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Abstract—Microphone and loudspeaker arrays are
nowadays more and more employed in several applications,
such as automotive industry, entertainment, immersive
teleconferencing, or remote assistance. The position of the
transducers over the surface of the array has a great influence
on the beamforming, and so on the spatial performance. In this
paper, a recurring geometrical problem is discussed: choosing
the optimal locations of transducers for spherical arrays, either
microphones or loudspeakers.

None of the existing systems is currently relying on a
spherical design, or t-design, for the distribution of the sampling
points over the sphere. It will be shown that such
mathematically optimized geometry is an optimal solution for
the design of spherical arrays. They are the only known
geometries ensuring a lossless transformation back and forth
between the two most common spatial audio format:
Ambisonics, which makes use of spherical harmonics, and
Spatial PCM Sampling, which relies on unidirectional, high
directivity virtual microphones.

Keywords—Ambisonics, loudspeaker array, microphone
array, spherical harmonics, spatial PCM sampling, spherical
design

I. INTRODUCTION

The use of spherical arrays of microphones and
loudspeakers has a long history in the field of “spatial audio”,
dating back to the seventies, when the Soundfield microphone
was invented [1] and the first spherical loudspeaker rigs were
built, based on the Ambisonics theory [2]. The original
Ambisonics approach made use of only four channels for
encoding the acoustic spatial information into four signals,
corresponding to virtual microphones having directivity
patterns described by the Spherical Harmonics (SH) of order
0 and 1 [3]. For improving the spatial resolution of this
approach, named First Order Ambisonics (FOA), was later
extended to High Order Ambisonics (HOA), including more
channels corresponding to virtual microphones having
directivity patterns described by SH of order 2, 3, and so on.
Due to an initial lack of standardization, many Ambisonics
formats were developed with different channels ordering and
normalizations. The current standard is named “AmbiX” and
defines the Ambisonics Channel Numbering (ACN) and gain-
scaling rules (SN3D) for any order [4]. Due to practical
constraints, Ambisonics is usually limited to 7" order (64
channels).

For capturing HOA signals, a massive microphone array
is required. Several prototypes [5]-[9] have been built, with a
number of capsules ranging between 8 and 252. In 2009, the
first commercial, studio-quality spherical microphone array
was launched: the Eigenmike32™ (EM32 in the following),
based on the pioneering work of Elko [10] and featuring 32
capsules arranged over the surface of a rigid sphere having a
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diameter of 84 mm. More recently, other microphone arrays
appeared on the market, such as the Zylia, featuring 19 Micro
Electro-Mechanical Systems (MEMS) microphones, the new
Eigenmike64 equipped with 64 microphones, the Octamic, the
Brahma-8, and the Voyage Audio, featuring eight capsules
arranged accordingly to the optimized geometry proposed by
Benjamin in [11].

Regarding the reproduction, several loudspeaker rigs were
built, albeit only a few of them were spherical. At least the
following three must be cited: the 4-loudspeakers rig initially
employed by Gerzon and Fellgett [2], which performed quite
poorly. The 8-loudspeakers rig (cube) developed by one of the
authors in the nineties [12], which also performed sub-
optimally with FOA and the 40-loudspeakers spherical rig
built at the Institute of Sound and Vibration Research (ISVR),
which demonstrated good performance [13].

In most cases, the transducers’ location for spherical
arrays was guided more by intuition than a rigorous
mathematical theory. Of course, a “sampling theorem” must
hold also in space, hence the number of transducers had to be
in some way proportional to the Ambisonics order and the
usage of regular or quasi-regular polyhedrons for large
numbers of transducers appeared to be a sensible approach,
minimizing the unavoidable “sampling error”. It was soon
understood that the four vertices of a tetrahedron were a good
choice for FOA. Widely accepted choices for HOA were the
12 faces of a dodecahedron for the 2" order (9 channels) and
the 20 faces of an icosahedron for the 3 order (16 channels).
Furthermore, EM32 and other 32-channel arrays used a
combination of the previous two: vertices and centers of faces
of a dodecahedron, equivalent to centers of faces of a
truncated icosahedron.

In this paper, the mathematical basis for the choice of the
sampling points on a sphere with the aim of reconstructing
correctly the SH signals up to a given order are investigated.
It will be shown that, except for the first and second orders,
the above assumptions were wrong, and that the choice of the
sampling points should follow the “t-design” geometries. T-
design is a mathematical theory developed in the seventies
[14] to solve the problem of numerical integration on multiple
dimensions. It ensures sampling a function over a spherical
surface in a way that SH components are not affected by any
sampling error. Furthermore, the triple connection between
Ambisonics, SPS, and t-design is extensively treated. Despite
many papers already dealt with t-design distributions for the
measurement of microphone arrays or for performing
transformation and conversion of Ambisonics signals [15]-
[17], the usage of t-design geometries for converting to SPS
domain is still not rigorously formalized.



The paper is arranged as follows: Section Il provides the
theoretical backgrounds, Section 111 describes the usage of t-
design for lossless reconstruction of SH up to a given order,
and in Section IV t-designs are compared to existing
microphone arrays. Section V provides instructions for the
practical usage of T-designs, while Section VI summarizes the
conclusions.

Il. DEFINITIONS AND THEORY

This Section provides definitions and theoretical basis for
Ambisonics, SPS, and t-design. Several multichannel audio
formats are also defined (A-format, B-format, P-format, and
T-format), and the conversion method from one to another is
explained.

A. Ambisonics

Ambisonics is a method for representing acoustical spatial
information in one point in space. Sound arrives in an
observing point from many directions, and each contribution
corresponds to a traveling wavefront. These wavefronts are
not necessarily plane waves: they can exhibit significant
curvature, depending on the distance from the source, the type
of sound source (point source, line source, surface source, etc.)
and its extension. Several of these wavefronts are not radiated
directly by the sound sources but have been reflected,
scattered, or diffracted from objects or boundaries. This
complex mixture is represented with a reduced number of
signals, conceptually obtained by placing at the observing
point several coincident virtual microphones, characterized by
directivity patterns corresponding to SH. These are basis
functions with orthonormal properties for the Fourier
transform on a sphere [18]. The SH of n™ order and m™ degree
is defined by (1) [3]:

2n+1 (n-m)!
4 (n+m)!

Y@, o) = P (cos9)e™? 1)
where 9 and ¢ denote respectively azimuth and elevation
angles (ISO 2631 compliant reference system), and B;* are
the associated Legendre functions. In [19], the authors made
available an explicit formulation of the SH up to 7" order. The
SH of order 0 is a sphere, corresponding to an omnidirectional
microphone, which is effectively a sound pressure sensor. At
1% order, the 2", 39 and 4" SH are “figure-of-8”
microphones, usually existing in the form of “pressure
gradient” or “particle velocity” microphones. If the wavefront
is a perfectly progressive plane wave, the sound pressure is
directly proportional to the particle velocity. When instead the
wavefront has some curvature, the value of particle velocity
diverges from the value of sound pressure, with a frequency-
dependent gain and phase variation, namely “proximity
effect”. EXisting microphone arrays are rather affected by
proximity effect and other similar problems occurring at
higher orders. This is one of the reasons causing a mismatch
between synthetically produced Ambisonics streams, which
are based on the theoretical SH formulas (1) and recordings
performed with real microphone arrays. The latter are
“correct” only at a given distance from the sound sources. This
distance can be infinite if the theoretical model of plane wave
diffraction is employed, or it can be the finite distance at which
the microphone array was calibrated inside an anechoic room
or by means of numerical simulations [20].

Regarding microphone arrays, the basic “Ambisonics
encoding” problem comes out: raw signals captured by the
capsules (usually known as “A-format”) must be converted

into Ambisonics format, corresponding to the mathematical
definition of the SH signals (usually known as “B-format”).
This process is called “encoding” and in the specific case of a
microphone array it is also known as “A2B conversion”. This
conversion procedure can be approached in two different
ways:

o Linear processing. A matrix of filters which synthesize the
required number of virtual microphones from the capsule
signals.

e Parametric processing. The capsule signals are employed
for performing a parametric spatial analysis of the sound
field, extracting the single source signals and their
locations, and then the theoretical SH formulas are used
for recreating the B-format signals.

The presented work will make use of the linear processing,
which was dominant at least until 2018, when a software tool
capable of performing parametric A2B conversion was
released [21]. When considering the linear processing, there
are three possible approaches for deriving the A2B filter
matrix:

e Theoretical approach. It makes use of the analytical
solution of the equations describing the interaction
between sound waves and the microphone array [22]-[25].

e Experimental approach. The microphone array is
measured in an anechoic chamber by many directions and
the A2B filter matrix is numerically calculated [26], [27].

e Numerical approach. The diffraction of sound waves
against the surface of the array is solved with Finite
Elements Method (FEM), Boundary Elements Method
(BEM), or geometrical acoustics simulations [28], [29].

The theoretical approach is constrained to a few
geometries (sphere, cylinder, plane), for which the analytical
solution of wave equation is available, whilst the other two
approaches can be applied to irregular geometries too.
However, the choice of the geometry must consider some
acoustic constraints (i.e., a large array works better at low
frequencies and worse at high frequencies and vice versa) and
some irregular geometries can be tailored towards “mixed-
order Ambisonics”, improving spatial resolutions in specific
regions of the spherical horizon [30], [31].

The Ambisonics signals can be reproduced, using either a
loudspeaker array or binaurally over headphones. The two
cases are indeed not so different, as usually also for headphone
reproduction a virtual loudspeaker array is employed, so that
the SH to Binaural processing is conceptually split into a SH
to virtual loudspeakers rendering, namely Speaker Feed (SF),
followed by the convolution with the Head Related Transfer
Functions (HRTF) between the virtual loudspeakers and a
binaural dummy head [32]. Therefore, the reproduction of
Ambisonics signals over an array of (real or virtual)
loudspeakers surrounding the listener is now considered. Also
in this case, there are two possible approaches:

e Linear processing. A matrix of filters is employed to
process the B-format signals creating the SF.

e Parametric processing. The B-format signals are employed
for performing a parametric spatial analysis of the sound
scene, extracting the single source signals and their
locations and a “diffuse field”, and then panning these
signals on the loudspeakers, i.e., by using VBAP [33].

One of the convenient features of Ambisonics is the
possibility to deal with irregular loudspeaker arrays, usually



caused by geometrical constraints of the room and
loudspeakers support structure. Advanced Ambisonics
decoders can apply delay and gain compensations in case the
loudspeakers are neither at the same distance from the
listening point nor uniformly distributed over the sphere [11],
[34], [35]. These advanced decoders can even perform some
“distance compensation”, taking care of the “proximity effect”
occurring when the loudspeaker rig is small compared to the
wavelength. However, large spherical loudspeaker arrays
remain the reference when maximum performance from every
direction is required and they are the natural choice for
computing virtual loudspeaker signals for binaural rendering.
Albeit modern Ambisonics decoders can deal with arbitrary
locations of loudspeakers around the listener, in this paper the
potential benefits of a regular arrangement of loudspeakers on
a sphere according to the optimized t-design distributions are
explored. For this assessment a traditional linear decoding was
used.

B. Spatial PCM Sampling

Spatial PCM Sampling (SPS) [36], was developed as the
spatial equivalent to Pulse-Code Modulation (PCM) sampling
of a time-domain waveform (sequence of impulses), exactly
as Ambisonics is the spatial equivalent of the Fourier
representation (superimposition of sinusoids). In practice, it is
an alternative to SH, making use of basis functions emulating
unidirectional microphones approximating a “spatial Dirac’s
Delta function”, covering uniformly the surface of a sphere,
for capturing the complete spatial information [37]. Raw
signals coming from the capsules (A-format) are converted
into SPS (P-format) by applying a matrix of Finite Impulse
Response (FIR) filters, which synthesize unidirectional virtual
microphones having high order cardioid directivity.

SPS signals can be directly reproduced, without any
decoder, by employing a loudspeaker rig, either real or virtual.
l.e., Machl [38], an eight-channel SPS pointing at the vertices
of a cube, was developed for spatial audio rendering in virtual
reality applications as an alternative to 1% order Ambisonics.

C. T-design and spherical sampling

Spherical t-designs have been introduced by Delsarte et al.
[14]. They proposed to approximate a unit sphere in R™ with
a finite set of points, namely a spherical t-design, so that an
integral over this sphere of a polynomial of degree t or less is
equal to the average value of the polynomial evaluated in the
set of chosen points. In other words, spherical t-designs
provide equal weight quadrature rules on a sphere [39]. Hence,
in R3 a set of N points on a unit sphere S is a spherical t-
design if, for any polynomial P, (¢, 0) of degree at most t, it
is satisfied:

JsPe(9,0) - dS =~ 2N, P (0, 6;) @

Therefore, given a certain value of N, the aim is to choose
the positions of N points that maximize t. This means that such
an optimal choice of the positions of these N points ensures
capturing the spatial information up to a maximally high
spatial  frequency. Such  t-design  application is
groundbreaking for microphone arrays design.

Spherical t-designs are generally not unique, although
some very rare cases were found to be rigid [40]. The rigid
designs are unique for given t and N up to an orthogonal
transformation. Another important definition is a tight
spherical t-design, meaning it has a minimum cardinality

[X|=N. The cardinality of a t-design on S? is limited by the
following inequality [13]:

IX| = (n+1)?
{IXI >n+1Dn+2) ©)

A tight t-design occurs when the equality in (3) holds.
Tight designs are also rigid designs [41], meaning they are
unique and have the best combinatorial properties at the same
time. For the case of R3, only the following rigid tight designs
were identified (corresponding to Platonic solids):

1-design that consists of 2 antipodal points.

2-design that consists of 4 points (a tetrahedron).
3-design that consists of 6 points (an octahedron).
5-design that consists of 12 points (a dodecahedron).

Larger t-designs exceeding the Platonic solids are
computed numerically instead of being analytically explicit.
More on existence and construction of spherical t-designs can
be found in [39], [42]-[45]. The techniques used to compute
t-designs are beyond the scope of this paper. Many of the sets
were computed and made publicly available in [46], for which
the authors express their gratitude to Hardin and Sloane. They
found the solutions for N ranging between 1 and 100, showing
that, despite a general trend of N increasing with t, some
optimal solutions exist, resulting in a large value of t with a
relatively small number of sampling points N on the unit
sphere. The most relevant t-designs in terms of acoustical
applications are the 24-point 7-design (Maclaren’s improved
snub-cube), the 36-point 8-design and the 60-point 10-design.
It is interesting to note that these remarkable geometries do
not correspond to known Archimedean solids, being instead
the result of numerical optimization, e.g., the Archimedean
snub cube, which has 24 vertices, is only a 3-design. Neither
do they belong to rigid t-designs, meaning the disposition of
points for each of them is not unique. Furthermore, it appears
that all possible t-design geometries up to (N=240, t=21) have
been already found, and some have been found reaching
(N=100200, t=1000) [39]. Therefore, t-design geometries
with a suitable number of sampling points can be found for
any practical purpose. These geometries are of particular
interest for SPS format, as they allow maximizing the
extension of the spatial spectrum towards higher orders for a
given number of sampling points.

While a spherical t-design distribution is a solution to the
equal weights problem, there are other ways of sampling
points for the best approximation of functions on a sphere. For
instance, equal-angle sampling consists in sampling points at
uniformly spaced angular positions along 6 and ¢ with
uniform angular spacing. As it can be found in [47], this kind
of sampling requires a number of points given by:

N=4-(0+1)? (4

where o is the Ambisonics order. The Gaussian sampling
method is based on the Gauss-Legendre quadrature rule and
provides equidistant sampling along the azimuth. According
to this method the points result more densely distributed closer
to the poles [47]. The number of points for a given order o is
in this case:

N=2-(0+1)? (5)

Unlike with t-designs, there is no equal weighing of the
sampling points, but the error due to modal aliasing for lower
number of points can be analyzed in closed form [48]. These
two methods, along with Lebedev grids or equirectangular



grids, do not provide a uniform distribution of sampled points
on the surface of a sphere. The purely uniform sampling can
be fully achieved only with the five Platonic solids, the largest
set being the icosahedron, which is the 20-point 5-design (the
dodecahedron is also a 5-design with N=12, providing O=2).
Sets with larger number of points can only be quasi-uniform,
an example here being the truncated icosahedron with 32
faces, N=32 points in the center of the faces, used in the EM32
[10]. Besides t-designs, quasi-uniform sampling methods
include the minimum energy Fliege-Maier sampling and
equal-area triangulation.

In [48], the truncated icosahedron with a 32-point 7-design
and a set obtained via the Gaussian sampling method are
compared. However, no substantial difference was pointed out
in terms of aliasing. The theoretical minimum number of
points required to decompose the sound field up to a given
order is shown in Table I for three sampling methods,
emphasizing the apparent advantage of t-designs, which,
however, is achieved only when the optimal t-designs are
chosen. The drawback of t-designs is that these optimal sets
are not available for any number of desired points.

TABLE I. MINIMUM NUMBER OF POINTS REQUIRED WITH DIFFERENT
SAMPLING METHODS FOR A GIVEN ORDER OF SH

Equal-angle Gaussian t-design
SH order O N=4(o+1) | N=2(0+ 1) N not qlefmed
explicitly
1 16 8 4
2 36 18 12
3 64 32 24
4 100 50 36

D. Spherical sampling theorem

In time domain, the sampling theorem ensures that PCM
sampling and reconstruction create a perfect copy of the
original waveform. This happens if two conditions are met:

e The sampling frequency must be at least twice the
maximum frequency contained in the original signal.

e Each sample represents the gain applied to a band limited
Sync function.

The second requirement is often neglected, and each
sample is instead represented as a Dirac’s Delta function (a
perfect pulse). A similar case occurs in frequency domain: the
spectrum must be divided into bands by means of a filter bank
and then all the band-passed signals must be summed together
resulting in a perfect reconstruction of the original signal.
Each band-pass filter must be defined so that the filtered
signals are perfectly reconstructed after summation. Hence,
the same must hold also in spatial domain: SPS can be fully
reconstructive only if spatial band limited filters (polar
patterns) are used for the virtual microphones employed for
spatial analysis and reconstruction. In the original SPS
formulation, these polar patterns were assumed to be high
order cardioids, without any side or rear lobes, defined by the
following formula as a function of the angle between the
aiming direction of the virtual microphone and the Direction-
of-Arrival (DoA) of the sound wave:

A, p) =[0.5+ 0.5 cos(¥) - cos(p)]° (6)

where 9 and ¢ denote respectively azimuth and elevation
angles, and O is the cardioid order, to be chosen to sample
uniformly the unit sphere, depending on the number N of SPS
signals. In the case of N=32, using the EM32 directions, it was

O=4. Fig. 1 (left) shows the cross-section of the polar pattern
of a 4™ order cardioid, which in practice corresponds to the
virtual microphone feeding each loudspeaker when an “in-
phase” decoding scheme is employed.

These 4" order cardioids work well for performing SPS
analysis through color maps of the spatial distribution of
sound energy [49], [50], as the absence of side and rear lobes
avoids false spots. However, these polar patterns are not
perfectly reconstructive. Instead, a t-design arrangement of
SPS signals becomes fully reconstructive if the virtual
microphones have polar patterns corresponding to those
employed in the Sampling Ambisonics Decoder (SAD) of
order O [51], defined by:

Q(t9)=oi+1‘[l+§cos(i..9)} (M

In [47], it is suggested that the maximum order O being
sampled for a given t-design geometry is related to the value

of t by:
L[t
- - 8
0 mt[zj (©))

Hence, a perfect reconstruction of the 4" order SH can be
achieved with a 36-point 8-design (N=36, t=8), as reported in
Section I1l. Employing a larger value of t for an order O is
beneficial in terms of spatial accuracy. Fig. 1 (right) shows the
polar pattern corresponding to (7) for the 4™ order SAD: it
exhibits some side and rear lobes but has a much sharper main
lobe than the corresponding 4™ order cardioid.

-30°

-60°
-90°

-120°

-150°

180° ’ 180°
Fig. 1: Polar patterns of a 4" order cardioid (left) and of a 4™ order Sampling
Ambisonics Decoder (right).

When sound waves impinging on the observing point are
captured with an SPS recording system employing a t-design
geometry and the virtual microphones have these SAD polar
patterns, the resulting multichannel P-format can be renamed
as T-format. Hence, we can say that T-format is a particular
case of P-format, occurring when the choice of the sampling
directions follows a t-design geometry, and the polar patterns
are SAD of order O given by (8).

I1l. OPTIMAL T-DESIGN GEOMETRIES

Based on the available t-design distributions [46]
presented in Section | and accordingly to (8), the minimum
arrangements of SPS components of Table Il are necessary for
recording or playing back an Ambisonics B-format signal of
order O. One can note the most desirable configurations are
the 24-point 7-design and 36-point 8-design: they enable the
higher-order decomposition (3™ and 4" order, respectively) in
relation to the number of points. Note that the 32 channels of
EM32 are not enough for capturing SH of 4" order and the 19
channels of the Zylia are not sufficient even for 3 order.



Anyway, their geometrical arrangements do not correspond to
a t-design (Fig. 5 and Fig. 7).

TABLE II. MINIMUM GEOMETRY FOR A GIVEN AMBISONICS ORDER O
O | t | N(channels) Geometry
1] 2 4 Tetrahedron
215 12 Icosahedron
317 24 7-design
4 | 8 36 8-design
5 110 60 10-design
6 |12 84 12-design
7 114 108 14-design

The double conversion from Ambisonics to SPS, and from
SPS to Ambisonics (B-format to T-format to B-format) can be
employed to assess if the SPS geometry entails a spatial
information loss (hence it is a P-format instead of a perfectly
reconstructing T-format), resulting in an imperfect
reconstruction of the original signals. This is assessed by
relying on the orthonormality error matrix, defined as:

D = 201log(|YtY|) 9

where Y are the sampled spherical harmonics and * denotes the
transpose. In the following figures, the orthonormality error
between two sampled spherical harmonics is represented by a
square.

It was opted to start testing t-designs with a suboptimal
configuration, that is 20-point 5-design for 3 order
Ambisonics signals. The conversion to T-format is performed
by sampling the set of SH with 20 points over the sphere, then
the original 16 signals were reconstructed by encoding back
the SPS signals to Ambisonics. Fig. 2 (left) shows the result
(color scale in dB). One can note that despite placing 20
transducers in a t-design arrangement (vertices of a
dodecahedron), the 3 order signals are not lossless
reconstructed. The result is instead perfect up to the 2" order,
as theoretically predicted (0=2). However, the optimal
configuration for the 2" order reconstruction is the 12-point
5-design (icosahedron), which yields the same result as the 20-
point one. The procedure is then repeated for the 24-point 7-
design, which exhibits a perfect reconstruction up to the 3™
order, as shown in Fig. 2 (right).

SH order

1 2 3 1 2 3

SH order SH order
Fig. 2: Reconstruction of 3 order SH using the 20-point 5-design (left) and

the 24-point 7-design (right).

Further t-design geometries for HOA were processed. Fig.
3 presents the result for the 32-point 7-design: it is not enough
for the full 4™ order Ambisonics but works perfectly for the
39 order. Therefore, it should be the ideal arrangement for a
“T-Eigenmike32”, since it ensures perfect reconstruction of
each SH without any leakage, which instead occurs with the
original EM32’s geometry.

SH order

SH order
Fig. 3: Reconstruction of 4™ order SH using the 32-point 7-design.

Additional optimal t-design geometries tested are the 36-
point 8-design and the 60-point 10-design, which can be
employed for encoding Ambisonics streams of 4™ and 5%
order, respectively. The reconstruction of the original
Ambisonics streams resulted perfect also in these cases, as
shown in Fig. 4.

SH order

SH order

SH order
Fig. 4: Reconstruction of 4" order and 5" order SH using the 36-point 8-design
(left) and the 60-point 10-design (right).

IV. COMPARISON OF EXISTING MICROPHONE ARRAYS

Several microphone arrays with known capsule locations
are now theoretically evaluated, repeating the procedure of
sampling SH with a set of SPS virtual microphones, then using
the resulting P-format signals to reconstruct the original SH
signals. In this way, the sampling/reconstruction error is
quantified. In the following, results are shown for Zylia (19
mics), Eigenmike32™ (32 mics), Bruel&Kjaer type WA-
1565-W-020 (36 mics), ISVR (40 mics), and Bruel&Kjaer
type WA-1565-W-021 (50 mics).

Fig. 5 shows the 19 locations of Zylia microphones in
comparison with a spherical 19-point 4-design, whereas Fig.
6 shows the reconstruction errors for the SH up to 3" order for
both geometries. The 19 sampling points of Zylia microphone
array are not uniformly scattered over the surface of the
sphere, resulting in large errors even at 1%t order. Employing
instead the same number of capsules with a t-design
arrangement (N=19, t=4), the result is perfect up to the 2"
order, as expected, and presents errors only at the 3 order.
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Fig. 5: Equirectangular chart of Zylia’s microphone locations (red) vs. 19-
point 4-design (blue).

SH order
N

1 2
SH order

SH order
Fig. 6: Reconstruction of 3-order SH using Zylia (left) and 19-point 4-design

(right).

Then, the case of EM32 is evaluated. Fig. 7 shows that the
32 capsules of EM32 are not positioned in accordance with
the optimal 32-point 7-design. The latter is not enough for the
4™ order Ambisonics but provides perfect reconstruction up to
3 order (Fig. 8, right). Note that EM32’s arrangement is
obtained intersecting two regular polyhedrons, an
icosahedron, and a dodecahedron (resulting in a truncated
icosahedron — a soccer ball). Except for 8 points (vertices of a
cube), the correspondence of the two arrangements is not
precise, causing significant errors at 3™ order, and some small
errors are present already in the 2™ order (Fig. 8, left).
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Fig. 7: Equirectangular chart of EM32 microphone locations (red) vs. 32-point
7-design (blue).
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Fig. 8: Reconstruction of 3 order SH using EM32 (left) and 32-point 7-

design (right).

It can be concluded that, despite using more than 24
microphones, which is the minimum number required in a t-
design geometry for perfect reconstruction of SH up to 3™
order, the EM32 gives some sampling errors even at 2™ order.
However, as it was already shown by previous research [26],
[27] when an experimental approach, based on measurements,
is preferred with respect to the theoretical approach, based on
analytical formulas, the EM32 can provide robust 3 order
signals in a wide frequency range.

Then, Bruel&Kjaer array with 36 microphones (B&K36)
and 195 mm in diameter is analyzed. A 36-point 8-design
exists, and it allows for a perfect reconstruction of SH up to
4™ order. In Fig. 9, B&K36 microphone locations are plotted
against the corresponding optimal t-design, and the result of
reconstructing SH signals up to 4™ order is presented in Fig.
10. Significant errors at all orders can be observed for B&K36
in comparison to the t-design.
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Fig. 9: Equirectangular chart of B&K36’s microphone locations (red) vs. 36-
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Fig. 10: Reconstruction of 4M-order SH using B&K36 (left) and 36-point 8-
design (right).

The next microphone array is by ISVR, with 40 capsules
(ISVRA40). In Fig. 11, the ISVR40’s arrangement is compared
to the 40-point 8-design, and the results for 4" order
reconstruction are shown in Fig. 12, with significant errors at
all orders for ISVR40.
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Eventually, the 50-capsule arrangement by Bruel&Kjaer
(B&KH50), having a diameter of 195 mm. In Fig. 13, B&K50
microphone locations in comparison to the 50-point 9-design
are plotted, and Fig. 14 provides the results for 4™ order
reconstruction, still with significant errors for B&K50 except
of the 1% order.
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point 9-design (blue).
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V. PRACTICAL USAGE OF T-DESIGNS

The main practical result of this paper is the formalization
of a new T-format multichannel audio stream, which can be
seen as a complete alternative to the traditional B-format
(Ambisonics). T-format is slightly less efficient than B-
format, as it requires a larger number of channels for
transporting the same spatial information, as shown in Table
1.

TABLE Il NUMBER OF CHANNELS AS A FUNCTION OF AMBISONICS
ORDER O

Order | N.channels N. channels
O] (B-format) (T-format)
1 4 4
2 9 12
3 16 24
4 25 36
5 36 60
6 49 84
7 64 108

However, T-format shares the same advantages already
found for P-format, making it easier to perform some
operations such as spatial equalization and selective
suppression of disturbing noise sources. In addition, it is
potentially more robust to channel-independent nonlinear
processing tools, such as parametric reverberation, noise
reduction, multi-band compression, de-clicking, etc.
Furthermore, the T-format signals, albeit representing a scene-
based description of the sound field, can also be considered
independent “sound object” signals. Hence, they can be
transmitted, processed, and rendered employing those systems
that are not friendly for scene-based signals (Dolby Atmos or
DTS-X) or in subsets of MPEG-H only supporting sound
objects. The capability of converting B-format to T-format
and back can be seen as an open, bidirectional bridge between
scene-based spatial audio and object-based spatial audio.

A. Tools for T-format processing

This Section illustrates the procedure for converting back
and forth between B-format and T-format, by employing the
SPARTA open-source software [52] consisting in a suite of
Virtual Studio Technology (VST) plugins. The conversion
from B-format to T-format is performed with an Ambisonics
Decoder (AmbiDEC), while the conversion from T-format to
B-format is performed with an Ambisonics Encoder
(AmbiENC). Both include presets for t-design geometries
having 4, 12, 24, 36, 48, and 60 channels. The choice must be
made according to Table II. Fig. 15 shows how to configure
AmbiDEC: SAD decoder, max-rE not active. Fig. 16 shows
how to configure AmbiENC for converting T-format to B-
format (3 order in the example). The choice between
Amplitude Preserving (AP) and Energy Preserving (EP) has
the effect of modifying the gain of all T-format signals but has
no effect on the spatial information. However, it is
recommended to use EP as it requires less gain adjustment
when reconstructing the original B-format signal from T-
format.
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Fig. 15: B-format to T-format conversion using AmbiDEC VST plugin.

Encoding (imer] s

Panning Window
[ s0°

Order: 3rd order
Presets: | T-design (24) v
Number of Inputs: 24
Azi® # Elev®
26.001 15.464
-26.001 -15.464
17.109 -24.994
-17.109 24.994

153.999 -15.464 Channel Order:  ACN Normalisation: | SN3D

Fig. 16: T-format to B-format conversion using AmbiENC VST plugin.

These plugins also allow to perform a “spatial up-mixing”
of Ambisonics signals. This is the case when a HOA
soundtrack is created, e.g., starting from a FOA recording (4
channels). The traditional approach would rely on the
hierarchic property of Ambisonics: the four channels of the
FOA recording are fed into the first four channels of the HOA
mix, over which other discrete sources are added employing a
HOA encoder. However, this approach is suboptimal. Instead,
the FOA recording can be converted to T-format with a FOA
decoding, and then converted back to HOA with a HOA
encoding. This procedure creates a spatial up-mixing by
interpolating the spatial information, resulting in a HOA
soundtrack, which preserves all the spatial information
captured by the FOA microphone array. Even better results
can be obtained if the T-format conversion is performed
employing a parametric Ambisonics decoder, such as the
Compass Decoder (Fig. 17) also available in [52]. This
method sharpens the original spatial resolution, resulting in a
HOA soundtrack having much better spatial sharpness than
the original FOA soundtrack.

COMPASS |Decoder
Decoding Settings imgsn] eoet) Qutputs

| 1st order ~ || Binauralise Loudspeakers: Presets: | T-design (24) ~v

Diffusion Leve 0.00 || Use Default HRIR set: Number of Outputs: | 24
Format:| ACN ~~ ||SN3D v SOFA File Nlie) Azi° # Elev®
DoA Estimator: MUSIC ~~ | Ambient Mode: | Orig-CM v 26.001 15.464
Diffuse to Direct Balance Per Band -26.001 -15.464
17.109 =24.994

-17.109 24.994

100 1k Frequency (Hz)

Linear to Parametric Balance Per Band 153.999 =15:464

-153.999 | 15.464

162.891 24.994

Fig. 17: Parametric conversion from B-format to T-format (spatial up-mixing)
using COMPASS Decoder VST plugin.

VI. CONCLUSIONS

The relation between Ambisonics, SPS, and t-design is
formalized, and a new T-format multichannel audio stream is
introduced in this paper. A demonstration is given that t-
design is an efficient method to define the position of
transducers for an array, whether those being capsules for a
microphone array or loudspeakers for a playback system. This
is achieved through lossless sound field decomposition into
SH up to a given order by a spherical t-design sampling, which
is equivalent to perfect reconstruction of the Ambisonics
format.

Several t-designs are analyzed, and optimal arrangements
are suggested for spherical microphone arrays capable of
encoding Ambisonics 3", 4™, and 5" order: 24-point 7-design,
36-point 8-design, and 60-point 10-design respectively.
Several existing spherical microphone arrays (Zylia,
Eigenmike32, B&K36, ISVR40, and B&KS50) are studied in
comparison with optimal spherical t-designs having the same
number of capsules: 19-point 4-design, 32-point 7-design, 36-
point 8-design, 40-point 8-design, and 50-point 9-design.
None of the existing arrays proves to be perfectly
reconstructive, whereas error-free reconstruction was
achieved for each of the upper mentioned t-design
arrangement keeping unchanged the number of capsules.

Eventually, an efficient method for back-and-forth
conversion between Ambisonics and T-format is provided,
relying on existing open-source software. This allows us to
efficiently convert from scene-based spatial audio to object-
based spatial audio and vice versa, and to perform a spatial up-
mixing of low order to higher order Ambisonics soundtrack.
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