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Analysis of Two-Channel Generalized Sidelobe
Canceller (GSC) With Post-Filtering

Israel CohenSenior Member, IEEE

Abstract—in this paper, we analyze a two-channel generalized  To take into account the presence of coherent noise compo-
sidelobe canceller with post-filtering in nonstationary noise envi- nents? Fischeret al.[7]-[9] suggested a noise reduction system,
ronments. The post-filtering includes detection of transients at the which is based on the generalized sidelobe canceller (GSC).

beamformer output and reference signal, a comparison of their The GSC th h t noi ¢ hil
transient power, estimation of the signal presence probability, esti- e Suppresses the conerent noise components, while a

mation of the noise spectrum, and spectral enhancement for mini- Wiener filter in the look direction is designed to suppress the in-
mizing the mean-square error of the log-spectra. Transients are de- coherent noise components. Bite¢al.showed that in a diffuse

tected based on a measure of their local nonstationarity, and classi- noise field, neither the GSC nor adaptive post-filtering performs
fied as desired or interfering based on the transient beam-to-refer- well at low frequencies [10], [11]. Therefore, at the output of

ence ratio. We introduce atransient discrimination qualitymeasure, . ; -
which quantifies the beamformer’s capability to recognize noise a GSC with standard Wiener post-filtering they used a second

transients as distinct from signal transients. Evaluating this mea- POst-filter to reduce the spatially correlated noise components
sure in various noise fields shows that desired and interfering tran- [12], [13]. Meyer and Simmer [14] combined Wiener filtering in

sients can generally be differentiated within a wide range of fre-  the high-frequency band with spectral subtraction in the low-fre-
guencies. To further improve the transient noise reduction at low quency band. The Wiener filtering is applied for the suppression

and high frequencies in case the signal is wideband, we estimate for f tiallv | h . t hile th tral
each time frame aglobal likelihood of signal presence. The global ©' SPatially low-conerence noise components, while the spectra

likelinood is associated with the transient beam-to-reference ratios Subtraction is used for spatially high-coherence noise reduction.
in frequencies, where the transient discrimination quality is high. A noise reduction system that is nearly independent of the

Experimental results demonstrate the usefulness of the proposed correlation properties of the noise field was suggested by
approach in various car e”"'_ronme“ts' o Fischer and Kammeyer [15]. Wiener filtering is applied to the
Index Terms—Acoustic noise measurement, adaptive signal pro- output of a broadband beamformer, that is built up by several
cessing, array signal processing, signal detection, spectral analysisyarmonjcally nested subarrays. This structure has been further
speech enhancement. '
analyzed by Marret al. [2]. McCowanet al. used a near-field
super-directive beamforming and investigated the effect of a
I. INTRODUCTION Wiener post-filter on speech recognition performance [16].

N REVERBERANT and noisy environments, multi-channel hey showed that in the case of nearfield sources and diffuse

systems are designed for spatially filtering interfering sigloise conditions, improved recognition performance can be
nals coming from undesired directions [1]. In case of incohere@ghieved compared to conventional adaptive beamformers. A
or diffuse noise fields, beamforming alone does not providéhGOfEtiCﬁ' analysis of Wiener multi-channel post-filtering is
sufficient noise reduction, and post-filtering is normally rePresented in [3]. Gannat al. [17] addressed the problem of
quired [2], [3]. Post-filtering based on Wiener filtering andeneral transfer functions that relate the source signal to the
the auto and cross spectral densities of the sensor signals §@@sors. They adapted the GSC solution to the general transfer
introduced by Zelinski [4], [5]. The noise power density idunction case, and proposed an algorithm for enhancing an
overestimated, and therefore a modified version was propogéfitrary nonstationary signal corrupted by stationary noise. To
by Simmer and Wasiljeff [6], which employs the power spectrdinprove the noise reduction performance in a diffuse noise field
density of the beamformer output rather than the averagead at low frequencies, they applied single-input-single-output
the power spectral densities of individual sensor signals. T(elSO) post-filtering to the beamformer output. However, a
underlying assumption is that noise components at differeptSO post-filtering approach lacks the ability to attenuate
sensors are mutua”y uncorrelated. hlgh'y nonstationary noise components, since such components

are not differentiated from the desired signal components.
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Digital Object Identifier 10.1109/TSA.2003.818105 whether such a transient is desired or interfering. We showed
1An incoherent noise field is spatially white, i.e., noise signals measuredtgat compared to SISO post-filtering, a significantly reduced

any distinct spatial locations are uncorrelated. In a diffuse noise field, noise

of equal power propagates in all directions simultaneously, and the coherence

between the noise signals measured at any two points is a function of the distan@& coherent noise field is directional. Noise signals measured at any two
between the sensors. points are strongly correlated
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Fig. 1. Two-channel generalized sidelobe canceller.

level of nonstationary noise can be achieved without further disired source components are detected at the beamformer output
torting the desired signal components. and discriminated from transient noise components based on
In this paper, we analyze a two-channel GSC with post-fithe transient power ratio between the beamformer output and
tering in nonstationary noise environments. We quantify thbe reference signal. In Section IV, we evaluate in various noise
beamformer’s capability to recognize interfering transients fislds the beamformer’s discrimination capability to recognize
distinct from source transients by usingransient discrimina- interfering transients as distinct from the source transients. Fi-
tion qualitymeasure. This measure, evaluated in various noigelly, in Section V, we compare the proposed method to SISO
fields, shows that desired and interfering transients can gengost-filtering, and present experimental results in various car en-
ally be differentiated within a wide range of frequencies. In caséronments.
the transient or pseudo-stationary noise field is coherent, the
direction to the interfering source has to be different from the |l. Two-CHANNEL GENERALIZED SIDELOBE CANCELLING
direction to the desired source by at least twice the uncertainty . . .
; . . S Letz(¢) denote a desired source signal, and let signal vectors
in the angle of arrival. For low frequencies, the directivity of - : ;
: S I d.(t) andd:(t) denote uncorrelated interfering signals at the
the beamformer and its spatial filtering capability are lost. For
: ) : L : .output of two sensors. The vectdg(¢) represents pseudo-sta-
high frequencies, spatial aliasing folds interferences coming

from the side to the main lobe. In these cases, the two-channeﬁ1ary mterferences_, and, (1) represents undesired tran3|e_nt
c?mponents. Assuming that the array is presteered to the direc-

post-filtering reduces to SISO post-filtering, since the transie{n : ; .
. ion of the source signal, the observed signals are given by
power ratio between the beamformer output and the reference

signal is no longer a distinctive characteristic of the transient 5i(t) = 2(t) + dig(t) + dig(t), i=1,2 1)
source.

To further improve the transient noise reduction at low anghere d;.(t) and d;.(t) are the interference signals corre-
high frequencies in case the desired signal is wideband (egponding to thé-th sensor. The observed signals are divided in
speech signal), we introducegtobal likelihood of signal pres- time into overlapping frames by the application of a window
ence. The globallikelihood is related to the number of frequengiynction and analyzed using the short-time Fourier transform
bins that likely contain desired components within a certaiSTFT). In the time-frequency domain we have
range of frequencies and at a given time frame. When the global
likelihood is lower than a certain threshold, we conclude that Z(k,t) = AX(k,0) + Dy(k,¢) + Dy (k,¢) 2
desired components are absent from that frame and set the
priori signal absence probability to one for all frequency bing/hereA = [1 1], k represents the frequency bin indéx,
This uniformly suppresses the noise in a manner which is méfe frame index, and
pleasant to a human listener, and better eliminates narrow-band

) A . N
interfering transients, particularly those arriving from the look Z(k, ) =[Z1(k, ) Za (K, £)]
direction. Experimental results in various car environments con- D, (k,€) £[D14(k, €) Doy (k, £)]"
firm that two-channel post-filtering is superior to SISO post-fil- D, (k, £) £[Dyy(k,£) Doy (k, 0)]T.

tering. The improvement in performance using the proposed
post-filtering approach is substantial when the noise spectrunFig. 1 shows a two-channel generalized sidelobe canceller
fluctuates. structure for a linearly constrained adaptive beamformer [20],
The paper is organized as follows. In Section Il, we reviej21]. The beamformer comprises a fixed beamformer (delay &
the two-channel generalized sidelobe canceller, and derive sam), a blocking channel (delay & subtract) which yields the
lations in the power-spectral domain between the beamfornteference noise signal(k, ¢), and an adaptive noise canceller
output, the reference noise signals, the desired source signal, &ifé, ¢) which eliminates the stationary noise that leaks through
the input transient interferences. In Section Ill, we address ttiee sidelobes of the fixed beamformer. We assume that the noise
problem of estimating the time-varying spectrum of the beamanceller is adapted only to the stationary noise, and not modi-
former output noise, and present the post-filtering approach. Ded during transient interferences. Furthermore, we assume that



686 IEEE TRANSACTIONS ON SPEECH AND AUDIO PROCESSING, VOL. 11, NO. 6, NOVEMBER 2003

some desired signal components may pass through the blockiviiere . (k,¢) £ E {|X(k,0)|*} is the PSD of the desired
channel due to steering error. source signal. Using (4) and (5), the PSDs of the beamformer
The uncertainty in the angle of arrival of the signal of interestutput and the reference signal are obtained by
is represented by H
pyy (k,0) = [W(k) = B(k)H(k, £)]” ®zz(k, ()
A = Gin(o) + ¢ @) x [W(k) — B(k)H(k,0)] (12)
¢ duv (k. 0) =B (k)®z7(k, O)B(k). (13)
wherew;, = 27 f;(k — 1)/N is the center of théth frequency
bin (k € [0,N/2 + 1]), N the length of the spectral analysisSubstituting (8)—(11) into (12) and (13) (see Appendix | ), we
window, f, the sampling frequency,is the distance betweenhave the following linear relations between the PSDs of the
the sensors; = 340 m/s the speed of sound; the mismatch beamformer output, the reference signal, the desired source
in the source direction, ang the estimation error in the signal, and the input interferences:
difference of phase. We 8 (k) = 1/2]ef«/2 ¢=iou/2)% by (k,€) =Cra(k, DX (b, €) + Caa(k, Dk, )
be the weighting vector of the fixed beamformer, and + Cus(k, )M (k, ) (14)
B(k) = 1/2[ei®e/2 _¢=i8e/2]H the blocking vector. The LA P
beamformer output and reference noise signal are thus given by v (K, £) =Ca1(k)Aw(k, £) + Coa(k, £)As (, £)
+ Cos(k, O) A (K, £) (15)
Y(kt) = [WH(k) - H*(k, )B¥ (k)] Z(k,£)  (4)

" where

U(k, ) =BH (k)Z(k,¢). (5) . S {eI AT, (k, 0)}
The optimal solution for the filtert (k, ¢) i i (kb = C°S<7>_1—ER I (k. f

ptimal solution for the filterH (k, /) is obtained by { s(k,0)}
minimizing the output power of the stationary noise [22]. A 2
Let ®p.p,(k,t) = FE{D,(k.¢()DE(k,¢)} denote the X sin (—)} (16)
power-spectral density (PSD) matrix of the input stationary )
noise. Then, the power of the stationary noise at the beamformer (i, 6) = 1- |F_s(k7£)| (17)
output is minimized by solving the unconstrained optimization ’ 1—R{ei®T4(k,0)}
problem

1
Cra(k,0) =3 [[1+ H(k DI

min {[W(k) —B(k)H(k, )] ®p b, (k. 0)

HikD) + R {efﬁkrt(k./z) [+ H(k,z)]ZH (18)

x [W(k) - B(b)H(k,0)]}. (6) O (k) =sin? (%) (19)

The Wiener-Hopf solution is given by [23 1 .
P given by [23] Conl.#) =% [1 = R {4, (k. )} (20)
-1
H(k,t) = [B¥(k)®p.p, (k, {)B(k)] 1 .
Cos(k,t) == [1 = R {2 Ty(k,¢)}] . 21
«BH (k) ®p.p. (k, OO)W (k). (7) (ki £) =3 [1 = R{e™Tu(k, )] (1)
If we assume that the stationary, as well as transient, noise fields IIl. TWO-CHANNEL POST-FILTERING

are homogeneous, then the PSD-matrices of the input noise sig- . . . L .
g P gI_n this section, we address the problem of estimating the time-

nals are related to the corresponding spatial coherence func-", )
tions, I, (k, £) andT; (k, £), by varying spect_rum of the beamformer ou_tput noise, and present
the post-filtering approach. Fig. 2 describes the block diagram
1 Ly(k, ) } ®) of the proposed two-channel post-filtering. Desired source com-
Tk (k, ) 1 ponents are detected at the beamformer output, and an estimate
1 T(k, ) ° j(k,?) for thea priori S|gngl e}bsence probability is prodpped. '
% (k. 0) 1 ] (9) Based ona Gaussian sta_tls_tlcal model [24_1], and a decision-di-
rected estimator for the priori SNR under signal presence un-
where )\, (k, £) and \;(k, £) represent the input noise power atertainty [25], we derive an estimato(k, ¢) for the signal pres-
a single sensor. In this case, the optimal noise canceller (7) emce probability. This estimator controls the components that
duces to are introduced as noise into the PSD estimator. Finally, spectral
i {eiAkF (k 6)} enhan_cement of t_h_e beamformer output_is achieved by applying
H(k,l) = = — A . (10) anoptimally-modified log-spectral amplitud®M-LSA) gain
1= R{es2e L (k. £)} function [25]. This gain minimizes the mean-square error of the
The source signal, the stationary noise and transient noise @gsSpectra under signal presence uncertainty.
assumed to be uncorrelated. Therefore, the input PSD-matrix i¢-€t S be @ smoothing operator in the power spectral domain

(I)DSDS (k l) :)‘s(k'/ f) |:

‘ﬁDtDt (k l) :)‘t(k'/ f) |:

given by SY(k,0) = as-SY (k,f—1)+ (1 — ay)
®z2(k,€) = Ao(k,£)AAT + @p,p, (k,{) + ®p,p, (k. £) x > bilY(k=i 0 (22)
(11) 1=—w
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Fig. 2. Block diagram of the post-filtering.

1 -

wherea(0 < as < 1) is a parameter for the smoothing in

time, andb is a normalized window functiof}_;” b, = 0.9t
1) that determines the smoothing in frequency. Adtdenote > 0.8l
an estimator for the PSD of the background pseudo-stationaa™
noise, derived using thlinima Controlled Recursive Aver- § 0.7
aging (MCRA) approach [25], [26]. The ratios S Al
g 06 1e-3 1e-6 168
s SY(k 0 5 0.5} 1e-2 -
SU(k,2) ]
Ay (k, 0) &= 24) 8
represent the local nonstationarities (LNS) of the beamforme 0.2r
output and reference signal, respectively [19]. The LNS fluc: 0.1 P,y is curve parameter -
tuates about one in the absence of transients, and expectec ,
be well above one in the neighborhood of time-frequency bin 1 2 : 3 4 5

that contain transients. The post-filtering includes detection c

transients at the beamformer output and reference signal, and _ _ - , _
. f their t ient | detect t Fig. 3. Receiver operating characteristic curve for the detection of transients

a_ comparison of their transient power. n case we aetec r the beamformer output or at the reference noise signat 22.1).

sients at the beamformer output but no simultaneous transients

Y

at the reference signals, we determine that these transients are 1 1
likely source components which require a cautious enhance-Fa.y (k,¢) =1 — Fyz,, mFxm (I-Pry)
ment. On the other hand, simultaneous transients at the beam- ’ (28)

former output and the reference signal are handled according

to their power ratio. A stronger transient at the beamform@tere

output indicates presence of desired components, and therefore s Cr1(k, Oz (K, £) + Cis(k, )X (K, 0)
should be preserved. Whereas a stronger transient at the refer—g"(k’g) - Chra(k, )N (k, 0) (29)

ence signal implies an interfering source, and therefore neEd?éBresents the ratio between the transient and pseudo-stationary

be suppressed. power at the beamformer output, arg.,(x) denotes the
standard chi-square distribution function with degrees of
freedom3. Fig. 3 shows the receiver operating characteristic
Let three hypothesel., Ho:, andH; indicate respectively (ROC) curve for detection of transients at the beamformer
absence of transients, presence of an interfering transient, ant¢ut, with the false alarm probability as parameter, and
presence of a desired transient at the beamformer output. et to 22.1 (this value ofi was obtained for a smoothin§
Ao denote a threshold value of the LNS for the detection of the form (22), witha, = 0.8, and a normalized Hanning
transients at the beamformer output (i.e., deditieu Hy, if windowb=1/12[1 3 4 3 1]). Suppose thatwe require

A. Detection of Transients at the Beamformer Output

Ay (k,£) > Ao, and decidel,, otherwise). The false alarma false alarm probability no larger thaf;yy = 0.05, and
and detection probabilities are defined by suppose that transients at the beamformer output are defined by
& (k,£) > 2. Then, the detection probability obtained using a
Pry (k. £) =P (Ay (k. £) > Ao | Hos) (25) detectorAy- (k,£) > Ag = 1.54 is Py y (k,£) = 0.97.

Pd,}"(k7£) :73 (Ay(li},£> > AO | Hl U HOt) . (26)

3The equivalent degrees of freedomjs determined by the smoothing pa-

s ; ametera s, the window functionb, and the spectral analysis parameters of
Then for a Specmedjf*y’ the reqUIred threshold value and th‘%he STFT (size and shape of the analysis window, and frame-update step). The

detection probability are given by [19] value ofy is estimated by generating a stationary white Gaussian rgtge
1 transforming it to the time-frequency domain, and substituting the sample mean
_ -1 _ . and variance (over the entire time-frequency plane) into the expregsien
Ao —Msz w (L= Pry) @0 g {SD(k, ()} Jvar {SD(k, ()}
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B. Discrimination Between Source and Interfering Transient®f the page. For a given frame, the global likelihood of signal

Transient signal components are relatively strong at the bedAf€SeNce is related to the number of frequency bins that likely
former output, whereas transienbise components are rela- cpntam desired components within a certain range of frequen-

tively strong at the reference signal. Hence, we expect the tr&fS- Therefore, we define
sient power ratio between the beamformer output and the refer-

ki
. 1
ence signal to be large for desired transients, and small for noise Y= —F— Z (k. 0) (34)

- ki—ko+1
components. Let k=ko
SY (k,t) — MY (k,?) wherek andk; are the lower and upper frequency bin indices
Qk,£) = SU(k, €)= MUk, ) (30)  representing the frequency range.

. . Fig. 4 summarizes a block diagram for the estimation of the
represent theansient beam-to-reference ra@BRR), i.e., the riori signal presence probability. The detection of desired

. ) a

:ﬁt'?{ betvyeeztn the trar;st|he nt pfower of the bela_rrr;:‘orme_r Oﬁ;gjmt cilrce components at the beamformer output is carried out in
eHraljsTn power otthe reterence signal. then, giveniat o time-frequency plane for each frame and frequency bin. First

Or fo¢ IS true we compute the local likelihood of signal presence for all fre-

Q& Ol g, o, quency bins. Then, a global likelihoa¢) is generated, and
byy (k. [) — Cra(k, O)Ag(k, 0) compared to a certain threshalg. In case the global likelihood
~ duv (k,£) — Caa(k, O)\s(k, €) is too low, We_cc_)n(_:lude that signal is al:_)sent from that frame
Cra(k, O) Ao (. £) + Cha(k, O)Ms (K, €) and set the priori signal absence probabilig( %, ¢) to one for

. (31) all frequency bins. This prevents from narrow-band interfering

Co1(k)Xa(k, £) + Cos(k, )M (K, £) transients, particularly those arriving from the look direction, to
Assuming thatf; and Ho, are exclusive, i.e., assuming thahe confused with desired components. This also helps to reduce
desired and interfering transients do not overlap in the timgysical noise phenomena. In case the global likelihood is above
frequency domain, and supposing that there exist threshojdg thresholdy,, thea priori signal absence probability is re-
OQnign (k) and Qo (k) such that lated to the likelihood of signal absence at ftieframe andsth

. _Cu3(k, ) . _ frequency bin(1 — +(k, £)) and to thea posterioriSNR at the
Q(k, )l s, = Cas(k, 0) < Qiow (k) < Dnign(F) beamformer output with respect to the pseudo-stationary noise
Cha (I, £) Yok, £) 2 |Y(k,£)2/ MY (K, £). Specifically, we determine
SW ~ Q(k, 0)|m, (32) thea priori signal absence probability according to (35), shown

i ) . at the bottom of the page wheyg denotes a constant satisfying
for all /, we can determine thqt signal is likely present at thﬁ (7s(k, £) > 70 | Hos) < ¢ for a certain significance level
kth frequency bin andth frame if2(k, £) > Quign(k). Onthe  gj 06 the distribution of,(k, £) in the absence of transients is

other hand, if}(k, () < iow(k) then we can determine thatg, onential [26], the constant is related to significance level
the detected transient is interfering. To accommodate the %—70 — —log(e) (typically we use = 0.01 andvy = 4.6).

certainty in the TBRR and to improve the discrimination be-
tween source and interfering transients, we define a functign Noise Estimation and Spectral Enhancement
¥(k,£) that represents the likelihood of signal presence. TheU der th d statistical del the sianal
value ofy(k, £) is set to zero if no transients are detected at the naer the assumed statistical model, the signal presence
beamformer outputAy-(k,£) < Ag). In case a transient is de_probablhty Is given by X

tected at the beamformer output but not at the reference signal q(k, 2 -
(Ap(k,0) < Ao < Ay (k,0)), (k. £) is set to one. In case a pbﬂ,f) = {1 + #(k?g)(l + g(k’g))e’(p(_”(k’g))}

transient is detected simultaneously at the beamformer output (36)

and at the reference sign@ly (k, £), Ay (k, £) > Ao), ¢(k,£) whereé(k,£) £ E{|X (k,£)|*} /Aa(k, £) is thea priori SNR,

is proportional td2(k, £) according to (33), shown at the bottom\,4(k, £) is the noise PSD at the beamformer output;, /) =

0, if Q(k, £) < Qow (k)
Y(k, ) = o =Gl if Qo () < (K, €) < Quign(k) (33)
1, otherwise

1, if s (k,£) < 1ore(€) < 1o

Gk, t) = { max {%7 1_ ,L/,(k?ﬂ)} , otherwise )
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When signal is presend; is close to one, thus preventing the
noise estimate from increasing as a result of signal components.
As the probability of signal presence decreases, the smoothing
parameter gets smaller, facilitating a faster update of the noise
estimate.

No The estimate for the clean signal STFT is finally given by

Nlo | st X (k,0) = G(k,0)Y (k, £) (41)

Compute where
w(k,0)=1 w(k,0) w(k,0)=0
using (33) G(k,0) = {Gpy, (k, )P0 . gl-pk0 (42)

min

is the OM-LSA gain function and",;,, denotes a lower bound
constraint for the gain when signal is absent. The implementa-
tion of the two-channel post-filtering algorithm is summarized
in Fig. 5. Typical values of the respective parameters, for a sam-
pling rate of 8 kHz, are given in Table I. The values of the
lower and upper frequency bin indicdsg, = 9 andk; = 113,
which are used in (34) for the computation of the global like-
lihood of signal presence, correspond to a frequency range of
[250, 3500] Hz.

Compute
y(0)
using (34)

IV. THEORETICAL ANALYSIS
Yes No . . .
l In this section, we assume that the spatial coherence func-

L tions of the pseudo-stationary and transient ndisék, ¢) and
Gk, 0)=1 I'(k,¢), are independent of the frame indexVe define aran-
for all k sient discrimination qualitywhich indicates a beamformer’s
capability to recognize interfering transients as distinct from

_ _ o y . source transients, and evaluate this quality in various noise
Fig. 4. Block diagram for tha priori signal absence probability estimation. fields

Compute
Gk, 0)
using (35)

N ) According to the inequalities in (32), the discrimination
V(R D&k, )/ (1 +&(k, £)), andy(k, £) = [Y(k, O)" /Aa(k,£) quality between desired and interfering transients is high
is thea posterioriSNR. Thea priori SNR is estimated by [25] \whenever the range of the TBRR values given tHatis true
) = G2 (kd — Dkl —1 (UK, £)|,) is readily distinguishable from the range given
Sk, ) = oGy, (k. Ik, ) that Hy, is true (Q(k,£)|,, ). Otherwise, the TBRR alone is
(L —a)max{y(k,£) = 1,0} (37) jnsufficient for determining the origin of transients that are

wherea is a weighting factor that controls the tradeoff betweefimultaneously detected at the beamformer output and at the

noise reduction and signal distortion, and reference signal. Let thigansient discrimination qualityf a
beamformer at théth frequency bin be defined by
E(k,0) 1 /°° et
Gu, (k,0) & "7 _exp | = ——dt 38 Q(k, ¢
m, (K, £) T+ &k, 0) Xp| 3 e (38) Qk) = Ci1(k)Ca3(k) (k. Ol g, (43)

Cor(k)Cra(k) = Q(k, 0)| g,
is the spectral gain function of thieog-Spectral Amplitude ) ) o
(LSA) estimator when signal is surely present [27]. The MCR&here{Ci;(k)|i = 1,2; j = 1,2,3} as specified in (16)—(21)
approach for noise spectrum estimation [26] is to recursivelj€ independent df sincel’s andI’; are assumed independent
average past spectral power values of the noisy measuremg@ht: Then from (32) it follows that a reliable discrimination
using a smoothing parameter that is controlled by the mininkgtween transient noise and desired signal components requires

values of a smoothed periodogram. The recursive averagindd§t) > 1. In practice, given thatf, is true, the distributions
given by of the nominator and denominator in (30) are approximated by

X ) the chi-square distributions witlh degrees of freedom, and the
Aa(k, €+ 1) = aa(k, 0)Aa(k. £) [L = aa(k, 0)]]Y (k. £)]* (39) distribution of the TBRR is approximated by the F-distribution
)

where aq4(k,¢) is a time-varying frequency-dependent e
smoothing parameter, and is a factor that compensates P( [SY (k, O)=-MY (K, £)]| g, 56) = (W)
the bias when signal is absent. The smoothing parameter is e '
determined by the signal presence probabilit;, ¢), and a P([SY (k,£)-MY (k,0)]| g, <€) =F\2y, (W)
constaniy, (0 < ay < 1) that represents its minimal value 21 (k) A (k. £)

Co1 (k)
Ga(k,0) 2 g + (1 — aa)p(k, 6) (40) P (k Ol, < €) =Frinn <Gou<k>>



690 IEEE TRANSACTIONS ON SPEECH AND AUDIO PROCESSING, VOL. 11, NO. 6, NOVEMBER 2003

Initialize variables at the first frame for all frequency bins k:

SY (k,0) = MY (k,0) = Aa(k,0) = |Y(k,0)]*; Gu,(k,0) =~(k,0) =1,

SU(k,0) = MU(k,0) = |U(k,0)|2.
For all time frames £

For all frequency bins &k

Compute the recursively averaged spectrum of the beamformer output and reference signal, SY (k,£) and
SU(k,£), using Eq. (22), and update the MCRA estimates of the pseudo-stationary noise, MY (k,{) and

MU (k, £), using [26].

Compute the local non-stationarities of the beamformer output and reference signal, Ay (k,£) and Ay (k,¥£),
using Egs. (23) and (24), and compute the transient beam-to-reference ratio, 2(k, £), using Eq. (30).

Using the block diagram in Fig. 4, determine the a priori signal absence probability §(k, £).

Compute the a priori SNR £(k, £) using Eq. (37), the conditional gain G, (k, £) using Eq. (38), and the signal

presence probability p(k, £) using Eq. (36).

Compute the time-varying smoothing parameter &q(k, £) using Eq. (40), and update the noise spectrum estimate

Aa(k, £ + 1) using Eq. (39).

Compute the OM-LSA estimate of the clean signal,

X (k, £), using Egs. (41) and (42).

Fig. 5. Two-channel

TABLE |
VALUES OF PARAMETERS USED IN THE IMPLEMENTATION OF THE PROPOSED
TwO-CHANNEL POST-FILTERING, FOR A SAMPLING RATE OF 8 KHz

Ap =154 Qpu=1 Qhigh = 3 Yo = 4.6

a=092 a;=08 ag = 0.85 B8 =1098

ko=9 ki1 =113 o = 0.25 p=221

b=%[1 3 4 3 1] N=26 Guin=-20dB
where

a b
FF;a,b (ZE) £ 1- I(l-l—aw/b)_l (5 5)

is the standard’ distribution function, and, (a, b) is the in-

complete beta function [28]. We require that the probability o

the TBRR be smaller than the threshdltig,. (k) andQiow (k),

given thatH, is true, to be 0.1 and 0.01, respectively, at the mo&ain

P (Q(kvéﬂHl S thgh(k')) SOI
P (QFk, )|y, < ow(k)) <0.0L.
Hence, the thresholds are given by

. Cu(k) _ . Cu(k)
Qnign(k) =F5L, , (0.1) Ol = 0.07021(@ (44)
Ci1(k)

Qow(k) =F7, . (0.01)

Fip,p

G () = 083 Qnign(k) (45)

post-filtering algorithm.

where we useqg. = 22.1. This, together with the requirement
that Q. (k) be larger tharCy3(k)/Ca3(k), implies that a sat-
isfactory discrimination performance can be obtained in fre-
guency bins which are characterized by

1
Q(k) > Fo1001) 2.78. (46)
Substituting (10) and (16)—(21) into (44) and (43), we have
explicit expressions for the transient discrimination quality and
for the upper threshold of the TBRR in terms of the spatial co-
herence functions and the uncertainty in the angle of arrival
(see (47) and (48) at the bottom of the page). We note that
Mign(k) is independent of the transient noise field, since its
value is determined by the confidence level associated with the
ofBRR given thatH, is true, and we assumed that desired and

Fip,n

interfering transients do not overlap in the time-frequency do-
(HyN Hy = 0).

To realistically evaluate the discrimination capability of the
proposed approach in various acoustic environments, we let the
distance between the sensord Be 10 cm, the mismatch in the
source directiop = 5°, and the estimation error in the differ-
ence of phaseé = 5°. Figs. 6—8 show the transient discrimi-
nation quality for incoherent, diffuse and coherent noise fields.
The respective upper thresholds for the TBRR are depicted in
Fig. 9. Analytical expressions are derived in Appendix Il.

oy et (3 [1 = R {0 1))

— S {eFATL (k)Y [1 = R {ed 2Ty (k) }]

|1 — e 2T, (K)|* + R

{emkrt(k) - e—jAkF:(k)]Z} (47)
( 2

A xS JAR Fg
Onign(k) =0.57 [cot (Tk) hd {e '

k)} ] 48)

1= R{eIAT,(k)}
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Fig. 6. Transient discrimination quality for incoherent pseudo-stationary noise and (a) incoherent, (b) coherent, and (c) diffuse tranfiége$ riReferring to

(b), 8, is the angle of arrival of the transient noise field, and the dark area represents the regioghvibnéamer than 2.78 (region of satisfactory discrimination
performance).

Generally, the discrimination between desired and interferingTwo microphones with 10 cm spacing are mounted in a car
transients is attainable within a certain frequency band. The s the visor. Clean speech signals are recorded at a sampling
quirement (46) that the transient discrimination quality shouldte of 8 kHz in the absence of background noise (standing car,
be large enough is satisfied over a wide range of frequencisi#ent environment). An interfering speaker and car noise sig-
For low frequencies, the directivity of the beamformer and itsals are recorded while the car speed is about 60 km/h, and the
spatial filtering capability are lost. For high frequencies, spatialindow next to the driver is either closed or slightly open (about
aliasing folds interferences coming from the side to the mafihcm; the other windows remain closed). The input microphone
lobe. In these cases, the two-channel post-filtering reducesstgnals are generated by mixing the speech and noise signals at
SISO post-filtering, since the transient power ratio between thiarious SNR levels in the range 5, 10] dB.
beamformer output and the reference signal is no longer a disTwo-channel GSC beamforming is applied to the noisy sig-
tinctive characteristic of the transient source. In case of cohereals. The beamformer output is enhanced using the OM-LSA es-
noise fields, the discrimination is possible only if the interferingimator [25], and is referred to as the SISO post-filtering output.
signals are coming from different directions than the look dire&lternatively, the beamformer output, enhanced using the pro-
tion. Due to the errop in the estimation of the angle of arrival,cedure described in Section lll, is referred to as the two-channel
the direction to an interfering source should be at Ieggsaway post-filtering output. Three different objective quality measures

from the direction to the desired source. are used in our evaluation. The first is segmental SNR defined
by [29]
1 L—-1
V. EXPERIMENTAL RESULTS SegSNR = T Z 10
In this section, the proposed post-filtering approach is com- =0 N_1

pared to SISO post-filtering in various car environments. The > a2 (n 4 V)
performance evaluation includes objective quality measures, as o n=0 AB] (49

ove . ‘log [dB]  (49)
well as a subjective study of speech spectrograms and informal IN

listening tests.
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Fig. 7. Transient discrimination quality for diffuse pseudo-stationary noise and (a) incoherent, (b) coherent, and (c) diffuse transietdsidefdieing to
(b), 8, is the angle of arrival of the transient noise field, and the dark area represents the region of satisfactory discrimination pe(fgrmahs).

where L represents the number of frames in the signal, an¢here AX (k, /) £ max |X(k,g)|2,5} is the spectral power,
N = 256 is the number of samples per frame (correspondingipped such that the log-spectrum dynamic range is confined to
to 32 ms frames, an®h% overlap). The segmental SNR at eac%bout 50 dB (that isj = 10~50/10 . max{|X(k £)|2})

ke, ’ '

frame is limited to perceptually meaningful range between 35 _ ) )

dB and—10 dB [30], [31]. This measure takes into account both Fi9- 10 shows experimental results of the average seg-
residual noise and speech distortion. The second quality m&¥ental SNR, obtained for various noise types and at various
sure is noise reduction (NR), which is defined by noise levels. The segmental SNR is evaluated at one of the

N—1

1 S0 )
'] Z 10 log ::(i

A ST

n=0

NR =

[dB]  (50)

microphones, at the beamformer output, and at the post-fil-
tering outputs. A theoretical limit post-filtering, achievable by
calculating the noise spectrum from the noise itself, is also
considered. Results of the NR and LSD measures are presented
in Figs. 11 and 12, respectively. It shows that beamforming

alone does not provide sufficient noise reduction in a car
where L’ represents the set of frames that contain only noisgavironment, owing to its limited ability to reduce diffuse noise
and|L'| its cardinality. The NR measure compares the noi$¢7]. Furthermore, two-channel post-filtering is consistently
level in the enhanced signal to the noise level recorded by fhgtter than SISO post-filtering under all noise conditions. The
first microphone. The third quality measure is log-spectral dignprovement in performance of the former over the latter is

tance (LSD), which is defined by

1 L1 1 N/2
LSD = — 10 - log AX (k. ¢
LZX%+1Z? og AX (1)

) 1/2
—10-1ogAX(k,e)}} [dB] (51)

expectedly high in nonstationary noise environments (specifi-
cally, in case of open windows or an interfering speaker), but
is insignificant otherwise, since the two-channel post-filtering
reduces to SISO post-filtering in pseudo-stationary noise
environments.

A subjective comparison between two-channel and SISO
post-filtering was conducted using speech spectrograms and
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Fig. 8. Transient discrimination quality for coherent pseudo-stationary noise field whose angle of aftivalaltransient noise is incoherent; (b) transient
noise is coherent and frequency is 1 kHz; (c) transient noise is coherefit an@0° ; and (d) transient noise is diffuse. The dark areas represent the regions of
satisfactory discrimination performan¢@ > 2.78).
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Fig. 9. Upper threshold for the transient beam-to-reference ratio in case the pseudo-stationary noise is (a) incoherent (solid), diffuser (tsloderent at
0, = 30° (solid),#, = 60° (dashed), o8, = 90°(dotted).

validated by informal listening tests. Typical examples afoise due to wind blows, and wide-band transient noise due
speech spectrograms are presented in Fig. 13 for the caséogbassing cars. The beamformer output [Fig. 13(c)] is clearly
nonstationary noise aaNR = 0 dB. The window next to characterized by a high level of noise. Its enhancement using
the driver is slightly open, inducing transient low-frequenc$ISO post-filtering well suppresses the pseudo-stationary
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Fig. 12. Average log-spectral distanc€ At) microphone #1(o) beamformer output,x ) SISO post-filtering outpuf,x) two-channel post-filtering output, and
(solid line) theoretical limit post-filtering output, for various car noise conditions: (a) Closed windows; (b) Open windows; (c) Interferkeg spea

noise, but adversely retains the transient noise components.ddyhe beamformer output noise, and spectral enhancement for
contrast, the enhancement using the two-channel post-filteriminimizing the mean-square error of the log-spectra. Transients
results in superior noise attenuation. Subjective informate detected based on a measure of their local nonstationarity,
listening tests were conducted to verify that the desired souiad classified as desired or interfering based on the transient
components are well preserved. beam-to-reference ratio.

Fig. 14 shows traces of the improvement in segmental SNRWe introduced aransient discrimination qualityneasure,
and LSD measures, gained by the two-channel post-filtering andich quantifies the beamformer’s capability to recognize inter-
theoretical limit, in comparison with SISO post-filtering. Thdering transients as distinct from source transients. Evaluating
traces are averaged out over a period of about 400 ms (25 frartiés measure in various noise fields shows that differentiating
of 32 ms each, with 50% overlap). The improvement in perfobetween desired and interfering transients is practicable within
mance over the SISO post-filtering is obtained when the noiaewide range of frequencies. In case of coherent noise fields,
spectrum fluctuates. In some instances the increase in segmesuah a discrimination is only possible if the interfering signals
SNR surpasses as much as 4 dB, and the decrease in LSBréscoming from different directions than the desired source di-
greater than 5 dB. The SISO post-filter is inefficient at attenuection by at least twice the uncertainty in the angle of arrival.
ating highly nonstationary noise components, since it lacks tRer low frequencies, the directivity of the beamformer is lost,
ability to differentiate such components from the speech comnd for high frequencies, the transient beam-to-reference ratio
ponents. On the other hand, the proposed two-channel postifilno longer a distinctive characteristic of the transient source
tering approach achieves a significantly reduced level of badkde to spatial aliasing.
ground noise, whether stationary or not, without further dis- In case the desired signal is wideband (e.g., speech signal),
torting speech components. we improve the transient noise reduction at low and high fre-
quencies by consideringgiobal likelihood of signal presence.
The global likelihood is related to the number of frequency bins
that likely contain desired components within a certain range of

We have analyzed a two-channel post-filtering approach fisequencies and at a given time frame. Whenever the global like-
generalized sidelobe cancellers, that is particularly advantidrood is lower than a certain threshold, thgriori signal ab-
geous in nonstationary noise environments. The post-filterisgnce probability is reset to one for all frequency bins. This also
includes detection of transients at the beamformer output amelps to eliminate narrow-band interfering transients arriving
reference signal, a comparison of their transient power, estinfie@m the look direction, and uniformly suppresses the noise in
tion of the signal presence probability, estimation of the PS®manner which is more pleasant to a human listener.

VI. CONCLUSION
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Fig. 13. Speech spectrograms. (a) Original clean speech signal at microphone #1: “Dial one two three four five.”; (b) Noisy signal at micropmomesé] (ca
open window, interfering speakéfNR = 0 dB, SegSNR = —6.5 dB, LSD = 12.5 dB); (c) Beamformer outputdegSNR = —5.0 dB, NR = 6.6 dB,
LSD = 8.0 dB); (d) SISO post-filtering outputSegSNR = —3.0 dB, NR = 16.1 dB, LSD = 3.9 dB); (e) Two-channel post-filtering outpu{gSNR =
—0.9dB, NR = 26.2 dB, LSD = 2.4 dB); (f) Theoretical limit SegSNR = —0.5 dB, NR = 26.4 dB, LSD = 2.1 dB).
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Fig. 14. Trace of the improvement over SISO post-filtering gained by the proposed two-channel post-filtering (solid) and theoretical limit (apistteease
in segmental SNR; (b) decrease in log-spectral distance.

The proposed post-filtering approach is compared tmvironment, due to its limited ability to reduce diffuse noise.
state-of-the-art SISO post-filtering in various car environmentSISO post-filtering well suppresses the pseudo-stationary
We show that beamforming alone is insufficient in a camoise. However, transient noise components that leak through
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the beamformer proceed through the post-filter. A SISO APPENDIX |l

post-filter is inefficient at attenuating highly nonstationary

noise components, since it lacks the ability to differentiate COMPUTATION OF Q(k) AND Qpigh (k) FOR
such components from the speech components. By contrast, V ARIOUS ACOUSTIC ENVIRONMENTS

two-channel post-filtering results in a significantly reduced
level of background noise, whether stationary or not, while
preserving the desired source components.

In this appendix we compute the transient discrimination
uallty Q(k) and the thresholdy,n (k) for various acoustic
environments. The pseudo-stationary and transient noise fields
are assumed incoherent, coherent or diffuse. For incoherent
noise field, the spatial coherence function is zero for all fre-
guencies. In case a noise field is coherent, its spatial coherence

DERIVATION OF (14)~(21) function isT'(k) = exp (—j(wkl/c) sin §), whered is the angle
Substituting (11) into (12) and (13), and usingf arrival. For a diffuse noise field, the spatial coherence func-

APPENDIX |

®p,p, (k) = X(k,O)Tp,p.(k,¢) and ®p,p,(k,¢) = tionisT(k) = sin (wl/c)/(wkl/c) = sinc (wil/c). Therefore,
Ai(k, O)'p,p, (k, £), we have Q(k) andQpien (k) are computed for various pseudo-stationary
byy (k,0) =[W(k) — B(k)H (k, )] AAT and transient noise fields by substituting the corresponding
x [W(k) = B(k)H (k, )] A (k, ) spatial coherence functions into (47) and (48).
+ [W(k) - B(k)H(k,£)]" Tp,p, (k. £) A. Incoherent Pseudo-Stationary Noise
x [W(k) = B(k)H(k, O] As (k. £) Assuming the pseudo-stationary noise is incoherent
+ [W(k) = B(k)H(k,0)]" I'p,p, (k. £) (Ts(k) = 0), we have
X B(k)H (k,0)] \e(k, ¢ 1— R {eideT,(k
[W () = B H (k, O] & (k.1 k) —cot? (2} LER{EN TR} o)
dvv(k,£) =BH(E)AATB(E)\,.(k, £) 2 ) 1+ R{eiaT(k)}
H "
B (Moo, (k HBE)A Y Qnign (k) =0.57 cot? <ﬂ>. (53)
+ B (k)Tp,p, (k, OB(k)Ad(k, 0). 2
Hence, (14) and (15) are obtained with In case the transient noise is also incohef@htk) = 0), the
Cui(k, £) = [W(k) — B(k)H(k, g)]H AAT transient discrimination quality reduces to
x [W(k) — B (0] Q) = cot? (%) . (54)

Cro(k,0) =[W(k kYH
12(k, £) =[W(k) = BE)H (F, )] For coherent transient noise field, the spatial coherence function

xI'p.p, (K, 0) [W(k) — B(k)H(F, )] isTy(k) = exp (—j(wil/c)sinb,) = exp(—jwyT), Whered,
Cua(k, €) =[W(k) — B(k)H (k,0)]" Tp,p, (k, £) is the angle of arrival of the interfering transient noise field. In
x [W(k) — B(k)H(k,?)] this case, the transient discrimination quality is given by
H T A - A
Car(J) =B (1) AATB(Y Qb = ot? (5] o Rk (s5)
Cos(k, 0) =B (k)T'p.p. (k, £)B(k) 2 ) 1+ cos(wpme — Ag)
Cos(k, 0) =B (k)Tp,p, (k, £)B(k). For diffuse transient noise field, we have
Substituting into these expressions the weighting vector of Q(k) = cot? ﬁ 1- SmC( Z) cos Ay (56)
the fixed beamformeW (k) = 1/2[ef2%/2 ¢=ide/2]H B 2 ) 1+sinc (“44) cos Ay,
the blocking vectoB(k) = 1/2[ei®e/2  —¢=ide/2]H the
?ptlrtnal noise canceller (10), and the noise spatial coherenge piffuse Pseudo- -Stationary Noise
unctions
1 T, (k,0) Assuming the pseudo-stationary noise is diffuse, we have (see
I'p,p,(k{) = [F*(k~£) 1 } ) (57) and (58) at the bottom of the page). For incoherent transient
’ 1/ Ty (k. 0) noise field
r k,t)= n e (wel)]2
SXCUE Pk SIS R T W
yields (16)—(21). 1 — 2sinc ( Z) cos A, + sinc? (“gz)

cot? ( ) [1 = sinc (2£)]° [1 = R {72y (k) }]
Qk) = 2 7
o5 — sine (=) "+ {3 (k) [+ — sine (222)]7)

wil)12
Qnign (k) =0.57C°t2( )[1 Smc(_)J (58)

[1 — sinc ( ) cos Ak]
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For coherent transient noise field (see (60) at the bottom of thg9] K. U. Simmer, S. Fischer, and A. Wasiljeff, “Suppression of coherent
page). For diffuse transient noise field

1 — sinc (“’T[)
ol

1 + sinc (—) '

(10]

Q(k) = cot? (A’“) (61)

(11]

C. Coherent Pseudo-Stationary Noise
Assuming the pseudo-stationary noise is coherent, |ts spa-

tial coherence function i5s(k) = exp (—j

i(wil/c)sinfy) = [12]

exp (—jwyTs), Whered is the angle of arrival. In this case

sin? (<57) 1— R {eI2T, (k)

k,0s) = . 62 [13]
Q(k;6:) sin? (8) 1—R{eirmTy(k)} (62)
2 (WT
sin” (“47=) [14]
Qnien(k) =0.57 2 . 63
}g}( ) 9 sin (Al\)san(wkZ‘rs _Azk) ( )
For incoherent transient noise field
a0, = 20 6
" sin (AQA) '
For coherent transient noise field [16]
sin? (“472) 1 — cos (wpme — A)
k,0s,0,) = 2 B2k (65
Qk. ) sin? (&%) 1 — cos (wTy — wiTs) (65)
For diffuse transient noise field (17]
2 (WeT .
sin (—‘ ) 1 — sinc )COSAk
k.0,) = 2 . (66
@ ) sin? (AT’”) 1 — sinc ( [) cos (wgTs) (66) [18]
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