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(57) Abstract: Spherical microphone arrays capture a three-dimensional sound field {P(Q.,t)) for generating an Ambisonics repres-
entation {A™n(t)), where the pressure distribution on the surface of the sphere is sampled by the capsules of the array. The impact of
the microphones on the captured sound field is removed using the inverse microphone transfer function. The equalisation of the
transfer function of the microphone array is a big problem because the reciprocal of the transfer function causes high gains for small
values in the transter function and these small values are affected by transducer noise. The invention minimises that noise by using a
Wiener filter processing (34) in the frequency domain, which processing is automatically controlled (33) per wave number by the
signal-to-noise ratio of the microphone array.
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Method and Apparatus for processing signals of a spherical
microphone array on a rigid sphere used for generating an

Ambisonics representation of the sound field

The invention relates to a method and to an apparatus for
processing signals of a spherical microphone array on a
rigid sphere used for generating an Ambisonics representa-
tion of the sound field, wherein a correction filter is ap-

plied to the inverse microphone array response.

Background

Spherical microphone arrays offer the ability to capture a
three-dimensional sound field. One way to store and process
the sound field is the Ambisonics representation. Ambisonics
uses orthonormal spherical functions for describing the
sound field in the area around the point of origin, also
known as the sweet spot. The accuracy of that description is
determined by the Ambisonics order N, where a finite number
of Ambisonics coefficients describes the sound field. The
maximal Ambisonics order of a spherical array is limited by
the number of microphone capsules, which number must be
equal to or greater than the number O = (N +1)? of Ambisonics
coefficients.

One advantage of the Ambisonics representation is that the
reproduction of the sound field can be adapted individually
to any given loudspeaker arrangement. Furthermore, this rep-
resentation enables the simulation of different microphone
characteristics using beam forming techniques at the post
production.

The B-format is one known example of Ambisonics. A B-format
microphone requires four capsules on a tetrahedron to cap-

ture the sound field with an Ambisonics order of one.
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Ambisonics of an order greater than one is called Higher Or-
der Ambisonics (HOA), and HOA microphones are typically
spherical microphone arrays on a rigid sphere, for example
the Eigenmike of mhAcoustics. For the Ambisonics processing
the pressure distribution on the surface of the sphere is
sampled by the capsules of the array. The sampled pressure
is then converted to the Ambisonics representation. Such Am-
bisonics representation describes the sound field, but in-
cluding the impact of the microphone array. The impact of
the microphones on the captured sound field is removed using
the inverse microphone array response, which transforms the
sound field of a plane wave to the pressure measured at the
microphone capsules. It simulates the directivity of the
capsules and the interference of the microphone array with
the sound field.

The equalisation of the transfer function of the microphone
array is a big problem for HOA recordings. If the Ambisonics
representation of the array response is known, the impact
can be removed by the multiplication of the Ambisonics rep-
resentation with the inverse array response. However, using
the reciprocal of the transfer function can cause high gains
for small values and zeros in the transfer function. There-
fore, the microphone array should be designed in view of a
robust inverse transfer function. For example, a B-format
microphone uses cardioid capsules to overcome the zeros in

the transfer function of omni-directional capsules.

Invention

The invention is related to spherical microphone arrays on a
rigid sphere. The shading effect of the rigid sphere enables
a good directivity for frequencies with a small wavelength

with respect to the diameter of the array. On the other
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hand, the filter responses of these microphone arrays have
very small values for low frequencies and high Ambisonics
orders (i.e. greater than one). The Ambisonics representa-
tion of the captured pressure has therefore small higher or-
der coefficients, which represent the small pressure differ-
ence at the capsules for wave lengths that are long when
compared to the size of the array. The pressure differences,
and therefore also the higher order coefficients, are af-
fected by the transducer noise. Thus, for low frequencies
the inverse filter response amplifies mainly the noise in-
stead of the higher order Ambisonics coefficients.

A known technigque for overcoming this problem is to fade out
(or high pass filter) the high orders for low frequencies
(i.e. to limit there the filter gain), which on one hand de-
creases the spatial resolution for low frequencies but on
the other hand removes (highly distorted) HOA coefficients,
thereby corrupting the complete Ambisonics representation. A
corresponding compensation filter design that tries to solve
this problem using Tikhonov regularisation filters is de-
scribed in Sébastien Moreau, Jérdme Daniel, Stéphanie
Bertet, "3D Sound field Recording with Higher Order Ambison-
ics -- Objective Measurements and Validation of a 4th Order
Spherical Microphone", Audio Engineering Society convention
paper, 120th Convention 20-23 May 2006, Paris, France, in
section 4. A Tikhonov regularisation filter minimises the
squared error resulting from the limitation of the Ambison-
ics order. However, the Tikhonov filter requires a regulari-
sation parameter that has to be adapted manually to the
characteristics of the recorded signal by 'trial and error',
and there is no analytic expression defining this parameter.
Based on the analysis of spherical microphone arrays of Boaz
Rafaely, "Analysis and Design of Spherical Microphone Ar-
rays", IEEE Transactions on Speech and Audio Processing,

vol.13, no.l, pages 135-143, 2005, the invention shows how
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to obtain automatically the regularisation parameter from

the signal statistics of the microphone signals.

A problem to be solved by the invention is to minimise
noise, in particular low frequency noise, in an Ambisonics
representation of the signals of a spherical microphone ar-
ray arranged on a rigid sphere. This problem is solved by
the method disclosed in claim 1. An apparatus that utilises

this method is disclosed in claim 2.

The inventive processing is used for computing the regulari-
sation Tikhonov parameter in dependence of the signal-to-
noise ratio of the average sound field power and the noise
power of the microphone capsules, i.e. that optimisation pa-
rameter is computed from the signal-to-noise ratio of the
recorded microphone array signals. The computation of the
optimisation or regularisation parameter includes the fol-
lowing steps:

- Converting the microphone capsule signals P(£.t) repre-
senting the pressure on the surface of said microphone ar-
ray to a spherical harmonics (or the equivalent Ambison-
ics) representation AR (t);

- Computing per wave number k an estimation of the time-
variant signal-to-noise ratio SNR(k) of the microphone cap-
sule signals P(.t), using the average source power |Py(k)|?
of the plane wave recorded from the microphone array and
the corresponding noise power |Pyyse(k)|? representing the
spatially uncorrelated noise produced by analog processing
in the microphone array, i.e. including computing the av-
erage spatial power by computing separately a reference
signal and a noise signal, wherein the reference signal is
the representation of the sound field that can be created
with the used microphone array, and the noise signal is

the spatially uncorrelated noise produced by the analog
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processing of the microphone array.
- By using a time-variant Wiener filter for each order n de-
signed at discrete finite wave numbers k from the signal-

to-noise ratio estimation SNR(k), multiplying the transfer

function of the Wiener filter by the inverse transfer

1
bp(kR)

function of the microphone array in order to get an

adapted transfer function Famay(k);
- Applying that adapted transfer function F ayay(k) to the

spherical harmonics representation Ap(t) using a linear
filter processing, resulting in adapted directional coef-

ficients dj'(t).

The filter design requires an estimation of the average
power of the sound field in order to obtain the SNR of the
recording. The estimation is derived from the simulation of
the average signal power at the capsules of the array in the
spherical harmonics representation. This estimation includes
the computation of the spatial coherence of the capsule sig-
nal in the spherical harmonics representation. It is known
to compute the spatial coherence from the continuous repre-
sentation of a plane wave, but according to the invention
the spatial coherence is computed for a spherical array on a
rigid sphere, because the sound field of a plane wave on the
rigid sphere cannot be computed in the continuous represen-
tation. I.e, according to the invention the SNR is estimated
from the capsule signals.

The invention includes the following advantages:

- The order of the Ambisonics representation is optimally
adapted to the SNR of the recording for each frequency
sub-band. This reduces the audible noise at the reproduc-
tion of the Ambisonics representation.

- The estimation of the SNR is required for the filter de-

sign. It can be implemented with a low computational com-
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plexity by using look-up tables. This facilitates a time-
variant adaptive filter design with manageable computa-
tional effort.

- By the noise reduction, the directional information is

partly restored for low frequencies.

In principle, the inventive method is suited for processing
microphone capsule signals of a spherical microphone array
on a rigid sphere, said method including the steps:

- converting said microphone capsule signals P(£.t) repre-
senting the pressure on the surface of said microphone array
to a spherical harmonics or Ambisonics representation A7 (t);
- computing per wave number k an estimation of the time-
variant signal-to-noise ratio SNR(k) of said microphone cap-
sule signals P(.t), using the average source power |Py(k)|? of
the plane wave recorded from said microphone array and the
corresponding noise power |Phoise(k)|? representing the spa-
tially uncorrelated noise produced by analog processing in
said microphone array;

- by using a time-variant Wiener filter for each order n
designed at discrete finite wave numbers k from said signal-
to-noise ratio estimation SNR(k), multiplying the transfer
function of said Wiener filter by the inverse transfer func-
tion of said microphone array in order to get an adapted
transfer function F,apray(k);

- applying said adapted transfer function F,py(k) to said
spherical harmonics representation Ap(t) using a linear fil-
ter processing, resulting in adapted directional coeffi-

cients dj'(t).

In principle the inventive apparatus is suited for process-
ing microphone capsule signals of a spherical microphone ar-

ray on a rigid sphere, said apparatus including:
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- means being adapted for converting said microphone cap-
sule signals P(f.t) representing the pressure on the surface
of said microphone array to a spherical harmonics or Ambi-
sonics representation AN(t);

- means being adapted for computing per wave number k an
estimation of the time-variant signal-to-noise ratio SNR(k)
of said microphone capsule signals P(f2.,t), using the average
source power |Py(k)|? of the plane wave recorded from said mi-
crophone array and the corresponding noise power |P,gise(K)I?
representing the spatially uncorrelated noise produced by
analog processing in said microphone array;

- means being adapted for multiplying, by using a time-
variant Wiener filter for each order n designed at discrete
finite wave numbers k from said signal-to-noise ratio esti-
mation SNR(k), the transfer function of said Wiener filter by
the inverse transfer function of said microphone array in
order to get an adapted transfer function F,apray(k);

- means being adapted for applying said adapted transfer
function PﬁmT%{k) to said spherical harmonics representation
AP (t) using a linear filter processing, resulting in adapted

directional coefficients dj'(t).

Advantageous additional embodiments of the invention are

disclosed in the respective dependent claims.

Drawings

Exemplary embodiments of the invention are described with

reference to the accompanying drawings, which show in:

Fig. 1 power of reference, aliasing and noise components
from the resulting loudspeaker weight for a micro-

phone array with 32 capsules on a rigid sphere;
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Fig. 2 noise reduction filter for SNR(k) = 20dB;

Fig. 3 Dblock diagram for a block-based adaptive Ambisonics
processing;

Fig. 4 average power of weight components following the op-

timisation filter of Fig. 2.

Exemplary embodiments

In the following section the spherical microphone array

processing is described.

Ambisonics theory
Ambisonics decoding is defined by assuming loudspeakers that
are radiating the sound field of a plane wave, cf. M.A.
Poletti, "Three-Dimensional Surround Sound Systems Based on
Spherical Harmonics", Journal Audio Engineering Society,
vol.53, no.l1l, pages 1004-1025, 2005:

w2y k) = ZN_o Thep DI(R)AT-(K) (1)
The arrangement of L loudspeakers reconstructs the three-
dimensional sound field stored in the Ambisonics coeffi-

cients dj'(k). The processing is carried out separately for

2nf
each wave number k =—— , (2)
Csound

where f is the frequency and Cgoung 1S the speed of sound. In-
dex n runs from 0 to the finite order N, whereas index m
runs from —m to n for each index n. The total number of co-
efficients is therefore 0 = (N +1)?. The loudspeaker position
is defined by the direction vector 2, =[0,®,]T in spherical
coordinates, and []T denotes the transposed version of a vec-
tor.

Egquation (1) defines the conversion of the Ambisonics coef-
ficients dj'(k) to the loudspeaker weights w(,,k). These

weights are the driving functions of the loudspeakers. The
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superposition of all speaker weights reconstructs the sound
field.

The decoding coefficients D;'(f2;) are describing the general
Ambisonics decoding processing. This includes the conjugated
complex coefficients of a beam pattern as shown in section 3
(wWpm) 1in Morag Agmon, Boaz Rafaely, "Beamforming for a
Spherical-Aperture Microphone", IEEEI, pages 227-230, 2008,
as well as the rows of the mode matching decoding matrix
given in the above-mentioned M.A. Poletti article in section
3.2. A different way of processing, described in section 4
in Johann-Markus Batke, Florian Keiler, "Using VBAP-Derived
Panning Functions for 3D Ambisonics Decoding", Proc. of the
2nd International Symposium on Ambisonics and Spherical
Acoustics, 6-7 May 2010, Paris, France, uses vector based
amplitude panning for computing a decoding matrix for an ar-
bitrary three-dimensional loudspeaker arrangement. The row
elements of these matrices are also described by the coeffi-
cients DJ'(2)).

The Ambisonics coefficients dj'(k) can always be decomposed
into a superposition of plane waves, as described in section
3 in Boaz Rafaely, "Plane-wave decomposition of the sound
field on a sphere by spherical convolution", J. Acoustical
Society of America, vol.116, no.4, pages 2149-2157, 2004.
Therefore the analysis can be limited to the coefficients of

a plane wave impinging from a direction {2

drrlnplane(k) = PO(k)len(gs)* (3)
The coefficients of a plane wave dﬁmeik) are defined for

the assumption of loudspeakers that are radiating the sound
field of a plane wave. The pressure at the point of origin
is defined by Py(k) for the wave number k. The conjugated
complex spherical harmonics Y'(£,)* denote the directional
coefficients of a plane wave. The definition of the spheri-

cal harmonics Y'(2;) given in the above-mentioned M.A. Po-
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letti article is used.
The spherical harmonics are the orthonormal base functions

of the Ambisonics representations and satisfy

Sn—nOm—ms = fgesz () Y () de (4)
where 6q={é’ Z;Eq::O is the delta impulse. (5)

A spherical microphone array samples the pressure on the
surface of the sphere, wherein the number of sampling points
must be equal to or greater than the number O = (N + 1)? of
Ambisonics coefficients. For an Ambisonics order of N. Fur-
thermore, the sampling points have to be uniformly distrib-
uted over the surface of the sphere, where an optimal dis-
tribution of O points is exactly known only for order N =1.
For higher orders good approximations of the sampling of the
sphere are existing, cf. the mh acoustics homepage
http://www.mhacoustics.com, visited on 1 February 2007, and
F. Zotter, "Sampling Strategies for Acoustic Hologra-
phy/Holophony on the Sphere'"™, Proceedings of the NAG-DAGA,
23-26 March 2009, Rotterdam.

For optimal sampling points £2., the integral from equation

(4) is equivalent to the discrete sum from equation (6):

4 ! *
6n—n’6m—m’ :?T[ g=1 v (2.) Y:’l £2.) , (6)

with <N and n<N for C=(N+1)? , C being the total num-
ber of capsules.
In order to achieve stable results for non-optimum sampling
points, the conjugated complex spherical harmonics can be
replaced by the columns of the pseudo-inverse matrix Z*,
which is obtained from the L X O spherical harmonics matrix
Y, where the O coefficients of the spherical harmonics
Y7'(2,) are the row-elements of Y, cf. section 3.2.2 in the
above-mentioned Moreau/Daniel/Bertet article:

rt =Tyt . (7)

In the following it is defined that the column elements of
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Yt are denoted Y*(2.)T, so that the orthonormal condition
from equation (6) is also satisfied for

Bt S’ = Tl V(20 Vi (2)' (8)
with n' <N and n<N for C=(N+1)? .
If it is assumed that the spherical microphone array has
nearly uniformly distributed capsules on the surface of a

sphere and that the number of capsules is greater than O,
then YM(2.)t ~ Z¥M(82,)" (9)
becomes a valid expression. The substitution of (9) in (8)

results in the orthonormal condition

4 ! *
?T[ 6n—n' 6m—m’ = g=1 len(gc)-l— szl ('Qc)-l- ’ (10)

with <N and n<N for C=(N+1)? , which is to be consid-

ered below.

Simulation of the processing

A complete HOA processing chain for spherical microphone ar-
rays on a rigid (stiff, fixed) sphere includes the estima-
tion of the pressure at the capsules, the computation of the
HOA coefficients and the decoding to the loudspeaker
weights. It is based on that for a plane wave the recon-
structed weight w(k) from the microphone array must be equal
to the reconstructed reference weight wpe(k) from the coeffi-
cients of a plane wave, given in equation (3).

The following section presents the decomposition of w(k)
into the reference weight wyeg(k), the spatial aliasing weight
Waias(k) and a noise weight wyeise(k). The aliasing is caused by
the sampling of the continuous sound field for a finite or-
der N and the noise simulates the spatially uncorrelated
signal parts introduced for each capsule. The spatial alias-

ing cannot be removed for a given microphone array.
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Simulation of capsule signals

The transfer function of an impinging plane wave for a mi-
crophone array on the surface of a rigid sphere is defined
in section 2.2, eguation (19) of the above-mentioned M.A.
Po-letti article:

4_n.in+1

b, (kR) = an® Gery ’ (11)

2
(kR) dkr

kr=kR
where hSJGT) is the Hankel function of the first kind and
the radius r is equal to the radius of the sphere R. The
transfer function is derived from the physical principle of
scattering the pressure on a rigid sphere, which means that
the radial velocity vanishes on the surface of a rigid
sphere. In other words, the superposition of the radial
derivation of the incoming and the scattered sound field is
zero, cf. section 6.10.3 of the "Fourier Acoustics" book.
Thus, the pressure on the surface of the sphere at the posi-
tion £ for a plane wave impinging from £, is given in sec-
tion 3.2.1, eguation (21) of the Moreau/Daniel/Bertet arti-
cle by
P(2,kR) = X;_0 Xih=—n b (kR)Y" (2)d7' (k)

= Xn=0 Lm=—n bn (KR)Y" ()Y (2:) Py (k) . (12)
The isotropic noise signal Ppise(2.,k) is added to simulate
transducer noise, where 'isotropic' means that the noise
signals of the capsules are spatially uncorrelated, which
does not include the correlation in the temporal domain.
The pressure can be separated into the pressure Pu.(£2., kR)
computed for the maximal order N of the microphone array and
the pressure from the remaining orders, cf. section 7, equa-
tion (24) in the above-mentioned Rafaely "Analysis and de-
sign ..." article. The pressure from the remaining orders
Pias (2., kR) is called the spatial aliasing pressure because
the order of the microphone array is not sufficient to re-

construct these signal components. Thus, the total pressure
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recorded at the capsule ¢ is defined by:
P(R2¢,kR) = Pree(R2¢,KR) + Pajias (¢, KR) + Proise (¢, k) (13a)
= Y=o Zin=-n bn(KR)Y ()Y (425)" Po (k)
+ Xn=n+1 Zm=—n bu(KR)Y" (2)Y7" (25)" Po (k)
5 + Proise(2¢, k) . (13b)

Ambisonics encoding

The Ambisonics coefficients d}'(k) are obtained from the pres-

sure at the capsules by the inversion of equation (12) given
10 in equation (14a), cf. section 3.2.2, equation (26) of the

above-mentioned Moreau/Daniel/Bertet article. The spherical

harmonics Y*(R.) is inverted by Y*(R2.)T using equation (8),

and the transfer function b,(kR) is equalised by its inverse:

Y(2c)T P2 kR)

m — V¢
15 — Zg=1 YA (2) T (Pref(R¢kR)+Patias (2ckR) +Proise (2cK)) (14Db)
bn(kR)
= d;lnref(k) + d;lnalias (k) + d;lnnoise (k) ° (14c)

The Ambisonics coefficients d}'(k) can be separated into the

reference coefficients dy' (k), the aliasing coefficients

dy' ias (k) and the noise coefficients dy' . ..(k) using equations
20 (14a) and (13a) as shown in equations (14b) and (1l4c).

Ambisonics decoding

The optimisation uses the resulting loudspeaker weight w(k)

at the point of origin. It is assumed that all speakers have
25 the same distance to the point of origin, so that the sum

over all loudspeaker weights results in w(k). Equation (15)

provides w(k) from equations (1) and (14b), where L is the

number of loudspeakers:

w(k)= i, Xi=o Zh=—n DT (2)

Y (R2)T (Pref(Rc.kR)+Patias (2c.kR)+Proise (2c.k))
bn(kR)

30 x ¥, (15a)

= Wref(k) + Wailias (k) + Whoise (k) . (15b)
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Equation (15b) shows that w(k) can also be separated into
the three weights Wpe(k), Waas(k) and wpgise(k). For simplicity,
the positioning error given in section 7, equation (24) of
the above-mentioned Rafaely "Analysis and design ..." arti-
cle is not considered here.

In the decoding, the reference coefficients are the weights
that a synthetically generated plane wave of order n would
create. In the following equation (16a) the reference pres-
sure Pee(2.,kR) from equation (13b) is substituted in equation
(15a), whereby the pressure signals Pgjas(2.,kR) and Ppgise(2:, k)
are ignored (i.e. set to zero):

Wrer(k) = Xi=1 Xi=o Ximn=—n Di'(2))

' « bns (KR '
X Zhimo T V(@) RS VM@ (@OP(K)  (162)

= Xt N: Yin=—n D' () V3" (25)" Py (k)

=Yty I Sheon D@ A0 (B (16D)
The sums over ¢, n' and m' can be eliminated using equation
(8), so that equation (l6a) can be simplified to the sum of
the weights of a plane wave in the Ambisonics representation
from equation (3). Thus, if the aliasing and noise signals
are ignored, the theoretical coefficients of a plane wave of
order N can be perfectly reconstructed from the microphone
array recording.

The resulting weight of the noise signal Wpgse(k) 1s given by

Yr{n 2. +Pnoise 20k
Waotse (k) = Ziy Shoo Thamn DIF(2) x Do, P00 Troele) (17)

from equation (15a) and using only Pyise(2.,k) from equation
(13b) .

Substituting the term of Pyjus(2.,kR) from equation (13b) in
equation (15a) and ignoring the other pressure signals re-

sults in:
Wailias (k) = %:1 g=0 ng—n Dm(gl)

! l(kR)
X ZZ)’=N+1 h2uhs '=—n' erl (2

) Py e W@V QP (R) . (18)
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The resulting aliasing weight wyj,s(k) cannot be simplified by
the orthonormal condition from equation (8) because the in-
dex n' is greater than N.

The simulation of the alias weight requires an Ambisonics
order that represents the capsule signals with a sufficient
accuracy. In section 2.2.2, equation (14) of the above-
mentioned Moreau/Daniel/Bertet article an analysis of the
truncation error for the Ambisonics sound field reconstruc-
tion is given. It is stated that for Agm:=rkR1 (19)
a reasonable accuracy of the sound field can be obtained,
where '[-]' denotes the rounding-up to the nearest integer.

This accuracy is used for the upper frequency limit fpax of

the simulation. Thus, the Ambisonics order of

Nimax = [Lmax] (20)

Csound

is used for the simulation of the aliasing pressure of each
wave number. This results in an acceptable accuracy at the
upper frequency limit, and the accuracy even increases for

low frequencies.

Analysis of the loudspeaker weight

Fig. 1 shows the power of the weight components a) wgg(k), D)
Wpoise(k) and c) wyas(k) from the resulting loudspeaker weight
for a plain wave from direction 2, =[0,0]T for a microphone
array with 32 capsules on a rigid sphere (the Eigenmike from
the above-mentioned Agmon/Rafaely article has been used for
the simulation). The microphone capsules are uniformly dis-
tributed on the surface of the sphere with R = 4.2cm so that
the orthonormal conditions are fulfilled. The maximal
Ambisonics order N supported by this array is four. The mode
matching processing as described in the above-mentioned M.A.
Poletti article is used to obtain the decoding coefficients
D'(2;) for 25 uniformly distributed loudspeaker positions ac-

cording to Jorg Fliege, Ulrike Maier, "A Two-Stage Approach
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for Computing Cubature Formulae for the Sphere", Technical
report, 1996, Fachbereich Mathematik, Universitat Dortmund,
Germany. The node numbers are shown at http://www.mathematik
.uni-dortmund.de/lsx/research/projects/fliege/nodes/
nodes.html.

The reference power wpes(k) is constant over the entire fre-
gquency range. The resulting noise weight Wyeise(k) shows high
power at low frequencies and decreases at higher frequen-
cies. The noise signal or power is simulated by a normally
distributed unbiased pseudo-random noise with a variance of
20dB (i.e. 20dB lower than the power of the plane wave). The
aliasing noise wyjas(k) can be ignored at low frequencies but
increases with rising frequency, and above 10kHz exceeds the
reference power. The slope of the aliasing power curve de-
pends on the plane wave direction. However, the average ten-
dency is consistent for all directions.

The two error signals Wpeise(k) and wyas(k) distort the refer-
ence weight in different frequency ranges. Furthermore, the
error signals are independent of each other. Therefore it is
proposed to minimise the noise signal without taking into
account the alias signal.

The mean square error between the reference weight and the
distorted reference weight is minimised for all incoming
plane wave directions. The weight from the aliasing signal
Waias(k) 1s ignored because Wyjas(k) cannot be corrected after
being spatially band-limited by the order of the Ambisonics
representation. This is equivalent to the time domain alias-
ing where the aliasing cannot be removed from the sampled

and band-limited time signal.

Optimisation - noise reduction
The noise reduction minimises the mean squared error intro-
duced by the noise signal. The Wiener filter processing is

used in the frequency domain for computing the frequency re-
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sponse of the compensation filter for each order n. The er-
ror signal is obtained from the reference weight wy(k) and
the filtered and distorted weight Wpep(k) + Wyeise(k) for each
wave number k. As mentioned before, the aliasing error
Waias(k) is ignored here. The distorted weight is filtered by
the optimisation transfer function F(k), where the processing
is performed in the frequency domain by a multiplication of
the distorted signal and the transfer function F(k). The zero
phase transfer function F(k) is derived by minimising the
expectation value of the squared error between the reference

weight and the filtered and distorted weight:

E{lwref(k) — F(k)(Wrer(k) + Wnoise(k))lz} = (21a)
= E{lwref(k)lz} - ZF(k)E{lwref(k)lz}
+F (k) (E{Iwres ()12} + E{lwnoise (F)123) (21b)

The solution, which is well-known as the Wiener filter, 1is
1

—

E{|Wnoise ] }

E{|Wref(k)|2}

then given by F(k) = (23)
The expectation value E of the squared absolute weight de-
notes the average signal power of the weight. Therefore the
fraction of the powers of Wpgise(k) and wp(k) represents the
reciprocal signal-to-noise ration of the reconstructed
weights for each wave number k. The computation of the power

of Wpoise(k) and wpe(k) is explained in the following section.

The power of the reference weight we(k) is obtained from
equation (16) according to section Appendix, equation (34)

of the above-mentioned Rafaely "Analysis and design ar-

ticle:
1 *
E{lwref(k)lz} = E 0s€es? |Zﬁ=o 277;1=—n %:1 Drrln(gl) Yr:n(gs) PO(k)lzd'Qs (24a)
1 1] ! 1] *
= EZQ:O %:0 Z;ln=—n ;lm:—nl Z%:l %I:l Drrln(gl)DTrlrll (‘Qll) |P0(k)|2

X Y (02, (2,)d0, (24D)

02,652
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= Ol 5 o B Bk DR @) (24e)
4m

= Xh=0 Enllweer ()%} . (24d)
Equation (24c) shows that the power is equal to the sum of
the squared absolute HOA coefficients D;'(£2;) added up over
all loudspeakers. It is assumed that |Py(k)|? is the average
sound field energy and Py(k) is constant for all £,. This
means that the power of wy(k) can be separated into the sum
of the power of each order n. If this is also true for the
expectation value of Wpgse(k), the error signal can be mini-
mised from equation (21) separately for each order m in or-
der to obtain the global minimum.
The derivation of the power of Wpese(k) is given in section
7, equation (28) of the above-mentioned Rafaely "Analysis
and design ..." article. Because the noise signals are spa-
tially uncorrelated, the expectation value can be computed
independently for each capsule. The expected power of the

noise weight is derived from egquation (17) by:
E{lwnoise (k) |2}

Yr{n(gc)-r Pnoise(-QCr
bn(kR)

2
1 k
= fpsese Zéma [Thoy T Theon D) [ da,  (259)

= ]f=1 ]fr’=1 ﬁ:o Er:o Z;ln=—n mi=—n DN (2D (2,)"

X [25:1 |Proise (2c.K) 12V (20) 1 Yﬂ’(ﬂc);]
bp(kR)by(kR)*

(25b)

For achieving the separation of the noise power weight from
the sum of the power of each order n, some restrictions are
to be made. That separation can be obtained if the sum over
the loudspeakers ¢ can be simplified to equation (10).
Therefore the capsule positions have to be nearly equally
distributed on the surface of the sphere, so that the condi-
tion from equation (9) is satisfied. Furthermore, the power
of the noise pressure has to be constant for all capsules.
Then the noise power is independent of 2, and can be ex-

cluded from the sum over ¢. Thus, a constant noise power is
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. 1
defined by |Pnoise(k)|2 = |Pnoise('QCJk)|2 = C_2|ZE=1 Pnoise('QCJk)lz (26)

for all capsules. Applying these restrictions, equation

(25b) reduces to

2
im ZL: DI(R2)| [Ppoise (k)2
EllWioise (017} = 2Ny 5, B EEEOLE

= 2n=0 En{lWnoise ()17} . (27)
The restriction for the capsule positions is commonly ful-
filled for spherical microphone arrays as the array should
sample the pressure on the sphere uniformly. A constant
noise power can always be assumed for the noise that is pro-
duced by the analog processing (e.g. sensor noise or ampli-
fication) and the analog-to-digital conversion for each mi-
crophone signal. Thus, the restrictions are valid for common
spherical microphone arrays.
The expectation value from equation (21b) is a linear super-
position of the reference power and the noise power. The
power of each weight can be separated to the sum of the
power of each order n. Thus the expectation value from equa-
tion (21b) can also be separated into a superposition for
each order n. This means that the global minimum can be de-

rived from the minimum of each order n so that one optimisa-
tion transfer function F,(k) can be defined for each order n:
E{lwrer ()17} = 2F () E{Iwrer (K) 17} + F (k) (E{IWrer (k) 12} + E{lwnoise (R) 17
= Y=o En{lwres(k)1?} = 2, (K) Enf{lwper (k) 17}
+E (k)2 (Enflwres ()12} + En{lwnoise (K)1%3) (28)
The transfer function F,(k) is obtained from the transfer
function F(k) by combining equations (23), (24) and (25). The

N +1 optimisation transfer functions are defined by

E,(k) = : (29a)

En{|wnoise(k)|2}

En{|wref(k) |2}

1
= (29b)
N (am)? |Pnoise(k)|2
" Clbp(kR)[Z[Po (k)2
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Iba(kR)| 2+ s

(29¢c)

The transfer function F,(k) depends on the number of capsules

and the signal to noise ration for the wavenumber k:

IRl?
SNR(k) = G - eoF (30)

On the other hand the transfer function is independent of
the Ambisonics decoder, which means that it is valid for
three-dimensional Ambisonics decoding and directional beam
forming. Thus the transfer function can also be derived from
the mean squared error of the Ambisonics coefficients dp(k)
without taking the sum over the decoding coefficients DJ'(Q,;)
into account. Because the power |Py(k)|? changes over time an
adaptive transfer function can be designed from the current
SNR(k) of the recorded signal. That transfer function design
is further described in section Optimised Ambisonics pro-
cessing.

A comparison of the transfer function F,(k) and the Tikhonov

Ibn(kR)|?

I (kR) 222 from sec-

regularisation transfer function Fikhonov =
tion 4, equation (32) in the above-mentioned Mo-
reau/Daniel/Bertet article shows that the regularisation pa-
rameter A can be derived from equation (29c). The corre-

sponding parameter of the Tikhonov regularisation

__ (m
A= JC SNR(K) (31)

minimises the average reconstruction error of the Ambisonics
recording for a given SNR(k).

The transfer functions F,(k) are shown in Fig.2 as functions 'a' to
'e' for the Ambisonics orders zero to four, respectively, wherein

the transfer functions have a highpass characteristic for

each order n with increasing cut-off frequency to higher or-

fer function design. The cut-off frequencies decay with the

regularisation parameter A as described in section 4.1.2 in

RECTIFIED SHEET (RULE 91) ISA/EP




10

15

20

25

30

WO 2013/068283 PCT/EP2012/071535

21

the above-mentioned Moreau/Daniel/Bertet article. Therefore,
a high SNR(k) is required to obtain higher order Ambisonics
coefficients for low frequencies.

The optimised weight w'(k) is computed from
w'(k) = Xi-0 Xh=—n Zi=1 DT ()

Fn(k
X W(kf:) Zg:l len(gc)-l— (Pref(gm kR) + Palias (‘QCJ kR) + Pnoise(gm k))

= W,ref(k) + W,alias (k) + W’noise (k) (32)

Optimised Ambisonics processing
In the practical implementation of the Ambisonics microphone

array processing, the optimised Ambisonics coefficients dﬂom(k)

(k) =28 ye_ ymg )t P, kR) , (33)

are obtained from dm
bp(kR)

n opt
which includes the sum over the capsules ¢ and an adaptive
transfer function for each order n and wave number k. That
sum converts the sampled pressure distribution on the sur-
face of the sphere to the Ambisonics representation, and for
wide-band signals it can be performed in the time domain.
This processing step converts the time domain pressure sig-
nals P(.t) to the first Ambisonics representation AR (t).

In the second processing step the optimised transfer func-

. Fo(k
tion Ey array (K) = ngz) (34)

reconstructs the directional information items from the
first Ambisonics representation AR(t). The reciprocal of the
transfer function b,(kR) converts A} (t) to the directional co-
efficients dy'(t), where it is assumed that the sampled sound
field is created by a superposition of plane waves that were
scattered on the surface of the sphere. The coefficients
dp'(t) are representing the plane wave decomposition of the
sound field described in section 3, equation (14) of the
above-mentioned Rafaely "Plane-wave decomposition ..." arti-
cle, and this representation is basically used for the

transmission of Ambisonics signals. Dependent on the SNR(k),



10

15

20

25

30

WO 2013/068283 PCT/EP2012/071535

22

the optimisation transfer function FE,(k) reduces the contri-
bution of the higher order coefficients in order to remove
the HOA coefficients that are covered by noise.

The processing of the coefficients AN(t) can be regarded as a
linear filtering operation, where the transfer function of
the filter is determined by F,aray(k). This can be performed
in the frequency domain as well as in the time domain. The
FFT can be used for transforming the coefficients AR(t) to
the frequency domain for the successive multiplication by
the transfer function F,aray(k). The inverse FFT of the prod-
uct results in the time domain coefficients dj(t). This
transfer function processing is also known as the fast con-
volution using the overlap-add or overlap-save method.
Alternatively, the linear filter can be approximated by an
FIR filter, whose coefficients can be computed from the
transfer function Faay(k) by transforming it to the time do-
main with an inverse FFT, performing a circular shift and
applying a tapering window to the resulting filter impulse
response to smooth the corresponding transfer function. The
linear filtering process is then performed in the time do-
main by a convolution of the time domain coefficients of the

transfer function Faay(k) and the coefficients AJ}(t) for each

combination of n and m.

The inventive adaptive block based Ambisonics processing is
depicted in Fig. 3. In the upper signal path, the time do-
main pressure signals P(f2.,t) of the microphone capsule sig-
nals are converted in step or stage 31 to the Ambisonics
representation AR(t) using equation (1l4a), whereby the divi-
sion by the microphone transfer function b,(kR) is not car-
ried out (thereby AR(t) is calculated instead of dj'(k)) and
is instead carried out in step/stage 32. Step/stage 32 per-

forms then the described linear filtering operation in the
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time domain or frequency domain in order to obtain the coef-
ficients dj'(t). The second processing path is used for an
automatic adaptive filter design of the transfer function
Fparray(k). The step/stage 33 performs the estimation of the
signal-to-noise ratio SNR(k) for a considered time period
(i.e. block of samples). The estimation is performed in the
frequency domain for a finite number of discrete wavenumbers
k. Thus the regarded pressure signals P(Q.t) have to be
transformed to the frequency domain using for example an
FFT. The SNR(k) value is specified by the two power signals
|Proise (K)|? and |Py(k)|?. The power |Pyose(k)|? of the noise signal
is constant for a given array and represents the noise pro-
duced by the capsules. The power |Py(k)|? of the plane wave
has to be estimated from the pressure signals P(Q.t). The
estimation is further described in section SNR estimation.
From the estimated SNR(k) the transfer function Fray(k) with
n<N is designed in step/stage 34. The filter design com-
prises the design of the Wiener filter given in equation
(29c) and the inverse array response or inverse transfer
function 1/b,(kR). Advantageously the Wiener filter limits
the high amplification of the transfer function of the in-
verse array response. This results in manageable amplifica-
tions of the transfer function F,aray(k). The filter implemen-
tation is then adapted to the corresponding linear filter

processing in the time or frequency domain of step/stage 32.

SNR estimation

The SNR(k) value is to be estimated from the recorded cap-

sules signals: it depends on the average power of the plane
wave |Py(k)|? and the noise power of the |Pgise(k)|?.

The noise power is obtained from equation (26) in a silent

environment without any sound sources so that |Py(k)|? =0 can

be assumed. For adjustable microphone amplifiers the noise
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power should be measured for several amplifier gains. The
noise power can then be adapted to the used amplifier gain
for several recordings.

The average source power |Py(k)|? is estimated from the pres-
sure Puic(2.,k) measured at the capsules. This is performed by
a comparison of the expectation value of the pressure at the
capsules from equation (13) and the measured average signal

power at the capsules defined by
2 1
E{lpsig(k)l } = C_2|Zg=1 Pmic('QCJk)lz - |Pnoise(k)|2 . (35)
The noise power |Phoie(k)|? has to be subtracted from the meas-
ured power to obtain the expectation value of Pgg(k).

The expectation value Pge(k) can also be estimated for the

Ambisonics representation of the pressure at the capsules

from equation (13) by:
E{|Pyg(0)]}

= S E{IZS, P(2.,kR)|?) (36a)

= e 12601 Tio D ba(RR)YT QY (2:) Po(R)12dR2;  (36b)

" 4mc?

_ |Py(B)I?
4mc?

=0 Zm=-n |bn(kR)? Leoy Xéioq YRV 2" - (36¢)
In equation (36b) the orthonormal condition from equation
(4) can be applied to the expansion of the absolute magni-
tude to derive equation (36c). Thereby the average signal
power is estimated from the cross-correlation of the spheri-
cal harmonics Y*(f2.). In combination with the transfer func-
tion b,(kR) this represents the coherence of the pressure
field at the capsule positions.

The equalisation of equations (35) and (36) obtains the es-
timation of |Py(k)|? from the recorded pressure signals
Ppric(2.,k) and the estimated noise power |Phgie(k)l?, which is

presented in equation (37):

k 2 _ |Zg:1Pmic(-QCrk)lz_Cz|Pnoise(k)|2
|P0( )l — 1 veo n 2 vC Cc m m
Ezn:o Zm:—n |bn(kR)| Zc:1 Zc’:l Yn (-QC)Yn (-QC’)
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The denominator from equation (37) is constant for each wave
number k for a given microphone array. It can therefore be
computed once for the Ambisonics order Np.x to be stored in a
look-up table or store for each wave number k.

Finally, the SNR(k) value is obtained from the capsule sig-
nals P(2.,kR) by

SNR (k) _ |Zg:1Pmic(gok)lz_lzgz1Pnoise(gok)lz ( 3 8 )
= > .
ﬁlzg:1 Pnoise(-QCrk)l Z%o:o Z;ln:—n |bn(kR)|2 25:1 ZCI yﬁn(gc)yﬁn(gc,)

c'=1
The estimation of the average source power from the given
capsule signals is also known from the linear microphone ar-
ray processing. The cross-correlation of the capsule signal
is called the spatial coherence of the sound field. For lin-
ear array processing the spatial coherence is determined
from the continuous representation of the plane wave. The
description of the scattered sound field on a rigid sphere
is known only in the Ambisonics representation. Therefore,
the presented estimation of the SNR(k) is based on a new

processing that determines the spatial coherence on the sur-

face of a rigid sphere.

As a result, the average power components of w'(k) obtained
from the optimisation filter of Fig. 2 are shown in Fig. 4
for a mode matching Ambisonics decoder. The noise power is
reduced to -35dB up to a frequency of 1kHz. Above 1kHz the
noise power increases linearly to -10dB. The resulting noise
power is smaller than Pugse(2.,k) = -20dB up to a frequency of
about 8kHz. The total power is raised by 10dB above 10kHz,
which is caused by the aliasing power. Above 10kHz the HOA
order of the microphone array does not sufficiently describe
the pressure distribution on the surface for a sphere with a
radius equal to R. Thus, the average power caused by the ob-
tained Ambisonics coefficients is greater than the reference

power.
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Claims

1. Method for processing microphone capsule signals (P(2.1t))
of a spherical microphone array on a rigid sphere, said
method including the steps:

- converting (31) said microphone capsule signals (P(£.,1t))
representing the pressure on the surface of said micro-
phone array to a spherical harmonics or Ambisonics repre-
sentation AN(t);

- computing (33) per wave number k an estimation of the
time-variant signal-to-noise ratio SNR(k) of said micro-
phone capsule signals (P(f.t)), using the average source
power |Py(k)|? of the plane wave recorded from said micro-
phone array and the corresponding noise power |Pygise(k)|?
representing the spatially uncorrelated noise produced by
analog processing in said microphone array;

- by using (34) a time-variant Wiener filter for each order
n designed at discrete finite wave numbers k from said
signal-to-noise ratio estimation SNR(k), multiplying (34)
the transfer function of said Wiener filter by the in-
verse transfer function of said microphone array in order
to get an adapted transfer function F amay(k);

- applying (32) said adapted transfer function Famay(k) to
said spherical harmonics representation Ap(t) using a lin-
ear filter processing, resulting in adapted directional

coefficients dp(t).

2. Apparatus for processing microphone capsule signals
(P(2.,t)) of a spherical microphone array on a rigid
sphere, said apparatus including:

- means (31) being adapted for converting said microphone
capsule signals (P(f2.,t)) representing the pressure on the

surface of said microphone array to a spherical harmonics
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or Ambisonics representation AR(t);

means (33) being adapted for computing per wave number k
an estimation of the time-variant signal-to-noise ratio
SNR(k) of said microphone capsule signals (P(f2.t)), using
the average source power |Py(k)|? of the plane wave re-
corded from said microphone array and the corresponding
noise power |Ppoise(k)|? representing the spatially uncorre-
lated noise produced by analog processing in said micro-
phone array;

means (34) being adapted for multiplying, by using a
time-variant Wiener filter for each order n designed at
discrete finite wave numbers k from said signal-to-noise
ratio estimation SNR(k), the transfer function of said
Wiener filter by the inverse transfer function of said
microphone array in order to get an adapted transfer
function F,grray(k);

means (32) being adapted for applying said adapted trans-
fer function F,g4pey(k) to said spherical harmonics repre-
sentation A7 (t) using a linear filter processing, result-

ing in adapted directional coefficients dj(t).

Method according to the method of claim 1, or apparatus

according to the apparatus of claim 2, wherein said noise
power |Pyose(k)|? is obtained in a silent environment with-

out any sound sources so that |Py(k)|?=0.

Method according to the method of claim 1 or 3, or appa-
ratus according to the apparatus of claim 2 or 3, wherein
said average source power |Py(k)|? is estimated from the
pressure Ppi.(2.,k) measured at the microphone capsules by
a comparison of the expectation value of the pressure at
the microphone capsules and the measured average signal

power at the microphone capsules.
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Method according to the method of one of claims 1, 3 and
4, or apparatus according to the apparatus of one of
claims 2 to 4, wherein said transfer function F,amray(k) of
the array is determined in the frequency domain compris-
ing:
transforming the coefficients AR (t) to the frequency do-
main using an FFT, followed by multiplication by said
transfer function Famay(k);
performing an inverse FFT of the product to get the time
domain coefficients dy'(t),
or, approximation by an FIR filter in the time domain,
comprising
performing an inverse FFT;
performing a circular shift;
applying a tapering window to the resulting filter im-
pulse response in order to smooth the corresponding
transfer function;
performing a convolution of the resulting filter coef-
ficients and the coefficients AR (t) for each combination

of n and m.
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