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The investigation of eXMA method with non-spherical scatters
ZIYl HU

Department of Architecture and Civil Engineering

Chalmers University of Technology

Abstract

The XMA was a recently presented higher-order ambisonic microphone array which
is based on the spherical microphone array (SMA) and equatorial microphone array
(EMA) but without a traditional spherical scattering body. Since it is compatible
with the EMA, the XMAs can also be designed with the microphones placed on a
circumferential contour around the scattering body, which is called the equatorial
XMA (eXMA). Compared with the classical SMAs, the eXMA method reduced the
required number of microphones signi cantly since it did not need the microphones
to be distributed over the whole surface of the scatterer. The eXMA shows a good
application prospect in spatial sound eld recording especially when combined with
the VR camera to produce a complete panoramic audio-visual experience from a
rst-person view. However, the eXMA has so far only been evaluated as a head-
mounted array, i.e. with a human head as the ba e. The performance of eXMA
with other shapes of scatterers are unknown.
In this work, we used the mesh2hrtf implementation of the boundary element method
(BEM) to simulate eXMA calibration measurements for a variety of candidate scat-
terers including cylinders, cubics and some shapes that are inspired from real VR
360 cameras. We also deformed those shapes and moved up the microphone array
to see the in uence. Based on those simulations, we identify what spherical har-
monic orders can be obtained with what accuracy for a set of convex scattering body
geometries that are of relevance in the given context.
We demonstrate that the shape of the body is not very critical. The eXMA shows
very robust performances with the di erent shapes of scatterers, some of them even
have corners. Reducing the height of the scatterers or moving up the microphone
array to the edge will increase the error but the accuracy is still acceptable. The
main limitation is the size of the scatters that small bodies do not allow for extracting
higher orders at low frequencies. Limitations of the simulation are discussed and at
the end we also generate some spatial audio recordings based on the cuboid and the
squashed cylinder scatterers.

Keywords: Spatial Audio, SMA, EMA, XMA, Ambisonic, Spherical Harmonics.
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List of Acronyms

Below is the list of acronyms that have been used throughout this thesis listed in

alphabetical order:

AR
EMA
FOA
HOA
HRIR
HRTF
HRTF
MS
ORTF
SH
SMA
VR
XMA

Augmented Reality

Equatorial Microphone Array
First-order Ambisonic
High-order Ambisonic

Head Related Impulse Response
Head Related Transfer Function
Head Related Transfer Function
Mid Side

O ce de Radiodi usion T@l@vision Fran aise
Spherical Harmonics

Spherical Microphone Array
Virtual Reality

X Microphone Array






Nomenclature

Below is the nomenclature of indices and parameters that have been used throughout
this thesis.

Indices

Index for the degree of spherical harmonics
Index for the order of spherical harmonics
Index for the number of microphones

— = 5 3

Index of horizontally propagating plane

Parameters

Azimuth
Colatitude
The radian frequency

The speed of sound

The total number of horizontally propagating planes
The maximum resolvable SH degree

The maximum resolvable SH order

The total number of the microphones

DO zZr©

The radius of the spherical ba e

Coe cients and Functions

Ssurf The sound pressure eld on the surface of the ba e
Sgurt The SH coe cient of the sound pressure on the surface of the ba e
Snim The SH coe cients of the incident sound eld

Xi



HER The user’s left and right ear’s SH coe cients of the head related
transfer function

Sgurtew The SH coe cients of plane wave sound eld
Yn:m The Spherical Harmonics basis function
pimi The associated Legendre function
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Introduction

The videos for virtual reality (VR) and augmented reality (AR) are typically cap-
tured by a dedicated camera array and stitched together to form a panoramic video.
People can look around when using VR or AR headsets. To make users also hear
"around”, we need to produce a head-tracked binaural audio. This audio Though
this method sacri ces some spatial resolution on the elevation direction, it still pro-
vides some good advantages [2]. Firstly, the Equatorial Microphone Array (EMA)
method reduced the number of required microphones and only distributed them
around the equator of the spherical scattering object. With appropriate scatters, it
can achieve the same spatial resolution as the Spherical Microphones Arrays (SMA)
method but with much fewer microphones. Another important advancement of the
EMA method is that it provides an SH can be captured with rigid SMA. The shape
of the array and the number of microphones in SMA limited the application of this
method. It is hard to be mounted onto AR headsets additionally to a camera ar-
ray and impractical to create a head-mounted array since the microphones need to
be distributed over the entire head. Based on the SMA method, Ahrens et al [7]
proposed the EMA. Decomposition of the captured sound feld from microphones
that are on a circumferential contour on the scattering object” [6], which means we
can extend the EMA solution to non-spherical objects like the human head. The
extensibility of this approach gave us a possibility to create a head-mounted array
in practice. For arbitrarily- shaped compact scatterers, Ahrens et al [7] extend the
SMA and EMA methods to sXMA and eXMA methods. The result shows that the
accuracy of eXMA is only slightly lower than the EMA method with a spherical
scatterer.

In the previous study, the eXMA method shows a potential applicability in non-
spherical scatterers. So in this thesis, we will focus on how far the shape of a
scatterer can deviate from a sphere. A metric to evaluate the accuracy of eXMA
with arbitrarily-shaped scatterers also needs to be found. This metric will help us
to con rm whether the given shape is suitable or not. After some interesting and
suitable shapes have been found, we will build prototypes for them and apply the
eXMA method to make some recordings. These nice recordings will show us how
well this method works in the real world.



1. Introduction

1.1 A brief introduction of spatial audio recording
and presentation

The term spatial audio has a wide usage covering from the digital signal eld to the
psychology eld but does not have a well recognized de nition yet [3]. In this thesis,
we mainly focus on the audio signal that contains spatial information.

1.1.1 Stereo and Surround Sound

The stereophony and surround sound presentation always use two and more audio
channels and can provide more spatial information of the sound eld compared to
a single microphone recording [30]. There are basically four types of stereo record-
ing con gurations: Spaced pairs, Coincident pair, Near-coincident pair and Mid-
side [18]. Fig 1.1 shows the typical microphone settings of these four types:

i) AB stereo recording using a spaced pair of omnidirectional microphones, the dis-
tance between two microphones is about 50cm. The distance makes a time delay
between the two microphones and provides a very open and spacious sound [22].
i) XY stereo recording is based on a coincident pair of directional- or bidirectional,
angled microphones. These two microphones are placed so close that they can be
considered at the same location. This provides a perfect position accuracy but less
spatial compared with the AB type [22].

iil) ORTF (O ce de Radiodi usion T@l@vision Fran aise) stereo recording is based
on a near-coincident pair of cardioid microphones. The distance between two mi-
crophone heads is 17cm and the angle between them is 110 degrees. This distance
mimics the space between two human ears and this angle emulates the shadow e ect
of the human head, which gives the listener a good e ect both in position accuracy
and spaciousness [22].

iX) Mid-side stereo recording is based on a cardioid microphone (Mid) at the center
point to the stage that picks up mono sound and a bi-directional microphone (Side)
placed down side the mid microphone to pick up signals from left and right side.
The spatial information is mainly recorded by the side microphone. The position
accuracy of MS setting is also perfect because the two microphones are at the same
place [18].

2



1. Introduction

o
v‘l'
'3 # L L}

B (] - )
3§ i v \
. 1 & ]
I \ i 1
H \ : i
H \ - I
: L A e i
P L ¢
% - ’
)4 ’
-, ™ -
“maglly it stp” a “‘l-____v"

Left Right

L . Right Left
50cm )

n f A L
Y g X
o / A5
X ~ = Master
i J 7 F r'f 7

S+ S
_____ /4 520
y r"\'_/" Q Q Q L R
LEFTMIC  RIGHTMIC
[ EpSeng »

17 cm

Figure 1.1: Four types of stereo recording con gurations [4]. Top Left: AB stereo
recording. Top Right: XY stereo recording. Bottom Left: ORTF (O ce de Ra-
diodi usion Tol@vision Fran aise) stereo recording. Bottom Right: Mid-side stereo
recording.

Fig 1.2 shows the typical setup of the stereo present system. In stereophony, the
spatial perception of the listener is controlled by increasing the amplitude or delay-
ing the signal of one loudspeaker. When the sound from the two loudspeakers arrive
at both ears at the same time with the same amplitude, it appears to originate from
a point in the center of the two speakers (phantom source) [55]. Increasing the am-
plitude of one loudspeaker’s signal will move the perceived location of the phantom
source towards this loudspeaker, delaying the signal of one loudspeaker will move
the perceived location of the phantom source away from this loudspeaker. These
two phenomena are called amplitude panning and delay panning respectively [3].
How the time gap between the two arriving signals in uenced people’s perception
of the stereo sound has been studied by several researchers:
i) When the time interval is smaller than 1ms, this di erence can not be distin-
guished by the hearing system. This phenomenon that the superpositioned sound
elds summed up at listeners’ ears is referred as summing localization in psychoa-
coustic [3,17,48].
ii) When the time interval is between 1ms to 40ms, the precedence e ect (Haas
e ect) takes place [3,28]. In this time window, the perceived direction of the rst
arrived sound will not be in uenced by the later sound that comes from a di erent
direction, the later sound will not be perceived as an echo but as a room impression.

3
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However, if the second-arriving sound is at least 15 dB louder than the rst, the
precedence e ect breaks down [3,32].

iii) When the interval is larger than 40ms, the later signals will be perceived as
distinct echoes [17].

The surround sound system is an extension of the stereophony. Fig 1.2 Right shows
the typical setup of the 5.0 surround system. The three added loudspeakers have
di erent usage: the center loudspeaker is used to present the sound content that is
supposed to stay at the center steadily. The left and right surrounded loudspeakers
are used to increase the spatial perception by playing the decorrelated signals [30].

v,
= | 30
-

d>1m .

Figure 1.2: The typical setup of the stereo present system [3]. Left: the 2.0
surround system. Right: the 5.0 surround system.

1.1.2 Head-Related Transfer Functions and Binaural Record-
ing

To create an audio scene with speci ¢ spatial attributes that makes the listener
feel like in a real acoustic environment, the presentation system needs to imitate
the acoustic properties of humans. As the sound propagates from the source to the
listener, there are a lot of other humans’ factors except the surrounding environment
that will determine what we will hear. For example: the size and shape of our head,
ears, ear canal, density of the head, size and shape of nasal and oral cavities [10,29].
All of these human properties will transform the sound like boosting some frequencies
and attenuating others and thus a ect how we perceive it. These properties that
characterize how an ear receives a sound from a point in space are called head-related
transfer functions (HRTFs), the e ect of HRTFs is shown in Fig 1.3. HRTFs for left
and right ear hr(t) and h_(t) describe the Itering of a sound source x(t) before it
is perceived at the left and right ears as x, (t) and xg(t) [29].
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/ hy(1) / hg(®

X, 0 Xg (0

Figure 1.3: The e ect of human head related functions [29].

As an extension of stereo recording, binaural recording can capture the HRTFs and
accurately simulate human hearing through a calibrated headphone playing system.
As shown in Fig 1.4, by setting the microphone at the position of the eardrum
inside the ear channel of human [49] or a dummy head [31], this recording method
can easily capture the natural sound alteration due to the interaction with human
body and surround environment [30].

Figure 1.4: The Binaural Stereo recording [46] and the KEMAR dummy head [31]

With the help of head related impulse response (HRIR) which is the inverse Fourier
transform of HRTF., we can simulate human hearing of an arbitrary sound source
through a calibrated headphone playing system. People estimate the location of a

5
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source comparing the cues received at both ears. The two cues may have time and
intensity di erences. By convolving the head related impulse response (HRIR) with
the arbitrary sound source, we can convert the sound to what the listener will hear
if the sound had been played at the source location with the listener’s ear at the
microphone location. And thus the listener can feel the virtual sound source with a
proper playing set [42].

1.1.3 The Acoustic Curtain

To better capture and present spatial information, it is intuitive to apply more mi-
crophones and loudspeakers. Snow et.al [45] introduced the idea of the Acoustic
Curtain in the 1930s which formed the basis of the sound eld synthesis [3]. Fig 1.5
shows the concept of acoustic curtain. The sound is captured by a wall of micro-
phones in the primary recording room. Each microphone is directly connected to
a loudspeaker that is settled on the wall of the secondary reproduction room. The
listener is assumed to hear sound coming from a virtual source that is located not in
the primary recording room but just behind the curtain of loudspeakers. Moreover,
the system was percepted satis ed even with only two or three microphones and
loudspeakers. This can be explained by the hearing mechanism that similar to the
Stereophony was triggered [3].

sound sowrce
recording

room

AL AIAA AT AT AT AT AT AT AT AT AT A AT AT R

reproduction
roHm

Figure 1.5: The concept of acoustic curtain [3].

The reproduced sound eld is very realistic with a good matching between the
microphones and loudspeakers [30,40]. But a perfectly matched record and playback
system is not practical since the con guration of the system (position and number
of microphones and loudspeakers) varys a lot with di erent room settings [30]. To
avoid this problem, nowadays microphone recording signals will be processed rather
than used directly. The processing part will analyze the signal and provide more

6
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information about the sound eld including the source position, the characteristics
of the environment and also a clean sound source signal [40].

1.1.4 Ambisonics

The ambisonics technology was rstly developed in the 1970s by Felgett [24], Ger-
zon [25], and Craven [20]. Gerzon’s work in the 1970s gave us what we call rst-order
Ambisonic recording and playback technology today [25]. We brie y introduce his
playback setup here: at the beginning, an arrangement of loudspeakers as shown
in Fig 1.6 was used to control the sound eld inside the loudspeaker arrangement
which was adapted from Gerzon [25]. Nowadays, the ambisonic format can be used
to represent spatial audio information by spherical harmonic expansion coe cients
and it allows for head-tracked binaural reproduction over headphones as well as
for reproduction over loudspeaker arrays or even conventional stereo and surround
setups [8].

I8,

Figure 1.6: A typical ambisonic loudspeaker setup; the mark indicates the point
in which the sound eld is controlled [3].

1.1.4.1 First-order Ambisonic (FOA) recording

The rst-order Ambisonic recording technology bene ts a lot in VR and sound eld
recording [56]. The microphone setup of the rst-order Ambisonic (FOA) record-
ing system is similar to the MS stereo recording, As shown in Fig 1.7 left, a 2D

rst-order Abisonic recording system typically only needs one more gure-of-eight
microphone compared with MS recording. The three signal channels of the 2D FOA
format are called W, X and Y which correspond to the omnidirectional microphone
and two gure-of-eight microphones that are aligned with the Cartesian axes [56].
Fig 1.7 right shows the 3D FOA format which introduces one more gure-of-eight
microphone to pick up the signals aligned with the Z Cartesian axes.



1. Introduction

/%l- % e
Figure 1.7: Two types of the rst-order Ambisonic recording microphone con g-

urations [56]. Left: the 2D FOA recording system. Right: the 3D FOA recording
system.

The 3D rst-order Ambisonic recording can also be realized by using 4 tetrahe-
dral arranged cardioid microphones with the aiming directions FLU-FRD-BLD-
BRU (front-left-up, front-right-down, back-left-down, back-right-up) [56], as shown
in Fig 1.8. This kind of arrangement is widely used in practice, Fig 1.9 shows some
ambisonic microphones in the commercial market, they are Sennheiser AMBEO VR
Microphone [9], Core Sound TetraMic [19], and SoundField SPS200 [44]. Nowadays,
the rst-order Ambisonic recording technology’s bene ts of capturing the whole sur-
rounding sound scene with only 4 compact microphones and easily permits rotation
of the sound scene makes it popular in video recording, rendering and VR games [56].

FLU

\__ BRI

/ A/ FRD

BLD

Figure 1.8: Tetrahedral array with four cardioids [56].
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&R

Figure 1.9: Some ambisonic microphones that applied a tetrahedral array with four
cardioids in the commercial market. From left to the right: Sennheiser AMBEO [9],
Core Sound TetraMic [19], and SoundField SPS200 [44].

1.1.4.2 High-order Ambisonic (HOA) recording

The design of HOA microphones is a turning point that opens an exciting experi-
mental eld in real 3D sound eld recording [21]. The higher-order Ambisonic mi-
crophone arrays are always distributed over a rigid sphere with some radius r [8,56].
This kind of microphone array is called spherical microphone array (SMA). SMA
now is commercially available, as shown in Fig 1.10, the em32 Eigenmike microphone
array [23] and the B&K spherical microphone array [15]. Whereby this model even
have a set of video cameras integrated so that the complete audio-visual data are
recorded. Compact spherical microphone arrays can record sound events from the

rst-person perspective. We will introduce this kind of microphone array and its
derivative in detail later.

Figure 1.10: Some commercially used spherical microphone arrays. Left: em32
Eigenmike microphone array with 32 channels [23]. Right: BK spherical microphone
array with 36-50 channels [15].



1. Introduction

1.2 Spherical microphone arrays (SMAs) and Equa-
torial microphone arrays (EMAS)

Spherical microphone arrays (SMASs) is a convenient solution for capturing and
analyzing spatial sound elds and shows the property of sound incident angle inde-
pendence [1, 35,37,54]. The typical setting of SMAs were shown in Fig 1.11 left,
where plenty of microphones were uniformly distributed on the rigid spherical baf-

e. Spherical harmonics (SHs) were applied to represent the sound eld which was
captured by SMA and it facilitates the application in binaural rendering [38]. With
the help of binaural rendering, we can compute the signals that would arise at the
listener’s ears when exposed in the captured sound eld. The disadvantage of SMA
is obvious: to realize the direction-independent spatial resolution, it requires a sig-
ni cant number of microphones to be placed on the surface of a rigid sphere.

However, since most sound scenes in real world have much greater change in azimuth
than in elevation [16] and our listening system is also optimized for that [17], it is
enough to restrict our consideration in the horizontal plane [2,6,7]. Though com-
pared with SMA, the circular microphone arrays have a bad ability to discriminate
sound in elevation, it is not necessary to provide the same resolution for all directions
in practice [14]. And actually the listener’s acuity of azimuthal is better than their
evational acuity when they spatialized the spatial sound [14]. Under this context,
a circular microphone array with appropriate scatters and much fewer microphones
may achieve the same spatial resolution is possible [6].

The equatorial microphone array (EMA) was established by Ahrens et.al [6] in 2021.
As a variant of SMA, the EMA also has a spherical scatter but the microphones
are placed along the equator of the sphere rather than distributed over the surface.
The audio quality with playback over headphone is very good when the SH order
is N=5 or higher [8,13,34,51]. The limitation of EMA is that it cannot produce
the real ambisonic representation of the captured sound eld but only a horizontal
projection of the sound eld. But it saves a signi cant number of microphones for a
given SH order N: for SMA, the required number of microphones is (N+1)2 but for
EMA, it only needs 2N+1 [8].The EMA makes it possible to create an array with
the SH orders that is unacceptable for SMAs. Fig 1.11 shows a comparison between
an 8th-order SMA with 110 microphones and 8th-order EMA with 17 microphones.

To better understand the meaning of SH order, we employed simple visual repre-
sentations of the rst few real spherical harmonics in Fig 1.12. We can consider
the shape of each mode just as the directivity of the microphone array. The Oth
mode is omnidirectional [8] and the shape of the 1st mode is very similar to the
directivity of a gure of 8 microphone. With higher order, the spatial resolution
will be higher, and to achieve this, we will need more microphones. It is enough
to capture su cient spatial information with only 4th or 5th order of microphone
array.
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Figure 1.11: The comparison of microphone numbers between two methods [2].
Left: the 8th-order SMA with 110 microphones. Right: the 8th-order EMA with 17
microphones.

Figure 1.12: Visual representations of the rst few real spherical harmonics, from
the top to the bottom is the Oth order to the 3rd order [47].

1.3 The XMA

The SMA and EMA both have a good performance in spatial audio representation,
but they are only workable with a rigid spherical scattering object and thus the
usage of spatial microphone arrays is limited. For example, it is inconvenient to
use an ambisonic microphone array with spherical ba e [8] on the wearable arrays.
Combining the concepts of SMA and EMA, Arhens et.al developed the XMA that
don’t need a spherical scatter, the X means the arrays can be mounted on arbitrarily-
shaped scatters [7]. In the concept of XMA, Arhens used the term sphere-like
XMA (sXMA) to describe the microphone arrays that distributed over the surface
of arbitrary scatter like Fig 1.13 left and the term equatorial XMA (eXMA) to the
describe the microphone arrays that located along the equator of the arbitrarily-
shaped scatter like Fig 1.13 right.
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Figure 1.13: The microphone distribution of the sSXMA (right) ang the eXMA
(left) on the human head [6].

Nowadays, the XMA method has only been used as a head-mounted microphone
array [6], which can be integrated into augmented reality (AR) glasses as shown in
Fig 1.14. The combination of AR glasses and ambisonic microphone array makes
the headset become a self-su cient multimedia capture device [6]. Obviously, it is
impractical to use sXMA in this condition since you cannot place the microphones
all over your face and here in this paper, we will only talk about the eXMA.

Figure 1.14: The eXMA head-mounted array.

Many literature research have demonstrated that the XMA method is robust against
mismatching and displacement of the microphones, which means the e ect of repre-
sentation will not be a ected too much in case the microphones are slightly moved.
It was also shown that XMAs work pretty well for binaural reproduction when the
size of the ba e is close to the human’s head [7]. So that, in this paper we only
apply ba es with the size very close or just little smaller than the human’s head to
the XMA. We evaluate the performance of ba es that depart more from a spherical
shape, including cylinders, di erent prisms, commercial 360 VR camera like shapes
and some other strange shapes. For the di erent form factors, we investigate via
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numerical simulations which SH order can be reliably retrieved from the microphone
signals at what frequency.

1.4 The cost of height variant

The most di erent between the EMA and XMA to the SMA could be the distri-
bution of the microphones. In SMA the microphones are distributed all over the
surface of the ba e, but the microphones of EMA and XMA are concentrated to the
equatorial. This arrangement requires the incident sound eld for EMA and XMA
to be height invariant.

How much will it cost for the EMA and eXMA if the incident sound eld is not height
invariant? Will it in uence the accuracy of the results signi cantly? In the previous
study, Ahrens et.al [2,6, 7] have compared the HRTFs with the binaural rendered
output of the SMA, EMA and eXMA in di erent elevation degrees. In their work,
the results of HRTFs, SMA, EMA and eXMA does not show any obvious di erence
when the elevation of incident sound is O degree. However, when they raise the
elevation of the source, the results start to vary. The di erence between HRTFs
and SMA s still not signi cant. But the magnitude of EMA and eXMA deviated
from the HRTFs obviously, especially when the sound comes from straight above
(the elevation degree is 90). This deviation is audible but we are not sure how
it will a ect people perceptually. Fig 1.15 shows the comparison between HRTFs
and SMA and EMA. The data is come from [6] For convenience, we will limit our
consideration under the height invariant sound eld. For VR, it is su cient to
restrict the considerations to the horizontal plane because this is the most common
real-world scenario, and the human auditory system is optimized for it.
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Figure 1.15: The comparison between HRTFs and SMA and EMA [6].
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2

Theory

In this section, we will rst brie y revisit the spherical microphone arrays (SMAS)
and the equatorial microphone arrays (EMAS) since these two methods formed the
fundamentation of XMAs. Then we will introduce the basic theory of XMAs and
how we investigate the in uence of ba e’s shape on eXMA:s.

2.1 Basic principle of di erent type of arrays

2.1.1 Spherical microphone arrays (SMAS)

As shown in Fig 1.10, conventional SMAs employ pressure microphones distributed
over a rigid spherical ba e. The sound pressure eld S ( : ;R; 1) on the surface
of the ba e is given by

XX
sUT( ;R = Ssut (R; )Ynm( 5 ) (2.1)
n=0m= n
where the ba e is centered at the coordinate origin, R is the radius of the spherical
ba e, and are the colatitude and azimuth, I = 2 f is the radian frequency
in rad/s. The order n denotes the maximum order that can be extracted by the
microphone array to n<N. One speaks this an Nth order decomposition, in SMAs,
the required microphone number for Nth order is (N + 1)2. Y,m( ; ) are the SH
basis functions,

Sy =( 1)mi;'§2n+1(n jm;j)!

m jmj im
Ya'( 2 (n+jmj)!P” (cos )e (2.2)

the P)™i(cos ) are the associated Legendre functions.

According to eq 2.1, the SH coe cient of the sound pressure on the surface of the
spherical ba e ST (R; 1) is given by
|
SUT(R; )= SMT(; SR DYam( ;) d (2.3)
' (@)

where the denoted complex conjugation. The sound pressure eld SV ( ; ;R; 1)

here is actually the signal of the sound eld captured by the microphones located
all over the surface of the rigid sphere.
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In practice, the integration in eq 2.3 will be approximated by summing the signals
captured by the distributed microphones,

f R f
Sem (R = weS™ (g ¢ Yom( ¢i ) (2.4)
g=1
whereby wy are the quadrature weights of the microphone locations, the q denotes
the number of the microphones from No.1 to No.Q.

The next step is to calculate the SH coe cients of the incident sound eld Sp.(1).
It is the target to realize the representation, it represents the captured sound eld
with the e ect of the scatterer removed [6].

Snm(1) = ST (R; Db, "(R; 1) (2.5)
with,

(R 1)= — ! 2.6

n(i-)_ I§2h?1(2) !% ()

h%2 denotes the derivative of the nth order spherical Hankel function of second kind.

The next step is to calculate the binaural rendering signal with the help of the user’s
left and right ear’s SH coe cients of the head related transfer function (HRTF)

Hem(1) [5]

1

x
B(H= 40

n=0m= n

Sm(?) Ham (1) 2.7)

The signal B .r(1) is actually what the listener’s left and right ears will hear when
exposed in the captured sound eld.

2.1.2 Equatorial Microphone Array (EMA)

The EMA use the same spherical ba e as the SMA but only place microphones
on the equator of the sphere [2,6]. This setup cannot represent sound elds from
arbitrary directions, for example, it cannot di erentiate two sound elds that are
mirrored on the horizontal plane. The method to compute SH coe cients in EMA is
not the same as in SMA.The SH coe cients in EMA S S ( =2;R; 1) is calculated
by integrating the sound pressure with a exponential along the equator as
122 _

Sa" (2R =5-  SM( =2 (Rie ™Md (2.8)
Here we call the S ( =2;R; 1) as the circular harmonic (CH) coe cient of the
sound pressure eld on the surface SU". Similar to the SMA, the integral will be
approximated by summing up the signal captured by the microphones located on
the equator. And the reconstruction also has a maximum order m limit that requires
M<N. The minimum required microphone number for Nth order EMA is 2N+1.
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The sound pressure eld on the surface SSU'f can then be calculated by

X _
SUT( =2, ;RN = S =2;R; 1)e'™ (2.9)
m= 1
So now we need to nd out how to calculate the SH coe cients of the incident sound
eld Sp.m(1) fo EMA. Firstly, we combine the eq 2.1 and eq 2.5, change the order
of the summations to get

Ssurf(=2; ;R;1!
_gjl Pl)

: 2.10
1, P s (by 1RiR YI( =200 (2.10)

Comparing eq 2.9 and eq 2.10 we can nd the relationship between CH coe cients
SSurf( =2;R; 1) and SH coe cients S,.m(1),

surf X R m
Sm(R 1) = Snim(1)bn !E;R Yn'( =2;0) (2.11)

n=jmj

Since the EMA cannot recognize the height di erential, a height invariant sound
eld is assumed. The SH coe cients of incident sound eld for a plane wave with
unit amplitude is given by [27]

Snm() =410 "Y"( =2; ) (2.12)
insert eq 2.12 to eq 2.11 we get

R

Ssurf(R. |):e im X 4 i 1.
m ) - n Y

n=jmj

R [Y,"( =2;0))° (2.13)

Rabenstein et al. [43] put forward that any height invariant incident sound eld can
be present by a set of plane waves. Inspired by Rabenstein’s method of using an
in nite number of plane waves with a unique complex weight to represent a sound

eld, Arhens et al. [2] reformed eq 2.13 by employing a sum over an in nite number
of plane waves, and each plane wave having a special complex amplitude X as

surf X im
SR D)= X()e ™

R B
=Sm(") (214)
X
40", 1SR YN 2,007
n=jmj c
The important unknown quantity S, (1) is given by
Ssurf(R. 1
Sm(M)=p AL ’ 2.15
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Then, the desired SH coe cients of the incident sound eld S,.,(!) can be calcu-
lated. Compare 2.11 and 2.15 we can easily nd that

Sam(?) =Sm ()4 i "Y."( =2;0) (2.16)
from this equation, we can then easily compute the ear signals via eq 2.7.

2.1.3 The XMA

Brie y summarize the processing in SMA and EMA: to calculated the signal that
arises at a given ear of the listener if she/he is exposed to the captured sound

eld, the key is to get the SH coe cients of the sound pressure on the surface by
the linear combination of the microphone signal. The solution of XMA is inspired
by the characteristic of SMA and EMA that each channel of the ambisonic signal
is a linear combination of the microphone signals and the weights can be derived
analytically [8]. However, it is not possible to get an analytical solution of the
incident sound eld by observing the sound eld on the surface of an arbitrary
scatter. The calculation of the SH coe cients S,..,, by the linear combination of
microphone signals SV is

X
Ssm(R =" (1S (xq; 1) (2.17)
q=1
the is a frequency depend complex weight of the microphone’s signals. We can
assume that the weight contains the information of the array like the size and
the shape of the scatter and the position of the microphones. Once the set of
is conducted and the whole set of the microphone array is unchanged. It can
be straightforwardly applied in eq 2.17 to the microphone signals captured in an
arbitrarily incident sound eld and then obtain their SH coe cients Sp.m.

But how to conduct the isa problem since in eq 2.17 we have two unknown but only
one equation.The idea is to make one of the unknowns become a known quantity by
the calibration measurement. To conduct the calibration measurement, the XMA
should be exposed to sound elds of which the corresponding SH coe cients Sp.m
are known. For example, a plane wave propagating sound eld. The SH coe cients
S,ﬁ‘;’,ﬂ'pw of plane wave sound eld is given by

SamP (1) =4 i "Yom( ;) ba(R; 1) (2.18)

The ba e of XMAs does not need to be acoustically rigid or have analytically de-
scribable acoustic impedance. The unknown acoustic properties of the ba e are
taken into account inherently during the calibration.

The can be obtained by a least-squares t according to eq 2.17, which requires at
least Q+1 di erent sound elds of microphone signals SU'f and known SH coe -
cients SSUTPW - As shown in Fig 2.1, in practical, the calibration measurement will
take place in an anechoic chamber. If a human head sized XMA is positioned at a
distance of more than 1m from the loudspeaker, the incident sound eld from the
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loudspeaker in the free eld can be approximated by a plane wave. This measure-
ment needs a su cient amount of incidence directions.

Figure 2.1: The calibration measurement of XMA in anechoic chamber.

Once we obtained the weight of the XMA, we can easily calculate the SH coef-
cients by eq 2.17 with the method of least squares- t. And then apply it in the
binaural rendering and get the signal in ear just as what we did in SMA and EMA.

2.2 Spatial aliasing

The spatial aliasing is an inevitable problem that will lead to audible impairment
in the sound eld recording and binaural signal synthesizing process. In this part
we will brie y introduce it. As we all know, in digital signal processing,

As we all know, in digital signal processing, when we are sampling a set of continuous-
time signals with a xed sampling rate, the high frequency parts of the signal that
above the Nyquist frequency cannot be deduced and reconstructed reliably. The
signal part that is higher than the Nyquist frequency will be distorted and aliased
to lower frequency components [41].

Similar to what people do in digital processing, the SMA or EMA method are both
discretely capturing the real space continuous sound elds [34]. Analogous to sam-
pling continuous signals, high spatial modes cannot be deduced reliably when we
are sampling the real world space continuous sound eld at discrete positions with
a limited number of microphones. The high mode components will be mirrored
into lower modes and result in spatial aliasing [34]. The captured sound informa-
tion higher than the spatial aliasing frequency will be distorted and full of mistakes
which we must neglect.
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The spatial aliasing frequency fa can be estimated by [39]

Nc
fa=— 2.19
A= oo (2.19)

where the c is the speed of sound, and the N is the maximum resolvable SH order.
The r means the radius of the rigid ba e. When lower than the spatial frequency,
the spatial aliasing artifacts are of a very small magnitude that can be ignored.
However, when above this frequency, it will increasing rapidly that makes this part
full of error [34, 36].
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Methods

In this paper, we used the boundary element method (BEM) which is implemented
by mesh2hrtf from [52,53] to simulate eXMA calibration measurements for a number
of candidate ba es. We thereby simulated the microphone signals due to sound
originating from 101 point sources at di erent locations in the horizontal plane at a
distance of 3m. The graphic of the point sources’ positions is shown in Fig 3.1. The
XMAs that we simulated will be settled at the center of the circle, and mounted
with 17 microphones. And each time we will only simulate for one microphone
and repeat this process 17 times to nish the whole test for one XMA. The 17
microphones will produce 8th ambisonic order except the GoPro MAX 360 shape
which we only employed 10 microphones and produced 4th ambisonic order. The
microphone number is comparatively high since binaural reproduction only needs a
handful of microphones to produce a good result [2]. We put those high numbers of
microphones for a good performance to make the interpretation of the data easier

Figure 3.1: The 101 point sources at di erent locations in the horizontal plane at
a distance of 3m.

To evaluate the performance of the XMA on our special shapes, we employed the
normalized calibration error of the SH coe cients E(!), which is de ned as

1 X 8O.(1) sO.(1)

E(!):20Iog10E N0 n 3.1)
1=1 n;m\ =

where S are the correct known SH coe cients of the incident plane sound eld.

é\ are the SH coe cients that are computed by multiplying the XMA Iter X;.m
and the microphone signal. The X,,.,, were calculated by the least-squares t from
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eq 2.17. | is the index of a total of L horizontally propagating plane waves for which
calibration data are available. We use L = 101 throughout this paper as mentioned
before. The normalized error E(!) is actually a comparison between the real correct
coe cients and the SH coe cients calculated by our method. It is a very important
parameter that can directly reveal the performance of the eXMA method when the
scatter is non-spherical.

The top plot in Fig 3.2 shows the magnitude of the transfer function of the Iters
Xn:m- This Iter converts the microphone signals of the eXMA into an SH repre-
sentation. The bottom plot in Fig 3.2 depicts the normalized calibration error of
the SH coe cients E(!).The data are from previous study [2]. In the next part, we
will mainly use the plots like Fig 3.2 bottom to show how we will demonstrate our
results and analysis.

Figure 3.2: Top: 201094 jXn.m] for a selected microphone of the eXMA depicted in
Fig 1.13 right. Bottom: Normalized calibration error E(1) of that same eXMA [8].

The Fig 2.4 we used to demonstrate the result actually includes several important
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principles that are valid in all simulation results that we will show in the result
section:

i) In Fig 3.2 top, each color has a number of lines that are very close to each other.
Actually, a given color line can mask all lines with the same color that depict the
data for all azimuthal modes m that correspond to the indicated order n. This is
very obviously in the lower nth order. Similarly, each line in Fig 3.2 bottom masks
the lines for all other orders n that correspond to the indicated azimuthal mode m.

ii) At the left side of Fig 3.2, the magnitude of error is denoted in decibel. An error
in 0 dB means the magnitude of the error is at the same level of the data itself. And
all the calculated results with such a big error should be ignored, the corresponding
SH coe cients are corrupted. We proposed to set -40 dB as the threshold of the
error to determine whether the corresponding SH coe cient is reliable or not. An
error in -40 dB means the magnitude of error is about 0.01 of the data itself, which
is a quite conservative choice.

iii) In Fig 3.2 bottom, each mode m has a frequency range with a quite low magnitude
of error in which it can be extracted with high accuracy. However, towards to
lower frequency, the nite aperture will limit the accuracy of the result. At the
lower frequency range, the wavelength of the sound becomes much longer than the
aperture, at that point, the microphone array cannot extract the spatial information
as well as before. This phenomenon also happens when we shrunk the size of the
ba e and thus produced a smaller aperture array. At very low frequency, only the
error of the Oth mode remains at low altitude. And thus only the omnidirectional
information is useful as we mentioned before. It is impossible for us to identify the
sound source direction with the omnidirectional information.

iX) For higher m mode, the error at the low-frequency end of the sweet point is
bigger than the lower m mode. However, since those lower m modes have provided us
enough spatial information to make us feel the ambisonic , the lack of higher modes
information will not result in a very severe impairment [34]. Another interesting
and important phenomena is that for most modes at low frequency range in Fig 3.2
bottom, we found the normalized error E(1) is very high and even close to 0 dB.
However, the big error did not cause a serious consequence. When we look to the
Fig 3.2 top, we found that the corresponding Iters X,., at the low frequency range
actually attenuate the microphone signals. The magnitude of the Iters in this high
normalized error frequency range are very small. This indicates that the mode might
cannot be extracted from the microphone signals at this frequency range, and thus
the information is missed in the ambisonic representation. In other words, this high
error part may not result from the corruption of the array but from the missing
information. In this low frequency range, we lost the higher m mode’s information
but what we have here is all correct. It is more preferable compared to obtaining
corrupted modes at this range because at least what we got in the process is correct,
we are not getting the wrong message but lost some spatial information.
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x) In the range of above the spatial aliasing frequency fa, the high magnitude
of error denotes that most of the spatial information is not correct even though
the SH coe cient exhibits energy. This high error frequency range part due to
the spatial aliasing will be ignored. The information from higher modal orders
appears into lower modal orders in the spatial aliasing range and result in spatial
ambiguities [34]. However, contrary to intuition, this does not cause a signi cant
perceptual impairment if at all [34]. Actually, the spatial aliasing is not all of harm.
Compared with not have spatial aliasing at all, it is more bene cial to have them
higher order available since they can help reduce unwanted angle dependencies in
the reproduced signals [8].
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Results

The data we present in this part are all based on the array response to sound
incidence from horizontal directions. We did not simulate the response from a non-
horizontally incidented sound eld.

We found that the results of XMA with di erent shapes of ba es are very similar
to EMAs and head-mounted XMAs [2] qualitatively and quantitatively. The XMA
actually outputs a horizontal projection of the captured sound eld [8]. When in
the frequency range that is below the spatial frequency of the array, the output with
the employed binaural rendering can be very close to the right answer: only a few
dB deviated from the original correct one. When the frequency is above the spatial
aliasing frequency of the array, the deviation will become larger, but the perceptual
hearing impairment is not signi cant as mentioned before [34].

We considered and simulated several shapes of ba es who are typical in SMA and
EMA and transformed them to nd the potential of XMAs. We also simulated the
shape of commercially used VR cameras to see the possibility of the application
in VR recording in the future. We will discuss some important and interesting
observations on a conceptual level so that we can apply the concepts to some other
shape in future investigation.

4.1 NoBa e

Not using any ba e at the center of the microphone array is actually not an option
in this thesis and we did not simulate this situation. However, an open microphone
array in SMAs has been investigated before: in this case, the open array will meet
numerical ill conditions at frequencies which correspond to the nodal values of the
spatial spherical modes [11]. In other words, the certain SH modes can not be ex-
tracted at certain frequencies. At these frequencies, ambiguities arise and result in
excessive noise and we can observe several peaks in the lower order of the E(!) for
no-ba e array.

Some methods have been proposed to mitigate the ambiguities, for example, using
cardioid microphone arrays or applying two or more layers of arrays for no ba e
condition by switching between the layers depending on frequency and mode [11].

Actually, these kinds of open microphone arrays do have some advantages [11]. At
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low frequencies, a large solid sphere is needed for good performance. The realization
and handling of large solid spheres might not be practical and thus the open micro-
phone array could be preferable to rigid-sphere arrays. In addition, the spherical
ba e might re ect back sound into the measurement region, therefore modifying
the measured sound eld. However, this type of microphone array never reached
widespread use [8].

4.2 The height of the Ba es

We use a set of spherical ba es and vertically stand cylinders to illustrate the
e ect of the height of the ba es on the accuracy of the extracted SH modes. The
number of the microphone is 17 to produce the 8th ambisonic order reproduction.
All microphones are settled at the middle of the ba e. The shapes of ba es and
the microphone positions are illustrated in Fig 4.1.

Figure 4.1: The shapes and microphone positions are of di erent heights. The
top row from left to right: i) Sphere with radius r=78mm but squashed in the z
direction, the height h=1.8r. ii) Sphere with radius r=78mm, h=0.9r. iii) Sphere
with radius r=78mm, h=0.2r. The bottom row from left to right: i) Cylinder with
radius r=78mm, h=2r. ii) Cylinder with radius r=78mm, but squashed at the z
direction, h=r. iii) Cylinder with radius r=78mm, h=0.5r.

The results of each shapes are shown below. Fig 4.2 shows the E(!) for the spheres
that have a height h =1.8r, h=0.9r and h=0.2r. Fig 4.3 shows the E(!) for the
cylinders that have a height h=2r, h=r and h=0.5r. The radius r=78mm for all of
them, which is close to the radius of a human’s head.
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Figure 4.2: E(!) of a Sphere with radius r = 78mm and di erent height h, cf.
Fig 4.1 top row). Top Left: h = 1.8r. Top Right: h = 0.9r. Bottom:h=0.2r.

Comparing these two sets of results, we found that the accuracy that is provided
by a sphere ba e in XMA method is very close to the results of the cylinder; the
advantage is not signi cant. For both sphere and cylinder shape of ba es, lower
the height of the ba e will result in more and higher error peaks in di erent mth
order at di erent frequencies. As we mentioned in section 4.1, the high error peaks
in lower order are very common to be observed in open arrays. This lower height
of the ba e approach actually makes the XMA'’s properties more close to an open
array.

Both sphere and cylinder ba es with the height of about half radius have more pro-
nounced open-array-like peaks in the error compared to sphere and cylinder with
height close to radius.

If we longer the cylinder, the accuracy of the XMA method will become better and
lower down the error, but this advantage will not be provided above a certain height.
Fig 4.4 shows the E(!) for the cylinder with h=3r and h=4r. We can see that the
error peak in the 0th mode around 1 kHz for h=2r and h=r which is quite obvious
in Fig 4.3 now disappeared, but the di erence between h=3r and h=4r is not very
signi cant.
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Figure 4.3: E(!) of a cylinder with radius r = 78mm and di erent height h, cf.
Fig 4.2 bottom row the middle and the left). Top Left: h = 2r. Top Right: h =r.
Bottom:h=0.5r.

Figure 4.4: E(Y) of a cylinder with radius r = 78mm and di erent height h. Left:
h = 3r. Right: h=A4r.
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Figure 4.5: Photograph of a Vuze 360 camera [50] (left) and a Live Planet 360
camera [33].

The shape of squashed sphere and cylinder are similar to commercial VR cameras
Vuze 360 [50] and Live Planet [33], but the size is about 30% bigger than the
cameras. The shape of these two commercial VR cameras are shown in Fig 4.5 The
performance of the Live Planet 360 camera is similar to the result of the cylinder
ba e with height h=r but without the hump in the Oth order at 1 kHz [8]. These
results indicate the XMA’s potential to produce ambisonic sound reproduction when
integrated with VR cameras who have an appropriate shape and size.

4.3 Shape of the Cross-Section

Since the circular can be considered as a polygon with an in nite number of sides,
and in the software Blender, it is actually a polygon with a lot of sides, (typically
with 36 or 48 sides) to approximate a circular. It is very intuitive for us to see what
will happen when we change the shape of the cross-section of the cylinder ba e
from circular to octagon, hexagon, square and even triangular.

Fig 4.6 shows three ba es with di erent shapes of cross-section from square to
triangular and triangular with smoothed corners. The microphone arrays are located
at the middle of the ba e. The number of the microphone is 17 to extract up to
8th order of SH coe cients. The radius of the smoothed corners is Imm. They are
all derived from the cylinder with the radius r=78mm and height h=2r. We only
changed the number of the sides in Blender so the diagonal length of each cross
section is still the same as the circle’s diameter d=2r. We omit the plots and results
of octagon and hexagon shaped cross sections. And the E(!) of these two shapes of
cross section are not surprisingly very close to the result of the original cylinder.

Fig 4.7 shows the normalized E(!) result of the square section and the triangular
section with sharp corners. To our surprise, the magnitude of error does not become
bigger but even smaller compared with the same height cylinder. The peak in 0th m
mode even lower down. Rounding the triangular cross-section to vanish the corner
and make the shape smoother as shown in Fig 4.6 bottom does have a bene t but
not signi cant.
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Figure 4.6: The shapes and microphone positions of di erent cross sections. From
left to right: i) Square section with diagonal length I=2r=156mm the height h=2r.
i) Triangular section with the same diagonal length and height. iii) Triangular
section with the same diagonal length, height and smoothed corner.

Figure 4.7: E(1) of di erent shapes of cross sections. Left: Square section. Right:
Triangular section.
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Changing the cross-section of the ba es does not in uence the accuracy of the
XMA method signi cantly. The shape of the cross section is not critical and even
the corners are possible. The relatively low magnitude of error E(!) of these dif-
ferent shapes of cross-section denotes the good adaptability of the XMA method
for di erent shapes of ba es. And it seems that the height of the ba e has more
in uence on the accuracy of the SH extraction when compared with the result in
section 4.2.

4.4 Position of the Microphone Array

In all examples we presented before, the microphone array was mounted exactly in
the middle of the ba e in terms of the height of the ba e. The distance from the
microphones to the both sides of the ba e is equal. However, it is not practical to
always mount the array in the middle of the ba e in daily use. For example, some
VR cameras may have put the lens at the middle of the camera body and if we still
mounting the microphone array at the middle, the version of the camera will be
blocked.

In the previous study, the head mounted XMA showed good performance and the
array was also not mounted at the middle of a human head but at the forehead.
But how the position of the microphone array will in uence the accuracy with
which given SH modes can be extracted are not cleared. In this section, we chose
the cylinder ba e that has shown before with the height h=2r and moved the
microphone array from the middle to the top edge of the ba e. Fig 4.8 shows three
di erent positions of the microphone array. The distance from the upper edge is
40mm, 20mm and 3mm, the last one can be considered as at the edge. The number
of the microphone is still 17 to extract up to 8th order of SH coe cients. Since
the shape of the ba es are symmetry, there is no di erence between moving the
microphone array up or down.

The reason for choosing a cylinder rather than a sphere is that when moving up
the microphone array mounted on the cylinder, the radius of the array will not be
shrunken and thus the aperture of the array is xed. For a spherical ba e, the
microphone array’s aperture will become smaller: the radius of the cross section
is smaller and the microphone array needs to be placed close to the surface of the
ba e. The radius of the microphone array or the aperture of the array is actually a
very important parameter that in uences the performance of the XMA and we will
introduce this in the next section.

We naturally predict that moving up the microphone array may cause a much worse
error. When the array is closer to the edge, the property of the system might be close
to an open array and thus increase the error. However, the result is quite di erent
from what we predict. Fig 4.9 shows the E(!) of the cylinder ba e with three
di erent microphone array’s positions that had been shown in Fig 4.8. Compared
with the E(!) of the cylinder that the microphone array was positioned at the
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Figure 4.8: The shapes and move-up microphone positions of the cylinder ba es.
The radius of the cylinder r=78mm, height h=2r. Top Left: the microphone array
is 40mm below the top edge of the cylinder ba e. Top Right: the microphone array
is 20mm below the top edge of the cylinder ba e. Bottom: the microphone array
is positioned at the upper edge of the cylinder ba e.

middle in Fig 4.3 top left, moving up the microphone array does not change the
result signi cantly. For both the 40mm and 20mm below the upper edge, the error
amplitude for lower order is still smaller than -40 dB and the peak’s value is even
lower than at the middle. It seems that moving up the array a little will not lead
to lose much spatial information.

However, when we move up the microphone array very close to the upper edge that
is only 3mm below the upper edge, the phenomenon that we predicted before comes
out. Fig 4.9 bottom shows the E(!) of the cylinder that the microphone array is
very close to the upper edge. The error amplitude of lower orders raised up and
more peaks appeared that is similar to what we will see in an open array. However,
the amplitude of error is still moderate and not higher than -30 dB, which means
the error is smaller than 3% of the data itself. It is likely that a cylinder ba e with
microphone array positioned at the upper edge can still produce a useful ambisonic
sound eld.
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Figure 4.9: The E(!) of cylinder ba es for di erent positions of microphone
arrays. Top Left: the microphone array is 40mm below the top edge of the cylinder
ba e. Top Right: the microphone array is 20mm below the top edge of the cylinder
ba e. Bottom: the microphone array is positioned at the upper edge of the cylinder
ba e.

Based on the results, the position of the microphone array is not a very critical
factor. We can safely place the microphone array on di erent positions of the ba e
rather than make it in the middle. This character makes the XMA method more
practical in VR recording so that we can mount the array exibly on the camera.
However, placing it at the edge is not recommended and may cause a little worse
accuracy.

4.5 Squash the sideways of the shape

In section 4.2, we have shown that squashing the ba e in the longitudinal way will
make the E(!) similar to an open array. But we are not clear about what will
happen if we squash the ba e sideways. In this section, we simulated two cylinder
ba es with the same height as the cylinder in Fig 4.1 down left and squashed it in
the radial direction. Fig 4.10 shows the two radial squashed cylinder ba es. The
number of the microphone is 17 to extract up to 8th order of SH coe cients and
the array is at the middle of the ba e.

The squashed cylinder that the thickness is 80% of the height produced an error E(1)
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Figure 4.10: The shapes and microphone positions of the cylinder that squashed
sideways. The original radius of the cylinder r=78mm, height h=2r. Left: the
thickest part of the squashed cylinder is 80% of the height. Right: the thickest part
of the squashed cylinder is 20% of the height.

that is very similar to the original cylinder. We therefore omit to present the data
here. Fig 4.11 shows the error E() of the squashed cylinder that the thickest part is
about 20% of the height. Even though the aperture of the array on the extremely
squashed cylinder is smaller than the original cylinder, the accuracy of this shape
is still quite good. The error magnitude of Oth and 1st order is lower than -40 dB
in a broad frequency range just as the original cylinder. This means in this lower
frequency range, rather than only have the omnidirectional information presented
by the Oth order, we can still have some other spatial information available. It is
still possible for human beings to get the ambisonic feeling.

Figure 4.11: The E(!) of cylinder ba es is extremely squashed, the thickest part
of the squashed cylinder is 20% of the height.

However, the Fig 4.11 shows a new interesting phenomenon: except the Oth order,
all the other lines have a steady platform that makes the error remain higher than
the acceptable error threshold for a longer frequency range. Take the 2nd order as
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an example, the platform shows up at about the -40 dB and remains for about 500
Hz range, which makes the valid range of the 2nd mode shorter.

If we look back to the other shapes we have shown before, we can see that the error
of the triangular cross section ba e in Fig 4.7 right also has a similar platform.
This negative e ect may be caused by the shrinkage of the array’s aperture since
both of the two ba es are signi cantly smaller than others in dimension. The short
spatial dimension in the sideway squashed cylinder increased the E(!) moderately
but still acceptable. It seems that the aperture of the array is long enough in one
of the Cartesian dimensions to maintain an acceptable accuracy. It was also shown
in some research that even a thin plate can be su cient of a ba e, but not with
equatorial microphone layouts [12].

4.6 Special Shapes

In this section we employed two kinds of special shapes to further identify the
characters and limitations that the XMA method may arise. The rst set of shapes
is a combination of the shapes we simulated before: a cylinder with a dome on the
top that looks like a mushroom. The second shape is a small cuboid-like ba e that
is inspired by the GoPro Max commercial VR camera [26].

4.6.1 The mushroom Ba es

Fig 4.12 shows the special mushroom ba e which is generated by connecting a
cylinder and a dome.The cylinder and dome in the original mushroom on the
Fig 4.12 top left has the same size as the cylinder and sphere we simulated before.
The mushroom on the top right has a smaller cylinder that the radius of it is 80%
of the original one. The mushroom on the bottom has a smaller cylinder that
the radius of it is 50% of the original one. The 17 microphones are positioned 3mm
higher than the joints of these two shapes.

Fig 4.13 shows the normalized error E(!) of the two "mushrooms”.The original

mushroom as shown in Fig 4.12 top left produces an almost same error E(1) as
a regular cylinder and we omit to present the data here. However, the normalized
error E(!) of the dome with a smaller cylinder increases obviously, as shown in
Fig 4.13 left. The error hump looks very similar to the open array again. This is
intuitive since the microphone array is located very close to the edge of the two
shapes even though the downside of the dome is not really an open area which still
has quite a big ba e.

Combining these two results with the result in section 4.4 of moving the microphone
array to the top edge of the cylinder, all of them indicate the negative e ect of the
edge on the XMA method. Although the increased error is relatively moderate and
the accuracy is acceptable, setting the microphone array as far away from the edge
as possible is still necessary.
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Figure 4.12: The shapes and microphone positions of the mushroom . The orig-
inal radius of the cylinder and the dome r=78mm, height of the cylinder and dome
are both h=r. Top Left: the cylinder and the dome have the same radius and height.
Top Right: the cylinder and the dome have the same height, but the radius of the
cylinder is 80% of the dome. Bottom: the cylinder and the dome have the same
height, but the radius of the cylinder is 50% of the dome.

Figure 4.13: The E(!) of the mushroom ba es. Left: the radius of the cylinder
is 80% of the dome. Right: the radius of the cylinder is 50% of the dome.
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46.2 The GoPro Max Ba es

This cuboid-like ba e is inspired by the GoPro MAX commercial 360 camera [26],
both of the model and the GoPro are shown in Fig 4.14. The size of the ba e
is 64mm in length,16mm in width and 69mm in high. The hump on the ba e
represents the lens of the camera.

Figure 4.14: Left: the shape and microphone positions of the GoPro Max in-
spired ba e. Right: the GoPro Max 360 camera [26].

The microphone array is not settled in the middle but a little bit down to keep a safe
distance from the lens. We also think that this distance can mitigate the negative
e ect of the joint edge between the lens and the body of the camera. Compared
with all the ba es we simulated before, this cuboid-like one is signi cantly smaller
in dimension. Putting 17 microphones on this much smaller body is too crowded and
not practical, we employ a smaller number of microphones that only 10 microphones
are placed on to extract up to 4th order of SH coe cients.

Figure 4.15: The E(!) of the GoPro Max inspired ba e.

Fig 4.15 shows the error E(!) of the cuboid-like ba e which is similar to the result
of the extremely squashed cylinder in section 4.5. Because of the smaller size, the
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spatial aliasing frequency is much higher than other ba es we simulated before. We
can see the steady platform in the 2nd and 3rd mode clearly. The error of Oth mode
is acceptable with a very high accuracy at very low frequencies. It seems that one
dimension of this ba e is su ciently large to maintain an acceptable performance
just like the extremely sideway squashed cylinder.

But the error of the 1st mode is higher than the -40 dB threshold until 1 kHz, which
means this mode will not be valid until 1 kHz and above. And the other higher
order modes will be available only in a much higher frequency range. This actually
means any sorts of spatial information is only available above 1 kHz. In other words,
under the 1kHz range, we can only hear an omni-directional sound source without
any directional information. With the frequency raised, the sound then becomes
directional. We are not sure how it will in uence our perception and this topic
might be evaluated in future work.

4.7 Recording for two shapes

To demonstrate the good performance of our XMA on those non-spherical ba es,
we made two recordings based on Fig 4.6 top left, the square cross section ba e and
Fig 4.10 right, the cylinder which is squashed sideways. The recording setting of
the two shapes are shown in Fig 4.16. These two ba es are made from wood by the
author’s handcraft. Due to the limitation of size, we only mounted 12 microphones
to the rectangular one to get 5th order decomposition, and the squashed cylinder
was only mounted with 10 microphones for 4th order decomposition.

Figure 4.16: The recording setting of the square cross section ba e and the
squashed cylinder
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Figure 4.17: The video of recording scene.

The two recordings were connected with two videos as shown in Fig 4.17. The video
shows two students playing guitar and kalimba on both sides of the ba e, and then
the guitar player walking around the ba e. The XMA shows a good performance
with these two non-spherical ba es that with the headsets, we can hear two di erent
instruments’ sounds coming from your left and right sides separately. And then the
sound of the guitar starts to move around you. However, according to some of our
listeners’ feedback, the recording produced by the rectangular ba e is better than
the squashed cylinder produced. We believe the di erence is caused by the fact that
the XMA with the squashed cylinder ba e only provides 4th order of decomposition
but the rectangular one provides 5th. And the simulation results also show that the
rectangular ba e can provide more spatial information in the lower frequency range.

39



4. Results

40



5

Conclusion

Derived and improved from the SMA and EMA method, we investigated the XMA
method and applied a set of non-spherical ba es on it to identify what spherical
harmonic orders can be obtained with what accuracy.

Based on these simulations, we analyzed the normalized calibration error E() of the
high order microphone arrays with non-spherical ba es and attempted to nd the
relationship between the accuracy and the ba e shape. The calibration error repre-
sents the error between the spherical harmonic (SH) coe cients of the known sound

eld and of the captured sound eld that are extracted from the microphone signals.
It terms out that reducing the height of ba es, squashing the ba es sideways, mov-
ing the microphone array to the edge of the ba e will introduce ambiguities and
increase the magnitude of the normalized error E(1). Those practices will make the
system show the property that is very similar in an open array without any ba es.

However, the increased amplitude of normalized calibration error E(!) is moderate.
The error of majority non-spherical ba es we simulated are lower than -40 dB in low
order modes that can have a good performance in ambisonic sound eld representa-
tion. Some reshaped ba es have an error that is higher than the -40 dB threshold
but still lower than -30 dB, we believe they can still produce a good performance
since the error is smaller than 3% of the data itself. The shape of the ba e is not
very critical. A rounded surface is not even necessary since the error of the square
and triangular cross section ba e with sharp corners are still low enough.

The XMA method shows a very exciting performance with the non-spherical baf-

es. It provides a much more convenient way in ambisonic sound eld recording
compared with the ordinary SMA method. And the price we need to pay for the
convenience in losing accuracy seems acceptable and limited.

The frequency band limitation of which SH coe cients can be extracted reliably is
possibly determined by the dimension of the ba e. The size of the ba e has a sig-
ni cant in uence on the bandwidth. The upper frequency limit of the bandwidth is
determined by the spatial aliasing which is very similar to how it is in the situation
of spherical microphone array in SMA method. This spatial aliasing frequency is
both determined by the highest order of SH coe cients you need to extract and the
radius of the ba e. The frequency raised up higher with a smaller radius. The lower
limit of the frequency range that has a very small error is determined by the aper-
ture of the array. There is no need to have a big enough aperture in all dimensions.
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According to our simulation, it is su cient to get an accurate result if the aperture
of the array is long enough only in one Cartesian dimension. However, the shortage
in one of the dimensions will still introduce some error. This shortage makes the
high order of modes only valid in high frequency range and at very low frequency
range, only the Oth order is available.

Higher order cannot be extracted at low frequency with a small aperture of array.
This is a physically limited problem since the wavelength of a low frequency sound
wave can be bigger than the dimension of the microphone array and all the micro-
phones may capture the same signal no matter what direction the sound wave comes
from. Thus we can hardly deduce any spatial information from the captured signals.

However, we are still not sure whether the small ba e that the 1st order modes only
valid above 1 kHz still produce satisfactory perceptual results when the captured
signals are audible. And at this point, it is also unclear how small such a ba e can
be while still performing well in people’s auditory perception. In the previous study,
for a bowling ball size array that delivers 5th and higher order in the mid frequency
range, people can hardly realize the loss of spatial information at low frequency
range when binaural playback is employed. The undesired missing of information is
inaudible.

For those ba es who have a low simulated normalized error results and a wide mode
valid frequency range for most of the orders. We are con dent to say they will have
a good performance in representing the ambisonic sound eld. But We can not fore-
cast people’s perception of the smaller ba es array. The important aspect in future
investigation is to gure out at what point people will realize the loss of the spatial
information when the captured sound eld is represented in the di erent conceivable
playback formats. This will make it more reliable when evaluating the performance
in capturing spatial audio information for high-order microphone array ba es .
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