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ABSTRACT

Beamforming is a popular method of acoustic source localisation using an array of microphones. When beamforming
over a plane or a series of planes, these microphone arrays are often two-dimensional sparse patterns of various designs.
The design of these patterns is non-trivial, and influences the achievable resolution, also referred to as the beamwidth, and
the Maximum Sidelobe Levels (MSL), a measure of the ability of the array to reject sources that the array is not focussed
on. Although recent deconvolution techniques such as DAMAS aim to remove properties of the array from the results of
beamforming, in practice the properties of the array will still influence the quality of the results. For this reason, it is
important that the array exhibit good resolution and MSL for the intended beamforming application. In this paper, several
popular two-dimensional array patterns such as the patented Underbrink and B&K spirals, as well as Doherty spirals
and log-spirals are critically compared for both resolution and MSL for a variety of source locations, including both
near-field (spherical propagation) and far-field (planar propagation) sources. Each array compared has an aperture of 1m,
and uses 63 microphones in a typical arrangement found for each of the types. As array resolution scales linearly with
wavelength, the resolution is calculated at a single frequency of 3 kHz, and normalised against wavelength. The MSL
levels are calculated at the one-third octave band centre frequencies from 1–31.5 kHz. Results show that the Underbrink
design outperforms other array patterns in both resolution and MSL over the majority of frequencies analysed.

INTRODUCTION

Beamforming is a popular technique where an array of receivers
is used to identify transmission sources and/or improve signal to
noise ratios of the source originating from a certain point. Appli-
cations include radio-telescopes (Napier, Thompson, and Ekers
1983); wireless networking (Love, Heath, and Strohmer 2003);
and in acoustics, conference room speaker isolation (Fischer
and Simmer 1996); and source localisation for aeroacoustic
sources (Arcondoulis et al. 2012).

For scanning over a plane, or a series of planes, microphones are
usually placed on a two-dimensional plane. If the microphones
are regularly spaced, then they must be placed close together to
avoid spatial aliasing, resulting in a requirement for potentially
thousands of microphones, which has extreme cost require-
ments. Instead of using regular microphone spacing, irregular
microphone spacing can avoid spatial aliasing for a much more
modest expense. In fact, if no common grid of inter-microphone
spacings (also known as the co-array) can be established, spatial
aliasing can be eliminated, however sidelobes that approach the
main lobe in amplitude are often considered effective spatial
aliasing (Johnson and Dudgeon 1993). For this reason, success-
ful irregular array designs should have unique inter-microphone
spacings, which is known as a non-redundant array design.

Designing a successful irregular array pattern is a non-trivial
process, and there have been many attempts to improve the
array response for a fixed number of microphones. Several of
the more popular configurations are presented below in the array
types section. As spiral designs naturally exhibit unique inter-
microphone spacings, and hence are naturally non-redundant,
many of the currently popular beamformer designs in acoustics
use spirals as their base structure.

The response of an array is typically evaluated by simulating
or creating a point sound source, then looking at the output
over a larger scanning plane. The resulting beam pattern will
show how well the array is able to locate a source at a given
frequency, also known as its resolution or beamwidth, which
varies linearly with frequency; and how well the array is able
to reject sound sources that are located away from the focus
point, which is determined by the next highest lobe in the array
response, referred to as the Maximum Sidelobe Level (MSL).

Recently there has been considerable progress in deconvolution
techniques, such as DAMAS (Brooks and Humphreys 2006),
which aim to remove the characteristics of the array from the
resulting beamformed pattern. Although many of these decon-
volution techniques perform well, in practice the properties of
the array still influence the results, hence it is important that the
array still performs well.

This paper performs a comparison of several popular beamform-
ing array designs, by comparing their beamwidth and MSL over
a range of source locations. First, the array types are discussed
below in the Array types section, where an effort is made to
present equations of each array, as these are often not published.
Following this, the methodology for evaluating the array re-
sponse is introduced, before results and concluding remarks are
presented.

ARRAY TYPES

The array types used in this comparison have been taken from
several popular designs. Often, the equations to generate the
microphone locations have not been published, so a point is
made to display all array microphone locations in this work.

Archimedean spiral

The Archimedean spiral array is an array with microphones
placed according to the Archimedean spiral equation:

r(θ) = a+bθ . (1)

To design an Archimedean spiral array, the maximum and min-
imum radii, rmax and r0 respectively; the number of turns the
spiral should turn through, φ in radians; and the number of
microphones, N, should be selected. The array microphone
positions are then:

θn =
(n−1)φ

N−1
, n = 1, . . . ,N, and (2)

rn = r0 +
rmax− r0

φ
θn, n = 1, . . . ,N. (3)

The design of an Archimedean spiral is shown in Figure 1.
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Figure 1. Archimedean spiral array design with N = 31, φ =
11π/2rad, and r0/rmax = 0.2.

Dougherty log-spiral

The Dougherty array (Dougherty 1998; Underbrink 2002) is
constructed from a logarithmic spiral, with microphones placed
at equally spaced arc lengths. The Doherty log-spiral array
is designed by choosing the maximum spiral radius, rmax, the
minimum spiral radius, r0, the spiral angle, ν (the constant angle
at which radii from the origin of the spiral are cut by the spiral
curve), and the number of microphones, N. The microphone are
then equally spaced along the spiral(Underbrink 2002):

ln =
(

n−1
N−1

)
lmax, n = 1, . . . ,N (4)

where:

lmax =
r0
√

1+ cot2(ν)
cot(ν)

(
rmax

r0
−1
)
. (5)

The polar coordinates of the microphones can then be calculated
using:

θn =
1

cot(ν)
ln

(
1+

cot(ν)ln
r0
√

1+ cot2(ν)

)
, n = 1, . . . ,N, and

(6)

rn = r0ecot(ν)θn , n = 1, . . . ,N. (7)

The design of the Dougherty log-spiral is illustrated in Figure 2.

ν
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r0

Figure 2. Dougherty log-spiral design with N = 31, ν =
15π/32rad, and r0/rmax = 0.2.

Arcondoulis spiral

The Arcondoulis spiral (Arcondoulis et al. 2010) is an exponen-
tial spiral modified to place more microphones near the centre,
and hence improve the MSL level at high frequencies. The
Arcoundoulis spiral is calculated by choosing coefficients a,
which affects the overall size of the array, b, which affects how
rapidly the spiral extends from the centre, φ , the total angle the
spiral sweeps through, εx and εy, parameters which affect the
‘squashing’ of the spiral in x and y respectively. The microphone
locations are then:

xn =

(
n+ εxN

N

)
acos(θn)exp(bθn), n = 1, . . . ,N, and

(8)

yn =

(
n+ εyN

N

)
asin(θn)exp(bθn), n = 1, . . . ,N, (9)

(10)

where:

θn =

(
(n−1)φ

N−1

)
, n = 1, . . . ,N. (11)

To simplify the design, if a desired starting radius, r0, and
maximum radius, rmax, are known, the coefficients a and b can
be calculated to be:

a = r0

(
N

εxN +1

)
(12)

b =
1
φ

ln

 rmax

a
√

(1+ εx)2 cos2 φ +(1+ εy)2 sin2
φ

 (13)

An illustration of the Arcondoulis spiral design is shown in
Figure 3.

φ

rmax

r0

Figure 3. Arcondoulis spiral design with N = 31, φ =
11π/2rad, εx = εy = 0.9, and r0/rmax = 0.2.

Multi-spiral

The multi-spiral design is based upon using a number of spirals,
equally rotated about the origin (Underbrink 2002). The partic-
ular spiral to base each arm on can vary; however in this case
the log spiral is used.

The procedure for determining microphone positions is to select
the maximum and minimum radii, rmax and r0, the number of
spiral arms, Na, and the number of microphones per spiral Nm,
and the spiral angle, ν , then repeat the Dougherty log-spiral
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procedure for N = Nm to get r1,n and θ1,n. The spiral arm is
then repeated Na times and equally rotated about the origin:

rm,n = r1,n, n = 1, . . . ,Nm, m = 1, . . . ,Na, and (14)

θm,n = θ1,n +
m−1

Na
2π, m = 1, . . . ,Na, n = 1, . . . ,Nm.

(15)

Finally, if desired, a single microphone is placed in the centre
of the array.

An illustration of the multi-spiral design is shown in Figure 4.

ν

rmax

r0

Figure 4. Multi-spiral array design with N = 31, Na = 5, Nm =
6, ν = 5π/16rad, and r0/rmax = 0.2.

Underbrink array

The Underbrink design (Underbrink 2001; Underbrink 2002)
is a modified multi-spiral design, where the microphones are
placed in the centre of equal area segments. The procedure for
calculating the microphone locations is to select the maximum
and minimum (microphone) radii, rmax and r0, the number of
spiral arms, Na, the number of microphones per spiral Nm, and
the spiral angle, ν . The area of the array is then separated into
Nm− 1 equal area annuli, which are further subdivided into
equal area segments, with microphones placed at the centre of
these segments. Finally, an inner circle of microphones is added
at r0 to improve the high frequency MSL, and if desired an
extra microphone can be placed at the origin. The radii of the
microphones are:

rm,1 = r0, m = 1, . . . ,Na (16)

rm,n =

√
2n−3

2Nr−3
rmax, m = 1, . . . ,Na, n = 2, . . . ,Nm.

(17)

With the radii of the microphones known, the angles are cal-
culated by placing each microphone along a log spiral, and
rotating the spiral around the origin so that there are Na spiral
arms. Thus the angles of the microphones are:

θm,n =
ln
(

rm,n
r0

)
cot(ν)

+
m−1

Na
2π, m= 1, . . . ,Na, n= 1, . . . ,Nm.

(18)

An illustration of the Underbrink array design is shown in
Figure 5.

Brüel & Kjær style array

The Brüel & Kjær (B&K) style array (Christensen and Hald
2006) is designed to be easily assembled and disassembled for

ν
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r0

Figure 5. Underbrink array design with N = 31, Na = 5, Nm =
6, ν = 5π/16rad, r0/rmax = 0.2.

field use, and hence is based around two concentric hoops with
microphones located on spokes between the hoops. The spokes
themselves are placed at an angle φ to the inner hoop (such that
φ = 90° would place the spoke tangential to the inner hoop,
and φ = 180° would place the spoke radially outward), and the
microphones have a non-uniform spacing along the spoke. To
calculate the microphone locations, the number of spokes, Na,
microphones per spoke, Nm, spoke angle, φ , and a distribution
of microphone locations along the spoke:

dn ∈ [0 1], n = 1, ...,Nm, (19)

need to be chosen. The microphone radii can then be calculated
as:

rm,n =
√

r2
0 +(ldn)2−2r0ldn cos(φ),

m = 1, ...,Na, n = 1, ...,Nm, (20)

where:
l = r0 cos(φ)+

√
r2

max− r2
0 sin2(φ). (21)

The angles of the microphones are then:

θm,n = sin−1
(

ldn

rm,n
sin(φ)

)
+

m−1
Na

2π,

m = 1, . . . ,Na, n = 1, . . . ,Nm. (22)

An illustration of the B&K array design is shown in Figure 6.
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Figure 6. B&K array design with N = 30, Na = 5,
Nr = 6, r0/rmax = 0.4, φ = 1.8rad, and d =
[0 0.13 0.333 0.56 0.666 1].
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Comparison methodology

The different array types were compared for beamwidth and
MSL for both near-field (spherical propagation) and far-field
(planar propagation), and compared over a range of frequen-
cies. The two comparison methods are explained in more detail
below.

Far-field comparison

The equation for the response of a beamformer for a unit pres-
sure planar wave is (Underbrink 2002):

W (~k,~k0,~x) =
N

∑
n=1

e j(~k−~k0)·~xn

N
, (23)

where: W is the array response,~k is the wavenumber vector
to focus on,~k0 is the wavenumber vector of the source, ~x is
the vector of microphone locations, and N is the number of
microphones.

Due to the direct subtraction of the wavenumber source from the
wavenumber focus point in Equation (23), the array response
does not change shape with source direction in this wavenum-
ber domain (note that the wavenumber domain does not scale
linearly with angle). Hence to compare the arrays, each ar-
ray’s response was evaluated with a source located at kx0/k = 0
and ky0/k = 0, where kx0 and ky0 are the x and y components
of the source wavenumber vector, and k is the wavenumber
magnitude. The array response was evaluated over a grid of
kx/k = [− 1√

2
1√
2
] and ky/k = [− 1√

2
1√
2
] each with 201 equally

spaced points, where kx and ky are the x and y components of
the focus wavenumber.

The response of the array is then converted to decibels:

Y (~k,~k0,~x) = 10log
(∣∣∣W (~k,~k0,~x)

∣∣∣2) (24)

and the beamwidth was found by searching in 4 directions from
the source origin for the −3dB point, as shown by the 4 arrows
in Figure 7, then taking the largest value, kp/k, converting to
an angle, and normalising by the wavelength:

BWp =
2
λ

sin−1
(

kp

k

)
. (25)

The MSL level is determined by excluding the main lobe, which
is determined by searching in radial directions from the source
origin for the first stationary point (i.e. where dY/dr = 0, with
r being the radial coordinate), then finding the maximum level
outside of this main lobe, as shown in Figure 7.

As the beamwidth scales linearly with wavelength, the beamwidth
for each array is only calculated at a single frequency of f =
3kHz. The MSL levels on the other hand tend to increase
with frequency, although no simple relationship is evident, and
as such they are calculated at a range of frequencies. In this
case, the frequencies to calculate the MSL levels are the centre
frequencies of the one-third octave bands from f = 1kHz to
f = 31.5kHz.

Near-field comparison

When a beamforming array is used with a near-field source, such
that the pressure waves propagate spherically, the evaluation of
the array performance is less general, and must be performed at
the expected array operating conditions.

Instead of scanning over incoming wavenumbers, as per far-
field beamforming, near-field beamforming instead scans over
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Figure 7. Illustration of the far-field array comparison method.
This plot is the response of an Underbrink array with N = 63,
Na = 7, Nm = 9, rmax = 0.5m, r0 = 0.02m, and ν = 3π/8rad
for planar propagation at f = 1.5kHz. The arrows indicate the
search directions for determining the main lobe width, and the
dashed line indicates the first stationary points from the main
lobe, and hence the MSL is the maximum value outside this
region.

a region of space, usually a plane parallel to the plane of the
array.

For this comparison, cartesian coordinates were used, with
both the microphone and scanning planes being x–y planes,
with z = 0m for the microphone plane, and z = 0.5m for the
scanning plane. Specifically, the coordinates of the scanning
plane were a regular grid with points:

x ∈ [−0.5 0.5]m, with ∆x = 0.01m (26)
y ∈ [−0.5 0.5]m, with ∆y = 0.01m (27)
z = 0.5m. (28)

The response of the arrays were analysed using an analytic
expression from Underbrink (2002):

W (ω,~xp,~xs) =
N

∑
n=1

rs

rn
exp
{

jω
[
(rs− rp)− (rn− r′n)

c

]}
,

(29)
where: W is the array response; ω is the analysis frequency;~xp
is the focus point;~xs is the source location; N is the number of
microphones; rs is the distance from the source to the origin of
the array; rp is the distance from the origin to the focus point;
rn is the distance from the source to the n-th microphone; r′n
is the distance from the n-th microphone to the focus point;
and c is the speed of sound (assumed to be 343.21m/s for this
comparison).

As the beamformer response will vary significantly with source
location (as opposed to the far-field response), the array re-
sponses are evaluated over a grid of source locations:

xs ∈ [−0.5 0.5]m, with ∆x = 0.01m (30)
ys ∈ [−0.5 0.5]m, with ∆y = 0.01m (31)
zs = 0.5m. (32)

For each source location, the array response was normalised
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and converted to decibels:

Y (ω,~xp,~xs) = 10log

(
|W (ω,~xp,~xs)|2

|W (ω,~xs,~xs)|2

)
, (33)

then the beamwidth was calculated by searching in the tangental
and radial directions for the−3 dB point. The maximum value is
then used as the beamwidth and normalised against wavelength:

BW0.5 =
2
λ

lmax, (34)

where the subscript to BW indicates the z depth, and lmax is
the maximum length from the search directions. As with the
far-field approach, the beamwidth for a near-field source scales
linearly with wavelength, hence the beamwidths are only evalu-
ated at a single frequency of f = 3kHz.

The MSL levels were calculated by searching in radial direc-
tions from the source for the first stationary point, then finding
the maximum value outside of this region. The MSL levels were
evaluated over the grid of source locations above, and for the
same one-third octave band centre frequencies as used in the
Far-field Comparison section. An illustration of this process is
shown in Figure 8.
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Figure 8. Illustration of the near-field source array compari-
son method. This plot is the response of an Underbrink array
with N = 63, Na = 7, Nm = 9, rmax = 0.5m, r0 = 0.02m, and
ν = 3π/8rad for spherical propagation at f = 1.5kHz with the
source located at~x = [0.25 0.25 0.5]m. The arrows indicate the
radial and tangential search directions for determining the main
lobe width, and the dashed line indicates the first stationary
points from the main lobe, and hence MSL is the maximum
value outside this region.

Array Parameters

The arrays used in this comparison each used N = 63 micro-
phones, and had an aperture of 1 m (hence rmax = 0.5m). The
specific parameters for the different array types used in the
comparison are given in Table 1. It is worth noting that the
parameters used in this comparison have not been optimised. In
some instances, such as for the B&K array, the original authors
state they have optimised the design, but fail to publish the
resulting parameters or microphone locations.

RESULTS

The results and discussion of the array comparison results for
both the near-field and far-field sources are given below.

Table 1. Array parameters used in the array comparison. ∗

denotes derived values.
(a) Archimedean spiral

N 63
φ 8π rad
r0 0.005m

rmax 0.5m

(b) Doherty log-spiral

N 63
ν

31
64 π rad

r0 0.01m
rmax 0.5m

(c) Arcondoulis spiral

N 63
r0 0.02 m

rmax 0.5 m
φ 12π rad

εx, εy 0.9
a∗ 0.0218
b∗ 0.0660

(d) Multi-spiral

N 63
Na 7
Nm 9
r0 0.05 m

rmax 0.5 m
ν

3
8 π rad

(e) Underbrink array

N 63
Na 7
Nm 9
r0 0.05 m

rmax 0.5 m
ν

3
8 π rad

(f) B&K style array

N 63
Na 7
Nm 9
r0 0.2 m

rmax 0.5 m
φ

π

2 rad
~d [0 0.09 0.233 . . .

0.333 0.555 0.628 . . .
0.688 0.895 1]

Far-field comparison results

The far-field results for array resolution are given in Table 2,
and the MSL levels versus frequency are shown in Figure 9. The
results show that the Underbrink and B&K achieve significantly
better array resolutions than the other array types, with the
single spiral designs (Doherty, Archimedean and Arcondoulis)
performing the worst. The MSL results show that the Multi-
spiral, Underbrink and Arcondoulis arrays achieve the lowest
MSLs at low, medium and high frequencies respectively, with
the B&K and Archimedean design performing poorly.

Table 2. Results of the far-field array comparison resolutions
(beamwidths).

Underbrink 1.064 deg/m
B&K 1.083 deg/m
Multi-spiral 1.192 deg/m
Doherty 1.294 deg/m
Archimedean 1.299 deg/m
Arcondoulis 2.003 deg/m

It appears that for the far-field comparison, the Underbrink
design provides the best array resolution with good MSLs.

Near-field comparison results

The beamwidth levels for different source locations are shown
in Figure 10. The results show that similar to the far-field results,
the Underbrink and B&K designs achieve the best array resolu-
tions, and maintain good resolutions for much of the scan plane.
Interestingly, the designs based on a single spiral (Archimedean,
Doherty and Arcondoulis) exhibit significant distortion in the
resolution over the scan plane, which is due to the spiral nat-
urally placing less microphones at the outer radii then multi
armed designs.

The MSLs for the arrays with the source located at the centre
of the scanning plane is shown in Figure 11, and the MSLs
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Figure 9. Results of the far-field array comparison MSLs.
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Figure 10. Near-field array resolution (beamwidth) for different
source locations.

for the worst-case source location for each array is shown in
Figure 12. The results show that the MSL levels for all of the
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Figure 11. Near-field MSL levels when~xs = [0 0 0.5].
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Figure 12. Near-field worst case source location MSL levels.

arrays appears to approach a value of approximately −6 dB
as frequencies increase, which is a higher value than from
the far-field comparison. When the source is located at the
origin, the Arcondoulis spiral appears to have the lowest MSLs
above f = 4kHz, closely followed by the B&K, multi-spiral
and Underbrink designs. However at frequencies below 2.5 kHz,
the Arcondoulis and B&K designs perform poorly.

When considering the worst-case source location MSL, the
Arcondoulis spiral performs poorly, with the other single spiral
designs (Doherty and Archimedean) performing slightly better.
On the other hand, the Underbrink and Multi-spiral designs have
the lowest worst-case source location MSLs above f = 4kHz.

This discrepancy between MSL levels for the source at the
centre versus worst case is likely due to the distribution of
microphones over the array. For the single spiral designs there
tend to be a higher density of microphones around the centre
of the array, in particular the Arcondoulis spiral which was
modified to place more microphones around the centre. This
results in better MSLs when the source is located at the origin,
at the expense of array resolution and performance when the
source is not located directly in front of the centre of the array.
In contrast to this, the multi-armed design tend to have a better
distribution of microphones around the outer regions of the
array, hence providing higher array resolution, and good MSLs
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over a larger area, at the expense of higher MSLs directly below
the centre of the array.

CONCLUSIONS

Several popular array designs used in acoustic beamforming
have been compared for far-field, and near-field applications.
The array designs that are based around multiple arms, with
microphones more evenly distributed around the array area,
tended to achieve the best array resolution with adequate MSLs
for most of the area. Array designs with a high density of
microphones located at the centre of the array tended to achieve
the best MSLs directly below the array, at the expense of array
resolution and performance over a larger array area.

Based on the results for both the far-field and near-field source
comparisons, the Underbrink style array appears to offer the
best all-around performance, with the best array resolution,
competitive MSLs when the source is located at the centre, and
good MSLs when the source is not located directly below the
array.
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