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Abstract

Rigid spherical microphone arrays (RSMAs) have been widely used in
ambisonics [1] sound field recording. While it is desired to combine the
information captured by a grid of densely arranged RSMAs for expanding
the area of accurate reconstruction, or sweet-spots, this is not trivial due
to inter-array interference. Here we propose multiple scattering ambison-
ics, a method for three-dimensional ambisonics sound field recording using
multiple acoustically interacting RSMAs. Numerical experiments demon-
strate the sweet-spot expansion realized by the proposed method. The
proposed method can be used with existing RSMAs as building blocks
and opens possibilities including higher degrees-of-freedom spatial audio.

1 Introduction

Audio is indispensable in immersive technologies such as mixed reality (MR)
and virtual reality (VR), which are receiving much attention. For these appli-
cations, it is essential to develop technologies to capture, process, and render
spatial sound fields with high precision for the presentation of truly realistic and
immersive MR/VR experiences. Ambisonics [1] as well as higher-order am-
bisonics (HOA) [2], which are established spatial audio frameworks to capture,
process and reproduce spatial sound fields based on its representation in the
spherical harmonics domain, are receiving much attention due to the popular-
ization of MR/VR platforms [3, 4], and its high compatibility with first-person
view MR/VR. Ambisonics spatial audio capturing and processing consists of a
microphone array and signal processing that is used to encode the raw micro-
phone array signal to the spherical harmonics-domain spatial description format,
which is referred to the ambisonics signal. This ambisonics signal is decoded to
the signal which is fed to loudspeaker arrays to render the spatial sound field.
Such loudspeaker arrays are often virtualized by means of binaural technolo-
gies [5, 6, 7] and played back via headphones. Hence the high compatibility
of ambisonics with MR/VR applications that usually use headphones for audio
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Figure 1: Left: examples of reconstruction sweet-spots using a 252-channel
RSMA for estimating incident fields with various frequencies. Details of the
RSMA are described in Section 4. The truncation degree of HOA which pro-
vides the largest sweet-spot is chosen for each frequency independently. Right:
illustration of a sound field recording setup using MS-HOA (top) and its repro-
duction setup over headphones allowing translation of the listener (bottom).

playback. Due to its formulation in the spherical harmonics-domain, a typi-
cal implementation of an ambisonics recording device is employing a spherical
microphone array (SMA) [1, 8, 2, 9, 10]. Often, SMAs are mounted on sound-
hard spherical scatterers in order to avoid the instability arising in encoding fil-
ters for hollow microphone arrays due to singularities originating from the roots
of the spherical Bessel function [2], and for its mechanical stability as hardware.
This form of a SMA is referred to as a rigid SMA (RSMA). Despite its success
in first-person immersive audio with only three degrees-of-freedom (DoF)
which are associated with the rotation of the listener, ambisonics suffers from
the diminishing size of the accurate reconstruction area, referred to as the sweet-
spot, as the frequency increases, hence limiting its efficacy in higher DoF spatial
audio reproduction allowing translation of the listener. This is visualized in
Fig. 1 (left), showing the resulting reconstruction sweet-spots for incident plane
waves with various frequencies. Here, the sweet-spot is defined as the region
where the signal-to-distortion ratio (SDR) of the estimated field with respect to
the ground truth incident field is above 30 dB. In order to expand the sweet-spot
of ambisonics reproduction, the simplest way is to develop RSMAs with larger
number of microphones. Although this is an effective approach, it comes with a
significant development and device cost. An alternative approach is to combine
multiple existing RSMAs and integrate the captured information. However, this
is not a trivial task due to the inter-array interference. Here, multiple scatter-
ing higher-order ambisonics (MS-HOA), a three-dimensional (3D) sound field
capturing scheme using multiple RSMAs with fully considering inter-array inter-
action due to multiple scattering [11] is proposed. Numerical experiments show
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that MS-HOA successfully creates sound field representations with expanded
sweet-spots even when the RSMAs are densely arranged with small spacing,
which is not achieved without the consideration of inter-array interaction. An
example sound field recording and reproduction setup allowing translation of
the listener is illustrated in Fig. 1 (right).

2 Conventional ambisonics encoding using a sin-
gle RSMA

The conventional framework of ambisonics encoding using a single RSMA is
briefly reviewed. Ambisonics encoding and decoding can be performed by ei-
ther relying on solving a linear system using least squares [2] or relying on
spherical harmonic transformation using numerical integration [12]. Since the
first approach allows more flexibility of the microphone array configuration, this
approach is adopted here. In the present work, all formulations are presented in
the frequency-domain, which can be converted to time-domain representations
by inverse Fourier transform. All individual microphone capsules are assumed
to be omnidirectional. The spherical harmonics used are defined as

Y mn (θ, ϕ) ≡

√
(2n+ 1)

4π

(n−m)!

(n+m)!
Pmn (cos θ)eimϕ, (1)

with θ and ϕ the polar and azimuthal angle, respectively, and Pmn (x) and Pn(x)
respectively the associated and regular Legendre polynomials:

Pmn (x) ≡ (−1)m
(
1− x2

)m/2 dm

dxm
(Pn(x)) , Pn(x) ≡ 1

2nn!

dn

dxn
(
x2 − 1

)n
.

(2)
The above definition of spherical harmonics provides an orthonormal basis:∫ π

θ=0

∫ 2π

ϕ=0

Y mn (θ, ϕ)Y m
′

n′ (θ, ϕ)∗dΩ = δnn′δmm′ , (3)

with δij the Kronecker delta.
The process of obtaining the ambisonics signal Amn (k), the weights of the

spherical basis functions of the three dimensional sound field representing an
arbitrary incident field of wavenumber k, from the signal captured by the mi-
crophone array is referred to as ambisonics encoding. An arbitrary incident field
can be expanded in terms of the regular spherical basis functions jn(kr)Y mn (θ, ϕ)
of the three-dimensional Helmholtz equation in the spherical coordinate system
(r, θ, ϕ):

pin =

∞∑
n=0

n∑
m=−n

Amn (k)jn(kr)Y mn (θ, ϕ), (4)

with jn(x) the spherical Bessel function of degree n. The total field ptot, which
is the sum of the incident field and the field scattered by a rigid sphere with
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radius R located at O, the origin, is given by:

ptot =

∞∑
n=0

n∑
m=−n

Amn (k)

{
jn(kr)− hn(kr)

j′n(kR)

h′n(kR)

}
Y mn (θ, ϕ), (5)

with hn(x) the spherical Hankel function of the first kind with degree n [13].
On the surface of the rigid sphere, i.e. r = R, this total field is evaluated as:

ptot|r=R =

∞∑
n=0

n∑
m=−n

Amn (k)
i

(kR)2h′n(kR)
Y mn (θ, ϕ). (6)

The total field captured by the q-th microphone on the surface of the RSMA
located at (R, θq, ϕq) is therefore given by:

p
(q)
tot =

∞∑
n=0

n∑
m=−n

i

(kR)2h′n(kR)
Y mn (θq, ϕq)A

m
n (k). (7)

By truncating the infinite series with n = Nc, this result can be represented in
the following vector form:

ptot = ΛA, (8)

where ptot is a vector holding p
(q)
tot in its q-th entry, A is a vector holding Amn (k)

in its (n2+n+m+1)-th entry, and Λ is the matrix holding i
(kR)2h′

n(kR)Y
m
n (θq, ϕq)

in its (q, n2+n+m+1) entry. The goal of ambisonics encoding is to obtain Amn (k)

for all ns and ms up to the truncation degree n = N
(in)
c , i.e. 0 ≤ n ≤ Nc and

|m| ≤ n, from the observation ptot. This problem can be solved by regularized
least squares with a minimization objective:

Lenc = ||ptot − ΛA||22 + σ||A||22, (9)

with σ a regularization parameter, and the solution given by:

A(est) = argmin
A

Lenc = (ΛHΛ + σI)−1ΛHptot = Eptot, (10)

where E ≡ (ΛHΛ + σI)−1ΛH is the regularized encoding matrix.

3 Proposed method

In the proposed method, a grid of multiple RSMAs is used to estimate pin
(4). The goal of ambisonics encoding in MS-HOA is to estimate Amn (k) (4), for
0 ≤ n ≤ Nc and |m| ≤ n from observations of the sound pressure at discrete
microphone capsule positions mounted on the surfaces of multiple RSMAs. In
the following, a system of NS ≥ 2 RSMAs where each RSMA has a radius as
is considered. Here, s is the index of the RSMA. Hereafter, the argument k is
omitted from Amn (k).
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3.1 The forward problem: multiple scattering due to an
arbitrary incident field

It is known that the problem of multiple scattering in a system of multiple
spherical scatterers, i.e. computing the scattered field pscat given pin and the
configuration of the scattering spheres, can be solved analytically [14, 11]. This
problem is referred to as the forward problem. The procedure of solving the
forward problem is briefly described here. First, Amn , the expansion coefficients

at O (4) truncated at degree n = N
(in)
c , are translated to the positions of the

RSMAs using the translation operators T
(s,O)
R|R resulting in the expansions A(s) =

T
(s,O)
R|R A(in), where A(s) and A(in) are vectors of length L(in) ≡ (N

(in)
c + 1)2

holding A
m(s)
n and Amn in its (n2 + n+m+ 1)-th entry, respectively. The A(s)

coefficients are then further truncated at degree n = N
(fwd)
c . Two distinct

truncation numbers N
(in)
c and N

(fwd)
c are introduced here in order to achieve

sufficient accuracy of the translation operation while limiting numerical error

in the computation of the scattered field. Given the set of expansions A
m(s)
n

at each RSMA position, the contribution of each RSMA to the scattered field

B
m(s)
n can be computed by solving the linear system:

A′ = SB′, (11)

where A′ and B′ are concatenations of NS vectors {A(1),A(2), ...,A(NS)} and

{B(1),B(2), ...,B(NS)}, where B(s) are vectors of length L(fwd) ≡ (N
(fwd)
c + 1)2

holding B
m(s)
n in its (n2 + n + m + 1)-th entry. S is referred to as the system

matrix, which is a block matrix holding the inter-sphere translation operator

T
(s,t)
S|R from the t-th sphere to the s-th sphere in its off-diagonal (s, t)-block and

the “single scattering matrix” Λ(s) in its diagonal blocks:

S =


Λ(1) −T (1,2)

S|R ... −T (1,NS)
S|R

−T (2,1)
S|R Λ(2) ... −T (2,NS)

S|R
...

...
. . .

...

−T (NS,1)
S|R −T (NS,2)

S|R . . . Λ(NS)

 , (12)

where Λ(s) is a diagonal matrix holding −h
′
n(kas)
j′n(kas)

in its (l, l) entry with l =

n2 +n+m+1. The translation operators T
(s,O)
R|R and T

(s,t)
S|R can be computed by

various methods, including explicit expressions based on Clebsch-Gordan coeffi-
cients or Wigner 3-j symbols [15], or methods based on recurrence relations [16].

The total field ptot evaluated at r
(s)
q , the q-th microphone position belonging

to the s-th RSMA, is the sum of the scattered field contributions from all the
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Figure 2: The scheme of the forward problem, i.e. computation of the total
sound field at the microphone positions given the incident field, and the inverse
problem, i.e. estimation of the incident field given the sound pressure at the
microphone positions.

RSMAs and the incident field pin:

ptot(r
(s)
q ) = pscat(r

(s)
q ) + pin(r(s)q )

=

N(fwd)
c∑
n=0

n∑
m=−n

(
NS∑
t=1

Bm(t)
n Sm(t)

n (r(s)q ) +Am(s)
n Rm(s)

n (r(s)q )

)
,

(13)

where R
m(s)
n (r

(s)
q ) and S

m(t)
n (r

(s)
q ) are the regular and singular spherical basis

functions expanded at the location of the s-th and t-th sphere, respectively, and
evaluated at the position of the q-th microphone capsule belonging to the s-th
RSMA:

Rm(s)
n (r(s)q ) = jn(kas)Y

m
n (r(s)q − rs),

Sm(t)
n (r(s)q ) = hn(k|r(s)q − rt|)Y mn (r(s)q − rt).

(14)

Alternatively, pin(r
(s)
q ) could be evaluated directly using Amn instead of the trans-

lated A
m(s)
n coefficients. The whole procedure of the forward problem can be

expressed by a linear operator TF which is referred to as the forward operator:

ptot = TFA
(in), (15)

where ptot is a vector holding the values of ptot(r
(s)
q ).

3.2 The inverse problem: MS-HOA encoding

The matrix representing TF can be constructed by applying the operator to all

bases up to n ≤ N
(in)
c . The estimate of the incident field can then be obtained

via regularized least squares:

A(est) = (THF TF + σI)−1THF ptot = TIptot, (16)

where A(est) is a vector holding the estimated coefficients A
m(est)
n in its (n2 +

n+m+1)-th entry up to n ≤ N (in)
c and TI ≡ (THF TF +σI)−1THF is the encoding

matrix for MS-HOA with σ a regularization parameter. The scheme of the
forward and inverse problem is summarized in Fig. 2.
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4 Numerical experiments

MS-HOA recording and encoding into HOA coefficients was validated by nu-
merical experiments. Grids of RSMAs where each individual RSMA is a 252-
channel SMA mounted on a rigid spherical scatterer with a radius of 8 cm are
considered. The spherical Fibonacci grid [17, 10] of 252 points was used for the
microphone capsule positions. A real-world implementation of a 252-channel
RSMA with a similar size has been demonstrated in the past [9]. As the RSMA
grid, a linear grid of 6 RSMAs and a regular Cartesian grid of 9 RSMAs was
used in the experiments. The spacing between the nearest neighbour RSMA
was set to 25 cm. The sound field generated by a monopole source located at
rs = (10m, 10m, 10m) was used as the incident field. The signal captured by the
grid of RSMAs was encoded into the HOA coefficients A(est) with the proposed
method (MS-HOA). While prior works on the forward problem report heuris-

tics for choosing the parameter N
(fwd)
c , e.g. N

(fwd)
c = bekac [14], here N

(fwd)
c

was treated as a free hyper-parameter. The case where inter-sphere interaction
is switched off, i.e. the method which only considers single scattering (Single),
and the case of conventional HOA encoding using only one building block RSMA
(HOA) are also computed as baselines. The analytical reconstruction of the
estimated incident field was computed by (4) and was compared to the ground
truth incident field pin in terms of the SDR and the size of the reconstruction
sweet-spot area (SSA) measured in the xy-plane or the yz-plane depending on
the configuration of the RSMA grid. The SSA is defined here as the total area
where the SDR surpasses 30 dB, which is measured using the regular Cartesian
grid points on a plane which correspond to the pixels in Fig. 3-Fig. 4. The
regularization hyperparameter was optimized by grid search independently for
both the Single baseline and the proposed MS-HOA. Regularization was not
applied to the single sphere HOA baseline due to its minor effect for this case,
while the truncation number Nc was chosen as the one providing the largest
SSA for the given RSMA. The results for the linear 6-sphere RSMA grid with
a incident field frequency of 4kHz are shown in Fig. 3. The sweet-spot of re-
construction is successfully expanded with MS-HOA while the SSA and SDR
is significantly degraded if only single scattering is considered. The results for
the regular Cartesian 9-sphere grid is shown in Fig. 4, demonstrating planar
expansion of the sweet-spot.

5 Related work and discussion

Multiple scattering ambisonics, a method to capture 3D sound fields using mul-
tiple acoustically interacting RSMAs, was proposed. MS-HOA allows to inte-
grate the information captured by multiple densely arranged RSMAs and can be
used to expand the reconstruction sweet-spots in 3D sound field reproduction.
The numerical experiments demonstrated that the proposed method success-
fully captures spatial sound fields with expanded reconstruction sweet-spots
which was not possible without the consideration of inter-array interaction due
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Figure 3: Results for the linear 6-sphere RSMA grid for an incident field of
4 kHz. Top row from left to right: real part of the sound pressure for the ground
truth incident field, incident field estimated by HOA, Single, and MS-HOA,
respectively. Bottom row from left to right: SDR map of the estimated fields
with respect to the ground truth field using HOA, Single, and MS-HOA,
respectively. The blue circles represent the positions and sizes of the RSMAs.

The truncation number is Nc = 14 in HOA, N
(in)
c = 55 and N

(fwd)
c = 20 in

Single and MS-HOA.

Figure 4: Results for the regular Cartesian 9-sphere RSMA grid. The estimated
incident field (top row) and SDR map (bottom row) for Single (left column)
and MS-HOA (right column), respectively. The blue circles represent the
positions and sizes of the RSMAs. The same incident field as Fig. 3 is used.

The truncation numbers are N
(in)
c = 45 and N

(fwd)
c = 16.
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to multiple scattering.
A related method using the translation of multipoles was introduced in [18].

This method was based on the assumption that the SMAs do not physically
interact with each other, i.e. the SMAs do not cause scattering that affect
other SMAs. This assumption is violated if the SMAs are densely arranged
RSMAs, which scatter the incident field and interact with each other by mul-
tiple scattering. As shown in the numerical experiments, the approach without
considering inter-array interaction becomes inaccurate if the RSMAs are ar-
ranged with small spacing. Recently, the consideration of inter-array multiple
scattering has been demonstrated to improve the reconstruction accuracy in a
two-dimensional sound field reconstruction problem using multiple cylindrical
microphone arrays [19]. Two-dimensional modeling, however, is insufficient for
modern spatial audio applications such as MR/VR where 3D audio represen-
tation and rendering is essential. Our work enables the use of interacting rigid
microphone arrays for 3D spatial audio.

The expanded reconstruction sweet-spots with linear or planar spreads re-
alized by the proposed method could be useful in applications including sound
field reproduction in theaters or in meeting rooms where the sweet-spot should
cover multiple listeners sitting next to each other, or higher DoF MR/VR where
the translation of the listener needs to be supported. Developing techniques to
reduce the cost of MS-HOA recording in terms of hardware, computation, and
bandwidth is important for practical applications and are subjects of future
research.
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