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(57) ABSTRACT 
According to a method of detecting an acoustic signal, 
first and second sound receiving units are located at 
substantially the same position and are used to output 
signals having different target signal power to noise 
power ratios (S/N ratios). When a difference between 
the powers of the signals output from the first and sec 
ond sound receiving units or a ratio of the power of the 
signal from the first sound receiving unit to that from 
the second sound receiving unit in a given period falls 
within a predetermined range, reception of the target 
signal within the given period is discriminated. The first 
sound receiving unit is an adaptive microphone array 
capable of controlling directivity characteristics in cor 
respondence with a noise position. 

5 Claims, 12 Drawing Sheets 
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METHOD OF DETECTING ACOUSTICSIGNAL 
BACKGROUND OF THE INVENTION 

The present invention relates to a method of detect 
ing an acoustic signal, and a method of detecting a 
period of a desired acoustic signal in a signal including 
noise and the desired acoustic signal. 

In recent years, although speech recognition appara 
tuses have been remarkably developed, the develop 
ment of a speech recognition apparatus for recognizing 
speech in a noisy environment has been retarded be 
cause it is difficult to correctly detect a speech period 
(i.e., to detect a period during which speech is present 
on the time axis) in a signal contaminated by noise. 
When a noise period is recognized as a speech period, 
noise is forcibly caused to correspond to any phoneme, 
and it is impossible to obtain a correct speech recogni 
tion result. Therefore, it is very important to develop a 
speech period detection technique which can be used in 
a noisy environment. 
FIG. 1 is a timing chart for explaining the first con 

ventional speech period detection method. This chart 
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shows changes in short time power as a function of 
time. The short time power of a signal output from a 
microphone is plotted along the ordinate, and the time 
is plotted along the abscissa. In the following descrip 
tion, the short time power will be referred to as a 
"power'. A signal generally contains stationary noise 
11 (noise having almost a constant power, such as air 
conditioning noise or fan noise of equipment), unstation 
ary noise 12 (noise whose power is greatly changed, 
such as a door closing sound and undesired speech), and 
desired speech 13. Although the power of the stationary 
noise can be known in advance, the unstationary noise 
power is unpredictable. 
According to the first conventional method, a power 

of a signal is kept monitored. When this power exceeds 
a threshold value Th14 determined on the basis of the 
stationary noise power, the corresponding period is 
recognized as a speech period. Most of the existing 
speech recognition apparatuses perform speech period 
detection by using this method. According to this 
method, although a correct speech period 16 shown in 
FIG. 1 can be detected, an unstationary noise period 15 
having a high power is also erroneously detected as a 
speech period, resulting in inconvenience. 
The second conventional method will be described 

below. 
According to the second conventional method, two 

microphones are located to cause an S/N ratio differ 
ence between outputs from the two microphones. The 
examples of microphone arrangement for the method 
are shown in FIGS. 2(a) and 20b). That is, as shown in 
FIG. 2(a), a first microphone 1 is located near a speaker 
3, and a second microphone 2 is located away from the 
speaker 3. Alternatively, as shown in FIG. 2(b), the first 
microphone 1 is located in front of the speaker 3, and 
the second microphone 2 is located near the side of the 
speaker 3. In these arrangement, the speech power level 
of the output from the first microphone is higher than 
that from the second microphone. On the other hand, 
assuming that noise is generated in a remote location, 
the noise power levels of the outputs from these micro 
phones are almost equal to each other. As a result, an 
S/N ratio difference in outputs of the two microphones 
OCCTS. 
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2 
FIGS. 3(a), 3(b), and 3(c) are charts for explaining an 

ideal operation of the second conventional method. 
More specifically, FIG. 3(a) shows a time change in 
power P1 of the output from the first microphone, and 
FIG. 3(b) shows a time change in power P2 of the out 
put from the second microphone. Reference numerals 
11 in FIGS. 3(a) and 3(b) as in FIG. 1 denote stationary 
noise; 12, unstationary noise, and 13, speech. Since the 
two microphones are arranged as shown in FIG. 2(a) or 
FIG.2(b), the power of the speech in FIG.3(b) is lower 
than that in FIG. 3(a), while the noise power levels of 
these outputs are equal to each other. As shown in FIG. 
3(c), according to the second conventional method, a 
difference PD (=P1-P2) between the short time pow 
ers P1 and P2 of the two signals is calculated. When the 
power difference PD is larger than a given threshold 
value Pth17, a corresponding time period 18 is detected 
as a speech period. According to the second conven 
tional method, as is apparent from FIG.3(c), the unsta 
tionary noise period having a high power is not de 
tected as a speech period, unlike in the first conven 
tional method. 
The second conventional method, however, is rarely 

operated in an ideal state because the following three 
conditions must be satisfied to correctly detect a speech 
period by utilizing a power difference in the two sig 
nals: 

Condition 1: An S/N ratio difference in two signals 
must be present. 

Condition 2: Noise and speech periods of the two 
signals must be matched with each other as a function of 
time. 

Condition 3: A variation in S/N ratio difference 
caused by various factors is small (stability of the S/N 
ratio difference). 
According to the second conventional method, the 

first condition is satisfied, while the second and third 
conditions are not satisfied. Therefore, the following 
problems are posed. 
The first problem will be described below. FIG. 4 

shows an arrangement obtained by adding a noise 
source 4 to the arrangement of FIG. 2(a). At this time, 
speech is input to the first microphone 1 and then the 
second microphone 2. However, noise is input to the 
second microphone 2 and then the first microphone 1. 
Therefore, the speech and noise periods of the two 
microphone output signals are not matched as a func 
tion of time. 
The above situation is shown in FIGS. 5(a), 5(b), and 

5(c). FIG. 5(a) shows the power P1 of the output from 
the first microphone 1, FIG. 5(b) shows the power P2 of 
the output from the second microphone 2, and FIG. 5(c) 
shows the power difference PD. Reference numeral 11 
denotes stationary noise; 12, unstationary noise; and 13, 
speech, as in FIGS. 3(a) to 3(c). 

Relationships between the speech powers and the 
noise powers in FIGS. 5(a) and 5(b) are the same as 
those in FIGS. 3(a) and 3(b). However, in the relation 
ships shown in FIGS. 5(a) and 5(b), the speech as the 
output from the second microphone 2 is delayed from 
that as the output from the first microphone 1 by a 
period TS31, whereas the noise as the output from the 
second microphone 2 advances from that from the out 
put from the first microphone by a period TN32. The 
speech and noise periods are not matched with each 
other as a function of time. As a result, the difference 
PD between the two signal powers is different from that 
of FIG. 3(c), as shown in FIG. 5(c). When a period 
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during which the difference exceeds the threshold value 
Pth17 is detected as a speech period, a period 33 in FIG. 
5(c) is erroneously detected as a speech period, thus 
posing the first problem. Because the time difference 
rN32 in this noise period is greatly changed depending 
on the position of the noise source, it is impossible to 
establish matching by using a delay element. 
As the second problem, there are various factors for 

changing an S/N ratio difference between the two mi 
crophone outputs in a practical situation, therefore, it is 
difficult to assure stability of the S/N ratio difference 
between the two signals as follows. 
The first variation factor is the position of the noise 

source. As described above, the noise source is assumed 
to be located in a remote location. When, however, the 
noise source is located at a relatively close location, the 
position of the noise source becomes a large variation 
factor for the S/N ratio difference. FIGS. 6(a) and 6(b) 
explain this situation. Reference numerals 1 and 2 in 
FIGS. 6(a) and 6(b) denote first and second micro 
phones, respectively; 3, speakers; and 4, noise sources, 
as in FIG. 4. When the noise source 4 is located at 
positions indicated in FIGS. 6(a) or 6(b), the noise 
power of the output from the first microphone 1 is 
higher than that from the second microphone 2, as in 
the speech powers. As a result, an S/N ratio difference 
between the two microphone outputs becomes fairly 
small. 
The second variation factor is movement of the 

speaker. For example, when the speaker 3 turns his head 
in a right 45' direction in FIG. 6(b), the speech signal is 
received by each microphone at almost the same level. 
As a result, a speech power difference does not occur in 
the outputs of the two microphones, thus an S/N ratio 
difference varies. 
The third variation factor is an influence of room 

echoes. When two microphones are located so as to 
cause the S/N ratio difference in their outputs, room 
echoes having different time structures and magnitudes 
are added to the noise and speech components of the 
each microphone output. As a result, an S/N ratio is 
difference greatly changed as a function of time. 

In addition to the above mentioned major variation 
factors, there are other factors such as electrical noise 
and vibration noise. Therefore, it is very difficult to find 
a microphone arrangement which assure a stable S/N 
ratio difference in an atmosphere where these various 
factors for changing the S/N ratios are present. 
As described above, the second conventional method 

has the above decisive drawback and cannot be effec 
tively utilized in practical applications. 
The third conventional method for overcoming this 

drawback of the second conventional method will be 
described with reference to FIG. 7. Referring to FIG.7, 
reference numeral 1 denotes a first microphone; 2, a 
second microphone; 21, a short time power calculation 
unit; 22, a speech period candidate detection unit; 23 
and 24, average power calculation units for speech 
period candidates; 25, a power difference detection unit; 
and 26, a speech period candidate testing unit. 
According to this method, as in the second conven 

tional method, the first microphone is located such that 
a ratio of speech to ambient noise is large, whereas the 
second microphone is located such that an S/N ratio is 
smaller than that of the first microphone. According to 
this method, a short time power of an output signal from 
the first microphone 1 is calculated by the short time 
power calculation unit 21. The short time power of the 
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4. 
signal is kept monitored by the speech period candidate 
detection unit 22. The speech period candidate detec 
tion unit 22 detects a speech period candidate as a per 
iod when its power exceeds a threshold value Th. The 
above operations are the same as those in the first con 
ventional method shown in FIG.1. The noise period 15 
shown in FIG. 1 is detected as a speech period candi 
date. Then, average powers of the outputs from the first 
and second microphones during this candidate period 
are calculated by the average power calculation units 23 
and 24. Next, the difference PDL between two average 
powers is obtained by the power difference detection 
unit 25. Finally, when the power difference PDL ex 
ceeds a predetermined threshold value PDLt, this can 
didate period is recognized as a correct speech period 
by the speech period candidate testing unit 26. Other 
wise, this candidate period is discarded. 
According to the characteristic feature of the third 

conventional method, a difference between the average 
powers obtained within a relatively long time candidate 
period, is calculated in place of the short time power 
difference. Even if the speech and noise periods of one 
microphone output are not matched with those of the 
other microphone output, as shown in FIGS. 5(a) and 
5(b), or even time variations in S/N ratio caused by 
room echoes occur, its influence on the average power 
difference is reratively small. Therefore, the third con 
ventional method seems to solve the problems of the 
second conventional problem. 

In the third conventional method, however, since the 
speech period is determined based on the average 
power within the candidate period, an incorrect dis 
crimination result occurs when the noise and speech 
periods appear continuously, as shown in FIG.8. FIG. 
8 shows an output from the first microphone. A correct 
speech period is a period 34 in FIG. 8. As shown in 
FIG. 8, since unstationary noise 12 is close to speech 13 
along the time axis, a period 35 which contains both the 
noise and speech periods and the short time power of 
which exceeds a threshold value Th14 is detected as a 
speech period candidate. When this candidate period 35 
is discriminated as a correct speech period upon calcu 
lation of an average power difference, a period 36 
shown in FIG. 8 becomes an erroneously detected per 
iod. When the above speech period is discarded, the 
correct speech period is recognized as a non-speech 
period. In either case, an erroneous discrimination re 
sult is obtained. 
The third conventional method, therefore, cannot 

serve as a means for solving the drawback of the second 
conventional method. 
Various problems are present in the conventional 

speech period detection methods. It is therefore difficult 
to correctly detect a speech period when unstationary 
noise is present in an input signal. 

SUMMARY OF THE INVENTION 

It is therefore a principal object of the present inven 
tion to provide a method of detecting an acoustic signal, 
capable of detecting an speech period in an atmosphere 
of unstationary noise with higher precision than a con 
ventional technique. 

It is another object of the present invention to pro 
vide a method of detecting an acoustic signal, capable of 
detecting a speech period with high precision even if a 
noise source is present at an arbitrary position except for 
a position near a speaker (+30' range when the speaker 
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is viewed from the microphone), and even if the speaker 
moves within an expected range. 

In order to achieve the above objects of the present 
invention, the following requirements are indispensable. 
That is, in order to correctly detect a speech period by 5 
using a power difference between two signals, the fol 
lowing three conditions must be satisfied: 

Condition 1: An S/N ratio difference in two signals 
must be present. 

Condition 2: Noise and speech periods of the two 10 
signals must be matched with each other as a function of 
time. 

Condition 3: A variation in S/N ratio difference 
caused by various factors is small (stability of the S/N 
ratio difference). 
According to the first feature of the present inven 

tion, in order to satisfy both the first and second condi 
tions, two sound receiving units for generating signals 
having different S/N ratios are located at a single posi 
tion (strictly speaking, this single position can be posi 
tions which can be deemed to be a single position to 
effectively operate the present invention), and a speech 
period is detected by using a power difference between 
the two output signals. According to the second feature 
of the present invention, one of the two sound receiving 
units comprises a microphone array system having a 
directivity control function to satisfy the third condi 
tion. 
According to the first feature of the present inven 

tion, since noise and speech reach both the sound re 
ceiving units at the identical time, the noise and speech 
periods of an output from one sound receiving unit are 
matched with those from the other sound receiving unit 
as a function of time, thus satisfying the second condi 
tion and solving the first problem of the second conven 
tional method. 
When the two sound receiving units are located at the 

single position, the time structures of the echoes added 
to the signals are equal to each other. Therefore, the 
influence of the echoes which causes variations in S/N 
ratio difference between the two sound receiving unit 
outputs, as pointed as the second problem of the second 
conventional method, can be greatly reduced by the 
first feature of the present invention. 
According to the second feature of the present inven 

tion, variations in S/N ratio difference between the two 
sound receiving unit outputs caused by the position of 
the noise source and movement of the speaker, as 
pointed out as the second problem of the second con- 50 
ventional problem, can be decreased. This will be de 
scribed in detail later. 
The present invention will be described in detail with 

reference to preferred embodiments in conjunction with 
the accompanying drawings. 
BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a chart showing the first conventional 
speech period detecting method; 
FIGS. 2(a) and 20b) are views showing microphone 60 

arrangements for explaining the second conventional 
speech period detecting method; 

FIGS. 3(a), 3(b), and 3(c) are charts for explaining an 
ideal operation of the second conventional method; 

FIG. 4 is a view showing a positional relationship 65 
between microphones and a noise source; 

FIGS. 5(a), 5(b), and 5(c) are charts for explaining 
problems of the second conventional method; 

15 

20 

25 

30 

35 

45 

55 

6 
FIGS. 6(a) and 6(b) are views each showing a rela 

tionship between microphones and a noise source; 
FIG. 7 is a block diagram showing a third conven 

tional speech period detecting method; 
FIG. 8 is a chart for explaining a problem of the third 

conventional method described in FIG. 7; 
FIG. 9 is a block diagram for explaining an embodi 

ment of a method of detecting an acoustic signal ac 
cording to the present invention; 
FIGS. 10(a) and 10(b) are views for explaining prob 

lens posed when unidirectional and omnidirectional 
microphones are used; 
FIG. 11 is a view for explaining a problem posed 

when a superdirectional sound receiving unit is used; 
FIG, 12 is a block diagram of a detailed arrangement 

of a first sound receiving unit shown in FIG. 9; 
FIG. 13 is a view showing directivity characteristics 

of an adaptive microphone array; 
FIGS. 14(a) and 14(b) are charts showing waveforms 

of reception signals of impulsive noise with room ech 
oes when an omnidirectional microphone and an adapt 
ive microphone array are used; 
FIG. 15 is a block diagram showing a detailed ar 

rangement of the embodiment shown in FIG. 9; 
FIGS. 16(a), 16(b), and 16(c) are charts for explaining 

an operation of a speech period detection unit shown in 
FIG. 15; 
FIGS. 17(a), 17(b), 17(c), and 17(d) are charts show 

ing experimental results to confirm effectiveness of the 
present invention; and 
FIGS. 18, 19 and 20 are block diagrams showing 

other embodiments of the present invention. 
FIG. 21 is an alternative, yet equivalent, illustration 

of the diagram of FIG. 12. 
DETALED DESCRIPTION OF THE 
PREFERRED EMBODEMENTS 

An arrangement of the present invention is shown in 
FIG. 9. Referring to FIG. 9, reference numeral 41 de 
notes a first sound receiving unit (i.e., a microphone 
array system) for outputting a signal having a high S/N 
ratio. The first sound receiving unit 41 comprises a 
microphone array 51 consisting of a plurality of micro 
phone elements and a directivity controller 52. Refer 
ence numeral 42 denotes a second sound receiving unit 
for outputting a signal having an S/N ratio lower than 
that of the output from the first sound receiving unit 41. 
These two sound receiving units 41 and 42 are located 
at the same position. Reference numerals 43 and 44 
denote short time power calculation units; and 45, a 
speech period detection unit based on a short time 
power difference. 

In order to describe the effectiveness of the micro 
phone array system in the present invention, assume 
that a unidirectional microphone is used as the first 
sound receiving unit 41 in place of the microphone 
array system, and that an omnidirectional microphone is 
used as the second sound receiving unit 42. With this 
arrangement, an S/N ratio of an output from the first 
sound receiving unit directed toward the speaker is 
larger than that of the output from the omnidirectional 
second sound receiving unit. 
The above method is not always operated well, as 

will be described with reference to FIGS. 10(a) and 
10(b). Referring to FIGS. 10(a) and 10(b), reference 
numeral 61 denotes a directivity pattern of a unidirec 
tional microphone; and 62, a directivity pattern of an 
omnidirectional microphone. Reference numerals 3 
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denote speakers; and 63 and 64, positions of the noise 
sources. As shown in FIG. 10(a), the unidirectional 
microphone has a high sensitivity in the speaker side 
and a low sensitivity in the opposite side. FIG. 10(b) 
shows the omnidirectional microphone has equal sensi 
tivity levels in all directions. When the noise source is 
located at the position 63 in each of FIGS. 10(a) and 
10(b), an S/N ratio of an output from the unidirectional 
microphone is larger than that of an output from the 
omnidirectional microphone. However, when the noise 
source is located at the position 64 (or moved to the 
position 64) in FIGS. 10(a) and 10(b), the sensitivity of 
the unidirectional microphone for noise is much in 
creased, and a difference between the S/N ratios of the 
outputs from the unidirectional and omnidirectional 
microphones becomes fairly small. In this manner, by 
the method using the unidirectional microphone as the 
first sound receiving unit, the S/N ratios are greatly 
changed depending on the position of the noise source. 
The problem posed by use of the unidirectional mi 

crophone may be solved by using a so-called "superdi 
rectional sound receiving unit' as the first sound receiv 
ing unit 41 of FIG. 9. However the directivity charac 
teristics of the "superdirectional sound receiving unit' 
generally vary depending on frequencies. The directiv 
ity characteristics have almost omnidirectivity in a low 
frequency range and very sharp directivity as shown in 
FIG. 11 in a high-frequency range. As a result, the S/N 
ratios are changed depending on the position of the 
noise source in the low-frequency range, and the S/N 
ratios are changed depending on slight movement of the 
speaker in the high-frequency range. 
As described above, in order to obtain good speech 

period detection results, it is difficult to use a general 
purpose directional sound receiving unit as the first 
sound receiving unit 41 in the arrangement of the pres 
ent invention shown in FIG. 9. 

In the present invention using the microphone array 
system having a directivity control function, the varia 
tions in S/N ratio can be kept small for changes in noise 
source position and movement of the speaker. This will 
be described in detail below. 
A typical example of a microphone array system 

having a directivity control function is a sound receiv 
ing unit called an adaptive microphone array. An ar 
rangement of the adaptive microphone array is shown 
in FIG. 12. Referring to FIG. 12, reference numeral 51 
denotes a microphone array consisting of M micro 
phone elements 56 to 56M, and 52, a directivity control 
ler. The directivity controller 52 comprises filters 531 to 
53M respectively connected to microphone outputs, an 
adder 55 for adding filter outputs, and a filter controller 
54. 
The filter controller 54 receives each microphone 

output signal and an output x1 from the adder 55 and 
controls the characteristics of the filters 531 to 53M to 
reduce a noise component contained in the output x1. 
The principle of operation of the filter controller 54 

will be described below. The output signal x1 from the 
adder 55 can be expressed as a sum of a speech compo 
nents and a noise component n as follows: 

x=s+n (1) 

When filter characteristics for minimizing a power n2 of 
the noise component are unconditionally obtained, all 
the filters 531 to 53M become filters having zero gain. As 
a result, although the noise component n becomes mini 
mized to zero, the speech component s is not output 
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8 
either. Therefore, a constraint is imposed on the speech 
components contained in the signal x obtained as a 
result of a filtering operation. Then, filter characteris 
tics for minimizing the noise component in contained in 
the output signal x1 under this constraint are obtained. 
The constraint may be s=so where So is a speech.com 
ponent contained in a microphone output signal (i.e., a 
filter input signal) or a condition in which a mean value 
of s-so? is kept to be a threshold value or less. 
When outputs from the M microphone elements are 

denoted as U1 to UM, and characteristics of the filters 
531 to 53M are given as hi to him, a power x1 of the 
signal x1 is represented as follows: 

2 (2) 

:-(, ksu) 14 se 1 *kuk 

Assuming that the speech and the noise are mutually 
uncorrelated, the following equation is derived from 
equation (1): 

x12=s+n? (3) 

Judging from equations (2) and (3), the power n of 
the noise component contained in the output signal x1 is 
a second order function of the filter characteristics h to 
hM. Therefore, filter control for minimizing the power 
n?of the noise component under the constraint results in 
well-known minimization problem of the second order 
function with a constraint. 

Various solutions for various constraints, and practi 
cal algorithms are described in detail in "Introduction 
to Adaptive Arrays', R. A. Monzingo et al., John 
Wiley & Sons, New York, 1980 and U.S. Pat. No. 
4,536,887. 
A specific example of the method of realizing an 

adaptive microphone array will be described. FIG. 21 
shows a method proposed by Griffiths and Jim. In FIG. 
21, parts corresponding to those in FIG. 12 are denoted 
by like refernce numerals, and corresponding signals are 
shown as like signals. Reference numeral 51 denotes a 
microphone array consisting of M microphone elements 
561 to 56M and a directivity controller 52. The directiv 
ity controller 52 comprises subtracting units 571 to 
57M-1, adaptive filters 581 to 58M-1, and a subtracting 
unit 59. The subtracting units 57 (i being 1, 2, . . . , 
M-1) receive microphone output signals ui and ui-1 
and output subtraction results vi. The adaptive filters 
581 to 58M-1 receive the subtraction results v1 to v M-1, 
and their outputs are subtracted in the subtracting unit 
59 from the first microphone element output u1 to pro 
duce an output signal x1. The output signal x1 is fed back 
to each adaptive filter. 
The operation of this method is as follows. It is now 

assumed that the microphone elements 561 to 56M are 
arranged on a line, and a voice arrives as a plane wave 
in a direction perpendicular to the line. At this time, all 
the voice components contained in the microphone 
outputs u1 to u? are in phase. Thus, by operations of 
taking the difference between two microphone outputs 
in the subtracting units 571 to 57M-1, the voice compo 
nents are cancelled, that is, the subtracting unit outputs 
v1 to v M-1 do not contain voice components. If noise 
arrives in a direction different from the direction of 
arrival of the noise, the noise components contained in 
signals u1 to u? are not in phase and thus are not can 
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celled throughthe subtracting operation. Thus, the sig 
nals V1 to VM-1 contain the sole noise components. 
The adaptive filters correct the filter characteristics 

as a result of subtraction of each filter output from the 
first microphone element output u1so as to minimize the 
power of the signal x1. These adaptive filters are usually 
realized as digital filters, and the well-known LMS 
algorithm or the like is used for the correction of the 
coefficients of the digital filters. Details of the algorithm 
of the adaptive filters are described in, for instance, B. 
Widrow and S. Samuel, "Adaptive Signal Processing", 
Prentice-Hall, 1985. Also, various commercially avail 
able LSI chips for realizing the function of the adaptive 
filter may be utilized. 

Since the signal v1 to v M-1 contains the sole noise 
components, the noise component contained in signal 
u1 is not affected by the subtracting operation in the 
subtracting unit 59. This means that the operation of the 
adaptive filters for minimizing the power of the output 
x1 minimizes the power of the noise component con 
tained in the output x1. Thus, it is to be understood that 
the adaptive microphone array structure shown in FIG. 
21 is a method for minimizing the noise component 
under a condition of x1 = s. 
The structure shown in FIG. 21 may seem to be dif. 

ferent from that shown in FIG, 12. However, FIG. 21 is 
produced from FIG. 12 for facilitating the understand 
ing of the description, and these two Figures are equiva 
lent. Actually, the function of the filter controller 54 
shown in FIG. 12 is provided by the adaptive filters 581 
to 58M-1 shown in FIG. 21. Further, considering char 
acteristics between the input and output sides of the 
directivity controller 52, there are correspondence rela 
tions h=1--gi, his gi-1-gi (for i=2, 3, . . . , M), gi 
being the filter characteristic of the i-th adaptive filter 
58. 
To reduce the noise component contained in the 

output signal x1 is to reduce the sensitivity of the array 
system in noise arrival directions. As a result, this array 
system has a high sensitivity for a target direction and a 
low sensitivity in unknown noise arrival directions. 

FIG. 13 shows typical directivity characteristics 66 
formed by the adaptive array. Reference numeral 3 in 
FIG. 13 denotes a speaker as in the previous embodi 
ments; and 63 and 64, noise sources. As can be apparent 
from FIG. 13, although the adaptive array does not 
have sharp directivity, but has directivity having a low 
sensitivity in the noise source directions. A portion 
having this low sensitivity in the directivity is called a 
"dead angle". When the microphone array consists of 
M elements, (M-1) dead angles can be formed by the 
array system. 
When noise reflected indoors reaches the adaptive 

array having such directivity from many directions in 
addition to the noise source direction, the resultant S/N 
ratio is small as compared with that of the superdirec 
tional sound receiving unit. However, adaptive array 
has a feature capable of obtaining almost a constant S/N 
ratio for all noise source locations except the neighbor 
hood of a speaker (about +30 range when the speaker 
is viewed from the adaptive array), and it has a feature 
of small variations in the S/N ratio upon movement of 
the speaker 3 since adaptive array does not have sharp 
directivity in the speaker direction. According to these 
features, the adaptive microphone array is very suitable 
for assuring stability in an S/N ratio difference for de 
tecting a speech period by using a difference between 
the two signal power levels. 
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10 
The adaptive microphone array has an additional 

feature capable of reducing variations in noise power as 
a function of time. 

Noise components reflected by walls, a floor, and a 
ceiling in addition to noise directly from the noise 
source are input to the sound receiving unit indoors. It 
is impossible for the adaptive microphone array to form 
dead angles in all direct and reflected noise directions. 
When the microphone array consists of M microphone 
elements, (M-1) dead angles are formed in the direc 
tions where the sound is directly input or an echo hav 
ing a high energy is input, thereby improving the S/N 
ratio. 
This effect will be described with reference to FIGS. 

14(a) and 14(b). FIG. 14(a) shows impulsive noise with 
room echoes received by an omnidirectional micro 
phone, and FIG. 14(b) shows the one received by an 
adaptive microphone array. Reference numeral 71 in 
FIG. 14(a) denotes noise directly input from a noise 
source; and 72, 73, and 74, echoes of noise reflected 
once or a plurality of times by the walls or floor and 
then received. The energy levels of the echoes 72,73, 
and 74 are exponentially decreased as a function of time 
as compared with the energy level of the direct noise 
71. If the number of microphone elements constituting 
the array is 4, three dead angles are formed in the noise 
source direction and the directions of the echoes 72 and 
73. An echo power 74 of the output (FIG. 14(b)) from 
the adaptive microphone array does not have a large 
difference with that of the output (FIG. 14(a)) from the 
omnidirectional microphone. However, the power lev 
els of the direct noise component and the echoes 72 and 
73 are greatly decreased in FIG. 14(b). As a result, 
variations in noise power as a function of time can be 
apparently reduced by adaptive microphone array. 
As previously described, the major factor for a detec 

tion error of a speech period is large variations in noise 
power as a function of time, or in other words, unsta 
tionary noise with high power causes incorrect detec 
tion. In order to cope with these noise power variations, 
a speech period is detected by utilizing a difference 
between two signal powers in the present invention. It 
is, however, impossible to perfectly eliminate various 
S/N ratio variation factors, i.e., eliminate detection 
errors by 100%. Therefore, the feature of the adaptive 
microphone array for reducing the variations in noise 
power, or misdetection factor, is very effective to re 
duce detection errors of speech periods. 
There are many other choices for the second sound 

receiving unit 42 in FIG. 9 in addition to an omnidirec 
tional microphone. The only requirement for the sec 
ond sound receiving unit is to output a signal which 
satisfies the above-mentioned conditions 1 to 3 for the 
detection based on power difference in cooperation 
with the first sound receiving unit 41. 
One of the microphone elements constituting the 

microphone array 51 may be used as the second sound 
receiving unit 42 in the arrangement of the present 
invention of FIG. 9 according to the simplest way, 
which will be shown in FIG. 15 (to be described later). 
The second sound receiving unit 42 may be arranged, 

as shown in FIG. 18. Referring to FIG. 18, the second 
sound receiving unit 42 comprises some of a plurality of 
microphones as constituent elements of the first sound 
receiving unit 41, i.e., a microphone array (which may 
sometimes be called a sub-array when compared to the 
overall microphone array 51 in the first sound receiving 
unit) and directivity synthesizer 52A. The output of the 
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microphone array is supplied to the directivity synthe 
sizer 52A, and a second signal x2 is output from the 
directivity synthesizer 52A. In this specification, how 
ever, the "directivity synthesizer' is defined such that is 
synthesizes the directivity through the simple opera 
tions of delaying and addition on a plurality of signals. 
For example, in the case where the microphone array in 
FIG. 18 is linear and the directivity synthesizer is an 
adder for adding all the inputs, a high sensitivity direc 
tivity is synthesized with respect to the direction per 
pendicular to the line of the microphone array. 
Another arrangement of a microphone array system 

having a directivity control function for the first sound 
receiving unit 41 is exemplified as a sound receiving 
system, as described in U.S. Pat. No. 791,418. In this 
system, speech signals having clear arrival directions 
are preserved, and signal processing is performed to 
suppress noise uniformly input form the ambient atmo 
sphere. In order to properly operate this system, a con 
dition in which a speaker position does not coincide 
with a noise source position must be satisfied (in this 
condition, the direction of the speaker position may be 
the same as the direction of the noise source position 
when viewed from the microphone). A method in this 
system can be deemed as a kind of directivity control in 
a sense that only sounds from a sound source located at 
a desired position are extracted. 

FIG. 15 is a block diagram showing a detailed ar 
rangement of the first embodiment (FIG. 9) of the pres 
ent invention. Reference numeral 51 in FIG. 15 denotes 
a microphone array; 52, a directivity controller; 43, a 
first short time power calculation unit; 44, a second 
short time power calculation unit; and 45, a speech 
period detection unit, as in the previous embodiment. 
Reference numeral 81 denotes a first amplifier, con 
nected to the output of the directivity controller 52, for 
receiving a signal x1 and sending an output to the first 
short time power calculation unit 43; 82, a second am 
plifier, connected to the second sound receiving unit 42 
(one of the microphone elements of the microphone 
array 51 is used in this embodiment), for receiving the 
signal x and sending an output to the second short time 
power calculation unit 44; 83, a subtracter for receiving 
outputs pland p2 from the first and second short time 
power calculation units 43 and 44; 84, a detection unit 
based on the power for receiving the output pl from the 
first short time power calculation unit 43 and detecting 
a short time period having a possibility for constituting 
part of the speech period; 85, a detection unit based on 
the power difference for receiving an output from the 
subtracter 83; and 86, a speech period determination 
unit for receiving an output Sl from the detection unit 
84 based on the power and an output S2 from the detec 
tion unit 85 based on the power difference. 
The sequence of this method will be described below. 
A speech input containing noise is received by the 

microphone array 51. An output signal from the micro 
phone array 51 is input to the directivity controller 52, 
and the directivity controller 52 generates the first sig 
nal x1. An output from one of the microphone elements 
constituting the microphone array 51 is given as x2. At 
this time, as a result of directivity control by the direc 
tivity controller 52, an S/N ratio of the signal x1 is 
larger than that of the signal x2. 
The amplifiers 81 and 82 are used to correct signal 

levels such that the speech power of the signal x1 is set 
to equal to that of the signal x2. This correcting opera 
tion is not essential in the sequence. However, if this 
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12 
correcting operation is performed, a subsequent de 
scription can be simplified. Short time powers P1 and 
P2 of the signals x1 and x2 are calculated by the short 
time power calculation units 43 and 44, respectively. 
The short time powers P1 and P2 are represented by 
logarithmic values (dB) or antilogarithmic values. 
The power P1 having a higher S/N ratio is input to 

the detection unit 84 based on the power. When the 
value of the power P1 is larger than a predetermined 
threshold value Th, the short time period detection unit 
84 outputs the signal S1 of level "1" which represents a 
possibility that the corresponding short time period 
constitutes part of the speech period. Otherwise, the 
detection unit 84 detects a signal of level "0". 
The subtracter 83 calculates the difference PD 

(=P2-P1) between the powers P1 and P2. 
The difference PD is input to the detection unit 85 

based on the power difference. When the difference PD 
is smaller than a predetermined threshold value Pth, the 
detection unit 85 based on the power difference outputs 
the signal S2 of level "1". Otherwise, the detection unit 
85 based on the power difference outputs a signal S2 of 
level 'O'. 

Finally, the output S1 from the detection unit 84 
based on the power and the output S2 from the detec 
tion unit 85 based on the power difference are input to 
the speech period determination unit 86. When the val 
ues of the signals S1 and S2 are "1's, respectively, the 
speech period determination unit 86 determines that the 
corresponding short time period is part of a correct 
speech period. Otherwise, the short time period is deter 
mined as a noise period. 
The operation of the speech period detection unit 45 

based on a power difference will be described with 
reference to FIGS. 16(a), 16(b), and 16(c). FIG. 16(a) 
shows a change in power P1 of a first sound receiving 
unit output as a function of time, FIG. 16(b) shows a 
change in power P2 of a second sound receiving unit 
output as a function of time, and FIG. 16(c) shows the 
difference PD (=P2-P1) between the powers P1 and 
P2. The short time power of the signal is plotted along 
the ordinate of each of FIGS. 16(a) to 16(c), and the 
time is plotted along the abscissa. Reference numeral 11 
denotes a stationary noise component; 121 and 122, un 
stationary noise components; and 13, speech, as in the 
previous embodiment. 
The speech powers in the powers P1 and P2 are 

adjusted to be equal to each other. If the power of the 
stationary noise is lower than the speech power in P2, 
the powers of the speech periods are almost equal to 
each other in FIGS. 16(a) and 16(b) which represent 
powers by logarithmic values. On the other hand, since 
the output from the second sound receiving unit has a 
smaller S/N ratio than that from the first sound receiv 
ing unit, the noise power in FIG.16(b) is higher than the 
noise power in FIG. 16(a) by an amount corresponding 
to a difference between the S/N ratios. As a result, the 
value of the difference PD between the powers P2 and 
P1 becomes zero during the speech period 18 and takes 
non-zero value during the non-speech period as shown 
in FIG. 16(c). Thus, the detection unit 85 based on the 
power difference outputs a signal S2 of level "1" during 
the correct speech period 18. 

However, because various variation factors for the 
S/N ratio difference are present in real environments, 
the PD value is not always an ideal as shown in FIG. 
16(c) value in the present invention although the varia 
tion factors are reduced by using the microphone array 
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system having a directivity control function. For exam 
ple, the PD value becomes a value larger than zero even 
during the speech period when the speaker moves ex 
ceeding the expected range. The PD value becomes 
zero even during the noise period for noise (e.g., a 
tongue-clicking sound of a speaker and a page turning 
sound) propagating from the same direction as the 
speech even if although the noise has a relatively low 
power. 
Taking these points into consideration, the detection 

unit 84 based on the power detects as a non-speech 
period a short time period whose value is smaller than 
the threshold value Th, as shown in FIG. 16(a), and the 
detection unit 84 outputs a signal S1 of level "0". For 
example, even if the noise component 122 propagates 
from the same direction as the speech and has a small 
PD value during the noise period, the noise period is not 
erroneously detected as a speech period. Thus, effective 
speech period detection can be performed. 
As shown in FIG. 19, in addition to a speech period 

determination testing means 86a for determining as part 
of a speech period a short time period when both the 
output S1 from the detection unit 84based on the power 
and the output S2 from the detection unit 85 based on 
the power difference are set at "1", the speech period 
determination unit 86 shown in FIG. 15 may also com 
prise a testing means 86b for rediscriminating the period 
as part of a correct speech period only when the period 
determined as part of a speech period by the speech 
period determination means 86a continues exceeding a 
predicted value of a minimum speech duration. 
The following experiment was performed to confirm 

effectiveness of the present invention. 
Experimental Conditions 

An experiment was conducted in a room having a 
reverberation time of 0.4 sec. Undesired speech (radio 
news) was produced from a loudspeaker as a noise com 
ponent. Desired speech components were spoken 
words (names of cities) and were produced in the pres 
ence of different undesired speech components, thus 
receiving 100 words. The speaker and the noise source 
were angularly spaced apart by 45 when viewed from 
the sound receiving unit. An AMNOR sound receiving 
unit (U.S. Pat. No. 4,536,887: "Adaptive Microphone 
array System for Noise Reduction', Y. Kaneda and J. 
Ohga, IEEE Trans, on Acoust. Speech, Signal Pro 
cessing, vol. ASSP-34, PP. 1391-1400, Dec. 1986) as 
one of the adaptive microphone arrays was used as the 
first sound receiving unit 1. The AMNOR sound receiv 
ing unit is obtained by combining a digital filter and a 
microphone array constituted by a plurality of micro 
phone elements and can receive sounds having a higher 
S/N ratio of 10 to 16 dB as compared with a single 
microphone element when a noise source is not located 
in the neighborhood of a speaker. One microphone 
element as a constituting element of the microphone 
array was used as the second sound receiving unit 2. 
The short time power was calculated every 10 ms with 
a window length of 30 ms. 
The threshold value Thin the detection unit 84 based 

on the power was determined to be Th=PMMX0.5 
such that each uttered word was received every prede 
termined length of time (one second) and a difference 
PMM between the maximum and minimum short time 
powers was obtained. The threshold value Pth in the 
detection unit 85 based on the power difference PD was 
set to be 8 dB. 
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Correct word periods were obtained by applying the 

first conventional method (i.e., a method using only 
discrimination based on the power) to speech contain 
ing no noise. 

Experimental Result 
An S/N ratio of speech at a sound reception point 

was set by an output of the second sound receiving unit 
2 to be -5 dB, and word periods were then detected. 
FIGS. 17(a), 17(b), and 17(c) show an experimental 

result. FIG. 17(a) shows a speech power in a state with 
out noise and correct word periods. FIG. 17(b) shows a 
power P2 of an output from the second sound receiving 
unit when undesired speech is added to input speech. 
FIG. 17(c) shows a power P1 of an output from the first 
sound receiving unit (AMNOR sound receiving unit) 
upon addition of undesired speech to the input speech 
and the word periods obtained by applying only dis 
crimination based on the power. Each non-speech per 
iod within 200 ms between the detected speech periods 
was deemed to be part of the word period. Hatched 
portions in FIG. 17(c) are erroneously detected speech 
periods. 
As compared with the case in FIGS. 17(b) and 17(c), 

noise power variations as a function of time are made 
small in an output from the adaptive microphone array 
(sharp peaks indicated by triangular marks in FIG. 17(b) 
become flat in FIG. 17(c)). 
FIG. 17(d) shows word periods discriminated by the 

method of the present invention, as indicated by arrows. 
A hatched portion is an erroneously detected period 
(the speech period is discriminated as a noise period). 
As is apparent from FIG. 17(d), the method of the pres 
ent invention can be confirmed to be operated almost 
perfectly even under unstationary noise environment. 

In order to quantitatively evaluate the experimental 
result, when each of the errors at the start and end 
points of each word period was within 50 ms, it was 
deemed as a correct detection, and a correct word de 
tection rate was obtained. When the first conventional 
method which was frequently used in the speech recog 
nition apparatus at present was applied to an output 
from the AMNOR sound receiving unit having a high 
S/N ratio, the correct word detection rate was 43%. To 
the contrary, the method of the present invention pro 
vided a correct word detection rate of 96%. An average 
detection error at the start or end point of the word 
period was about 20 ms. 

Additional experiments in which the noise source was 
located at various positions except the +30 range 
(when a speaker is viewed from the sound receiving 
unit) were conducted. In these experiments, the correct 
word detection rates of about 95% were achieved by 
the present invention. Effectiveness of the speech per 
iod detection method of the present invention was thu 
confirmed. 
When a unidirectional microphone was used as the 

first sound receiving unit, and when a noise source is 
present within an angular range of about 90" centered 
on the microphone with respect to a line obtained by 
connecting the speaker and the microphone in the 
speaker direction, a correct word detection rate was 
about 10%, thus confirming that the present invention is 
a high-precision acoustic signal detection method. 
As described above, according to the method of the 

present invention, the presence of a desired signal is 
discriminated by utilizing a difference between short 
time powers of a signal received by a first sound receiv 
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ing unit (i.e., a microphone array system having a direc 
tivity control function) and a signal received by a sec 
ond sound receiving unit being the first and second 
sound receiving units located at the same position. 
Therefore, a desired speech period in an unstationary 
noise environment can be detected with high precision 
unlike in the conventional method of this type. 
For the application where slightly low performance 

can be acceptable, a sound receiving unit, which com 
prises a so-called "superdirectional sound receiving 
unit' and a selective filter, can be used as the first sound 
receiving unit of the present invention. 

FIG. 20 shows one example of the arrangement of the 
above-mentioned sound receiving unit. 

Referring to FIG. 20, reference numeral 51 denotes a 
microphone array; 91, an adder for adding microphone 
outputs and synthesizing superdirectivity: and 92, a 
selective filter connected to the adder 91. 
As mentioned previously, an S/N ratio difference 

largely varies in both a low-frequency range and a high 
frequency range when a "superdirectional sound re 
ceiving unit' is used. Therefore, the selective filter 92 
selects such a frequency band in which the sound re 
ceiving unit keeps high sensitivity in the range where a 
speaker is assumed to move around, and low sensitivity 
outside the above mentioned range. As a result, the 
variation of S/N ratio in the output of the selective filter 
becomes very small independently of noise locations 
and speaker movement. Because the selected frequency 
range is not matched with the frequency range in which 
a speech signal has large power, and hence, the S/N 
ratio in the output from the first receiving unit becomes 
small, and the incorrect detections of this invention 
slightly increase by the usage of this sound receiving 
unit. However, this sound receiving unit has its merit of 
a very simple structure. 
The inherent nature of the speech signal is not used in 

the present invention at all. In order to detect a speech 
period, however, it is very effective to combine a dis 
crimination method utilizing the nature of the speech 
signal with the method of the present invention. 

In practice, the first conventional method is some 
times used in combination with a discrimination method 
utilizing the nature of a speech signal. For example, 
known is a method for discriminating a speech period 
candidate having a period shorter than a expected value 
of a minimum duration of a speech signal as noise. Re 
moval of an influence of impulsive noise in combination 
with the above discrimination method is very effective 
to detect a speech period correctly. Various other meth 
ods, such as a method for discriminating a nonperiodic 
signal period as a non-speech period by utilizing the 
periodicity nature of speech signals, are also known. 
These conventional discrimination methods can be eas 
ily combined with the present invention by a method of 
rediscriminating a period discriminated as a speech 
period or a method of finally determining a speech 
period by the majority upon a plurality of discrimina 
tion operations including the present invention. 
As described above, the present invention can be 

combined with many speech period detection methods. 
As a result, the detection precision can be greatly im 
proved in accordance with specific application pur 
poses. 
The first application field of the present invention is 

of speech recognition apparatuses, as has been described 
above. 
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The second application field is of acoustic echo can 

celers. Acoustic echo cancellation is a technique for 
preventing howling or the like as a result of reception of 
sounds from a loudspeaker (receiver) by a microphone 
(sender). According to the principle of an echo can 
celer, acoustic transmission from the loudspeaker to the 
microphone is estimated, and an acoustic signal compo 
nent from the loudspeaker is subtracted from a signal 
received by the microphone on the basis of the estima 
tion result. Since the acoustic transmission from the 
loudspeaker to the microphone is changed as a function 
of time, estimation must be continuously performed. At 
this time, a condition in which a speaker does not utter 
any word (otherwise, a large estimation error occurs) is 
required. However, the presence/absence of the utter 
ance is not always successfully discriminated, which 
poses a current problem in this technical field. 

In order to solve this problem, the present invention 
is applied such that speech from the loudspeaker is 
deemed as undesired speech and speech from the 
speaker is deemed as desired speech, and that a speak 
er's utterance is detected at time when the presence of a 
desired speech signal is discriminated in a given period. 
The estimation operation for acoustic transmission is 
stopped when the utterance in detected, thus providing 
a high-performance acoustic echo canceler which can 
solve the above problem. 
The third application field is of a speech storage tech 

nique. Assume that a large volume of continuous speech 
is to be converted into digital data and that the digital 
data are to be stored in a magnetic disk or the like. In 
this case, although an data compression technique by 
speech coding is important, it is also very important to 
detect a non-speech period, eliminating the detected 
non-speech period, or record non-speech period in a 
very small amount of information. 

Since the method of the present invention does not 
employ the nature of the speech signal, any other 
sounds (e.g., music, mechanical sounds, and impulsive 
sounds) can be chosen as target sounds and can be de 
tected. As a result, the present invention is applicable to 
variable apparatuses such as various monitoring appara 
tuses and measuring apparatuses. 
What is claimed is: 
1. A method of detecting an acoustic signal, compris 

ing the steps of: 
using first and second sound receiving units, located 

at the same position and having different directiv 
ity characteristics, for outputting signals having 
different target signal power to noise power ratios; 
and 

when a difference between logarithmic powers of 
said signals output from said first and second sound 
receiving units in a given period falls within a pre 
determined range, determining reception of the 
target signal within the given period, and 

using said first sound receiving unit in the form of an 
adaptive microphone array for controlling direc 
tivity characteristics in correspondence with a 
noise position. 

2. The method according to claim 1, 
wherein said first sound receiving unit comprises a 

microphone array having a plurality of micro 
phone elements, and a directivity controller con 
nected to a plurality of outputs of said microphone 
array, and - 

wherein said second sound receiving unit includes 
one of said microphone elements. 
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3. A method according to claim 1, further comprising 
the step of: 
when the difference between the logarithmic powers 
of said signals output from said first and second 
sound receiving units in a given period falls within 
a predetermined range and a power of the signal 
output from a sound receiving unit having a higher 
signal power to noise power ratio in the given 
period falls within a predetermined range, discrimi 
nating reception of the target signal within the 
given period. 

4. The method according to claim 1, wherein 
said first sound receiving unit comprises a micro 
phone array constituted by a plurality of micro 
phone elements, and a directivity controller con 
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nected to a plurality of outputs of said microphone 
array; and 

said second sound receiving unit comprises some of 
the microphone elements constituting said micro 
phone array serving as said first sound receiving 
unit and a directivity synthesizer connected to said 
some of said microphone elements. 

5. A method according to claim 1, further comprising 
the step of discriminating that the target signal is re 
ceived in the given period only when the period in 
which it is determined that the target signal has been 
received as described exceeds an expected minimum 
continuous duration of said target signal. 
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It is certified that error appears in the above-identified patent and that said letters 
Patent is hereby corrected as shown below: 

In Column 8 at lines 16-18 replace 

il 

* -(g 2 (2) x = X. k U 3, k.u.) 
with 

2 

- - X 2 - ( g hi U (2) I - U2 "kuk 

In column 11 at line 42 after "signal" replace "x" 
with --x2--; 

In Column 13 at line 15 after "noise component" replace "122" 
with --122- - 
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It is certified that error appears in the above-indentified patent and that said Letters Patent is hereby 
Corrected as shown below: 

In column 4, line 68, column 9, iine 60, and column 14, line 50, 
replace "the +30° range with -the +30 range--. 

Signed and Sealed this 
Twenty-first Day of November, 1995 
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BRUCE LEHMAN 

Attesting Officer Commissioner of Patents and Trademarks 
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