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ABSTRACT

A broadband adaptive array beamformer is proposed
using harmonic nesting arrays and multirate sampling
techniques. An harmonic nesting microphone array is
designed to have several uniform linear subarrays, each
covering an octave frequency band. This is analogous
to time domain subbanding. An adaptive beamformer
following each subarray is then implemented using a
Generalized Sidelobe Canceler (GSC) structure. By
combining time domain multirate sampling in the sub-
arrays, we obtain an identical normalized frequency
band for all subarrays. Thus a single GSC design using
eigenvector constraint method is applied to all subar-
ray beamformers. Multirate sampling also provides the
convenience on designing the analysis and synthesis fil-
ters for perfect reconstruction of the subbanded signals.
A specific example is presented to show the simplified
design procedures and the improved beamformer per-
formance.

1. INTRODUCTION

Microphone array processing has been widely studied
for hands-free audio communication. Its applications
include teleconferencing, computer telephony, speech
recognition, speech enhancement and hearing aids, etc.
Adaptive microphone arrays are often difficult to design
because speech and audio are broadband signals with
high degrees of non-stationarity.

The problem of broadbanding a sensor array has
been a challenge for beamformer design due to the fre-
quency dependent array properties. Several approaches
are found in the literature. A straight forward ap-
proach [1] is to use a frequency domain beamformer
which consists of a large number of independent nar-
row band beamformers. Another approach [2] is to use
multidimensional optimization method to find the opti-
mal sensor spacing and gains. The frequency invariant
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approach proposed in [3] is to factor the frequency re-
sponse of a continuous sensor into two parts and then
approximate the response by an unequally spaced dis-
crete array. Yet another approach is “harmonic nest-
ing” [4], [5]. With this approach, a broadband array
is composed of several equal-spaced linear subarrays,
each designed for a smaller frequency range. The subar-
ray beamformers are implemented separately and their
outputs are summed.

The harmonic nesting approach has become favor-
able among other broadband beamforming methods,
especially in microphone arrays dealing with speech
and audio frequency bands. A nested array is more
economical than a single Uniform Linear Array (ULA)
because some elements in the subarrays are superim-
posed, reducing the total number of elements required.
A nested array is also easy to design and install, since
each subarray is designed and processed separately and
the well established beamforming methods for ULAs
may be employed directly. Furthermore, a nested array
is in fact a subbanding scheme using spatial sampling.
When employed by adaptive beamforming scheme, it
can have good tracking performance and fast conver-
gence similar to that of other subbanded adaptive sys-
tems [6], especially in non-stationary environment.

In this paper, we propose a broadband adaptive
microphone array beamformer, incorporating harmonic
nesting and multirate sampling. With harmonic nest-
ing, the voice band beamforming is spatially subbanded
and the extent of beamwidth variation is reduced to
that which occurs within a single octave. With mul-
tirate sampling, the subarrays can have identical fre-
quency response and adaptive structure. An identical
structure of adaptive beamforming is then designed us-
ing a Generalized Sidelobe Canceler (GSC) and eigen-
vector constraint method. We show that the proposed
scheme simplifies the design and implementation of the
beamformer. It also improves the performance of the
broadband beamformer.



2. HARMONIC NESTING ARRAYS USING
MULTIRATE TECHNIQUES

An harmonic nesting array is composed of several equal-
spaced subarrays. Let the first subarray be an M-
element Uniform Linear Array (ULA), designed for a
frequency range [f1/2, fi]. To avoid grating lobes, the
intersensor spacing d; is at most half the wavelength
of the highest frequency within the band of interest,
ie. di = ¢/(2f1), where ¢ is the speed of propaga-
tion. The second subarray is then designed for fre-
quency range [fi,2f1] with intersensor spacing being
d1/2. The second subarray is nested with the first
subarray with (M + 1)/2 superimposed elements. The
third and more subarrays are designed similarly until
the highest frequency fs is covered or the sensor spac-
ing limit is reached. The total number of elements re-
quired is M + (M — 1)(logy(f2/f1 —1)/2. On contrast,
a single ULA requires M f2/f1 elements to achieve the
same aperture for all frequencies.

Fig. 1. shows the sensor geometry of the harmonic
nesting array implemented in this paper. The micro-
phone array is composed of 11 elements, with 5 ele-
ments in each subarray. They form 4 nested subarrays
and cover the frequency ranges By = [212.5,425|Hz,
By = [425,850]Hz, Bs = [850,1700]Hz, and By =
[1700, 3400] H z, respectively, as shown in Fig. 2.
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Figure 1: Configuration of harmonic nested array
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Figure 2: Frequency bands covered by subarrays

With the octave nesting configuration above, it is
very convenient to use a common method of multirate
sampling for the beamformer, as shown in Fig. 3. Ev-
ery element is first sampled at Fy, the highest rate re-

quired. Then each subarray uses a proper rate of deci-
mation D;(¢ = 1,2,3,4) to achieve the desired sampling
rate F;. An analysis filter H;(z) is placed before each
downsampler to avoid aliasing. After down sampling,
the four subarrays will have an identical normalized
frequency range B,,. Then an identical adaptive beam-
former is designed and applied to all the subarrays. The
outputs of the adaptive beamformers are up sampled
to Fs and then summed. The synthesis filters G;(z)
are needed before the summation to remove the im-
ages generated by upsampling. The optional bandpass
filter may be also needed to achieve better frequency
responses.

In our paper, Fy is chosen to be 16kHz, and the
sampling frequencies of subarrays are Fy = 2kHz, Fs =
4kHz, F5 = 8kHz and Fy = 16kHz. The downsam-
plers are D1 = 8, Dy = 4, D3 = 2, and Dy = 1. The
analysis filters H;(z) are designed to have the desired
frequency responses for the corresponding subarrays,
as in Fig. 2. The identical normalized frequency range
for the four subarrays is B, = [0.10625,0.2125] after
the downsamplers.

The use of multirate sampling may appear to be
complicated at the first glance, but it in fact simpli-
fies the design and implementation of the broadband
beamformer. The added synthesis filters may be paired
with the analysis filters for perfect reconstruction [7],
while the requirements for these filters may be relaxed.
Without multirate sampling, the analysis filters are
still needed for each element in each subarray, and
more stringent filter specifications are required to avoid
aliasing. Multirate sampling also produces an identical
normalized frequency band for all subarray beamform-
ers. So we need to design only one adaptive beam-
former and apply it to each subarray. This simplifies
the broadband beamforming problem to a single ULA
beamformer design.

The identical adaptive beamformer used in the sub-
arrays is implemented by a GSC, as depicted in Fig. 4.
It consists of a fixed beamformer Wy, a signal block-
ing matrix C, and an unconstrained adaptive weight
vector W,. The design of this beamformer is discussed
in the next section.

3. ADAPTIVE BEAMFORMER DESIGN

Let M be the number of elements in a subarray and
{zm;m =1,2,..., M} be the location of the elements
on the array axis. Each element attaches a tapped de-
lay line of length K. There are p plane waves impinging
on the array from directions © = [0, 6>, ..., 0,], mea-
sured relative to the array axis. The desired signal is
from a known look direction #;, and the remaining p—1



{ ) ot Dy =y O

(Adaptive)

BP Filter
(Optional)

s F .
Hy(z D QD GSC BP Filter
Agﬁ'g‘g = D2 (Adaptive) (Optional)

| Ha(z) LENETS BPFil
Analys Da —>> 1lter

Ir:]ilt): #> ¢ ° (Adaptive) (Optional)

s F4
ezl = D= OC

BP Filter
(Optional)

Figure 3: Nested array using multirate sampling

signals are treated as interference with unknown DOA
and statistical properties. All the signals are assumed
to be band limited to the normalized angular frequency
range [wq,wp] = 27 B, . The signal received at the mth
sensor is

um(t) = ZSi(t—Ti,m)+”m(t) (1)
Tim = mecos(Hi)

where ¢ = 343m/s is the speed of sound. 7;,, is the
propagation delay of the ith source at the mth sensor.

Let the M-dimensional snapshot vector of the signal
obtained at the GSC input be

a(k) = [w (k) us(k), . e (BT (2)

and the N(= M K )-dimensional vector of the concate-
nated snapshot samples be

U=[ul(k),a?(k-1),...,a"k-K+1]" (3

then the beamformer output can be expressed in matrix
form as
y(k) = WHU(k) (4)

where W is the concatenated weight vector and can be
determined by solving

H\lﬁi/nWHRW subject to CHW =f (5)

where R = E{U(k)U# (k)} is the N x N data covari-
ance matrix, C is the constraint matrix, and f is the

response vector. Each column of C imposes a linear
constraint on the weight vector W. Assuming L con-
straints, C is N x L and f is L-dimensional.

The fixed beamformer Wy in the GSC is an N-
dimensional vector satisfying the constraints CH Wy =
f. Hence

W, = Cc(Cc”C)"'f (6)
The signal blocking matrix C, is orthogonal to the
constraint matrix C, C¥ C, = 0. The unconstrained
adaptive weight vector W, is updated iteratively using
any of the adaptive algorithms such as the Least Mean
Square (LMS), the Recursive Least Square (RLS) [11]
or the Fast Affine Projection (FAP) [12] algorithms.
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Figure 4: Generalized Sidelobe Canceler

Several different approaches can be employed for de-
signing the constraint matrix C and response vector f,



namely point constraints [8], derivative constraints [9]
and eigenvector constraints [10]. In this paper, we use
the eigenvector constraint method since it is very effi-
cient for broadband beamformers.

The idea of eigenvector constraint design is to ap-
proximate the desired beamformer response at a large
number of frequency points, in a least squares sense,
using only a small number of constraints. The eigen-
vector constraints which ensure the real valued imple-
mentation of W are designed as follows:

First of all, select a large number of frequency points
{wj,j=1,2,..., J} within the band of interest [w,,ws].
Let the desired array response at these frequencies and
the look direction #; be of unit gain and group delay
7o, thus form the equation

AW =d (7
where
A = Je(wi),...,c(wy)|s(wi),...,s(ws)] (8)
d = [dicos(wiTg),...,dscos(wyTg)

| disin(wimg), ..., ds sin(w;ro)]T (9)
c(w;) and s(w;) are, respectively, the real and imagi-
nary parts of the concatenated steering vector a(61,w;)

defined as

[ JWiT1,m jo71,2 L ejwj(Tl,M—K‘l'l)]H
(10)
Then perform Singular Value Decomposition (SVD)
of AH to obtain

(01,(.0])

Al = pPxQ¥ (11)
where
P = [pla"':pL7"'apN]a
Q = [Q17~"'a(ILa~":Q2J]:

The columns of P and Q are, respectively, the left and
right singular vectors of A# and ¥ is the 2J x N
dimensional diagonal singular value matrix.

Select the L largest singular values of A and their
corresponding singular vectors to form Xy, Pr and
QL. We obtain the rank L approximation of A

Al x AH =P 3 QY (12)
Replacing A in (7) by A yields
P/W =32;'Qld (13)

where QTL is the pseudo inverse of Qp.

The equation (13) has the same formas CEW =f .
So the designed eigenvector constraints are C = Pp
and f = 271Qld

The group delay 7p is chosen to be the temporal
center of the desired signal source across the array and
the tapped delay line,

= —[( ) | cos(61)] + K] (14)

And L is generally selected in the vicinity of double
the observation Time Band Width Product (TBWP),

where the TBWP is defined as B, [(M DL e ].

4. SIMULATION AND PERFORMANCE

The adaptive beamformer described in Fig. 3 is de-
signed as follows. K = 30 taps are attached to the
M = 5 elements in each subarray. L = 9 eigenvector
constraints are designed using J = 80 frequency points
uniformly distributed within the normalized passband
B, =[0.10625,0.2125].

To illustrate the reduction of frequency dependent
variation obtained by harmonic nesting, Fig. 5 shows
the beam patterns at the five frequency points 300H z,
800H z, 1300H z, 2300H z and 3300H z. Fig. 5(a) is the
beam pattern for the nested array described in Fig. 3.
Fig. 5(b) is obtained by an 11-element ULA spaced at
half-wavelength of the highest frequency 3400H z. Each
element in the ULA also has K = 30 taps. Eigenvector
constraints are designed similarly with L = 30.

The mainlobe beamwidth in Fig. 5(a) varies slightly
within 10°. The beamwidth of lower frequencies 300 H z,
800H z and 1300H z is actually narrower than that of
2300H z, thanks to the nested subarrays. But the beam-
width in Fig. 5(b) widens linearly as the frequency
decreases. The mainlobe beamwidth at 3300Hz and
300H z is approximately 15° and 170°, respectively.
The beamwidth variation is more than 150°. So the
four-octave nested array reduces the frequency depen-
dent variation to 10% of the ULA’s.

For the 11-element ULA, the effective aperture at
the low frequencies is less than one half-wavelength. In
other words, the 11 elements is equivalent to 2 elements
spaced at 0.88 half-wavelength of 300H z, or 0.625 half-
wavelength of 212.5Hz. The low efficiency of single
ULAs for broadband beamforming is obvious. With
harnomic nesting, however, the effective aperture is 2
to 4 half-wavelength for all frequencies. So the four-
octave nested array provides more than 200% increase
of aperture for the lowest frequency band.

Fig. 6. shows the adaptive beamformer performance
of one subarray. Three signal sources impinge on the
array from directions 75°, 90° and 125°. The signal



sources are assumed to be uncorrelated. Each signal
has a SNR=20dB and is band limited within the range
[200, 3400] H z. The array is steered to 125°. The beam
patterns in Fig. 6(a) are obtained at the GSC output
after convergence. It shows the effective nulling at the
interfering directions 75° and 90°. The frequency re-
sponse in Fig. 6(b) shows that the look direction has
a flat response in the passband, while the responses at
the interference directions are attenuated by at least
38dB.

On the other hand, the stopband attenuation of
the look direction response is only -15dB which may
not be satisfactory for background noise reduction. To
achieve better suppression of the sidelobes is desired,
one can increase the number of taps attached to each
element in the adaptive beamformer. But this will in-
crease the computational complexity and decrease the
convergence speed. A better choice we find is to use a
fixed bandpass filter at the output of each GSC.

5. CONCLUSION

A broadband adaptive microphone array, incorporat-
ing harmonic nesting and multirate sampling, is pro-
posed in this paper. The array is composed of 4 octave
nested subarrays, each having 5 elements. With super-
imposed elements, the total number of elements is only
11. Compared with 11-element equal-spaced array, the
nested array reduces the frequency dependent variation
of the beam pattern by 90% and increases the aperture
for lower frequency end by 200%. The nested array is
also easy to be scaled, implemented and maintained.

The octave nesting approach is combined with mul-
tirate sampling techniques to obtain an identical nor-
malized frequency response for each subarray. Thus the
adaptive beamformers in the subarrays can be imple-
mented identically by a Generalized Sidelobe Canceler
structure, simplifying the broadband beamforming de-
sign to a single Uniform Linear Array problem. The
analysis and synthesis filters associated with the down-
samplers and upsamplers may be implemented by the
established subbanding techniques and provide perfect
reconstruction.
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Figure 5: Beam pattern at frequency points 0.3k Hz,0.8kHz,1.3kHz,2.3kHz,3.3kHz
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Figure 6: Adaptive beamforming performance of nested subarrays



