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Abstract

Alternatively to AB, XY or equivalence-stereophony-based surround recordings, spherical
arrays have been investigated thoroughly in recent years as they permit recordings with
high-resolution imaging of spatial sound. Nevertheless, this type of surround sound imag-
ing is still a challenging research area. The particular challenge is that we have to trade
hardware effort off against signal-to-interference ratio or resolution of the three-dimensional
sound field capture.

The prototype presented in this thesis tries to escape this narrow trade-off by a variation
of the spherical geometry. All involved microphones are distributed on a spherical segment
that is confined by two rigid cones to exclude a defined, unneeded range of spatial direc-
tions. Compared to a full spherical array, this permits an increased density of microphones
for the desired panoramic recording angle without increased electronic hardware effort.
The rigid cones are considered when solving the wave equation in terms of suitable angular
solutions which are represented by modified spherical basis functions, the so-called spheri-
cal segment harmonics (SSH). Practical decomposition into SSH using a microphone array
requires an array layout that provides a minimal condition number for the decomposition.
An optimal layout is obtained by an algorithm that selects optimal positions from a dense
grid of pre-defined nodes.

The double cone microphone array prototype is evaluated by employing its acoustic mea-

surement data in the analytic beamformer model.



iv



Zusammenfassung

Als Gegenstiick zu paarweiser Intensitéits-, Laufzeit- oder Aquivalenzstereophonie fiir Sur-
roundaufnahmen wurden unlangst kugelférmige Mikrofonanordnungen eingehend beforscht,
weil sie rdumlichen Klang hochauflésend abbilden. Dennoch ist diese Art der rdumlichen
Klangabbildung immer noch ein herausforderndes Forschungsfeld. Insbesondere sind drei-
dimensionale Schallfeldaufnahmen stets ein Kompromiss von Ressourcenaufwand einerseits
und Signal-Stor-Verhéltnis bzw. Richtungsauflésung andererseits.

Der in dieser Diplomarbeit vorgestellte Prototyp versucht, durch Modifikation der ku-
gelformigen Bauweise, diese Kompromissfindung zu durchbrechen. Dabei nichtverwendete
Richtungsbereiche werden ausgeblendet, indem alle Mikrofone auf einem Kugelsegment
sitzen, das oben und unten durch die Flachen eines schallharten Doppelkegels begrenzt ist.
Im Vergleich zu einem Kugelmikrofonarray erlaubt dieser Ansatz eine dichtere Mikrofon-
verteilung und fithrt ohne steigenden Hardwareaufwand zu einer besseren Auflésung im
interessanten Aufnahmebereich.

Bei der Losung der Wellengleichung werden die beiden Kegel unter geeigneten Randbe-
dingungen miteinbezogen und durch modifizierte Kugelflachenfunktionen, die sogenannten
Kugelsegmentharmonischen, repréisentiert. Ein numerischer Algorithmus, der ein gegebenes
Raster an Punkten verwendet, bestimmt die Mikrofonpositionen. Die gefundene Anordnung
ermoglicht eine wenig storanfillige Zerlegung der Schalldriicke an den Mikrofonen in Ku-
gelsegmentharmonische, d.h. mit minimaler Konditionszahl.

Abschliefsende akustische Messungen evaluieren das aufgebaute Doppelkegelmikrofonarray

und bestétigen die theoretischen Annahmen.
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Chapter 1

Introduction

Today, our biggest expectations in innovating surround recordings by making them more
plastical and well-resolved lie in spherical microphone arrays such as the 'Eigenmike’ [EMO03].
Arrays of this type also have a variety of other applications than Ambisonic surround
recording such as acoustic scene analysis, i.e. information retrieval of a surrounding sound
field (sound pressure/velocity /intensity) and subsequent extraction of source parameters

(spherical source strength distribution, direction of arrival).

In general, spherical array signal processing techniques exploit the spatial diversity of a
distribution of microphones on a rigid spherical surface. The required filters and mathe-
matical procedures are well-defined and they emphasize the signal differences between the
microphones to obtain a high-definition image of uniform spatial resolution for all direc-
tions. In order to avoid boosting noise in the recordings, the resolution at low frequences
has to be limited in some ways, e.g. [BPF11, MDBO06]|, as usual for any super-directional

microphone.

Figure 1.1: Comparison of the ornated ceiling of the Sala de Dos Hermanas in the
famous Alhambra of Granada and the unpopulated spherical segment of the
microphone array prototype.

This thesis presents a new prototype for three-dimensional sound field capture with a vari-
ation of the spherical geometry. More precisely, the array microphones are distributed on
a spherical segment which is confined by two rigid cones. The two cones change the theory

for signal processing as the underlying equation has to be solved under new boundary con-
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ditions. In particular, angular and radial solutions change, and, instead of the spherical
harmonics, the so-called spherical segment harmonics (SSH) are employed for decomposing

a surrounding sound field.

1.1 Motivation

Spherical arrays without restriction of the angular pick-up range identify sounds from all
directions. Consequently, in order to leave away sound from unwanted directions requires
the capability to identify what is being removed. On the other hand, if one designs arrays
based on assumptions such as: there cannot be any sound arriving from the ceiling, one
might simplify the array hardware, but get a lot of trouble and a significant error if the
assumption does not hold in a realistic room, cf. [MEO08, Pom13].

The same procedure seems to be necessary to obtain non-uniform resolution as convex
arrays tend to have spherically uniform resolution at low frequencies [Kail2]. To obtain
a non-uniform resolution, first of all, sound has to be identified with uniform resolution
before the resolution can made non-uniform.

The new design considers the additional introduction of theoretically infinite long rigid
cones as diffraction objects as investigated in [Pom13, K6#11] as well as in other areas of
research [HC97]. The main advantage of this step is the physical exclusion of unwanted
directions instead of a removal through identification. Moreover, this is expected to improve

the noise behavior and the resolution on the limited angular range.

1.2 Potential Application Areas

Similar to other spherical microphone arrays, the realized prototype has a wide range of

application areas. The following illustrations exemplify a few of them.
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Higher-order Ambisonic recording / playback. Auditory scenes can be captured with the
assembled 64-channel microphone hardware, encoded into Ambisonics format and played-

back after decoding on a three-dimensional loudspeaker arrangement.

Figure 1.2: Sound field capture for a playback on a three-dimensional loudspeaker
arrangement (Ambisonic).

Conference beamforming system. Excellent beam characteristics are achieved within
the desired recording angle which leads to an accurate source separation in combination

with a remarkable flexibility regarding the possible steering directions.

Figure 1.3: Teleconference system with controllable beams in form and direction.
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Directional analysis of room impulse responses. With the help of modal beamforming,
the prototype upgrades the information content of measurements in room acoustics by

analyzing spatial directions in room impulse responses.

Figure 1.4: Upgrade of the information content when measuring room acoustics.

Sound mark recordings. Immersive environments with natural sounds, industry sounds
and sounds produced by humans can be recorded and reproduced in a different location

to convey local "acoustic fingerprints".

Figure 1.5: Reproduction of natural environments to convey local acoustic atmospheres.



1.3 - Thesis Outline )

1.3 Thesis Outline

This document is divided into the following chapters:

Chapter 2 explains the fundamentals of the underlying signal processing theory. The
modified angular and radial solutions due to the introduction of rigid cones are presented

in detail.

Chapter 3 describes the spherical segment basis functions that are necessary to decompose

a surrounding soundfield into its modal components through a spatial Fourier transform.

Chapter 4 deals with strategies to sample the spherical segment and presents an algorithm
to determine an optimal microphone layout. Different array scenarios are simulated to show
the influence on the modal responses. The resulting analytic holographic filters for radial

extrapolation of the captured soundfield are realized as finite impulse reponse filters.

In chapter 5, the design process of the prototype, its manufacturing and construction

details are presented.

Chapter 6 gives information about the directional microphone characteristics after mea-
suring the prototype in the acoustic domain. The damping effects of the rigid double cone

are analyzed through transfer functions.

One of the main purposes of the prototype is its application as a beamforming system.
Chapter 7 provides the theory to implement such a system in the modal domain. For this
purpose, not only microphone signals generated by an analytic model but also measurement

data is employed in the holographic model.

Appendix A presents quantitative results in connection with the double cone boundary
condition. Moreover, the exact coordinates of the optimized microphone distribution on

the spherical segment are given.

In appendix B, the entire results of the preliminary acoustic measurements are shown by

means of transfer functions.

Appendix C provides detailed user instructions to use the array hardware properly.






Chapter 2

Theoretical Background

The following sections explain the mathematical fundamentals underlying the acoustical
array application. It is necessary to make the descriptions rather detailed because the
solutions under conical boundary conditions are not as common as the spherical solutions

without angular boundary conditions.

2.1 The Wave Equation

The Helmholtz equation describes a sound pressure variation p(r,w) in a homogeneous

fluid with no viscosity [Wil99:
(A+K)p(r,w) =0 (2.1)

with the Laplacian A and the wave number k = w/c that contains w = 27 f, the angular

frequency.

The vector r € R3 is expressed by

x sin(®) cos(¢p)
r=| y | =7 sin()sin(p) | =106,
z cos(1)
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where r is the radius, ¢ € [0,27) is the azimuth angle and ¥ € [0, 7] is the zenith angle.

The inverse relation between spherical and Cartesian coordinates is given by

r Va2 +y? + 22

= arctan(¥)
9 arctan(Z)
The coordinate system is shown in fig. 2.1.
Z
A
P
.
0 z
>Y
"2 X

Figure 2.1: Definition of a point P relative to Cartesian (z, vy, z) or spherical coordinates

(r, 0, 9).

The Laplacian in spherical coordinates for a function f is written as [Zot09a]

Af=Acf +Agf + Dyf =

1 0%r2f 1 0% f 1 0. of
+ (sm(ﬂ)aﬂ).

T2 o2 2 sin?(¢9) Op? + r2sin v 09

A detailed derivation can be found in [Dav07].

Inserting eq. (2.2) in eq. (2.1) yields the Helmholtz equation in spherical coordinates, a

homogeneous second order partial differential equation:

2,.2 2
10°r p('r,w)+ 1 0“p(r,w) 1 0 (sin(ﬁ) op(r,w)

2
+ r,w)=0. (2.
72 or? 72 Sin2(19) dp? r2 sin 09 0 > Fp(r,w) =0. (23)
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2.2 Solutions of the Wave Equation

The Helmholtz equation in spherical coordinates, eq. (2.3), is solved through a product
ansatz

p(kr,8) = R(r)®(»)0 (V) (2.4)
and separates into the following three ordinary differential equations (ODE) [Wil99]:

9P

1 0 /. 00 m?
Sin(9) 99 (sin()55) + 10+ 1) - sinQ(ﬁ)]@ =0 (26)
10 (20RY  4op W41,
S (75 ) F KR - =——R=0. (2.7)

Each of the above ODE can be solved separately. Considering suitable boundary conditions

ensures physically feasable results.

2.2.1 Angular Solutions

Physical azimuth solutions. The solution of eq. (2.5) is [Wil99]
O () = 1 cos(pyp) + Pasin(pyp).

with ®; and ®5 being complex valued constants. Without other azimuthal boundary
conditions, the sound pressure p(kr, @) in a homogeneous field must be continuous on a

sphere and hence periodic with a period of 27, i.e.
D(p) = P(p + 2m).
Thus, © = m € Z has to be an integer value |Wil99|:

D () = @1 cos(mep) + Pasin(me). (2.8)

Physical zenith solutions. For real-valued arguments cos(?) on the intervall 0 <9 < 7

the so-called associated Legendre differential equation, eq. (2.6), has the solution

O(9) = ©:1P" (cos(9)) + O2Q)" (cos(v)) (2.9)
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which contains the associated Legendre functions of first and second kind P!,m | and QLmI

with the order v and the degree m |Pom10|. To facilitate notation we define
n = cos(v).

For v € Ny, Plyml(n) has a singularity at the south pole and QLm | (n) has singularities at the
north and south pole [Wil99], i.e.
lim P™l(n) = 400,
n——1
i Iml () =
i QU (n) = oo, (2.10)
Our goal is to describe homogeneous sound fields within rigid angular boundaries which
leads to boundary conditions when solving eq. (2.9). As long as these boundary conditions

are fulfilled and exclude the singularities, the singularities themselves are unproblematic.
Let us consider two different scenarios for physical boundaries as depicted in fig. 2.2:

1. a semi-infinite rigid cone with a cone angle of Y. 2 (1.2 = cos(¥.2)) and
2. an infinite rigid double cone with the cone angles V.1 (7.1 = cos(V¢1)) and Ve 2
(M2 = cos(Ue,2)).-

a) Scenario 1: semi-infinite, rigid cone (b) Scenario 2: infinite, rigid double cone

Figure 2.2: Introduction of physical boundaries.

Scenario 1:

A semi-infinite, rigid cone (with rotational symmetry around the z axis) restricts possible
directions of arrival in ¥ to a spherical cap, i.e. ¥ € [0, 3 2], fig. 2.2(a). From the two solu-
tions P‘Vm‘(n) and Q‘le(n) in eq. (2.9), |Vm|(n) is unphysical because of the singularities in
the considered domain, cf. eq. (2.10). As the particle velocity vanishes in normal direction
to the conical boundary and is proportional to the derivative of p(kr, @), the boundary

condition is expressed by rewriting eq. (2.9) to
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0P 0 (1)
v (m
flv) = % = 0. (2.11)
n="Nc,2
Solving eq. (2.11) through a root-finding algorithm results in an infinite, discrete number
of non-integer orders v;(|m|) with the assignment index [ = 1,2,...,00 and the related
degree m [Poml3|. Olver and Smith present an algorithm in [OS83] to calculate the

associated Legendre functions and their derivatives for non-integer orders.

Figure 2.3 shows different v;(|m|) which fulfill this particular boundary condition for
Deq = 120°.

15

——v=4.3957
——v=5.8910
-15 ‘ ‘ \ ‘ ‘ ‘
1 -05 0 05 1 -1 -05 0 05 1
n n
() PU"(n) (b) 5 (P (m))

Figure 2.3: Associated Legendre functions of first kind and their derivatives with respect
tod, v e Rg fulfilling the boundary condition in scenario 1 for ¥.2 = 120°.

Scenario 2:

If we introduce an infinite, rigid double cone (with rotational symmetry around the z axis),
the angular range in 9 is restricted to ¥ € [60°,120°], fig. 2.2(b). This allows to use both
types of associated Legendre functions Pljml(n) and Qlyml(n) in eq. (2.9) as none of the

singularities are within the considered domain.

To combine the two functions, a weighting factor a;(|m|) is introduced [Pom13|:

vi(lml) = Pmm\)(ﬁ) - az(|m|)QLﬁ||m|)(U)- (2.12)
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Similar to scenario 1, the two boundary conditions for the cone angles 9.1 and 9.2 are

formulated by constraining the derivative of eq. (2.12) to zero:

90, i) (¥) _ {‘rﬂ’wumn(”) _al(|m|)8Qw(|m|>(”) —0. (2.13)
019 19:195,1,19&2 819 819 N="Nc,1,"Nc,2
Inserting the two cone angles into eq. (2.13) yields
OPY oy () (ne1) OQUT| L (m) (e
£ = | Pt 1) Oy () (e2) | (2.14)
09 o
OP 1y () (1c2) OQ),) (1) ()
1(Iml) 1(Im)) —0
oY o '

with eliminated factor a;(|m|). The non-integer orders v;(|m|) are determined by a root-
finding algorithm which results in an infinite, discrete set of solutions for [ = 1,2, ..., cc.

Finally, we are able to calculate a;(|m|) using eq. (2.13) [Pom13].

The resulting functions @I‘ZE‘ , eq. (2.12), are plotted in fig. 2.4 for different v;(|m|). It is

Im)

easy to see that their derivatives at the defined cone angles (.1 = 60° and J.2 = 120°)

are zZero.
15 : : ‘ 25
20
151
10t
5, N
0
_5,
_10,
—v=0 —v=0
——v=2.6271 ~151 ——v=2.6271 |
-1 ——V=5.5674 ] ——V=5.5674
——v=8.5455 -201 ——v=8.5455 ||
——v=11.5343 ——v=11.5343
-15 ‘ ‘ -25 : ‘
21 -05 0 0.5 1 1 -0.5 0 0.5 1
n n
(a) PL" () — aQl™ () (b) %(P‘um'(n) —aQl™ ()

Figure 2.4: A combination of the associated Legendre functions and their derivatives with
respect to ¥, v € Rg fulfilling the boundary conditions in Scenario 2 for
¥e,1 = 60° and .2 = 120°.
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The functions with the determined non-integer v;(|m|) and «;(|m|) form an orthogonal set

of solutions

/190’2 @|m| @|m| _ 0 for Vl(m) 7é Vl/(m)

Ve agl”m') for vy (m) = vy (m),

with the squared energy O’Sl( oy on the intervall 9.1 <9 < 9.2 [Pom10].

=

2.2.2 Radial Solutions
The radial differential equation, eq. (2.7), has the solution [Wil99]
R(T) = le,jl(|m|)(k)7’) + Rgh,jl(|m|)(k7“) (2.15)

where Ry and Rp are complex valued constants and jy,(jm|)(k7) and Ay, () (kr) are the
spherical Bessel functions of first kind and the spherical Hankel functions of second kind,

respectively.

To determine the physically feasible radial solutions the problem has to be split up into an

interior and an exterior problem [Zot09a).

Physical Radial Solutions — Interior Problem. 1In case of an interior problem all sources

are located outside a defined radius r > 7.

1 :
—v=0
08l —v=2.6271 ||
—v=5.5674
——v=8.5455
0.61 —v=11.5343]]
0.4r
0.2-
0
—v=2.6271
| —v=5.5674 ||
0.2 —04 ——v=8.5455
—v=11.5343
_04 1 L L L L T
0 10 20 30 40 0 10 20 30 40
kr kr
(a) ju(kr) (b) ji (kr)

Figure 2.5: Spherical Bessel functions j,(kr) of first kind and their derivatives j/,(kr)
with respect to kr for non-integer orders v.
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Setting Ry to zero (cf. [Wil99, Zot09a]), eq. (2.15) reduces to
R(r) = Rujy,(my) (kr) (2.16)

and describes incident sound fields within the range 0 < r < rq.

The derivatives j/, A in fig. 2.5(b) can be calculated by the recurrence relationship

[DIm27]

Iml)

Ry, 1y (k1) = Ry (mpy—1 (k1) — — v(ml)—1 (k7). (2.17)

Physical Radial Solutions — Exterior Problem. In case of an exterior problem all sources
lie inside a defined radius r < r,. The sound field can be described within the range

re < 1r < 0o by solutions that fulfill the Sommerfeld radiation condition

r—00

lim r <§p(kr, 0) + ikp(kr, 0)) =0

which is only met by
R(r) = Rahy,(jm)) (kr), (2.18)

the spherical Hankel functions of second kind [Zot09a, Sch92, Wil99]. The magnitude of
these functions as shown in fig. 2.6(a) clearly indicate the near- and far-field region. Equa-
tion (2.17) is used to calculate the derivatives in fig. 2.6(b).

60 ————t ———a"
—v=0 —v=0
—v=2.6271 —v=2.6271 ||
400 : A ——V=5.5674 || ——v=5.5674
——v=8.5455 ——v=8.5455 ||
20k ; S\ LV —v=11.5343]] —v=11.5343
0
_20,
—40}
L L _80 L L
10° 10" 10° 10° 10" 10>
kr kr
(a) hy(kr) (b) hy, (kr)

Figure 2.6: Magnitude of the spherical Hankel functions of second kind h, (kr) and their
derivatives hl,(kr) with respect to kr for non-integer orders v.
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The spherical Hankel functions h,,(,,,) (kr) are approximated by [Zot09a]

(2vi(Jm]) + 1)!!/(kT)”l(|m|)“, near-field kr < 2

CAEDIGIIES wi(ml) (m(ml)+1)
2

(2.19)
1/(kr), far-field kr >

where (-)!! denotes the double factorial. As we are dealing with non-integer, positive

arguments z, the Gamma function [MWG22|

I'(z) = / t*~Le~tdt
0
is applied and yields [MWD22]

2z+1 z
2l =

For z = 0, the common double factorial as defined in [Wil99]

2!
2% 2|

Il =

with 2! = [];_; k and 0! =1 is used.

Figure 2.7 visualizes the far-field approximation of eq. (2.19) by plotting the minimum
source radius r; in dependency of frequency. Above this radius, sources can be simplified

to emitting plane waves.

—v=0
——v=0.6612
——v=1.6543
1| ——v=2.6811
——v=3.7155
v=4.7514
1| ——v=5.7863
——V=6.8189
——v=7.8487
1|——v=8.8752
----- v=9.8983

10° 10° 10
Frequency [Hz]

Figure 2.7: Minimum source radius rs to simplify sources to emitting plane waves.
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2.3 Spherical Segment Basis Solutions

The entire solution of eq. (2.4) describes the homogeneous sound field and is given by the
physical solutions, also called spherical segment basis solutions, for the incident sound field
(eq. (2.16), (2.8), (2.9))

pi(kr,0) = R(r)®(¢

= R11Ju,(jm)) (kT) [@hncos my) + (I)QmSIIl(ng):|
|:@1lm vi(jml) ( )+@21mQ| |m|)( ):|

and the radiating or scattered sound field (eq. (2.18), (2.8), (2.9))

pr(kr,0) = R thy,(jm)) (k) [(I)Lm cos(myp) + ®g sin(mgp)] :
[@1 l mP| (||m|)(77) + 069, mle (Im)) ( )]
which yields [K6f11]

p(kr,0) = pi(kr,0) + p.(kr,0) =

= |:R1,ljul(|m|)(kr) + Rg}lh,,lﬂm”(kr)} [q)l,m cos(mp) + o, sin(mep) | -

[61 l mPl (||m|)( ) + @2,l,mQLT(||m|)(77>] :

2.3.1 A Suitable Order Truncation

In general, there exists an infinite number of v;(|m|) that fulfills the double conical bound-
ary condition described in sec. 2.2.1. However, practical limitation demand an appropriate
limitation. First, let us introduce a linear index ¢ == > +1+m+1=1,2,...,Q. For

notational convenience, we define v, = v;(Jm|) and oy = a;(|m|).

Figure 2.8 depicts two limited sets of solutions v;(|m|) both with 64 entries but truncated
differently. More precisely, the first set is truncated with respect to the index [ which results
in (I + 1)? solutions whereas the second set is limited by a maximal order N and yields Q
solutions. The aim is to find a reasonable truncation of the set of solutions motivated by

acoustical considerations.

Examining the spherical Bessel functions in fig. 2.9, which describe the incident sound
field, cf. sec. 2.2.2, for a low and high order v and a radius r, = 0.1 m provides a straight

answer which is formulated in the next paragraph.
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Figure 2.8: Two differently truncated sets of solutions v that fulfill the double conical
boundary condition for 9.1 = 60°, ¥.2 = 120°. Both sets contain 64 entries.

—v=5.5674
—Vv=26.515

0.4

0.2

0 10 20 30 40
kra

Figure 2.9: Spherical Bessel functions j,(kr,) for a low (blue line) and a high (red line)
order v, r, = 0.1m.

Upper spatial frequency limit. In practice, the upper spatial frequency f,, up to which
we are able to decompose a surrounding soundfield, is directly linked to the largest order
vg and the aperture radius rq, i.e. krq < vg, which yields
1w
fum= 2——Qc.
T Tq

Thence, higher-order modes are reflected into lower ones and make harmonic components

indistinguishable. This effect is called spatial aliasing.

In our special case we are able to control () = 64 sound field components to decompose

a surrounding sound field up to f, =~ 5.4kHz (r, = 0.1m, ¢ = 343m/s). The spherical
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Bessel function j,(kry) in fig. 2.9 evaluated for a high order results in a function that is

zero up to f =~ 12.6 kHz, so large v in fig. 2.8 can be neglected.

For this reason, the set of orders v, is truncated wrt. a maximal order N (fig. 2.8(b)):

Vg:0< 1y, <vg <N <o
qg=1,2,....,Q, Q<o

with pairwise appearance of vy~ (e.g. v = v3, cf. fig 2.8) [Pom13].
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Chapter 3

Spherical Segment Harmonics

Similar to spherical array signal processing, the angular solutions in ¢ and ¥ can be sum-
marized to spherical segment basis functions. As the array area is no longer spherical
but restricted in 9, cf. sec. 2, these basis functions are called spherical segment harmonics

(SSH) in the following. The normalized, real-valued SSH are defined by [Ko6#11]

i , m <0,
Y (0) = Yo (0) ==l ol ) 4

q vi(|ml) vi(Iml) v (jml)
cos(myp), m >0.

The sine/cosine terms can be written as to be selected by the sign of m [Zot09a]. El/lm(“m‘)
symbolizes the real-valued normalization term which is identical for +m and normalizes
the set of basis functions in a way that they reduce to a product of Kronecker deltas after

integration on the spherical segment,

27 Ve,2 , ]
/~ 0/§ 9 Yy:rz|m|)(9)yv7(m’)(0) Sln(ﬁ)dﬁd@ = O O (31)
p= =Ve,1
with
1, i=j,
5 = !
0, i#],

and thus become orthonormal [Pom13|.

For non-integer values of v(|m|), there is no simple analytical expression for the nor-

malization terms Elj?(“ml), Hence, they were determined numerically using the relation
[HC97, Kok11]
jm ez ) e
—| m .
Zu(lml) = [T(m)/1§ 1 (@Vl(|m|)(z9)) sin(9)dd (3.2)

with the term

Figure (3.1) exemplarily shows the normalized absolute values of the analytical, real-valued
SSH |V, (0)] = | )(0)| foril=0...3and m = —[...1 (¢ = 1,2,...,9) with color-

vi(|m|
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w

Figure 3.1: Normalized real-valued SSH |Y,, (0)| = |Y )(0)\ up to index [ = 2,

v (|m|
m=—1...1(¢g=1,2,...,9) evaluated within the cone angles J.; = 60°,
Ve2 = 120°.

coded phase in [rad] (blue: 0, red: 7). The restricted interval in ¥ and a rotation of
/(1 + |m|) is clearly visible. Additionally, they are symmetric (every 2(¢ —1) +1 SSH) or
skew-symmetric (every 2¢ SSH) with respect to the z axis. The number of nodal circles is
defined by the index [ whereas the degree |m| counts how many nodal circles lie on vertical

planes.

3.1 Spherical Domain Transforms

Similar to time-frequency transforms with the Fourier kernel e*™?, the following spherical
transforms can be seen as spatial Fourier transforms where the indices | and m substitute

the frequency index w.

3.1.1 The Continuous SSH Transform (SSHT)

With the help of SSH, a continuous sound pressure p(kr, 8) on the radius r and the defined
angular ranges 0 < ¢ < 27 and 9.1 < ¥ < .2 can be transformed into the SSH domain
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using the spherical segment harmonics transform (SSHT) to obtain the spherical wave
g D q D

spectrum [Kok11]

27 De,2

e = / / p(kr, 8)Y,, (6) sin 0ddd = SSHT{p(kr6))}.
= 19:79c 1

The inverse spherical segment transform (ISSHT) without sound field truncation, i.e. the

sound field is analyzed up to ¢ — oo, is complete and can be formulated as a weighted
sum of SSH

p(kr,0) = ISSHT{1)g} = > 1,Y,,(6) (3.3)

q=1
o0

Z qjl,q (k1) + cghu, (k:r)]Yl,q(H)
q=1

where b, and ¢, are complex coefficients usually referred to as wave spectra for the incident
and the scattered sound field [Zot09a, Teu07|. It perfectly reconstructs the original sound

pressure, meaning that
ISSHT{vq} = ISSHT{SSHT{p(kr,0))}} = p(kr, )

and fulfills the Parseval theorem, i.e.
27
/ / 2 sin(9)dddyp = Z |t .
Y= 'ﬂ(, 1

3.1.2 Angular Band Limitation

For a complete analysis of the sound field, the index ¢ in eq. (3.3) has to reach infinity,
i.e. ¢ — oco. However, practical limitations need to be considered thus it is common to
limit the set of solutions with respect to a maximal order N as shown in sec. 2.3.1, which
is equal to an angular band-limitation. This results in the band-limited sound field with

() components

pn(kr,0)

Il
Mo

Y, (6) (3-4)

i
L

Il
Mo

[bqj,,q(k:r) + cghu, (kr)]YVq (9). (3.5)

Q
Il
-
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Chapter 4

Sampling the Spherical Segment

4.1 Vectorization of the SSH

In reality, there is no ’continuous’ pressure microphone to record a sound pressure distri-
bution on a spherical segment with a radius r,. This problem is overcome by sampling
the considered area with S microphones at the positions r,0,, s = 1,2,...,5. leading to

a concise vector / matrix notation described in [Zot09a| and extended to SSH.

In general, summations can be represented by scalar products or matrix multiplications.
Equation (3.4) is reformulated which yields the discrete SSH transform (DSSHT):

Py = YnYn = (4.1)

=Yy |:JNbN +HNCN:| (4.2)
with the truncated SSH matrix

yn(61)
T(o
Yy = yN? 2) ) yN(es) = (szl(os)vyvz(es)a""YVQ(OS))T

yn(05s)

up to order N with S x @Q entries. The wave spectra are written into vectors of the form

by := [b1,b2,...,bo]T,

CyN = [Cl, Co, ... ,CQ]T.
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The radial functions are employed in eq. (4.2) as diagonal matrices

N = [ (k) G (k) -y g (B1)] T
iy = [huy (k) hug (k7)o g (k)]

JN = diag{jN},
Hy := diag{hy}.

4.1.1 Sound Field Decomposition

Sound field decomposition within the spherical segment domain is strongly dependent on
the SSH matrix and thus the microphone positions. The relation between the spherical
wave spectrum 1 and the sound pressure py, eq. (4.1), is a system of S equations with @

unknown variables. Its pseudoinverse solution depends on the number of sampling points.
As described in [Pom08, Zot09al, there are three scenarios:

1. S = Q, the inverse is (Y &) "% If it exists, the measured spherical wave spectrum )
is equivalent to the given, order-limited spherical wave spectrum ¥y,
¥ = (Yi) 'Ynvn, and the measured sample vector is equivalent to the recon-

structed sample vector, py = YN(YE,)Ap7

2. S > @ the pseudoinverse is left-inverse (Y5 Yy) 1Y% If it exists, the measured
spherical wave spectrum is equivalent to the given, order-limited spherical wave spec-
trum, ¥ = (Y5 YN) 'YL YN, or

3. S < Q the pseudoinverse is right-inverse Y (YnY )1t If it exists, the measured
sample vector is equivalent to the reconstructed sample vector,
py = YNY R (YNY Q) 'p.

In order to distinguish original from reconstructed signals, py was replaced by p and ¥y

by %, respectively, in the model equation (4.1).

Scenario 1 and 2 are suitable to calculate acoustic holography which is subject to an order
limitation in the spherical wave spectrum. Thus, it is necessary that 1y is uniquely

determined as soon as the order limitation is fulfilled. Ideally, this yields
lpny — Ynopn|[> = 0.
In this thesis, we choose S = @, thus eq. (4.1) is inverted by

Yy = (YN) 'pN. (4.3)
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4.1.2 Spatial Aliasing

Similar to band-limited time-domain sampling with respect to an upper frequency limit
which is defined by half of the sampling frequency fs (Nyquist-Shannon criterium [OSB10])
there are as well limitations in the spatial domain. Spatial aliasing occurs as soon as the
limited bandwith (in terms of harmonic orders) is exceeded and manifests in artifacts due
to higher order modes which are mirrored into the lower order modes. This phenonemon
leads to uncontrolled sidelobes in beampatterns and results in a low signal-to-interference

ratio (SIR).

Spatial Aliasing Error. To show the phenonemon of spatial aliasing qualitatively, a matrix

product can be formulated as described in [P1le09] by

Yy = (YN) Yoy
=(Yy)™! [YN YV>N] Yy

= [I (Y%)‘lYM} Py

with a high simulation order N = 25. This results in the estimated spherical wave spectrum
b that is made up of a Q x Q identity matrix I (cf. orthonormality of SSH, eq. (3.1)) if
Y 5 is evaluated up to the same order N as (Y%)_l. Otherwise, ’l/AJ ~ shows spatial aliasing
artefacts, caused by modal orders which lie outside the controllable bandwidth, in the right
hand entries of the matrix product (Y3) 'Y g, fig. 4.1.

10 20 30 40 50 60 70 80 90 100 110 120 130 140 150 160 170 180 190 200 210 220 230 240 250 260 270 280 290 300 310 320 330 340 350

Figure 4.1: Matrix product (Y]T\,)_lY 5 to show spatial aliasing artefacts for orders
v>N,N=09.9, N = 25.
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4.2 The Condition Number of the SSH Matrix

For a robust decomposition of a surrounding sound field into SSH it is important to find a

microphone arrangement that guarantees a small condition number of the SSH matrix
1 <k(Yn) < 0.

The condition number is defined by the ratio of the largest and smallest singular value

determined by a singular value decomposition [KL8O0].

Singular Value Decomposition (SVD). Assume an arbitrary rectangular, complex, uni-
tary! matrix A € CI5*@l This matrix can be rewritten as a product of three matrices with
special properties:

A =UxVH (4.4)

U e CI5%51 and VH e Cl@9xQ contain the left and right singular vectors? of A columnwise
and are unitary as well. 3 € CI9%?] has the form

diag{o,} .. 0

and contains a diagonal matrix made up by the singular values of A in descending order,
ie.

oy = [01,02...JQ}T,With o1>03...> 09 >0.

To solve the matrix equation (4.4) with respect to ¥ we multiply A by UM and V from

left and right, respectively, i.e.
¥ = U"AV.

Finally, the condition number of A is defined by the ratio of the largest and smallest

singular value:

max(X)  omax(A)
min(z) Umin(A) ‘

! A matrix is unitary if and only if its colums are orthonormal, i.e. AFA = AA" =1 (identity matrix).
2 These are the orthonormal eigenvectors of (AA™) and (AT A), respectively.
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The condition number indicates the sensitivity of the system to errors. A matrix with a
condition number close to 1 is classified as well-conditioned and can be inverted properly.
An ill-conditioned matrix (k> 1) is prone to produce strongly fluctuating results in case
of slight input variations (noise, calibration errors, positioning errors, rounding errors in
numerical evaluation systems) or one even fails in inverting the (singular) matrix (k — 00).
A matrix inversion is inevitable for decomposing the array microphone signals into SSH,

cf. eq. (4.3), so a small condition number is an essential quality requisite for the prototype.

As the condition number for the maximal order N of choice is determined by the sampling

scheme, the following section discusses sampling strategies.

4.3 Sampling Strategies

There are various schemes to sample a sphere with microphones aiming at a small condition
number k and find a robust arrangement contra noise and positioning errors. Zotter lists

some conventional and well studied sampling schemes:

e extremal points for hyperinterpolation [SWO03]

e spiral points [RSZ95]

e cqual area decomposition [SK97]

o Gauss-Legendre raster [Sne94|

e cquiangular cylindric raster [Sne94|

e cquiangular raster [DH94]

e hierarchical equal area isoLatitude pixelization (HEALPix) raster [GHBT05]
and analyzes some of them in [Zot09a, Zot09b.

In [Ko6#11] different approaches to optimize a microphone distribution on a spherical cap
are presented. They either rely on a geometrical regularity (principle of repellant charges,
minimizing the area spread of Voronoi cells and the iterative decomposition of Voronoi
cell centroids, HEALPix grid) or try to minimize the condition number (direct approach,

maximizing the smallest singular value).

4.3.1 Optimal Microphone Layout on a Fixed Raster

The most suitable and efficient algorithm to determine optimal sampling nodes for a spher-
ical cap was selecting a subset of nodes from a pre-defined HEALPix grid to achieve a
minimal condition number for Yy (S = @) [Ko&11].
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Figure 4.2: Moving clockwise: HEALPix raster on a sphere with N4, = 1,2, 4,8 which
results in Ny, = 12,48,192, 768 pixels with center points on
Nying = 3,7,15,31 rings of constant latitude [GHBT05].

HEALPix Tesselation. The basic HEALPix tesselation consists of 4 equatorial and 8 po-
lar patches (4 north and 4 south) with equal area. This basis tesselation is subdivided
into Nyige € 2% (a € ZT) subpixels, which yields a resolution of Ny, = 12N32i 4. HEALPix
points. Additionally, the pixel centers lie on Nyi,g = 4Ngq4e — 1 rings of constant lati-
tude [GHB105].

The original optimization process has been designed for a spherical cap and is described
in detail in [Ko6f11]. Kofler starts with an initial distribution where the first 64 HEALPix
points located around the north pole on the spherical cap are occupied. In each iteration,
the s-th microphone is moved by one node over all vacant grid positions, and the condition
number k(Y ) of the resulting SSH matrix is calculated for each step. The best position
is kept and the iteration of the next microphone starts. This procedure is repeated for all
S microphones, which defines a run. If the resulting condition number is better than that
of the run before the underlying distribution will be used as the new start distribution in
the following run. The condition number approaches the minimum asymptotically until

the process is aborted manually.

Adaptation of the Optimization Process.

e After some modifications to upgrade the performance of the algorithm, the opti-
mization process is adapted for the spherical segment scenario, i.e. only a HEALPix
raster Ny, restricted in o is permitted and the related functions for the double cone

boundary condition are included.
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e Because of construction constraints, an upper and a lower circular taboo ring as well
as longitudinal taboo belts are introduced which diminish the arrangement possibili-

ties (see fig. 4.3, black areas).
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Figure 4.3: Optimal microphone distribution using the described HEALPix subset
algorithm with a resulting condition number (Y y) ~ 2.3, S = 64, Q = 64
spherical segment basis functions, Np;;,» = 320,1240,4796 on a spherical
segment with the cone angles ¥.1 = 60°, ¥.2 = 120°.

e We start with a random subset which normally has an a priori better condition

number than a microphone distribution using the first S HEALPix nodes.

e The possibility to converge towards a local minimum is minimized by selecting the

microphone positions in random order within each run.

e Starting with a relative small HEALPix grid to select from (Npiz, = 320, fig. 4.3
above), the resolution of the HEALPix grid is increased (Npiz,» = 1240, fig. 4.3 mid-
dle) as soon as there is no improvement in consecutive runs, which is indicated by the
first vertical dashed red line in fig. 4.4. This refinement obviously allows to improve
the condition number. The algorithm is aborted whenever there is no improvement
of k in consecutive runs after increasing the grid resolution twice from Ny, = 320
via Npizr = 1240 to Npigz, = 4796 (cf. fig. 4.3 at the bottom).
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Entire optimization process
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Figure 4.4: History of the optimization process with S = 64 microphones, Q = 64
spherical segment basis functions, Ny, =320, 1240, 4796 grid points on a
spherical segment with the cone angles ¥.1 = 60°, ¥.2 = 120°. The runs
consist of §' iterations and are depicted colored, the vertical red dashed lines
indicate a raster refinement.

Due to the intrinsic random execution, the algorithm was repeated for several times and
different overall executions yield a different final result. Finally, the selected subset of
S = 64 points for ) = 64 SSH successfully achieved an acceptable condition number
k(Y n) = 2.3, using the microphone distribution depicted in fig. 4.3 (at the bottom). A

list of all microphone coordinates r,65 can be found in app. A.2.

The upcoming section investigates the possibilities how to arrange the determined micro-

phone distribution on an aperture radius 7.
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4.4 Open and Rigid Array Configurations

In order to analyze the frequency-dependent behavior of spherical modes, different ar-
ray configurations and their impact on the modal transfer functions are simulated in the

following.

4.4.1 Open Array Configuration

Although an open array configuration [AW02, GRS02| intuitively seems to be the optimal
choice, pursuing the ideal of little sound field perturbations, numerical problems arise. The
radius-dependent terms in eq. (3.5) are then [Teu07, Raf05]

I(Jz) (kr) = qu (kr)

as there is no outgoing sound field (¢, = 0). In fig. 4.5(a), the magnitude of the modal

responses in open apertures are depicted for omnidirectional pressure transducers.
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Figure 4.5: Magnitude of the modal responses p, (kr).

The problem gets obvious when regarding the resulting notches above kr > v, which co-
incide with the zeros of the spherical Bessel functions [Zaul2]. These notches are prone
to lead to numerical instabilities when inverting the modal response curves which is nec-
essary for a regularization to calculate acoustic holography. Although it was theoretically
shown that radially oriented cardioid transducers solve this problem [AW02, GRS02], such

transducers tend to be less accurate than omnidirectional pressure microphones.

Alternatively, the filter curves can be characterized as high-pass filters for ¢ > 0 with a
slope of 61, dB/octave within the range kr < v, [K6R11].
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4.4.2 Rigid Array Configuration

A different approach to overcome the problem of singularities is assembling a rigid diffusor
with omnidirectional pressure transducers. A rigid element demands a radially vanishing
sound velocity component which is proportional to the sound pressure of the incident and
the reflected sound field [K6£11] meaning that

0
E( i(kraarags) +pr(kra77ﬂa08)) =0.

Under this assumption, eq. (3.4) can be rewritten to

qu]l, kra)Y,,( Zcqh’ (kra)Y,,(05).

Exploiting the orthogonality of SSH, we obtain the scattered wave spectrum from the

incident one ,
]1/,1 (k?Ta)

Vi (hra) (4.5)

cg=—b

This results in the combination of radius-dependent expansions for the incident and the
scattered sound field, i.e. [Teu07, Raf05]

i’ (krq)
© (1) — 1 _ Ju,(kra)
pl/q (krr) qu(kr) h;/q (k?“a) th(kr)

with the main advantage of being well-conditioned except for very low frequencies and high
orders v (fig. 4.5(b)). The inversion to realize acoustic holography is no longer problematic
as the radial terms for the incident field do not share common zeros with the ones for the
scattered sound field [Zaul2|.

Inserting the wave spectrum |Zot09al
by = —ikhy, (krs)oq

of a spherical source strength distribution ¢, situated at r, into eq. (4.5) and using the

Wrronskian relation for spherical Bessel functions [Wil99|

1

. / -/ —
Jvg(kra)hy, (kra) — gy, (kra)hy, (kra) = Gera)?

we obtain a more compact term for the spherical wave spectrum:

hy, (krs)

Y i, G
~—_—————
gz/q (kﬂ'av'f's)

(4.6)
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4.5 Holographic Filtering

In general, the term acoustic holography refers to the process of evaluating sound field
quantities (pressure, velocity, intensity) situated at a radius rs by recording the resulting
soundfield at an aperture radius r, and subsequent radial focusing. Holographic filters
are necessary for a compensation of the frequency dependent radiation terms to obtain
flattened frequency responses. This filtering is usually referred to as spherical convolution

[Zot09a|, which is similar, however not entirely compatible, to the spherical segment case.

4.5.1 Causal Holographic Filters

The causal version of the holographic filters H,, (k,rq,75) = Q,qu(k:,ra,rs), cf. eq. (4.6),
without the linear phase term, which results due to the speed-limited sound propagation,
is written as [Kof11]

krgh’uq (krg) 1
hyq(k7“5> ezk(rs—ra)

chxq (kv Ta, TS) =
Finally, this filtering procedure yields the desired spherical source strength distribution

¢q = /ch/q (ka Ta, T8)¢Q'

Figure 4.6(a) and 4.6(c) depicts the magnitude and phase characteristics of the analytic,
causal holographic filters Hg, (k,ra,7s).

The resulting transfer functions show upper knees at kr, = v,. Additionally, v, > 0
feature lower knees which are determined by the source radius rs and exhibit a slope of
—6v,dB/octave (cf. magnitude of spherical Hankel functions |h,, (kr)|, fig. 2.6). Conse-
quently, they exceed the feasible dynamic range and have to be adapted to the dynamic
range of the used microphones (50dB are considered). This restriction determines the
lower bounds of the valid frequency ranges for each order v, (black circles), whereas the

upper bound is set by the highest order vg (dashed black line at krq = vg) [Kok11].

With this knowledge we can limit the array’s valid frequency range reasonably with respect

to the orders v.
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Figure 4.6: Analytic holographic filters H, (not regularized) and the regularized

counterparts ?:l,‘iq realized as FIR filters (By = 4096 coefficients) to

(d) phase responses (regularized FIR filters)

compensate the frequency dependent mode behaviour, r, = 0.1m, s = 5m,

maximal dynamic range: 50 dB.
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4.5.2 Digital Filter Design

lIR filter design. Kokler uses a curve fitting algorithm which delivers the infinite impulse
response (IIR) filter coefficients to obtain an error bounded magnitude and phase response
in the frequency area of interest [K6#11|. Unlike in the case of spherical arrays for which
the IIR filter order is limited by v+ 1, Kofler shows required IIR filter orders for the filters

with non-integer v.

FIR filter design. The preferred filter design in this work was a finite impulse response
(FIR) design. This is realized through the frequency sampling method [PB87| which is
obtained by sampling the analytical transfer functions® Hy at a number N = 2¢ (a € N)
of equidistantly spaced frequency bins on the interval [0,27). As a result, we obtain
FIR filters which are valid at the considered bins with the disadvantage of an uncontrolled

behaviour between the bins, due to the intrinsic sinc-interpolation of the Fourier transform.
The following steps outline the design procedure:

1. To obtain filters with a dynamic range of dyn = 50dB (cf. sec. 4.5) some sort of
regularization has to be done. In terms of acoustics, a soft transition ("soft knee”)
due to dynamic limits is preferred. Thus, we apply a regularization term on \ggq\

while preserving the phase characteristics similar to [BPSW11]:

Gy, = (‘gﬁq‘+—rnax{‘gfy}‘}~ 10—dy”/20> el ds, ) (4.7)

2. Consequently, an inverse Fourier transform with N bins is applied on* 7:L§q = (Qﬁq)*l,

i.e.

RS SR

oy () = = S H;, (ﬁk) iz /N, (4.8)
k=

3. The obtained, approximated impulse responses / FIR filter coefficients Byq (n) have

to be shifted circularly to get causal versions.

The resulting FIR filters ?:Lﬁq which approximate the analytical counterparts are shown in
fig. 4.6(b) and 4.6(d) as dashed lines. To get reasonable results, we choose a filter length
of N/2 = By = 4096 cocfficients.

3 The dependency on k, 74,75 is omitted for better readability.
4 Note that the magnitude and phase spectra of H;, have to be strictly conjugate symmetric to get a

real-valued impulse response fzuq ().
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4.6 Spherical Segment Signal Processing

To sum up this chapter, a concise synopsis is given by the following flowchart, which depicts

the signal processing steps in the context of the acoustic array application.

Holographic
- 7\ Encoder filters _Analysis
/ \ p1|ra d)l |Ta R ¢1 |7‘5 R Beamforming
/ . spherical segment . g . ¢ S
4 harmonics : = . source
\ . spherical spherical localization
I/ ~ sensor wave . source
‘ /’ signals a spectrum amplitude —> f(?", 0)
\\ . ~ ' ’ N spectrum
-3 . .
. : : Ambisonics
ps|7,a **.’” wQ‘TQ ¢Q|”"s R playback
| I
SSHT SSH signals

Figure 4.7: Signal processing steps to obtain a spherical source amplitude spectrum
through a spherical segment harmonic transform (SSHT) and subsequent
radial filtering.

Figure 4.7 shows the processing structure to attain spherical segment harmonics (SSH)
signals. In a first step, the signals from S omnidirectional pressure transducers pgly,,
s = 1,2,...,5 at the sampling positions 7,0 on the aperture radius r, are encoded
through applying a frequency-independent SSH transform (cf. sec. 3.1 and sec. 4) to ob-
tain the spherical wave spectrum g|r,, ¢ = 1,2,...,Q. To extrapolate the sound field to
a source radius s we apply holographic filters / radial filters (cf. sec. 4.5) and obtain the
spherical source amplitude spectrum ¢ql,,. These signals can be decoded for a playback on
an Ambisonics loudspeaker arrangement [ZPN10|. Further applications are source local-
ization [STMK11,SH11| and beamforming [MEOS, Pet04].
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Chapter 5

The Prototype

5.1 Designing the Cabinet

The cabinet design of the prototype was accomplished using the software "Rhinoceros 4.0”,
a NURBS!-based 3-D modelling software by Robert McNeel & Associates. The graphical
user interface of Rhino allows diverse manipulations methods of the 3D object model
and the pre-defined nodes (sec. 4.3.1) as well as other object definitions (sec. 5.2.1) were

imported through *.txt files.

5.1.1 Geometrical Properties

Spherical segment. As the aperture radius r, directly influences the upper frequency
limit (sec. 4.1.2), it is important to keep the dimensions of the spherical segment as small as
possible. Whereas this would actually reduce the low frequency resolution of the array, the
practical challenge lies in miniaturization. The critically limited space demands a careful
design with respect to practicability and is outlined in sec. 5.2.1. Finally, a minimum

radius of r, = 100 mm has been determined.

Rigid cones. The influence of cones with finite length on the decomposition of a sur-
rounding sound field into SSH is a question of current research [Pom13|. To guarantee
a sufficient attenuation for sources that lie outside the angular range of interest, and be-
cause of practical limitations, we set the length of the rigid cones to L, = 3r, = 300 mm

(measured from the array surface). This leads to an outer cone diameter of D, = 690 mm.

The exact dimensions of the designed prototype are shown in fig. 5.1.

Y Non-uniform rational basis spline (NURBS) is a mathematical model to represent curves and surfaces
and is used frequently in computer aided design and engineering [Wik07].
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Figure 5.1: Dimensions of the designed prototype in [mm)].

5.1.2 Functional Aspects

The prototype (fig. 5.2) mainly consists of two geometrical elements: the two symmetric
cones and the spherical segment which is made up by six staves. To guarantee mechanical
decomposability as well as stability these parts are stuck together via timber connectors
and interlocked by a threaded M10 bar which goes vertically through the center of the
spherical segment being screwed on two robust carrier plates. The array can be mounted
on a standard speaker stand (pole diameter: 36 mm) with the help of a mounting adapter.
For an application in a conference scenario it is also possible to place the prototype on a

table (fig. 5.8).

To minimize the influence of disturbing noise, i.e. sound impinging from ¢ € [0,60°)
and ¥ € (120°,180°], and because of aesthetic reasons the cabinet is closed with a cover
plate and a baseplate, respectively. The baseplate comprises an excentric 150 mm hole
which enables the adjustment of the mounting adapter. Furthermore, the outsourced USB
adapter and the barrel connector for power supply can be reached without demounting the

base plate.
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Figure 5.2: Exploded assembly drawing of the designed prototype with a description of
the main elements.

5.2 The Array Hardware

The cabinet is assembled with 64 'VisiSonics’ Digital Array Microphones (VDAM'™ )2,
Each VDAM " unit contains an electret microphone, amplifies the analog input signal and
converts it into a digital one at a fixed sampling rate of 44.1 kHz. The multiplexed, digitized
data is sent to a serialization controller using flexible flat cables (FFC). Synchronization
is realized via U.FL connectors and 1.32mm double shielded cables (fig. 5.3). External
synchronization was not possible during the experimental validation as the provided clock

signal was not yet conform to word clock standards.

All modules are daisy chained, and the 4 busses, each containing 16 channels, are fed into
the VDAM"™ array controller that is linked to an 'Opal Kelly XEM3010’ FPGA-powered
integration board. Onboard, a simple USB 2.0 interface is available as well as a barrel

connector for power supply, cf. fig. 5.4 [Vis07].

2 VisiSonics Corporation: http://www.visisonics.com/
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Figure 5.3: Signal chain within a VDAM" unit depicting the microphone, the preamp,
the A/D converter and the serialization controller [Vis07].

VisiSonics additionally provides ASIO? drivers to facilitate the setup and integration in

real-time recording systems (for detailed user instructions the reader is referred to app. C).

5.2.1 VDAM™ Units in the Model

To check the practical feasibility of the determined optimal microphone distribution, a
simplified scale model of the array microphones has been designed (fig. 5.5). These units
are sequentially build with the help of a RHINO command file which was generated be-
forehand in MATLAB. Consequently, each microphone model is rotated and moved to the

corresponding microphone position (Ist. 5.1).

Listing 5.1: Generated *.txt file in RHINO command file format to build and position a

simplified array microphone (exemplarily shows the process for the 120

microphone model).

¥

'

ot

~

_Polyline 0.35,0.3,0 r0.8,0.85,0 r3.07,0,0 r0,—-2.3,0 r—3.07,0,0 r—0.8,0.85,0
r0,0.3,0 0.35,0.3,0 % generate base line

_SelLast

_SetObjectName Baseline

_ExtrudeCrv R 0 0,0,1 0.49 % extrude base line to build platine

_SelLast

_SetObjectName Platel2

_SelNone

;| _SelName Baseline

_Delete

_SelName Platel2

3 Audio Stream Input/Output is a low-latency driver protocol for sound cards developed by ’Steinberg’ for
multichannel digital audio transfer and software/hardware communication [Wik25].
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Figure 5.4: Schematic description of the VDAM" array, N = 16, M = 4 (here, N and M
stands for the number of modules per chain and the number of busses,
respectively) [Vis07].

_Move 0.3,0,0 0.3,0,—-0.3

_ Cylinder RV 0.35,0,0 0.3 0.35 % generate capsule
_SelLast

_SetObjectName capsulel2

_SelName capsulel2

;| Rotate3D 0.35,0,0 0.35,1,0 —90

_SelNone

_Box 1.15,-0.85,0.19 1.82,-0.18,0.19 0.47 % generate calibration elements
_SelLast

_SetObjectName CalElement12x

_SelNone

_SelName CalElement12x

_Copy 1.15,-0.85,0.19 2.232,0.2,0.19 _Enter
_SelNone

_SelLast

_SetObjectName CalElementl12y

_SelNone

_SelName CalElement12x

_SelName CalElementl12y

_SelName Platel2
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epoxy compound cover to prevent short circuits
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35mm — +1.8 dB gain
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Figure 5.5: Simplified scale model of the assembled VDAM " units.

_SelName capsulel2

_ Group

_SelLast

_Rotate3D 0 0,1,0 170.4059 % rotate microphone vertically (theta [deg])
_Rotate3D 0 0,0,1 336.0938 % rotate microphone horizontally (phi [deg])

| Move 0 9.0142,-3.9957,1.6667 % move microphone to corresponding position

_ Ungroup
_SelNone

As we are dealing with a relative small radius of the spherical segment (r, = 100 mm)
which contains the 64 microphones, the space is critically limited and an intersection of
array microphones has to be avoided, naturally. This issue can be solved by carefully
rotating the elements radially in the model. For this purpose, another command script has
been written which allows the user to rotate each element by a desired amount of degrees

and crosscheck the result visually (Ist. 5.2).
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(a) top view

(b) perspective view

(c) front view (with cabinet)

(d) front view (without cabinet)

Figure 5.6: Spherical segment of the designed prototype assembled with 64 simplified

scale models of the array microphones.

Listing 5.2: Generated *.txt file in RHINO command file format for a user-defined radial

rotation of microphones (exemplarily shows the process for the 12th

microphone model).

_Rotate3D

_SelName CalElement12x
_SelName CalElementl12y
_SelName Platel2
_SelName capsulel2

_ Enter

9.0142,—-3.9957,1.6667 6.31,—2.797,1.1667 % define axis of rotation

_Pause % enter the desired angle of rotation

[deg]

The final microphone distribution with rotated elements is shown in fig. 5.6.
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5.3 Manufactured Cabinet

The cabinet of the prototype has been manufactured using a computerized numeric control
(CNC) machine by Hermann Deutscher?, a carpenter located in Hart/Pischelsdorf near
Graz. At this point, I want to thank him for his excellent joinery. To get an impression
of the different steps during the manufacturing process the reader is referred to fig. 5.7.
The final workpiece deviates from the designed one with respect to the carrier plates and

in some minor details.

Used materials. As the advantages of medium density fibreboard (MDF) lie in a homo-
geneous resonance behaviour in and off the fiber-direction and in cheap acquisition costs it
was considered to be the ideal material [Ker10|. To avoid frazzled boreholes the carpenter
made the suggestion to produce the spherical segment from polyurethane plasic plates.

Finally, the individual components were glued together and finished in black.

5.3.1 Assembling the Cabinet

Before mounting the array microphones the ribbon cables were glued to the FFC connector
with the aid of two-component epoxy compound for long-term stability. This step—even
though it complicates maintenance—was necessary to guarantee permanent plug contact
as a rapid heat increase can be diagnosed in case of partial loosening which potentially

causes melting of the involved ribbon cable and /or the VDAM" element.

* deutscher — 2D and 3D CNC for wood and plastic material: http://wuw.deutscher.at/


http://www.deutscher.at/
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(c) raw unpainted cone (d) drilling one of the six staves

J

(g) unvarnished cabinet (w/o cover plate) (h) unvarnished spherical segment

Figure 5.7: Visual documentation of the manufacturing process.



46 Chapter 5 - The Prototype

Figure 5.8: Finished prototype - the large pictures depict the array mounted on a speaker
stand and placed on a table, respectively. The smaller ones show some
construction details and the serialization controller with the four signal busses
and the synchronization cables.
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Chapter 6

Acoustic Measurements

This chapter describes the procedure of measuring the prototype in the acoustic domain.
In a first step, the microphones are calibrated. Subsequently, preliminary measurements
were carried out to examine the precision of the different gain stages. In the second part
of this chapter, the directional impulse responses of the microphones are measured. The
damping effects of the rigid cones are analyzed by means of transfer functions. Finally, the
array microphone directivity patterns are visualized.

In chapter 7, the acoustic measurement data is applied in the analytic beamformer model.

6.1 Calibration of the Array Microphones
The ASIO drivers provided by VisiSonics offer three different *.dll files to set the gain of

the array microphones (cf. app. C.2). Table 6.1 lists the three gain settings—by default,
the file vsAsioDriver_g1.d11 is used.

Table 6.1: ASIO gain settings.

* dll file gain
vsAsioDriver_gl.d1l1l -20 dB
vsAsioDriver_gl10.d1l 0 dB

vsAsioDriver_g100.d11 +20 dB

After experiments with gain settings, the 0 dB operating level was considered to be the
most suitable level for practical music or speech recordings as it administers a compromise
between sensitivity and headroom. This was the main reason why the calibration was done

at this gain stage.

As reference source, a calibrator pistonphone [Kja| is used and sequentially attached onto
the array microphone capsules. Level differences were balanced by a gain potentiometer
with a setting range of ~ +1.8 dB (cf. fig. 5.5, the potentiometer which is located nearer
to the capsule) inspecting the received level on the DAW (precision: +0.05 dB).
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6.2 Preliminary Measurements

6.2.1 Measurement Setup A

To get a rough idea of the individual array microphone impulse responses (IR) and the

related transfer functions, the microphones are measured mounted in foam (fig. 6.1).

50cm

1600530440379210280-5Q0120—] |50 cm

105cm

4Q18 190-2Q

i e e o ¢

35cm «—
5cm
(a) mounting situation (b) installed array microphones

Figure 6.1: Array microphones mounted in foam.

Measurement chain. The signal chain of the measurement setup is shown in fig. (6.2).

PD script Conversion Amplifier |r "7 7" TRoom . Amplifier Conversion Recording
! [
| O—|
—»D/A—»Dﬂ—[ﬂﬂ) o—4 [> H A/D |+ DAW
| DO [
! T

Figure 6.2: Flowchart to measure the sweep responses of the array microphones.

A PD!-patch is used to send an exponential sweep 3(t) which is converted by a D/A
converter [RME13b| and played back by an active loudspeaker [Gen05]. After analog-to-

digital conversion the sweep responses are recorded on a DAW.

As we are dealing with a relative analysis of impulse responses, an equalization of the
transducer frequency response can be omitted; A/D and D/A conversion as well as the

amplifier are assumed to be ideal.

1 PD stands for Pure Data, an open-source visual programming language for real-time applications in
audio, video and graphical processing created by Miller Puckette in the 1990s (http://puredata.info).


http://puredata.info

6.2 - Preliminary Measurements 49

Excitation signal. Mathematically, an exponential sweep can be described as [DF00]
5(t) = sin[f(t)] = sin((- (et/s — 1))

in time domain with the two variables

wy T T
(= and &=
ln(%f) ln(g—f)

where wy and wy represent the start and end frequencies, respectively, and T stands for the
total duration of the sweep (fig. 6.3). The instantaneous frequency w(t) can be calculated

as the derivative of f(t) and yields

are) ¢
dt ¢

4 Exponential sine sweep

™YY

15

Frequency [Hz]
[

0.5

05 1 15 2 25 3 35 4 45
Time [s]

Figure 6.3: Spectrogram of an exponential sine sweep which covers the audible frequency
range, T'=5s, fs = 44.1kHz.

Measurement Room. The measurements were taken in the office of diploma and Ph.D. stu-
dents where a measurement room, which is clearly not anechoic, is set up (fig. 6.4). Nev-
ertheless, by recording the decaying impulse responses long enough and cutting away the
acoustic reflections, a fair impression of the frequency responses is accessible. The acoustic
center of the speaker [Gen05| points at the array center (height: 1.05m, fig. 6.1). During

the measurements the room temperature was constantly at 21°C (¢ ~ 344 m/s).
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Figure 6.4: Setup and arrangement for the preliminary measurements of the array
microphones.

6.2.2 Obtaining the Impulse Responses

For each gain setting (cf. tab. 6.1) the sweep responses of all array microphones are recorded
(fs = 44.1 kHz, 24 Bit); the excitation level is set in a way that the microphone levels at
the +20 dB stage do not exceed 0 dB FS.

The impulse response hg[n] of the s-th array microphone (s = 1,2, ..., 64) can be calculated
in the frequency domain through a simple division of spectra followed by an inverse DFT

transform, i.e.

he[n] = IDFT (6.1)

DFT (ys[n])
DFT(3[n])

where ys[n] is the measured s-th sweep response. To avoid artefacts due to cyclic decon-
volution, the DFT length is chosen to be twice long as the longer of the two signals in
eq. (6.1) |[Zaul2].
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6.2.3 Measured Impulse Responses

In order to exclude reflections of the surrounding walls or reflecting objects the measured
impulse reponses were windowed (early reflections from the floor are expected after ~ 3 ms

wrt. the direct sound) with the first and the second half of a Hann window (cf. fig. 6.5).

Impulse responses of all array microphones
T T T T T

x10~°

Amplitude

Time in [s] X107

Figure 6.5: Windowed impulse responses of all array microphones (f; = 44.1 kHz,
*_g10.d11).

Figure 6.6 exemplarily shows the corresponding frequency domain transfer functions for
array microphone 20 (which lies in the center of the foam) using different gains. The com-
plete measurement results are presented in app. B.1. Aside from an attenuated response in
the lower frequency range there are ripples from about 2 kHz upwards, which are mainly

caused by diffraction because of the mounting situation.

6.2.4 Level Deviations Among Gain Stages

Local array microphone deviations. In practical applications, the user might set an
application-dependent sensitivity level, thus a comparison of array microphone responses
Ag .o |dB| among different gain stages has to be drawn. Thereto, :° octave band-related

deviations (:° = 1,2,...,7) of S = 64 array microphones (s = 1,2,...,5) are analyzed
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Figure 6.6: Magnitude responses of array microphone 20 (middle of foam) using different
gain levels, normalized to the maximum of all microphone frequency
responses in +20 dB stage (*_g100.d11), Nppr = 4096 points.

after subtracting the mean of attenuation per octave band (eq. (6.2), eq. (6.3), tab. 6.2).

The deviations are defined in the following way:

AAl,s,z" = AfZOdB,s,zO - AOclB,s,zO — Ineallj 4o,

AAQ,s,zO = A20dB,S,'L° - AOdB,s,zo — Imeansg ;o

with the octave band-related means

S
1
meany o = g Z(A—QOdB,s,z" - AOdB,s,zo)a (62)
s=1
1 S
meany o = & > (As0dB se = Moas,sio)- (6.3)
s=1

The results are plotted in fig. 6.7.

Table 6.2: Octave band-related means and global means of array microphone level
attenuations [dB].

[Hz] 125 250 500 lk 2k 4k 8k global

mean; o [dB] -11.5 -11.7 -12.,5 -12.,5 -12.7 -129 -14.0
means ,o [dB] 19.9 19.9 19.9 19.9 19.9 19.8 19.7
means 1.4 [dB] — — — — -12.1

meany, 1.4 [dB] — — — — 19.9

Global array microphone deviations. For a more practical result, the evaluation is re-
peated for an expected global attenuation in [dB] in the whole frequency range. To be fair,
the global means are only calculated using values of the first four octave bands (125 Hz-
1kHz) as the values for higher octave bands are not trustworthy enough due to the mount-

ing situation.
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Figure 6.7: Zero mean array microphone deviations among different level stages per
octave band when subtracting the local means in [dB].

Obviously, the absolute value of the level difference between the 0 dB and —20dB stage
is not 20dB (fig. 6.6). Anyway, fig. 6.8 shows the array microphone deviations for the
‘expected” —12dB (means 1.4 = —12.1dB) and 20dB (meany ;.4 = 19.9dB) gains, respec-

tively, among the gain stages.

6.2.5 Conclusions

Based on these results, we can conclude that the two stages with the higher gain levels
(*_g100.d11 and *_g10.d11) merely have minor array microphone-related level deviations
over all octave bands. So these two stages can be confidingly used in practice with respect
to errors due to gain mismatches. Reasons for the rather defective behaviour of the second
deltas (Aqs,0,A35,0) can be most likely found in a small SNR when recording at the
least sensitive gain stage (*_g1.d11) and the resulting influence of noise which leads to

manipulated transfer functions.

Consequences of gain mismatches. Let us assume a gain mismatch factor of g. = 1.01
(=~ 0.09 dB) between two array microphones on the spherical segment. The deviation error
for this scenario is ¢ = 0.01 (= —40dB) so an acoustic pressure gradient between two
array microphones in the order of this error cannot be detected correctly. This fact has a
significant influence on the maximal dynamic of the holographic filters (sec. 4.5.1). If we

equalize the sound field modes with a gain of 40 dB the resulting spherical source amplitude
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Figure 6.8: Zero-mean array microphone deviations among different level stages per
octave band when subtracting the global means in [dB|

distribution, which is employed as beamformer input signal, will not be correct anymore

as the resulting error is of the same magnitude as the signal.

6.3 Measuring the Prototype Characteristics

To assess the quality of the realized prototype the directional spatial impulse responses

were measured and applied on the analytic beamforming algorithm (sec. 7).

6.3.1 Measurement Setup B

Measurement environment. The measurements were taken in the [IEM CUBE? [ZRS03].
A loudspeaker semicircle (radius rs = 1.4m) with 16 loudspeakers which are displaced
in vertical steps of AY = 11.25° (initial offset: 5.625°) surrounds the centered prototype
as shown in fig. 6.9. For a whole measurement run, a turntable rotates the array in 36
equidistant azimuthal steps (Ap = 10°) to obtain a spherical grid layout with V' = 576
sampling points. The room temperature during the measurements was constantly at 22°C
(c =~ 345m/s).

2 CUBE = ComputerUnterstiitzte BeschallungsEinheit (engl.: computer-aided sound system).
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Figure 6.9: Grid layout to measure spatial impulse responses.

Measurement chain. Figure 6.10 depicts the whole measurement chain. Two PD in-
stances with different drivers are set up (1% instance: 'VisiSonics’ ASIO, 2"¢ instance:
'RME Hammerfall IT Digiface’ + turntable control patch). It is possible to send the play-
back trigger signal by packing an OSC? message and transmitting it via UDP* to the second
instance. There, after unpacking the OSC signal, the digital USB interface [RME13a] is
used to send the excitation signals to a D/A converter [RME13b| via ADAT. The analog
signals are amplified ("Apart PA 4060’, 16 x 60 W amplifiers) and played back by the 16
loudspeakers. Finally, the signals of the array microphones are amplified and converted on
board and recorded by the first PD instance. The recordings were done at a sampling rate
of fs = 44.1kHz and a resolution of 24 Bit.

Reference measurements. After matching the electric outputs of the louspeaker ampli-
fiers using a multimeter, reference measurements were taken in which a reference micro-
phone is placed in the center of the surrounding loudspeakers instead of the prototype.
The reference hardware (omnidirectional pressure transducer: ’Earthworks M55’ preamp:
'Earthworks LAB 1’) was initially calibrated with the help of a pistonphone [Kja| be-
fore recording one measurement cycle. The obtained signals are used in the measurement

evaluation not only to gain-correct and equalize the impulse responses of the array micro-

3 Open Sound Control is a message-based communication protocol.
4 User Datagram Protocol is a wireless network protocol.
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Figure 6.10: Setup to measure the prototype’s characteristics.

phones but also to compensate for time discrepancies due to deviations of the loudspeaker

semicircle from a perfect circle (cf. sec. 6.3.3).

Method. We used the exponentially-swept-sine technique by Farina [DF00| with a sweep
length of 1.5 (sweep fire rate: 1s). For a more detailed description of the excitation signal

the reader is referred to sec. 6.2.1.

Synchronization of the measurement cycles. As the array hardware does not provide
a clock signal to synchronize external devices, a peak finder determined the start value of

each measurement cycle (per azimuthal step) to keep the phase error small.

6.3.2 QOverall System Description

The measurement setup can be described as a multiple-input-multiple-output (MIMO) sys-
tem with V' = 576 sources and S = 64 array microphones (fig. 6.11). The microphones
receive signals which can be calculated through convoluting the loudspeaker signals w,(t)
with the appendant transmission paths w,, (), for the v-th loudspeaker and the s-th array

microphone, respectively.

In the frequency domain, this can be simply expressed by a multiplication, i.e.
x(w) = W(w) - u(w) (6.4)

where W (w) is the S x V system matrix which contains all Fourier-transformed impulse
responses, x(w) and u(w) are the array microphone signals and the loudspeaker signals,
respectively. In the following, the frequency dependency will be omitted for better read-
ability.
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Figure 6.11: MIMO system description.

6.3.3 Equalization of the Measurement Loudspeaker Array

Reference data.

To minimize phase errors due to geometric deviations of the loudspeaker

semicircle from a perfect circle, we use the measured reference impulse responses hyqy v,

upsampled by a factor U= 4, and calculate the resulting delays wrt. a reference loudspeaker

(e.g. loudspeaker 8). Subsequently, these delays are used for time compensation of the

measured array microphone impulse repsones (fig. 6.12).

IRs recorded with ref. mic

Lo

i i i

10 20 30 40 50 60 70 80 90

100
Time [Samples] (f5 =44.1 kHz)
Upsampled IRs (factor: 4) + time alignment
B8 [\ A
-0.02k ; ; ; : i ; ; ]
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Figure 6.12: Time alignment of the reference impulse responses through upsampling by a

factor U = 4 (wrt. the 8" loudspeaker).

Additionally, the transfer functions between all V' louspeakers and the reference microphone

are calculated. For gain-correction, the 1kHz frequency bin of the reference loudspeaker

is used to match the transducer gains.

If we assume the conversion and amplification

to be ideal we can delimit the influence of the loudspeaker characteristics through deter-
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mined equalization filters. This measurement loudspeaker equalization is implemented as

minimum-phase filters (fig. 6.13) using the real cepstrum [PL06, T.NO1].

1kHz—-gain—-matched minimum-phase TFs
between loudspeakers and reference microphone, NFFT=1024

Magnitude [dB]

| ; ; ; R ; ; ; HE i
10 10° 10
Frequency [Hz]

Phase [rad]

10 10° 10
Frequency [Hz]

Figure 6.13: Minimum-phase equalization filters to compensate the transducer
characteristics, Nppp = 1024.

6.3.4 Spatial Impulse Responses of the Array Prototype

In a first step, the loudspeaker gain factors as well as the time delays are applied on the
deconvolved (cf. eq. (6.1)) directional impulse responses of the array microphones. As
the measurements were done in a non-anechoic measurement room, we apply a window of
128 samples (~ 3ms @ 44.1 kHz) so early reflections, with a difference of 1 m compared to
the direct path, are suppressed (reflections and resulting distortions by the rigid cones are
preserved). Particularly the loudspeakers in the lower half of the measurement hemisphere

demand this short window size as they are placed closely to the reflecting floor (fig. 6.9).

To minimize Gibbs’ phenonemon, the cut and equalized impulse responses are faded in

and out using the first and second half of a Hann window.

Results. Figure 6.14 exemplarily shows impulse responses of all 64 array microphones for
a particular source direction in time and frequency domain. To examine the effect of a

varying source direction, the magnitude and phase spectra of two scenarios, either with
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Figure 6.14: Impulse responses of all array microphones for a source direction of
wo = 30°, Y9 = 84.375° in time and frequency domain (Nppp = 1024).

fixed angle ¢ or g, are shown in fig. 6.15 and fig. 6.16, respectively.

In the first scenario, we observe notches above f &~ 1kHz in the magnitude spectra mainly
due to reflections of the rigid cones which result in cancellations. When varying the source
direction ¢y (second scenario) the damping effect of the spherical segment becomes manifest

in attenuated magnitude responses in the upper frequency range.
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Figure 6.15: Frequency spectra of array microphone 20 for a varying source direction g,
Yo = 30° (NFFT = 1024).
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Figure 6.16: Frequency spectra of array microphone 20 for a varying source direction ¢y,
Yo = 84.375° (Nppp = 1024).
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6.4 Array Microphone Directivity Patterns

To get a more general idea of the frequency-dependent array microphone characteristics,
one row of the transfer matrix W in eq. (6.4) can be selected and plotted which results in

a directivity pattern of one array microphone.

Interpolated directivity patterns. With the help of the spherical harmonics® (SH) inter-
polation the array microphone directivity patterns are evaluated at a denser grid {0y} +
(fig. 6.17(a)). For the s-th directivity pattern we write®

dy({0x}+) = YR ({0} )9y = YR ({0} Y ({8, w, (6.5)
5 (61) W1

voo = | WO o] | (6.6)
§(6v) Wy

0 (0,) = (Y9(0,).1(60,) ... Y 1(0,)..¥}(0,).. Y5 (©0,))

The maximal order N of Y ;({8u}s) in eq. (6.5) is determined by analyzing its condition
number as the pseudoinverse has to be calculated. For a small error, a weighted pseudoin-
verse /é:(?%({Ov}ls)diag{w}?ﬁ({91,}15)) is introduced [Pom08|. The equivalent surface
fraction weights w emphasize sampling nodes located near the equator. Finally, the order
is set to N = 15 (fig. 6.17(b)) and results in (N+1)2 = 256 columns and rows, respectively,
in Yo ({0k}+) and Y ({6, }1s).

Figure 6.18 shows the normalized, interpolated directivity patterns for different octave
bands of one particular array microphone with color-coded phase. As expected, the di-
rectivity index approaches 1 (0dB) towards lower frequencies; in other words we get an
omnidirectional directivity. Cancellations due to reflections of the rigid cones as well as

damping effects become visible at higher frequencies (f > 1kHz) .

5 A thorough introduction to spherical harmonics is given in [Wil99, Zot09a].

6 Note that the symbol (-) indicates variables in the SH domain.
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Chapter 7

Modal Beamforming in the

Spherical Segment Domain

The microphone array prototype has a potential application as beamforming system in
a teleconference situation. Such an application requires a concept to gain control over
the system in the spherical segment domain. More specific, a beamforming system with
variable steering direction has to be implemented. To assess the quality of the prototype,

measurement data is used as input to the holographic model.

In the following, the signal processing background to realize such a beamforming system

in the spherical segment domain is provided.

7.1 System Description

The overall system to realize a beamformer is depicted in fig. 7.1 and consists of two main
blocks, a decomposition unit and a beamforming unit. The decomposition unit accomplishes
a band-limited decomposition of a surrounding soundfield, which is sampled at the optimal
microphone positions r,0,. This is achieved by encoding the received signals p at the array
radius 7, in terms of SSH as shown in sec. 4.1. The coefficients of the excitation pattern ¢n
(spherical source strength distribution) are calculated through a projection of the spherical
wave spectrum ¥ onto a desired source radius rs via holographic filters (sec. 4.5). The
beamformer unit finally weights and sums these excitation coefficients to obtain a beam

dp(0-,6;) for a source direction 8; and the desired look direction 6_,.
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Figure 7.1: Schematic description of the concept for modal beamforming.

7.1.1 Analytic Beams

To generate analytic beams we simulate the sound pressure at the microphone positions
on the array surface. The analytic array model is based on the wave spectrum! of a plane

wave impinging from 6; [Zot09a]

F = diag{ (47761%”1,47761%"27 . ,47reigV@)T}.

This SSH wave spectrum is simulated with a high order N which results in Q components.

To obtain the spherical wave spectrum 1& N> We project b onto the array radius r, (cf. sec. 4.5),

ie.
G = dla‘g{ l/lﬁgﬁg ggQ)T}

The analytic microphone signals in terms of Q SSH are written as

p= YN({es}mic) : %N' (71)

In the holographic model, the microphone signals are decomposed with a limited order N

into @ spherical segment wave spectra?

YN = (Y]Tf({gs}miC))_lﬁ

! Note that the symbol (~) symbolizes a high simulation order N and indicates variables in the analytic
array model.
2 In the holographic model, the number of microphones is equal to the number of SSH, i.e. S = Q.
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with the SSH encoder matrix (Y% ({0s}tmic)) . Sound field extrapolation is achieved
through regularized holographic filters H = diag{ (H¢,, H,, .. .7-_LZC,Q)T}, ie.

v
¢y =F'-H-¢y (7.2)
with the inverse wave term
Fl= diag{ (4776%1/1747T€ig”2, e ,47Te’g”Q)T}_l

containing () elements on its diagonal.

To obtain a beam pattern with the desired look direction 0_,, the source amplitude spec-

trum is weighted with the beam coefficients y%(0_>) and 0; is varied through expansion
to {Ok}+ (p+ €10,2m), 94 € [Je1,9c2])

dy(0, {0k }+) = yn(0-) - [F71-H- (YN ({0stmic)) )] -
holographic model
Y 5 ({0 i) - G F]YE ({0},

analytic array model

Results. Figure 7.2 depicts the resulting beam patterns for different frequencies and a
steering direction of 8_, = (0°,75°). The polar plots show a cut through the 3D balloon
plot in horizontal direction (solid black line) and vertical direction (dashed black line). For

the vertical cut, the double cone is indicated through dashed grey lines in the polar plot.

7.1.2 Beams Based on Measurement Data

To assess the performance of the prototype, the measured transfer functions W (for one
specific frequency) from eq. (6.4) are employed in the holographic model instead of micro-

phone signals generated by the analytic model.

With a source located at ;, eq. (7.1) is rewritten in terms of (N + 1)2 spherical harmonics

to
P=W-(YL({0h) - 9x(6:), (7.3)
with the Ambisonics decoder matrix (\?}\;({Gv}ls))T as defined in eq. (6.6).

Substituting eq. (7.3) into eq. (7.2) yields the spherical source amplitude spectrum based

on measured microphone signals which is weighted with beamforming coefficients and eval-
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uated at a dense grid of possible source directions 6; = {6} 4. This yields a beam pattern

with the desired look direction 6_,:

dy(0,{0k}) = [F1 - H - (YN ({0:hmic) ] - [W- (YE{O )] YT ({Ok}4).

holographic model measured microphone signals

Results. The generated beampatterns based on measurement data are exemplarily shown
for low, mid and high frequencies in fig. 7.3. Especially for high frequencies, the influence
of the double cone with finite length is negligible in comparison to the analytic beams
(fig. 7.2). Examining the form of the main lobe and the side lobes, the resulting beam

patterns promise a satisfying source separation.
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Figure 7.2: Generated beam patterns for low, mid and high frequencies using simulated
microphone signals and regularized holographic filters with a dynamic range
of 30dB. The beam is steered in direction 6_, = (0°, 75°).
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Figure 7.3: Generated beam patterns for low, mid and high frequencies using measured

microphone signals and regularized holographic filters with a dynamic range
of 30dB. The beam is steered in direction 6_, = (0°,75°).
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Chapter 8

Conclusion and Outlook

In this thesis, a rigid double cone microphone array prototype has been designed and

implemented.

The signal processing theory presented in chapter 2 and 3 allows to decompose a surround-
ing soundfield on a restricted angular range through applying spherical segment harmonics
(SSH). As a robust decomposition requires a carefully designed array layout, an algorithm
to achieve a small condition number of the decomposition matrix was presented in chap-
ter 4. The spherical source amplitude spectrum is obtained by utilizing holographic filters

which were realized as FIR filters.
Chapter 5 outlined the prototype design and presented the assembled array hardware.

Acoustic measurements, as described in chapter 6, were carried out to obtain the spatial
impulse responses of the array microphones. After calibrating the array microphones, pre-
liminary measurements examined the microphone characteristics decoupled from the cab-
inet and analyzed the microphone-related deviations comparing the different gain stages.
Thereafter, the directional impulse responses were measured and presented by directivity

patterns.

The prototype application as modal beamforming system has been analyzed in chapter 7.
For this purpose, the analytic beamformer was evaluated using microphone signals of an
analytic simulation as well as measured data. The resulting pick-up patterns of the mea-

sured prototype are quite promising in the context of source separation.

Outlook. As the prototype can be used as a flexible beamforming system, the implemen-
tation of real-time algorithms for source localization would be a challenging task. In this

context, additional measurements that include a table as reflecting object have to be made.

To suppress side lobes in beampatterns and to shape the form of the main lobe, order-
related weights need to be derived for the spherical segment scenario. However, this is not

assumed to improve the performance significantly.
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Comparative studies including listening tests are necessary to assess the performance of
the prototype in comparison to other microphone arrays with respect to resolution and

perception.

To analyze array imperfections, a detailed error analysis would be informative. First of
all, the presumption of an infinitely long cone cannot be realized in practice and needs to
be investigated by means of an analytic model. Several types of non-idealistic issues are
additionally introduced in practice: positioning errors, microphone gain mismatches as well
as spatial aliasing have to be considered and can be summarized by defining a holographic
error. Nevertheless, an open question of how to calibrate the array microphones mounted

in the spherical segment should be practically solved.

Finally, a miniaturized version of the prototype with less sensors fulfilling industry stan-

dards could be a promising product.
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Appendix A

Quantitative Results

A.1 Related Values to the Double Cone Boundary Condition

Tables A.1 - A.3 list all orders v;(|m|), normalization factors Em“m‘), n, = 1000 (number of
supporting points to evaluate the integral in eq. (3.2) numerically) as well as the weighting
factors oy (|m|) of the associated Legendre functions for the double cone boundary condition

(cf. sec. 2.2.1) up to the order N = 9.9 which results in @ = 64 SSH (cf. fig. A.1(a)).

Table A.1: Summary of orders v;(|m|) related to the double cone boundary condition up

to N = 9.9.
l\\m| 0 1 2 3 4 5 6 7 8 9 10
0 0
1 2.627 0.661
2 5.567 2.808 1.654
3 8.545 5.659 3.299 2.681
4 8.607 5.927 4.000 3.716
5 8.788 6.351 4.828 4.751
6 9.083 6.905 5.731 5.786
7 9.482 7.562 6.680 6.819
8 8.302 7.660 7.849
9 9.104 8.658 8.875
10 9.669  9.898
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Appendix A - Quantitative Results

m|

Table A.2: Summary of normalization factors EVz(lml) related to the double cone
boundary condition up to order N = 9.9.

I\|m| 0 1 2 3 4 5 6 7 8 9 10
0 0.398
1 0.999 0.547
2 1.316 0.154 0.207
3 1.566 0.199 0.114 0.045
4 0.187 0.059 0.024 0.007
5 0.033 0.004 0.003 7.89e-04
6 4.6e-4  1.5e-4 3.2e-4  T.4e-5
7 2.4e-4 6.3e-5 2.7e-5  5.8e-6
8 7.8e-6 1.9e-6 3.9e-7
9 6.5e-7 1.2e-7 2.3e-8
10 6.6e-9  1.3e-9
Table A.3: Summary of weighting factors «;(|m|) of the associated Legendre functions
related to the double cone boundary condition up to order N = 9.9
I\|m| 0 1 2 3 4 5 6 7 8 9 10
0 0
1 -0.422  -0.375
2 -0.514 2.046 -0.384
3 -0.552 1.074 0.324 -0.349
4 0.896 -0.073 -3.8e-16 -0.305
5 -0.220 -1.035 -0.177 -0.262
6 -4.839 4.228 -0.286 -0.222
7 0.601 0.776 -0.349 -0.186
8 0.326 -0.376 -0.154
9 0.105 -0.379 -0.126
10 -0.364 -0.103
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A.2 Microphone Coordinates

The microphone distribution with channel numbers is shown in fig. (A.2).

blue segment
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Figure A.2: Microphone distribution on the spherical segment of the prototype with
channel numbers. Channels 1, 17, 33, 49, respectively, are the first channels
of the four busses.

Table A.4 depicts the resulting positions of all S = 64 microphones in spherical and

Cartesian coordinates after the optimisation process described in section 4.3.1.

Table A.4: Microphone coordinates for the S = 64 omnidirectional pressure transducers
used in the prototype, dimensions: r, [mm|, ¢ [deg|, ¥ [deg|, Cartesian
coordinates (z,y, z) in [mm)]

microphone #

spherical coordinates (rq, , )

Cartesian coordinates (z,y, 2)

1 100,13.13,113.32 18.56,11.60,97.58
2 100,350.62,113.32 7.24,-20.65,97.58
3 100,330.94,110.74 33.98,62.11,-70.62
4 100,315.47,112.02 -22.70,-84.88,47.75
5 100,302.81,99.59 -27.72,-75.65,59.23
6 100,307.03,85.22 -25.66,28.90,-92.23
7 100,323.91,94.78 -48.15,-16.07,86.16
8 100,337.97,85.22 -9.47,37.47,-92.23
9 100,352.03,94.78 50.00,8.73,86.16

10 100,15.94,93.58 60.05,14.03,78.73

11 100,20.16,75.52 3.24,11.96,99.23

12 100,7.50,65.38 19.51,52.79,-82.66

Continued on next page
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Table A.4 — continued from previous page

microphone #  spherical coordinates (rq, @, ¥)

Cartesian coordinates (z,y, z)

13 100,356.25,76.75 -30.79,-92.67,21.53
14 100,340.78,67.98 -7.40,-90.53,41.82
15 100,325.31,71.79 7.06,-44.43,-89.31
16 100,307.03,67.98 -60.30,67.93,41.82
17 100,80.63,113.32 10.77,-19.05,97.58
18 100,63.75,113.32 13.29,17.39,97.58
19 100,45.47,104.48 -6.07,-71.82,-69.31
20 100,31.41,112.02 -87.86,0.85,47.75
21 100,32.81,91.19 -1.52,-8.61,-99.62
22 100,39.84,67.98 49.31,-76.29,41.82
23 100,51.09,77.98 36.17,39.42,-84.48
24 100,65.16,67.98 62.16,-66.24,41.82
25 100,63.75,95.98 59.95,78.43,-15.99
26 100,83.44,95.98 -18.19,97.02,-15.99
27 100,97.50,108.21 -97.87,-10.87,17.41
28 100,114.38,95.98 28.52,94.50,-15.99
29 100,96.09,80.41 26.00,-92.07,29.10
30 100,75.00,81.61 -6.17,2.59,99.78
31 100,86.25,66.68 9.33,64.41,-75.93
32 100,112.97,67.98 -90.09,11.65,41.82
33 100,115.78,114.62 -89.62,44.14,4.38
34 100,132.66,112.02 -66.67,-57.23,47.75
35 100,135.47,97.18 -19.23,-7.69,-97.83
36 100,122.81,81.61 6.41,1.92,99.78
37 100,131.25,65.38 43.16,-36.12,-82.66
38 100,146.72,73.04 41.94,-56.95,-70.70
39 100,163.59,65.38 54.79,12.88,-82.66
40 100,183.28,67.98 -43.70,-79.63,41.82
41 100,165.00,82.82 -6.02,90.57,41.96
42 100,152.34,104.48 -1.69,-72.06,-69.31
43 100,163.59,114.62 97.25,22.87,4.38
44 100,173.44,100.81 -21.69,-16.49,96.22
45 100,186.09,87.61 25.51,23.28,93.85
46 100,198.75,76.75 -65.93,-72.04,21.53
47 100,212.81,69.26 9.74,-10.35,98.99
48 100,233.91,70.53 14.02,97.77,15.64
49 100,186.09,112.02 64.90,59.23,47.75
50 100,205.78,114.62 0.69,-99.90,4.38
51 100,225.47,112.02 -65.71,58.33,47.75
52 100,245.16,112.02 -87.31,-9.82,47.75
53 100,263.44,113.32 19.64,-9.64,97.58
54 100,288.75,112.02 -84.53,23.99,47.75
55 100,277.50,103.25 20.86,35.52,-91.12
56 100,255.00,100.81 -23.50,-13.80,96.22

Continued on next page
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Table A.4 — continued from previous page

microphone #

spherical coordinates (rq, ¢, )

Cartesian coordinates (z,y, 2)

57 100,231.09,94.78 9.42,-49.88,86.16
58 100,204.38,93.58 60.76,10.52,78.73
59 100,219.84,82.82 90.56,-6.14,41.96
60 100,250.78,82.82 77.57,-47.15,41.96
61 100,271.88,82.82 -11.52,90.04,41.96
62 100,287.34,77.98 -5.98,-53.17,-84.48
63 100,277.50,66.68 -32.95,-56.12,-75.93
64 100,250.78,65.38 48.09,-29.23,-82.66




Appendix B

Results of the Acoustic

Measurements

B.1 Preliminary Measurements

Figures B.1 - B.6 show the results of the measurements described in sec. 6.2.

7
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Appendix C

User Instructions

Please read the following instructions BEFORE using or even manipulating the VisiSonics

array hardware.

C.1 Driver Installation

First-time installation of the ’Opal Kelly XEMS3010’ front panel USB driver and the VisiSonics
ASIO driver:

e Do not plug in the array hub board into the PC’s USB port until both driver software
installation procedures have been completed.
Run
FrontPanelUSB-DriverOnly-Win-x64-4.0.8.exe

to install the integration board drivers.

e Follow the installation instructions of the ReadMe . txt file (located in the folder "2013-
03-07_v4 ASIO_Drivers”) for a successful ASIO driver installation! Always safely
remove hardware before disconnecting the hub board—if not needed on long-term

view additionally disconnect the power supply.

C.2 Recording Audio

e On a Win7 system change the priority of your DAW to ’High’ to avoid dropouts due

to priority issues.

e The sampling rate of f; = 44.1kHz is fixed by VisiSonics and cannot be changed
by the user. External synchronization was not yet possible during the experimental

validation.

e To change the ASIO buffer size simply modify the value in the file vsBufferSize.txt
(in the installation directory, value L ok > 4096, k € Z), save and close the file. Use
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a buffer size of at least 4096 to avoid buffer dropouts during recordings. Restart the
DAW to apply the updated value.

Gain settings can be changed via the provided batch files (register_g#.bat, cf.
tab. 6.1) which will unregister all registered *.dll files and register the selected
gain stage. The batch files have to be executed in the driver installation direc-
tory via a command window run in administrator mode (Win7). For a successful
registration it is necessary to restart the DAW. Run regedit and check the key
HKEY_LOCAL_MACHINE\Software\Wow6432Node\ASIO\VisiSonics RealSpace...
5/64 Audio Camera—the key description contains the entry VisiSonics Audio...
Camera - 32G# (#...1, 10, 100) and confirms the selected gain level.

To find the correct orientation of the array, a red marker dot indicates 0° azimuth

direction on the edge of the lower cone.

C.3 Manipulations

Carefully read the instruction manual (VDAM_array_connection_instructions.pdf)

by VisiSonics!

Never disconnect or connect microphones in the chain while the hub board is powered

or connected via USB (this could destroy microphones or other electronic elements)!

It is necessary to unplug the USB cable as well as the power plug from the outsourced
connectors BEFORE removing the base plate, otherwise the hub board gets seriously
damaged.

The FFC connector can be unlocked by deliberately folding up the black lever on the
back side of the connector. Note that the blue side of the ribbon cable (labelled "This
side up”) faces upwards with respect to the hub board—ignoring this will destroy the

first microphone in the chain!

Each chain of 16 channels has an appendant U.FL syncronization connector which is

always on the right side of the FFC connector (see labels).

Channels are only working if bus ribbon cables are connected in ascending order, i.e.
to receive input signals e.g. on channels 33-48, the two preceding busses (ch. 1-16
and ch. 17-32) have to be integrated.

C.3.1 Maintenance

In case of failures it could be necessary to replace a microphone in the chain. When
embedding the new microphone pay attention to the right direction of installation
("TOHUB”, "TOSTR”, cf. VisiSonics connection instructions for further details).



C.3 - Manipulations 87

Failing in doing so will destroy the first incorrectly connected microphone due to

polarity reversal!

C.3.2 Unmounting

NEVER load the prototype collaterally as the weight should lie vertically on the
mounting adapter and the spherical segment, respectively. Lateral forces may destroy

the spherical segment! Only lift the cabinet at the lower cone (fig. C.1)!

Figure C.1: Instructions for placement and lifting of the prototype to avoid damages.
Lateral forces may destroy the spherical segment!

Unmounting steps:

(1) Disconnect the power plug and the USB cable on the backside of the outsourced
connectors (inside the lower cone).

(2) Unscrew the six screws on the bottom and demount the base plate.

(3) Carefully unlock the FFC connectors, remove the four ribbon cables and the
appendant U.FL coaxial wires from the hub board.

(4) Unscrew the six screws on the top, demount the cover plate and remove the
aluminium bracket.

(5) Do not twist the spherical segment as it is kept in position by cropped bolts in
the lower cone—only take it off vertically!

(6) When reassembling the array note the green and red marker dots which define the
azimuthal position of the spherical segment. Do not overbolt the nut of the threaded
bar; the resulting forces may damage the spherical segment. The same goes for the
screws in the cover plate and the base plate, respectively, as the threaded sleeves are

glued.
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