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ABSTRACT target signal whilst the other extracts interference. Follow-

) ) ing that, an improved spectral subtraction is performed on
This paper presents a new robust microphone array processe outputs of both the beamformers to give the desired tar-
ing technique to enhance speech signal under the influencgyet signal. The idea of using the non-coherent method of-
of noise and jammer(s). The new structure comprises of tWofers |ess signal distortion compared to conventional coher-
soft constrained subband beamformers and a non-coherendn; approach such as adaptive noise canceller, since the in-
processing technique. Essentially, the first beamformer en-erference extraction process cannot be made perfect. Sim-
han_ces the desi.red speech signallin a specified constraineg|y’ the interference is suppressed in stages by the soft con-
region. The residual interference in the beamformer’s out- srained beamformer and spectral subtraction. Another ad-
put is then spectral subtracted using the estimated imer‘vantage is the fact that all processing is made in subbands
ference from the second beamformer. Evaluations in a[4]. This means that wideband signals can be decomposed
real office environment show higher interference suppres-into a number of narrower band signals which yields a more
sion compared to those obtained using the soft constrainedsficient processing system.

beamformer only. Most importantly, this is achieved with  gyayations in a real office hands-free environment are

negligible expense on target signal distortion. presented. Various setups were tested including the perfor-
mance in both diffuse and directional noise fields. Results
1. INTRODUCTION show the proposed structure achieves higher noise and jam-

mer suppressions compared to that of employing the soft
Microphone array has had a long-standing achievement asonstrained beamformer only.
far as speech enhancement is concerned [1]. It makes use
of both spatial and temporal information to enhance target 2 PROBLEM FORMULATION
signal by suppressing interference whether due to reverbera-
tion, background noise or jammer (e.g. loudspeaker). Such2-1. Objective

capability paves the way for microphone array in applica- Consider a wideband source located in the near field of

t|on_s like hands—free c.ommumcatlons, speech recogn_mona uniform linear array withl, microphones. The speech
devices gnd hear!ng aids. .There are a greqt deal of _I'tera'source is modeled as an infinite number of point sources
tures which explain the various noise reduction techniques | ,stared closely within a range of radilf,, R;] and in-
employlng_ the microphone array. Amon_g them, the gen- side the range of arrival anglés,, 6] (See Figure 1). Our
eralized sidelobe canceller (G.SC) prominently staan OUtobjective is to construct the beamformer such that it passes
[1, 2]. The scheme offers good interference suppression bu

.tthe speech signal in the specified constrained region and re-

succumbs to target signal cancellation in a reverberant enV|-jects all interference outside this region.

ronm_ent. _ The response vector of the array is given as

This paper proposes a novel robust subband adaptive
microphone array incorporating multiple soft constrained 1 ‘ 1 _ T
beamformers [3] and a non-linear technique. The structured(R, 6, Q,,) = |- 7mm (B0 — o=iQm7L(R.0)
aims at reducing the interference effects whilst maintaining ! Rr )

s_mallest target _s,lgnal cancellation even in reverberant en'wheren(R, 6) denotes the time delay from a point source
vironment. Basically, one of the beamformers extracts the

at radiusR from the origin and anglé to sensot, R, is the
WATRI is a joint venture between The University of Western Australia distance between the source and sedsand(2,, denotes

and Curtin University of Technology. This work was supported by the the real an_gular center frequency in thth band. The ref-
Australian Research Council (ARC) grant no. A00105530. erence point for the beamformer response is defined at the
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Fig. 1. The constrained region contains the speech source oz
as defined by the angleg], 6,] and the radii [R,, Rp]- E gg Gy
8 ~
origin of coordinates. The interference statistics and arrival _ )
angles are assumed unknown. Fig. 2. Structure of the proposed robust microphone array.
3. THE PROPOSED STRUCTURE interference (noise and jammer) covariance matrix on the

other hand is estimated from the received data.
Mathematically, given the known array geometry and a

The structure of the proposed robust microphone array iscorresponding constrained region, our goal is to calculate

shown in Figure 2. Firstly, the soft constrained beam- the set of optimal weights

former (source) suppresses all sidelobes simultaneously in R 1

each subband. Consequently, interference outside the con- wg’;)(s) - [Rg’”) 4 Rgm)} rgm> (2)

strained region is greatly suppressed at this stage. The sec-

ond beamformer (interference) on the other hand passes thahere the array weight vectox_"";, for themth frequency

interference and suppresses the target signal. With this inband is

3.1. Overview of the Scheme

mind, the residual of the interference in the first beamformer w(™ [w(m) (m) w(m)] ) ©)
outputs can be further spectral subtracted using the esti- opt(s) — 1 L

mated interference spectrum from the second beamformerThe source covariance matrix is given by

Put simply, the scheme performs double interference sup- Rbﬁb

pressions whilst maintaining negligible target signal distor- R // Q)d(R,6,9,,)d(R, 0,9Q,,)dRdo
tion. Each of the blocks is explained in the following sub- Ra,0a )
sections. where S(2,,,) is the source power spectral density (PSD)
3.2. Analysis & Synthesis Filter Banks of the mth subband. The interference covariance matrix,

R\™ for mth subband are estimates frof samples of

A uniform over-sampled analysis DFT filter bank is em- received data during source “silence” periods i.e. when the
ployed to decompose each of themicrophone input sig-  interference is active,

nals intoM subbands with a decimation factorgf. Like-

wise, a synthesis filter bank is used to reconstruct the sub- Z (m) (m) k)
band signals into fullband representation. Both filter banks K

are designed with the methodology described in [4], where

transformation and reconstruction aliasing effects are mini- The cross covariance vectot™, is given by the response
mized. vector and the source PSD

(5)

Ry, «9;,
3.3. Soft Constrained Beamformer (Source) r(™) —// d(R,0,Q,,)dRdI.  (6)

The soft constrained beamformer is based on the idea pro-

posed by Grii and Nordholm [3]. It makes use of the The beamformer output for theth subband is then
Wiener solution Wherg the source covarignce matrix_ is qb- (™ (k) = Wiglt)(é)(k)HX(m)(k,)’ @)
tained from the specified constrained region shown in Fig-

ure 1. The constraint mentioned is calculated from known wherex(™) (k) is the received array data vector in theh
source position(s) and the predefined array geometry. Thefrequency band.
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3.4. Soft Constrained Beamformer (Interference)

The principle of the second beamformer is the same as those (m)

mentioned in the previous section. The primary difference
is that this beamformer passes the interference and block
the target signal. Here, two set of weights are calculated.

Each set corresponds to the regions 1 and 2 outside the cons

strained area shown in Figure 1. The first set is given as

(m) _
Wetl =

1
RV R T (@

where the interference covariance matrix is obtained by in-
tegrating from anglé0° ¢,] defined as

Ry ,0

R™ = / / S(Qn)d(R, 0, 2p)d(R, 0, V)T dRAH.
R, ,0°

9)

The source covariance mati." is defined in Eqg. (4) and
the cross covariance vectoff"’) is calculated using Eqg. (6)
but with area of integration corresponds to region 1. Like-
wise, the second set of weights is calculated in the sam
manner but it covers region 2 as specified by affjlé80°].

Both sets of weights are then added to form the optimal
weights for thenth band as

(m)
opt (i)

= Wi+ W,

w (20)

Therefore, the output for theith subband from this beam-
former is

_ o (m)
- wopt(i

n(™ (k) (k) xtm™) (k). (11)

Clearly, this beamformer relies solely on the precalculated

covariance and cross covariance information. The output

where@ denotes elementwise division anhd| represents

the absolute value of each element in the vector. The vectors
1, andy,(,m) are themth subband of the output signal of
the second beamformer and the first beamformer output of

the pth sub-block respectively. The exponential function is

included to introduce a phase to the gain function for causal-

The parameteg](gm) in Eq. (13) adjusts the desired in-
terference reduction in eaglth block of themth subband
signal. Here, different values gf]”) are estimated for each
sub-block in each subband. The novel method estimates
each “g,(,m)” during periods of silence by dividing thgth
block of themth subband first beamformer output to that of
the second beamformer. As such, different levels of inter-
ference in each subband can be determined for maximum
interference reduction with minimum target signal distor-
tion. A simple exponential averaging described by

GI™ = (1 - )G + oG, (14)
is then used to reduce the variance of the calculated gain

Sunction. G\™ is the exponential average for the current

block anda controls the length of the exponential memory.
Finally, thepth sub-block in thenth subband of the spectral
subtraction output is

zim =Gim @ y(m (15)

where® denotes elementwise multiplication of vectors. All
the P sub-blocks in thenth subband are then recombined
to form the K" length block.

)

4. SIMULATIONS

4.1. Office Environment

contains mainly the interference and is used to enhance thé'he performance evaluation of the proposed structure was

target signal further in the next section.

3.5. Spectral Subtraction

Since the implementation is in the frequency domain, spec-
tral subtraction can be readily performed. Each of the
n(™) (k) signals from the second beamformer is first par-

titioned into P sub-blocks as

nz()m) _ n(m)([(/Pp)’n(m)(K/Pp — 1)7
e ™(K/P - (p—1) +1)| (12)

wherep = 1,2,..., P and K is the data length. Similarly,
the outputs from the first beamformer is partitioned in the
manner defined in Eq. (12). The gain function of gtk
sub-block is given as

G = (1= gi™ (In™)| @ y{m]) ) eI,
(13)
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made in an offic€313 x 345 x 301 cm) with a six element
microphone array (1/2” free field Larson-Davis) and sam-
pled at 8 kHz. The inter-element distance was 4 cm and
the speech source was located 50 cm from the centre of the
array at an angle0°. Two experimental setups for the in-
terference were considered. The first setup consisted of a
directional noise source at an angl# and a jammer at an
angle140°. Both were at radii 60 cm and 50 cm from the
centre of array, respectively. The second setup was made in
a diffuse noise environment and jammer at the position men-
tioned above. The reverberation time of the room was mea-
sured to be in the order of 400 ms. The purpose of having
such difficult experimental setups was to test the robustness
of the structure as opposed to having it in a highly unlikely
ideal environment.

4.2. Results

We now compare the results obtained using the proposed
structure to those obtained employing only the soft con-

1



Soft Constrained Proposed Structure
SNR || Noise | Jam. | Dist. Noise | Jam. | Dist.
Supp. | Supp. Supp. | Supp.
-5 9.1 | 134 | -319| 134 | 16.1| -315
0 9.0 | 149 -32.2| 128 | 17.7 | -31.8
5 9.0 | 13.0| -325| 13.0| 18.7 | -32.2
10 84 | 16.3|-326| 119 18.7 | -32.3
15 71 | 16.7 | -325| 9.7 | 19.6 | -32.2
Soft Constrained Proposed Structure
-5 4.0 | 10.1| -329| 7.0 | 12.7| -32.3
0 40 | 11.8| -326| 6.8 | 14.6 | -32.3
5 4.2 | 13.7| -33.8| 6.1 | 16.2| -33.2
10 3.8 | 151|-338| 6.0 | 15.1| -335
15 25 ]116.0|-33.3| 4.2 | 19.0| -33.0
dB dB dB dB dB dB

Table 1. Suppression and distortion levels for noise, jam-
mer and source signals respectively with different SNRs of

the directional noise (top) and diffuse noise (bottom).

strained beamformer. All simulations were performed with

64 subbands. Table 1 shows the structure’s suppression and

distortion levels by varying the signal to noise ratio (SNR)
in both setups. The signal to jammer ratio (SJR) in this case
was fixed at 0 dB. Evidently, the proposed structure out-
performs the soft constrained beamformer by as much as 3
to 4 dB for noise and jammer suppressions in both scenarios
with negligible expense on target signal distortion. For com-
pleteness, Figure 3 shows the normalized output powers of a
single sensor observation, the soft constrained beamformer
and the proposed structure for noise, jammer and source re-
spectively in diffuse noise field. The SNR and SJR are 10

and 0 dBs respectively.

spectral subtraction. Results show thats the new schem
has better noise and jammer suppressions compared to use

5. CONCLUSIONS
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Fig. 3. The normalized output powers of the unprocessed
sensor observation, soft constrained beamformer and pro-
posed structure for (a) noise, (b) jammer and (c) source.

A new robust microphone array has been presented. The
structure utilizes two soft constrained beamformers and

of the optimum soft constrained beamformer alone. The
incorporation of spectral subtraction allows the amount of
suppression to be traded off against signal integrity. All in

all, the proposed scheme is robust against error and achievefg]

very good interference suppression with low complexity.
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