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Abstract

In a workplace, sound waves come from all directions. Spherical microphone arrays
are therefore more suitable than planar microphone arrays to localize sources. If the microphones are flush-mounted on a solid sphere, the microphone array is considered rigid.
Otherwise, the microphones can be mounted on a wireframe and the microphone array is
said to be open. With a rigid spherical microphone array, the most efficient algorithm is the
spherical harmonic beamforming (SHB) because the scattering effect can be considered.
With an open spherical microphone array, beamforming can be performed in the frequency
domain, known as conventional beamforming (CBF), or in the time domain based on the
generalized cross-correlation (GCC). In this study a comparison of the three algorithms is
conducted numerically for a point source located in a room. The room impulse response
between the source and a spherical array, either rigid or open, is used to compute the acoustic pressure at the microphone positions. The acoustic images obtained with the different
methods are characterized quantitatively by using a covariance ellipse to surround the main
lobe and determine its area. The influence of the frequency of the source signal and the
sphere radius on the obtained acoustic images is investigated.
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1 INTRODUCTION
Many workers suffer from hearing loss due to exposure to excessive noise levels. Hearing
protection is the simplest solution to safeguard workers’ hearing, but its efficiency is limited [6].
The most efficient noise control solutions involve the elimination or the substitution of the
source and the use of acoustic materials and barriers. Implementing these solutions may require
to localize the noise source. This task can be performed with a spherical microphone array
(SMA) which is more suitable than a planar microphone array to localize the acoustic sources
in a workplace because it captures the sound waves coming from all directions. The result is an
acoustic image where the source positions provided by the beamforming is overlaid on a picture
of the workplace.
Acoustic imaging with SMA has been used with rigid or open design. The SMA is referred
to as rigid when the microphones are flush-mounted on a solid sphere and open when the microphones are mounted on a wireframe. Rigid SMA can interfere with the acoustic waves and can
induce scattering effects while open SMA is considered transparent with respect to the acoustic waves. In addition to this design difference, the sphere radius, the microphones number
and position can vary. Moreover, acoustic images can be achieved with various beamforming
algorithms.
In 2004, Petersen developed a rigid SMA with an optimized t-design geometry of 64 microphones and a radius of 14 cm. He evaluated the spherical harmonic beamforming (SHB) and
the conventional frequency domain beamforming (CBF) algorithms [20]. In 2008, Haddad &
Hald proposed an extension of the SHB to get an estimate of the source level, called spherical
harmonics angularly resolved pressure (SHARP). They used a rigid SMA of 36 microphones
with a radius of 9.75 cm [7]. In 2013, Hald increased the number of microphones to 50 with
the same rigid SMA and presented the filter and sum algorithm to improve the side lobe rejection [8]. In 2016, Araujo compared the SHB and CBF in the case of a rigid SMA with 20
microphones and t-design geometry [1]. He showed, as Petersen, that the SHB provides a better
resolution than the CBF at low frequencies [20, 1]. Classic deconvolution algorithms initially
developed for planar microphone arrays have been adapted to the SHB with rigid SMA [2].
In 2019, Chu et al. used the same rigid SMA as Haddad & Hald. They tested a combination
of SHARP with CLEAN and CLEAN-SC and found an improvement of acoustic images with
CLEAN-SC algorithm [3].
In 2002, Merimaa presented a double open layer SMA of 12 microphones with a radius of
0.5 cm and 5 cm. He discussed the different applications possible with this SMA, such as room
response measurement, sound recording or source localization [13]. In 2006, Noel proposed
an open SMA of 15 microphones with a radius of 25 cm and used a time domain technique
based on the generalized cross-correlation (GCC) [14]. In 2008, Heilmann et al. presented
open SMAs with respectively 48 and 120 microphones with a time domain algorithm [9]. In
2016, Djordjevic et al. developed an open SMA of 32 microphones with a radius of 7.5 cm and
used the SHB algorithm [4]. Padois et al. used two open SMAs, with a radius of 25 cm with 14
or 15 microphones. They used the GCC with geometric and energetic criteria for improving the
acoustic images [19]. They also compared the geometrical or harmonic mean to the arithmetic
mean for improving the acoustic images even with few microphones [16, 15]. In 2017, Du et
al. evaluated open SMAs of 64 microphones with a radius of 15 cm and concluded that the best
performance is given with the spiral geometry [5]. In 2019, Padois et al. proposed an optimized
geometry for open SMA, with 18 microphones with a radius of 20 cm, based on the aperture
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angle of a microphone pair and the scan points [17].
Different microphone array geometries have been used in the literature. In 2005, Rafaely
compared the equi-angle, Gauss’s and t-design geometries for a rigid SMA and showed that
the t-design generates the least spatial aliasing [22]. In 2016, Lecomte et al. compared the
Lebedev’s, t-design and Fliege’s geometries and showed that the microphone distribution with
Lebedev’s geometry provides the best performance in terms of sound field capture and reproduction in ambisonic field [12]. In 2017, Du et al. compared several geometries such as t-design
and spiral geometry. They concluded that spiral geometry gives the best performance of sound
source localization with CBF and an open SMA [5]. The Lebedev’s and spiral geometries have
not been compared yet while the t-design geometry seems the most used.
This literature review has shown that various SMAs have been tested with different designs,
radius, number of microphones, geometry and algorithm. The SMA design, the number of microphones and the radius are usually set and the investigations concern the optimization of the
geometry or the algorithm. In this study a comparison of the three algorithms SHB, CBF and
GCC is conducted numerically for a point source in a room and far enough from the SMA to
consider plane waves. The t-design, Lebedev’s and spiral are considered with rigid and open
SMA. The theoretical background of these algorithms is introduced in section 2. The methodology is presented in section 3. The room impulse response (RIR) method is used to compute
the acoustic pressure at the SMA. The selected geometries are depicted. The ellipse area criterion surrounding the main lobe or the side lobes is presented. Acoustic images obtained with
the three algorithms and geometries are presented in section 4. The quantitative comparison,
according to the algorithms, geometry, radius or frequency, is achieved with the ellipse area.
The conclusions of this work is drawn in the last section 5.

2 THEORETICAL BACKGROUND
2.1 Frequency domain beamforming

Matrix and vector terms are denoted in bold. The common form of the acoustic image A in the
frequency domain can be written as
A(ω) = w∗ (ω)C(ω)w(ω),

(1)

where ω is the angular frequency, w is the matrix of weights and C is the cross-spectral matrix
of the acoustic pressure given by
C(ω) = p(ω)p∗ (ω),

(2)

where the vector p contains the sound pressure recorded at each microphone location and (.)∗ is
the hermitian operator. The dimensions of A, w, C and p are [L ×1], [Q ×L], [Q ×Q] and [Q×1]
respectively, where Q denotes the number of microphones and L is the number of scan points of
the acoustic image. The terms of w can differ according to the chosen algorithm, namely SHB
or CBF. With a SMA, the matrix of the weights w scans over a grid of coordinate points (θl , φl ),
where l = 1, . . . , L and θl and φl are the elevation and azimuth angles, respectively.
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2.2 Spherical harmonic beamforming

The right terms of Eq. (1) are transformed into the spherical harmonic domain, respectively the
modal matrix of weights, denoted wnm of dimension [(N + 1)2 × L], and the modal pressure,
denoted pnm of dimension [(N + 1)2 × 1] where the index n = 0, 1, . . . , N is the order and index
m = −n, . . . , n is the mode or degree. As proposed by Rafaely [24], the modal matrix of weights
is
dn
w∗nm (kra , θl , φl ) = Ym
,
(3)
n (θl , φl )
bn (kra )
where k is the wavenumber, ra is the sphere radius of the SMA, dn = 4π/(N + 1)2 is a weight
parameter giving the maximum directivity [23]. The spherical harmonic matrix Ym
n (θl , φl ) has
a dimension of [L × (N + 1)2 ]. The contribution of the amplitude of plane waves on the sphere,
denoted by bn , is given by

jn (kra )
 bn (kra ) = 4πın 
 → open SMA,
′
(4)
(2)
j
(kr
)
a
n
hn (kra )
→ rigid SMA,
 bn (kra ) = 4πın jn (kra ) − ′ (2)
hn (kra )

√
(2)
where ı = −1 is the pure imaginary number, jn is the Bessel function of first kind, hn is the
Hankel function of second kind. The operator (.)′ denotes the derivative of these functions with
respect to r. The dimension of bn is [(N + 1)2 × 1]. The modal pressure is given by
∗

pnm (kra , θq , φq ) = αq Ym
n (θq , φq ) p(kra , θq , φq ),

(5)
∗

with αq a weight which depends on the microphone positions on the sphere and Ym
n (θq , φq ) the
spherical harmonic matrix with dimension [(N + 1)2 × Q]. The spherical harmonic function is
given by
s
Ynm (θ , φ ) =

2n + 1 (n − m)! m
P (cos θ )eımφ ,
4π (n + m)! n

(6)

with Pnm the associated polynomial Legendre function. Note that Yn−m is obtained by multiplying
Ynm∗ by the Condon-Shortley factor (−1)m [10].
2.3 Conventional beamforming

With the conventional beamforming, the matrix of the weights in the case of plane waves is
given by
⃗

w∗ (ω, θl , φl ) = eık(ω,θl ,φl ).⃗r ,
where⃗r is the microphone positions and ⃗k(ω, θl , φl ) is the scan point directions.
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2.4 Generalized cross-correlation

The cross-correlation Ruv (τ) estimates the time delay between two microphone signals (u, v)
and can be obtained by the inverse Fast Fourier Transform of the cross-spectrum Cuv
N f −1

Ruv (τ) =

∑

Cuv (ω j )eıω j τ/N f ,

(8)

j=0

where τ is the time lag, j is a discrete frequency and N f the number of elements of the frequency vector. The acoustic image is provided by the arithmetic mean of the projected crosscorrelations [21]
Q
1 p
A(θl , φl ) =
(9)
∑ Ruv(τuvl )
Q p p=1
where τuvl = ∆tul − ∆tvl is the difference of the time delays for each microphone (u, v) and scan
point location l. The arithmetic mean is performed over the Q p = Q(Q − 1)/2 microphone
pairs.

3 METHODOLOGY
3.1 Simulation of the sound field recorded by a SMA

To compare the algorithms, numerical simulations in the time domain are performed. The RIR
developed by Jarret et al. is used to get the microphone signals over a rigid or open SMA [11].
A room with dimensions 18 × 12 × 5 m3 is considered, respectively width, length and height.
The reflection coefficient of the room walls is 0.01 to approximate anechoic conditions. The
frequency sampling is fs = 65, 536 Hz and the sound speed is c0 = 343 m/s. The SMA is at the
center of the room, considered as (x0 = 9 m,y0 = 6 m,z0 = 2.5 m). The source is positioned at
(rs = 4 m,θs = 90◦ , φs = 0◦ ). The source signal is a sine wave. The RIR is convolved with the
source signal to obtain the microphone signals on the SMA. The scan zone is a grid of 90 × 180
points distributed along the elevation angle θl ∈ [0◦ , 180◦ ] and azimuth φl ∈ [−180◦ , 180◦ ].
3.2 Microphone array geometry

The t-design, Lebedev’s and spiral geometries are considered in this study. These geometries
are shown on a sphere and plotted in the (θ , φ ) plane in Fig. 1. A number of 48 microphones
is chosen for the t-design geometry. It corresponds to a high polynomial order t = 9 for a
minimum number of microphones. The t-design geometry has a constant weight value given
by αq = 4π/Q. A number of 48 microphones cannot be obtained with Lebedev’s geometry.
Instead, the number of microphones is set to the closest to 48, namely 50 microphones. A
number of 48 microphones for the spiral distribution is chosen for the comparison.
The truncation order of the spherical harmonics is set to N = 4 for all geometries. The SMA
radius is set to ra = 0.1 m for the rigid SMA, in low and high frequencies, and varies from
ra = 0.1, 0.2 to 0.3 m for the open SMA in low frequency and is set to ra = 0.1 m for the last
frequency case.
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Figure 1: Microphone array of t-design, Lededev’s and spiral geometries depicted on sphere
and (θ , φ ) plane.
3.3 Acoustic image criterion

The method of the ellipse area at −3 dB and −9 dB is used to compare the acoustic images [18].
An example is shown in Fig. 2 where the ellipses are depicted on the acoustic image obtained
with an open SMA with a frequency a) f = 1, 716 Hz and b) f = 3, 000 Hz. The position of the
true source is depicted by a green cross. The ellipse radii at −3 dB and −9 dB are obtained by
the covariance matrix method. The ellipse areas, referred to as S−3 dB or S−9 dB , are obtained by
multiplying the radii of the ellipses. The ellipse area is then normalized by the largest possible
radii that corresponds to the limits of the acoustic image, such as 90◦ × 180◦ . Therefore, the
computed area is an arbitrary unit (a.u.). Note that the ellipse areas S−3,−9 dB ≥ 1 a.u. extend
beyond the frame of the acoustic image, meaning a poor source localization. At the opposite,
low values of S−3,−9 dB suggest an efficient localization. When the main lobe is well defined,
the ellipse area at −3 dB attempts to give a similar information to the main lobe width. The
ellipse area at −9 dB attempts to provide a similar information than the side lobe level.
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Figure 2: Acoustic images provided by an open SMA with 48 microphones with t-design geometry - ra = 0.1 m. The dashed cyan and blue lines defined the ellipse areas at −3 dB
and −9 dB, respectively. The green cross exhibits the true source position.

4 ACOUSTIC IMAGES RESULTS
The three algorithms are compared with different SMA. Low and high frequency source signals
are considered to highlight the performance of each algorithm. With the rigid SMA, the cases
at 500 Hz and 3, 000 Hz are shown in Figs. 3-4. With the open SMA, the cases at 500 Hz
and 1, 715 Hz are shown in Figs. 5-6. The acoustic images obtained with the three algorithms
are arranged in columns corresponding to the algorithms, while the rows refer to the geometry,
radius or frequency.
4.1 Rigid SMA at 500 Hz

The acoustic images obtained at 500 Hz with the rigid SMA are shown in Fig. 3. The acoustic
images given by the CBF and GCC algorithms are similar, irrespective of the geometry considered and confirm the previous findings [18]. The CBF and GCC algorithms provide similar
ellipse areas, S−3 dB = 0.54 a.u. and S−9 dB = 1.51 a.u. for each geometry, except in the case of
the Lebedev’s geometry where the ellipse area value is slightly larger, i.e. S−9 dB = 1.52 a.u..
The CBF and GCC ellipse areas are too wide to consider that the source is correctly identified. The acoustic images obtained with the SHB algorithm depend on the geometry. First,
the t-design geometry allows to identify the source with no side lobes in the acoustic image,
S−3 dB = 0.03 a.u. and S−9 dB = 0.07 a.u.. The Lebedev’s geometry can identify the source
with the lowest ellipse area at −3 dB, S−3 dB = 0.02 a.u., but with the presence of side lobes
in the acoustic image, S−9 dB = 1.54 a.u.. The spiral geometry cannot localize the source. The
values of the ellipse areas are S−3 dB = 1.25 a.u. and S−9 dB = 1.46 a.u.. In conclusion, for a
low frequency source signal, the SHB outperforms the CBF and GCC, but is highly dependent
on the geometry considered.
4.2 Rigid SMA at 3, 000 Hz

The acoustic images obtained at 3, 000 Hz with a rigid SMA are shown in Fig. 4. The CBF and
GCC algorithms produced the same results with each geometry, the ellipse areas are S−3 dB =
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Figure 3: Acoustic images provided by a rigid SMA with t-design, Lebedev’s and spiral geometry and with the SHB, CBF and GCC algorithms – ra = 0.1 m and f = 500 Hz. The
dashed cyan and blue lines defined the ellipse areas at −3 dB and −9 dB, respectively. The green cross exhibits the true source position.
0.01 a.u. and S−9 dB = 0.03 a.u.. The ellipse areas obtained with the aforementioned algorithms
are smaller than those obtained with the SHB algorithm; S−3 dB = 0.03 a.u. and S−9 dB =
0.07 a.u.. The acoustic image obtained with the SHB algorithm and the spiral geometry has
side lobes below −9 dB compared to the t-design and Lebedev’s geometry. Note that with the
SHB algorithm and t-design geometry the area at −3 dB in Fig. 3-4 are identical which is in
agreement with the results presented by Petersen and Araujo [20, 1]. In conclusion, when the
frequency of the source signal increases, the CBF and GCC become better than the SHB.
4.3 Open SMA at 500 Hz

The acoustic images obtained at 500 Hz with an open SMA and only a t-design geometry is
shown in Fig. 5. Three radii of ra = 0.1, 0.2 and 0.3 m are considered. The ellipse areas
obtained with the CBF and GCC algorithms are identical for a given radius. When the radius
increases, the ellipse areas decrease such as S−3 dB = 1.28 > 0.16 > 0.07 a.u. and S−9 dB =
1.53 > 0.44 > 0.17 a.u.. The ellipse areas with the largest radius ra = 0.3 m show a better
localization of the source than with the smallest radius ra = 0.1 m. The SHB algorithm leads to
a constant ellipse area whatever the radius, S−3 dB = 0.03 a.u. and S−9 dB = 0.07 a.u.. Moreover,
the ellipse areas are identical with the t-design geometry and the SHB algorithm whether the
open and rigid SMA (Fig. 3); S−3 dB = 0.03 a.u. and S−9 dB = 0.07 a.u.. With the CBF and GCC
algorithms, the ellipse areas are smaller with the rigid SMA (Fig. 3) and t-design geometry than
the open SMA design, such as S−3 dB = 0.54 < 1.28 a.u. and S−9 dB = 1.51 < 1.53 a.u.. In
conclusion, when the radius of the SMA increases, acoustic images of the CBF and GCC are
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Figure 4: Acoustic images provided by a rigid SMA with t-design, Lebedev’s and spiral geometry and with the SHB, CBF and GCC algorithms – ra = 0.1 m and f = 3, 000 Hz. The
dashed cyan and blue lines defined the ellipse areas at −3 dB and −9, respectively.
The green cross exhibits the true source position.
improved. Nevertheless, the SHB outperforms the CBF and GCC.
4.4 Open SMA at 1, 715 Hz

One issue with an open SMA and the SHB is the zero of the Bessel function (Eq. (4)). For
the first degree n = 0, these frequency values correspond to kra = lπ where l is an integer
number. The numerical application for l = 1 gives f = c/2ra = 1, 715 Hz. The acoustic images
obtained at this frequency 1, 715 Hz with an open SMA of radius ra = 0.1 m and a t-design
geometry are shown in the first row of Fig. 6. Acoustic images obtained with CBF and GCC
give identical ellipse areas, S−3 dB = 0.03 a.u. and S−9 dB = 0.07 a.u.. As expected, the SHB
gives an erroneous acoustic image due to the divergent calculation from the zero the Bessel
function. The associated ellipse area values are S−3,−9 dB = 1.53 a.u.. The acoustic images
obtained in the frequency range of 1 700 Hz to 1 730 Hz centered at the problematic frequency
are shown in the second row of Fig. 6. Acoustic images obtained with the CBF and GCC
remain identical and acoustic images obtained with SHB give a correct result. In conclusion,
the problematic frequency corresponding to the zero of the Bessel function can be smoothed in
a frequency band.
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Figure 5: Acoustic images provided by an open SMA with 48 microphones with t-design geometry and with the SHB, CBF and GCC algorithms – ra = 0.1, 0.2 and 0.3 m,
f = 500 Hz. The dashed cyan and blue lines defined the ellipse areas at −3 dB
and −9 dB, respectively. The green cross exhibits the true source position.

Figure 6: Acoustic images provided by an open SMA with 48 microphones with t-design geometry and with the SHB, CBF and GCC algorithms – ra = 0.1 m, f = 1, 715 Hz and
1, 715 ± 15 Hz. The dashed cyan and blue lines defined the ellipse areas at −3 dB
and −9 dB, respectively. The green cross exhibits the true source position.
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5 Conclusion
This preliminary work deals with a numerical comparison of acoustic imaging algorithms for
spherical microphone arrays (SMA). Two designs are considered, i.e. rigid and open, with
three microphone geometries, namely t-design, Lebedev and spiral. The algorithms selected
are the spherical harmonic beamforming (SHB), the conventional beamforming (CBF) and the
generalized cross-correlation (GCC). The influence of the source signal frequency and the SMA
radius are investigated. The numerical simulation of an anechoic room without added noise to
the acoustic pressure signal is performed. The criterion used for comparing the acoustic images
is based on the ellipse areas at −3 dB and −9 dB.
The results show that the SHB has constant ellipse areas at −3 dB and −9 dB with the tdesign geometry. While the Lebedev’s geometry allows for reducing the ellipse area at −3 dB in
low frequency, the ellipse areas at −9 dB is the widest, which means higher side lobe level. The
spiral geometry does not provide efficient source localization with SHB. With this algorithm and
the t-design geometry, it shows that the radius has no-influence for the selected cases. Finally,
it shows that the SHB fails to localize the source position when the source signal frequency is
exactly at the zero of the Bessel function. However, if a larger frequency range is considered,
the source position is well localized.
The CBF and GCC provide similar results no matter the SMA configuration. The smallest
ellipse areas are obtained with the highest frequency source signal and the largest radius. Although the scattering effect, due to a rigid SMA, is not considered, both algorithms show similar
behavior as already shown with planar microphone array.
In conclusion, SHB has the advantage of providing a small ellipse area at low frequencies
while CBF and GCC provide a better result at high frequencies. Therefore, it could be interesting to optimize a SMA where it would be possible to select the best algorithm to consider or
to combine them in order to improve the acoustic image while considering a computationally
inexpensive algorithm. More complex conditions can also be studied such as reverberate room
and noise to the acoustic pressure signal.
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[9] G. Heilmann, A. Meyer, and D. Döbler. “Beamforming in the Time-domain using 3Dmicrophone Arrays.” In XIXth Biennial Conference of the New Zealand Acoustical Society.
Auckland, 2008.
[10] D. P. Jarrett, E. A. P. Habets, and P. A. Naylor. “Chap. 2 - Theoritical Preliminaries
of Acoustics.” In Theory and Applications of Spherical Microphone Array Processing, volume 9 of Springer Topics in Signal Processing. Springer International Publishing, Cham, 2017. ISBN 978-3-319-42209-1. doi:10.1007/978-3-319-42211-4. URL
http://doi.org/10.1007/978-3-319-42211-4.
[11] D. P. Jarrett, E. A. P. Habets, M. R. P. Thomas, and P. A. Naylor. “Rigid Sphere Room Impulse Response Simulation: Algorithm and Applications.” The Journal of the Acoustical
Society of America, 132(3), 1462–1472, 2012. URL https://doi.org/10.1121/
1.4740497.

12

9th Berlin Beamforming Conference 2022

Rouard et al.

[12] P. Lecomte, P.-A. Gauthier, C. Langrenne, A. Berry, and A. Garcia. “A Fifty-Node Lebedev Grid and Its Applications to Ambisonics.” Journal of the Audio Engineering Society, 64(11), 868–881, 2016. URL http://dx.doi.org/10.17743/jaes.2016.
0036.
[13] J. Merimaa. “Applications of a 3-D Microphone Array.” In Audio Engineering Society
Convention 112. Munich, 2002.
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