222

IEEE SIGNAL PROCESSING LETTERS, VOL. 9, NO. 7, JULY 2002

A New Design Method for Broadband Microphone
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Abstract—In this letter, a new design method for broadband mi-
crophone arrays is presented. Using sequences of calibration sig-
nals, the method is able to design finite-impluse response (FIR) fil-
ters with specific performance. The method can control and adjust
the speech distortion, noise suppression, and echo cancellation di-
rectly. It turns out that significantly shorter filter length can be ap-
plied to achieve better overall performance than the least-squares
method or the signal-to-noise plus interference method.

Index Terms—Microphone array, nonlinear programming,
Pareto optimum, speech enhancement.

I. INTRODUCTION

HE INCREASED popularity of wireless cellular
T telephones and their uses in cars has motivated the
development of hands-free in-car communication devices. In
this particular acoustic environment, the microphone array is
required to suppress the car noise as well as the echo from
the hands-free loudspeaker while leaving the distortion of the
speech to a minimum. Because this problem is very difficult
to be described by a priori models, sequences of calibration
signals are often used for the design of the beamformer [2].

In general, the optimal beamformer design problem is a
mutlticriteria decision problem, where the criteria are the level
of distortion, the level of noise suppression, and the level of
interference suppression. In present designs, the least-squares
technique (LS) and the signal-to-noise plus interference ratio
(SNIR) are often used [1], [3] to optimize for the performance
of the beamformer. However, in both approaches, there is no di-
rect control over individual criteria. During the design process,
it is not possible to specify the performance of the beamformer
in advance. Furthermore, once the optimal weights are found,
if some of the criteria are not satisfactory, there is no direct
method to adjust the weights for those criteria. Nevertheless, it
is a yield-acceptable design for all criteria. Several authors have
proposed to control the noise suppression and the distortion
levels by means of adjusting a Langrange multiplier [4], [5].
However, echo suppression has generally been ignored, and
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it is not straightforward to extend the Langrange multiplier
approach to control the echo suppression as well.

Here, we propose a new method which is based on the non-
linear programming technique for solving the multicriteria de-
sign for the beamformer. This approach is versatile in the way
that the specific performance of the beamformer can be imposed
in advance. The suppression and distortion levels can be con-
trolled easily, and the corresponding optimal weights can be
sought. It is shown that significantly shorter filter length can be
used than the LS and SNIR methods, and better overall perfor-
mance can be achieved.

II. FORMULATION OF THE NEW METHOD

Assume there are M elements in the microphone array. In
general, the signals received by the microphone element can be
represented by

r(n) = 2i(n) + 2 (n) +25(n), i=1,2,...,M (1

where x%(n), 2%, (n), and 2% (n) are the source signal, the noise
signal, and the echo signal, respectively. Assume that known
calibration sequence observations are used for each of these sig-
nals. The output of the beamformer is given by

M

y(n) =Y wix'(n) )
i=1

where the weight vectors and the input data vectors are both of

length L, the length of the filters. Let W = (w*, ..., w™) be

the matrix of weights; the least-squares formulation will try to

seek the weight matrix W via

K1
Wiy = argmin { > win) xi<n>>2} ©
w "0
where K is the number of sampling pointsand i € [1, ..., M].

In the signal-to-noise plus interference formulation, the weight
matrix is sought to maximize the signal-to-noise plus interfer-
ence power ratio [2]. In both approaches, there is no direct con-
trol over the level of distortion and the level of noise and inter-
ference suppressions. Evaluation results using very long filters
[31 have shown that beamformers designed by LS had very good
distortion controls, but poor in the suppression levels, while the
ones designed by SNIR had very good suppression controls but
lett consistently high distortion levels. Both approaches are poor
in controlling the balance between the noise and the interference
suppression.

The objectives for the beamformer are to maximize the noise
and interference suppressions, while keeping distortion caused
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by beamforming filters at the minimum. In order to measure
various quantities, calibration signals are used. Define F, ()
as the spectral power estimate of the source signal without fil-
tering, and Pys (w) is the spectral power estimate of the beam-
former output with filtering when the source signal is active
alone. The normalized distortion measure can be defined as

bw) = 2_17; / ]Cdpys (w) — P:cs (w)| dw €]

where w = 27 f and f is the normalized frequency. The constant
Cy is defined as

_ f:r f’rs (w) dw
{:r Pys (w) dw .

Similarly, the normalized noise suppression measure and inter-
ference suppression measure can be introduced as

Ccl (5 )

; =C, —.__ 6
S]\ (W) C f:rvr PIN(L«)) doo ( )
and i
_ ff,r Py (w)dw
S{(W) =G W N

where C, = 1/C,. Note that in (6), P, (w) and P, (w) are
spectral power estimates of the beamformer output with and
without filtering, when the surrounding noise is active alone. In
the same manner, f’y ,(w) and P, . (w) are spectral power esti-
mates when the interence signals are active alone. Both the noise
and the interference suppression measures are normalized to the
amplification/attenuation caused by the beamformer to the ref-
erence observation when the source signal is active alone, i.c.,
when the beamformer attenuates the source signal by a specific
amount, the noise and interference suppression quantities are re-
duced by the same amount.

Because there is more than one objective in the design of the
beamformers, it is basically a multicriteria design problem [6],
[7]. When different scaling factors are applied to the criteria in
the design process, a solution set can be derived in which all so-
lutions are efficient, or Pareto optimum. In the present context,
the set of weights W™ is Pareto optimum if and only if there
does not exist a set of weights W such that

Sy(W) = Sx(W*)  Si(W) = Si{(W") ®)
DW) < D(W™) ®)

with strict inequality to at least one of the criteria. In order to
solve for the Pareto optimum, some of the criteria can be for-
mulated as constraints instead so that it becomes a nonlinear
programming problem. An additional advantage of using this
formulation is that the constraints can be adjusted freely to se-
lect the desired filter from the set of Pareto optimum solutions.
As a first step, in order to control the suppression and the dis-
tortion separately, the optimal design problem can be converted
into an equivalent nonlinear programming problem (P1) as
1%11F1(W) = ~'(S;\!(W) —|—SI(W)) (10)

subject to

DW)<d (1
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TABLE |
L=18 D[dB] | Sx{dB] | S/ldB]
LS -28.79 15.95 9.24
SNIB -19.28 8.96 4.13
New method | -25. 15.24 15.19
TABLE Il
L=32 D SN Si
LS -20.14 | 16.38 | 11.01
SNIB -10.20 | 14.98 | 9.97
New method | -25. 17.82 17.

where d is a predefined distortion level. The level of distortion
can now be controlled freely, but it is still a bicriteria design
problem. To control the noise suppression and the interference
suppression separately, one of the criteria, e.g., the suppression
level, can be formulated as a constraint, and the corresponding
equivalent nonlinear programming problem (P2) is

n%‘iIan(W) = -Sy(W) 12)

subject to
SHW) > 5; (13)
DW) <d (14)

where s; is a predefined interference suppression level. Note
that the role of Sy and S} can be exchanged in this formulation
so that either one can be in the objective function and the other
as a constraint. The only problem with this formulation is how
to choose a meaningful and feasible level for s;. Therefore, (P1)
can be solved to give a reference point for setting s;.

Both (P1) and (P2) are nonlinear programming problems.
One well-known method for solving this type of problem is
the sequential quadratic programming (SQP) method, well de-
scribed in [8], [9] and which will be applied here.

1I1. EVALUATION RESULTS

The calibration signals were created in a hands-free situation
with a six-sensor microphone array. The measurements were
performed in a Volvo stationwagon. Data were gathered on a
multichannel digital audio tape recorder with a sample rate
of 12 KHz and a 300-3400-Hz bandwidth. White-noise cali-
bration signals had been used which are emitted individually
from the artificial talker and the hands-free loudspeaker as the
source and the interference calibration signals, respectively.
Interference signals were recorded by emitting an independent
sequence of white noise, from the hands-free loudspeaker
alone, within the bandwidth. This recording serves as the point
source interence calibration signal. Recordings with real speech
signals were recorded both individually and while driving. In
order to gather background noise signals, the car was driving
at a speed of 110 km/h on a paved road. The duration of these
signals was 8 sec. More details of the car environment and how
the experiment was conducted can be found in [3].

Using these calibration signals, the new method is compared
with the LS and the SNIR method described in [3] by designing
finite-impluse response (FIR) filters with different lengths.
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Fig. 2. Spectral estimates using Welch's periodogram of an unprocessed
single-microphone observation and the beamformer output signal, when the
noise source is active alone.

In Tables I and 1I, the distortion level d for the new method
was fixed at —25 dB. (P1) was solved to give an indication to the
total suppression level. Then, (P2) was solved with s; adjusted
to give roughly equal suppression levels for both noise and in-
terference. Different initial weights have been tried, and they all
yielded similar results. From the tables, LS is poor in the echo
suppression, which improves slowly with the filter length, while
SNIR is particularly poor in the high distortion level, which
stays the same even with a longer filter.

In order to understand the bicriteria objective in the noise
and interference suppression, the Pareto optimum set was con-
structed by solving (P2) with varying s;, where 16-tap FIR fil-
ters were used and the distortion level was fixed at —25 dB.
From Fig. 1, it is observed that the maximum total suppressions
occurs at around the level where the noise suppression and the
interference suppression are similar. The power spectrum of the
optimal beamformer with 16-tap FIR filters and similar suppres-
sion levels is shown in Figs. 2 and 3. Very good suppressions for
all frequencies are achieved.
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Fig. 3. Spectral estimates using Welch’s periodogram of an unprocessed
single-microphone observation and the beamformer output signal, when the
echo signal is active alone.

IV. CONCLUSIONS

A new design method for broadband microphone arrays
has been proposed. The problem has been formulated as a
multicriteria optimal beamformer design problem, and the
nonlinear programming technique has been applied to tackle it.
This method yields improved performance for short FIR filters
compared to LS and SNIR methods. The given performance
criteria can easily be modified by reformulating the constraints.
This will result in a very flexible optimization, in situations
where the speech input is used for speech communication as
well as speech recognition. We can, thus, have different sets
of weights which are optimized according to the best criteria.
This will, however, be a topic for further study.
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