directional sound source profiles
in a first directional sound source profile database;
subsequently, recording a voice, located at a target loca-
tion, and noise from said microphone array;
inputting a voice signal, recorded from said target location,
and a noise signal from said recording into a noise sup-
pressor for noise suppressing, said noise suppressing
comprising:
introducing different a delay, from a range of negative
and positive delays, into said recording of said voice
signal and said noise signal by an array of delay and
sum units, each said delay producing a sum of peak
power for said voice signal associated with each of
said plurality of angles from said horizontal axis and
with each of said plurality of angles from said vertical
axis;
wherein said voice signal associated with an angle of
said horizontal axis and an angle of said vertical
axis, corresponding to said target location, pro-
duces a maximal in-phase sum of peak power sig-
nal associated with said target location;

performing Fourier transforms by an array of Fourier 3e

transform units on signals received from said array of
delay and sum units, each Fourier transform unit cor-
responding to one of said array of delay and sum units
and converting said voice signal from said one of said
array of delay and sum units to a voice power distri-
bution for each of a plurality of frequency bands cor-
respondingly associated with each of said plurality of
angles from said horizontal axis and from said vertical
axis;

26

approximately decomposing said voice power distribu-
tions, received from each of said Fourier transform
units for each one of'said plurality of frequency bands,
by an array of second profile fitting units, each said
second profile fitting unit providing a number of sec-
ond profiles corresponding to said plurality of fre-
quency bands and selecting one of said second pro-
files based on correlating each of said voice power
distributions that are approximately decomposed to
each of said plurality of first directional sound source
profiles, stored in said first directional sound source
profile database, to one direction corresponding to
said voice recorded at said target location;

w

wherein said approximately decomposing comprises
evaluating a directional target voice profile that
equals a weighted sum of a first directional sound
source profile for said white noise source in said
one direction of said target location and a non-
directional noise profile;

—
w

20

wherein a weight coefficient of said first directional
sound source profile and a weight coefficient for
said non-directional noise profile are obtained by
minimizing an evaluative function; and
wherein a power of only a voice signal, without noise,
is determined for each said plurality of frequency
bands, based on said weight coefficient of said first
directional sound source profile and said weight
coefficient for said non-directional noise profile;
transferring said power of only a voice signal for each of
said plurality of frequency bands to a spectrum recon-
struction unit for reconstructing said power of only a
voice recorded at said target location; and
outputting said reconstructing of said power of only a voice
recorded at said target location as a voice recording,
without noise, from said target location.

35
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