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New microphone array techniques are proposed for acoustic signal processing in
telecommunication application. These endeavors are based on the central idea of
Equivalent Source Inverse Filtering (ESIF). The single input multiple output
equivalence source imaging (SIMO-ESI) algorithms are suggested to reconstruct the
speech signal in a reverberant environment. Specifically, the system serves two
purposed: dereverberation and noise reduction. It has promise in telecommunication
application such as the automotive hands-free system, where noise-corrupted speech
signal often needs to be enhanced. In order to further improve the noise reduction
performance in spatial filtering and robustness against system uncertainties, the
SIMO-ESIF algorithm is combined with an adaptive Generalized Side-lobe Canceller
(GSC). The system is implemented on an NI-PXI platform and evaluated
experimentally in car environment. As indicated by several performance measures
in noise reduction and speech distortion, the proposed microphone array algorithm
proved effective in reducing noise in human speech without significantly
compromising the speech quality. The results of subjective tests were processed by
using analysis of variance (ANOVA) to justify the statistic significance. A post-hoc
test Fisher’s LSD was conducted to further assess the pairwise difference between the

NR algorithms.
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.mly

FEEFF AR R X
BARE R P o AR RB Y oS enid A gt Y £ R0 0 BRI
P 3E o 1B Siehut Y8 4p 4o 2 (delay-and-sum-beamformer, DAS) > 4% B iZehig * 3t 5%
B e R R ¢ o L E 0 DAS B B Hife L E M kg 0 F
A IR PR A oA R Agdp e (R RS F 2 ALY - Hit
TR R e > B Aok 3 (diffuse noise) s sLgicid > fe B2 b fE 2 ko
F AR RN o A Pk 22 G o

BREREY (4od b ) FFUE VAT F kg 2 BRE R BT

o FE A5 ek & A5 2 B (adaptive beamforming) £ # 3 it - sc ¥

o gt g 25 1960 & A E Y TR - TR ENTLAST 0 il Hox
Boo glfs RR-eni BB 53 oS Ko peiE P 4R H A A#H

AEART EROT FZEIM P kgl g o & i@ﬁ@ﬂﬁl IR
(signal-to-noise ratio, SNR) & & ] & i}’ % % (generalized sidelobe canceller, GSC)
EHY - B R R R F B BN R A EEDE R - R
PR PRATenF R U ek > U s B ens BN R4 F Y o 0 ip i )
¢ p %%éwfﬂﬁ;i}!"‘,%ﬁ 4 3 > Fp 4t steering vector k EATHZK S e ik
SRAEL o P owr (% S s e ik R BRGNS SALR Y T ’H"ﬂﬁ;/# e
Griffiths-Jim beamformer (GJBF)&_— #& & GSC A # ™ chif Bt )~ o e H
P &35 & steering-vector § A B £ AL f Ptz X B A E =R &
R HEE AR frp i@ o

EAFE Y - AT b LI HEAR R B T B R LR P
B AEIT o H e i E »cB-h F gk % (equivalent source inverse filtering, ESIF)
PR Rl s gL fE R A ot e ek g o Bip A St H ip 5o

(single-input-multiple-output, SIMO). 555+ » 4¢ b H g it 5738 3+ A A 30 & Rk
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E R 2R FEERDTES T LRBEA R DR FF
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=~ RuBRFE RABFEZ (ESIF)

H, (@) X CON
------ > —
H, (@) pyl@)  el@)e

gl + §(@)

L J

Bl- ~ SIMO-ESIF % ;1]

A% & 4% SIMO-ESIF % ¥ i2 cha B4 o Bl- T 5 ot 5 Hie 5 9(single

input multi-output ) ¥k & & & Jg & ¥ (Equivalent source inverse filtering) % & /% ¢
AR LB ] MBS b RIGEF B kiR o H q(@) 5 4

s - Haadon o @) L sops) g 2p 2 B SR plant) 0 B k5
BT 5 d AR ROTERIF D FROERS - FRED plant 84§ 5o b
7| p(w) ST E] 0 B A T R AT

P=Hq (1)
H p=[p,(W)---py (W)]T q RS Eonig H=[H,(w)---H, (W)]T g -
WA At B R E A ERIFIOERIcED - mr g B R G RRNEE
(@) , Pl R ik B G

C=[e,(w)++¢,, (W) @

/jalﬁ»gg'u/?/%i\""c H=I , ] L

A—rTp T ~
g=CP=CHg=q 3)

SRR BT R T B R R
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#¢ Il g 4 % £ 2-norm> 4~ 1 over-determined F® 38 > F)p H &) T
iR
H'

4=(H"H)"H"p=—7F=c'p
I .

H ¥ “H”i& & hermitian transpose » +* #2(3);4 fr(5):8 ¥ {F Fl4eT A F ek ik B

_ m (6)

2

25 Bl ek gk BAESIE k5 /T,L > ¥

s g oz M
# (phase-conjugated)”if it B> @ A PFF I b T AL L RO RS g e 2 L epE
g (time-reversal) /Rt B o P AES 30 $30— B A f d g R KR
H¥ B

INg]
Hl,=>=

n @)

Ao k2 g m s n PR TR O NS R F T
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RBOHEHE Y 0 A BRA BRI AR o d IR E R BRI P ek R
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%y
ROy
)
ﬁ:
2¢'¥
“‘3;3

e o F b fo il s DAS 2 st A kR ok i o
B ERP R s RN kaF gl B Ay BB OFIR gL F o T
R RO RS PR R R gk B Sd F P & 2 i (IFFT) 2 i 8
T A ] e Aot - kBRAMELL T I T AN S
4(k) =c' (k) *p(k) , ®)

Hoo ok LB Sl C(K)ELF Rk B AR R 0 T Lo g A



= ~ SIMO-ESIF % & GSC ( Generalized Side-lobe Canceller )

- % &7/ 7| HSIMO-ESIF ;x5 27 n5d 40} GSC I s k { -
W oende B H 2iy o @ P22 R aHFR fI* Frdld side-lobe (i & e
b AR SLMECAE RN R e R S0b FEEE 3 R Ry

7] GSC ehifh & % HW4c M = 7

Microphones.
pik) oy
Py (k) |t Output
o : q(k) §(k-0) =(k)
Pa Ny FBF | -* - L o
Py () D .
W (k)
vy (k)
1 BM |
Vg (k)

W=~ GSC 3+ % fM

SIMO-ESIF % £ GSC &3k 3+ é—f?a z T3z B3 p > fixed beamformer
(FBF) » a multiple-input canceller (MC), 4= a blocking matrix (BM) - FBF =33 3+
NI E e FER RO S - B L (beam) A EL L A BEE T E A
et se e H4 p (k) £% m B F Lk JeR anuE o G(k) £ FBF ApE R O

F_k

Bk prengy o MC 24 5 g ettipit B (adaptive filter) == o> H g e
R - BT F A B XS BM 2 1 ;’v’v@lﬂ’,;w{ym(k) ¢ _FBF @ ¥
ik B LS GK-Q) A Q PI R A W Bl o T - 2 5 BM sk

i dag FBF ApF 0 BM 3 - BHrdlB¥-L & Uil 4 6 & 2 A BALIE -



1. Blocking matrix &2 3%

p(k ) + Z._(k )

N

Bl = ~ SIMO-ESIF :

i

& GSC 1M

GSC ehp fho L7 DR Ed] > A BAgh™ w DER|FHT % - A
7 R B4R = ot > B8 x(KE$ LR AT B B > Wo 5 — F 8 er 2t
kehd R ik B 0+ 2 FBF: B £ blocking matrix > wa £ Bttt % - y(K)
’57\%] VLB o FARIE R T B T AN

min E{l z |2} =minw"R _w
w w

9)
a3 e Ry = =E{PP"} 4 = correlation matrix » H FRRTE BE LR 2R

SHE oW A LS Behe B Gl B8 U ehh i FER AL ) Rk
FRABEWAESS BRMEDE AT LD chle s a BH 8 g4 3o w

A4 fE = constraint range space R(H) f= orthogonal null space N(H™) :

W=W,—V (12)
_ H
g0 WosRM o pgapum, VBN D g g ppipns - 2
h"w=h"(w,-Bw,)=h"w,-h"Bw, ~1 (12)
'ﬂ%ﬁ/ﬁ»% FAARESEY B OIPARETT R Pp i BRI

oo

off-time =7 > 4 correlation matrix & B > 4opt &) @ 7 7 B F 405 2

o= ~



TIE Ak .

B & % * ad hoc blocking matrices » # # A& 3T & 4 Rk o 4
FAH=[11.1]JH> %3 H'B=0>4r% Beha 2 4r3 003kt %24 blocking
dcd o (e A BB ¢ o 544 ad hoc blocking matrices = ;2 FAEET o B
B Efe- B3 E A B anw A 50 I ie 4 blocking matrix it Bt >t { B
FARE -

H H _ H
S0 BW ENHD S HBW, =00 g s e g NHY 4

s . @ H'B=0,

=

Let H=[a,a,,..,a,]", X=[X,%,...x,]e N(H") (13)
H'x=0 =ax +a,X,+-+ax =0 (14)
a a, a
If @, #0, X =—-2X,——=%X,—---——LX,
a2 g o a, (15)
Let X,=a,, X=0;,...X% =0, (16)
&, 8 a,
:>X1=——0{ ——ay, =,
a2 " a, 17
] % ) _&
5 a, a,
S 1 0 0
=a, 0 +a, 1 +otQ, (18)
X :
L i 0 | i 0 i i 1 ]
Vv, Vs, Va

H
d b B IR Vo, Vs,V AR R > 2 .4 null spaceN(l_I ).f‘:_E’_’%\3 v F] AR

i B=IV, Vs Vol 2w g4 i blocking matrix -
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1 0 0
B: .
0 1
. 0 0 - 1 9)

Bz £_FBF - BM i beam patterns> # * = 4 sine ji 31 35 500Hz,1kHz = 2kHz
Rt BM fr FBF 2225 o & p 47 v FBF )= - 4 jt & (mainlobe) > = BM 7]
G- BB Fta s - drdliCRIE (sidelobe) 3w i Kk Swk g o > B

w9 = % > blocking matrix B 3 & 41 % IFFT fo-T 4 # & 5% @ 58f o

0
a1 o T ! T T - i
- - e -,
- - ., e
B r " o . T, -
0 ',r‘ Target - N
Signal n
st | |
ey £ X N
= |
s A0z -
(o] E -
[} g |
285¢ : ]
|
30+ | i
sl FBF I Lt 500Hz
Directivity | """""" 1000Hz
2000Hz
40 L 1 1 I 1 1 1
-G0 -40 =20 0 20 40 B0

Diraction of Arrival ([Degrees)

B = (a) FBF =7 beam pattern
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LY SRR el \ Ta.rget Lo \. 4
et e \.
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or EAY ViE 7
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L e i
[} 5 7 kg
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20k | ]
|
i) : ——--500Hz |
| A o 1000 Hz
-30F BMDiI’ECTi"it}'U | 2000 Hz |
_35_| 1 1 : 1 1 I_
-0 -40 -20 ] 20 40 G0

Direction of Arrival (Degrees)

Bz (b) BM ¢ beam pattern

2. Multiple-Input Canceller
¥ GSC g v HUplk FLRki BltiphE  RAZEFESD

correlation matrix Rpp 1 #* w8 % 2 8 :T‘fm TG o Aok R A B
(leaky adaptive filters, LAF)/T*D? * % & 17 MC - LAFs 3 ¥ (k Q)p\ fe yn( ) (n=

0, "’N)’ﬁ BMenim g3 > 29 Q F_i# kit causality =af & » W"(k)ﬂfr y"(k) 2

% n i LAF enfi#icl 2 28 & > MC m@?] iUl =

z(k):q(k_Q)_NZ:w;(k)yn(k) (20)
w, (k)2 [ W, o (K), W, (K)o Wy (K) ] (1)
)21y, (K), Yo (K=1),+, ¥, (k=M, +1)] (22)

@i R A B MC pJiE * LMS (Least Mean Square method) & & /= & F - 2
7B R T 5

w, (k+1)=w, (k)+zz(k)y, (k) (23)
M, 5 i B md BenE B > u 5 stepsize o

GWT Pt R AR O P It GSC i E A e ¥ 5K Lk B X



—GJBF 1 2 LAF-LAF ;# & ;2 % 500Hz P < beam pattern - GIBF i# & ;= ¥_#-4p
MRS BE LR R B AR Rk F 28 BM o A LAF-LAF % 8 2 Bl 241 % 4
Mottt BR B P RIS o 333 2 25 1% dos8 (18) e BiF 802 &
EE MC- KRI P PR AT A E il it GSC w ¥ 2 T BdF amn

5 5 H peam ¥ 4 F sidelobe 2L ¥ 0] o

20 =
- LAF-LAF
2re e :;r*.—,: ................ EJBF =
P T T GSC
24 - . A
’- I“ '.‘ “\‘
o h ", \'\
2B ’-’ ! 13 ", -
',-' .IIII ““- \h\
28l r 5, 4
@ ;l,' “"_‘.' . . \“_
T -0k A e " e
= e e
@ J 3
Bl S I 5 .
H p
34F F L
; i
N L
{ !
R _F,' ‘.‘._
o \.
_40 1 1 1 1 1 1 1
-60 -40 -20 0 20 40 60

Direction of Artival [Degrees)

BI -+ #& GIBF, LAF-LAF 4r SIMO-ESIF-GSC % 500Hz T 7 beam pattern
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AAFE? BT EY RFREAARATRE R Sl I S - B SR
E 4
9

¥ IE%E 0 R g3 (SNR) LA 5
E{x,(k)*}
SNR, (dB) =101 o
RAB =005 oy (24)

Yk EHITER TS ox(K) frvi(K) A B 5 % - B & SR e anE S B R

kﬂ°%ﬁﬂkﬂ“M?iié

Ec(k) *x(k)| '}

SNR, (dB) =10log 5
E{]c(k)T *v(k)‘ }

(25)

H o oK) EF ik Bk Bl 0 RV A R A

Flet o Jesut A E B (SNR gain) ™ i % iy diJe st g o fest A R
SNRG(dB) = SNR, —SNR, (26)

d SNRG(dB)+ /| ¥ {7 Frif b ik BASL (S iU gij e de B 5 5 °

SNRG(AB)4x + » RIiJ 14 v crmi ke el o of T B i RAT AR i 3R 50 i 4

WEF A E BT AT FNRAT - BEFS 4 2 adp ik (speech-distortion

index) -

2
SDI(dB) =10log E{XlT} .
Efx, —c"*
-} (27)
HEARL PR AT AL AR o d N A B SEA G T 0 EET A

© e Fp D RS A 8RBT R -
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AT TR YR Y 2 - B 2000c.c.et B P (EF S 0 Bl AW SRR
B 5 o M BLASE K B 2 #5 A National Instruments Labview 8.6 2 2 NI-PXI
8105 4 3o T F I » PR AR K 5 8KHz » BB £8P * v BARMSEE FIEE 5] § 5
h (PCB 130D20) %4z » & B & s b 2 AP e s 8 24 » H ¢ — PHEa A ¢
BRI w40 DA e S o FEik- TR E MR E (FPENE s A Y
- BB AR S LR A 30 4 o fridhd & B3 R ek B o FEke wk

% (white noise)t 55 % § 1+ 3 o




AR A BRERGES A2 KiFR %k o @ % SIMO-ESIF jw & i+ %
% FFBF @ = MC #7# * chif Btk B R:EH L & 512 811 % stepsize p =
0.001 » % SIMO-ESIF ;% & ;2 # 35 2 &5 (plant model) 12 2 & FBF ¥ g it

= B3] (filtering model) 7 e @ 5 37 5 fE#03¢ > ﬁfﬁp\ £

algorithm acronym description

PIF Point source model-based

inverse filtering

SIMO-ESIF MIF Measured plant-based

inverse filtering

MTR Measured plant-based time

reversed filtering

GSC-PIF Point source model-based
SIMO-ESIF-GSC inverse filtering
GSC-MIF Measured plant-based

inverse filtering

GSC-MTR Measured plant-based time

reversed filtering

% 1~ & 78 SIMO-ESIF #i5¢

H¥ 3 afplantmodel> p d B3 bR 2 8 ¢ R0k AL
At R F AR G S A BEGY R g B gk B K

€4 FBF amk3- o gt b » Z /63 B enGSC 3 2 ™ i | ¥ 5 4

o

)

]

N

o
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%6 § & “74% 2 2 SNRy, SNRa SNRG {r SDI w 6 % f & ip| S #icik e * %™
Bk | P BRI B S 2 AR EFER LN

SIMO-ESIF PIF MIF MTR
GSC without with without with without with
SNE1(dB) 3.79 3.79 3.79 3.79 3.79 3.79
SR 4(dB) 12.96 15.28 15.56 19.19 13.58 13.66
SNRG(dB) 0.16 11.49 11.77 15.41 0.78 0.87
SDI(dB) 2.87 2.60 1.72 1.59 0.86 1.56

U~ &8 GSC & i 2 TR SH0 " R

i
*=
%

2R gk BRI ARG o A B SNR B R A F
PR R T R 2 ek ARG g A i A - RS B
i ¥ 114 2 SIMO-ESIF & & GSC i & i# & SNR gain #3314 x % ** SIMO-ESIF
Gopt F R AR B R A L e R e A vk o S

A Bl T ARG LN E R BIR R F i BiR Y R R
Fler B2 ek L BB H { ek 0 4ok ¢ 9rn L GSC-MIF ih
SNRG=15.41dB @ GSC-PIF ¢ SNRG=11.49dB - jt & % 4 B & F ik B
R R R eh kR G B i iR B2 ok o Bt ko SDI R A
BEAMEALL] 2+ @& 73FF SEAIZESF - TARARDLE > L4 E
BT R hge R o

Bl- b pEig @ e SIMO-ESIF 852§ 4c+ GSC 12 2 i3 4eeiig 5 2
B KB VA A4 B GSC IR 2 dwEa § sk 4 kS R B

e 7 & T o
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unprocessed

l SscMIF
i

' il
I l i ' ;aa’* IJ LK
'iil

0.4

Amplitude(V)
o

-0.2

-0.4

-0.6 r r r r r r r r r r 7]
0.2 0.4 0.6 0.8 1 1.2 1.4 1.6 1.8 2
Time(Sample) x 10

Bl-= (@) ~ +* #& MIF fo GSC-MIF 7 & ;2 P 3 5L

Power Spectral Density Estimate via Welch

m— Unprocesed
-40 MIF H
\ GSC-MIF
50 W
-60 e I

-70 =

N
\

-100

Power/frequency (dB/Hz)

-110
0 0.5 1 15 2 2.5 3 3.5 4

Frequency (kHz)

® - (b) ~ ** #& MIF §= GSC-MIF & & ;2 = power spectral density functions
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N g Ay o g ehif B GSCiw B2 12 H i A ¥ Lauw s iz —
GJBF v CCAF-GJFB jf & i2 f|* #-4p a8 ¢ 3 b ;1 54p ) k ¥ 5 2 BM>@a CCAF
A U e B B R D R et B %é W8 e
Wt RA BRITL MC i L8 ¥ 4 4 SIMO-ESIF % & GSC i & i2 >

~Im)

%L 8 % SIMO-ESIF i 82 kerd > &#rp GSC i§ 827 » AT 7“1 eh
GSC #f & et 3 & @(SNRG) + JeALgsooh ) cprdlfi] b ik etk o

Obijective MIF
index ESIF ESIF-GSC GJBF CCAF
SNR;(dB) -1.04 -1.04 -1.04 -1.04
SNRa(dB) 6.20 12.72 10.27 9.92
SNRG(dB) 7.24 13.76 11.31 10.96
SDI(dB) 1.86 1.42 2.49 1.90

Z Il ~ vt & ESIF ~ ESIF-GSC ~ GJBF 12 2 CCAF 2. £ L 587 %k 2 %

2

2. AR

ez B 4di2b ¥ 3 b chE i % 1935 ITU-R BS1116 2 B FGRIEF 2 k320 %
Bk o BRERREN PR R E U FEARALT AL c AT R =
fai=fe S8 M ELA E (signal distortion, SIG) ~ % # + 3 (background intrusiveness,
BAK): 2 & & (overall quality, OVL): % § - w i X S FLRIE D R 2 RIEH £
B AR ARG 1154 cRIBEHHFEPRLECA T FRE BT
AR E TR E R B %R ORERREME FRrER LG R
» %+ 21 % (reference signal) 2 2 anchor signal €_%:% ITU-R BS1116 - & & § 5%
® > reference signal 2 @ * % - B & 5 b eI ek 5B aJZ 0B 0 @ anchor

signal _i¢ * 36 ISRk FAmUR o BN G SRIRGEA HoR iF
L
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Algorithms; LS Means
Wilks lambda=.36523, F(15, 210.2 )=6.1704, p=.00000
Effective hypothesis decomposition
Vertical bars denote 0.95 confidence intervals

5.0

4.5

4.0

35

3.0

Grades

2.5

2.0

1.0
MIF GSC-MTR MTR PIF GSC-MIF  GSC-PIF _g_ S'L‘GK

Algorithms <- OVL
B~ ~ = §6 SIMO-ESIF j# & iz cnsr FLBl3E S % > 8 % = #8375 43k SIG ~ BAK
% OVL

2V FBBRIBOEER Y A 2 RRRE S AP %R
MANOVA % > % significance levels % 0.05 127 Bl & 77 & 483 2 % W £ 2% B
Febo bd? AR SIG 4o BAK F A¥ BF LR 0 @ w A 4T K
% OVL {=SIG 11 2 BAK B % » Bl = & 587 B = OVL = 1.71 + 0.2*SIG +
0.28*BAK » d pt ;4\ ¥ 175 SIG $>+ OVL e ez 3 > BAK» @ SIG »BAK iz 5

8 542~ #8 trade-off chd %> F]p K OVL k5 ¢ F B2 23 F LR ehe

Significance value p

Noise type SIG BAK OVL

White noise 0.000 0.000 0.847

F IV~ = J0F B 2 B R % % % o significance value p &/ 0.05 % 7 7 & 2

2B HFAR

g * MANOVA 2z {& » 7 ¢ * post-hoc Fisher’s LSD iplz& kgt # & &
2k AR o o R RBIESE R F B enE_GSC-MIF i & 2 & SIG 2 & 7 4oif
Berdr o g S TR R HNR S R G R E RS 0 P E g LG A

T @RGEE RS Rk A o JESIG kF - posthoc il s % BT
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GSC-PIF #ie H s e % kenid > ﬁ&:{ﬁ ek BIFE 2 A “5 e 2 AES G2t
F A o B A SIG A A 0 (e agfE PIF 2 2 & BAK A #c b freg 14> pt 2
Y oL BREE R £ o ¥ - 3 5 > GSC-PIF j# & i# % SIG 4 #} 2 % PIF
w2 ALAEGSCiFh 2w g %A SIMO-ESIF 27 - e &> & MTR Ar
GSC-MTR #* & fi% %2 ¢ > SIG fv BAK i&5 fA 44k f &% 7 F o 1t §it BAK

ARISET MR TR E D FBELA R T ALk aniE o

Case; Unweighted Means
Wilks lambda=.36442, F(9, 121.84)=6.9586, p=.00000
Effective hypothesis decomposition
Vertical bars denote 0.95 confidence intervals

5.0

45+

40

35+

30}

25+

20

15

GJBF without GSC the robust GSC CCAF === &g
o BAK

Case o~ OVL

B4 ~ A GSC F & 2 s EpRE %

B4 vt e B en GSC i & 72 1 2 GIBF-CCAF = i & 2 > i ® 7 5 >

AT AT G E B 2 2 BAK A #kb B 0 @ SIG A #cPvk MOt H 8 FE 2 - B

<N

KB 0 R M A - R U T § ki otk o
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