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(57) ABSTRACT

The present invention discloses a microphone array structure
able to reduce noise and improve speech quality and a method
thereof. The method of the present invention comprises steps:
using at least two microphone to receive at least two micro-
phone signals each containing a noise signal and a speech
signal; using FFT modules to transform the microphone sig-
nals into frequency-domain signals; calculating an included
angle between a speech signal and a noise signal ofthe micro-

(22) Filed: Aug. 16,2011 phone signal, and selecting a phase difference estimation
) L L algorithm, a noise reduction algorithm or both to reduce noise
(30) Foreign Application Priority Data according to the included angle; if the phase difference esti-
mation algorithm is used, calculating phase difference of the
Dec. 14,2010 (TW) oo 099143712 microphone signals to obtain a time-space domain mask sig-
. e e nal; and multiplying the mask signal and the average of the
Publication Classification microphone signals to obtain the speech signals of the micro-
(51) Int.CL phone signals. Thereby is eliminated noise and improve
H04B 15/00 (2006.01) speech quality.
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MICROPHONE ARRAY STRUCTURE ABLE
TO REDUCE NOISE AND IMPROVE SPEECH
QUALITY AND METHOD THEREOF

BACKGROUND OF THE INVENTION

[0001] 1. Field of the Invention

[0002] The present invention relates to a technology for
eliminating noise from a microphone, particularly to a micro-
phone array structure able to reduce noise and improve
speech quality and a method thereof.

[0003] 2. Description of the Related Art

[0004] Microphones may pick up audio signals by a single-
channel or dual-channel way. In a single-channel microphone
systemnl, the signal/noise ratio (SNR) thereof should be taken
into consideration. In a dual-channel microphone system,
microphones are arrayed to form a directional microphone
system according to a beamforming technology. The direc-
tional microphone system is less sensitive to background
noise but more sensitive to human voices. The directional
microphone system is pointed to a person to receive his
voices. However, the beam formed by two microphones is
very large, and the directionality thereof is insufficient.
[0005] The common devices to reduce indoor or in-vehicle
noises for mobile phones usually adopt numerous micro-
phones, various filters and a great amount of matrix compu-
tation, which greatly increase the hardware cost of a mobile
phone. Further, directionality of the conventional technolo-
gies, which have existed in products, patents and documents,
1s too low to effectively reduce noises without speech distor-
tion.

[0006] Accordingly, the present invention proposes a
microphone array structure able to reduce noise and improve
speech quality and a method thereof to overcome the above-
mentioned problems. The technical contents and embodi-
ments of the present invention are described in detail below.

SUMMARY OF THE INVENTION

[0007] The primary objective of the present invention is to
provide a microphone array structure able to reduce noise and
improve speech quality and a method thereof, wherein a
phase difference estimation algorithm or a noise reduction
algorithm is selected to reduce noise according to whether the
angle included by a speech signal and a noise signal is a zero
degree angle or a non-zero degree angle.

[0008] Another objective of the present invention is to pro-
vide a microphone array structure able to reduce noise and
improve speech quality and a method thereof, wherein a GSS
(Golden Section Search) algorithm is used to search for an
optimal ITD (Interaural Time Difference) threshold, whereby
the speech signals have the best quality at all angles.

[0009] To achieve the abovementioned objectives, the
present invention proposes a microphone array structure able
to reduce noise and improve speech quality, which comprises
at least two microphones, at least two FFT (Fast Fourier
Transform) modules, a processing module, a phase difference
estimation module, a mask estimation module, and an IFFT
(inverse-FFT)-OLA (overlap-and-add) module. The micro-
phones receive at least two microphone signals each contain-
ing a noise signal and a speech signal. The FFT modules
transform the microphone signals into frequency-domain sig-
nals. The processing module calculates an angle included by
a noise signal and a speech signal. According to the included
angle, the processing unit selects a combination of a phase
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difference estimation algorithm and a mask estimation algo-
rithm, a noise reduction algorithm or both to reduce noise.
The phase difference estimation module calculates the phase
difference of the microphones and interaural time difference
(ITD) and finds out optimized ITD thresholds corresponding
to different included angles. The mask estimation module
uses the threshold to obtain a mask signal according to a
binary mask principle, and multiplies the mask signal and the
average of the microphone signals to obtain the speech sig-
nals of the microphone signals. The IFFT-OL A module trans-
forms the frequency-domain speech signals into time-domain
signals.

[0010] The present invention also proposes a method for
realizing a microphone array structure able to reduce noise
and improve speech quality, which comprises steps: receiving
at least two microphone signals and using FFT modules to
transform the microphone signals into frequency-domain sig-
nals; calculating an angle included by a speech signal and a
noise signal of the microphone signal, and selecting a com-
bination of a phase difference estimation algorithm and a
mask estimation algorithm, a noise reduction algorithm or
both to reduce noise according to the included angle; calcu-
lating phase difference of the microphone signals and finding
out interaural time difference (ITD); using a GSS (Golden
Section Search) algorithm to search for optimized ITD
thresholds corresponding to different included angles; using
the threshold to obtain a mask signal according to a binary
mask principle; multiplying the mask signal and the average
of the microphone signals to obtain the speech signals of the
microphone signals; and using an IFFT-OL A module to trans-
form the frequency-domain speech signals into time-domain
signals.

[0011] Below, the embodiments are described in detail to
make easily understood the objectives, technical contents,
characteristics and accomplishments of the present invention.

BRIEF DESCRIPTION OF THE DRAWINGS

[0012] FIG.1is adiagram schematically showing a micro-
phone array structure able to reduce noise and improve
speech quality according to one embodiment of the present
invention; and

[0013] FIG. 2 is a flowchart of a method for realizing a
microphone array structure able to reduce noise and improve
speech quality according to one embodiment of the present
invention.

DETAILED DESCRIPTION OF THE INVENTION

[0014] The present invention proposes a microphone array
structure able to reduce noise and improve speech quality and
a method thereof, wherein phase difference of two micro-
phone signals is used to obtain the mask of the microphone
signals in a frequency domain and a time domain, whereby to
reduce noise and improve speech quality.

[0015] Refer to FIG. 1 a diagram schematically showing a
microphone array structure able to reduce noise and improve
speech quality according to one embodiment of the present
invention. The microphone array structure of the present
invention comprises at least two microphones 14 and 14', at
least two FFT modules 16 and 16', a processing module 18, a
phase difference estimation module 20, a noise reduction
module 22, a mask estimation module 24, an IFFT (inverse-
FFT)-OLA (overlap-and-add) module 26, and an automatic
speech recognition module 28. A speech source 10 and a
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noise source 12 send out their signals, and the microphones
14 and 14' receive microphone signals that contain noise
signals and speech signals. The FFT modules 16 and 16'
transform the microphone signals into frequency-domain sig-
nals. The processing unit 18 calculates an angle included by a
noise signal and a speech signal of the microphone signal, and
selects a combination of a phase difference estimation algo-
rithm and a mask estimation algorithm, or a noise reduction
algorithm to reduce noise according to the included angle.
The phase difference estimation module 20 calculates phase
difference of the microphones 14 and 14' and interaural time
difference (ITD) and finds out the optimized ITD thresholds
corresponding to different included angles. The mask estima-
tion module 24 uses the threshold to obtain a mask signal
according to a binary mask principle, and multiplies the mask
signal and the average of the microphone signals to obtain the
speech signals of the microphone signals. The noise reduction
module 22 uses a noise reduction algorithm to eliminate the
noise signals from the microphone signals. The IFFT-OLA
module 26 transforms the frequency-domain speech signals
into time-domain signals. The automatic speech recognition
module 28 receives the speech signals output by the IFFT-
OLA module 26 and undertakes speech recognition.

[0016] Referto FIG. 2 a flowchart of a method for realizing
a microphone array structure able to reduce noise and
improve speech quality according to one embodiment of the
present invention. In Step S10, the noise signals and speech
signals of two microphone signals are received by the micro-
phones, and the microphone signals are transformed into
frequency-domain signals via a Hamming window and FFT.
The two microphone signals P,(k,1) and P,(k,!) are respec-
tively expressed by Equation (1) and Equation (2):

V
Pk, D)= Xk, D)+ Z Nitk, D

i=1

V
Pythk, D= X(k, ) + Z & IRGEDN ()
i=0

wherein (k, 1) denotes the kth frequency and the 1th frame, X
aspeech signal, N, the ith noise source, P,, the signal received
by the mth microphone, and N the length of FFT, and
wherein w,=2nk/N, and 0=k=N/2-1.

[0017] In Step S12, calculate the angle included by a noise
signal and a speech signal of the microphone signal P, (k1) or
P,(k1), i.e. the angle included by the speech source and the
noise source, and select a combination of a phase difference
estimation algorithm and a mask estimation algorithm, a
noise reduction algorithm or both to reduce noise according
1o the included angle.

[0018] InStep S14, determine whether the included angle is
a zero degree angle. Ifthe included angle is a non-zero degree
angle, the process proceeds to Step S16 to calculate phase
difference of the noise signal and the speech signal and an
ITD threshold.

[0019] Suppose that the speech signals are in the front of the
microphones. Thus, ITD1is zero. ITD of the noise signals from
other directions are expressed by d,(k, 1). ITD correlates with
time and frequency. Suppose that a time-frequency domain
signal bin(k;, 1) is dominated by a strongest interference.
Thus, Equations (1) and (2) can be simplified into Equations
(3) and (4):
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Pkl me T HHIN, (k1) @

Thus, ITD can be obtained via calculating phase difference of
the two microphones according to Equation (5):

1
|dn(k;, ;)] = mminlLPl (k. 1;) = LPy(k;j, [}) = 27r|
L)kj r

[0020] The ITD threshold is needed in Step S18. Thus, a
method, such as a GSS (Golden Section Search) algorithm, is
used to search for the optimized ITD thresholds T correspond-
ing to different included angles in Step S16. Suppose that a
function f(x) is continuous and has only a minimum in [a, b].
Select Point ¢ and Point d from [a, b]. Suppose that

3-4/5 9

wherein d is a symmetric point of ¢ in Line Segmentab.
Compare f(c) and F(d). If f(c)<f(d), the searched range
becomes [a, d]. If f(c)>F(d), the searched range becomes |c,
b]. Next, select a point in the new searched range, and com-
pare the functional values of the point and a point symmetric
to the point. Repeat the abovementioned process to keep on
decreasing size of the searched range. When the range has
been decreased to an acceptable size, the function value f(x)
is regarded as the minimum function value in [a, b]. Accord-
ing to Taylor’s theorem, when x approaches x,,,, the function
value of x approximates

FOO=F (R )28 () (,) (10)
Ifx approaches x,,, sufficiently, the rear second derivative item

is very small and can be neglected. In such a case, Equation
(10) can be expressed by Equation (11):

Yaf () (5, <el £ (3, (11)
wherein e is equal to 107>, Suppose that the parameters of the
function of the GSS algorithm include the speech distortion,

noise elimination ratio, quality of the total speech signals. T
can be expressed by Equation (12):

7=-0.00003602+0.01089-0.0575 (12)

wherein 0 is an angle included by a speech signal and a noise
signal. The T values obtained from Equation (12) can make
the processed signals have the best speech quality.

[0021] After the optimized ITD thresholds have been
obtained, the process proceeds to Step S18, and abinary mask
principle is used to work out a microphone mask signal
according to Equation (6):

Lo Miky Ll < 7 ®)

0.01, otherwise

Blkj, 1) = {

wherein only the signals having ITD smaller than t are
regarded as target speech signals.

[0022] The resultant speech signal S(k,1) can be obtained
via multiplying the mask signal B(k;,1,) and the average of the
two microphone signals P(k.1). The average of the two micro-
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phone signals P (k1) and the resultant speech signal S(k,1) are
respectively expressed by Equation (7) and Equation (8):

;(k,l):l/z{P1 (k D+Py(k1)} @)

Sk =B LP (k1) ®)

[0023] Afterthe speech signals are separated from the noise
signals in Step S18, the process proceeds to Step S22, and the
IFFT (inverse-FFT) and OL A (overlap-and-add) methods are
used to convert the frequency-domain speech signals into
time-domain signals, and the time-domain signals are output.
Then, the process proceeds to Step S24, and the automatic
speech recognition module recognizes the output speech sig-
nals.

[0024] Ifthe included angle is determined to be a non-zero
degree angle in Step S14, the process proceeds to Step S20,
and a noise reduction algorithm is used to eliminate noise
signals from microphones signals with speech signals being
preserved. Next, the process proceeds to Step S22, and the
IFFT and OLA methods are used to convert the frequency-
domain speech signals into time-domain signals, and the
time-domain signals are output. Then, the process proceeds to
Step S24, and the automatic speech recognition module rec-
ognizes the output speech signals.

[0025] Summarily, the method of the present invention
determines whether the angle included by a speech signal and
a noise signal is a zero degree angle. If the included angle is
a zero degree angle, a noise reduction algorithm is used to
reduce noise. Ifthe included angle is a non-zero degree angle,
a phase difference estimation algorithm is used to reduce
noise. The phase difference estimation algorithm provides
optimized ITD thresholds to attain the best noise reduction
effect and the best speech quality at all included angles.
[0026] The embodiments described above are only to
exemplify the present invention but not to limit the scope of
the present invention. Any equivalent variation or modifica-
tion according to the spirit of the present invention is to be
also included within the scope of the present invention.

What is claimed is:

1. A microphone array structure able to reduce noise and

improve speech quality, comprising

atleast two microphones receiving at least two microphone
signals each containing a noise signal and a speech sig-
nal;

at least two FFT (Fast Fourier Transform) modules trans-
forming said microphone signals into frequency-do-
main signals;

a processing unit calculating an included angle between
said noise signal and said speech signal of said micro-
phone signal and using a combination of a phase differ-
ence estimation algorithm and a mask estimation algo-
rithm, a noise reduction algorithm, or both, to reduce
noise according to said included angle;

a phase difference estimation module calculating phase
difference and interaural time difference (ITD) of said
microphone signals and finding out optimized ITD
thresholds corresponding to said included angles;

a mask estimation module using said threshold to obtain a
mask signal according to a binary mask principle, and
multiplying said mask signal and an average of said
microphone signals to obtain said speech signal of said
microphone signal; and
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an IFFT (inverse-FFT)-OLA (overlap-and-add) module
transforming said frequency-domain signals into time-
domain signals.

2. The microphone array structure able to reduce noise and
improve speech quality according to claim 1, wherein said
threshold is found out with a GSS (Golden Section Search)
algorithm.

3. The microphone array structure able to reduce noise and
improve speech quality according to claim 1 further compris-
ing a noise reduction module using said noise reduction algo-
rithm to eliminate noise when said included angle is a zero-
degree angle.

4. The microphone array structure able to reduce noise and
improve speech quality according to claim 1, wherein said
phase difference estimation module calculates said phase
difference and said interaural time difference when said
included angle is greater than zero.

5. The microphone array structure able to reduce noise and
improve speech quality according to claim 3, wherein both
said noise reduction module and said phase difference esti-
mation module are connected with said processing unit.

6. The microphone array structure able to reduce noise and
improve speech quality according to claim 1, wherein said
IFFT-OLA module includes an IFFT (inverse-FFT) module
and an OLA (overlap-and-add) module.

7. The microphone array structure able to reduce noise and
improve speech quality according to claim 1, wherein when
said speech signal is exactly at the front of said microphones,
said interaural time difference is zero.

8. The microphone array structure able to reduce noise and
improve speech quality according to claim 1 further compris-
ing an automatic speech recognition module receiving speech
signals output by said IFFT-OLA module and undertaking
speech recognition.

9. A method for realizing a microphone array structure able
to reduce noise and improve speech quality, comprising steps:

receiving at least two microphone signals and using at least
two FFT module to respectively transform said micro-
phone signals into frequency-domain signals;

calculating an included angle between a noise signal and a
speech signal of said microphone signal, selecting a
combination of a phase difference estimation algorithm
and a mask estimation algorithm, a noise reduction algo-
rithm or both according to said included angle to elimi-
nate said noise signal from said microphone signal with
said speech signal being preserved; and

using an IFFT (inverse-FFT)-OLA (overlap-and-add)
module to transform said speech signal into a time-
domain signal.

10. The method for realizing a microphone array structure
able to reduce noise and improve speech quality according to
claim 9, wherein said IFFT-OLA module transforms said
speech signal of frequency domain into a signal of time
domain.

11. The method for realizing a microphone array structure
able to reduce noise and improve speech quality according to
claim 9, wherein said phase difference estimation algorithm
is used when said included angle is greater than zero, and
wherein said phase difference estimation algorithm includes
steps:

calculating phase difference of said microphone signals

and finding out interaural time difference (ITD);
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using a GSS (Golden Section Search) algorithm to find out
an optimized ITD threshold corresponding to said
included angle; and

using said threshold to obtain a mask signal according to a

binary mask principle, and multiplying said mask signal
and an average of said microphone signals to obtain said
speech signals of said microphone signals.

12. The method for realizing a microphone array structure
able to reduce noise and improve speech quality according to
claim 11, wherein when said speech signal is exactly at the
front of said microphones, said interaural time difference is
7ero.

13. The method for realizing a microphone array structure
able to reduce noise and improve speech quality according to
claim 9, wherein said noise reduction algorithm is used to
eliminate said noise signal when said included angle is a
zero-degree angle.

14. The method for realizing a microphone array structure
able to reduce noise and improve speech quality according to
claim 11, wherein said GSS algorithm includes steps: arbi-
trarily selecting two points from a continuous range; compar-
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ing function values of said two points and decreasing size of
said continuous range; and repeating steps of arbitrarily
selecting two points and comparing function values thereof to
keep on decreasing size of said continuous range until a
minimum function value is found in said continuous range.

15. The method for realizing a microphone array structure
able to reduce noise and improve speech quality according to
claim 14, wherein said minimum function value and a Tay-
lor’s theorem are used to find out said threshold.

16. The method for realizing a microphone array structure
able to reduce noise and improve speech quality according to
claim 11, wherein said microphone signal is regarded as said
speech signal when said interaural time difference is smaller
than said threshold.

17. The method for realizing a microphone array structure
able to reduce noise and improve speech quality according to
claim 11, further comprising an automatic speech recognition
module receiving speech signals output by said IFFT-OLA
module and undertaking speech recognition.
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