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It should be pointed out that the poles ofH(k)
min(z) can be

determined very accurately by first locating the corresponding poles
in thew-plane and then transforming them to thez-plane [13].
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On the Design of the Target-Signal
Filter in Adaptive Beamforming

Marcel Joho and George S. Moschytz

Abstract—This brief deals with the improvement of jammer suppression
for adaptive broadband beamforming. The analysis is carried out with a
two-microphone Griffiths–Jim Beamformer and a single jammer signal.
By examining the derived optimal filter, a design strategy for the constant
target-signal filter in the main channel of the adaptive beamformer is
given. This leads to a substantial reduction in the required filter length
of the adaptive filter, while maintaining the same jammer suppression.
Furthermore, a faster rate of convergence can be achieved, as there are
fewer filter coefficients that have to be adapted. The brief concludes
with measurement results from a real-time implementation of an adaptive
beamformer, showing that the proposed design method is effective, even
when more than two microphones are used.

Index Terms—Adaptive beamforming, array signal processing, Grif-
fiths–Jim beamformer, microphone arrays, target-signal filter.

I. INTRODUCTION

Adaptive broadband beamforming is becoming increasingly impor-
tant in acoustical applications for spatial filtering [2]. Beamforming
can be applied whenever multiple sound sources are present, which
can be subdivided into two groups: target and jammer signals. The
purpose of beamforming is to amplify a target signal while attenuating
the jammer signals. Typical acoustical applications are in hearing aids
and for videoconferencing, where one speaker is the target signal and
the other speakers or noise sources located in the same room are
considered jammers.

In [3], an adaptive beamformer is presented in which the filter
coefficients are updated by an LMS algorithm in the time domain.
After every adaptation step, the coefficient vector is adjusted such that
the specified target signal transfer function in the frontal-direction is
preserved. This additionally required operation after every coefficient
update is elegantly circumvented in the Griffiths–Jim Beamformer [1]
by the introduction of ablocking matrixfor preprocessing the input
signals. This leads to a simple update rule with no constraints on the
adapted filter coefficients. Therefore any adaptive MISO-algorithm
(multiple input single output) can be applied in a Griffiths-Jim
beamformer [7].

Little attention has been paid to the influence of the constanttarget-
signal filter h1(q) located in the main channel. Usually, a simple
delay of l samples is chosen for this filter (i.e.,h1(q) = q�l) to let
the target signal pass through to the beamformer output without any
distortion [1], [4].

This brief focuses on the role of the constant target-signal filter
h1(q) in the Griffiths–Jim beamformer. It can be shown that the
steady-state adaptation error strongly depends on the choice ofh1(q):
As a result, a design rule for the target-signal filterh1(q) is derived,
which leads to shorter adaptive filters in the auxiliary channels and
therefore to a faster adaptation toward the optimal filter coefficients.
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Fig. 1. Griffiths–Jim beamformer.

The drawback in this method is that the target signal is high-pass fil-
tered. In an acoustical application, e.g., hearing aids, where improving
speech intelligibility is the main objective, this is no real limitation,
because low frequencies are of little importance. In Section II, the
conventional Griffiths–Jim beamformer is described. In Section III,
we analyze the two-microphone Griffiths–Jim beamformer and derive
a design strategy for the target-signal filter. Measurements with a
real-time implementation of an adaptive beamformer are presented
in Section IV.

II. A DAPTIVE BEAMFORMING

A. Griffiths–Jim Beamformer

The system studied here is based on the adaptive beamformer
described by Griffiths and Jim [1]. As seen in Fig. 1, the microphone
array consists ofM sensors. Its input signalsam are transformed
with a matrix B into a main channelx1 and M � 1 auxiliary
channelsx2 � � � xM : B is an M � M matrix organized such that
xm[t] = �M

i=1 bm;i � ai[t] or, in vector notation,x[t] = Ba[t]; where
a[t] = (a1[t]; � � � ; aM [t])T andx[t] = (x1[t]; � � � ; xM [t])T :

The matrixB is set up such that it prevents atarget (in the form of
a plane wave impinging perpendicularly on the array) from passing
through to the auxiliary channels, while letting it pass unimpeded
through to the main channel(xm[t] = 0 for m = 2; � � � ;M if
ai[t] = a[t] for i = 1; � � � ;M): The matrixB without the first
row is known as theblocking matrix. One possible realization ofB
is (as described in [1] forM = 3)

B =
1 1 1
1 �1 0
0 1 �1

: (1)

B. Time-Domain Filtering and Adaptation

Each channelxm of the beamformer contains an finite impulse
response (FIR)-filterhm with N taps. The filter in the main channel
h
1

is assumed to be time invariant and designed to shape the target
spectrum.h

2
� � � hM are adaptive filters, updated after every time

sample, such as to minimize the power of the beamformer outputy[t]

y[t] = y1[t] �

M

m=2

ym[t] (2)

ym[t] =hTm[t]xm[t] (3)

xm[t] = (xm[t]; � � � ; xm[t �N + 1])T (4)

hm[t] = (hm;1[t]; � � � ; hm;N [t])
T : (5)

If perfect adaptation occurs, only the target signal filtered withh
1
[t]

remains at the beamformer outputy[t]; whereas signal components
from other spatial directions (jammers) vanish.

For the adaptation, it is assumed that target and jammers are uncor-
related; therefore, the beamformer output is taken as the adaptation
error as well:y[t] = e[t]: The filter LMS update equations for
real-valued input signals are

hm[t+ 1] = hm[t] + �0xm[t]e[t] (6)

where�0 is the step-size controlling the rate of convergence and
stability of the adaptation.

III. T WO-MICROPHONE ANALYSIS

For the sake of simplicity, the Griffiths–Jim beamformer is an-
alyzed withM = 2 microphones with one target and one jammer
signal as shown in Fig. 2. As will be seen, the same conclusions hold
for M > 2 microphones. Furthermore, it is assumed that the beam-
former is located in an anechoic chamber, such that no reflections
from the target and jammer signal appear at the microphones of the
beamformer. The corresponding matrixB for M = 2 microphones is

B = 1

2

1 1
1 �1

: (7)

The target signal is assumed to impinge perpendicularly on the
array (� = 0�) and, therefore, simultaneously at both microphones,
whereas the jammer signal arrives with an intersensor delay� at the
two sensors, which is dependent on the angle of incidence�

a1(t) = s(t) + j(t) (8)

a2(t) = s(t) + j(t� �): (9)

In a sampled-data system, the input signals are

a1[t] = s[t] + j[t] (10)

a2[t] = s[t] + j[t� d] = s[t] + q�dj[t] (11)

where d = �=Ts = �fs is the intersensor delay normalized by
the sampling period,Ts; q�1 is the delay-operator, and[�] denotes
the sample index. Note that with this notation,d can be a rational
number1. This means that the sequence of the jammer signalj(�) is
sampled twice, both with the same sampling frequency but with a
constant relative time-shiftd depending on�: j(�); j(� � �) andj[�];
j[� � d]; respectively.

The beamformer outputy[t]; which is also used as the adaptation
error e[t]; is obtained from Fig. 2

y[t] = h1(q)s[t] +
1

2
(h1(q)(1+ q�d)� h2(q)(1� q�d))j[t]: (12)

As can be seen from (12), the beamformer transfer function of the
target signal is justh1(q); which is why it is namedtarget-signal
filter. Ash1(q) is an arbitrary design parameter, a simple delayq�l is
normally chosen for it. The second term of (12) is the transfer function
of the jammer signal. For its complete cancelation at the beamformer
output, the transfer function must be equal to zero, which is true for

h1(q)(1+ q�d) = h2(q)(1� q�d): (13)

For a givenh1(q); the optimal filter ho2(q) and its z-transform
becomes

ho2(q) =
(1 + q�d)

(1� q�d)
h1(q) (14)

Ho
2 (z) =

(1 + z�d)

(1� z�d)
H1(z): (15)

The optimal filterHo
2 (z) has a pole atz = 1 because of

1� z�djz=1 = 0 8d (16)

1To prevent spatial aliasing,�1 � d � 1 must hold.
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Fig. 2. Griffiths–Jim beamformer with two microphones.

and therefore has an infinite impulse response (IIR). If FIR filters
are used, which is usually the case in adaptive beamforming, the
optimum solution can only be approximated, and an adaptation error
remains in the steady-state. To avoid this error from occuring, several
methods have been proposed (e.g., [5], [6]).

One solution proposed in [5] is to insert a filter into the auxiliary
channelx2[t] with a fixed or adaptive pole. The disadvantage of this
method is that low-frequency sensor noise or a DC offset at the output
of the microphone preamplifiers are strongly amplified in the auxiliary
channels. Even in the case of a small adaptation errorH2(z)�H

o
2 (z);

this type of signal appears as disturbing low-frequency noise at the
output of the beamformery[t]: As the beamformer output is also used
for the adaptation of the filter coefficients, these are also affected by
this noise, resulting in a low-frequency fluctuation.

The solution to the IIR-filter problem [see (15)] proposed in this
brief is to explicitly include a zero at unity in the target-signal filter,
to prevent low-frequency signal components appearing at the output
of the main channely1[t]

H1(z) = (1� z�1)H1(z): (17)

The filterH1(z) remains a design parameter. It can still be chosen to
specify the target transfer functionH1(z) for higher frequencies and
may be of linear phase. The optimal adaptive filter now results as

Ho
2 (z) =

(1 + z�d)

(1� z�d)
(1� z�1)H1(z): (18)

By substitutingz = ej2�fT in Ho
2 (z) and evaluating the gain at

f = 0; it is seen that this is now finite, in contrast to (15), for a general
H1(z): It is difficult, in the general case, to show mathematically that

k ~H2(z)k = kH
#
2 (z)�Ho

2 (z)k (19)

or

k~h2(q)k = kh
#
2 (q)� ho2(q)k (20)

is smaller forHo
2 (z) for (18) than for (15). The optimal FIR filter with

N taps is denoted byH#
2 (z) andh#2 (q) in the z-domain and time-

domain, respectively. But what is obvious from (15) is thatH#
2 (z)

needs to approximate a pole atz = 1; which (18) does not. The fact
that FIR filters can realize only sharp notches but not sharp peaks
leads to the conclusion that the approximation error (19) or (20) is
smaller withHo

2 (z) from (18) than from (15).
In the special case whend = 1; which happens when the jammer

impinges fromendfire(� = 90�) on the array, the optimal filter in
(18) results in

Ho
2 (z) = (1 + z�1)H1(z) (21)

and is therefore FIR. This leads to the fact thatH#
2 (z) = Ho

2 (z)
and therefore the jammer signal can be perfectly suppressed at the
beamformer output. Note that this is never the case with (15) when
(17) does not hold forH1(z); because in that case,Ho

2 (z) must be
IIR.

Fig. 3. Beampattern resulting after convergence using a delay as the tar-
get-signal filter. The jammer impinges onto the array from� = 30�:

Fig. 4. Transfer function of the target-signal filterH1(z); which fulfills (17)
with a zero at unity. The asterisks� denote measured values of the transfer
function.

Note that placing the first-order filter(1 � z�1) after each mi-
crophone inputam[t]; or after the beamformer outputy[t] is not
equivalent to including it in the target-signal filterH1(z): It makes
no difference for the target transfer function, but as seen from (12),
it certainly does for the jammer transfer function.

IV. M EASUREMENTS

Simulation results with a two-microphone Griffiths–Jim beam-
former showing the effectiveness of the proposed design method have
already been given in [8]. In this section, results from real-world
measurements are presented to verify the theoretical investigation of
the target-signal filterH1(z): The adaptive beamformer of Fig. 1
with M = 4 microphones andN = 10 filter coefficients was
implemented on a real-time DSP system. The distance between two
adjacent microphones isdm = 2 cm, which is just close enough
to preventspatial aliasingat the sampling frequencyfs = 16 kHz.
The system is located inside an anechoic chamber. For the following
measurements, a single jammer signal with band-limited(fs=2) white
Gaussian noise impinging from� = 30� on to the microphone array
is present. There is no target signal. The jammer signal source is
a loudspeaker and the distance between the loudspeaker and the
microphone array is 1.8 m. The power of the jammer signal is�
80-dB SPL at each microphone. As required by the theory, the array
was first calibrated such that each microphone has equal gain over a
wide frequency range. To compare the influence of the target-signal
filter, the system is examined in the steady-state. After convergence
of the adaptive algorithm, the filter coefficients are used to compute
the theoretical beampattern, which is the 2-D transfer function of the
beamformer depending on the frequencyf and angle of incidence�
of a sound source.
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Fig. 5. Beampattern resulting after convergence using the target-signal filter
from Fig. 4. The jammer impinges onto the array from� = 30�:

Fig. 6. Comparison of the achieved broadband jammer suppression
after adaptation, depending on different jammer directions
� (0�; 15�; 30�; 60�; 90�). �: initial broadband gain of the beamformer
before adaptation. : gain in jammer direction after adaptation if the
target-signal filter is a simple delay.�: gain in jammer direction after
adaptation with a target-signal filter transfer function, as in Fig. 4.

In the first case, a simple delay ofl = 4 samples is chosen for the
target-signal filterh1(q) = q�l: The resulting beampattern is shown
in Fig. 3. The deep notch in the beampattern over a large frequency
range at� = 30� clearly shows the capability of jammer suppression
at high frequencies. But as can also be seen, the beamformer is
incapable of suppressing the low frequency part of the jammer signal.
This is an inherent property of the beamformer, if only a simple delay
is used for the target-signal filter.

In the second case, the chosen target-signal filterH1(z) has an
explicit zero atz = 1; thereby fulfilling the constraint of the proposed
filter design method (17). This forces the target-signal filterH1(f)
to have zero gain at 0 Hz. The remaining design parameterH1(z)
is optimized such thatjH1(f)j has about unity gain for higher
frequencies. The transfer function of the target-signal filterH1(f)
has high-pass characteristics and is shown in Fig. 4. The beampattern
resulting after the adaptation is shown in Fig. 5. In contrast to Fig. 3,
the low-frequency part of the jammer signal is now also suppressed.
Of course, low frequencies of the target signal are also attenuated,
but the corner frequency of the target-signal filter (see Fig. 4) can
be pushed further down toward low frequencies by increasing the
number of filter coefficientsN:

In Fig. 6, the broadband jammer suppression achieved for different
jammer directions� are shown and compared to the initial gains of
the beamformer. The initial gains are evaluated before the adaptation,
when all adaptive filter coefficients are still zero. In the first case,
where the target-signal filter is a simple delay, an improvement of
the jammer suppression of 7–13 dB after adaptation is achieved,
depending on�: In the second case, where the target-signal filter
of Fig. 4 is taken, the achieved jammer suppression could be further
improved by up to 9 dB. The total achieved jammer suppression for

� > 20� is now 20 dB and more. Note that the deep notch in the
beampattern at� = 30� over the whole frequency range indicates
that the array has been correctly calibrated. Although the analysis in
Section III is carried out only with two microphones, the results in
this section clearly show that the proposed filter-design method (17)
can also be applied successfully to more than two microphones.

V. SUMMARY

A design strategy for the target-signal filter in a Griffiths–Jim
Beamformer is presented. It is shown that by a proper choice of
this filter, namely high-pass characteristics with an explicit zero at
unity, the pole of the optimal filter vanishes, resulting in a smoother
transfer function. As adaptive FIR filters can only model steep notches
but no sharp peaks, the task of adapting toward the optimal solution
can thereby be simplified, and in special cases, perfect adaptation
can even be achieved. The design strategy has been derived by
analyzing a two-microphone beamformer, but it is valid also when
multiple microphones are considered. Finally, measurement results
of an adaptive beamformer, realized on a real-time DSP system, are
given.
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