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(57) ABSTRACT

A dereverberation and noise reduction method adapted for a
microphone array and an apparatus using the same are pro-
posed. The microphone array receives a plurality of audio
signals from an audio source. The dereverberation and noise
reduction method includes the following steps. The received
audio signals are processed by a beamforming processing,
and a first audio signal is generated. Besides, the received
audio signals are processed by a suppression processing, and
a suppression audio vector is generated. Further, suppression
audio vector is processed by an adaptive filtering processing,
and asecond audio signal is generated. In addition, the second
audio signal is subtracted from the first audio signal to acquire
an audio output signal, where parameters of the adaptive
filtering processing are adjusted according to a feedback of
the audio output signal.
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Apply a beamforming processing on an audio
S302 \— signal received by a microphone array, and
generate a first audio signal

Apply a suppression processing on the audio
S304 | signal received by the microphone array, and
generate a suppression audio vector

Apply an adaptive filtering processing on the
S306 1 suppression audio vector, and generate a
second audio signal

Subtract the second audio signal from the first

5308\~ audio signal to acquire an audio output signal

Adjust parameters of the adaptive filtering
S310 processing according to a feedback of the
audio output signal

End

- FIG.3
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DEREVERBERATION AND NOISE
REDUCTION METHOD FOR MICROPHONE
ARRAY AND APPARATUS USING THE SAME

CROSS-REFERENCE TO RELATED
APPLICATION

[0001] This application claims the priority benefit of Tai-
wan application serial no. 98145015, filed on Dec. 25, 2009.
The entirety of the above-mentioned patent application is
hereby incorporated by reference herein and made a part of
specification.

BACKGROUND

[0002] 1. Technical Field

[0003] The invention generally relates to a microphone
array apparatus, and more particularly, to a dereverberation
and noise reduction method adapted for a microphone array
and an apparatus using the same.

[0004] 2. Related Art

[0005] With the advancement of wireless communication
technologies, mobile phones gradually become one of neces-
sary communication tools in people’s lives nowadays. How-
ever, having a conversation on a mobile phone held in hand
while driving easily causes distraction of the driver and may
even cause a traffic accident. Therefore, mobile phones with
hand free functionality gradually become widely accepted by
the drivers.

[0006] Although mobile phones with the hand free func-
tionality can decrease conditions where the drivers are dis-
tracted when the mobile phones are used inside a vehicle
cabin, generally the receiving microphone of the hand free
mobile phone is disposed in front of the drivers such as on the
driving wheel or around the windscreen. Since the deposition
location of the receiving microphones is away from the driver
by a certain distance, the receiving microphones normally not
only receives audio sounds of the drivers but also other inter-
fering noises such as the noises from the vehicle running
engine, the noises from wind shearing through air, the noises
of power transmission system and vibration noises between
main components and the body of the vehicle, etc. Besides,
since the vehicle cabin is a closed space, an echo (or rever-
beration) is easily generated inside the closed space when the
driver is talking. The person at a remote end having a conver-
sation with the driver can simultaneously hear these interfer-
ing noises and reverberation, and the overall communication
quality is thereby lowered by such a situation. Therefore, how
to efficiently receive audio sounds inside the closed space,
effectively remove reverberation and decrease noises
becomes a major issue.

SUMMARY

[0007] According to exemplary embodiments of the inven-
tion, the invention provides a dereverberation and noise
reduction method adapted for a microphone array and an
apparatus using the same. The dereverberation and noise
reduction method and apparatus using the same acquires
parameters of an inverse filtering processing and a blocking
matrix processing according to a system response measured
from an audio source to the microphone array. Besides, the
parameters of the inverse filtering processing and the block-
ing matrix processing are utilized in a generalized side-lobe
canceller framework to perform the processing of derever-
beration and noise reduction on the received audio signals. In
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addition, the dereverberation and noise reduction method and
apparatus using the same also use an adaptive filtering pro-
cessing to further reduce remaining side-lobe portions of the
received audio signals, and effectively reduces overall energy
of an output audio signal.

[0008] According to an exemplary embodiment of the
invention, a dereverberation and noise reduction method
adapted for a single input multiple output (SIMO) micro-
phone array is provided. The SIMO microphone array
includes a plurality of microphones, and each of the micro-
phones respectively receives one of a plurality of audio sig-
nals from an audio source. Besides, each of the audio signals
respectively experiences a gain of a system response between
the audio source and the SIMO microphone array. The system
response is obtained by a measurement in advance and
expressed as a system response matrix H. The gain respec-
tively experienced by each of the audio signals is not substan-
tially completely identical. The dereverberation and noise
reduction method includes the following steps. A beamform-
ing processing is applied on the audio signals received by the
microphone array, and a first audio signal is generated. The
beamforming processing allows a main-lobe portion of the
audio signals pass through and reduces a plurality of side-
lobe portions of the audio signals. The beamforming process-
ing executes a computation of an inverse filter matrix C, and
a relationship between the inverse filter matrix C and the
system response matrix H is expressed as the following equa-
tion (1):

Cl=gH” equation (1),

where, o. is a real number and greater than zero, C7 is a
transpose matrix of the inverse filter matrix C, and H¥ is a
Hermitian matrix of the system response matrix H. Besides, a
suppression processing is applied on the audio signals
received by the microphone array, and a suppression audio
vector is generated. The suppression processing allows the
side-lobe portions of the audio signals pass through and
reduces the main-lobe portion of the audio signals. The sup-
pression processing executes a computation of a blocking
matrix B, and the blocking matrix B is expressed as the
following equation (2):

h#B=0 equation (2),

where, h¥ is a Hermitian matrix of a frequency response
matrix h between the audio source and each of the micro-
phones. Further, an adaptive filtering processing is applied on
the suppression audio vector, and a second audio signal is
generated. Moreover, the second audio signal is subtracted
from the first audio signal to acquire an audio output signal,
and a plurality of parameters of the adaptive filtering process-
ing are adjusted according to a feedback of the audio output
signal.

[0009] According to an exemplary embodiment of the
invention, a dereverberation and noise reduction method
adapted for a single input multiple output (SIMO) micro-
phone array is also provided. The SIMO microphone array
includes a plurality of microphones, and each of the micro-
phones respectively receives one of a plurality of audio sig-
nals from an audio source. Besides, each of the audio signals
respectively experiences a gain of a system response between
the audio source and the SIMO microphone array. The system
response is obtained by a measurement in advance and
expressed as a system response matrix H. The gain respec-
tively experienced by each of the audio signals is not substan-
tially completely identical. The dereverberation and noise
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reduction method includes the following steps. A first signal
processing is applied on the audio signals received by the
microphone array, and a first audio signal is generated. The
first signal processing allows a main-lobe portion of the audio
signals pass through and reduces a plurality of side-lobe
portions of the audio signals. The first signal processing
executes a computation of an inverse filter matrix C, and a
relationship between the inverse filter matrix C and the sys-
tem response matrix H is expressed as the following equation

3):

Cl=qn? equation (3),

where, ¢ is a real number and greater than zero, C7 is a
transpose matrix of the inverse filter matrix C, and H¥ is a
Hermitian matrix of the system response matrix H. Besides, a
second signal processing is applied on the audio signals
received by the microphone array, and a suppression audio
vector is generated. The second signal processing allows the
side-lobe portions of the audio signals pass through and
reduces the main-lobe portion of the audio signals. Further, a
third signal processing is applied on the suppression audio
vector, and a second audio signal is generated. Moreover, the
second audio signal is subtracted from the first audio signal to
acquire an audio output signal, and a plurality of parameters
of the adaptive filtering processing are adjusted according to
a feedback of the audio output signal.

[0010] According to an exemplary embodiment of the
invention, a dereverberation and noise reduction method
adapted for a single input multiple output (SIMO) micro-
phone array is provided. The SIMO microphone array
includes a plurality of microphones, and each of the micro-
phones respectively receives one of a plurality of audio sig-
nals from an audio source. Besides, each of the audio signals
respectively experiences a gain of a system response between
the audio source and the SIMO microphone array. The system
response is obtained by a measurement in advance and
expressed as a system response matrix H. The gain respec-
tively experienced by each of the audio signals is not substan-
tially completely identical. The dereverberation and noise
reduction method includes the following steps. A first signal
processing is applied on the audio signals received by the
microphone array to generate a first audio signal. The first
signal processing allows a main-lobe portion of the audio
signals pass through and reduces a plurality of side-lobe
portions of the audio signals. Besides, a second signal pro-
cessing is applied on the audio signals received by the micro-
phone array, and a suppression audio vector is generated. The
second signal processing allows the side-lobe portions of the
audio signals pass through and reduces the main-lobe portion
of the audio signals. The second signal processing executes a
computation of a blocking matrix B, and the blocking matrix
B is expressed as the following equation (4):

hB=0 equation (4),

where, h¥ is a Hermitian matrix of a frequency response
matrix h between the audio source and each of the micro-
phones. Further, a third signal processing is applied on the
suppression audio vector, and a second audio signal is gener-
ated. Moreover, the second audio signal is subtracted from the
first audio signal to acquire an audio output signal, and a
plurality of parameters of the adaptive filtering processing are
adjusted according to a feedback of the audio output signal.
[0011] According to an exemplary embodiment of the
invention, a dereverberation and noise reduction apparatus
adapted for a single input multiple output (SIMO) micro-
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phone array is provided. The SIMO microphone array
includes a plurality of microphones, and each of the micro-
phones respectively receives one of a plurality of audio sig-
nals from an audio source. Besides, each of the audio signals
respectively experiences a gain of a system response between
the audio source and the SIMO microphone array. The system
response is obtained by a measurement in advance and
expressed as a system response matrix H. The gain respec-
tively experienced by each of the audio signals is not substan-
tially completely identical. The dereverberation and noise
reduction method includes a fixed beamformer processing
unit, a block matrix processing unit, a multiple input canceller
unit and a computation unit. The fixed beamformier process-
ing unit applies a beamforming processing on the audio sig-
nals received by the microphone array, and generates a first
audio signal. The beamforming processing allows a main-
lobe portion of the audio signals pass through and reduces a
plurality of side-lobe portions of the audio signals. The beam-
forming processing executes a computation of an inverse
filter matrix C, and a relationship between the inverse filter
matrix C and the system response matrix H is expressed as the
following equation (5):

Ccl=an? equation (3),

where, c. is a real number and greater than zero, C7 is a
transpose matrix of the inverse filter matrix C, and H is a
Hermitian matrix of the system response matrix H. Besides,
the blocking matrix processing unit applies a suppression
processing on the audio signals received by the microphone
array, and generates a suppression audio vector. The suppres-
sion processing allows the side-lobe portions of the audio
signals pass through and reduces the main-lobe portion of the
audio signals. The suppression processing executes a compu-
tation of a blocking matrix B, and the blocking matrix B is
expressed as the following equation (6):

hfB=0 equation (6),

where, h¥ is a Hermitian matrix of a frequency response
matrix h between the audio source and each of the micro-
phones. Further, the multiple input canceller is coupled to the
block matrix processing unit, receives suppression audio vec-
tor, applies an adaptive filtering processing on the suppres-
sion audio vector, and generates a second audio signal. More-
over, the computation unit is coupled to the fixed beamformer
unit and the multiple input canceller unit. The computation
unit includes a first computation input terminal, a second
computation input terminal and a computation output termi-
nal. The first computation input terminal receives the first
audio signal, the second computation input terminal receives
the second audio signal and the computation unit subtracts the
second audio signal from the first audio signal to acquire an
audio output signal. In addition, a plurality of parameters of
the adaptive filtering processing are adjusted according to a
feedback of the audio output signal.

[0012] Inview ofthe above, the exemplary embodiments of
the invention provide a dereverberation and noise reduction
method adapted for a microphone array and an apparatus
using the same. The dereverberation and noise reduction
method applies a beamforming processing on the received
audio signals, and simultaneously applies a suppression pro-
cessing and an adaptive filtering processing on the received
audio signals. The audio signal processed by the adaptive
filtering is subtracted from the audio signal processed by the
beamforming processing so as to acquire an audio output
signal. Besides, parameters of the adaptive filtering process-
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ing are adjusted according to a feedback of the audio output
signal. In addition, the dereverberation and noise reduction
method and the apparatus using the same can remove side-
lobe portions or the received audio signals, and effectively
lower overall energy of the output audio signal.

[0013] Ttistobeunderstood that both the foregoing general
description and the following detailed description are exem-
plary, and are further intended to provide the explanation of
the present disclosure as claimed.

BRIEF DESCRIPTION OF THE DRAWINGS

[0014] The accompanying drawings are included to pro-
vide a further understanding of the invention, and are incor-
porated in and constitute a part of this specification. The
drawings illustrate embodiments of the invention and serve to
explain the principles of the invention together with the
description.

[0015] FIG.11is a schematic diagram showing an operation
environment of a microphone array apparatus adapted for a
communication apparatus according to an exemplary
embodiment of the invention.

[0016] FIG. 2 is a schematic diagram showing an operation
environment of a microphone array and an audio filtering
apparatus according to a first exemplary embodiment of the
invention.

[0017] FIG. 3 is a flow chart illustrating a dereverberation
and noise reduction method adapted for a microphone array
according to a second exemplary embodiment of the inven-
tion.

[0018] FIG.d is a system block diagram illustrating a der-
everberation and noise reduction apparatus adapted for a
microphone array according to a second exemplary embodi-
ment of the invention.

[0019] FIG. 5 is a system block diagram illustrating a der-
everberation and noise reduction apparatus adapted for a
microphone array according to a third exemplary embodi-
ment of the invention.

[0020] FIG. 6 is a system block diagram illustrating a der-
everberation and noise reduction apparatus adapted for a
microphone array according to a fourth exemplary embodi-
ment of the invention.

[0021] FIG. 7 is a schematic diagram illustrating directive
gains of audio signals received by a microphone array accord-
ing to an exemplary embodiment of the invention.

[0022] FIG. 8 is a schematic diagram illustrating directive
gains of a blocking matrix processing unit according to an
exemplary embodiment of the invention.

DESCRIPTION OF THE EXEMPLARY
EMBODIMENTS

[0023] Reference will now be made in detail to the present
exemplary embodiments of the invention, examples of which
are illustrated in the accompanying drawings. Wherever pos-
sible, the same reference numbers are used in the drawings
and the description to refer to the same or like parts.

[0024] According to exemplary embodiments of the inven-
tion, the invention provides a dereverberation and noise
reduction method adapted for a microphone array and appa-
ratus using the same. The dereverberation and noise reduction
method and apparatus using the same acquires parameters of
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an inverse filtering processing and a blocking matrix process-
ing according to a system response measured from an audio
source to the microphone array. Besides, the parameters of the
inverse filtering processing and the blocking matrix process-
ing are utilized in a generalized side-lobe canceller frame-
work to perform the processing of dereverberation and noise
reduction on the received audio signals. Moreover, the der-
everberation and noise reduction method and apparatus using
the same also use an adaptive filtering processing to further
reduce remaining side-lobe portions of the received audio
signals, and effectively lower overall energy of an output
audio signal. In addition, all exemplary embodiments shown
below are merely for descriptions but not intended to limit the
invention.

[0025] Referring to FIG. 1, FIG. 1 is a schematic diagram
showing an operation environment of a microphone array
apparatus adapted for a communication apparatus according
to an exemplary embodiment of the invention. The derever-
beration and noise reduction method adapted for a micro-
phone array and apparatus using the same provided by the
exemplary embodiments of the invention can be applied in the
aforementioned operation environment 100 of a microphone
array apparatus. The operation environment 100 includes an
audio source 102, a near end communication apparatus 120, a
communication link 130, a remote end communication appa-
ratus 142 and an audio player apparatus 144.

[0026] Still referring to FIG. 1, the near end communica-
tion apparatus 120 also includes a microphone array appara-
tus 122 and a communication transceiver 124. The micro-
phone array apparatus 122 includes a plurality of
microphones, and the microphone array apparatus 122
receives audio signals (e.g., receiving audio signals of a user
when the user is talking) via a space channel 110. The space
channel 110 is a multi-path space channel. In the present
exemplary embodiment, a microphone 1221, a microphone
1222, or a microphone 122m of the microphone array appa-
ratus 122 can be an omni-directional microphone. However,
the invention is not limited thereto, and the microphone 1221,
the microphone 1222, or the microphones 122m of the micro-
phone array apparatus 122 can be a microphone in other
forms. The microphone array apparatus 122 also includes a
signal processing unit (not illustrated) and performs a corre-
sponding audio signal processing such as the dereverberation
and noise reduction method adapted for a microphone array
and apparatus using the same provided by exemplary embodi-
ments of the invention.

[0027] Still referring to FIG. 1, the communication trans-
ceiver 124 provides a bi-directional communication capabil-
ity or a single directional communication capability such as
transmitting the processed audio signal to the remote end
communication apparatus 142 via a communication link 130.
The communication link 130 can be a wireless communica-
tion link, a cable telephone line link or an optical communi-
cation link. After receiving the processed audio signal, the
remote end communication apparatus 142 transfers the pro-
cessed audio signal to the audio player apparatus 144 for
performing subsequent audio playing actions. However, the
invention is not limited thereto, and the dereverberation and
noise reduction method adapted for a microphone array and
apparatus using the same provided by the exemplary embodi-
ments of the invention can also be applied in a speech recog-
nition capability. Besides, the dereverberation and noise
reduction method adapted for a microphone array and appa-
ratus using the same provided by the exemplary embodiments
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of the invention can also be applied in an in-car hand free
mobile phone, a video conference communication apparatus
and an audio conference communication apparatus of a hand
free (loudspeaker) type, a voice over Internet Protocol (VoIP)
telephone apparatus and so forth. The dereverberation and
noise reduction method adapted for a microphone array and
apparatus using the same provided by the exemplary embodi-
ments of the invention mainly processes audio signals
received by the microphone apparatus 122, reduces rever-
beration and noises in the audio signals such that audio qual-
ity of the sound played by the audio player apparatus 144 can
achieve an acceptable level. The operation environment and
the operation principle of the related audio filtering apparatus
and a microphone array in the microphone array apparatus
122 will be further introduced in accordance with FIG. 2.

[0028] FIG.2 is aschematic diagram showing an operation
environment of a microphone array and an audio filtering
apparatus according to a first exemplary embodiment of the
invention. In the operation environment 200, the microphone
array apparatus 122 is of a single input multiple output
(SIMO) microphone array framework and includes m of
microphone apparatuses such as the microphone 1221, the
microphone 1222 to the microphone 122m, where m is a total
number of microphones and m is a positive integer greater
than zero. These m microphone apparatuses receives audio
input signals x(k) from the audio source 102 but the audio
signals of the audio input signals x(k) will be transmitted to
each of the m microphone apparatuses via a plurality of space
channels. In FIG. 2, a space channel 1101, a space channel
1102 to a space channel 110m respectively represents a space
channel from the audio source 102 to the microphone 1221,
the microphone 1222 to the microphone 122m, and the gain
respectively applied on audio signals by each space channel is
not completely identical.

[0029] Still referring to FIG. 2, the audio signals received
by each microphone of the microphone array apparatus 122
arerespectively represented by an audio signal p, (k), an audio
signal p,(k) to an audio signal p,,(k). The received audio
signal p,(k), an audio signal p,(k) to an audio signal p,,k)
will be further processed by the audio filtering apparatus 126,
and the audio filtering apparatus 126 also includes m of filters
to correspondingly process the received audio signals. A filter
1261, a filter 1262 to a filter 126m respectively processes the
audio signal p,(k), an audio signal p,(k) to an audio signal
p,.(k). Finally, the audio filtering apparatus 126 integrates a
plurality of the processed audio signals at the communication
link 140. The comumunication link 140 can include the com-
munication link 130 and the remote end communication
apparatus 142.

[0030] Ttistobenoted that, the audio input signals x(k), the
audio signal p,(k), the audio signal p,(k), the audio signal
p,,(k) and an audio output signal y(k) are all audio signals
representations in time domain. If seen from the perspective
of the frequency domain, the audio signals generated by the
audio source 102 can be represented by x(w) and the audio
output signals represented by y(w). The system response (or
plant) of the space channel between the audio source 102 and
the microphone 1221, the microphone 1222 to the micro-
phone 122m can be represented by a system response matrix
H(w). The system response matrix H(w) can be acquired
through a spectrum analyzer by using the spectrum analyzer
in a designated closed space such as inside the vehicle cabin
or in a closed room. Therefore, a relationship between the
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audio input signals, the system response matrix and each of
audio signals ca be represented by the following equation (1)
to equation (3):

p=Hgq equation (1),
where,

p=lp1(®) ... pu0)]" equation (2),

H=/H (o) ... H, ()" equation (3),

where p is a vector representing the audio signals, H is a
transpose matrix of the system response matrix H(w) and q is
a vector representing the audio input signals x(w).

[0031] Moreover, from the perspective of the frequency
domain, the filter 1261, the filter 1262 to the filter 126m can be
represented by the following equation (4):

C=/ey(@). .. e, ()

where C is a frequency response matrix representing the
frequency response of each filter.

[0032] After being processed by a specific matrix compu-
tation, the frequency response matrix C(w) of the inverse filter
(not illustrated) incorporated with the microphone array
apparatus 122, where a relationship of the frequency response
matrix C(w) and the system response matrix H(w) can be
represented by the following equation (5):

equation (4),

Cl=gH? equation (5),

where, the function portions of the frequency response matrix
C(m) and the system response matrix H(w) are omitted in the
equation (5), o is a real number and o. is greater than zero, C”
is a transpose matrix of the frequency response matrix C(w),
and H¥ is the Hermitian matrix of the system response matrix
H(w).

[0033] Inthepresentexemplary embodiment, when the real
number value o of the transpose matrix CZ of the inverse filter
is represented by the following equation (6), the inverse filter
can be called an equivalent source inverse filter:

(%

where, |[H]||,” is a squared value of the 2-norm of the system
response matrix H(w).

[0034] Inthepresentexemplary embodiment, when thereal
number value o of the transpose matrix C7 of the inverse filter
is “17, the inverse filter can be called a phase-conjugated filter,
and this is defined from the perspective of the frequency
domain. However, from the perspective of the time domain,
this phase-conjugated filter is also a time-reversed filter since
it is obtained by flipping over an impulse response of the
system response matrix H(w) in the time domain. However, in
practical operations, after the audio signals are processed by
the time-reversed filter, the audio signals are required to be
processed by an Inverse Fast Fourier Transform (IFFT) pro-
cessing and an adequate time-domain shifting processing so
as to achieve a finite impulse response filter. It is to be noted
that the time-reverse filter is originally a non-causal system,
so it is required to be processed by an adequate time-domain
shifting processing to be implemented or realized as a causal
system.

[0035] The aforementioned inverse filter can also be incor-
porated with a generalized side-lobe canceller framework for
further removing reverberation, reducing noises and effec-
tively lowering the overall energy of the audio output signal.
The inverse filter incorporated with the generalized side-lobe
canceller framework (or abbreviated as a SIMO-ESIT incor-

equation (6),
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porated with a GSC framework) will be further described in
accordance with FIG. 3 to FIG. 6.

[0036] FIG. 3 is a flow chart illustrating a dereverberation
and noise reduction method adapted for a microphone array
according to a second exemplary embodiment of the inven-
tion. Referring to FIG. 3, the dereverberation and noise reduc-
tion method 300 starts at step S302. In the step S302, the
beamforming processing are applied on the audio signals
received by the microphone array, and a first audio signal is
generated, where the beamforming processing allows a main-
lobe portion of the audio signals pass through and reduces
side-lobe portions of the audio signals. Besides, the beam-
forming processing executes a computation of the inverse
filter matrix C(w), where the relationship of the inverse filter
matrix C(w) and the system response matrix H(w) is repre-
sented as the equation (5) in the first embodiment. After being
processed by the beamforming processing, the dereverbera-
tion and noise reduction method 300 also can apply the IFFT
processing on the audio signals processed by the beamform-
ing processing, and apply an adequate time-domain shifting
processing on the audio signals after being processed by the
beamforming processing and the IFFT processing so as to
generate the first audio signal. After the step S302 is executed,
step S304 is executed.

[0037] In the step S304, an suppression processing is
applied on the audio signals received by the microphone
array, and a suppression audio vector is generated. After the
step S304, step S306 is executed. The suppression processing
allows the side-lobe portions of each of the audio signals pass
through and reduces the main-lobe portion of each of the
audio signals, and the suppression processing is to execute a
computation of the blocking matrix B, where the blocking
matrix B is represented by the following equation (7):

hB=0 equation (7),

where, h¥ is a Hermitian matrix of the frequency response
matrix h between the audio source 102 and each microphone.
Moreover, when the Hermitian matrix h¥ of the frequency
response matrix h between the audio source 102 and each
microphone is represented by the following equation (8), the
blocking matrix B is represented by the following equation

9):

W =lan, an, ..., a,] equation (8)
& -a ap equation (9}
ay ay ay
1 0 0
B=l ¢ :
: : 0
0 0 1
wherea,, a,, . . ., a, are respectively the frequency response

between the audio source 102 and each microphone, a, a,, .
., a, are real numbers, and n is the total number of these
microphones. After the step S304, step S306 is executed.
[0038] In the step S306, an adaptive filtering processing is
applied on the suppression audio vector, and a second audio
signal is generated. Inthe present exemplary embodiment, the
adaptive filtering processing uses a least mean squared
method to process the aforementioned suppression audio vec-
tor. In addition, the least mean squared method can be
expressed as the following equation (10) to equation (13):
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N-1 equation (10)
YK = bk = L= ) Wz, k),
n=0

Wk + 1) = W, (k) + ux y(k)Z,(k), equation (11)

where,

Walk) = [0 (k) w1 (), - s Wy 1 (OTT, equation (12)

Zy(k) = [2a0), 2ol = 1), ..., 2ok = Mp + 1T, equation (13)

where y(k) is the audio output signal when time is k, b(k) is
the first audio signal when the time is k, L, is a time delay
between the audio output signal and the first audio signal,
W(k) is an adaptive filter matrix used by the adaptive filtering
processing when the time is k, Z(k) is the suppression audio
vector when the time is k, M, is a duration of the adaptive
filtering processing and M, influences an overall operation
efficiency of the dereverberation and noise reduction method,
and p is a step size. The time delay L, between the audio
output signal and the first audio signal will be further
described in the other exemplary embodiments shown below.
After the step S306 is executed, step S308 is executed. In the
step S308, the second audio signal is subtracted from the first
audio signal so as to acquire the audio output signal.

[0039] After the step S308 is executed, step S310 is then
executed. In the step S310, a plurality of parameters pro-
cessed by the adaptive filtering processing are adjusted
according to a feedback of the audio output signal. After the
step S310, the dereverberation and noise reduction method
300 is ended.

[0040] It is to be noted that, the invention is not limited
thereto. The step S302 to the step S310 can be operated
cyclically, and any step in the step S302 to the step S310 can
be operated simultaneously with another step in the step S302
to the step S310. For example, when the step S302 is
executed, other steps such as the step S306 and the step S308
can be executed simultaneously. After the dereverberation
and noise reduction method 300 adapted for the microphone
array provided by the second exemplary embodiment, other
possible system structures of the dereverberation and noise
reduction apparatuses adapted for the microphone array will
be introduced in accordance with FIG. 4 to FIG. 6.

[0041] FIG. 4 is a system block diagram illustrating a der-
everberation and noise reduction apparatus adapted for a
microphone array according to a second exemplary embodi-
ment of the invention. Referring to FIG. 4, the dereverbera-
tion and noise reduction apparatus 400 includes a fixed beam-
former unit 402, a blocking matrix processing unit 410, a
multiple-input canceller unit 420 (or an adaptive filter array
420) and a computation unit 406. Besides, the dereverbera-
tion and noise reduction apparatus 400 also includes a signal
transferring link 404, a signal transferring link 408, a signal
transferring link 412 and an audio output feedback link 430.
Itis to be noted that the signal transferring link 404, the signal
transferring link 408, and the signal transferring link 412 are
parallel buses so they can transfer a plurality of audio signals
or signal vector values.

[0042] Referring to FIG. 4, in the present exemplary
embodiment, the fixed beamformer unit 402 receives a plu-
rality of audio signals x(k) from the signal transferring link
404, and the audio signals received by the microphone array
are processed by the beamforming processing, and the first
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audio signal is generated. The beamforming processing
allows the main-lobe portion of the audio signals pass through
and reduces the side-lobe portions of the audio signals, and
the beamforming processing executes the computation of the
inverse filtering matrix C. Moreover, the relationship of the
inverse filtering matrix C and the system response matrix H
can be expressed as the equation (5) in the first exemplary
embodiment. The blocking matrix processing unit 410
receives the audio signal x(k) from the signal transferring link
408 and performs the suppression processing on the audio
signals received by the microphone array to generate the
suppression audio vector Z(k). The suppression processing
allows the side-lobe portions of the audio signals pass through
and reduces the main-lobe portion of the audio signals. More-
over, the suppression processing is to perform a computation
of the blocking matrix B, and the blocking matrix B can be
expressed as the aforementioned equation (7).

[0043] The multiple-input canceller unit 420 is coupled to
the blocking matrix processing unit 410, receives the suppres-
sion audio vector Z(k), and applies an adaptive filtering pro-
cessing on the suppression audio vector Z(k), and the second
audio signal is generated. In the present exemplary embodi-
ment, the multiple-input canceller unit 420 can use an adap-
tive filter array to achieve the effects of the multi-input can-
celing but the invention is not limited thereto. Moreover, the
computation unit 406 is coupled to the fixed beamformer 404
and the multiple-input canceller unit 420 (or the adaptive
filter array). The computation unit 406 includes a first com-
putation input terminal, a second computation input terminal
and a computation output terminal. The first computation
input terminal receives the first audio signal, the second com-
putation input terminal receives the second audio signal and
the computation unit 406 subtracts the second audio signal
from the first audio signal to acquire the audio output signal
y(k) and outputs the audio output signal y(k) to the compu-
tation output terminal. Further, the multiple-input canceller
unit 420 adjusts a plurality of parameters of the adaptive filter
array by receiving a feedback of the audio output signal.
Besides, since the dereverberation and noise reduction appa-
ratus 400 has two signal processing paths such as an upper
path and a reduce path, the time delay L; between the audio
output signal and the first audio signal hereby causes the first
audio signal and the second audio signal arrive at the compu-
tation unit 406 at the same time. For example, when the
sampling rate is 8 kHz, the time delay L, can be configured to
as 250 sampling points, or that is 31.25 micro-seconds after
being converted into time.

[0044] Moreover, it is to be noted that, in other exemplary
embodiments of the invention, the aforementioned fixed
beamformer unit 402 can be a phase-conjugated filter or an
inverse filter with the inverse filtering processing effective-
ness. These two different system structures will be respec-
tively introduced in accordance to FIG. 5 and FIG. 6.

[0045] FIG. 5 is a system block diagram illustrating a der-
everberation and noise reduction apparatus adapted for a
microphone array according to a third exemplary embodi-
ment of the invention. Referring to FIG. 5, in the present
exemplary embodiment, the dereverberation and noise reduc-
tion apparatus 500 and the dereverberation and noise reduc-
tion apparatus 400 are similar but a difference between them
is just that the fixed beamformer unit 402 is realized by an
mverse filter 502, and the inverse filter 502 has the character-
istics of the aforementioned equation (5) and equation (6),
especially the value of the real number a in the equation (5) of
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the inverse filter 502 is less than 1. Other parts such as a
blocking matrix processing unit 510, a adaptive filter array
520, a computation unit 506, a signal transferring link 504, a
signal transferring link 508, a signal transferring link 512 and
the audio output signal feedback link 530 are respectively
identical to the blocking matrix processing unit 410, the adap-
tive filter array 420, the computation unit 406, the signal
transferring link 404, the signal transferring link 408, the
signal transferring link 412 and the audio output signal feed-
back link 430.

[0046] FIG. 6 is a system block diagram illustrating a der-
everberation and noise reduction apparatus adapted for a
microphone array according to a fourth exemplary embodi-
ment of the invention. Referring to FIG. 6, in the present
exemplary embodiment, the dereverberation and noise reduc-
tion apparatus 600 and the dereverberation and noise reduc-
tion apparatus 400 are similar but difference between them is
just that the fixed beamformer unit 402 is realized by an
phase-conjugated filter 602, and the phase-conjugated filter
602 has the characteristics of the aforementioned equation (5)
and equation (6), especially the value of the real number a in
the equation (5) of the inverse filter 502 is less than 1. Other
parts such as a blocking matrix processing unit 610, a adap-
tive filter array 620, a computation unit 606, a signal trans-
ferring link 604, a signal transferring link 608, a signal trans-
ferring link 612 and the audio output signal feedback link 630
are respectively identical to the blocking matrix processing
unit 410, the adaptive filter array 420, the computation unit
406, the signal transferring link 404, the signal transferring
link 408, the signal transferring link 412 and the audio output
signal feedback link 430.

[0047] After the dereverberation and noise reduction appa-
ratus used in a microphone array provided by each exemplary
embodiment are introduced, the directive gains of audio sig-
nals received by a microphone array and the system response
of the fixed beamforming apparatus will be introduced in
accordance with FIG. 7 to FIG. 8.

[0048] FIG. 7 is a schematic diagram illustrating directive
gains of audio signals received by a microphone array accord-
ing to an exemplary embodiment of the invention. Referring
to FIG. 7, in the directive gains schematic diagram, the hori-
zontal axis is an entering direction (or an entering angle)
where a portion of the audio signals enters the microphone
array apparatus 122, and the vertical axis is the gain values
with which each audio signal will be experienced. As illus-
trated in FIG. 7, the audio signals received by the microphone
array apparatus 122 includes a main-lobe portion 710, a side-
lobe portion 704, a side-lobe portion 706, a side-lobe portion
722, a side-lobe portion 724 and so forth. Other audio signal
portions are omitted herein since their entering angles into the
microphone array apparatus 122 are greater than 90 degrees.
The dereverberation and noise reduction method 300 used in
a microphone array and the dereverberation and noise reduc-
tion apparatus 400 to the dereverberation and noise reduction
apparatus 600 used in a microphone array provided by each
exemplary embodiment are just designed to filter the audio
signals entering the microphone array apparatus 122 such that
the side-lobe portion 704, the side-lobe portion 706, the side-
lobe portion 722 and the side-lobe portion 724 are filtered out
and just the main-lobe portion 702 is remained. The dash line
710 refers to the audio signal portions remained after being
filtered at lower sampling rate (e.g., 2 kHz).

[0049] FIG. 8 is a schematic diagram illustrating directive
gains of a blocking matrix processing unit according to an
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exemplary embodiment of the invention. Referring to FIG. §,
a curve 802 and a curve 804 are combined to represent the
gain curve of the blocking matrix processing unit 410 with
respect to the audio signals which enter the microphone array
apparatus 122. As illustrated in FIG. 8, the blocking matrix
processing unit 410 has a gain of -20 decibel (dB) with
respect to the audio signal with an entering angle of 0 degree.
As the entering angle gradually increases, the gains of the
blocking matrix processing unit 410 with respect to the audio
signals gradually increases as well. Accordingly, the blocking
matrix processing unit 410 allows the side-lobe portion of the
audio signals pass through and reduces the main portion of the
audio signals.

[0050] The processing effects of the dereverberation and
noise reduction apparatus 500 and the dereverberation and
noise reduction apparatus 600 respectively provided by the
third exemplary embodiment and the fourth exemplary
embodiment will be introduced by the following table I.

TABLE I
Time-reversed
filter (phase-
conjugated
Inverse filter filter)

SIMO GSC SIMO GSC
SNR, (dB) 751 751 751 7.51
SNR, (dB) 1643 16.76 16.06 16.74
SNRG (dB) 8.92 9.25 8.56 9.23
SDI (dB) 356 356 147 3.56

[0051] Referring to FIG. 1, it is to be noted that, the Table
compares an input audio signal signal-to-noise ratio (SNR),
an output audio signal SNR, a SNR Gain (SNRG) and a
speech-distortion index (SDI) of the inverse filter and the
phase-conjugated filter respectively in two different frame-
works (a SIMO microphone array framework and the SIMO-
ESIT incorporated with the GSC framework).

[0052] Theway ofcalculating the input audio signal SNR is
expressed as the following equation (14):

Ex3) equation (14)
SNR1(dB) = 10log——.
E{vi}

where E(x) is an expectation function, x, represents the audio
signals received by the first microphone, and v, represents the
noises received by the first microphone.

[0053] The way of calculating the output audio signal SNR
1s expressed as the following equation (15):

E{lc” *x|2} equation (15)

SNR 4(dB) = 10log————~,
4(dB) gE{|CT*V|2}

where x represents an input audio signal vector, v represents
a noise signal vector, and C7 is a transpose matrix of the
system response of the inverse filter or a transpose matrix of
the system response of the phase-conjugated filter.

[0054] Theway of calculating the SNRG is expressed as the
following equation (16):

SNRG(dB)=SNR ,-SNR, equation (16),
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where the SNRG is a difference between the input audio
signal SNR and the output audio signal SNR.

[0055] The way of calculating the SDI is expressed as the
following equation (17):

E{xf} equation (17)

SDIB) = 10log——" 11
T e

[0056] As illustrated in the Table I, the output audio signal
SNRs of the inverse filter and the phase-conjugated filter are
more enhanced in the SIMO-ESIT incorporated with the GSC
framework than those in the SIMO microphone array frame-
work. SNRGs of the inverse filter and the phase-conjugated
filter in the SIMO-ESIT incorporated with the GSC frame-
work are also more enhanced in a similar fashion. Moreover,
the SDI of the phase-conjugated filter is better in the SIMO
microphone array framework than that in the SIMO-ESIT
incorporated with the GSC framework. There are more
speech distortions for the inverse filter in both two different
frameworks but the speech distortions are still within accept-
able ranges.

[0057] To sum up, according to the exemplary embodi-
ments of the invention, the invention provides the derever-
beration and noise reduction methods adapted for a micro-
phone array and an apparatuses using the same. The
dereverberation and noise reduction methods apply the beam-
forming processing on the received audio signals, and apply
the suppression processing and the adaptive filtering process-
ing on the received audio signals simultaneously. The audio
signal processed by the adaptive filtering processing is sub-
tracted from the audio signal processed by the beamforming
processing to acquire the audio output signal. Besides, the
parameters of the adaptive filtering processing are adjusted
according to a feedback of the audio output signals. Further,
the dereverberation and noise reduction method and the appa-
ratus using the same can reduce the side-lobe portions of the
received audio signals, suppress the reverberation and
remove the noises, and thereby effectively lower the overall
energy of the audio output signal. In addition, when the der-
everberation and noise reduction method and the apparatus
using the same are incorporated with the generalized side-
lobe canceller framework, the directive gains and the SNR
parameters of the microphone array can be enhanced.

[0058] It will be apparent to those skilled in the art that
various modifications and variations of the exemplary
embodiments can be made to the structure of the invention
without departing from the scope or spirit of the invention. In
view of the foregoing descriptions, it is intended that the
present disclosure covers modifications and variations of the
exemplary embodiments if they fall within the scope of the
following claims and their equivalents.

What is claimed is:

1. A dereverberation and noise reduction method, adapted
for a single input multiple output (SIMO) microphone array,
wherein the SIMO microphone array comprises a plurality of
microphones, and each of the microphones respectively
receives one of a plurality of audio signals from an audio
source, wherein each of the audio signals respectively expe-
riences a gain of a system response between the audio source
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and the SIMO microphone array, the system response is
obtained by a measurement in advance and expressed as a
system response matrix H, and the gain respectively experi-
enced by each of the audio signals is not substantially com-
pletely identical, the dereverberation and noise reduction
method comprising;
applying a beamforming processing on the audio signals
received by the microphone array. and generating a first
audio signal, wherein the beamforming processing
allows a main-lobe portion of the audio signals pass
through and reduces a plurality of side-lobe portions of
the audio signals, and the beamforming processing
executes a computation of an inverse filter matrix C,
wherein a relationship between the inverse filter matrix
C and the system response matrix H is expressed as the
following equation (1):

Cl=an? equation (1),

wherein, o is a real number and greater than zero, C” is a
transpose matrix of the inverse filter matrix C, and H¥ is a
Hermitian matrix of the system response matrix H;
applying a suppression processing on the audio signals
received by the microphone array, and generating a sup-
pression audio vector, wherein the suppression process-
ing allows the side-lobe portions of the audio signals
pass through and reduces the main-lobe portion of the
audio signals, and the suppression processing executes a
computation of a blocking matrix B, wherein the block-
ing matrix B is expressed as the following equation (2):

h¥B=0 equation (2),

wherein, h” is a Hermitian matrix of a frequency response
matrix h between the audio source and each of the micro-
phones;

applying an adaptive filtering processing on the suppres-

sion audio vector, and generating a second audio signal,
and

subtracting the second audio signal from the first audio

signal to acquire an audio output signal, wherein a plu-
rality of parameters of the adaptive filtering processing
are adjusted according to a feedback of the audio output
signal.

2. The dereverberation and noise reduction method accord-
ing to claim 1, wherein after the beamforming processing, the
dereverberation and noise reduction method further com-
prises:

applying an inverse Fast Fourier Transform (IFFT) pro-

cessing onthe audio signals processed by the beamform-
ing processing; and

applying an adequate time-domain shifting processing on

the audio signals processed by the beamforming pro-
cessing and the IFFT processing so as to generate the
first audio signal.

3. The dereverberation and noise reduction method accord-
ing to claim 1, wherein the real number o is 1.

4. The dereverberation and noise reduction method accord-
ing to claim 1, wherein the real number a. is expressed as the
following equation (3):

a=(lbY) ™

wherein, ||H|l,> is a squared value of a 2-norm value of the
system response matrix H.

5. The dereverberation and noise reduction method accord-

ing to claim 1, wherein when the Hermitian matrix h”” of the

system frequency response matrix h between the audio source

equation (3),
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and each of the microphones is expressed as the following
equation (4), the blocking matrix B is expressed as the fol-
lowing equation (5):

W =lay, ay, ..., ayl, equation (4)
I R equation (5)
a ai
1 0 - 0
B= o ;
. . 0
0 0 1

wherein, a,, a,, . . ., a, respectively is a frequency response
value between the audio source and each of the micro-
phonesanda,,a,,...,a, arereal numbers, and nisa total
number of the microphones.

6. The dereverberation and noise reduction method accord-
ing to claim 1, wherein the adaptive filtering processing uses
a least mean square method to process the suppression audio
vector.

7. The dereverberation and noise reduction method accord-
ing to claim 6, wherein the least mean square method is
expressed as the following equation (6) to equation (9):

N-1 equation (6)
Yk =bik = L) = Y Wz, k),
n=0

Walk + 1) = W, (k) + X y(k)Z(K), equation (7)

where,
Wall) = [wno (k). w1 (0), ..., wigy1 (0] equation (8)
Z,(0) = [zalk), 2altk = 1), o, (k= My + 1] equation (9)

wherein y(k) is the audio output signal when time is k, b(k) is
the first audio signal when the time is k, [ is a time delay
between the audio output signal and the first audio signal,
W(k) is an adaptive filtering matrix used by the adaptive
filtering processing when the time is k, Z(k) is the suppression
audio vector when the time is k, M, is a duration of the
adaptive filtering processing and influences an overall opera-
tion efficiency of the dereverberation and noise reduction
method, and p is a step size.

8. The dereverberation and noise reduction method accord-
ing to claim 1, wherein each of the microphones comprises an
omni-directional microphone.

9. A dereverberation and noise reduction method, adapted
for a single input multiple output (SIMO) microphone array,
wherein the SIMO microphone array comprises a plurality of
microphones, and each of the microphones respectively
receives one of a plurality of audio signals from an audio
source, wherein each of the audio signals respectively expe-
riences a gain of a system response between the audio source
and the SIMO microphone array, the system response is
obtained by a measurement in advance and expressed as a
system response matrix H, and the gain respectively experi-
enced by each of the audio signals is not substantially com-
pletely identical, the dereverberation and noise reduction
method comprising:
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applying a first signal processing on the audio signals
received by the microphone array, and generating a first
audio signal, wherein the first signal processing allows a
main-lobe portion of the audio signals pass through and
reduces a plurality of side-lobe portions of the audio
signals, and the first signal processing executes a com-
putation of an inverse filter matrix C, wherein a relation-
ship between the inverse filter matrix C and the system
response matrix H is expressed as the following equation

1

CT=gH" equation (1),

wherein, c is a real number and greater than zero, C7 is a
transpose matrix of the inverse filter matrix C, and HY is a
Hermitian matrix of the system response matrix H;
applying a second signal processing on the audio signals
received by the microphone array, and generating a sup-
pression audio vector, wherein the second signal pro-
cessing allows the side-lobe portions of the audio signals
pass through and reduces the main-lobe portion of the
audio signals;
applying a third signal processing on the suppression audio
vector, and generating a second audio signal; and

subtracting the second audio signal from the first audio
signal to acquire an audio output signal, wherein a plu-
rality of parameters of the third signal processing are
adjusted according to a feedback of the audio output
signal.

10. The dereverberation and noise reduction method
according to claim 9, the second signal processing executes a
computation of a blocking matrix B, wherein the blocking
matrix B is expressed as the following equation (2):

h¥B=0 equation (2),

wherein, h¥ is a Hermitian matrix of a frequency response
matrix h between the audio source and each of the micro-
phones.

11. The dereverberation and noise reduction method
according to claim 10, wherein after the first signal process-
ing, the dereverberation and noise reduction method further
comprises:

applying an inverse Fast Fourier Transform (IFFT) pro-

cessing on the audio signals processed by the first signal
processing; and

applying an adequate time-domain shifting processing on

the audio signals processed by the first signal processing
and the [FFT processing so as to generate the first audio
signal.

12. The dereverberation and noise reduction method
according to claim 9, wherein the real number o is 1.

13. The dereverberation and noise reduction method
according to claim 9, wherein the real number ¢ is expressed
as the following equation (3):

a=( 1LY

wherein, |[H||,> is a squared value of a 2-norm value of the
system response matrix H.

14. The dereverberation and noise reduction method
according to claim 10, wherein when the Hermitian matrix h”
of the system frequency response matrix h between the audio
source and each of the microphones is expressed as the fol-
lowing equation (4), the blocking matrix B is expressed as the
following equation (5):

equation (3),
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W =Tlay, a ... ,a,, equation (4)
I equation (5)
a ai
1 0 0
B=l o 1
. 0
0 0 1
wherein, a,, a,, . .. , a, respectively is a frequency response

value between the audio source and each of the micro-
phonesanda,,a,,...,a, arereal numbers, and nisa total
number of the microphones.

15. The dereverberation and noise reduction method
according to claim 9, wherein the third signal processing uses
a least mean square method to process the suppression audio
vector.

16. The dereverberation and noise reduction method
according to claim 15, wherein the least mean square method
is expressed as the following equation (6) to equation (9):

N-1 equation (6)
Yk = bk~ L= ) Wz, k),
n=0

Walk + 1) = Wy (k) + X y() Z k), equation (7)

where,

Watk) = [wno (), Wai k), o s Wapgy-1 (0] equation (8)

Z(k) = [2000), 2ulk = 1), .., 2ulk = Mo + DT equation (9)

v(k) is the audio output signal when time is k, b(k) is the
first audio signal when the time is k, L, is a time delay
between the audio output signal and the first audio sig-
nal, W(k) is an adaptive filtering matrix used by the third
signal processing when the time is k, Z(k) is the suppres-
sion audio vector when the time is k, M, is a duration of
the third signal processing and influences an overall
operation efficiency of the dereverberation and noise
reduction method, and g is a step size.

17. The dereverberation and noise reduction method
according to claim 9, wherein each of the microphones com-
prises an omni-directional microphone.

18. A dereverberation and noise reduction method, adapted
for a single input multiple output (SIMO) microphone array,
wherein the SIMO microphone array comprises a plurality of
microphones, and each of the microphones respectively
receives one of a plurality of audio signals from an audio
source, wherein each of the audio signals respectively expe-
riences a gain of a system response between the audio source
and the SIMO microphone array, the system response is
obtained by a measurement in advance and expressed as a
system response matrix H, and the gain respectively experi-
enced by each of the audio signals is not substantially com-
pletely identical, the dereverberation and noise reduction
method comprising:

applying a first signal processing on the audio signals

received by the microphone array, and generating a first
audio signal, wherein the first signal processing allows a
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main-lobe portion of the audio signals pass through and
reduces a plurality of side-lobe portions of the audio
signals;

applying a second signal processing on the audio signals
received by the microphone array, and generating a sup-
pression audio vector, wherein the second signal pro-
cessing allows the side-lobe portions of the audio signals
pass through and reduces the main-lobe portion of the
audio signals, and the second signal processing executes
a computation of a blocking matrix B, wherein the
blocking matrix B is expressed as the following equation

1:

hB=0 equation (1),

wherein, h? is a Hermitian matrix of a frequency response
matrix h between the audio source and each of the micro-
phones;

applying a third signal processing on the suppression audio
vector, and generating a second audio signal; and

subtracting the second audio signal from the first audio
signal to acquire an audio output signal, wherein a plu-
rality of parameters of the third signal processing are
adjusted according to a feedback of the audio output
signal.

19. The dereverberation and noise reduction method
according to claim 18, wherein the first signal processing
executes a computation of an inverse filter matrix C, and a
relationship between the inverse filter matrix C and the sys-
tem response matrix H is expressed as the following equation

@)

Cl=qu# equation (2),

wherein, o, is a real number and greater than zero, C” is a
transpose mattix of the inverse filter matrix C, and H¥ is
a Hermitian matrix of the system response matrix H.

20. The dereverberation and noise reduction method
according to claim 18, wherein after the first signal process-
ing, the dereverberation and noise reduction method further
comprises:

applying an inverse Fast Fourier Transform (IFFT) pro-
cessing on the audio signals processed by the first signal
processing; and

applying an adequate time-domain shifting processing on
the audio signals processed by the first signal processing
and the [FFT processing so as to generate the first audio
signal.

21. The dereverberation and noise reduction method
according to claim 19, wherein the real number a is 1.

22, The dereverberation and noise reduction method
according to claim 19, wherein the real number c.is expressed
as the following equation (3):

a=(H,%™

equation (3),

wherein, |[HJ|,? is a squared value of a 2-norm value of the
system response matrix H.

23. The dereverberation and noise reduction method
according to claim 18, wherein when the Hermitian matrix h”
of the system frequency response matrix h between the audio
source and each of the microphones is expressed as the fol-
lowing equation (4), the blocking matrix B is expressed as the
following equation (5):
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W= lay, azy ..., a,), equation (4)
% -4 4 equation (3)
a ai
1 0 0
B=l o 1
. . 0
0 0 1

wherein, a,, a,, ... ,a, respectively is a frequency response
value between the audio source and each of the micro-
phones, and a,, a,, . . ., a, are real numbers, and nis a
total number of the microphones.

24. The dereverberation and noise reduction method
according to claim 18, wherein the third signal processing
uses a least mean square method to process the suppression
audio vector.

25. The dereverberation and noise reduction method
according to claim 24, wherein the least mean square method
is expressed as the following equations (6) to equation (9):

N-1 equation (6)
¥k =bik = L) = Y Wz, k),
n=0

Walk + 1) = W, (k) + X y(k)Z(K), equation (7)

where,
Wall) = [wno (k). w1 (0), ..., wigy1 (0] equation (8)
Z,(0) = [zak)s 2alk = 1), o, (k= My + 1] equation (9)

wherein y(k) is the audio output signal when time 1s k, b(k)
is the first audio signal when the time is k, L, is a time
delay between the audio output signal and the first audio
signal, W(k) is an adaptive filter matrix used by the third
signal processing when the time is k, Z(k) is the suppres-
sion audio vector when the time is k, M, is a duration of
the third signal processing and influences an overall
operation efficiency of the dereverberation and noise
reduction method, and p is a step size.

26. The dereverberation and noise reduction method
according to claim 18, wherein each of the microphones
comprises an omni-directional microphone.

27. A dereverberation and noise reduction apparatus,
adapted for a single input multiple output (SIMO) micro-
phone array, wherein the SIMO microphone array comprises
a plurality of microphones, and each of the microphones
respectively receives one of a plurality of audio signals from
an audio source, wherein each of the audio signals respec-
tively experiences a gain of a system response between the
audio source and the STMO microphone array, the system
response is obtained by a measurement in advance and
expressed as a system response matrix H, and the gain respec-
tively experienced by each of the audio signals is not substan-
tially completely identical, the dereverberation and noise
reduction method comprising:

a fixed beamformer unit, configured for applying a beam-
forming processing on the audio signals received by the
microphone array, and generating a first audio signal,
wherein the beamforming processing allows a main-
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lobe portion of the audio signals pass through and
reduces a plurality of side-lobe portions of the audio
signals, and the beamforming processing executes a
computation of an inverse filter matrix C, wherein a
relationship between the inverse filter matrix C and the
system response matrix H is expressed as the following
equation (1):

Cl=gHH equation (1),

wherein, o is a real number and greater than zero, C” is a
transpose matrix of the inverse filter matrix C, and H¥ is
a Hermitian matrix of the system response matrix H;

a blocking matrix processing unit, configured for applying
a suppression processing on the audio signals received
by the microphone array. and generating a suppression
audio vector, wherein the suppression processing allows
the side-lobe portions of the audio signals pass through
and reduces the main-lobe portion of the audio signals,
and the suppression processing executes a computation
of ablocking matrix B, wherein the blocking matrix B is
expressed as the following equation (2):

hB=0 equation (2),

wherein, h¥ is a Hermitian matrix of a frequency response
matrix h between the audio source and each of the micro-
phones;

a multiple input canceller unit, coupled to the blocking
matrix processing unit and configured for applying an
adaptive filtering processing to the suppression audio
vector, and generating a second audio signal; and

a computation unit, coupled to the fixed beamformer unit
and the multiple input canceller unit, wherein the com-
putation unit comprises a first computation input termi-
nal, a second computation input terminal and a compu-
tation output terminal, wherein the first computation
input terminal receives the first audio signal, the second
computation input terminal receives the second audio
signal, and the computation unit is configured for sub-
tracting the second audio signal from the first audio
signal to acquire an audio output signal, wherein a plu-
rality of parameters of the multiple input canceller unit is
adjusted according to a feedback of the audio output
signal.

28. The dereverberation and noise reduction apparatus
according to claim 27, wherein after the beamforming pro-
cessing, the dereverberation and noise reduction apparatus
further comprises:

an Inverse Fast Fourier Transform (IFFT) processing unit,
configured for applying an IFFT processing on the audio
signals processed by the beamforming processing; and

the fixed beamforming unit, configured for applying an
adequate time-domain shifting processing on the audio
signals processed by the beamforming processing and
the IFFT processing so as to generate the first audio
signal.

29. The dereverberation and noise reduction apparatus

according to claim 27, wherein the real number c. is 1.

30. The dereverberation and noise reduction apparatus
according to claim 27, wherein the real number c.is expressed
as the following equation (3):

a=(lab)

equation (3),
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wherein, |[HJl,” is a squared value of a 2-norm value of the
system response matrix H.

31. The dereverberation and noise reduction apparatus
according to claim 27, wherein when the Hermitian matrix h”
of the system frequency response matrix h between the audio
source and each of the microphones is expressed as the fol-
lowing equation (4), the blocking matrix B is expressed as the
following equation (5):

W =1la, ay, ... L ayl, equation (4)
e equation (5)
a; a;
1 0 0
B=ly :
: 0
0 0 1

wherein, a,, a,, . .., a, respectively is a frequency response
value between the audio source and each of the micro-
phones, and a, a,, . . ., a, are real numbers, and n is a
total number of the microphones.

32. The dereverberation and noise reduction apparatus
according to claim 27, wherein the adaptive filtering process-
ing uses a least mean square method to process the suppres-
sion audio vector.

33. The dereverberation and noise reduction apparatus
according to claim 32, wherein the least mean square method
is expressed as the following equations (6) to equation (9):

N-1

Yk = bk = L) = ) Wl kiZy(k),

n=0

equation (6)

W,k + 1) = W, (k) + ux y(k)Z,(k), equation (7)

where,

W) = [ (k). Wy 1 (0), .. g pgy- (0] equation (8)

Za(k) = [zal), Zalk = 1)y ., zalk = M2 + 1] equation (9)

wherein y(k) is the audio output signal when time is k, b(k)
is the first audio signal when the time is k, L, is a time
delay between the audio output signal and the first audio
signal, W(k) is an adaptive filter matrix used by the
adaptive filtering processing when the time is k, Z(k) is
the suppression audio vector when the time is k, M, isa
duration of the adaptive filtering processing and influ-
ences an overall operation efficiency of the dereverbera-
tion and noise reduction apparatus, and y is a step size.

34. The dereverberation and noise reduction apparatus

according to claim 27, wherein each of the microphones
comprises an omni-directional microphone.
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