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(54) AUDIO PROCESSING DEVICE, AUDIO PROCESSING METHOD, AND RECORDING MEDIUM 
ON WHICH AUDIO PROCESSING PROGRAM IS RECORDED

(57) The present invention provides a device which
suppresses a non-linear echo component without deg-
radation of a desired audio component even when the
large non-linear echo component is mixed in an audio
input signal. The device includes audio output means,
first audio input means, second audio input means that
are disposed in a position closer to the audio output
means than the first audio input means, means for out-
putting a combined signal of which audio signals from

the first and second audio input means are combined so
as forming directivity in which sensitivity in a direction of
the audio output means is low when viewed from the first
and second audio input means, means for generating
artificial echo corresponding to an echo component
mixed in the audio inputted to the first audio input means,
and means for performing an echo suppression process
to the combined signal by using the artificial echo.
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Description

TECHNICAL FIELD

[0001] The present invention relates to a technology which suppresses echo in audio.

BACKGROUND ART

[0002] In the above-mentioned technical field, as shown in patent document 1, a technology to suppress echo is
known. The technology is a one which generates an artificial linear echo signal from an audio output signal (far-end
signal) by using an adaptive filter, suppresses a linear echo component in an audio input signal, and further, suppresses
a non-linear echo component. In particular, it estimates a non-linear echo mixed in the audio input signal by using the
artificial linear echo signal. Thus, the above technology permits relatively clearly extracting a desired audio signal from
the audio input signal.

[Patent document]

[0003]

[Patent document 1] International Publication WO 09-051197

SUMMARY OF THE INVENTION

[PROBLEM TO BE SOLVED BY THE INVENTION

[0004] However, when a large non-linear echo component is mixed in the audio input signal, the technology described
in patent document 1 cannot suppress the non-linear echo component without degradation of a desired audio component.
[0005] The reason is because an echo suppression device described in patent document 1 calculates a crosstalk
coefficient based on a signal including the non-linear echo component when the large non-linear echo component is
included in the audio input signal.
[0006] An object of the present invention is to provide a technology to solve the above-mentioned problem.

[MEANS FOR SOLVING A PROBLEM]

[0007] A device according to one aspect of the present invention includes:

audio output means for outputting audio based on an audio output signal,
first audio input means for inputting audio,
second audio input means for inputting audio that are disposed in a position closer to the audio output means than
the first audio input means,
directivity formation means for combining a first audio input signal outputted from the first audio input means and a
second audio input signal from the second audio input means so as to form directivity in which sensitivity in a direction
of the audio output means is low when viewed from the first audio input means and the second audio input means,
and outputting a combined signal,
artificial echo generation means for generating artificial echo corresponding to an echo component mixed in the
audio that is inputted to the first audio input means from the audio output means, and
echo suppression means for performing an echo suppression process to the combined signal outputted from the
directivity formation means by using the artificial echo derived from the audio output signal.

[0008] A method according to one aspect of the present invention includes the steps of:

combining a first audio input signal outputted from first audio input means and a second audio input signal from
second audio input means so as to form directivity in which sensitivity in a direction of audio output means is low
when viewed from the first audio input means for inputting audio and the second audio input means for inputting
audio that are disposed in a position closer to the audio output means for outputting the audio based on an audio
output signal than the first audio input means, and outputting a combined signal,
generating artificial echo corresponding to an echo component mixed in the audio inputted to the first audio input
means from the audio output means from the audio output signal, and
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performing an echo suppression process to the combined signal by using the artificial echo derived from the audio
output signal.

[0009] A non-volatile medium according to one aspect of the present invention recording a program causing a computer
to perform:

a process in which a first audio input signal outputted from first audio input means and a second audio input signal
from second audio input means are combined so as to form directivity in which sensitivity in a direction of audio
output means is low when viewed from the first audio input means for inputting audio and the second audio input
means that are disposed in a position closer to the audio output means for outputting the audio based on an audio
output signal than the first audio input means, and a combined signal is outputted,
a process in which artificial echo corresponding to an echo component mixed in the audio inputted to the first audio
input means from the audio output means is generated from the audio output signal, and
a process in which an echo suppression process is performed to the combined signal by using the artificial echo
derived from the audio output signal.

[EFFECT OF THE INVENTION]

[0010] By using the present invention, even when the large non-linear echo component is mixed in the audio input
signal, it is possible to suppress the non-linear echo component without degradation of the desired audio component
mixed in the audio input signal.

BRIEF DESCRIPTION OF THE DRAWINGS

[0011]

Fig. 1 is a block diagram showing a configuration of an audio processing device according to a first exemplary
embodiment of the present invention.
Fig. 2 is a figure illustrating an effect of an audio processing device according to a second exemplary embodiment
of the present invention.
Fig. 3 is a figure illustrating a configuration of an audio processing device according to the second exemplary
embodiment of the present invention.
Fig. 4 is a figure illustrating a configuration of a non-linear echo suppression section according to the second
exemplary embodiment of the present invention.
Fig. 5 is a figure illustrating an effect of an audio processing device according to a third exemplary embodiment of
the present invention.
Fig. 6 is a figure illustrating a configuration of an audio processing device according to the third exemplary embodiment
of the present invention.
Fig. 7 is a figure illustrating a configuration of an audio processing device according to a fourth exemplary embodiment
of the present invention.
Fig. 8 is a figure illustrating a configuration of an audio processing device according to a fifth exemplary embodiment
of the present invention.
Fig. 9 is a figure illustrating a configuration of an audio processing device according to the sixth exemplary embodiment
of the present invention.
Fig. 10 is a figure illustrating a configuration of an audio processing device according to a seventh exemplary
embodiment of the present invention.
Fig. 11 is a figure illustrating a configuration of an audio processing device according to an eighth exemplary
embodiment of the present invention.
Fig. 12 is a figure illustrating a configuration of an audio processing device according to a ninth exemplary embodiment
of the present invention.
Fig. 13 is a figure illustrating a configuration of an audio processing device according to another exemplary embod-
iment of the present invention.
Fig. 14 is a figure showing a recording medium recording a program of the present invention.

EXEMPLARY EMBODIMENTS FOR CARRYING OUT OF THE INVENTION

[0012] The exemplary embodiment of the present invention will be exemplarily described in detail below with reference
to the drawings. However, the component described in the following exemplary embodiment is shown as an example.
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Therefore, a technical scope of the present invention is not limited to those descriptions.

(First exemplary embodiment)

[0013] An audio processing device 100 according to a first exemplary embodiment of the present invention will be
described by using Fig. 1. As shown in Fig. 1, the audio processing device 100 includes an audio output unit 101, a first
audio input unit 102, a second audio input unit 103, a directivity formation unit 104, an artificial echo generation unit 105,
and an echo suppression unit 106.
[0014] The audio output unit 101 outputs audio based on an audio output signal. The first audio input unit 102 inputs
audio. The second audio input unit 103 is disposed in a position closer to the audio output unit 101 than the first audio
input unit 102 and inputs audio. The directivity formation unit 104 combines a first audio input signal outputted from the
first audio input unit 102 and a second audio input signal from the second audio input unit 103. Whereby, the directivity
formation unit 104 forms directivity in which sensitivity in the direction of the audio output unit 101 is low when viewed
from the first audio input unit 102 and the second audio input unit 103.
[0015] On the other hand, the artificial echo generation unit 105 generates an artificial echo, corresponding to an echo
component mixed in first input audio, from the audio output signal. Here, the first input audio is such one that is inputted
to the first audio input unit 102 from the audio output unit 101 which is as a factor. Further, the echo suppression unit
106 performs an echo suppression process to the output from the directivity formation unit 104 by using the artificial echo.
[0016] By using the above-mentioned configuration, even when a large non-linear echo component is mixed in the
audio input signal, it is possible to suppress the non-linear echo component without degradation of a desired audio
component mixed in the audio input signal.
[0017] The reason is because the audio processing device 100 has the following configuration. First, the directivity
formation unit 104 forms directivity in which sensitivity in the direction of the audio output unit 101 is low when viewed
from the first audio input unit 102 and the second audio input unit 103. Secondly, the artificial echo generation unit 105
generates the artificial echo corresponding to the echo component mixed in the first input audio from the audio output
signal. Thirdly, the echo suppression unit 106 performs the echo suppression process to the output from the directivity
formation unit 104 by using the artificial echo.

(Second exemplary embodiment)

[0018] An audio processing device according to a second exemplary embodiment of the present invention will be
described by using Fig. 2 to Fig. 4.
[0019] The audio processing device according to this exemplary embodiment is installed in a portable phone 210, a
speaker 201 for hands-free communication outputs audio, and two microphones 202 and 203 that are disposed at the
positions whose distances from the speaker 201 are different perform inputting audio.
[0020] The audio processing device according to this exemplary embodiment forms directivity in which sensitivity in
the direction of the speaker 201 is low when viewed from two microphones 202 and 203 by an internal process explained
by using Fig. 3 and successive figures. In other words, the audio processing device according to this exemplary embod-
iment forms directivity in which a null point faces to the direction of the speaker 201.
[0021] As a result, it is possible to suppress echo components that are leaked from the speaker 201 to the microphones
202 and 203 without degrading a near-end audio 240 that is a speaking voice of a user 230.

«Entire configuration>>

[0022] Fig. 3 is a configuration diagram of an audio processing device 300 according to this exemplary embodiment.
The audio processing device 300 includes a directivity formation unit 304, an artificial echo generation unit 305, and an
echo suppression unit 306 in addition to the speaker 201 and the microphones 202 and 203.
[0023] Among these units, the directivity formation unit 304 includes a delay section 341, an adaptive filter 342, and
a subtractor 343.
[0024] The delay section 341 delays first audio input signal inputted from the microphone 202.
[0025] The adaptive filter 342 inputs second audio input signal inputted from the microphone 203 and generates an
artificial echo component corresponding to the echo component mixed in the first audio input signal.
[0026] The subtractor 343 subtracts the output of the adaptive filter 342 from the output of the delay section 341.
[0027] The artificial echo generation unit 305 includes an adaptive filter 351. The adaptive filter 351 generates an
artificial linear echo y(k) estimated to be mixed in first input audio. Here, the first input audio is audio inputted to the
microphone 202.
[0028] The echo suppression unit 306 includes a subtractor 361 and a non-linear echo suppression section 362. The
subtractor 361 suppresses linear echo by using the artificial linear echo y(k). Here, the linear echo is linear echo mixed
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in the output of the directivity formation unit 304.
[0029] The non-linear echo suppression section 362 generates artificial non-linear echo by using the artificial linear
echo y(k) generated by the artificial echo generation unit 305. After performing the above-mentioned process, the non-
linear echo suppression section 362 suppresses the non-linear echo component in a residual signal d(k) outputted from
the subtractor 361 by using the artificial non-linear echo.
[0030] By using the above-mentioned configuration, it is possible to form the directivity by using two microphones,
attenuate the echo effectively, and leave the near-end audio sufficiently.

«Configuration of non-linear echo suppression section»

[0031] Next, the configuration of the non-linear echo suppression section 362 will be described by using Fig. 4. The
non-linear echo suppression section 362 includes a fast Fourier transform (FFT) unit 401, a fast Fourier transform unit
402, a spectral amplitude estimation unit 403, a spectral flooring unit 404, a spectral gain calculation unit 405, and an
inverse fast Fourier transform (IFFT) unit 406.
[0032] The fast Fourier transform unit 401 and the fast Fourier transform unit 402 convert a residual signal d(k) and
the artificial linear echo y(k) into a frequency spectrum, respectively.
[0033] The spectral amplitude estimation unit 403, the spectral flooring unit 404, and the spectral gain calculation unit
405 are provided for each frequency component.
[0034] The inverse fast Fourier transform unit 406 integrates an amplitude spectrum derived for each frequency com-
ponent and a corresponding phase, performs an inverse fast Fourier transform, and performs recombination to form an
output signal zi(k) in a time domain. Further, namely, the output signal zi(k) in time domain is a signal having an audio
waveform that is sent to a communication partner.
[0035] A waveform of a linear echo signal is completely different from that of a non-linear echo signal. However, with
respect to the spectral amplitude of the linear echo and a spectral amplitude of the non-linear echo for each frequency,
there is a tendency in which when the spectral amplitude of the artificial linear echo is large, the spectral amplitude of
the non-linear echo is large. Namely, there is a correlation between the amplitude of the linear echo and the amplitude
of the non-linear echo. In other words, it is possible to estimate an amount of the non-linear echo based on the artificial
linear echo.
[0036] Accordingly, the spectral amplitude estimation unit 403 estimates the spectral amplitude of desired audio signal
based on the estimated amount of the non-linear echo. The estimated spectral amplitude of the audio signal has an
error. Accordingly, the spectral flooring unit 404 performs a flooring process so as not to cause an uncomfortable feeling
subjectively by the estimation error in an audio waveform sent to the communication partner.
[0037] For example, when the estimated spectral amplitude of the audio signal is excessively small and smaller than
spectral amplitude of a background noise, a signal level varies according to a presence or absence of an echo and a
feeling of strangeness is brought to the communication partner. As a countermeasure against this, the spectral flooring
unit 404 estimates the level of the background noise, uses it as a lower limit of the estimated spectral amplitude, and
reduces the level variation.
[0038] On the other hand, when the large residual echo remains in the estimated spectral amplitude by the estimation
error, the residual echo intermittently and rapidly changes to an artificial additional sound called musical noise. As a
countermeasure against this, in order to eliminate the echo, the spectral gain calculation unit 405 does not perform a
subtraction of the estimated non-linear echo and performs a multiplication of a gain so as to become subtracted amplitude
approximately. By performing a smoothing process to prevent a sudden gain change, it is possible to suppress an
intermittent change of the residual echo.
[0039] Hereinafter, the internal configuration of the spectral amplitude estimation unit 403, the spectral flooring unit
404, and the spectral gain calculation unit 405 will be described by using a mathematical expression.
[0040] The residual signal d(k) inputted to the non-linear echo suppression section 362 is a sum of a near-end signal
s(k) and a residual non-linear echo q(k). 

[0041] It is assumed that the linear echo is almost completely eliminated by the adaptive filter 351 and the subtractor
361. On this assumption, only a non-linear component is considered in a frequency domain. By the fast Fourier transform
unit 401 and the fast Fourier transform unit 402, the residual signal expressed by equation (1) is converted into a frequency
domain and is expressed by the following equation. 
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[0042] Here, m is a frame number and the vectors D(m), S(m), and Q(m) are expressions of which d(k), s(k), and q(k)
are converted into frequency domain, respectively. It is assumed that each frequency is independent. On this assumption,
by transforming equation (2), the i-th frequency component of the desired signal is expressed by the following equation. 

[0043] Because the adaptive filter 351 and the subtractor 361 remove a correlation, there is hardly a correlation

between Di(m) and Yi(m). Accordingly, a subtractor 436 takes a mean square of equation (3) and calculates 

as follows. Further, Yi(m) is an echo replica of the i-th frequency when the artificial linear echo y(k) is converted into the
frequency spectrum. 

[0044]  is derived from Di(m) by an absolute value obtaining circuit 431 and an averaging circuit433.

On the other hand, the non-linear echo |Qi(m)| can be modeled as a product of a regression coefficient ai and an average
echo replica |Yi(m)| as follows. 

[0045] Accordingly, an absolute value obtaining circuit 432 and an averaging circuit 434 derive the average echo
replica |Yi(m)| from Yi(m) and an integration unit 435 multiplies it by the regression coefficient ai. Here, the regression
coefficient ai is a regression coefficient indicating a correlation between |Qi(m)| and |Yi(m)|. This model is based on an
experimental result showing that there is a significant correlation between |Qi(m)| and |Yi(m)|.
[0046] Equation (3) is an additive model that is widely used for a noise suppression. In the spectral shaping performed
by the non-linear echo suppression section 362 shown in Fig. 4, in the noise suppression, a spectral multiplication type
configuration in which an uncomfortable musical noise is hardly generated is used. By using a spectral multiplication,
an amplitude |Zi(m)| of the output signal is obtained as a product of the spectral gain Gi(m) and the residual signal |Di(m)|. 

[0047] A square root of equation (6) is taken and ai2 * |Yi(m)|2 is substituted for |Qi(m)|2 in equation (4). By performing
this process, the estimation value |Si(m)| of |Si(m)| can be obtained as follows. 

[0048] By the way, because the above-mentioned model is not elaborate, the estimated amplitude |Si(m)| has a non-
negligible error. When the error is large and an over-subtraction occurs, a high-frequency component of the near-end
signal decreases or a feeling of modulation occurs in the audio waveform sent to the communication partner. In particular,
when the near-end signal is constantly generated like a sound of an air conditioner, the feeling of modulation makes the
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communication partner uncomfortable. In order to reduce the feeling of modulation subjectively, the flooring on a spectrum
is performed by the spectral flooring unit 404.
[0049] In the flooring, first, an averaging circuit 441 estimates a stationary component |Ni(m)| of the near-end signal
Di(m). Next, a maximum value selection circuit 442 performs the flooring in which the stationary component |Ni(m)| is
used as a lower limit. As a result, the maximum value selection circuit 442 outputs a better amplitude estimation vale
|Si(m)| of the near-end signal. Next, a divider 451 calculates a ratio of |Si(m)| to |Di(m)|. Further, an averaging circuit
452 performs an averaging of the ratio and outputs the spectral gain Gi(m).
[0050] Finally, as shown in mathematical expression (5), an integrator 453 calculates the product of the spectral gain
Gi(m) and the residual signal |Di(m)|. By performing this process, the integrator 453 outputs the calculated product, the
amplitude |Zi(m)|, as the output signal. The inverse fast Fourier transform unit 406 performs an inverse Fourier transform
of the amplitude |Zi(m)| and outputs an audio signal zi(k) in which the non-linear echo is effectively suppressed.

<<Summary of second exemplary embodiment>>

[0051] By using this exemplary embodiment, when the above-mentioned configuration is used, it is possible to suppress
the linear echo and the non-linear echo very effectively.
[0052] The reason is because the audio processing device 300 has the following configuration. First, the delay section
341, the adaptive filter 342, and the subtractor 343 of the directivity formation unit 304 form directivity in which a null
point exists in the direction of the speaker 201. Secondly, the adaptive filter 351 of the artificial echo generation unit 305
generates the artificial linear echo y(k) estimated to be mixed in the audio inputted to the microphone 202. thirdly, the
subtractor 361 and the non-linear echo suppression section 362 of the echo suppression unit 306 suppress the linear
echo mixed in the output from the directivity formation unit 304 by using the artificial linear echo y(k).

(Third exemplary embodiment)

[0053] The audio processing device 300 according to the above-mentioned second exemplary embodiment operates
as shown in an upper part 501 of Fig. 5. Namely, the directivity formation unit 304 cancels the whole echo (511). The
adaptive filter 351 cancels the linear echo (512). Further, the non-linear echo suppression section 362 suppresses the
non-linear echo (513).
[0054] In contrast, an audio processing device 600 of this exemplary embodiment shown in Fig. 6 operates as shown
in a lower part 502 of Fig. 5. Namely, a directivity formation unit 604 cancels the non-linear echo mainly (521). The
adaptive filter 351 cancels the linear echo (522). Further, the non-linear echo suppression section 362 suppresses the
non-linear echo (523).
[0055] The specific configuration will be described by using Fig. 6. The third exemplary embodiment includes the
directivity formation unit 604 including a linear echo suppression section 644 instead of the directivity formation unit 304
used for the second exemplary embodiment. The configuration and the operation other than the above-mentioned are
the same as those of the second exemplary embodiment. Therefore, the same reference numbers are used for the
components having the same configuration and the same operations and the detailed explanation of these components
and operations is omitted.
[0056] The directivity formation unit 604 includes the linear echo suppression section 644 which suppresses the linear
echo component of the audio input signal from the microphone 203. The linear echo suppression section 644 includes
an adaptive filter 682 which generates artificial linear echo from a far-end signal and a subtractor 681 which subtracts
the artificial linear echo from the audio input signal outputted from the microphone 203. Namely, the directivity formation
unit 644 suppresses the linear echo component of the audio input signal outputted from the microphone 203 and outputs
a non-linear echo component extracted in this way as a suppressed audio input signal.
[0057] The adaptive filter 342 generates the artificial echo by using the suppressed audio input signal outputted from
the linear echo suppression section 644.
[0058] The subtractor 343 subtracts the artificial echo from a delay signal obtained by delaying the audio input signal
outputted from the microphone 202 by the delay section 341. The subtractor 343 makes the directivity formation unit
604 form directivity in which sensitivity in the direction of the speaker 201 is low. In other words, the subtractor 343
makes the directivity formation unit 604 form directivity in which a null point exists in the direction of the speaker 201.
[0059] By using this exemplary embodiment, when the above-mentioned configuration is used, it is possible to suppress
the linear echo and the non-linear echo more effectively than the second exemplary embodiment.
[0060] The reason is because the audio processing device 600 has the following configuration. First, the directivity
formation unit 304 cancels the non-linear echo mainly. Secondly, the adaptive filter 351 cancels the linear echo. Thirdly,
the non-linear echo suppression section 362 suppresses the non-linear echo.

^ ^
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(Fourth exemplary embodiment)

[0061] Next, an audio processing device 700 according to a fourth exemplary embodiment of the present invention
will be described by using Fig. 7.
[0062] The audio processing device 700 according to the fourth exemplary embodiment includes a directivity formation
unit 704 instead of the directivity formation unit 604 used for the third exemplary embodiment mentioned above. The
configuration and the operation other than the above-mentioned are the same as those of the third exemplary embodiment.
Therefore, the same reference numbers are used for the components having the same configuration and the same
operations and the detailed explanation of these components and operations is omitted.
[0063] The directivity formation unit 704 includes a linear echo suppression section 745 which suppresses the linear
echo component of the audio input signal outputted from the microphone 202 in addition to the configuration of the
directivity formation unit 604.
[0064] The linear echo suppression section 745 includes an adaptive filter 792 which generates the artificial linear
echo from the far-end signal and a subtractor 791 which subtracts the artificial linear echo from the audio input signal
outputted from the microphone 202.
[0065] The adaptive filter 342 generates the artificial echo by using the suppressed audio input signal outputted from
the linear echo suppression section 644. The linear echo suppression section 745 suppresses the linear echo component
of the audio input signal outputted from the microphone 202. After performing this process, the delay section 341 delays
the audio input signal in which the linear echo component is suppressed to generate the delay signal.
[0066] The subtractor 343 subtracts the artificial echo from the delay signal obtained by delaying the audio input signal
outputted from the microphone 202 by the delay section 341. The subtractor 343 makes the directivity formation unit
704 form directivity in which sensitivity in the direction of the speaker 201 is low. In other words, the subtractor 343
makes the directivity formation unit 704 form directivity in which a null point exists in the direction of the speaker 201.
[0067] By using this exemplary embodiment, when the above-mentioned configuration is used, it is possible to suppress
the linear echo and the non-linear echo effectively.
[0068] The reason is because the audio processing device 700 further includes the linear echo suppression section
745 which suppresses the linear echo component of the audio input signal outputted from the microphone 202.

(Fifth exemplary embodiment)

[0069] Next, an audio processing device 800 according to a fifth exemplary embodiment of the present invention will
be described by using Fig. 8.
[0070] The audio processing device 800 according to the fifth exemplary embodiment does not include the artificial
echo generation unit 305 although the audio processing device 700 according to the fourth exemplary embodiment
includes it. The configuration and the operation other than the above-mentioned are the same as those of the fourth
exemplary embodiment. Therefore, the same reference numbers are used for the components having the same config-
uration and the same operations and the detailed explanation of these components and operations is omitted.
[0071] The configuration of the non-linear echo suppression section 362 included in an echo suppression unit 806 is
completely the same as one explained by using Fig. 4. However, using an output from the adaptive filter 792 instead of
the artificial echo y(k) as the input signal is a difference.
[0072] In other words, the linear echo suppression section 745 suppresses the linear echo component of the first audio
input signal by using the artificial echo derived from the far-end signal. The echo suppression unit 806 performs an echo
suppression process by using the artificial echo derived in the linear echo suppression section 745.
[0073] By using this exemplary embodiment, it is possible to achieve the echo suppression similar to the echo sup-
pression performed in the fourth exemplary embodiment by using a simple configuration.
[0074] The reason is because the non-linear echo suppression section 362 uses the output from the adaptive filter
792 instead of the artificial echo y(k) as the input signal.

(Sixth exemplary embodiment)

[0075] Next, an audio processing device 900 according to a sixth exemplary embodiment of the present invention will
be described by using Fig. 9.
[0076] The audio processing device 900 according to the sixth exemplary embodiment includes an artificial echo
generation unit 905 although the audio processing device 800 according to the fifth exemplary embodiment does not
include it. The configuration and the operation other than the above-mentioned are the same as those of the fifth exemplary
embodiment. Therefore, the same reference numbers are used for the components having the same configuration and
the same operations and the detailed explanation of these components and operations is omitted.
[0077] The configuration of the non-linear echo suppression section 362 included in the echo suppression unit 806 is
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completely the same as one explained by using Fig. 4. However, the non-linear echo suppression section 362 uses the
output from the artificial echo generation unit 905 instead of the artificial echo y(k) as the input signal.
[0078] The artificial echo generation unit 905 delays the artificial linear echo obtained by the adaptive filter 792 by
using a delay section 952. Further, the artificial linear echo obtained by the adaptive filter 682 passes through an adaptive
filter 951 of the artificial echo generation unit 905. A subtractor 953 of the artificial echo generation unit 905 subtracts
the output of the adaptive filter 951 from the output of the delay section 952. The artificial echo generation unit 905
derives new artificial echo by this process.
[0079] The linear echo suppression section 644 and the linear echo suppression section 745 suppress the linear echo
components of the audio input signal outputted from the microphone 202 and the linear echo component of the audio
input signal outputted from the microphone 203 by using the artificial echo derived from the far-end signal, respectively.
[0080] The echo suppression unit 806 performs the echo suppression process by using the new artificial echo obtained
by combining the artificial echoes derived by the linear echo suppression sections 644 and 745. By using this exemplary
embodiment, it is possible to achieve the echo suppression similar to the echo suppression performed in the fourth
exemplary embodiment.
[0081] The reason is because the audio processing device 900 has the following configuration. First, the subtractor
953 of the artificial echo generation unit 905 subtracts the artificial linear echo that is obtained by the adaptive filter 682
and passes through the adaptive filter 951 from the artificial linear echo that is obtained by the adaptive filter 792 and
delayed. Secondly, the non-linear echo suppression section 362 included in the echo suppression unit 806 uses the
output from the artificial echo generation unit 905 instead of the artificial echo y(k) as the input signal.

(Seventh exemplary embodiment)

[0082] In the above-mentioned second to sixth exemplary embodiments, as shown in Fig. 10, the directivity formation
units 304, 604, and 704 may further include a control section 1044 which controls the adaptive filter 342 according to
the output of the subtractor 343 and the input to the adaptive filter 342.
[0083] When an input level to the adaptive filter 342 is large and an output level of the subtractor 343 is small, the
control section 1044 updates a coefficient of the adaptive filter 342. Further, when the input level to the adaptive filter
342 is small, the coefficient of the adaptive filter 342 is not updated.
[0084] Thus, the directivity can be effectively formed by controlling the update of the coefficient of the adaptive filter.
[0085] The reason is because the following configuration is used. First, the control section 1044 which updates the
coefficient of the adaptive filter 342 detects a case in which the appropriate directivity is formed by updating the coefficient
of the adaptive filter 342, in other words, a case in which the input level to the adaptive filter 342 is large and the output
level of the subtractor 343 is small. Secondly, only in that case, the control section 1044 updates the coefficient of the
adaptive filter.

(Eighth exemplary embodiment)

[0086] In the above-mentioned second to sixth exemplary embodiments, as shown in Fig. 11, the directivity formation
units 304, 604, and 704 may further include a control section 1144 which controls the adaptive filter 342 according to
the output of the subtractor 343 and the artificial linear echo.
[0087] When the level of the artificial linear echo is large and the output level of the subtractor 343 is small, the control
section 1144 updates the coefficient of the adaptive filter 342. Further, when the level of the artificial linear echo is small,
the control section 1144 does not update the coefficient of the adaptive filter 342.
[0088] Thus, it is possible to form the directivity further effectively by controlling the update of the coefficient of the
adaptive filter.
[0089] The reason is because the following configuration is used. First, the control section 1044 which updates the
coefficient of the adaptive filter 342 detects a case in which the appropriate directivity is formed by updating the coefficient
of the adaptive filter, in other words, a case in which the level of the artificial linear echo is large and the output level of
the subtractor 343 is small. Secondly, only in that case, the control section 1044 updates the coefficient of the adaptive
filter.

(Ninth exemplary embodiment)

[0090] In the above-mentioned second to sixth exemplary embodiments, an echo suppression unit 1206 shown in Fig.
12 may be used instead of the echo suppression unit 306. In the echo suppression unit 1206, a signal after subtraction
performed by a subtractor 361 is not inputted to the non-linear echo suppression section 362 and a signal before
subtraction is inputted to the non-linear echo suppression section 362.
[0091] The subtractor 361 in the echo suppression unit 1206 cancels the linear echo mixed in the output from the
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directivity formation units 304, 604, and 704 by using the artificial linear echo generated by the adaptive filter 351.
[0092] Further, the non-linear echo suppression section 362 in the echo suppression unit 1206 generates an artificial
non-linear echo by using the artificial linear echo. After performing this process, the non-linear echo suppression section
362 suppresses the linear echo together with the non-linear echo mixed in the output from the directivity formation units
304, 604, and 704 by using the artificial non-linear echo.
[0093] By using this exemplary embodiment, it is possible to suppress the non-linear echo like the above-mentioned
second to sixth exemplary embodiments.
[0094] The reason is because each audio processing device further includes the echo suppression unit 1206 in which
the signal before subtraction instead of the signal after subtraction performed by the subtractor 361 is inputted to the
non-linear echo suppression section 362.

(Another exemplary embodiment)

[0095] The exemplary embodiment of the present invention has been described in detail above. However, a system
or a device in which the different features included in the respective exemplary embodiments are arbitrarily combined
is also included in the scope of the present invention.
[0096] Further, the present invention may be applied to a system composed of a plurality of devices and it may be
applied to a stand-alone device. Furthermore, the present invention can be applied to a case in which an information
processing program which realizes the function of the exemplary embodiment is directly or remotely supplied to the
system or the device.
[0097] Accordingly, a program installed in a computer to realize the function of the present invention by the computer,
a medium storing the program, and a WWW (World Wide Web) server which downloads the program are also included
in the scope of the present invention.
[0098] Hereinafter, as an example, in a case in which the audio process described in the third exemplary embodiment
is realized by software, a flow of the process executed by a CPU (Central Processing Unit) 1302 provided in a computer
1300 will be described by using Fig. 13.
[0099] First, the CPU 1302 inputs the audio signals from the microphones 202 and 203 by using the input unit 1301
and stores them in a memory 1304 (S1301). Next, the linear echo component in the audio input signal of the microphone
203 is suppressed (S1303).
[0100] Further, the CPU 1302 delays the audio input signal of the microphone 202 and combines it and the result of
the process performed in step S1303 (S1305). The directivity obtained by using two microphones is formed by the
processes of steps S1303 and S1305.
[0101] Further, the CPU 1302 suppresses the linear echo component in the audio input signal of the microphone 203
(S1307). Finally, the CPU 1302 suppresses the non-linear echo component in the audio input signal of the microphone
203 (S1309).
[0102] By performing the above mentioned processes, it is possible to obtain an effect that is the same as that of the
third exemplary embodiment.
[0103] Fig. 14 is a figure showing an example of a recording medium (storage medium) 1307 which records (stores)
the program. The recording medium 1307 is a non-volatile recording medium that is a non-transitory storage medium
for storing information. Further, the recording medium 1307 may be a recording medium that is a temporary storage
medium for storing information. The recording medium 1307 records the program (software) which causes the computer
1300 (CPU 1302) to perform the operation shown in Fig. 13. Further, the recording medium 1307 may record an arbitrary
program and data.
[0104] The recording medium 1307 recording a code of the above-mentioned program (software) is supplied to the
computer 1300 and the CPU 1302 may read out the code of the program stored in the recording medium 1307 and
execute it. Further, the CPU 1302 may store the code of the program stored in the recording medium 1307 in the memory
1304. Namely, this exemplary embodiment includes an exemplary embodiment of the recording medium 1307 that is a
temporary storage medium or a non-temporary storage medium for storing the program executed by the computer 1300
(CPU 1302).
[0105] Although the invention of the present application has been described above by referring to the exemplary
embodiment, the invention of the present application is not limited to the above-mentioned exemplary embodiment.
Various changes in the configuration or details of the invention of the present application that can be understood by
those skilled in the art can be made in the scope of the invention.
[0106] This application claims priority from Japanese Patent Application No. 2011-112076 filed on May 19, 2011, the
disclosure of which is hereby incorporated by reference in its entirety.
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DESCRIPTION OF THE REFERENCE NUMERALS

[0107]

100 audio processing device
101 audio output unit
102 first audio input unit
103 second audio input unit
104 directivity formation unit
105 artificial echo generation unit
106 echo suppression unit
201 speaker
202 microphone
203 microphone
210 portable phone
230 user
240 near-end audio
304 directivity formation unit
305 artificial echo generation unit
306 echo suppression unit
341 delay section
342 adaptive filter
343 subtractor
351 adaptive filter
361 subtractor
362 non-linear echo suppression section
401 fast Fourier transform unit
402 fast Fourier transform unit
403 spectral amplitude estimation unit
404 spectral flooring unit
405 spectral gain calculation unit
406 inverse fast Fourier transform unit
431 absolute value obtaining circuit
432 absolute value obtaining circuit
433 averaging circuit
434 averaging circuit
435 integration unit
436 subtractor
441 averaging circuit
442 maximum value selection circuit
451 divider
452 averaging circuit
453 integrator
501 upper part
502 lower part
600 audio processing device
604 directivity formation unit
644 linear echo suppression section
681 subtractor
682 adaptive filter
700 audio processing device
704 directivity formation unit
745 linear echo suppression section
791 subtractor
792 adaptive filter
800 audio processing device
806 echo suppression unit
900 audio processing device
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905 artificial echo generation unit
951 adaptive filter
953 subtractor
1044 control section
1144 control section
1206 echo suppression unit
1300 computer
1301 input unit
1302 CPU
1304 memory
1307 recording medium

Claims

1. An audio processing device comprising:

audio output means for outputting audio based on an audio output signal;
first audio input means for inputting audio;
second audio input means for inputting audio that are disposed in a position closer to the audio output means
than the first audio input means;
directivity formation means for combining a first audio input signal outputted from the first audio input means
and a second audio input signal from the second audio input means so as to form directivity in which sensitivity
in a direction of the audio output means is low when viewed from the first audio input means and the second
audio input means, and outputting a combined signal;
artificial echo generation means for generating artificial echo corresponding to an echo component mixed in
the audio that is inputted to the first audio input means from the audio output means; and
echo suppression means for performing an echo suppression process to the combined signal outputted from
the directivity formation means by using the artificial echo derived from the audio output signal.

2. The audio processing device according to claim 1,
wherein the audio processing device is installed in a portable phone, the audio output means are a speaker for
hands-free voice communication, and the first and second audio input means are microphones.

3. The audio processing device according to claim 1 or claim 2,
wherein the directivity formation means includes:

a delay unit which delays the first audio input signal;
an adaptive filter which generates an artificial echo component corresponding to an echo component mixed in
the first audio input signal from the second audio input signal; and
a subtractor which subtracts an output of the adaptive filter from an output of the delay unit.

4. The audio processing device according to any one of claims 1 to 3,
wherein the directivity formation means further includes control means for controlling the adaptive filter according
to an output of the subtractor and an input to the adaptive filter.

5. The audio processing device according to any one of claims 1 to 3,
wherein the directivity formation means further includes control means for controlling the adaptive filter according
to an output of the subtractor and the artificial echo component.

6. The audio processing device according to any one of claims 1 to 5,
wherein the artificial echo generation means includes an adaptive filter which generates an artificial linear echo
estimated to be mixed in the audio inputted to the first audio input means.

7. The audio processing device according to claim 6,
wherein the echo suppression means includes:

linear echo suppression means for suppressing linear echo mixed in the output from the directivity formation



EP 2 712 208 A1

13

5

10

15

20

25

30

35

40

45

50

55

means by using the artificial linear echo; and
non-linear echo suppression means for suppressing non-linear echo included in the output from the linear echo
suppression means by generating artificial non-linear echo by using the artificial linear echo and using the
artificial non-linear echo.

8. The audio processing device according to claim 6,
wherein the echo suppression means includes:

linear echo suppression means for suppressing linear echo mixed in the output from the directivity formation
means by using the artificial linear echo; and
non-linear echo suppression means for suppressing non-linear echo mixed in the output from the directivity
formation means by generating artificial non-linear echo by using the artificial linear echo and using the artificial
non-linear echo.

9. The audio processing device according to any one of claims 1 to 8,
wherein the directivity formation means includes second linear echo suppression means for suppressing a linear
echo component of the second audio input signal, combines a suppressed second audio input signal outputted from
the second linear echo suppression means and a delay signal obtained by delaying the first audio input signal, and
forms directivity in which sensitivity in the direction of the audio output means is low when viewed from the first audio
input means and the second audio input means.

10. The audio processing device according to claim 9,
wherein the directivity formation means further includes first linear echo suppression means for suppressing a linear
echo component of the first audio input signal, combines the second audio input signal outputted from the second
linear echo suppression means and a delay signal obtained by delaying a suppressed first audio input signal outputted
from the first linear echo suppression means, and forms directivity in which sensitivity in the direction of the audio
output means is low when viewed from the first audio input means and the second audio input means.

11. The audio processing device according to claim 10,
wherein the first linear echo suppression means suppresses the linear echo component of the first audio input signal
by using the artificial echo derived from the audio output signal and the echo suppression means perform an echo
suppression process by using the artificial echo derived by the first linear echo suppression means.

12.  The audio processing device according to claim 11,
wherein the first linear echo suppression means and the second linear echo suppression means suppress the linear
echo component of the first audio input signal and the linear echo component of the second audio input signal by
using the artificial echo derived from the audio output signal and the echo suppression means perform the echo
suppression process by using the artificial echoes derived by the first and second linear echo suppression means.

13. An audio processing method comprising the steps of:

combining a first audio input signal outputted from first audio input means and a second audio input signal from
second audio input means so as to form directivity in which sensitivity in a direction of audio output means is
low when viewed from the first audio input means for inputting audio and the second audio input means for
inputting audio that are disposed in a position closer to the audio output means for outputting the audio based
on an audio output signal than the first audio input means, and outputting a combined signal;
generating artificial echo corresponding to an echo component mixed in the audio inputted to the first audio
input means from the audio output means from the audio output signal; and
performing an echo suppression process to the combined signal by using the artificial echo derived from the
audio output signal.

14. A non-volatile medium recording an audio processing program causing a computer to perform:

a process in which a first audio input signal outputted from first audio input means and a second audio input
signal from second audio input means are combined so as to form directivity in which sensitivity in a direction
of audio output means is low when viewed from the first audio input means for inputting audio and the second
audio input means that are disposed in a position closer means to the audio output means for outputting the
audio based on an audio output signal than the first audio input, and a combined signal is outputted;
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a process in which artificial echo corresponding to an echo component mixed in the audio inputted to the first
audio input means from the audio output means is generated from the audio output signal; and
a process in which an echo suppression process is performed to the combined signal by using the artificial echo
derived from the audio output signal.

Amended claims under Art. 19.1 PCT

1. An audio processing device comprising:

audio output means for outputting audio based on an output audio signal;
first audio input means for inputting audio;
second audio input means for inputting audio that are more closely disposed than the first audio input means
to the audio output means;
directionality formation means for combining a first input audio signal outputted from the first audio input means
and a second input audio signal from the second audio input means and outputting the combined signal so as
to form directionality in which sensitivity in a direction of the audio output means is low when viewed from the
first audio input means and the second audio input means and outputting the combined signal;
artificial echo generation means for generating artificial echo corresponding to an echo component mixed in
the audio that is inputted to the first audio input means from the audio output means; and
echo suppression means for performing an echo suppression process to the combined signal outputted from
the directionality formation means by using the artificial echo derived from the output audio signal.

2. The audio processing device according to claim 1,
wherein the audio processing device is installed in a portable phone, the audio output means are a speaker for
hands-free voice communication, and the first and second audio input means are microphones.

3. The audio processing device according to claim 1 or claim 2,
wherein the directionality formation means includes:

a delay unit which delays the first input audio signal;
an adaptive filter which generates an artificial echo component corresponding to an echo component mixed in
the first input audio signal from the second input audio signal; and
a subtractor which subtracts an output of the adaptive filter from an output of the delay unit.

4. (Amended) The audio processing device according to claim 1,
wherein the directionality formation means further includes control means for controlling the adaptive filter according
to an output of the subtractor and an input to the adaptive filter.

5. (Amended) The audio processing device according to claim 1,
wherein the directionality formation means further includes control means for controlling the adaptive filter according
to an output of the subtractor and the artificial echo component.

6. The audio processing device according to any one of claims 1 to 5,
wherein the artificial echo generation means includes an adaptive filter which generates an artificial linear echo
estimated to be mixed in the audio inputted to the first audio input means.

7. The audio processing device according to claim 6,
wherein the echo suppression means includes:

linear echo suppression means for suppressing linear echo mixed in the output from the directionality formation
means by using the artificial linear echo; and
non-linear echo suppression means for suppressing non-linear echo included in the output from the linear echo
suppression means by generating artificial non-linear echo by using the artificial linear echo and using the
artificial non-linear echo.

8. The audio processing device according to claim 6,
wherein the echo suppression means includes:
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linear echo suppression means for suppressing linear echo mixed in the output from the directionality formation
means by using the artificial linear echo; and
non-linear echo suppression means for suppressing non-linear echo mixed in the output from the directionality
formation means by generating artificial non-linear echo by using the artificial linear echo and using the artificial
non-linear echo.

9. The audio processing device according to any one of claims 1 to 8,
wherein the directionality formation means includes second linear echo suppression means for suppressing a linear
echo component of the second input audio signal, combines a suppressed second input audio signal outputted from
the second linear echo suppression means and a delay signal obtained by delaying the first input audio signal, and
forms directionality in which sensitivity in the direction of the audio output means is low when viewed from the first
audio input means and the second audio input means.

10. The audio processing device according to claim 9,
wherein the directionality formation means further includes first linear echo suppression means for suppressing a
linear echo component of the first input audio signal, combines the second input audio signal outputted from the
second linear echo suppression means and a delay signal obtained by delaying a suppressed first input audio signal
outputted from the first linear echo suppression means, and forms directionality in which sensitivity in the direction
of the audio output means is low when viewed from the first audio input means and the second audio input means.

11. The audio processing device according to claim 10,
wherein the first linear echo suppression means suppresses the linear echo component of the first input audio signal
by using the artificial echo derived from the output audio signal and the echo suppression means perform an echo
suppression process by using the artificial echo derived by the first linear echo suppression means.

12. The audio processing device according to claim 11,
wherein the first linear echo suppression means and the second linear echo suppression means suppress the linear
echo component of the first input audio signal and the linear echo component of the second input audio signal by
using the artificial echo derived from the output audio signal and the echo suppression means perform the echo
suppression process by using the artificial echoes derived by the first and second linear echo suppression means.

13. An audio processing method comprising the steps of:

combining a first input audio signal outputted from first audio input means and a second input audio signal from
second audio input means so as to form directionality in which sensitivity in a direction of audio output means
is low when viewed from the first audio input means for inputting audio and the second audio input means for
inputting audio that are more closely disposed than the first audio input means to the audio output means for
outputting the audio based on an output audio signal and outputting a combined signal;
generating artificial echo corresponding to an echo component mixed in the audio inputted to the first audio
input means from the audio output means from the output audio signal; and
performing an echo suppression process to the combined signal by using the artificial echo derived from the
output audio signal.

14. A non-volatile medium recording an audio processing program causing a computer to perform:

a process in which a first input audio signal outputted from first audio input means and a second input audio
signal from second audio input means are combined so as to form directionality in which sensitivity in a direction
of audio output means is low when viewed from the first audio input means for inputting audio and the second
audio input means that are more closely disposed than the first audio input means to the audio output means
for outputting the audio based on an output audio signal and a combined signal is outputted;
a process in which artificial echo corresponding to an echo component mixed in the audio inputted to the first
audio input means from the audio output means is generated from the output audio signal; and
a process in which an echo suppression process is performed to the combined signal by using the artificial echo
derived from the output audio signal.
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Statement under Art. 19.1 PCT

In application original claims 4 and 5, indistinct mentions by the error in writing (mistaking claims to refer) have been
corrected to become clear.



EP 2 712 208 A1

17



EP 2 712 208 A1

18



EP 2 712 208 A1

19



EP 2 712 208 A1

20



EP 2 712 208 A1

21



EP 2 712 208 A1

22



EP 2 712 208 A1

23



EP 2 712 208 A1

24



EP 2 712 208 A1

25



EP 2 712 208 A1

26



EP 2 712 208 A1

27



EP 2 712 208 A1

28



EP 2 712 208 A1

29



EP 2 712 208 A1

30



EP 2 712 208 A1

31



EP 2 712 208 A1

32

REFERENCES CITED IN THE DESCRIPTION

This list of references cited by the applicant is for the reader’s convenience only. It does not form part of the European
patent document. Even though great care has been taken in compiling the references, errors or omissions cannot be
excluded and the EPO disclaims all liability in this regard.

Patent documents cited in the description

• WO 09051197 A [0003] • JP 2011112076 A [0106]


	bibliography
	description
	claims
	drawings
	search report

