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The beamformed signals and reference signals are used to
work out power spectral densities (PSD), and a target-to-
jammer ratio (TJR) is worked out with the power spectral
densities. TIR is used to determine whether a sound source
exists. According to the determination result, a noise estima-
tor is switched to eliminate noise from the beamformed sig-
nals and generate output signals. An inverse fast Fourier
transform (IFFT) module recombines the output signals and
then outputs the recombined signals.
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1
SPATTALLY PRE-PROCESSED
TARGET-TO-JAMMER RATIO WEIGHTED
FILTER AND METHOD THEREOF

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to a speech enhancement
technology, particularly to a GSC-based spatially pre-pro-
cessed TIR weighted filter and a method thereof.

2. Description of the Related Art

Speech interfaces using a two-microphone device has
become popular in the consuming electronic products in
recent years. There have been many research works involved
in the two-channel speech enhancement issue, and one of the
widely used schemes is the adaptive filter based on GSC
(Generalized Sidelobe Canceller) structure. For two-micro-
phone speech enhancement, the GSC structure allows one to
pre-process the input signals by steering a beam and a null
into the direction of a target source. It provides an efficient
estimate of the characteristics of the target source and noise in
a short time interval. The GSC structure is usually divided
into three parts: a fixed beamformer, a blocking matrix (or
vector), and a (multichannel) noise estimator.

The noise estimator uses the blocked signals and is com-
monly recommended to perform estimation in the absence of
the target signal source lest the desired signal be cancelled.
There are two common ways to start/stop estimation: one of
them is to use a voice activity detector (VAD); the other one
is to evaluate the auto- and cross-spectral densities from the
inputs under a specified assumption. The former one relies on
the performance of VAD, and the latter one might be impaired
by a non-stationary coherent interference.

Accordingly, the present invention proposes a spatially
pre-processed target-to-jammer ratio weighted filter and a
method thereof to overcome the abovementioned problems.
The principles and embodiments of the present invention will
be described in detail below.

SUMMARY OF THE INVENTION

The primary objective of the present invention is to provide
a spatially pre-processed target-to-jammer ratio (TJR)
weighted filter and a method thereof, wherein a TIR weighted
Wiener solution is used to estimate the target sound source
lest the target sound source be cancelled in estimation.

Another objective of the present invention is to provide a
spatially pre-processed target-to-jammer ratio weighted filter
and a method thereof, wherein the methods for using the
ratios of the power spectral densities (PSDs) of abeamformed
signal and a reference signal to switch the noise estimator
include the optimized Wiener solution or TJR weighted new
Wiener solution.

A further objective of the present invention is to provide a
spatially pre-processed target-to-jammer ratio weighted filter
and a method thereof, wherein a beamformed signal, a refer-
ence signal and a mixture thereof are used to estimate noise.

To achieve the abovementioned objectives, the present
invention proposes a spatially pre-processed target-to-jam-
mer ratio weighted filter, which comprises two microphones,
an FFT (Fast Fourier Transform) module, a beamformer, a
reference generator, a power spectral density (PSD) estima-
tor, a noise estimator, and an inverse-FFT (IFFT) module. The
microphones receive audio signals. The FFT module divides
the audio signal into a plurality of sinusoidal waves. The
beamformer and the reference generator respectively gener-
ate beamformed signals and reference signals according to
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2

the sinusoidal waves. The PSD estimator works out PSDs
according to the beamformed signals and the reference sig-
nals and obtains TJR according to PSDs. The noise estimator
determines whether a target sound source exists according to
TIR and switches according to the determination result to
eliminate noise from the beamformed signals and generate
output signals. The IFFT module recombines the output sig-
nals and sends out the recombined signals.

The present invention also proposes a method for a spa-
tially pre-processed target-to-jammer ratio weighted filter,
which comprises steps: using two microphones to receive
audio signals; using FFT to divide the audio signal into a
plurality of sinusoidal waves and form the frequency spec-
trum of the audio signal; using a beamformer to convert the
sinusoidal waves into beamformed signals, and generating at
least one reference signal; working out PSDs according to the
beamformed signals and the reference signals, and obtaining
TIR according to PSDs; determining whether a target sound
source exists according to TIR, and switching a noise estima-
tor according to the determination result to eliminate noise
from the beamformed signals, and generating output signals;
using IFFT to recombine the output signals and sending out
the recombined signals.

Below, the embodiments are described in detail to make
easily understood the objectives, technical contents, charac-
teristics, and accomplishments of the present invention.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG.1is a block diagram schematically showing the archi-
tecture of a spatially pre-processed TIR weighted filter
according to one embodiment of the present invention;

FIG. 2 is a flowchart of a method for a spatially pre-
processed TJR weighted filter according to one embodiment
of the present invention;

FIG. 3 is a block diagram schematically showing a beam-
former according to one embodiment of the present inven-
tion;

FIG. 4 is a block diagram schematically showing a refer-
ence generator according to one embodiment of the present
invention;

FIG. 5 is a block diagram schematically showing a PSD
estimator according to one embodiment of the present inven-
tion; and

FIG. 6 is a block diagram schematically showing a noise
estimator according to one embodiment of the present inven-
tion.

DETAILED DESCRIPTION OF THE INVENTION

The present invention proposes a spatially pre-processed
target-to-jammer ratio (TJR) weighted filter and a method
thereof. Refer to FIG. 1 a block diagram schematically show-
ing the architecture of a spatially pre-processed TIR weighted
filter according to one embodiment of the present invention.
The spatially pre-processed TIR weighted filter of the present
invention comprises two microphones 10 and 10', an FFT
module 12, a beamformer 14, a reference generator 16, a
power spectral density (PSD) estimator 18, a noise estimator
22, and an IFFT module 26.

The microphones 10 and 10’ receive sounds to respectively
obtain two audio signals x1 and x2. The FFT module 12
respectively divides the audio signals x1 and x2 into a plural-
ity of sinusoidal waves X1 and a plurality of sinusoidal waves
X2. The beamformer 14 and the reference generator 16
respectively generate a beamformed signal D and a reference
signal R according to the sinusoidal waves X1 and X2. The
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PSD estimator 18 works out PSDs according to the beam-
formed signal D and the reference signal R, and then obtains
TIR according to PSDs. The noise estimator 22 determines
whether a target sound source exists according to TJR,
switches according to the determination result to eliminate
noise from the beamformed signal D, and generates output
signals Y. The IFFT module 26 recombines the output
signals Y, and sends out the recombined signals. In one
embodiment, the FFT module 12 is a dual-channel one.

Refer to FIG. 1 again, and refer to FIG. 2 a flowchart of a
method for a spatially pre-processed TIR weighted filter
according to one embodiment of the present invention. In
Step S10, after the microphones receive sounds, start the
filter. Thus, all registers, indexes and buffers are initiated to
wait interruption. After the data of the microphones is made
ready, interruption is done. At this time, the registers have
stored a plurality of parameter values to be used later. The
data of the microphones is retrieved and divided into a plu-
rality of frames. For example, the audio signals x1 and x2 in
FIG. 1 belong to the first frame output by the microphones 10
and 10",

Next, in Step S12, the FFT module 12 performs fast Fourier
transform to divide each of the audio signals xl and x2 into a
plurality of sinusoidal waves. Each sinusoidal wave repre-
sents a frequency band. The frequency bands are further
calculated again one by one. The sinusoidal waves of the first
frequency band are calculated firstly. The outputs X1 and X2
are the sinusoidal waves of the audio signals xI and x2 of the
first frequency band. The calculation in Step S12 is as fol-
lows:

At present, the spatially pre-processed TIR weighted
Wiener filter is extensively used. Below are the Wiener
approximate solutions under the GSC architecture. GSC has
been widely used in speech enhancement issues. For the
two-channel case, with the assumption of a simple delay
model for the target sound source, the input signals after
doing fast Fourier transform can be described as Equation (1):

Xk D=S(k,D+N, (K1)

Xk, D=e 7Sk, D+N, (k,]) 1

wherein k and 1 are respectively the frequency index and
frame index, X,(k,1) and X,(k,l) the microphone input sig-
nals, S(k,1) the desired signal, N, (k,1) and N, (k,1) the noise in
the inputs, t=d sin 6/c the desired signal’s time delay between
the two microphones, and wherein d is the inter-spacing
between the microphones, 8 is the arrival direction relative to
a front surface.

In Step S14, the beamformer 14 and the reference genera-
tor 16 respectively receive X1 and X2 and generate a beam-
formed signal D and a reference signal R. Refer to FIG. 3 a
block diagram schematically showing a beamformer 14. X1
and X2 are respectively input to multipliers 142 and 144.
Meanwhile, two register parameters W1 and W2 are also
respectively input to the multipliers 142 and 144. The calcu-
lation results of the multipliers 142 and 144 are added in an
adder 146 to obtain the beamformed signal D. Refer to FIG. 4
ablock diagram schematically showing a reference generator
16. X1 and X2 are respectively input to multipliers 162 and
164. Meanwhile, two register parameters W3 and W4 are also
respectively input to the multipliers 162 and 164. The calcu-
lation results of the multipliers 162 and 164 are added in an
adder 166 to obtain the reference signal R.

Suppose that the fixed beamforming vector of the beam-
former 14 and the blocking vector of the reference generator
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4

16 ata frequency index k for the GSC-based Wiener filter are
respectively wy(k) and h(k). w,(k) and h(k) can be expressed
by Equation (2):

wyky=(1e74
h(ky=[1-e7"" 2)
wherein ® is the angular frequency corresponding to the
frequency index k. For example, when o=2nkf/NFFT, f
represents the sampling rate, and NFFT represents the FFT
size. The GSC output can be obtained from Equation (3):

Yk, D) = w (OX (K, D) - Gk, D) - B (X (e, D) 3

=Dk, ) - G“(k, DUk, )

=Dk, )= Ynclk, D)

wherein X(k,1)=[X, k1), X,(k,1)]” is the input vector, and
wherein * denotes conjugation and denotes conjugation
transpose, and wherein * G(k,l) is the weighting to be deter-
mined. The optimization criterion to minimize the output
power can be expressed by Equation (4):

ngnE[lY(k, D = rréinE[lD(k, -Gk, hutk, D] )

The optimized Wiener solution of this minimization problem
can be expressed by Equation (5):

Goprlk, 1) = (E[U K, DU* ke, DY ELU (k, DD* (k, D] )

= Py e, DPyplk, 1)

The close-form Wiener solution is difficult to implement
and unable to track changes in the environment. Hence, adap-
tive approximate solutions based on the orthogonal principle
were proposed in many works. Rather than using the adaptive
approach, the present invention adopts the approximation of
the auto- and cross-spectral densities of the spatially pre-
processed data to obtain the approximate Wiener solution
with (5).

In Step S16, the auto- and cross-spectral densities are esti-
mated by recursively averaging past spectral power values of
the measurements according to Equation (6):

Ll (6)
Pyytk, = Pyyik, 1= 1) +(1 —w)z biU(k —i, hU* (k=i ])

i=—w

Pppk, h = Ppplk, I-1)+(1 - Q)Z bHDk =i, DD*(k =i, )

i=—w

Ppylk, ) = - Ppylk, 1= 1) +(1 —w)z biDk — i, DU*(k —i, 1)

i=—w

wherein P, (k,]) is the PSD of the reference signal, P, (k1)
is the PSD of the beamformed signal, and P,,(k,]) is the
cross-PSD ofthe beamformed signal and the reference signal,
and wherein o (0<a<1) is the forgetting factor, and b a nor-
malization window function (Z,__,,"b(1)=1). In order to keep
the tracking ability and avoid the echo-like effect, the value of
the forgetting factor should not be too large.
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Refer to FIG. 5 a block diagram schematically showing a
PSD estimator 18. The PSD estimator 18 includes two con-
Jjugate calculation modules 182 converting the complex num-
bers of the signals into conjugate signals. A multiplier 1844
will receive a beamformed signal D and a conjugate thereof
D*. A multiplier 1845 will receive the beamformed signal D
and the conjugate R* of the reference signal R. A multiplier
184¢ will receive the reference signal R and the conjugate
thereof R*. Three smoothing units 186a, 1865 and 186¢
respectively receive the calculation results of the three mul-
tipliers 184a, 1845 and 184¢ and output P, (k,1) PSD of the
beamformed signal, P, (k,1) PSD ofthe reference signal, and
P, (k.1) cross-PSD of the beamformed signal and the refer-
ence signal, which respectively equal to C2, C3 and C1 shown
in FIG. 1.

In order to avoid cancellation of the desired signal, it is
recommended that the Wiener solution is estimated during
absence of the desired signal. Hence, a soft VAD mechanism
is needed to decide the weight of the Wiener solution. In the
present invention, TJR (Target-to-Jammer Ratio) is intro-
duced to meet the need. As shown in FIG. 1, the divider 20
receives C2 and C3, divides P,,(k,1) PSD of the beamformed
signal with P, (k1) PSD of the reference signal to obtain TJIR
and then outputs a signal M. The operation can be expressed
by Equation (6):

EIDtk, DDk, )] Ppplk, ])

= =
DRk b E[Uk, DUk, D] Pyulk, D)

Refer 1o FIG. 1 and FIG. 2 again, and refer to FIG. 6 a block
diagram schematically showing a noise estimator 22.

TIR is used to examine whether a target sound source
exists. In Steps S20-S22, the noise estimator 22 provides an
examination criterion and works with a threshold I (typically
I'=5dB). When TIR is greater than the threshold T', the target
sound source is regarded as existing. TIR can further be used
as a ratio to alleviate cancellation of the target sound source
when the target sound source is detected. TIR can further be
used as adivisor to modify the optimized Wiener solution into
a new Wiener solution expressed by Equation (8):

Gop(k, 1) 8

Grrtk, 1) =

Puytk, D
Ppp(k, 1)

A divider 222 obtains the new Wiener solution, using the
input signals C1 and C2. Thus, by the hypothesis of testing
TJR, the Wiener solution can be divided into

]

Grrik, D), if TIR(k, ) >T
Gtk _{ otherwise

Goprlk, ),

In other words, if TIR is greater than the threshold, the new
Wiener solution is adopted; if TJR is smaller than or equal to
the threshold, the optimized Wiener is adopted.

After the signal M output by the divider 20 enters the noise
estimator 22, a hypothesis testing module 226 uses the signal
M and a parameter W6 to determine the way to process the
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signals. The noise estimator 22 is divided into three parts
according to the value of TIR (in decibel scale) at each fre-
quency bin k, namely: (-oo, 0], (0, I'] and (I", oc). When TIR is
larger than T, Y y(k,1) the output of the noise estimator 22 is
determined by the TIR weighted new Wiener solution to
preserve more desired signal. When TIR is between 0 dB and
I, Y v o(k.]) is given by the optimized Wiener solution. In the
case that TIR is lower than 0 dB, the target sound source is
considered to be absent.

In order to further reduce the noise, a simple post filter-like
method is adopted in Step S24. Similar to the functionality of
the spectral gain floor G, , D(k,]) the output of the beam-
former 14 and a threshold preset by a threshold calculation
module 228 are used to determine Y,,(k,]). Based on TIR,
the result of the hypothesis testing module 226, and the
parameter value W6, the threshold calculation module 228
calculates the proportion of mixing the beamformed signal D
and the new Wiener solution. The beamformed signal D and
a preset parameter value W3 are multiplied in a multiplier
224a. The result of the multiplier 224a and a threshold are
multiplied in a multiplier 224¢. On the other hand, the new
Wiener solution G,z(k,1) output by the divider 222 and the
reference signal R are multiplied in a multiplier 224b. The
result of the multiplier 2245 and a threshold are multiplied in
a multiplier 224d. Then, the results of the multipliers 224¢
and 224d are added in an adder 229 to obtain an output signal
Ycllol).

After Y, (k1) is output by the noise estimator 22, a sub-
tractor 24 will give an output expressed by Equation (10):

Yk, ) =Dk, ) = Yyclk, D) (10

=(1-7)-Dk, D)

=Gpiy Dik, 1)

Equation (10) is considered as the noise floor when the target
sound source is absent. When TJR is smaller than 0 dB, TIR
is used to make a soft decision. If TIR equals 1, Yy (k,1) is
given by the optimized Wiener solution. On the other hand, if
TIR approaches zero, Y y(k,1) is reduced to the noise floor.
As TIR varies dramatically in decibel scale, Y y~(k,]) may be
almost reduced to the noise floor at very low TIRs.

Repeat Step S14-Step S24 at every frequency band. When
the abovementioned steps have been undertaken for the sinu-
soidal waves of all frequency bands, the process proceeds to
Step S26-Step S28 to send the output signal Y (k,1) whose
noise has been inhibited by the subtractor 24 to the IFFT
module 26 for recombination. Next, repeat Step S12-Step
S28 until the calculation of all the frames of the microphones’
data 1s completed.

In conclusion, the present invention proposes a spatially
pre-processed TJR weighted filter and a method thereof,
wherein two microphones are used to reduce noise in a GSC
structure, wherein the TIR weighted Wiener solution thereof
has supetrior ability to preserve the target sound signal and
inhibit noise.

The embodiments described above are only to exemplify
the present invention but not to limit the scope of the present
invention. Any equivalent modification or variation according
to the characteristics and spirit of the present invention is to be
also included within the scope of the present invention.
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What is claimed is:

1. A GSC-based spatially pre-processed target-to-jammer
ratio weighted filter, comprising:

at least two microphones receiving audio signals, said
audio signals being transformed into a plurality of fre-
quency bands;

a beamformer and a reference generator respectively gen-
erating a beamformed signal and a reference signal for
each frequency band in said plurality of frequency
bands;

a power spectral density estimator (PSD estimator) calcu-
lating a power spectral density as a function of said
beamformed signal and said reference signal, and
obtaining a target-to-jammer ratio according to said
power spectral density; and

a noise estimator determining whether at least one target
sound source exists according to said target-to-jammer
ratio; if at least one target sound source exists, switching
said noise estimator to eliminate noise from said beam-
formed signal and obtaining an output signal,

wherein said noise estimator further comprises a threshold
calculation module calculating a ratio of mixing said
beamformed signal and a new Wiener solution for esti-
mating noise.

2. The filter according to claim 1 further comprising a fast
Fourier transform module dividing each of said audio signals
into a plurality of different sinusoidal waves respectively
corresponding to the plurality of frequency bands.

3. The filter according to claim 1, wherein said audio sig-
nals of said at least two microphones are divided into a plu-
rality of frames, and a fast Fourier transform module divides
each said frame into a plurality of sinusoidal waves.

4. The filter according to claim 1 further comprising an
inverse-fast Fourier transform module recombining said out-
put signal of each of the frequency bands.

5. The filter according to claim 4 further comprising a
subtractor subtracting said output signal of said noise estima-
tor from said beamformed signal, and sending a result thereof
to said inverse-fast Fourier transform module for recombina-
tion.

6. The filter according to claim 1, wherein said PSD esti-
mator further comprises at least one smoothing unit perform-
ing smooth processing of at least one frequency spectrum of
said beamformed signal and said reference signal.

7. A method for a spatially pre-processed target-to-jammer
ratio weighted filter, comprising:

(a) using at least two microphones to receive audio signals,
and using a fast Fourier transform to divide each of said
audio signals into a plurality of sinusoidal waves respec-
tively corresponding to a plurality of frequency bands;

(b) using a beamformer to convert each of said sinusoidal
waves into a beamformed signal, and using a reference
generator to generate a reference signal;

(c) using said beamformed signal and said reference signal
to work out at least two power spectral densities, and
obtaining a target-to-jammer ratio according to said
power spectral densities, wherein said power spectral
density of said beamformed signal is expressed by

E[D(k, DD*(k, D] = Ppp(k, 1)

=a-Ppplk, [-1D+(1 —oz)z bHDk - i, DD*(k -1, D),

=—w
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and wherein said power spectral density of said refer-
ence signal is expressed by

E[Uk, hU*k, D] = Pyutk. )

= Puylk, I- 1) +(1 —w)z bOUGK - i, DU*(k -1, D),

i=—w

and wherein k and 1 are a frequency index and a frame
index, and wherein o. (0<a<1) is a forgetting factor, and
b a normalization window function (Z,__, "b(i)=1), and
wherein said beamformed signal and said reference sig-
nal are used to obtain an optimized Wiener solution
Gl =EURDUFR D] E[UKDD* kD=
P (kP sk,D), and wherein P, , is the cross-power
spectral density of said beamformed signal and said
reference signal, and wherein

Ppyth, D =a-Ppylk, I - 1)+ (1 - oz)z biHDk — i, DUtk -1, I);

i=—w

(d) using said target-to-jammer to determine whether at
least one target sound source exists, and switching a
noise estimator according to a determination result to
eliminate noise from said beamformed signal and obtain
an output signal, and obtaining a new Wiener solution
via dividing said optimized Wiener solution with said
target-to-jammer ratio and expressed by

Gopr(ks [)

TIRE. D)
Pup(k, D)

Grr(k, ) = and

Pyy(k, )
T Puutk, ) Ppplk, D
Pyplk,l).

T Pppk, 1y

(e) using an inverse-fast Fourier transform to recombine

said output signal, and sending out a result thereof.

8. The method according to claim 7, wherein a power
spectral density estimator (PSD estimator) works out said
power spectral densities according to a frequency spectrum of
said audio signals.

9. The method according to claim 7, wherein said audio
signals that have been processed by said fast Fourier trans-
form are expressed by X,(kl1=S(kD+N,(k]) and X,
(k,)y=e7*S(k,1)+N,(k,]), and wherein k and 1 are respec-
tively a frequency index and a frame index, X, (k,1) and X, (k,
1) said audio signal input by said microphone, S(k,1) signals of
said target sound source, N, (k,1) and N, (k) noise in said
audio signals, T=d sin 6/c said audio the target signal’s time
delay between said two microphones, and wherein d is inter-
spacing between said microphones, 0 an arrival direction
relative to a front surface.

10. The method according to claim 9, wherein when said
frequency index has a value of k, said beamformed signal and
a blocking vector are respectively expressed by wy(k)=
[1+e7*"]" and h (k)=[1-e¥**]", and wherein o is an angular
frequency corresponding to said frequency index k, and
wherein said reference signal can be expressed by U(k,1)=h"
(k)X(k.1), and wherein “H” denotes conjugation transpose.

11. The method according to claim 7, wherein said target-
to-jammer ratio is equal to said power spectral density of said
beamformed signal divided by said power spectral density of
said reference signal.
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12. The method according to claim 7, wherein in said Step
(d), said target-to-jammer ratio is divided into three parts (-co,
0], (0, T'] and (T', «) to evaluate switching, wherein I' is a
threshold, and wherein when said target-to-jammer ratio is
larger than I, output of said noise estimator is determined by
said new Wiener solution to preserve more said target sound
source, and wherein when said target-to-jammer ratio is
between 0 dB and I, output of said noise estimator is given by
said optimized Wiener solution, and wherein when said tar-
get-to-jammer ratio is lower than 0 dB, said target sound
source is considered to be absent.

13. The method according to claim 12, wherein said Step
(d) further comprises setting said threshold for calculating a
mixing ratio of said beamformed signal and said new Wiener
solution and evaluating noise.

14. The method according to claim 7, wherein said Step (e)
further comprises using a subtractor to subtract said output
signal from said beamformed signal, and wherein difference
of subtraction is recombined by said inverse-fast Fourier
transform, and a result of recombination is output.

15. The method according to claim 14, wherein in said Step
(a), said sinusoidal waves are divided into a plurality of fre-
quency bands, and wherein said Step (b) to said Step (d) are
repeated at every said frequency band, and wherein after said
Step (b) to said Step (d) have been undertaken for all said
frequency bands, said Step (e) is undertaken.

16. A method for a spatially pre-processed target-to-jam-
mer ratio weighted filter, comprising:

(a) using at least two microphones to receive audio signals,
and using a fast Fourier transform to divide said audio
signals into a plurality of sinusoidal waves;

(b) using a beamformer to convert said sinusoidal waves
into a beamformed signal, and using a reference genera-
tor to generate at least one reference signal;

(c) using said beamformed signal and said reference signal
to work out at least two power spectral densities, and
obtaining a target-to-jammer ratio according to said
power spectral densities, wherein said beamformed sig-
nal and said reference signal are used to obtain an opti-
mized ~ Wiener solution G, (k)=EB[U(kHU*
kD™ E[UKDD*&DIPye ™ (kDPyp(k.), and
wherein P, ;, is the cross-power spectral density of said
beamformed signal and said reference signal, and
wherein

Ppulk, 1) = o Ppytk, 1= 1) +(1 —w)z biDk — i, hU* (k—i, by,

i=—w
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(d) using said target-to-jammer ratio to determine whether
at least one target sound source exists, and switching a
noise estimator according to a determination result to
eliminate noise from said beamformed signal and obtain
an output signal, wherein said target-to-jammer ratio is
divided into three parts (-0, 0], (0, I'] and (I, ) to
evaluate switching, wherein I' is a threshold, and
wherein when said target-to-jammer ratio is larger than
I, output of said noise estimator is determined by said
new Wiener solution to preserve more said target sound
source, and wherein when said target-to-jammer ratio is
between 0 dB and I, output of said noise estimator is
given by said optimized Wiener solution, and wherein
when said target-to-jammer ratio is lower than 0 dB, said
target sound source is considered to be absent; and

(e) using an inverse-fast Fourier transform to recombine
said output signal, and sending out a result thereof;

wherein said power spectral density of said beamformed
signal is expressed by

E[DG, DD*(k, 1)] =

Ppp(k, 1) = - Ppplk, [- 1) +(1 —oz)z WDk - i, DD (k -1, ),

i=—w

and wherein said power spectral density of said refer-
ence signal is expressed by

E[Uth, DU*(k, 1)] =

Puyth, 1) =a- Pyytk, 1= 1)+ (1 —oz)z bOUK i, DU* (k- i, D),

i=—w

and wherein k and 1 are a frequency index and a frame
index, and wherein a(0<a<1) is a forgetting factor, and
b a normalization window function (Z__,,"b(i)=1).

17. The method according to claim 16, wherein said Step
(d) further comprises setting said threshold for calculating a
mixing ratio of said beamformed signal and said new Wiener
solution and evaluating noise.

=—-w
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