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(57) ABSTRACT 

A signal generating Section generates a main signal and a 
noise reference Signal. A determining Section determines 
whether a level ratio is larger than a predetermined value. An 
adaptive filter Section generates a signal indicative of a 
Signal component of a target Sound included in the noise 
reference signal generated by the Signal generating Section, 
and learns a filter coefficient only when the determining 
Section determines that the level ratio is larger than the 
predetermined value. A Subtracting Section Subtracts the 
Signal generated by the adaptive filter Section from the noise 
reference Signal. A noise Suppressing Section Suppresses a 
Signal component of noise included in the main signal by 
using the main signal and the noise reference Signal after 
Subtraction by the Subtracting Section. 
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MICROPHONE DEVICE AND AUDIO PLAYER 

BACKGROUND OF THE INVENTION 

0001) 1. Field of the Invention 
0002 The present invention relates to microphone 
devices and audio playerS and, more Specifically, to a 
microphone device and an audio player which detects a 
desired Sound coming from a specific direction with noise 
being Suppressed. 
0.003 2. Description of the Background Art 
0004. The configurations of conventional microphone 
devices are described with reference to FIGS. 24 through 
26. FIG. 24 is an illustration showing the configuration of a 
conventional microphone device of Example 1. In FIG. 24, 
the conventional microphone device includes a first micro 
phone unit 1010, a second microphone unit 1020, a signal 
adding section 1030, a first signal subtracting section 1031, 
a signal amplifying Section 1050, an adaptive filter Section 
1060, and a second signal Subtracting section 1062. Each of 
the microphone units 1010 and 1020 is placed so as to be 
oriented to the front (left in FIG. 24). The signal adding 
section 1030 adds a signal output from the first microphone 
unit 1010 and a signal output from the second microphone 
unit 1020. The first signal subtracting section 1031 subtracts 
the signal output from the second microphone unit 1020 
from the signal output from the first microphone unit 1010. 
The signal amplifying section 1050 multiplies a signal 
output from the signal adding section 1030 by 1/2. The 
adaptive filter section 1060 is supplied with a signal output 
from the first Signal Subtracting Section 1031, and outputs a 
Signal obtained through filtering performed by an adaptive 
filter included therein. The Second Signal Subtracting Section 
1062 subtracts a signal output from the adaptive filter 
Section 1060 from a signal output from the Signal amplifying 
section 1050. An output from the second signal subtracting 
section 1062 is an output from the microphone device. The 
adaptive filtersection 1060 learns a filter coefficient from the 
Signal output from the Second Signal Subtracting Section 
1062 and the Signal output from the first Signal Subtracting 
Section 1031. 

0005 The operation of the conventional microphone 
device of Example 1 is described below. In order to detect 
a sound coming from the front, the microphone units 1010 
and 1020 each output approximately the same Signal. In 
order to detect a Sound coming from other directions, the 
microphone units 1010 and 1020 output signals that are 
different in phase. The output signals from the microphone 
units 1010 and 1020 are then added together by the signal 
adding section 1030. The resultant signal obtained through 
addition is then normalized in level by the Signal amplifying 
section 1050. That is, the amplitude of the signal is amplified 
by 1/2. With this, a main Signal having components of the 
Sound coming from the front can be obtained. Also, with the 
output from the first signal subtracting section 1031, it is 
possible to achieve a directivity characteristic Such that the 
main axis of directivity is oriented to a direction of 90 
degrees with respect to the front and the front direction is a 
direction of a minimum Sensitivity in the directivity (that is, 
the sensitivity of directivity is minimum in the front direc 
tion). That is, the Signal output from the first signal Sub 
tracting Section 1031 serves as a noise reference Signal 
which does not include the components of the Sound coming 
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from the front. The adaptive filter section 1060 uses the main 
signal output from the signal amplifying section 1050 and 
the noise reference Signal output from the first signal Sub 
tracting section 1031 to achieve adaptive directivity. That is, 
the direction of a minimum sensitivity in the directivity is 
uniquely determined to be oriented to a noise Sound coming 
from a direction other than the front direction. 

0006 FIG.25 is an illustration showing the configuration 
of a conventional microphone device of Example 2. In FIG. 
25, the conventional microphone device includes a first 
microphone unit 1010, a second microphone unit 1020, a 
first adaptive filter section 1040, a first signal delaying 
section 1041, a first signal subtracting section 1042, a 
Second adaptive filter Section 1060, a Second Signal delaying 
section 1061, and a second signal Subtracting section 1062. 
0007. The first adaptive filter section 1040 is supplied 
with an output signal from the second microphone unit 1020 
and then outputs the filtering results obtained by an adaptive 
filter included therein. The first signal delaying section 1041 
delays a signal output from the first microphone unit 1010. 
The first Signal Subtracting Section 1042 Subtracts a signal 
output from the first adaptive filter section 1040 from a 
Signal output from the first Signal delaying Section 1041. The 
first adaptive filter section 1040 learns a filter coefficient 
from a signal output from the first signal Subtracting Section 
1042 and a Signal output from the Second microphone unit 
1020. The second signal delaying section 1061 delays the 
Signal output from the first signal delaying Section 1041. The 
second adaptive filter section 1060 is supplied with a signal 
output from the first signal Subtracting Section 1042, and 
then outputs the filtering results obtained by an adaptive 
filter included therein. The Second Signal Subtracting Section 
1062 subtracts a signal output from the second adaptive filter 
section 1060 from a signal output from the second signal 
delaying section 1061. The subtraction result is an output 
from the microphone device. The second adaptive filter 
section 1060 learns a filter coefficient from a signal output 
from the Second Signal Subtracting Section 1062 and a signal 
output from the first signal subtracting section 1042. 
0008. The operation of the conventional microphone 
device of Example 2 is described below. The first adaptive 
filter section 1040, the first signal delaying section 1041, and 
the first Signal Subtracting Section 1042 performs a canceling 
operation on Sound waves coming to the microphone units 
1010 and 1020. That is, the signal output from the first signal 
Subtracting Section 1042 Serves as a noise Signal for the 
second adaptive filter section 1060. That is, the signal output 
from the first signal Subtracting Section 1042 is a signal 
Serving a purpose Similar to that of the Signal output from the 
first subtracting section 1031 in FIG. 24. However, the 
conventional microphone device of Example 2 is different 
from that of Example 1 in the following point. That is, the 
directivity is fixed in Example 1, whilst the directivity can 
be changed by using the adaptive filters in Example 2. 

0009 FIG. 26 is an illustration showing the configuration 
of a conventional microphone device of Example 3. The 
conventional microphone device illustrated in FIG. 26 
includes a first unidirectional microphone unit 1011, a 
second unidirectional microphone unit 1012, a first FFT 
section 1070, a second FFT section 1080, a two-input-type 
spectrum subtraction section 1090, and a voice recognition 
Section 2000. 
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0010. In FIG. 26, the first unidirectional microphone unit 
1011 is placed so that the main axis of its directivity is 
oriented to the front. The Second unidirectional microphone 
unit 1012 is placed so that the main axis of its directivity is 
oriented to the back. The first FFT section 1070 is supplied 
with a Signal output from the first unidirectional microphone 
unit 1011 to find a frequency spectrum. The second FFT 
section 1080 is supplied with a signal output from the second 
unidirectional microphone unit 1012 to find a frequency 
Spectrum. The two-input-type spectrum Subtraction Section 
1090 is supplied with signals output from both of the FFT 
sections 1070 and 1080 to subtract, in a power spectrum 
region, the Signal Spectrum derived by the Second FFT 
section 1080 from the signal spectrum derived by the first 
FFT section 1070, thereby outputting a spectrum of a target 
signal. The voice recognition section 2000 is supplied with 
the Spectrum of the target Signal output from the two-input 
type spectrum subtraction section 1090 for voice recogni 
tion. 

0.011 The operation of the conventional microphone 
device of Example 3 is described below. In Example 3, the 
first unidirectional microphone unit 1011 has a directivity 
characteristic of collecting a desired Sound (target Sound) 
from the front. The Second unidirectional microphone unit 
1012 has a directivity characteristic of mainly collecting 
noise. Therefore, a main Signal m1 is obtained from the first 
unidirectional microphone unit 1011, while a noise reference 
Signal m2 is obtained from the Second unidirectional micro 
phone unit 1012. Then, a spectrum of the main Signal m1 is 
found by the first FFT section 1070, while a spectrum of the 
noise reference signal m2 is found by the second FFT 
section 1080. The power spectrum of the noise reference 
Signal is Subtracted from the power spectrum of the main 
Signal by the two-input-type spectrum Subtraction Section 
1090. With this, the power spectrum of the signal compo 
nents are estimated. Note that, in a one-input-type spectrum 
Subtraction Scheme, a noise Spectrum is estimated, assuming 
that noise is Stationary during a time Section in which the 
target Sound has not yet arrive. Therefore, in the one-input 
type spectrum Subtraction Scheme, only Suppression of 
Stationary noise is possible. On the other hand, according to 
the configuration of the microphone device of Example 3 
adopting a two-input-type spectrum Subtraction Scheme, the 
Spectrum of the noise reference Signal can always be 
obtained by the second unidirectional microphone unit 1012. 
Therefore, Suppression of non-Stationary noise is possible. 
AS Such, according to the microphone device of Example 3, 
the ratio of Voice recognition at the Voice recognition Section 
2000 at a later stage can be improved by Suppressing 
Stationary noise and non-Stationary noise. Note that, 
although the device illustrated in FIG. 26 is dedicated for 
Voice recognition, the device can be used as a microphone 
device by performing IFFT at the last stage to convert the 
Spectrum to a time signal and then to a waveform Signal with 
frame overlap. 
0012. In the microphone device of Example 1, a large 
noise Suppressing effect can be achieved under an environ 
ment where noise is coming from a certain direction. How 
ever, the microphone device of Example 1 does not handle 
noise coming from a plurality of directions. Therefore, under 
the actual noisy environment where noise Sources Simulta 
neously exist in various directions, the microphone device of 
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Example 1 can merely achieve a noise Suppressing effect 
equivalent to that obtained by conventional unidirectional 
microphone devices. 
0013 In the microphone device of Example 2, the noise 
reference signal is obtained by using the first adaptive filter. 
Here, in order to stably operate the first adaptive filter under 
the actual environment, it is required to cause the first 
adaptive filter to learn a filter coefficient only when the voice 
from the talker is Sufficiently larger than the Surrounding 
noise. Therefore, the microphone device of Example 2 
cannot achieve a noise Suppression effect until filter con 
Vergence has been completed. Moreover, under the noisy 
environment, filter convergence is difficult. Further, as with 
Example 1, the microphone device of Example 2 cannot 
handle a plurality of noise Sources. Still further, Since the 
microphone device of Example 2 was devised with the aim 
of Suppressing wind noise, which has no correlation between 
unit Signals, the direction of the target Sound cannot be 
restricted. In other words, the largest one of the Sounds that 
has arrived at the microphone device is regarded as the target 
Sound. Therefore, it is impossible to performing a process of 
collecting Sounds with a Sound in a specific direction being 
enhanced. 

0014. In the microphone device of Example 3, the main 
Signal and the noise reference Signal are converted into 
Spectrums. Then, noise is Suppressed based on the power 
Spectrums by using a spectrum Subtraction Scheme. With 
this, even if noise Sources exist in a plurality of directions, 
their noise can be simultaneously Suppressed. In the micro 
phone device of Example 3, however, inclusion of even a 
Slightest amount of components of the target Sound in the 
noise reference Sound will significantly deteriorate the Sound 
quality of the processed Sound or, at worse, may cancel the 
target Sound itself. Moreover, in the actual Sound field, a 
reflected wave may be diffracted to enter the microphone 
device even if the direction of a minimum sensitivity in the 
directivity of the unidirectional microphone unit are oriented 
to the direction of the target Sound. Further, in normal 
microphone units, the amount of attenuation in the direction 
of a minimum sensitivity in the directivity is not infinite but 
on the order of 10 to 15 db. Therefore, the direct wave of the 
target Sound may not be completely eliminated and may be 
included in the noise reference Signal. Still further, in the 
Spectrum Subtraction Scheme, a process delay will occur due 
to a frame processing. Therefore, the microphone device 
using the Spectrum Subtraction Scheme is not Suitable for 
Simultaneous calls or loudspeakers. 
0015 Moreover, the above conventional microphone 
devices focus on Suppressing additive noise, which is dif 
ferent from the target Sound. The above conventional micro 
phone devices cannot SuppreSS multiplicative noise, which 
arrives after being reflected on a Surface of reflection, Such 
as a wall, a desk, or a floor. Therefore, the frequency 
characteristic of the target Sound may be distorted due to, for 
example, the influence of reflection in a Sound field where 
the microphone device is actually used. For this reason, 
particularly for the purpose of Voice recognition, a mismatch 
in recognition may occur, leading to erroneous recognition. 

SUMMARY OF THE INVENTION 

0016. Therefore, an object of the present invention is to 
provide a microphone device capable of Stably operating 
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even under noise from a plurality of noise Sources in the 
actual use environment and also achieving a high S/N ratio. 
0.017. Another object of the present invention is to pro 
vide a microphone device which Suppresses multiplicative 
noise caused by, for example, a reflective wave of a target 
Sound or other factors and additive noise caused by accu 
mulation of noise. 

0.018 Still another of the present invention is to generate 
a main Signal and noise reference Signal used in a noise 
Suppressing process with a simple Scheme. 
0019. In order to attain the objects mentioned above, the 
present invention adopts the following Structures. That is, a 
first aspect of the present invention is directed to a micro 
phone device which detects a target Sound coming from a 
direction of the target Sound. The microphone device 
includes a signal generating Section, a determining Section, 
an adaptive filter Section, a Subtracting Section, and a noise 
Suppressing Section. The signal generating Section generates 
a main Signal indicative of a result obtained through detec 
tion with a Sensitivity in the direction of the target Sound and 
a noise reference Signal indicative of a result obtained 
through detection with a Sensitivity higher in another direc 
tion than in the direction of the target Sound. The determin 
ing Section determines whether a level ratio indicative of a 
ratio of a level of the main Signal to the noise reference 
Signal generated by the Signal generating Section is larger 
than a predetermined value. The adaptive filter Section 
generates a signal indicative of a signal component of the 
target Sound included in the noise reference Signal generated 
by the Signal generating Section by performing, by an 
adaptive filter included in the adaptive filter Section, a 
filtering process on the main Signal generated by the Signal 
generating Section, and learns a filter coefficient only when 
the determining Section determines that the level ratio is 
larger than the predetermined value. The Subtracting Section 
Subtracts the Signal generated by the adaptive filter Section 
from the noise reference Signal generated by the Signal 
generating Section. The noise Suppressing Section Suppresses 
a signal component of noise included in the main signal by 
using the main Signal and the noise reference Signal after 
Subtraction by the Subtracting Section. 
0020 Note that “a main signal indicative of a result 
obtained through detection with a Sensitivity in the direction 
of the target Sound” means that the main signal can be not 
only a signal output from a microphone unit, but also a 
Signal obtained by performing a predetermined process on a 
Signal by the microphone unit. That is, the main signal can 
be not only a signal output from a microphone unit whose 
main axis of directivity is oriented to the direction of the 
target Sound, but also a signal obtained by performing a 
predetermined proceSS on a Signal output from any micro 
phone unit (that is, a non-directional microphone unit or a 
directional microphone unit whose main axis of directivity 
is oriented to a predetermined direction). Similarly, "a noise 
reference signal indicative of a result obtained through 
detection with a Sensitivity higher in another direction than 
in the direction of the target Sound” means that the noise 
reference Signal can be not only a signal output from a 
microphone unit, but also a signal obtained by performing a 
predetermined proceSS on a Signal output from any micro 
phone unit. 
0021. A second aspect of the present invention is directed 
to a microphone device which detects a target Sound coming 
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from a direction of the target Sound. The microphone device 
includes a signal generating Section, a determining Section, 
an adaptive filter Section, a Subtracting Section, a reflection 
information calculating Section, and a reflection correcting 
Section. The Signal generating Section generates a main 
Signal indicative of a result obtained through detection with 
Sensitivity in the direction of the target Sound and a noise 
reference signal indicative of a result obtained through 
detection with a Sensitivity higher in another direction than 
in the direction of the target Sound. The determining Section 
determines whether a level ratio indicative of a ratio of a 
level of the main Signal to the noise reference Signal gen 
erated by the Signal generating Section is larger than a 
predetermined value. The adaptive filter Section generates a 
Signal indicative of a Signal component of the target Sound 
included in the noise reference signal generated by the Signal 
generating Section by performing, by an adaptive filter 
included therein, a filtering process on the main Signal 
generated by the Signal generating Section, and learns a filter 
coefficient only when the determining Section determines 
that the level ratio is larger than the predetermined value. 
The Subtracting Section Subtracts the Signal generated by the 
adaptive filter Section from the noise reference Signal gen 
erated by the Signal generating Section. The reflection infor 
mation calculating Section calculates information about a 
difference in arrival time between a direct wave of the target 
Sound and a reflected wave of the target Sound. The reflec 
tion correcting Section corrects, based on the information 
calculated by the reflection information calculating Section, 
distortion in a frequency characteristic of the main Signal 
caused by the reflected wave. 
0022. In a third aspect, the signal generating Section 
includes a first microphone unit and a Second microphone 
unit. The first microphone unit is placed So that a main axis 
of directivity is oriented to the direction of the target Sound. 
The Second microphone unit is placed So that a minimum 
sensitivity axis of directivity is oriented to the direction of 
the target Sound (a direction of a minimum sensitivity in the 
directivity). 
0023. Also, in a fourth aspect, the microphone device 
further includes a signal delaying Section. The Signal delay 
ing Section is provided between an output end of the noise 
reference Signal in the Signal generating Section and the 
Subtracting Section, and delays the noise reference Signal So 
as to Satisfy conditions of convergence of the adaptive filter 
of the adaptive filter Section. 
0024. Furthermore, in a fifth aspect, the predetermined 
value is changeable. 
0025 Still further, in a sixth aspect, the signal generating 
Section includes a first microphone unit, a Second micro 
phone unit, a delaying Section, an amplifying Section, a first 
Subtracting Section, and a Second Subtracting Section. The 
Second microphone unit has a characteristic identical to a 
characteristic of the first microphone unit. The delaying 
Section outputs a signal output from the first microphone 
unit as being delayed by a predetermined delay amount. The 
amplifying Section amplifies the Signal output from the delay 
Section. The first Subtracting Section Subtracts the Signal 
amplified by the amplifying Section from a Signal output 
from the Second microphone unit to generate the main 
Signal. The Second Subtracting Section Subtracts the Signal 
output from the delaying Section from the Signal output from 
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the Second microphone unit to generate the noise reference 
Signal. The predetermined delay amount is Set So that the 
noise reference Signal includes components of a Sound 
coming from a direction other than the direction of the target 
Sound more than components of the target Sound. The 
amplification factor in the amplifying Section is Set So as to 
cause a difference in a Sensitivity to the target Sound between 
the main Signal and the noise reference Signal. 
0.026 Still further, in a seventh aspect, the microphone 
device further includes a Setting Section for changing the 
predetermined delay amount used in the delay Section. 
0.027 Still further, in an eighth aspect, the signal gener 
ating Section includes a first microphone unit, a Second 
microphone unit, and a combining Section. The Second 
microphone unit has a characteristic identical to a charac 
teristic of the first microphone unit. The combining Section 
generates, based on Signals output from the first and Second 
microphone unit, the main Signal with Sensitivity in the 
direction of the target Sound, and generating a noise Signal 
with minimum Sensitivity in the direction of the target 
Sound. 

0028 Still further, in a ninth aspect, the signal generating 
Section includes a first microphone unit, a Second micro 
phone unit, a signal adding Section, and a signal Subtracting 
Section. The Second microphone unit is placed So that a main 
axis of directivity is oriented to a direction which is different 
from a main axis of directivity of the first microphone unit. 
The signal adding section adds a first signal output from the 
first microphone unit and a Second signal output from the 
Second microphone unit to generate the main Signal. The 
Signal Subtracting Section Subtracts a third signal, which is 
either one of the first signal and the Second Signal, from a 
fourth Signal, which is either one of the first signal and the 
Second Signal but other than the third signal, to generate the 
noise reference signal. 
0029 Still further, in a tenth aspect, the signal generating 
Section includes a first microphone unit, a Second micro 
phone unit, a Stereo signal generating Section, an inverse 
combining Section, and a combining Section. The Second 
microphone unit has a characteristic identical to a charac 
teristic of the first microphone unit. The Stereo signal 
generating Section generates, based on the first and Second 
microphone units, a Stereo signal formed by a right channel 
Signal and a left channel Signal. The inverse combining 
Section generates, based on the Stereo signal, Signals output 
from the first and Second microphone units. The combining 
Section generates the main Signal and the noise reference 
Signal based on the Signals generated by the inverse com 
bining Section. 
0030 Still further, in an eleventh aspect, the signal gen 
erating Section includes a first microphone unit, a Second 
microphone unit, a Stereo signal generating Section, a signal 
adding Section, and a signal Subtracting Section. The Second 
microphone unit has a characteristic identical to a charac 
teristic of the first microphone unit. The Stereo signal 
generating Section generates, based on the first and Second 
microphone units, a Stereo signal formed by a right channel 
Signal and a left channel Signal. The Signal adding Section 
adds he right channel Signal and the left channel Signal to 
generate the main Signal. The Signal Subtracting Section 
Subtracts a first Signal, which is either one of the right 
channel Signal and the left channel Signal, from a Second 
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Signal, which is either one of the right channel Signal and the 
left channel Signal but other than the first Signal, to generate 
the noise reference Signal. 
0031 Still further, in a twelfth aspect, the microphone 
device further includes a reflection information calculating 
Section and a reflection correcting Section. The reflection 
information calculating Section calculates, based on the filter 
coefficient of the adaptive filter Section, information about a 
difference in arrival time between a direct wave of the target 
Sound and a reflected wave of the target Sound. The reflec 
tion correcting Section corrects, based on the information 
calculated by the reflection information calculating Section, 
distortion in a frequency characteristic of the main Signal 
caused by the reflected wave. Furthermore, the noise Sup 
pressing Section Suppresses the Signal component of the 
noise included in the main Signal by using the main Signal 
corrected by the reflection correcting Section and the noise 
reference signal after Subtraction by the Subtracting Section. 
0032 Still further, in a thirteenth aspect, the noise Sup 
pressing Section includes and a time-variant coefficient filter 
Section and a noise Suppression filter coefficient calculating 
Section. The time-variant coefficient filter Section causes the 
main Signal to be Subjected to a filtering process at a noise 
Suppression filter included in the time-variant coefficient 
filter Section. The noise Suppression filter coefficient calcu 
lating Section calculates, based on the main Signal and the 
noise reference Signal after Subtraction by the Subtracting 
Section, a filter coefficient of the noise Suppression filter for 
Suppressing the Signal component of the noise included in 
the main Signal. Here, the filtering proceSS reflects the filter 
coefficient calculated by the noise Suppression filter coeffi 
cient calculating Section. 
0033 Still further, in a fourteenth aspect, the noise Sup 
pression filter coefficient calculating Section includes a first 
frequency analyzing Section, a Second frequency analyzing 
Section, a power Spectrum ratio calculating Section, a mul 
tiplying Section, and a coefficient calculating Section. The 
first frequency analyzing Section calculates a power Spec 
trum of the main Signal. The Second frequency analyzing 
Section calculates a power Spectrum of the noise reference 
Signal after Subtraction by the Subtracting Section. The 
power spectrum ratio calculating Section calculates a time 
average of a power spectrum ratio between the power 
Spectrum calculated by the first frequency analyzing Section 
and the power Spectrum calculated by the Second frequency 
analyzing Section only when the determining Section deter 
mines that the level ratio is Smaller than the predetermined 
value. The multiplying Section multiplies the time average of 
the power spectrum ratio calculated by the power spectrum 
ratio calculating Section by the power spectrum calculated 
by the Second frequency analyzing Section. The coefficient 
calculating Section calculates the filter coefficient of the 
noise Suppression filter based on the power spectrum cal 
culated by the first frequency analyzing Section and the 
multiplication result of the multiplying Section. 
0034 Still further, a fifteenth aspect of the present inven 
tion is directed to a microphone device which detects a target 
Sound coming from a direction of the target Sound. The 
microphone device includes a first microphone unit, a Sec 
ond microphone unit, a signal adding Section, a signal 
Subtracting Section, and a noise Suppressing Section. The 
Second microphone unit is placed So that a main axis of 

Page 28 of 47



US 2004/0185804 A1 

directivity is oriented to a direction which is different from 
a main axis of directivity of the first microphone unit. The 
Signal adding Section adds a first signal output from the first 
microphone unit and a Second Signal output from the Second 
microphone unit to generate a main Signal. The Signal 
Subtracting Section Subtracts a third signal, which is either 
one of the first Signal and the Second Signal, from a fourth 
Signal, which is either one of the first Signal and the Second 
Signal but other than the third Signal to generate a noise 
reference signal. The noise Suppressing Section Suppresses a 
Signal component of noise included in the main signal by 
using the main Signal and the noise reference Signal. 
0035) Still further, a sixteenth aspect of the present inven 
tion is directed to a microphone device which detects a target 
Sound coming from a direction of the target Sound. The 
microphone device includes a first microphone unit, a Sec 
ond microphone unit, a Stereo signal generating Section, an 
inverse combining Section, a combining Section, and a noise 
Suppressing Section. The Second microphone unit has a 
characteristic identical to a characteristic of the first micro 
phone unit. The Stereo Signal generating Section generates, 
based on the first and Second microphone units, a Stereo 
Signal formed by a right channel Signal and a left channel 
Signal. The inverse combining Section generates, based on 
the Stereo Signal, Signals to be output from the first and 
Second microphone units. The combining Section generates, 
based on the Signals generated by the inverse combining 
Section, a main Signal indicative of a result obtained through 
detection with a sensitivity in the direction of the target 
Sound and a noise reference Signal indicative of a result 
obtained through detection with a Sensitivity higher in 
another direction than in the direction of the target Sound. 
The noise Suppressing Section Suppresses a Signal compo 
nent of noise included in the main signal by using the main 
Signal and the noise reference Signal. 
0.036 Still further, a seventeenth aspect of the present 
invention is directed to a microphone device which detects 
a target Sound coming from a direction of the target Sound. 
The microphone device includes a first microphone unit, a 
Second microphone unit, a Stereo signal generating Section, 
a signal adding Section, a signal Subtracting Section, and a 
noise Suppressing Section. The Second microphone unit has 
a characteristic identical to a characteristic of the first 
microphone unit. The Stereo signal generating Section gen 
erates, based on the first and Second microphone units, a 
Stereo signal formed by a right channel Signal and a left 
channel Signal. The Signal adding Section adds the right 
channel Signal and the left channel Signal of the Stereo signal 
to generate a main Signal. The Signal Subtracting Section 
Subtracts a first Signal, which is either one of the right 
channel Signal and the left channel Signal, from a Second 
Signal, which is either one of the right channel Signal and the 
left channel Signal but other than the first Signal, to generate 
a noise reference Signal. The noise Suppressing Section 
Suppresses a Signal component of noise included in the main 
Signal by using the main Signal and the noise reference 
Signal. 
0037 Still further, an eighteenth aspect of the present 
invention is directed to an audio player. The audio player 
includes an audio recording Section, a Signal generating 
Section, a determining Section, an adaptive filter Section, a 
Subtracting Section, a noise Suppressing Section, and a repro 
ducing Section. The audio recording Section records audio 
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Signals of channels of at least two types. The Signal gener 
ating Section generates, based on the audio signals recorded 
on the audio recording Section, a main Signal indicative of a 
result obtained through detection with a sensitivity in the 
direction of the target Sound and a noise reference Signal 
indicative of a result obtained through detection with a 
Sensitivity higher in another direction than in the direction of 
the target Sound. The determining Section determines 
whether a level ratio indicative of a ratio of a level of the 
main Signal to the noise reference Signal generated by the 
Signal generating Section is larger than a predetermined 
value. The adaptive filter Section generates a Signal indica 
tive of a Signal component of the target Sound included in the 
noise reference Signal generated by the Signal generating 
Section by performing, by an adaptive filter included in the 
adaptive filter Section, a filtering process on the main Signal 
generated by the Signal generating Section, and learns a filter 
coefficient only when the determining Section determines 
that the level ratio is larger than the predetermined value. 
The Subtracting Section Subtracts the Signal generated by the 
adaptive filter Section from the noise reference Signal gen 
erated by the Signal generating Section. The noise SuppreSS 
ing Section Suppresses a signal component of noise included 
in the main Signal by using the main Signal and the noise 
reference signal after Subtraction by the Subtracting Section. 
The reproducing Section reproduces the main Signal with the 
Signal component of the noise being Suppressed by the noise 
Suppressing Section. 

0.038 Still further, in a nineteenth aspect, the audio player 
further includes: a Video recording Section for recording a 
Video Signal related to the audio Signals recorded on the 
audio recording Section; a Video reproducing Section for 
reproducing the Video Signal recorded on the Video record 
ing Section; and a direction accepting Section for accepting 
from a user an input of a direction in which a Sound is to be 
enhanced. Here, the Signal generating Section generates the 
main Signal and the noise reference Signal by taking the 
direction accepted by the direction accepting Section as the 
direction of the target Sound. 
0039. According to the first aspect, the signal component 
of the target Sound included in the noise reference Signal is 
Suppressed. Then, based on the main Signal and the noise 
reference Signal, a process of Suppressing noise is per 
formed. Therefore, a process of Suppressing noise can be 
performed by using an ideal noise reference Signal, thereby 
achieving a high S/N ratio. Furthermore, according to the 
first aspect, Sounds other than the target Sound can be 
Suppressed as noise. Therefore, not only noise in a particular 
one direction but also noise in all directions can be Sup 
pressed. 

0040 Also, according to the second aspect, the influence 
of the reflected wave on the main Signal can be corrected. 
Therefore, it is possible to achieve a microphone device 
having a Stable Sensitive-to-frequency characteristic irre 
Spectively of the Sound field Surrounding the microphone 
device. Furthermore, the Sound quality is not changed by the 
reflecting object. Therefore, particularly for the purpose of 
Voice recognition, a significant improvement in the recog 
nition ratio can be expected. 
0041 Furthermore, according to the third aspect, the 
main Signal and the noise reference Signal can be easily 
generated. Also, the two microphone units can be placed 
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closely to each other So as to make contact with each other, 
thereby achieving reduction is size of the microphone 
device. 

0.042 Still further, according to the fifth aspect, it is 
possible to control the range of angles formed on both sides 
of the front direction for sound collection of the microphone 
device. This makes it possible to Set a range of Sound 
collection angles depending on purposes and change the 
range of Sound collection angles as a Zoom microphone can 
do. 

0.043 Still further, according to the sixth aspect, a direc 
tivity pattern in which the sensitivity characteristics for the 
main Signal and those for the noise reference Signal are 
approximately identical to each other in a direction other 
than the target Sound direction. Therefore, matching in the 
noise Suppressing process performed at the later Stage can be 
improved, thereby improving the Sound quality after pro 
CCSS. 

0044 Still further, according to the seventh aspect, with 
the delay time being changed, the direction of collecting 
Sounds can be controlled. 

0.045 Still further, according to the ninth aspect, the main 
Signal and the noise reference Signal can be obtained by 
using a signal output from, for example, a one-point Stereo 
microphone. 
0.046 Still further, according to the tenth and eleventh 
aspects, the main signal and the noise reference signal can 
be obtained by using a Stereo Signal. 
0047 Still further, according to the twelfth aspect, both of 
additive noise and the reflected wave, which is multiplica 
tive noise, can be Simultaneously Suppressed. Therefore, it is 
possible to achieve an always flat, high-S/N-ratio micro 
phone frequency characteristic without Suffering from the 
influence of the Sound field. 

0.048 Still further, according to the fifteenth, sixteenth, 
and Seventeenth aspects, the main Signal and the noise 
reference signal, which are used in a process of Suppressing 
noise, can be generated with a simple Scheme. 
0049. These and other objects, features, aspects and 
advantages of the present invention will become more 
apparent from the following detailed description of the 
present invention when taken in conjunction with the 
accompanying drawings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0050 FIG. 1 is a block diagram illustrating the configu 
ration of a microphone device according to Embodiment 1; 
0051 FIG. 2 is an illustration showing the configuration 
of a determining section illustrated in FIG. 1; 
0.052 FIG. 3 is an illustration showing an exemplary 
State of Sound detection in a case where a dominant Sound 
direction is any one of directions of 01 through 03; 
0.053 FIG. 4 is an illustration showing an exemplary 
Structure of a noise Suppression filter coefficient calculating 
Section 40; 
0.054 FIG. 5 is an illustration showing an exemplary 
structure of a time-variant coefficient filter section 50; 
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0055 FIG. 6 is an illustration showing another exem 
plary Structure of the time-variant coefficient filter Section 
50; 
0056 FIG. 7 is an illustration showing specific examples 
of signals illustrated in FIG. 1; 
0057 FIG. 8 is a block diagram illustrating the configu 
ration of a microphone device according to Embodiment 2, 
0.058 FIG. 9 is an illustration for describing differences 
in the internal State of the microphone device when there is 
a reflective object and when there is no reflective object; 
0059 FIG. 10 is a block diagram illustrating one con 
figuration of a microphone device according to Embodiment 
3; 
0060 FIG. 11 is a block diagram illustrating another 
configuration of the microphone device according to 
Embodiment 3, 
0061 FIG. 12 is a block diagram illustrating the con 
figuration of a microphone device according to Embodiment 
4 of the present invention; 
0062 FIGS. 13A, 13B, and 13C are illustrations showing 
directivity patterns of the microphone device; 
0063 FIG. 14 is an illustration showing a part of the 
configuration of a microphone device according to Embodi 
ment 5; 
0064 FIG. 15 is an illustration showing a part of the 
configuration of a microphone device according to Embodi 
ment 6; 
0065 FIG. 16A is an illustration showing a part of the 
configuration of a microphone device according to Embodi 
ment 7, and FIG. 16B is an illustration showing a directivity 
pattern of the microphone device; 
0066 FIG. 17A is an illustration showing a part of the 
configuration of a microphone device according to Embodi 
ment 8, and FIGS. 17B and 17C are illustrations showing 
directivity patterns of the microphone device; 
0067 FIG. 18A is an illustration showing a part of the 
configuration of a microphone device according to Embodi 
ment 9, and FIGS. 18B and 18C are illustrations showing 
directivity patterns of the microphone device; 
0068 FIG. 19 is an illustration showing a part of the 
configuration of a microphone device according to Embodi 
ment 10, 
0069 FIG. 20 is an illustration showing a part of the 
configuration of a microphone device according to Embodi 
ment 11, 
0070 FIG. 21 is an illustration showing an application 
example of the microphone device according to Embodi 
ment 11, 
0071 FIG. 22 is an illustration showing an application 
example of an audio player illustrated in FIG. 21; 
0072 FIG. 23 is an illustration showing a part of the 
configuration of a microphone device according to another 
embodiment; 
0073 FIG.24 is an illustration showing the configuration 
of a conventional microphone device of Example 1, 
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0.074 FIG. 25 an illustration showing the configuration 
of a conventional microphone device of Example 2, and 
0075 FIG. 26 an illustration showing the configuration 
of a conventional microphone device of Example 3. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

0076 (Embodiment 1) 
0077. A microphone device according to Embodiment 1 
of the present invention is described below with reference to 
FIGS. 1 through 7. FIG. 1 is a block diagram illustrating 
the configuration of the microphone device according to 
Embodiment 1. In FIG. 1, the microphone device includes 
a first microphone unit 1, a Second microphone unit 2, a 
determining Section 10, an adaptive filter Section 20, a signal 
Subtracting Section 30, a noise Suppression filter coefficient 
calculating Section 40, and a time-variant coefficient filter 
50. 

0078. In FIG. 1, the first microphone unit 1 is a unidi 
rectional microphone unit, whose main axis of directivity is 
oriented to the front. The Second microphone unit 2 is a 
bidirectional microphone unit, whose main axis of directiv 
ity is oriented So as to form a right angle with respect to the 
front direction. Note that the microphone device detects a 
Sound coming from a desired direction. Hereinafter, a Sound 
to be detected is referred to as a target Sound, and the desired 
direction is referred to as a direction of the target Sound or 
a target Sound direction. In Embodiment 1, the front direc 
tion is the direction of the target Sound. 
0079 The determining section 10 is supplied with a 
Signal m1 output from the first microphone unit 1 and a 
Signal m2 output from the Second microphone unit 2 and, 
based on a level ratio between these signals, determines 
whether a desired Sound (target Sound) has arrived. The 
adaptive filter Section 20 performs a filtering process on the 
Signal m1 with a filter coefficient for Output. The Signal 
Subtracting Section 30 Subtracts a signal output from the 
adaptive filter section 20 from the signal m2. 
0080. The noise suppression filter coefficient calculating 
Section 40 is Supplied with the Signal m1 as a main Signal 
and a signal m3 output from the first signal Subtracting 
section 30 as a noise reference signal. With the use of the 
main Signal and the noise reference Signal, the noise Sup 
pression filter coefficient calculating Section 40 calculates a 
filter coefficient representing a filter characteristic for noise 
suppression. The calculated filter coefficient is fed to the 
time-variant coefficient filter section 50. The time-variant 
coefficient filter section 50 is supplied with the signal m1, 
and then performs a filtering proceSS on the received signal 
m1 in accordance with the filter coefficient calculated by the 
noise Suppression filter coefficient calculating Section 40 for 
output. 

0081. The operation of the above-structured microphone 
device is described below. In the following description, it is 
assumed that the target Sound comes from the front unless 
otherwise mentioned. 

0082 In FIG. 1, the first microphone unit 1 is placed in 
the vicinity of the second microphone unit 2. With the first 
and Second microphone units 1 and 2 being placed closely 
to each other, the Second microphone unit 2 can collect 
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Sounds (that is, noise) other than the target Sound at a 
position approximately the same as the position of the first 
microphone unit 1. The microphone device according to 
Embodiment 1 Suppresses noise that has entered the first 
microphone unit 1 by the time-variant coefficient filter 
section 50, thereby achieving sound collection at a high S/N 
ratio. At this time, the Signal m2 is used as the noise 
reference signal. Therefore, ideally, each of the microphone 
units 1 and 2 collects Sounds in a Sound field of the same 
place. That is, ideally, the microphone units 1 and 2 are 
placed So as to make contact with each other on condition 
that they do not affect determination of their directivity with 
each other. That is why, in Embodiment 1, the microphone 
units 1 and 2 are placed So as to contact closely to each other. 
0083. Also, in Embodiment 1, at the later stages in the 
microphone device (the noise Suppression filter coefficient 
calculating section 40 and the time-variant coefficient filter 
Section 50), a noise Suppressing Scheme using a time-variant 
coefficient filter is employed. If the target Sound enters the 
Second microphone unit 2, detrimental effects, Such as 
distortion or reduction in level, will occur in the processed 
Sound. Therefore, Suppression of the inclusion of the target 
Sound in the noise reference Signal is a key to using of the 
above scheme. In Embodiment 1, for the purpose of mini 
mizing the inclusion of the target Sound in the noise refer 
ence Signal, the microphone device is structured So that a 
direction of a minimum sensitivity in the directivity of the 
Second microphone unit 2 is oriented to the front. The reason 
why a bidirectional microphone unit is used as the second 
microphone unit 2 is that the bidirectional microphone unit 
has a feature that manufacturing variations in characteristics, 
Such as the orientation of the direction of a minimum 
sensitivity in the directivity and the amount of sensitivity 
attenuation, are less than those of a unidirectional unit or 
other microphone units. 
0084. With the second microphone unit 2 being struc 
tured as described above, the inclusion of the target Sound in 
the noise reference Signal can be Suppressed, but cannot be 
completely eliminated. In the actual use environment, a 
reflected wave of the target Sound caused by Sound influ 
ences of a reflective object, Such as a box to which the 
microphone unit is mounted or a Substance that Surrounds 
the microphone device, may be detected by the Second 
microphone unit 2. In addition to the influence by the 
reflected wave of the target Sound, even if the direction of a 
minimum Sensitivity in the directivity of the Second micro 
phone unit 2 is oriented to the front, a direct wave of the 
target Sound can be still detected slightly (the target Sound 
that has not been completely Suppressed remains). For this 
reason, the Signal m2 inevitably includes a component of the 
target Sound. To get around this problem, in Embodiment 1, 
the determining section 10, the adaptive filtersection 20, and 
the first signal subtracting section 30 form a canceller. With 
this canceller, the component of the target Sound included in 
the noise reference signal is Suppressed. This makes it 
possible to obtain an ideal noise reference Signal with the 
target Sound being Suppressed. 
0085 Also, in FIG. 1, the signal output from the first 
microphone unit 1 has a high possibility that it includes more 
components of the target Sound than those of noise. The 
microphone device according to Embodiment 1 adapts the 
Signal m1 to a Signal having the target Sound components 
included in the Signal m2. So as to equalize these signals. 
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That is, the main Signal is equalized to the Signal having the 
target Sound components included in the noise reference 
Signal. With this, the canceller can be accurately operated. 
0.086 Furthermore, in Embodiment 1, an adaptive filter 
included in the adaptive filter section 20 of the above 
canceller performs a learning operation only when the target 
Sound is Sufficiently large. Specifically, whether the target 
Sound is larger than noise or not is detected by the deter 
mining section 10. When the detection result of the deter 
mining Section 10 indicates that the target Sound is larger 
than noise, the adaptive filter Section 20 performs a learning 
operation at its adaptive filter. With this, the filter coefficient 
of the adaptive filter Section 20 can converge to a stable 
value. Note that the determining section 10 is required to 
detect both direction and level of Sound. The structure of the 
determining section 10 is described in detail below (refer to 
FIG. 2). 
0.087 Next, the detained structure and operation of each 
component of the microphone device are described below. 
FIG. 2 is an illustration showing the structure of the 
determining section illustrated in FIG. 1. In FIG. 2, the 
determining Section 10 includes a first Signal level calculat 
ing Section 11, a Second Signal level calculating Section 12, 
a Signal dividing Section 13, and a target Sound arrival 
determining Section 14. 
0088. In FIG. 2, the first signal level calculating section 
11 is Supplied with the Signal m1 to calculate a short-time 
average of the Signal level of the Signal m1, and then outputs 
a first Signal level X1a. The Second Signal level calculating 
Section 12 is Supplied with the Signal m2 to calculate a 
Short-time average of the Signal level of the Signal m2, and 
then outputs a Second Signal level X2a. The Signal dividing 
section 13 finds a signal ratio (level ratio) between the first 
Signal level X1a and the Second Signal level X2a. Specifi 
cally, the Signal dividing Section 13 outputs a Signal ratio Va 
by Solving Va=X1a/X2a. Based on the output from the Signal 
dividing Section 13, the target Sound arrival determining 
Section 14 determines whether the target Sound is Sufficiently 
large, that is, whether the target Sound is larger than noise. 
Specifically, the target Sound arrival determining Section 14 
compares the Signal ratio Va with a predetermined threshold 
value th1, and then outputs a determination result VX 
indicating whether the Signal ratio Va is larger than the 
predetermined threshold value th1. More specifically, the 
determination result VX can take either one of binary values, 
that is, a value (which is assumed herein as “1”) indicating 
that the Signal ratio Va is larger than the predetermined 
threshold value th1 or a value (which is assumed herein as 
“0”) indicating that the signal ratio Va is equal or Smaller 
than the predetermined threshold value th1). 
0089. In FIG. 2, consider a case where a sound coming 
from a direction of 00 (front direction) is dominant, meaning 
that the Sound coming from the direction of 00 is signifi 
cantly larger than Sounds coming from other directions, and 
these other Sounds are too small to be negligible. In this case, 
the direction of 00, which coincides with the front direction, 
is a direction of a maximum Sensitivity for the first micro 
phone unit 1, and also is a direction of a minimum Sensitivity 
for the second microphone unit 2. Therefore, the value of the 
first Signal level X1a is relatively large compared with that 
in a case which will be described below, while the value of 
the Second Signal level X2a is relatively Small compared with 
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that in the case which will be described below. Therefore, in 
this case, the signal ratio Va (=X1a/X2a) is relatively large 
compared with that in the case which will be described 
below. 

0090 Next, consider a case where a sound coming from 
a direction of 01 is dominant. Here, the first microphone unit 
1 has unidirectional directivity whose main axis is oriented 
to the direction of 00. The second microphone unit 2, on the 
other hand, has bidirectional directivity whose main axis is 
oriented to a direction of 02. Therefore, in the case where the 
Sound coming from the direction of 01 is dominant, the 
value of the first signal level X1a is decreased and the value 
of the Second Signal level X2a is increased compared with 
the case where the sound coming from the direction of 00 is 
dominant. Consequently, the Signal ratio Va is decreased 
compared with the case where the Sound coming from the 
direction of 00 is dominant. Furthermore, when the domi 
nant sound direction is changed from the direction of 00 to 
the direction of 02, the value of the first signal level X1a is 
further decreased, while the value of the Second Signal level 
X2a is further increased. As a result, the Signal ratio Va is 
decreased compared with the case where the Sound coming 
from the direction of 00 is dominant. 

0091 Next, consider a case where a sound coming from 
a direction of 03 is dominant. Here, the direction of 03 is a 
direction of a minimum sensitivity in the directivity of both 
of the microphone units 1 and 2. In this case, the first Signal 
level X1a and the Second signal level X2a are both decreased 
and, consequently, the Signal ratio Va does not have a large 
value. 

0092 FIG. 3 is an illustration showing an exemplary 
State of Sound detection in a case where the dominant Sound 
direction is any one of the directions of 01 through 03. In 
FIG. 3, signal waveforms of signals at the first signal level 
X1a, the Second Signal level X2a, and the Signal ratio Va are 
illustrated. Here, by setting the threshold value th1 to a level 
illustrated in FIG. 3, it is possible to detect, as the deter 
mination result Vx, that the Sound in the direction of 00 is 
dominant. That is, when the threshold value VX is set to the 
level illustrated in FIG. 3, the value of the determination 
result Vx indicates “1” only when the sound in the direction 
of 00 is dominant. In Embodiment 1, the Sound in the front 
direction (the direction of 00) is taken as the target Sound. 
Therefore, based on the value of the determination result Vx, 
it is possible to detect the target Sound is dominant. When 
not only the sound in the direction of 00 but also the sound 
in the direction of 01 are taken as the target Sound, a 
threshold value th2 illustrated in FIG. 3 is used. With the 
threshold value th2, the determination result VX indicates 
“1” not only when the sound in the direction of 00 is 
dominant but also when the Sound in the direction of 01 is 
dominant. 

0093. Next, the operation performed by the adaptive filter 
section 20 and the signal subtracting section 30 for Sup 
pressing the target Sound included in the noise reference 
Signal (the Signal m2) is described below. In the adaptive 
filter Section 20, the adaptive filter equalizes the Signal m1 
to the Signal representing the components of the target Signal 
included in the Signal m2. That is, from the Signal m1, the 
adaptive filter Section 20 generates a signal representing the 
components of the target Signal included in the Signal m2. 
An example of a Scheme that can be employed by the 
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adaptive filter is the Least-Mean-Square (LMS) algorithm 
(learning identification Scheme). The signal Subtracting Sec 
tion 30 subtracts the signal generated by the adaptive filter 
Section 20 from the Signal m2, thereby producing the Signal 
m3. Consequently, the Signal m3 is a noise reference Signal 
with the target Sound components being Suppressed. 
0094. Here, based on the determination result Vx 
obtained by the determining section 10, the adaptive filter 
Section 20 determines whether to learn a filter coefficient. 
Specifically, when it is determined by the determining 
Section 10 that the target Sound is dominant, that is, when the 
determination result VX indicates “1”, the adaptive filter 
Section 20 performs a filter coefficient learning process. On 
the other hand, when it is determined by the determining 
Section 10 that the target Sound is not dominant, that is, when 
the determination result VX indicates “0”, the adaptive filter 
Section 20 does not perform a filter coefficient learning 
proceSS. 

0.095 First, consider a case where the target Sound is 
dominant. In this case, the adaptive filter Section 20 per 
forms a filter coefficient learning process. In this case, Since 
noise is negligible, the Second microphone unit 2 can be 
regarded as not detecting noise, and but detecting only the 
components of the target Sound (that is, the components of 
reflected waves of the target Sound and the remaining direct 
wave of the target Sound that has not been completely 
Suppressed). That is, the signal m2 can be regarded as not 
including the noise components and only including the 
target Sound components. In this case, the adaptive filter 
Section 20 outputs the Signal m2 as the resultant Signal 
obtained by performing a filtering proceSS on the Signal m1. 
That is, a filter coefficient learning process is performed So 
that the Signal m3 is 0. AS a result of this learning process, 
the adaptive filter section 20 can obtain the filter coefficient 
with high accuracy for generating, based on the first signal 
m1, a Signal representing the target Sound components 
included in the Signal m2. 
0096) Next, consider a case where the target Sound is not 
dominant. In this case, the Signal m2 includes the target 
Sound components as well as noise components that are too 
large to be negligible. Therefore, in this case, even if 
performing a filter coefficient learning proceSS So that the 
signal m3 is 0, the adaptive filter section 20 cannot obtain an 
appropriate filter coefficient. That is, it is impossible to 
obtain a filter coefficient for generating, based on the Signal 
m1, the target Sound components included in the Signal m2. 
Furthermore, in this case, a learning process might cause 
dispersion of the filter coefficient. For the above reasons, the 
adaptive filter section 20 should not perform a filter coeffi 
cient learning proceSS in this case. Thus, the adaptive filter 
Section 20 does not perform Such a proceSS when the target 
Sound is not dominant. 

0097 As described above, with the use of the determi 
nation result of the determining section 10, a filter coefficient 
learning proceSS is performed only when the magnitude of 
the target Sound is large compared with the Surrounding 
noise. With this, the adaptive filter section 20 can converge 
the filter coefficient to a stable value. 

0.098 As such, the microphone device according to 
Embodiment 1 Separates, to a certain extent, the target Sound 
and the noise as pretreatment by using the directivity char 
acteristic of each of the microphone units 1 and 2. Then, the 
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above-described canceller is used to Suppress the target 
Sound components that are included in the Sound reference 
Signal and cannot be completely Suppressed with the Struc 
ture using the microphone units 1 and 2. With this, the 
microphone device according to Embodiment 1 can obtain 
an ideal noise reference Signal. 
0099] If the noise reference signal is sought to be 
obtained only with the canceller without performing Such 
pretreatment by using the directivity characteristic of the 
microphone units, one drawback is that the accuracy of 
learning control is deteriorated, because the target Sound is 
difficult to detect under a noisy environment. Another draw 
back is that enhancement of the target Sound is not per 
formed by using the directivity of the microphone units, 
thereby decreasing the correlation of the learning Signal 
(target Sound) and making it difficult to converge the filter 
coefficient. 

0100. Described below is the operation of the noise 
Suppression filter coefficient calculating Section 40 and the 
time-variant coefficient filter section 50 for Suppressing 
noise components included in the main signal (the signal 
m1). Note that, noise Suppression effects achieved by the 
noise Suppression filter coefficient calculating Section 40 and 
the time-variant coefficient filter section 50 can be achieved 
through a two-input-type spectrum Subtraction Scheme. 
However, the Spectrum Subtraction Scheme requires a frame 
process for eventually converting the spectrum to a wave 
form Signal, thereby causing a process delay. To reduce a 
Signal delay in the frame process, there are Some measures, 
Such as shortening the frame length or increasing frame 
overlaps. However, these measures are not practical because 
Shortening the frame length decreases frequency resolution, 
and increasing frame overlaps increases the amount of 
process. To get around Such problems, in Embodiment 1, a 
Scheme using a time-variant coefficient filter is adopted, in 
which a process delay little occurs. 
0101 FIG. 4 is an illustration showing an exemplary 
Structure of the noise Suppression filter coefficient calculat 
ing section 40. In FIG. 4, the noise Suppression filter 
coefficient calculating Section 40 includes a first frequency 
analyzing Section 41, a Second frequency analyzing Section 
42, a spectrum ratio calculating Section 43, a signal aver 
aging Section 44, a signal multiplying Section 45, a filter 
transfer characteristic estimating Section 46, and an impulse 
response designing Section 47. 
0102) In FIG. 4, the first frequency analyzing section 41 
calculates a power spectrum X(CO) of the signal m1, which 
is the main Signal. The Second frequency analyzing Section 
42 calculates a power spectrum N1(co) of the signal m3, 
which is the noise reference Signal. Here, the frequency 
analyzing Sections 41 and 42 can be achieved by using a 
known Scheme capable of deriving the power of the fre 
quency component, Such as FFT, a filter bank, wavelet 
transformation, or DCT. 
0103) The spectrum ratio calculating section 43 is Sup 
plied with the power spectrum X(co) calculated by the first 
frequency analyzing Section 41 and the power spectrum 
N1(co) calculated by the Second frequency analyzing Section 
42 to derive a spectrum ratio H(c))=X(())/N1(c)). The signal 
averaging Section 44 is Supplied with the Spectrum ratio 
H(co) derived by the spectrum ratio calculating Section 43 
and the determination result VX of the determining Section 
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10. Then, a time average Ha(CO) for each frequency compo 
nent is calculated when the Surrounding noise is dominant 
compared with the target Sound (that is, when the value of 
the determination result VX indicates “0”). The signal mul 
tiplying section 45 multiplies the power spectrum N1(c)) 
calculated by the Second frequency analyzing Section 42 by 
the time average Ha(co) calculated by the signal averaging 
Section 44 for each frequency component. Then, the Signal 
multiplying Section 45 outputs the multiplication result as 
NX(co). Note that, due to directivity patterns being different 
from each other and the characteristics of the microphone 
units, the shape and level of the Spectrum of the noise 
component included in the spectrum X(CO) of the main signal 
are not necessarily identical to those of the spectrum N1(co) 
of the noise reference Signal. The Spectrum ratio calculating 
Section 43, the Signal averaging Section 44, and the Signal 
multiplying section 45 described above collectively form a 
Structure So as to coincide the Spectrum of the noise com 
ponents included in the spectrum X(CO) of the main signal 
and the spectrum N1(co) of the noise reference signal with 
each other. Therefore, the spectrum NX(co) obtained as the 
multiplication result of the Signal multiplying Section 45 
represents the noise components included in the Spectrum 
X(CO) of the main signal. Therefore, this spectrum NX(CO) is 
hereinafter referred to as an estimated noise spectrum 
NX(co). 
0104. The filter transfer characteristic estimating section 
46 is supplied with the power spectrum X(()) calculated by 
the first frequency analyzing section 41 and the estimated 
noise spectrum NX(co) calculated by the signal multiplying 
section 45 to calculate a transfer characteristic Hw (co) of a 
noise Suppression filter. This transfer characteristic Hw(co) 
can be calculated based on, for example, the Wiener filter 
method, by solving, for example, Hw(c))=(X(co)-NX(c)))/ 
X(co). 
0105 The impulse response designing section 47 takes 
the transfer characteristic Hw(()) calculated by the filter 
transfer characteristic estimating Section 46 as a target 
characteristic, and outputs a filter coefficient hw(n) so that 
the transfer characteristic asymptotically approaches the 
target characteristic for each Sampling. 
0106 The time-variant coefficient filter section 50 per 
forms a filtering proceSS on the Signal m1 in accordance with 
the filter coefficient hw(n) output from the impulse response 
designing Section 47 to generate an output signal y of the 
microphone device. With reference to FIGS. 5 and 6, a 
Specific example of the Structure of the time-variant coeffi 
cient filter section 50 is described below. 

0107 FIG. 5 is an illustration of an exemplary structure 
of the time-variant coefficient filtersection 50. In FIG. 5, the 
time-variant coefficient filter section 50 includes n signal 
delaying Sections, n+1 Signal amplifying Sections, and in 
signal adding sections. Note that FIG. 5 illustrates, byway 
of example, a first signal delaying Section 501, a Second 
Signal delaying Section 502, an n-th Signal delaying Section 
503, a first signal amplifying section 504, a second signal 
amplifying Section 505, an n-th Signal amplifying Section 
506, a first signal adding section 508, and an n-th signal 
adding section 509. 
0108. In FIG. 5, each signal delaying section is con 
nected in Series to each other for delaying a received signal 
by one sample. Each Signal amplifying Section amplifies a 
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received signal for Output. The first signal amplifying Sec 
tion 504 amplifies the signal m1 Supplied to the time-variant 
coefficient filter section 50. The second signal amplifying 
section 505 amplifies a signal output from the first signal 
delaying Section 501. The other signal amplifying Sections 
Subsequent to the Second Signal amplifying Section 505 
perform an operation Similar to that performed by the Second 
signal amplifying section 505. That is, an (i+1)-th (i is an 
integer of 1 through n) Signal amplifying Section amplifies a 
Signal output from an i-th Signal delaying Section. The first 
signal adding section 508 adds a signal output from the first 
amplifying Section 504 and a signal output from the Second 
Signal amplifying Section 505 together. A Second Signal 
adding Section (not shown) adds a signal output from the 
first signal adding Section 508 and a signal output from a 
third signal amplifying Section (not shown) together. The 
Signal adding Sections Subsequent to the Second Signal 
adding Section perform an operation similar to that per 
formed by the Second Signal adding Section. That is, a j-th (j 
is an integer of 2 through n) signal adding Section adds a 
Signal output from a (j-1)-th signal adding Section and a 
Signal output from an (i+1)-th Signal amplifying Section. 
Then, a signal output from the n-th signal adding section 509 
represents the output signal y. Note that FIG. 5 illustrates the 
structure of a general FIR-type filter, and the coefficients of 
the first through (n+1)-th Signal amplifying Sections are 
changed according to the filter coefficient hw(n) from the 
impulse response designing Section 47. 
0109 FIG. 6 is an illustration of another exemplary 
structure of the time-variant coefficient filter section 50. In 
FIG. 6, the time-variant coefficient filter section 50 includes 
in band-pass filters, in Signal amplifying Sections, and a signal 
adding section 517. Note that FIG. 6 illustrates, by way of 
example, a first band-pass filter 511, a Second band-pass 
filter 512, an n-th band-pass filter 513, a first signal ampli 
fying Section 514, a Second Signal amplifying Section 515, 
an n-th Signal amplifying Section 516, and the Signal adding 
Section 517. 

0110. In FIG. 6, the band-pass filters are placed in 
parallel at a later input signal Stage for dividing a band of the 
Signal m1 Supplied to the time-variant coefficient filter 
Section 50 by n for output. Each Signal amplifying Section 
amplifies a signal output from the corresponding band-pass 
filter. The Signal adding Section 517 adds signals output from 
the Signal amplifying Sections, and then outputs the addition 
result as the output signal y. Note that an amplification factor 
of each Signal amplifying Section can be determined based 
on the transfer function Hw(()) output from the filter transfer 
characteristic estimating Section 46. Also with this structure, 
the same effects as those described with reference to FIG. 5 
can be obtained. 

0111 FIG. 7 is an illustration showing specific examples 
of signals illustrated in FIG. 1. Specifically, illustrated are 
Specific examples of the Signal m1 output from the first 
microphone unit 1, the Signal m2 output from the Second 
microphone unit 2, the Signal m3 output from the first Signal 
Subtracting Section 30, and the output Signal y output from 
the time-variant coefficient filter section 50. As illustrated in 
FIG. 7, the signal m3 is a signal including only the com 
ponents of Sounds other than the target Sound, that is, the 
components of noise, with the influence of the reflected 
Sound or the like being Suppressed from the Signal m2. 
Furthermore, with a filtering process being performed by the 
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time-variant coefficient filtering section 50 by using the 
main Signal m1 and the noise reference Signal m3, only the 
target Sound can be extracted as the output Signal y. AS 
evident from comparison of the Signal m1, which is an 
output from a conventional directional microphone unit, and 
the output Signal y of the microphone device according to 
Embodiment 1, the Surrounding noise can be significantly 
Suppressed in the microphone device according to Embodi 
ment 1, irrespectively of whether the target Sound is being 
produced or not. 
0112 Depending on the positional relationship between 
the first and Second microphone units 1 and 2 or circuits 
provided at a later Stage of each of the microphone units 1 
and 2, a signal delaying Section can be provided between the 
Signal Subtracting Section 30 and the Second microphone 
unit 2 in order to Satisfy the causality for adaptive filter 
convergence. The amount of delay in this signal delaying 
Section is determined So as to, as a guide, be equal to or 
larger than an amount obtained by dividing a distance 
between the first and second microphone units 1 and 2 by the 
Speed of Sound. 
0113 Furthermore, although a unidirectional microphone 
unit is used as the first microphone unit 1 in Embodiment 1, 
a non-directional or ultradirectional microphone can also be 
used. 

0114. In Example 1, the determining section 10 outputs, 
as the determination result VX, a numerical value repre 
sented by a binary value. Here, the determining section 10 
can output the Signal ratio Va represented by a multilevel 
value. Moreover, in this case, the adaptive filter section 20 
varies the Speed of learning in accordance with the deter 
mination result (signal ratio Va). Specifically, when the 
Signal ratio Va is larger than a threshold value, the adaptive 
filter Section 20 increases the Speed of learning as the Signal 
ratio Va is larger. More Specifically, as the Signal ratio Va 
increases, the value of a step gain parameter is approximated 
more to 0.5. On the other hand, when the signal ratio Va is 
equal to or Smaller than the threshold value, the adaptive 
filter Section 20 does not perform a learning process. In other 
words, the value of the Step gain parameter is Set to 0. 
0115 AS described above, the microphone device accord 
ing to Embodiment 1 can obtain an ideal noise reference 
Signal even in a noisy environment or a reflective Sound 
field. Therefore, with the noise Suppressing Section using the 
main Signal and the noise reference Signal, an S/N ratio in 
Sound collection can be significantly improved compared 
with conventional directional microphone devices. Further 
more, by adopting a Scheme using a time-variant coefficient 
filter as a noise Suppressing Scheme, the microphone device 
according to Embodiment 1 can reduce a process delay 
compared with a case where a spectrum Subtraction Scheme 
is employed. Therefore, the microphone device according to 
Embodiment 1 can also be applied So as to achieve purposes 
requiring less delayS, Such as being used for loudspeakers or 
calling. 

0116 (Embodiment 2) 
0117. With reference to FIGS. 8 and 9, a microphone 
device according to Embodiment 2 is described below. In 
contrast of an object of the microphone device according to 
Embodiment 1, which is to SuppreSS the included noise when 
detecting the target Sound, an object of the microphone 
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device according to Embodiment 2 is to correct distortion in 
frequency characteristic of the target Sound caused by a 
detected reflected wave of the target Sound. 
0118. In FIG. 8, the microphone device includes a first 
microphone unit 1, a Second microphone unit 2, a determin 
ing Section 10, an adaptive filter Section 20, a signal Sub 
tracting Section 30, a reflection information calculating 
section 60, and a reflection correcting section 70. Note that, 
in FIG. 8, components similar in structure to those in 
Embodiment 1 are provided with the same reference numer 
als, and are not described in detail herein. 
0119). In FIG. 8, the reflection information calculating 
section 60 is supplied with the filter coefficient of the 
adaptive filter section 20. By using the received filter coef 
ficient, the reflection information calculating Section 60 
estimates the presence or absence of a reflective object, a 
distance to a reflective object if any, and the degree of 
influence of the reflective object if any. The reflection 
correcting Section 70 receives the Signal m1 and, based on 
the estimation result of the reflection information calculating 
Section 60, corrects distortion in frequency characteristic 
occurring in the Signal m1 caused by the influence of 
reflection of the target Sound. 
0120) The operation of the microphone device according 
to Embodiment 2 is now described below. 

0121. In the microphone device illustrated in FIG. 8, the 
Signal m1 is the main signal. Here, when the directivity of 
the first microphone unit 1 is unidirectional, Such directivity 
is not So sharp as to be able to eliminate a reflected wave of 
the target Sound. Therefore, when a reflective object is 
located in the vicinity of the microphone device, the 
reflected wave and the direct wave of the target Sound are 
Simultaneously collected, thereby causing distortion in fre 
quency characteristic of the detected Sound due to interfer 
ence between the direct wave and the reflected wave of the 
target Sound. By using the fact that information about the 
reflected wave appears in the filter coefficient of the adaptive 
filter Section 20, the microphone device according to 
Embodiment 2 corrects the frequency distorted by the influ 
ence of the reflection of the target Sound. This makes it 
possible to automatically correct the frequency characteris 
tic of the detected Sound. 

0.122 AS described above, the adaptive filter section 20 
generates a signal of the remaining components of the target 
Sound that have not been completely Suppressed due to 
incomplete directivity, that is, a Signal of the components of 
the reflected wave of the target Sound. In other words, the 
transfer characteristic (impulse response) between the signal 
m1 including components of the direct wave of the target 
Sound and the Signal m2 including components of the 
reflected wave of the target sound is represented by the filter 
coefficient of the adaptive filter section 20. Therefore, by 
detecting a peak of the filter coefficient, it is possible to 
ascertain a time difference dt (Sec) at the location of the 
microphone units between a time when the direct wave of 
the target Sound arrives and a time when the reflected wave 
arrives, a peak level Lr representing the reflected wave, and 
the intensity of reflection. Furthermore, from the time dif 
ference dt, it is possible to know a distance difference dtxc 
(where c is the Speed of Sound) between a route through 
which the reflected wave of the target Sound arrives and a 
route through which the direct wave arrives. 
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0123. Here, as for a sound having a frequency whose 
wavelength is equal to the distance difference (a wavelength 
w Satisfies a relationship of w=dtxc), the direct wave and the 
reflected wave are added together in phase. Therefore, a 
Sound preSSure level detected by the microphone unit is 
increased. Conversely, as for a Sound having a frequency 
whose wavelength is equal to half of the distance difference 
(the wavelength w Satisfies a relationship of W2=dtxc), the 
direct wave and the reflected wave are in opposite phase. 
Therefore, the sound pressure level detected by the micro 
phone unit is decreased, and a dip occurs in the frequency 
characteristic of the main Signal. If perfect reflection occurs 
on a Surface of reflection, a frequency characteristic where 
a harmonic portion whose basic frequency is fa (=c/k=W/dt) 
is enhanced appears in the Signal output from the first 
microphone unit 1, Such as the frequency characteristic of a 
comb filter. 

0.124 FIG. 9 is an illustration for describing differences 
in the internal State of the microphone device when there is 
a reflective object and when there is no reflective object. 
FIG. 9 illustrates, for each of the case where there is a 
reflective object and the case where there is no reflective 
object, a positional relationship among the microphone 
units, a target Sound Source (talker), and the reflective object, 
values of an adaptive filter had f(n) in the adaptive filter 
Section 20, and the frequency characteristic of the Signal m1. 
0125) In FIG. 9, in a state as illustrated in (a1) where 
there is no reflective object in the vicinity of the talker or the 
microphone units, no influence of a reflected wave occurs to 
the filter coefficient of the adaptive filter section 20, as 
illustrated in (a2). Also, as illustrated in (a3), the shape of the 
frequency characteristic of the main Signal is relatively flat. 
On the other hand, in a state as illustrated in (b1) where there 
is a reflective object in the vicinity of the talker and the 
microphone units, the value of the filter coefficient of the 
adaptive filter Section 20 is increased in a Segment of the 
time difference dt, as illustrated in (b2). Also, as illustrated 
in (b3), distortion occurs in the frequency characteristic of 
the main signal correspondingly to the above-Stated posi 
tional relationship. 

0126. As such, from the peak of the coefficient of the 
adaptive filter, the above time difference dt and the degree of 
influence Lr can be calculated. Furthermore, by using these 
calculation results, the amount of correction of the frequency 
characteristic distorted by the influence of the reflected wave 
can be estimated. In practice, particularly in high frequen 
cies, perfect reflection on the Surface of reflection cannot be 
regarded as occurring. One way of coping with this is that 
a reflection characteristic of the Surface of reflection is 
hypothesized for deconvolution filter design. Another way is 
that, by focusing, for the meantime, on only a low-frequency 
characteristic, corrected gains are calculated for a frequency, 
Such as a frequency of fa whose wavelength is equal to the 
distance difference (fa=1/dt) or a frequency of fb whose 
wavelength is equal to a half of the distance difference 
(fb=1/2dt), by using the following equations, for example. 

Center frequency fa: Correctedgain=-1:20log(1+ 
C.1. Lir) (dB) 
Center frequency fb: Correctedgain=+2:20log(1- 
C2Lr)(dB) 

0127. In this case, a correction characteristic Hr(co) of the 
reflection correction section 70 can be achieved by using an 

Sep. 23, 2004 

equalizer capable of adjusting the center frequency, the 
bandwidth, and the gain based on the information from the 
reflection information calculating Section 60. 
0128. In a case where the use environment of the micro 
phone device can be restricted, Such as a case where the 
microphone device is used for voice recognition in car 
navigation, the accuracy of detecting the filter coefficient of 
the adaptive filter Section 20 can be increased. Specifically, 
only initial reflection components are considered and, based 
on the calculated amount of delay of the reflected wave on 
the Surface of reflection, the range to be searched for a 
maximum value of the filter coefficient is limited. 

0129. As for the maximum value of the filter coefficient, 
according to the directivity type of the microphone unit, the 
Side, which is either one of the positive and negative sides, 
where a peak due to the reflected wave occurs the polarity 
of a directional lobe, may depend on a direction from which 
the reflected wave comes. In that case, a Search for the 
maximum value is performed with respect to the absolute 
value of the filter coefficient. 

0.130. As described above, according to Embodiment 2, it 
is possible to correct the frequency characteristic distorted 
by the influence of the reflected wave of the target sound. 
Therefore, it is possible to achieve a microphone device in 
which a stable, flat frequency characteristic with respect to 
the Sound pressure Sensitivity can be obtained in any use 
environment (Sound field) Thus, according to Embodiment 
2, Sound quality can be improved for calling and loudspeak 
ers. Furthermore, particularly for the purpose of Voice 
recognition, distortion in frequency characteristic caused by 
the reflected wave has been a culprit for erroneous recog 
nition. With the structure according to Embodiment 2, it is 
possible to Stably achieve a high Voice recognition ratio 
irrespectively of whether there is a reflective object nearby. 

0131 (Embodiment 3) 
0132). With reference to FIGS. 10 and 11, a microphone 
device according to Embodiment 3 is described below. The 
microphone device according to Embodiment 3 has a struc 
ture Such that the structures of Embodiment 1 and 2 are 
combined. 

0.133 FIG. 10 is a block diagram illustrating one 
example of the configuration of the microphone device 
according to Embodiment 3. In FIG. 10, the microphone 
device includes a first microphone unit 1, a Second micro 
phone unit 2, a determining Section 10, an adaptive filter 
Section 20, a signal Subtracting Section 30, a noise Suppres 
Sion filter coefficient calculating Section 40, a time-variant 
coefficient filter section 50, a reflection information calcu 
lating section 60, and a reflection correcting section 70. Note 
that, in FIG. 10, components similar instructure to those in 
Embodiment 1 or 2 are provided with the same reference 
numerals, and are not described in detail herein. 

0134) The structure illustrated in FIG. 10 is different 
from that illustrated in FIG. 8 in that the noise suppression 
filter coefficient calculating section 40 and the time-variant 
coefficient filter section 50 illustrated in FIG. 1 are provided 
at a later stage of the structure illustrated in FIG.8. With this 
structure, the microphone device illustrated in FIG. 10 can 
correct distortion in frequency characteristic caused by the 
reflected wave and also can Suppress noise. 
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0135 FIG. 11 is a block diagram illustrating another 
example of the configuration of the microphone device 
according to Embodiment 3. In FIG. 11, the microphone 
device includes a first microphone unit 1, a Second micro 
phone unit 2, a determining Section 10, an adaptive filter 
Section 20, a signal Subtracting Section 30, a time-variant 
coefficient filter section 50, a reflection information calcu 
lating Section 60, a reflection correcting Section 70, and a 
noise Suppression/reflection inverse characteristic filter 
coefficient estimating section 80. In the structure illustrated 
in FIG. 11, the characteristic of the reflection correcting 
section 70 is superimposed on the characteristic of the 
time-variant coefficient filter section 50, thereby reducing 
the amount of processes. 
0.136 The operation of the microphone device illustrated 
in FIG. 11 is different from that illustrated in FIG. 10 in the 
operation of the noise Suppression/reflection inverse char 
acteristic filter coefficient estimating section 80. This esti 
mating Section 80 is Supplied with the signal m1 (main 
Signal), the signal m3 (noise reference Signal), and a signal 
output from the reflection information calculating Section 
60. Then, based on these signals, a noise Suppression filter 
characteristic Hw(()) (=(X(co)-NX(())/X(co) and a reflection 
inverse characteristic Hr(co) are calculated. Furthermore, a 
filter coefficient whose target characteristic is 
{Hw(co). Hr(()) is output to the time-variant coefficient filter 
section 50. With this, it is possible to simultaneously per 
form both of a process of correcting distortion in frequency 
characteristic caused by the reflected wave and a process of 
Suppressing noise. 
0.137 AS described above, according to Embodiment 3, 
as with Embodiment 1, an ideal noise reference Signal with 
the target Sound being Suppressed can be obtained. Also, as 
with Embodiment 2, it is possible to simultaneously perform 
a two-input-type noise Suppressing process by using the 
main Signal and the noise reference Signal and a process of 
correcting distortion in frequency characteristic caused by 
the influence of the reflected wave. Consequently, even in a 
noisy Surrounding environment or a reflected Sound field, a 
flat frequency characteristic having a high S/N ratio can be 
obtained. This offers an effect of improving voice quality in 
calling or loudspeakers and an effect of improving a voice 
recognition ratio. 
0138 (Embodiment 4) 
0139. With reference to FIGS. 12 and 13A through 13C, 
a microphone device according to Embodiment 4 is 
described below. In Embodiment 4, of all directions of 
Sounds that arrive at the microphone device, only a direction 
of an assumed target Sound is changed. 
0140 FIG. 12 is a block diagram illustrating the con 
figuration of the microphone device according to Embodi 
ment 4. In FIG. 12, the microphone device further includes 
a detection threshold setting section 90 in addition to the 
components illustrated in FIG. 11. Note that, in FIG. 12, 
components Similar in Structure to those in Embodiment 3 
are provided with the same reference numerals as those 
illustrated in FIG. 11, and are not described in detail herein. 
0.141. The detection threshold setting section 90 sets a 
threshold value used in the determining section 10. The 
microphone device according to Embodiment 4 is different 
from that according to Embodiment 3 in that the threshold 
value set in the determining section 10 is controllable. 
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0142. In FIG. 12, the threshold value set in the deter 
mining section 10 can be changed. With the threshold value 
being changed, a range of angles formed on both Sides of the 
front direction can be changed. That is, the range of angles 
for target Sound collection can be controlled. 
0.143 For example, consider a case where the above 
threshold value is set as th1 by the detection threshold 
setting section 90 (refer to FIG. 3). In this case, a sound 
coming from the direction of 01 (refer to FIGS. 2 and 3) is 
not regarded as the target Sound. That is, the Sound coming 
from the direction of 01 is regarded as noise. Also, a 
component of the Sound coming from the direction of 01 is 
included in the Signal m3. Consequently, in the final output, 
the Sound coming from the direction of 01 is Suppressed. 
0144. On the other hand, in a case where the threshold 
value is set as th2 (refer to FIG. 3), the sound coming from 
the direction of 01 is regarded as the target Sound. In this 
case, the Signal m3, which is the noise reference Signal, does 
not include a component of the Sound coming from the 
direction of 01. Consequently, in the final output, the Sound 
coming from the direction of 01 is output as the target Sound. 
0145 AS described above, with the threshold value of the 
determining Section 10 being controlled, it is possible to 
control the range of angles enabling the microphone device 
to collect Sounds. However, the range of angles is limited to 
angles covering a direction of a minimum Sensitivity in the 
directivity of the Second microphone unit 2, that is, certain 
angles with respect to the front. 
0146 FIGS. 13A through 13C illustrate directivity pat 
terns of the microphone device. In FIG. 13A, a directivity 
pattern of the Signal m1 is illustrated. Furthermore, a direc 
tivity pattern of the output signal y of the microphone device 
when the threshold value is set as th2 is illustrated in FIG. 
13B and a directivity pattern thereof when the threshold 
value is set as th1 is illustrated in FIG. 13C. The range of 
angles enabling the microphone device to collect Sounds 
illustrated in FIG. 13B is wider than that illustrated in FIG. 
13C. For example, when the threshold value is set as th2, the 
Sound coming from the angle 01 is determined as the target 
Sound. On the other hand, Sensitivity is significantly dete 
riorated in portions out of that range. In FIG. 13C, the range 
of angles enabling the microphone device to collect Sounds 
is narrow, thereby achieving an extremely acute directivity 
characteristic. In this case, the Sound coming from the angle 
01 is not determined as the target Sound. 
0147 As described above, according to Embodiment 4, 
with the threshold value of the determining section 10 being 
changed, the acuteneSS of the directivity of the microphone 
device can be changed. In general, in the directivity of the 
microphone device, it is more difficult to form an acute main 
beam than to form an acute range of directions of a mini 
mum Sensitivity in the directivity. However, according to 
Embodiment 4, it is possible to achieve an unprecedented 
microphone device having acute directivity. 
0.148. In practice, the more the acuteness of the directiv 

ity, the less the usability of the microphone device. When 
using a microphone device having acute directivity, the user 
has to always keep the front direction in mind. In order to 
achieve both of high usability and high noise Suppressing 
capability, the microphone device preferably has a directiv 
ity characteristic Such that a certain Sensitivity characteristic 
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is maintained from the front up to a certain range of angles 
but, for the other directions, Sensitivity is significantly 
attenuated. Furthermore, preferably, the Sound-collectable 
range of angles can be freely Set in accordance with the 
purpose of the microphone device or the State of Sound 
collection. According to Embodiment 4, the directivity of 
the microphone device is changed as illustrated in FIGS. 
13A through 13C. As evident from FIGS. 13A through 
13C, the microphone device according to Embodiment 4 can 
achieve both of high usability as the microphone device and 
high noise Suppressing capability. 
0149 (Embodiment 5) 
0150. With reference to FIG. 14, a microphone device 
according to Embodiment 5 is described below. The micro 
phone devices according to Embodiments 1 through 4 have 
a structure in which a unidirectional microphone unit and a 
bidirectional microphone unit are placed closely to each 
other, and Signals output from these microphone units are 
taken as the main signal and the noise reference Signal. This 
Structure has advantages Such that the microphone device 
can be made Small, and also can be achieved at low cost 
because a directivity combining process, for example, is not 
required. 
0151. Meanwhile, a device, such as a video recorder, 
capable of collecting Sounds, often use a plurality of micro 
phone units having non-directivity or directivity of the same 
characteristic to obtain directivity by combining Signals 
output from these microphone units. In Such a directivity 
combining process, the microphone units are required to be 
a certain distance (normally, 1 cm to 5 cm) apart from each 
other for mitigating a problem of circuit noise or others. 
Therefore, Such a device performing a directivity combining 
proceSS is Somewhat disadvantageous over the devices 
according to Embodiments 1 through 4 for size reduction. 
However, the device performing a directivity combining 
proceSS is practically advantageous in that, for example, 
flexibility in designing directivity is high and a variable 
characteristic using a digital process can be used. 
0152. In Embodiment 5, a plurality (two in Embodiment 
5) of microphone units having the same directivity charac 
teristic and a directivity combining section 100 are 
employed to obtain a main signal equivalent to the above 
Signal m1 and a noise reference signal equivalent to the 
above Signal m2. 
0153 FIG. 14 is an illustration showing a part of the 
configuration of the microphone device according to 
Embodiment 5. In FIG. 14, the microphone device includes 
a third microphone unit 3, a fourth microphone unit 4, and 
the directivity combining section 100. Note that, after the 
Stages of obtaining the Signal m1 and the Signal m2, any one 
of the Structures according to Embodiments 1 through 4 is 
applied. 
0154) In FIG. 14, the microphone units 3 and 4 are placed 
on an axis directed to the front (denoted by a one-dot chain 
line in FIG. 14). These microphone units 3 and 4 have a 
distance of d. Each of the microphone units 3 and 4 are 
placed So that its main axis of directivity is oriented to the 
front. 

O155 The directivity combining section 100 includes a 
first Signal delaying Section 101, a first Signal Subtracting 
Section 103, a Second Signal delaying Section 102, and a 
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Second Signal Subtracting Section 104. The first Signal delay 
ing 101 delays a Signal output from the fourth microphone 
unit 4. The Second Signal delaying 102 delays a signal output 
from the third microphone unit 3. The first signal Subtracting 
Section 103 Subtracts a Signal output from the first Signal 
delaying section 101 from an output from the third micro 
phone unit 3, thereby obtaining the Signal m1. The Second 
Signal Subtracting Section 104 Subtracts a signal output from 
the Second Signal delaying Section 102 from an output from 
the fourth microphone unit 4, thereby obtaining the Signal 
m2. 

0156 Also, by setting a delay amount t1 of the first 
Signal delaying Section 101 So as to Satisfy Ost1sd/c 
(where c is the speed of Sound), an ultradirectional charac 
teristic of a Secondary Sound preSSure gradient type in which 
the main axis of directivity is oriented to the front can be 
achieved as the Signal m1. Also, by Setting a delay amount 
of t2 of the first signal delaying section 102 so as to satisfy 
t2=d/c, it is possible to obtain the signal m2 with which a 
direction of a minimum Sensitivity in the directivity is 
oriented to the front (that is, a signal obtained from a result 
coming from the microphone unit whose direction of a 
minimum sensitivity in the directivity is oriented to the front 
direction). 
O157 With the above structure, by achieving an ultradi 
rectional characteristic in advance in the Signal m1 and also 
performing a noise Suppression proceSS at later Stages, it is 
possible to achieve acute directivity and noise Suppression 
capability that are Significantly improved compared with 
conventional ultradirectional microphone devices. 
0158 (Embodiment 6) 
0159. With reference to FIG. 15, a microphone device 
according to Embodiment 6 is described below. In Embodi 
ment 6, as with Embodiment 5, a plurality of microphone 
units having the same directivity characteristic are used to 
obtain the main Signal and the noise reference Signal. 
0160 FIG. 15 is an illustration showing a part of the 
configuration of the microphone device according to 
Embodiment 6. The microphone device includes a third 
microphone unit 3, a fourth microphone unit 4, and a 
directivity combining section 100. The microphone units 3 
and 4 are placed on an axis (denoted by a one-dot chain line 
in FIG. 15) perpendicular to a straight line oriented to the 
front (denoted by a dotted line in FIG. 15). Each of these 
microphone units 3 and 4 is placed So that its main axis of 
directivity is oriented to the front. Note that, after the stages 
of obtaining the Signal m1 and the Signal m2, any one of the 
Structures according to Embodiments 1 through 4 is applied. 
0161 In FIG. 15, the directivity combining section 100 
includes a first Signal adding Section 105 and a Second Signal 
subtracting section 104. The first signal adding section 105 
adds signals output from the microphone units 3 and 4, 
thereby obtaining the Signal m1, which is the main signal. 
The second signal subtracting section 104 Subtracts the 
signal output from the third microphone unit 3 from the 
Signal output from the fourth microphone unit 4, thereby 
obtaining the Signal m2, which is the noise reference Signal. 
0162. In FIG. 15, when the distance between the micro 
phone units 3 and 4 is narrow to an extent, the directivity of 
the Signal m1 is similar to that in a case where only a single 
microphone unit is used for obtaining the Signal m1 
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(Embodiments 1 through 4), although the high-frequency 
characteristic is different from that in Embodiments 1 
through 4. Therefore, in the structure illustrated in FIG. 15, 
the obtained directivity cannot be as acute as that obtained 
by the microphone device illustrated in FIG. 14. However, 
effects of reducing vibration noise and circuit noise can be 
achieved. Furthermore, the Sound coming from the front is 
detected by each of the microphone units 3 and 4 as having 
the same phase, the Signal m2 with which a direction of a 
minimum sensitivity in the directivity is oriented to the front 
can be obtained. 

0163 (Embodiment 7) 
0164. With reference to FIGS. 16A and 16B, a micro 
phone device according to Embodiment 7 is described 
below. In Embodiment 7, as with Embodiment 5, a plurality 
of microphone units having the Same directivity character 
istic are used to obtain the main signal and the noise 
reference Signal. 
0.165 FIG. 16A is an illustration showing a part of the 
configuration of the microphone device according to 
Embodiment 7. The microphone device includes a third 
microphone unit 3, a fourth microphone unit 4, and a 
directivity combining section 100. The microphone units 3 
and 4 are placed similarly to those illustrated in FIG. 15. 
Note that, after the Stages of obtaining the Signal m1 and the 
Signal m2, any one of the Structures according to Embodi 
ments 1 through 4 is applied. 
0166 In FIG.16A, the directivity combining section 100 
includes a signal delaying Section 111, a first signal Sub 
tracting Section 103, a Second Signal Subtracting Section 104, 
and a Signal amplifying Section 150. The Signal delaying 
Section 111 delays a Signal output from the third microphone 
unit 3. The second signal subtracting section 104 Subtracts a 
Signal output from the Signal delaying Section 111 from a 
Signal output from the fourth microphone unit 4, thereby 
obtaining the Signal m2, which is the noise reference Signal. 
The Signal amplifying Section 150 performs constant mul 
tiplication of the Signal output from the Signal delaying 
section 111. The first signal Subtracting section 103 subtracts 
a signal output from the Signal amplifying Section 150 from 
the Signal output from the fourth microphone unit 4, thereby 
obtaining the Signal m1, which is the main Signal. 
0167. In FIG. 16A, a route for obtaining the signal m1 is 
different from a route for obtaining the Signal m2 in that the 
signal amplifying section 150 is located in the route for 
obtaining the Signal m1. Directions of a minimum Sensitivity 
in the directivity of the Signal m1 and the Signal m2 are 
determined based on a delay amount t1 of the Signal 
delaying section 111. For example, when t1=0, the direc 
tions of a minimum Sensitivity in the directivity are located 
on the front. When t1=d/c, these directions are perpendicu 
larly to the front. Here, the delay amount t1 is determined 
So that the directions of a minimum Sensitivity in the 
directivity are in the direction of the target Sound. With this, 
the Signals m1 and m2 include components of the Sound 
coming from a direction other than the direction of the target 
Sound more than components of the target Sound. 
0168 Here, the directivity pattern formed by the direc 
tivity combining section 100 is preferably such that, as for 
the direction of the target Sound, there is a large difference 
in sensitivity between the signals m1 and m2. On the other 
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hand, as for the directions other than the direction of the 
target Sound, it is preferable that there is no difference 
insensitivity therebetween. The reason is as follows. In order 
to Suppress, based on the noise reference Signal, noise 
components included in the main Signal under the circum 
stances where noise is coming from a plurality of directions, 
the output of the Spectrum ratio calculating Section 43 
illustrated in FIG. 4 has to be constant irrespectively of the 
direction from which noise is coming. That is, if the output 
of the Spectrum ratio calculating Section 43 is changed 
depending on the direction from which noise is coming, only 
the estimated noise spectrum NX(CO) in a specific direction is 
correctly calculated. For this reason, it is preferable that the 
directivity patterns of the signals m1 and m2 be different in 
shape from each other only at the portions of directions of 
a minimum Sensitivity in the directivity and be identical in 
shape to each other at other portions. 
0169. Here, when a subtracting operation is performed on 
each Signal output from the microphone units 3 and 4, if the 
balance of sensitivity between the third and fourth micro 
phone units is lost, the Sensitivity at a Zero point, that is, the 
Sensitivity in a direction of a minimum Sensitivity in the 
directivity, which requires the maximum accuracy, is 
increased. With the use of this characteristic, the Signal 
amplifying section 150 is provided at the signal m1 side with 
its signal amplification ratio Set at approximately 0.85, 
thereby achieving a directivity pattern as illustrated in FIG. 
16B. In FIG. 16B, directivity patterns at the signals m1 and 
m2 shown in FIG. 16A are illustrated. AS illustrated in FIG. 
16B, according to Embodiment 7, it is possible to obtain 
directivity patterns that are different in shape from each 
other only in the direction of a minimum Sensitivity in the 
directivity and are approximately identical in shape to each 
other in the other directions. 

0170 AS described above, according to Embodiment 7, it 
is possible to obtain signals that are different in Sensitivity 
characteristic only in the direction of the target Sound. 
Therefore, an excellent Suppressing effect can be obtained in 
the following noise Suppressing process. 
0171 (Embodiment 8) 
0172. With reference to FIGS. 17A through 17C, a 
microphone device according to Embodiment 8 is described 
below. In Embodiment 8, as with Embodiment 5, a plurality 
of microphone units having the same directivity character 
istic are used to obtain the main signal and the noise 
reference Signal. 
0173 FIG. 17A is an illustration showing a part of the 
configuration of the microphone device according to 
Embodiment 8. In FIG. 17A, a directivity combining sec 
tion 100 includes, in addition to the components of the 
directivity combining section 100 illustrated in FIG. 16A, 
an angle Setting Section 160 and a Second Signal delaying 
Section 112. Note that, after the Stages of obtaining the Signal 
m1 and the Signal m2, any one of the Structures according to 
Embodiments 1 through 4 is applied. 
0174) The structure illustrated in FIG. 17A is different 
from that illustrated in FIG. 16A in that the angle setting 
section 160 is further provided and the second signal delay 
ing Section 112 is provided after the fourth microphone unit 
4. The basic operation in FIG. 17A is similar to that in FIG. 
16A, and therefore is not described herein, except that the 
target Sound direction can be changed by the angle Setting 
Section 160. 

Page 39 of 47



US 2004/0185804 A1 

0.175. The angle setting section 160 can change a signal 
delay amount t1 of the first Signal delaying Section 111 in a 
range of Ost1s2d/c (where d is a distance between the 
microphone units and c is the Speed of Sound). Here, if the 
Second Signal delaying Section 112 is not provided, even 
with the Signal delay amount t1 of the first Signal delaying 
Section 111 being changed in the above range, the target 
Sound direction can be changed merely in a range of 0 to +90 
degrees with respect to the front direction. With the second 
Signal delaying Section 112 being provided and its signal 
delay amount T2 being Set as t2=d/c, the target Sound 
direction can be changed in a range of t90 degrees with 
respect to the front direction. 
0176). As described above, according to Embodiment 8, 
the direction of collecting Sounds (the target Sound direc 
tion) of the microphone device can be changed. For 
example, it is possible to achieve a directivity pattern 
illustrated in FIG. 17B, as well as a directivity pattern 
illustrated in FIG. 17C by changing the signal delay amount 
of the signal delay section. Note that this variable delay 
characteristic can be easily attained by forming the Signal 
delaying section with an all-pass filter H(w)=(A+Z')/(a+ 
Az') where a coefficient A is 0s A<1. To change the signal 
delay amount, the angle Setting Section 160 changes this 
coefficient A. If a large delay amount or a linear delay 
frequency characteristic is required, a Secondary all-pass 
filter and/or an all-pass filter is Subordinately connected. 
0177 (Embodiment 9) 
0.178 With reference to FIGS. 18A through 18C, a 
microphone device according to Embodiment 9 is described 
below. In Embodiment 9, as with Embodiment 5, a plurality 
of microphone units having the Same directivity character 
istic are used to obtain the main signal and the noise 
reference Signal. 
0179 FIG. 18A is an illustration showing a part of the 
configuration of the microphone device according to 
Embodiment 9. The microphone device includes a third 
microphone unit 3, a fourth microphone unit 4, a directivity 
combining section 100, and an angle setting section 160. The 
microphone units 3 and 4 are placed similarly to those 
illustrated in FIG. 15. Note that, after the stages of obtaining 
the Signal m1 and the Signal m2, any one of the Structures 
according to Embodiments 1 through 4 is applied. 
0180. In FIG. 18A, the directivity combining section 100 
includes a first Signal delaying Section 101, a Second Signal 
delaying Section 102, a third signal delaying Section 121, a 
fourth Signal delaying Section 122, a first signal Subtracting 
section 103, and a second signal subtracting section 104. The 
third signal delaying Section 121 delays a signal output from 
the third microphone unit 3. The first signal delaying Section 
101 delays a signal output from the fourth microphone unit 
4. The first signal Subtracting Section 103 Subtracts a signal 
output from the first Signal delaying Section 101 from a 
Signal output from the third signal delaying Section 121, 
thereby obtaining the Signal m1, which is the main Signal. 
The fourth Signal delaying Section 122 delays the Signal 
output from the fourth microphone unit 4. The Second Signal 
delaying Section 102 delays the Signal output from the third 
microphone unit 3. The Second Signal Subtracting Section 
104 Subtracts a Signal output from the Second signal delay 
ing Section 102 from a Signal output from the fourth Signal 
delaying Section 122, thereby obtaining the Signal m2, which 
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is the noise reference Signal. The angle Setting Section 160 
controls a signal delay amount of the first signal delaying 
Section 101 and a Signal delay amount of the Second Signal 
delaying Section 102 Separately. 
0181. In FIG. 18A, the structure at the signal m1 side is 
symmetrical to that at the signal m2 side. With this, the 
directivity pattern of the Signal m1 and that of the Signal m2 
are Separately controlled. Therefore, the directivity patterns 
of the Signals m1 and m2 can be designed as focusing the 
Sensitivity of the target Sound direction. Specifically, the 
directivity of the signal m1 is formed as illustrated in FIG. 
18B with Sensitivity and a noise Suppressing effect being as 
high as possible in the target Sound direction, while the 
directivity of the signal m2 is formed as illustrated in FIG. 
18C with a direction of a minimum sensitivity in the 
directivity coinciding with the target Sound direction. 
0182. As described above, according to Embodiment 9, a 
noise Suppressing process at a later Stage is auxiliary, and 
noise is Suppressed mainly through a directivity combining 
process at a former Stage. Therefore, in Embodiment 9, the 
directivity pattern of the Signal m1 is formed with priority. 
Here, the directivity combining proceSS is a linear process 
having a feature of being leSS prone to causing Sound 
waveform distortion. On the other hand, the noise Suppress 
ing proceSS is a non-linear process with the filter coefficient 
being varied with time, and therefore is prone to cause Sound 
wave form distortion due to errors, Such as a noise Spectrum, 
in various estimating Sections. In view of this, it is preferable 
that whether to adopt the directivity patterns illustrated in 
FIGS. 17B and 17C or those illustrated in FIGS. 18B and 
18C be appropriately decided depending on the use envi 
ronments (the magnitude of the target Sound, an ambient 
noise level, reflection, reverberation, etc.) and the purposes 
(calling, Voice recognition, recording, etc.). 
0183 (Embodiment 10) 
0184 With reference to FIG. 19, a microphone device 
according to Embodiment 10 is described below. In Embodi 
ment 10, the main Signal and the noise reference Signal 
required for a noise Suppressing proceSS according to the 
present invention are obtained in a device in which the main 
axes of directivity of two microphone units are oriented 
differently from each other. 
0185 FIG. 19 is an illustration showing a part of the 
configuration of the microphone device according to 
Embodiment 10. The microphone device includes a third 
microphone unit 3, a fourth microphone unit 4, and a 
directivity recombining section 200. Note that, after the 
Stages of obtaining the Signal m1 and the Signal m2, any one 
of the Structures according to Embodiments 1 through 4 is 
applied. 

0186. In FIG. 19, the microphone units 3 and 4 are placed 
similarly to those illustrated in FIG. 15. However, in FIG. 
19, the main axis of directivity of the third microphone unit 
3 is oriented to a direction obtained by rotating the front 
direction at a predetermined angle. Also, the main axis of 
directivity of the fourth microphone unit 4 is oriented to a 
direction obtained by rotating in reverse the front direction 
at the predetermined angle. Here, a Signal output from the 
third microphone unit 3 is referred to as a right channel 
Signal, while a Signal output from the fourth microphone unit 
4 is referred to as a left channel Signal. 
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0187. In FIG. 19, the directivity recombining section 200 
includes a signal adding Section 205 and a signal Subtracting 
section 204. The signal adding section 205 adds the right 
channel Signal and the left channel Signal together, thereby 
obtaining the Signal m1, which is the main Signal. The Signal 
Subtracting Section 204 Subtracts the right channel Signal 
from the left channel Signal, thereby obtaining the Signal m2, 
which is the noise reference Signal. 
0188 Note that the structure of FIG. 19 according to the 
present invention is assumed to be applied to a device using 
a one-point Stereo microphone, Such as a Video recorder. 
Such a device may be structured, for example, So as to 
normally perform a Sound collecting process and, when only 
the Sound in the front direction is enhanced as the target 
Sound, perform a directivity recombining process in a man 
ner as described below. 

0189 In view of auditory lateralization at replay, a nor 
mal one-point Stereo microphone useS right and left micro 
phone units whose amplitudes and phases are equal to each 
other, So that the same phase of a Sound coming from center 
(front in FIG. 19) can be achieved in both of the micro 
phones. Also, as described above, the same angle of direc 
tivity is set to the microphone units 3 and 4. Therefore, with 
the right and left channel Signals being added together by the 
Signal adding Section 205, the Signal m1 whose directivity is 
oriented to the front direction can be obtained. Also, by 
Subtracting the right channel Signal from the left channel 
Signal at the signal Subtracting Section 204, the Signal m2 
whose direction of a minimum sensitivity in the directivity 
is oriented to the front direction can be obtained. AS Such, 
the Signals m1 and m2 generated by the directivity recom 
bining section 200 are similar to those in Embodiment 1. 
Therefore, by using these signals m1 and m2, a process of 
Suppressing noise and a process of correcting distortion in 
reflection characteristic can be performed. 
0190. As described above, according to Embodiment 10, 
by using a signal output from a one-point Stereo microphone, 
a Sound in the target Sound direction can be enhanced. 
Therefore, a device using Such a one-point Stereo micro 
phone can be utilized as a Zoom microphone, for example. 
Furthermore, in Embodiment 10, a directivity recombining 
proceSS is performed based on a Stereo signal. Therefore, the 
microphone device according to Embodiment 10 can be 
applied to a device for multi-channel Sound collection in 
which a Stereo signal and a signal in the front direction can 
be simultaneously obtained. Note that the stereo microphone 
with an analog circuit can also achieve effects Similar to 
those described above. 

0191 (Embodiment 11) 
0192 With reference to FIG. 20, a microphone device 
according to Embodiment 11 is described below. In Embodi 
ment 11, the main Signal and the noise reference Signal 
required for a noise Suppressing proceSS according to the 
present invention are obtained in a device in which a Stereo 
Signal is generated. 

0193 FIG. 20 is an illustration showing a part of the 
configuration of the microphone device according to 
Embodiment 11. In FIG. 20, the microphone device 
includes a fifth microphone unit 5, a Sixth microphone unit 
6, a directivity combining section 500, and a directivity 
recombining section 200. The microphone units 5 and 6 are 
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non-directional microphone units of the same characteristic. 
The microphone units 5 and 6 are placed similarly to the 
microphone units 3 and 4 illustrated in FIG. 15. The 
directivity combining section 500 is supplied with signals 
output from the microphone units 5 and 6 to output a right 
channel Signal Rch and a left channel Signal Lch. The 
directivity recombining section 200 is supplied with the 
right channel Signal Rch and the left channel Signal Lch to 
output a Signal m1, which is the main Signal with Sensitivity 
in the target Sound direction and a signal m2, which is the 
noise reference signal with a direction of a minimum Sen 
Sitivity in the directivity being oriented to the target Sound 
direction. Note that the target Sound direction can be Set in 
a direction other than the front direction. 

0194 In FIG.20, the directivity recombining section 200 
includes an inverse directivity combining section 250 and a 
directivity combining section 100. The inverse directivity 
combining Section 250 is Supplied with Signals (the right 
channel Signal Rch and the left channel Signal Lch) output 
from the directivity combining section 500. From these right 
and left signal Rch and Lch, the inverse directivity combin 
ing Section 250 generates a non-directional Signal. The 
directivity combining section 100 is similar in structure to 
that described in Embodiment 5 except that the angle Setting 
section 160 is not provided herein. Also, the directivity 
combining section 100 illustrated in FIG. 20 is similar to 
that illustrated in FIG. 18A, but the directivity combining 
section 100 may be similar in structure to anyone of those 
illustrated in FIG. 15, 16A, and 17A. 

0195 In Embodiment 11, a stereo signal (the right chan 
nel Signal Rch and the left channel signal Lch) obtained by 
the directivity combining section 500 are reconverted by the 
inverse directivity combining Section 250 to Signals that are 
identical to those output from the microphone units 5 and 6. 
That is, the Stereo signal is reconverted to two non-direc 
tional Signals. Furthermore, these non-directional signals 
obtained through re-conversion are converted by the direc 
tivity combining Section 100 to a main Signal and a noise 
reference Signal for detecting the target Sound coming from 
a predetermined direction. 

0196. Here, the directivity combining section 500 for 
outputting a Stereo signal includes a first signal delaying 
Section 501, a first Signal Subtracting Section 521, a Second 
Signal delaying Section 502, and a Second Signal Subtracting 
section 522. The first signal delaying section 501 delays the 
signal output from the sixth microphone unit 6. The first 
Signal Subtracting Section 521 Subtracts a signal output from 
the first delay signal section 501 from the signal output from 
the fifth microphone unit 5, thereby outputting a signal Rch 
obtained as a result of Subtraction. The Second Signal delay 
ing section 502 delays the signal output from the fifth 
microphone unit 5. The Second Signal Subtracting Section 
522 Subtracts a signal output from the Second delay Signal 
section 502 from the signal output from the sixth micro 
phone unit 6, thereby outputting a signal Lch obtained as a 
result of subtraction. The above-described operation of the 
directivity combining section 500 can be expressed by the 
following equation. 
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Rch (1) 
Lch 

x1 T 1 - H4 (co) T |- ". 
0.197 Here, X1 and X2 on the left-hand side are signals 
output from the fifth and sixth microphone units 5 and 6, 
respectively. Rch and Lch on the right-hand Side are Stereo 
Signals, respectively, output from the directivity combining 
section 500. The directivity combining section 500 has a 
Structure generally employed for a directivity combining 
process, and therefore the Structure is not described in detail. 
In Equation (1), a portion of 1/(1-H14(CO)) is a correction 
term for a frequency characteristic of 6 db/oct. Although a 
correcting process is performed in the actual microphone 
device, this proceSS is left out of concern herein because this 
is not particularly related to the directivity characteristic. In 
order to reconvert the Stereo signals (signals Rch and Lch) 
to signals (signals x1 and X2) output from the microphone 
units, an inverse matrix of a matrix of the Second term on the 
left-hand side in Equation (1) is multiplied from the left of 
both sides. This can be achieved by a so-called inverse filter. 
This can be expressed by the following equations (2) and 
(3). 

1 * - ho = 

1 IT 1 -H4 (co) 1 H4 (co) 1 (2) 
|- 1 to 1 1 - Ho2 

1 IT 

Rch 1 H.4 (co) 1 1 IT (3) C to 1 * I to - 
0198 Therefore, by performing a process expressed by 
Equation (3) on the Signals Rch and Lch, an inverse direc 
tivity combining process can be attained. The inverse direc 
tivity combining section 250 illustrated in FIG. 20 graphi 
cally represents Equation (3). From the signals x1 and X2 
obtained in the above-described manner, the directivity 
combining Section 100 generates the main Signal m1 with 
Sensitivity in the target Sound direction and the noise refer 
ence Signal m2 with a direction of a minimum Sensitivity in 
the directivity being oriented to the target Sound direction. 
0199 AS described above, according to Embodiment 11, 
a signal output from a one-point Stereo microphone is used. 
Also in this case, effects similar to those in Embodiment 10 
can be achieved. That is, the target Sound coming from the 
front direction can be enhanced, and distortion in frequency 
due to reflection can be corrected. Furthermore, in Embodi 
ment 11, a target Sound coming from an arbitrary direction 
can be handled. 

0200. The microphone device according to Embodiment 
11 is particularly effective in a case where a signal output 
from the microphone units cannot be obtained but only a 
Stereo signal is available. In short, according to Embodiment 
11, it is possible to achieve the Structure for obtaining a main 
Signal of the target Sound and an ideal noise reference Signal 
even in a device where a Stereo signal is generated. 
0201 FIG. 21 is an illustration showing an application 
example of the microphone device according to Embodi 
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ment 11. In FIG. 21, a system structured by an audio 
recorder 801 and an audio player 802 is illustrated. The 
audio recorder 801 includes a fifth microphone unit 5, a sixth 
microphone unit 6, and a directivity combining section 500. 
A recording section 803 is a recording medium removably 
attached to the audio recorder 801 and the audio player 802. 
The audio player 802 includes a directivity recombining 
section 200. Although not shown, the audio player 802 
includes any one of the microphone devices according to 
Embodiment 1 through 4. 
0202) In FIG. 21, the recording section 803 of the audio 
recorder 801 has recorded thereon a signal Rch and a signal 
Lch. With this, audio information is recorded on the record 
ing section 803. With the recording section 803 having 
recorded thereon the audio information being attached to the 
audio player 802, the audio player 802 reads the information 
recorded on the recording section 803. Specifically, the 
Signals Rch and Lch are read to the directivity recombining 
section 200. From these signals Rch and Lch, the directivity 
recombining Section 200 generates a main signal and a noise 
reference Signal. By using the main signal and the noise 
reference Signal, a noise Suppressing process on the target 
Sound can be performed. 
0203) As described above, even if the audio recorder 801 
and the audio player 802 are Separately provided, the Struc 
ture according to Embodiment 11 can be achieved. That is, 
it is possible to perform a noise Suppressing process at the 
time of replay on a signal once recorded on the recording 
section 803 of, for example, a video recorder. 
0204 FIG. 22 is an illustration showing an application 
example of an audio player illustrated in FIG. 21. In FIG. 
22, the audio player 802 includes, in addition to the structure 
described with reference to FIG. 21, an image displaying 
section 900 and an angle setting section 160. That is, the 
audio player 802 illustrated in FIG. 22 has an image 
displaying function, and is implemented by, for example, a 
digital Video camera. 
0205. In FIG.22, the recording section 803 has recorded 
thereon, in addition to the audio information described in 
FIG. 21, image information based on which an image is to 
be displayed on the image displaying Section. The audio 
information and the image information are related to each 
other, Such as audio and images (video) simultaneously 
recorded by a digital Video camera, for example. The audio 
information and the image information are simultaneously 
reproduced at the audio player 802. Here, while the audio 
information and the image information are being Simulta 
neously reproduced, the user uses the angle Setting Section 
160 to designate an angle. At this time, the user determines 
an angle while viewing an image displayed on the image 
displaying Section. By way of example, while viewing a 
Subject displayed at the center of the Screen of the image 
displaying Section, the user designates an angle indicative of 
a direction corresponding to the center of the Screen (that is, 
the front direction). With this, the user can extract a sound 
coming from the front as the target Sound to hear. 
0206. In another embodiment, the following structure can 
be applied. FIG. 23 is an illustration showing a part of the 
configuration of a microphone device according to the other 
embodiment. In FIG. 23, a fifth microphone unit 5, a sixth 
microphone unit 6, and a directivity combining section 500 
are similar in structure to those illustrated in FIG. 20. Also, 
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a directivity recombining section 200 is similar in structure 
to that illustrated in FIG. 19. Also with the structure 
illustrated in FIG. 23, effects similar to those of the above 
can be obtained. Note that, after the Stages of obtaining the 
Signal m1 and the Signal m2, any one of the Structures 
according to Embodiments 1 through 4 is applied. 
0207 AS has been described in the foregoing, according 
to the present invention, as for an output from a directional 
microphone oriented in the target Sound direction, Stationary 
and non-stationary noise in a direction outside of the target 
Sound direction is Suppressed, thereby achieving a Small 
sized, ultradirectinal microphone. Furthermore, at the same 
time, the influence on the frequency characteristic of a 
reflected wave coming to the microphone device can be 
Suppressed. With Such effects, additive noise caused by 
accumulation of noise and multiplicative noise, Such as a 
reflective wave, can both be Suppressed, thereby achieving 
an always flat, high-S/N-ratio microphone frequency char 
acteristic without suffering from the influence of the sound 
field. Furthermore, the noise Suppressing Section employs 
the Structure for reducing a process delay, thereby making it 
possible to apply the microphone device of the present 
invention to loudspeakers and calling which do not allow a 
large delay. Still further, by using a combination of pretreat 
ment processes, Such as a directivity combining process, an 
inverse directivity combining process, and directivity 
recombining process, Sounds of various directions can be 
extracted, and effects obtained accordingly at the player side 
can be achieved. 

0208 While the invention has been described in detail, 
the foregoing description is in all aspects illustrative and not 
restrictive. It is understood that numerous other modifica 
tions and variations can be devised without departing from 
the Scope of the invention. 

What is claimed is: 
1. A microphone device which detects a target Sound 

coming from a direction of the target Sound, comprising: 
a signal generating Section for generating a main signal 

indicative of a result obtained through detection with a 
Sensitivity in the direction of the target Sound and a 
noise reference Signal indicative of a result obtained 
through detection with a Sensitivity higher in another 
direction than in the direction of the target Sound; 

a determining Section for determining whether a level 
ratio indicative of a ratio of a level of the main Signal 
to the noise reference Signal generated by the Signal 
generating Section is larger than a predetermined value; 

an adaptive filter Section for generating a Signal indicative 
of a signal component of the target Sound included in 
the noise reference Signal generated by the Signal 
generating Section by performing, by an adaptive filter 
included in the adaptive filter Section, a filtering pro 
ceSS on the main Signal generated by the Signal gener 
ating Section, and for learning a filter coefficient only 
when the determining Section determines that the level 
ratio is larger than the predetermined value; 

a Subtracting Section for Subtracting the Signal generated 
by the adaptive filter section from the noise reference 
Signal generated by the Signal generating Section; and 
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a noise Suppressing Section for Suppressing a signal 
component of noise included in the main Signal by 
using the main Signal and the noise reference Signal 
after Subtraction by the Subtracting Section. 

2. The microphone device according to claim 1, wherein 
the Signal generating Section includes: 

a first microphone unit being placed So that a main axis 
of directivity is oriented to the direction of the target 
Sound; and 

a Second microphone unit being placed So that a 
minimum Sensitivity axis of directivity is oriented to 
the direction of the target Sound. 

3. The microphone device according to claim 1, further 
comprising 

a signal delaying Section, being provided between an 
output end of the noise reference Signal in the Signal 
generating Section and the Subtracting Section, for 
delaying the noise reference Signal So as to Satisfy 
conditions of convergence of the adaptive filter of the 
adaptive filter Section. 

4. The microphone device according to claim 1, wherein 
the predetermined value is changeable. 
5. The microphone device according to claim 1, wherein 
the Signal generating Section includes: 

a first microphone unit; 
a Second microphone unit having a characteristic iden 

tical to a characteristic of the first microphone unit; 
a delaying Section for outputting a signal output from 

the first microphone unit as being delayed by a 
predetermined delay amount; 

an amplifying Section for amplifying the Signal output 
from the delay Section; 

a first Subtracting Section for Subtracting the Signal 
amplified by the amplifying Section from a Signal 
output from the Second microphone unit to generate 
the main Signal; and 

a Second Subtracting Section for Subtracting the Signal 
output from the delaying Section from the Signal 
output from the Second microphone unit to generate 
the noise reference Signal, wherein 

the predetermined delay amount is Set So that the noise 
reference Signal includes components of a Sound com 
ing from a direction other than the direction of the 
target Sound more than components of the target Sound, 
and 

an amplification factor in the amplifying Section is Set So 
as to cause a difference in a Sensitivity to the target 
Sound between the main Signal and the noise reference 
Signal. 

6. The microphone device according to claim 5, further 
comprising 

a Setting Section for changing the predetermined delay 
amount used in the delay Section. 

7. The microphone device according to claim 1, wherein 
the Signal generating Section includes: 

a first microphone unit; 
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a Second microphone unit having a characteristic iden 
tical to a characteristic of the first microphone unit; 
and 

a combining Section for generating, based on Signals 
output from the first and Second microphone unit, the 
main Signal with the Sensitivity in the direction of the 
target Sound, and generating a noise Signal with 
minimum Sensitivity in the direction of the target 
Sound. 

8. The microphone device according to claim 1, wherein 
the Signal generating Section includes: 

a first microphone unit; 
a Second microphone unit being placed So that a main 

axis of directivity is oriented to a direction which is 
different from a main axis of directivity of the first 
microphone unit; 

a signal adding Section for adding a first Signal output 
from the first microphone unit and a Second Signal 
output from the Second microphone unit to generate 
the main Signal; and 

a signal Subtracting Section for Subtracting a third 
Signal, which is either one of the first Signal and the 
Second Signal, from a fourth Signal, which is either 
one of the first signal and the Second signal but other 
than the third signal, to generate the noise reference 
Signal. 

9. The microphone device according to claim 1, wherein 
the Signal generating Section includes: 

a first microphone unit; 
a Second microphone unit having a characteristic iden 

tical to a characteristic of the first microphone unit; 
a Stereo signal generating Section for generating, based 
on the first and Second microphone units, a Stereo 
Signal formed by a right channel Signal and a left 
channel Signal; 

an inverse combining Section for generating, based on 
the Stereo signal, Signals output from the first and 
Second microphone units, and 

a combining Section for generating the main Signal and 
the noise reference Signal based on the Signals gen 
erated by the inverse combining Section. 

10. The microphone device according to claim 1, wherein 
the Signal generating Section includes: 

a first microphone unit; 
a Second microphone unit having a characteristic iden 

tical to a characteristic of the first microphone unit; 
a Stereo signal generating Section for generating, based 
on the first and Second microphone units, a Stereo 
Signal formed by a right channel Signal and a left 
channel Signal; 

a signal adding Section for adding the right channel 
Signal and the left channel Signal to generate the 
main Signal; and 

a signal Subtracting Section for Subtracting a first Signal, 
which is either one of the right channel Signal and the 
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left channel Signal, from a Second Signal, which is 
either one of the right channel Signal and the left 
channel Signal but other than the first signal, to 
generate the noise reference Signal. 

11. The microphone device according to claim 1, further 
comprising: 

a reflection information calculating Section for calculat 
ing, based on the filter coefficient of the adaptive filter 
Section, information about a difference in arrival time 
between a direct wave of the target Sound and a 
reflected wave of the target Sound; and 

a reflection correcting Section for correcting, based on the 
information calculated by the reflection information 
calculating Section, distortion in a frequency character 
istic of the main signal caused by the reflected wave, 
wherein 

the noise Suppressing Section Suppresses the Signal com 
ponent of the noise included in the main Signal by using 
the main signal corrected by the reflection correcting 
Section and the noise reference Signal after Subtraction 
by the Subtracting Section. 

12. The microphone device according to claim 1, wherein 
the noise Suppressing Section includes: 

a time-variant coefficient filter Section for causing the 
main Signal to be Subjected to a filtering proceSS at a 
noise Suppression filter included in the time-variant 
coefficient filter Section; and 

a noise Suppression filter coefficient calculating Section 
for calculating, based on the main Signal and the 
noise reference Signal after Subtraction by the Sub 
tracting Section, a filter coefficient of the noise Sup 
pression filter for Suppressing the Signal component 
of the noise included in the main Signal, wherein 

the filtering proceSS reflects the filter coefficient calculated 
by the noise Suppression filter coefficient calculating 
Section. 

13. The microphone device according to claim 12, 
wherein 

the noise Suppression filter coefficient calculating Section 
includes: 

a first frequency analyzing Section for calculating a 
power spectrum of the main Signal: 

a Second frequency analyzing Section for calculating a 
power spectrum of the noise reference Signal after 
Subtraction by the Subtracting Section; 

a power spectrum ratio calculating Section for calcu 
lating a time average of a power Spectrum ratio 
between the power Spectrum calculated by the first 
frequency analyzing Section and the power spectrum 
calculated by the Second frequency analyzing Section 
only when the determining Section determines that 
the level ratio is smaller than the predetermined 
value; 

a multiplying Section for multiplying the time average 
of the power spectrum ratio calculated by the power 
Spectrum ratio calculating Section by the power 
Spectrum calculated by the Second frequency ana 
lyzing Section; and 
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a coefficient calculating Section for calculating the filter 
coefficient of the noise Suppression filter based on 
the power Spectrum calculated by the first frequency 
analyzing Section and the multiplication result of the 
multiplying Section. 

14. A microphone device which detects a target Sound 
coming from a direction of the target Sound, comprising: 

a signal generating Section for generating a main signal 
indicative of a result obtained through detection with a 
Sensitivity in the direction of the target Sound and a 
noise reference Signal indicative of a result obtained 
through detection with a Sensitivity higher in another 
direction than in the direction of the target Sound; 

a determining Section for determining whether a level 
ratio indicative of a ratio of a level of the main Signal 
to the noise reference Signal generated by the Signal 
generating Section is larger than a predetermined value; 

an adaptive filter Section for generating a Signal indicative 
of a signal component of the target Sound included in 
the noise reference Signal generated by the Signal 
generating Section by Subjecting the main Signal gen 
erated by the Signal generating Section to a filtering 
process at an adaptive filter included in the adaptive 
filter Section, and for learning a filter coefficient only 
when the determining Section determines that the level 
ratio is larger than the predetermined value; 

a Subtracting Section for Subtracting the Signal generated 
by the adaptive filter section from the noise reference 
Signal generated by the Signal generating Section; 

a reflection information calculating Section for calculating 
information about a difference in arrival time between 
a direct wave of the target Sound and a reflected wave 
of the target Sound; and 

a reflection correcting Section for correcting, based on the 
information calculated by the reflection information 
calculating Section, distortion in a frequency character 
istic of the main Signal caused by the reflected wave. 

15. The microphone device according to claim 14, 
wherein 

the Signal generating Section includes: 
a first microphone unit being placed So that a main axis 

of directivity is oriented to the direction of the target 
Sound; and 

a Second microphone unit being placed So that a 
minimum Sensitivity axis of directivity is oriented to 
the direction of the target Sound. 

16. The microphone device according to claim 14, further 
comprising 

a signal delay Section, being provided between an output 
end of the noise reference Signal in the Signal gener 
ating Section and the Subtracting Section, for delaying 
the noise reference Signal So as to Satisfy conditions of 
convergence of the adaptive filter of the adaptive filter 
Section. 

17. The microphone device according to claim 14, 
wherein 

the predetermined value is changeable. 
18. The microphone device according to claim 14, 

wherein 

Sep. 23, 2004 

the Signal generating Section includes: 
a first microphone unit; 
a Second microphone unit having a characteristic iden 

tical to a characteristic of the first microphone unit; 
a delaying Section for outputting a signal output from 

the first microphone unit as being delayed by a 
predetermined delay amount; 

an amplifying Section for amplifying the Signal output 
from the delay Section; 

a first Subtracting Section for Subtracting the Signal 
amplified by the amplifying Section from a Signal 
output from the Second microphone unit to generate 
the main Signal; and 

a Second Subtracting Section for Subtracting the Signal 
output from the delaying Section from the Signal 
output from the Second microphone unit to generate 
the noise reference Signal, wherein 

the predetermined delay amount is Set So that the noise 
reference Signal includes components of a Sound com 
ing from a direction other than the direction of the 
target Sound more than components of the target Sound, 
and 

an amplification factor in the amplifying Section is Set So 
as to cause a difference in a Sensitivity to the target 
Sound between the main signal and the noise reference 
Signal. 

19. The microphone device according to claim 18, further 
comprising 

a Setting Section for changing the predetermined delay 
amount used in the delay Section. 

20. The microphone device according to claim 14, 
wherein 

the Signal generating Section includes: 
a first microphone unit; 
a Second microphone unit having a characteristic iden 

tical to a characteristic of the first microphone unit; 
and 

a combining Section for generating, based on Signals 
output from the first and Second microphone unit, the 
main Signal with the Sensitivity in the direction of the 
target Sound, and generating a noise Signal with 
minimum Sensitivity in the direction of the target 
Sound. 

21. The microphone device according to claim 14, 
wherein 

the Signal generating Section includes: 
a first microphone unit; 
a Second microphone unit being placed So that a main 

axis of directivity is oriented to a direction which is 
different from a main axis of directivity of the first 
microphone unit; 

a signal adding Section for adding a first Signal output 
from the first microphone unit and a Second Signal 
output from the Second microphone unit to generate 
the main Signal; and 

Page 45 of 47



US 2004/0185804 A1 

a signal Subtracting Section for Subtracting a third 
Signal, which is either one of the first Signal and the 
Second Signal, from a fourth Signal, which is either 
one of the first signal and the Second signal but other 
than the third Signal, to generate a noise reference 
Signal. 

22. The microphone device according to claim 14, 
wherein 

the Signal generating Section includes: 
a first microphone unit; 
a Second microphone unit having a characteristic iden 

tical to a characteristic of the first microphone unit; 
a Stereo signal generating Section for generating, based 
on the first and Second microphone units, a Stereo 
Signal formed by a right channel Signal and a left 
channel Signal; 

an inverse combining Section for generating, based on 
the Stereo signal, Signals output from the first and 
Second microphone units, and 

a combining Section for generating the main Signal and 
the noise reference Signal based on the Signals gen 
erated by the inverse combining Section. 

23. The microphone device according to claim 14, 
wherein 

the signal generating Section includes: 
a first microphone unit; 
a Second microphone unit having a characteristic iden 

tical to a characteristic of the first microphone unit; 
a Stereo signal generating Section for generating, based 
on the first and Second microphone units, a Stereo 
Signal formed by a right channel Signal and a left 
channel Signal; 

a signal adding Section for adding the right channel 
Signal and the left channel Signal to generate a main 
Signal; and 

a signal Subtracting Section for Subtracting a first Signal, 
which is either one of the right channel Signal and the 
left channel Signal, from a Second Signal, which is 
either one of the right channel Signal and the left 
channel Signal but other than the first Signal, to 
generate a noise reference Signal. 

24. A microphone device which detects a target Sound 
coming from a direction of the target Sound, comprising: 

a first microphone unit; 
a Second microphone unit being placed So that a main axis 

of directivity is oriented to a direction which is different 
from a main axis of directivity of the first microphone 
unit, 

a signal adding Section for adding a first signal output 
from the first microphone unit and a Second Signal 
output from the Second microphone unit to generate a 
main Signal; 

a signal Subtracting Section for Subtracting a third Signal, 
which is either one of the first signal and the Second 
Signal, from a fourth Signal, which is either one of the 
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first Signal and the Second Signal but other than the third 
Signal, to generate a noise reference signal, and 

a noise Suppressing Section for Suppressing a signal 
component of noise included in the main Signal by 
using the main Signal and the noise reference Signal. 

25. A microphone device which detects a target Sound 
coming from a direction of the target Sound, comprising: 

a first microphone unit; 
a Second microphone unit having a characteristic identical 

to a characteristic of the first microphone unit; 
a Stereo signal generating Section for generating, based on 

the first and Second microphone units, a Stereo signal 
formed by a right channel Signal and a left channel 
Signal; 

an inverse combining Section for generating, based on the 
Stereo signal, Signals to be output from the first and 
Second microphone units, 

a combining Section for generating, based on the Signals 
generated by the inverse combining Section, a main 
Signal indicative of a result obtained through detection 
with a Sensitivity in the direction of the target Sound 
and a noise reference Signal indicative of a result 
obtained through detection with a Sensitivity higher in 
another direction than in the direction of the target 
Sound; and 

a noise Suppressing Section for Suppressing a Signal 
component of noise included in the main Signal by 
using the main Signal and the noise reference Signal. 

26. A microphone device which detects a target Sound 
coming from a direction of the target Sound, comprising: 

a first microphone unit; 
a Second microphone unit having a characteristic identical 

to a characteristic of the first microphone unit; 
a Stereo signal generating Section for generating, based on 

the first and Second microphone units, a Stereo signal 
formed by a right channel Signal and a left channel 
Signal; 

a signal adding Section for adding the right channel Signal 
and the left channel Signal of the Stereo signal to 
generate a main signal; 

a signal Subtracting Section for Subtracting a first Signal, 
which is either one of the right channel Signal and the 
left channel Signal, from a Second Signal, which is 
either one of the right channel Signal and the left 
channel Signal but other than the first signal, to generate 
a noise reference Signal; and 

a noise Suppressing Section for Suppressing a signal 
component of noise included in the main Signal by 
using the main Signal and the noise reference Signal. 

27. An audio player, comprising: 
an audio recording Section for recording audio signals of 

channels of at least two types; 
a signal generating Section for generating, based on the 

audio signals recorded on the audio recording Section, 
a main Signal indicative of a result obtained through 
detection with a Sensitivity in the direction of the target 
Sound and a noise reference Signal indicative of a result 
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obtained through detection with a Sensitivity higher in 
another direction than in the direction of the target 
Sound; 

a determining Section for determining whether a level 
ratio indicative of a ratio of a level of the main Signal 
to the noise reference Signal generated by the Signal 
generating Section is larger than a predetermined value; 

an adaptive filter Section for generating a Signal indicative 
of a signal component of the target Sound included in 
the noise reference Signal generated by the Signal 
generating Section by performing, by an adaptive filter 
included in the adaptive filter Section, a filtering pro 
ceSS on the main Signal generated by the Signal gener 
ating Section, and for learning a filter coefficient only 
when the determining Section determines that the level 
ratio is larger than the predetermined value; 

a Subtracting Section for Subtracting the Signal generated 
by the adaptive filter section from the noise reference 
Signal generated by the Signal generating Section; 

a noise Suppressing Section for Suppressing a signal 
component of noise included in the main Signal by 
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using the main Signal and the noise reference Signal 
after Subtraction by the Subtracting Section; and 

a reproducing Section for reproducing the main Signal 
with the Signal component of the noise being Sup 
pressed by the noise Suppressing Section. 

28. The audio player according to claim 27, further 
comprising: 

a Video recording Section for recording a video signal 
related to the audio signals recorded on the audio 
recording Section; 

a Video reproducing Section for reproducing the Video 
Signal recorded on the Video recording Section; and 

a direction accepting Section for accepting from a user an 
input of a direction in which a Sound is to be enhanced; 
wherein 

the Signal generating Section generates the main Signal 
and the noise reference Signal by taking the direction 
accepted by the direction accepting Section as the 
direction of the target Sound. 

k k k k k 
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