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ABSTRACT

A novel near field filter-and-sum beamformer using non uniform fre-
quency sub-bands is presented. The concept is based on numerical
optimization of the reception characteristic of the microphone ar-
ray. In order to improve the reception characteristic over frequency
and space, a non uniform filterbank is utilized to subdivide the fre-
quency range. Individual optimization processes for each sub-band
result in a clearly improved reception characteristic. The new sys-
tem is able to closely approximate a target (independently of the
frequency) which can be defined according to the application.

Index Terms— Microphone arrays, beamforming, near field,
numerical optimization

1. INTRODUCTION

In audio-visual communication systems such as video conferenc-
ing the desired speech signal may be degraded by non-stationary
(e.g., competing speakers) and stationary interfering signals. In or-
der to improve the listening comfort and to ensure high audio quality,
speech enhancement techniques are required. Single microphone al-
gorithms might show satisfactory results for stationary noise reduc-
tion, e.g., [1, 2], but have limited performance in complex scenarios
(e.g., when suppressing competing speakers). Since the desired and
interfering signals are usually spatially separated, speech enhance-
ment techniques utilizing multichannel microphone arrays, such as
beamformers, are appropriate. They can amplify a target speaker
efficiently while simultaneously damping other speakers and back-
ground noise. When designing microphone arrays, a specific spatial
reception characteristic is usually the desired target.

Beamformer realizations can be classified into fixed and adap-
tive [3, 4]. Fixed beamforming algorithms are independent of the
input data. They can realize robust directional gains with moder-
ate numerical complexity. Typical representatives are the (weighted)
sum-and-delay as well as the filter-and-sum beamformer.

Adaptive beamforming algorithms are well suited for cancelling
moving interferers. Among various adaptive beamforming groups,
the minimum variance distortionless response (MVDR), the multi-
channel Wiener filter (MWF) and the linearly constrained minimum
variance (LCMV) are the most common [5, 6].

Furthermore beamformers can be realized operating in the time
domain or on several sub-bands, e.g., [7, 8, 9, 10]. There are sev-
eral advantages using a sub-band beamformer compared to a conven-
tional full-band beamformer such as an overall shorter filter degree
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or an improved reception characteristic with respect to the opera-
tional frequency.

1.1. Relation to prior work

For the far field case, i.e., if the distance to the array is significantly
larger than its geometric setup, many beamformer design methods
are known, e.g., [11, 12]. There are also procedures known, aiming
specifically at the near field, where the far field assumption provides
only an approximation in the best case, e.g., [12, 13, 14, 15]. How-
ever, these approaches optimize the reception characteristic limited
by several design constraints, e.g., only on a (semi-)circular arc at
one specific distance from the array. To circumvent this limitations,
we extend our recently proposed method [16] in this contribution
which allows to optimize the reception characteristic for an entire
area in the near field of the microphone array simultaneously for dif-
ferent distances and angles.

The work in [16] considered a weighted delay-and-sum array
with full-band processing as basis for the optimization. In [17] we
compared two recent different approaches for designing microphone
array beamformers, a numerical near field optimized beamformer
and a linearly constrained minimum variance beamformer, using real
audio recordings.

In this contribution we extend the concept for the numerical near
field optimization of a reception characteristic to the class of sub-
band filter-and-sum beamformers.

1.2. Organization of the paper

The remainder of this paper is organized as follows. In Sec. 2, a
brief overview of the proposed system is given. Sec. 3 describes the
numerical optimization procedure based on the target reception char-
acteristic. Experimental results are shown in Sec. 4 and conclusions
are drawn in Sec. 5.

2. SYSTEM OVERVIEW

Since the target reception characteristic of a microphone array is fre-
quency dependent our delay-and-sum beamformer approach [16] is
extended by a non uniform filterbank [18] which subdivides each
microphone signal into N frequency sub-bands. The optimization
of the filter-and-sum units is carried out in these frequency bands to
gain more degrees of freedom for the optimization procedure.

A simplified block diagram of the proposed microphone array
system is depicted in Fig. 1. It consists of a filterbank with N sub-
bands followed by different filter-and-sum units represented by the
impulse responses hm

n m ∈ {1, . . . ,M}, n ∈ {1, . . . , N} with
n denoting the sub-band index and m the microphone index at all
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Fig. 1. Modified filter-and-sum beamformer with M Microphones
and N non-uniform sub-bands

M microphones. The samples um(k) are obtained by analog-digital
conversion with sampling frequency of fs = 48 kHz, where k is the
discrete time index.

A point source s(k) is assumed to be at position p on an appro-
priately chosen spatial grid (e.g., in a two-dimensional Cartesian co-
ordinate system: p = (x y)T ). With the impulse responses hpm(k)
from the point source to each microphone the microphone signal
um(k) can be expressed as:

um(k) = hpm(k) ∗ s(k). (1)

The output v(k) depends on the source location p and can be
calculated according to:

v(k) =

M∑
m=1

N∑
n=1

hm
n (k) ∗

(
hFB
n (k) ∗ um(k)

)
, (2)

where hFB
n (k) represents the filterbank and hm

n (k) the FIR sub-band
filters of length L.

3. NUMERICAL OPTIMIZATION

The basic concept of the numerical optimization process for each
sub-band is depicted in Fig. 2. The procedure consists of an iterative
minimization of an error measure, which is the summed level differ-
ence between the predefined target reception characteristic and the
simulated one, based on the current state of the filter coefficients.

Since the optimization works in an identical manner for simu-
lated and measured impulse responses it is very flexible with respect
to different practical application scenarios.

3.1. Determination of the Reception Characteristic in the Near
Field

The reception characteristic can be calculated by the following three
steps:

• simulating or measuring impulse responses between points on
an appropriately chosen spatial grid in the near field and all
microphones,

Impulse Response
Filtering

Impulse
Responses

Initial Filter CoefficientsStart

Reception
Characteristic
Determination

Error Measure
Calculation

Target Reception
Characteristic

Variation
small?

Variation
small?

Filter Coefficients
Optimization

Finished

Finished

yes

yes

no

no

Fig. 2. Block diagram of the optimization process for each frequency
sub-band

• processing these impulse responses with the modified filter-
and-sum beamformer (see Fig. 1) to get an overall filter for
every point in the near field, and

• calculating the amplification and damping for every point
from these overall filters.

Since the output signal v(k) for each source location p can be
expressed as a filtered version of the source signal:

v(k) =

M∑
m=1

N∑
n=1

hm
n (k) ∗ hFB

n (k) ∗ hpm(k) ∗ s(k), (3)

the overall filter gp(k) can be calculated as:

gp(k) =

M∑
m=1

N∑
n=1

hm
n (k) ∗ hFB

n (k) ∗ hpm(k). (4)

The frequency transform of the overall filter gp(k) results in:

Gp(f) = F {gp(k)} . (5)

Therefore the reception characteristic Sp(f) in dB can be calculated
at frequency f for every point p in the vicinity of the microphone
array by:

Sp(f) = 20 · log10 |Gp(f)| . (6)

3.2. Definition of the Target

The target reception characteristic Ŝp(f) is defined as a spatial dis-
tribution of areas with defined amplification or damping in front of
the microphone array. It can be defined individually for all frequen-
cies but a frequency-independent target is suitable for many applica-
tions. This corresponds to a given SNR for the received signal as the
target speaker should be in the amplified region Phigh (target level
Shigh) while all interfering signals are assumed to be in the damped
area Plow (target level Slow).

Ŝp(f) = Ŝp =

{
Shigh for p ∈ Phigh

Slow for p ∈ Plow

(7)
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Fig. 3. Reception characteristic of the delay-and-sum microphone
array with optimized weighting at 500 Hz [16]

The precise choice of the areas and levels depends on a priori knowl-
edge from the application, e.g., a conferencing scenario, where the
target speaker should be amplified while all interfering sources shall
be attenuated.

3.3. Error Function

The target of the optimization procedure is to minimize an error mea-
sure, which is the summed level difference ∆S between the prede-
fined target Ŝ and the simulated reception characteristic S. For all
points where Ŝp(f) is defined according to Eq. 7 and over all fre-
quencies fi (i ∈ {imin, . . . , imax}) for which the reception charac-
teristic shall be optimized the level difference is summed:

∆S(n) =

imax∑
i=imin

∑
p∈(Phigh∪Plow)

Ŝp(fi)− Sp(fi), (8)

where fimin and fimax denote the lower and upper edge frequencies
of sub-band n.

3.4. Optimization Procedure

The optimum filter coefficients for each sub-band n are determined
based on this summed level difference in a minimum mean square
error (MMSE) sense by:[

h1
n, . . . ,h

M
n

]
opt

= arg min
h

∆S(n)2 . (9)

The optimization is carried out by an iterative interior-point algo-
rithm [19] with the constraint that the filter coefficients have to be in
the range of−1 and 1. This constraint only limits the maximum am-
plification that is achievable by the array itself and does not change
the relation between the filter coefficients. A subsequent scaling of
the output v(k) can be applied to map the reception characteristic to
a desired level.

4. RESULTS

The proposed microphone array system is compared with the opti-
mized near field weighted delay-and-sum beamformer [16]. The op-
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Fig. 4. Reception characteristic of the proposed microphone array
with optimized filters at 500 Hz

timization scheme also allows to optimize the entire reception char-
acteristic in the vicinity of a microphone array at once. The recep-
tion characteristics shown here are calculated for a free field setup to
allow a better comparison of both algorithms.

For both setups, a level difference of 40 dB was chosen between
the amplified and the damped area. The microphone arrays are de-
signed to amplify sources on the left (−0.5 m ≤ x < 0 m∧0.2 m <
y ≤ 0.8 m) while damping sources on the right (0 m < x ≤
0.5 m ∧ 0.2 m < y ≤ 0.8 m). For both dimensions (x and y),
the density of the spatial grid is set to 0.01 m leading to 3000 points
in Phigh and Plow, respectively.

The microphone array consists of M = 8 sensors with a spac-
ing of 3 cm between the sensors and is centered at the origin of the
coordinate system. Spatial aliasing can be expected for frequencies
greater than approx. 5600 Hz. For the proposed system the num-
ber of sub-bands was set to N = 6 using a non uniform filter bank
[18]. The frequency range of each sub-band can be seen in Table 1.
For simplicity all sub-band filters have been realized as FIR filter.
The degree of the filter-and-sum units hm

n was set to L = 8. A
comparison of the reception characteristics is given for two different
operating frequencies:

• fi = 500 Hz as a representative for the lower frequencies for
which the microphone array can be utilized,

• fi = 2000 Hz as a frequency that is right in the center of the
operational frequency range of the microphone array.

Band Frequency range [Hz] Band Frequency range [Hz]

1 1 268 4 1549 2614
2 268 839 5 2614 4731
3 839 1549 6 4731 12049

Table 1. Filterbank sub-bands

In Fig. 3 the performance based on optimized weighting accord-
ing to [16] for the 500 Hz case is shown. A noticeable level dif-
ference between the right and left side can be seen. However, the
target for the damped area is only partly achieved. The reception
characteristic for the proposed system (see Fig. 4) fits the previously
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Fig. 6. Reception characteristic of the delay-and-sum microphone
array with optimized weighting at 2000 Hz [16]

defined areas of damping and amplification very well even at this
low frequency.

Comparing the performance for the 2000 Hz case (Fig. 6 and
7) the difference of the reception characteristics is smaller. Both
algorithms provide a significant level difference between Phigh and
Plow. But especially in the critical border region at x = 0 m the new
beamformer matches the predefined target reception characteristic
even better.

As an additional performance example the proposed algorithm
was also evaluated using measured impulse responses for the opti-
mization procedure. Therefore the Speech & Acoustic Lab of the
Faculty of Engineering at Bar-Ilan University, with controllable re-
verberation time, was utilized to create an audio-database using an
8-channel microphone array.1

According to a typical scenario, e.g., a video conference, the re-
verberation time was set to 160 ms. The density of the spatial grid (in
polar coordinates) for this setup is given by angles from 0◦ to 180◦

in 15◦ steps for 1 m and 2 m radii. Plow in polar coordinates maps

1The audio-database includes impulse responses as well as audio record-
ings (speech and noise). The measurements were taken for different micro-
phone setups and different reverberation times. The database will be made
available to the research community in the near future.
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Fig. 7. Reception characteristic of the proposed microphone array
with optimized filters at 2000 Hz

to all radii for angles from 0◦ to 90◦, Phigh from 91◦ to 180◦, re-
spectively. The remaining setup was not changed. Fig. 5 depicts the
transfer function for the center of regions Phigh and Plow. A signif-
icant level difference (in average approx. 14.5 dB) can be seen over
the complete frequency range up to the spatial alias frequency of ap-
prox. 5600 Hz. This also confirms the performance of the proposed
system independently of the operational frequency.

5. CONCLUSION

A novel filter-and-sum beamformer based on numerical near field
optimization was presented. The beamformer consists of a non uni-
form filterbank with FIR filters in the sub-bands which are optimized
to achieve improved beamforming. The proposed approach com-
bines the advantages of decoupled sub-band filter optimization with
a frequency resolution according to the auditory system. The opti-
mization scheme allows to realize a predefined reception character-
istic which can be freely chosen according to the application. The
proposed system provides a distinct spatial separation independently
of the frequency. Switching between different reception characteris-
tics, e.g., for speaker selection in a conference scenario, can be easily
achieved by several pre-computed filter sets.
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Fig. 5. Transfer function of the microphone array with optimized filters for the center of regions Phigh and Plow
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