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consists in defining the processing operation
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establishment of a set of directivity functions,
which is representative of the aforementioned
processing and which takes the form of a set
of coefficients corresponding to the spherical
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and a step (6) in which the above-mentioned

filtering combinations are determined from the decomposition so that another step (10) involving the application of the thus defined
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METHOD AND SYSTEM FOR PROCESSING A SOUND FIELD
REPRESENTATION

The present invention relates to a method and a system for processing a
sound field representation in order to provide a representation of that sound field
modified by means of at least spatial processing.

Methods and systems currently exist which, starting from a sound field
representation in the form of coefficients as a function of time and space, enable a
modified representation of those coefficients to be provided by linear combinations
corresponding to at least spatial processing of the sound field.

However, the possible processing operations are limited and are
predetermined in all cases.

For example, the systems grouped under the term « abisonic » use a
representation of a sound environment in the form of an angular distribution of
virtual sources around a point assimilated to the listening position.

Those systems permit the performance of only specific predetermined
modifications, such as an angular distortion on the azimuth, focusing in a
privileged direction, or rotation relative to a given axis.

In addition, those systems are limited as regards their precision. Thus, in
existing systems, processing operations, such as focusing in any direction, can be
applied only to representations limited to a level of precision corresponding to first-
order mathematics, that is to say, of poor quality.

It therefore appears that none of the systems of the prior art permits the
performance of any modification of a sound field representation in order to obtain a
modified representation, especially in the case of an initial representation of
excellent quality, for example of high order.

Embodiments of the invention may at least in part overcome that problem
by providing 2 method and a system for processing a sound field representation,
permitting the performance of a very wide variety of processing operations.

In one aspect of the invention there is provided a method for determining

filtering combinations of a spatial processing operation, the filtering combinations
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(C!'™) being intended to be applied to an initial sound field representation (7',

I
formed by coefficients representative of the initial sound field in time and in the
three spatial dimensions, in order to provide a modified sound field representation

(P) formed by coefficients representative of that field in time and in the three

spatial dimensions, the method comprising:

- defining (2) the processing operation by a set of at least one directivity
function,

- establishing (4) spherical harmonic coefficients of each directivity
function,

- determining (6) the filtering combinations from the spherical harmonic

coefficients.

In another aspect, the invention provides a device for determining
filtering combinations of a spatial processing operation, the filtering combinations

(C'"y being intended to by applied to an initial sound field representation (PU)

1
formed by coefficients representative of the initial sound field in time and in the

three spatial dimensions, in order to provide a modified sound field representation

(P) formed by coefficients representative of that field in time and in the three

spatial dimensions, the method comprising:

- means for defining the processing operation by a set of at least one
directivity function,

-means for establishing spherical harmonic coefficients of each
directivity function,

-means for determining the filtering combinations from the spherical

harmonic coefficients.
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The invention will be better understood on reading the following description
which is given purely by way of example and with reference to the appended
drawings in which:

- Figure 1 is a representation of a spherical coordinate system,

- Figure 2 is a general flow chart of the method of the invention;

- Figure 3 is a detailed flow chart of a first embodiment of the invention;

- Figure 4 is a diagram of an embodiment of the step of applying the
processing;

- Figure 5 is a detailed flow chart of a second embodiment of the

invention; and

[The following page is page 7]
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7
- Figure 6 is a block diagram of a device suitable for implementing the
method of the invention.
Figure 1 shows a conventional spherical coordinate system in order
to clarify the coordinate system to which reference is made in the text.
The coordinate system is an orthonormal coordinate system, having
an origin O, and comprises three axes (0X), (OY) and (0Z).

In this coordinate system, a position indicated x is described by
means of its spherical coordinates (r,0,4), where » denotes the distance relative to
the origin O, 6 the orientation in the vertical plane and ¢ the orientation in the
horizontal plane.

In such a coordinate system, a sound field is known if the sound
pressure indicated p(r, 6, ¢,¢), whose Fourier transform is indicated P(r, 6, ¢f) where
fdenotes the frequency, is defined at all points at each instant ¢.

The method of the invention is based on the use of spatio-temporal
functions enabling any sound field to be described in time and in the three spatial
dimensions.

In the embodiments described, those functions are what are known as
spherical Fourier-Bessel functions of the first kind and will be referred to
hereinafter as Fourier-Bessel functions.

In a region empty of sources and empty of obstacles, the Fourier-
Bessel functions correspond to the solutions of the wave equation and constitute
a basis which generates all the sound fields produced by sources located outside
that region.

Any three-dimensional sound field may therefore be expressed by a
linear combination of the Fourier-Bessel functions, in accordance with the
following expression:

© !
P(r,0.4,NH=4 an > ’B,m(f)j' Jikr)yr(0.4)
=0 m=—
In that equation, the terms P;,(f) are defined as the Fourier-Bessel

2
coefficients of the field p(r,6,4,0), ¥ =Tﬂ7ﬁ, c is the speed of sound in air (340ms™),

Jjikr) is the spherical Bessel function of the first kind and of order / defined by

i (@ﬂ/% J12(®) where J,(x) is the Besse! function of the first kind and of order
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v, and ¥'(69) is the real spherical harmonic of order / and of term m, with m
ranging from -/ to /, defined by:
Yr(0:9) = P"(cos 6) trg n(g)
with:

1
——= cos(m form>0
N (m¢)

1

trg, (@) = ﬁ form=0
ﬁsin(m;ﬁ) for m <0

In that equation, the £"(*) are the associated Legendre functions
defined by:

m

—m)! d
20+1 {(I-m)! (1= x2ym? P, (x)
dx”

2 \(+m)

P (x)=
with P(x) denoting the Legendre polynomials, defined by:
p ¢ !
B @) =giy g1

The Fourier-Bessel coefficients are also expressed in the temporal
domain by the coefficients p;.(r) corresponding to the inverse temporal Fourier
transform of the Fourier-Bessel coefficients Py (/).

In other embodiments, the sound field is decomposed on a function
basis where each of the functions is expressed by an optionally infinite linear
combination of Fourier-Bessel functions.

Figure 2 shows a general flow chart of the method of the invention.

In general, the method starts with a step 2 of defining a processing
operation to be applied to a representation of a sound field and corresponding to
at least spatial processing of that sound field.

Step 2 of defining the processing operation comprises a step 4 of
establishing a set of directivity functions which is representative of the processing
operation.

A directivity function means a function, indicated G(8,¢/), which
associates a real or complex value, which is optionally a function of the
frequency, or a range of frequencies, with each direction in space.

Any directivity function G(8,4,) is decomposed into spherical harmonic
coefficients, indicated Gj.(f), by a spherical Fourier transform. Thus, the
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directivity function G(6,4/) is obtained from the spherical Fourier coefficients
Gi.(f) by an inverse spherical Fourier transform, in accordance with the
expression:

G(04.11=3,3.61at) 770

In the rest of the document, the directivity functions may be denoted by
their expression G(6,4/) in direct space or in the form of spherical Fourier
coefficients Gy ().

This set of directivity functions is provided at the end of step 4 in the
form of a set of coefficients corresponding to the decomposition of the directivity
functions on a basis of spherical harmonics.

Subsequently, a step 6 of determining filtering combinations is carried
out on the basis of the decomposition of the directivity functions which is carried
out in step 4. The notion of filtering covers frequency, amplitude and phase
filtering or a combination thereof.

Thus, step 6 of determining filtering combinations provides filtering
combinations corresponding to the processing to be applied in the form of filter
parameters later permitting the implementation of those filtering combinations
with the aid, for example, of a set of digital filters.

With a view to applying the processing, the method comprises a step 8
of establishing an initial representation of the sound field in the form of a set of
coefficients or signals which is representative of that field in time and in the three
spatial dimensions.

In particular, this set of coefficients is a set of what are known as
« Fourier-Bessel » coefficients as defined with reference to Figure 1.

The method then comprises a step 10 of applying the filtering
combinations, defined in the definition step 2, to the coefficients of the initial
representation as defined in step 8.

Step 10 permits the production of a modified representation
corresponding to a representation in time and in the three spatial dimensions of
the initial sound field modified by the defined processing, in the form of a set of
coefficients referred to as Fourier-Bessel coefficients.

Figure 3 shows in detail the flow chart of a first embodiment of the
invention.
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In this embodiment, the processing operations applied are processing
operations such as spatial windowing, which consists in modifying the gain of all
or some of the virtual sources regarded as generating the initial sound field, and
spatial convolution or spatial filtering, which consists in modifying the angular
spread of all or some of those virtual sources, or any other analogous processing
operation.

The windowing and convolution processing may vary with the
frequency, which enables distance and spectrum modifications to be carried out
on all or some of the virtual sources.

As described in Figure 2, the method starts with a step 4 of
determining a set of directivity functions which is representative of the processing
to be applied.

In the case where the processing comprises only a single processing
operation, such as windowing or convolution processing, a single directivity
function, which optionally varies with the frequency, is sufficient to represent it.

Advantageously, the step 4 comprises a sub-step 12 for the direct
determination of all or part of the set of directivity functions in one or other of a
plurality of predetermined formats.

Additionally or alternatively, step 4 comprises a sub-step 14 for the
input of a processing instruction which is interpreted automatically in an
interpretation sub-step 16 permitting the automatic provision of all or part of the
set of directivity functions in one or other of a plurality of predetermined formats.
For example, the processing is used by software means in a computer and the
processing instruction is in the form of an icon whose validation brings about the
performance of a given processing operation by the software means.

The sub-steps 12 and 14 correspond, for example, to manual
acquisition or also to the reception of directivity data coming from an internal
memory or from an external device.

As a function of the format in which the set of directivity functions is
determined, step 4 may require a sub-step 18 for the conversion of the set of
directivity functions, from a predetermined format, into a set of coefficients
corresponding to the decomposition of the directivity functions on a basis of
spherical harmonics.

For each directivity function G,.(f) of the set of directivity functions, this
conversion sub-step 18 may be carried out in several ways.

-10-
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For example, the directivity function G, (/) is defined on the basis of
parameters (r,, 6, ¢,) specifying the position of Q virtual sources and parameters
Hyf) specifying the frequency response of each of those sources. A radiation
model is associated with each virtual source so that those sources as a whole are
assumed to produce a sound field whose representation in Fourier-Bessel
coefficients enables a directivity function to be associated with that field.

For example, the radiation model associated with each source is a
spherical wave radiation model and the directivity function G, .(f) is obtained in
sub-step 18 by means of the following equations:

2y q(/) _panf
Guin(f)= Z " ¢ Elra,f) yr(6a.80)
with
. ”
S 'k).(ﬂ—’;’qi]

In a variant, this calculation is carried out on the basis of parameters
(4, ¢;) specifying the directions of the Q sources. In that case, a plane wave
radiation model is associated with each source and the directivity function G;.(f)
is obtained by means of the following equation:

Q
Gl,m(f)=z_I Hy() yr(64:94)

In other embodiments, G,.() is determined on the basis of a
combination of plane wave and spherical wave radiation models.

In another case, the directivity function is defined on the basis of
parameters representative of a parametric description of a directivity function.
This description is effected in direct space and associates with each direction a
value which may be complex. Advantageously, the parameters may vary with the
frequency.

In that case, the coefficients of the directivity function Gi,(f) are
determined by using a parametric model. The parameters of the model are
placed in a vector X and the parametric model of the directivity function is
written G(6,¢,X/)). The coefficients of the directivity function G, () are obtained

by a spherical Fourier transform of G(6,¢,7(f)) in accordance with the equation:

T 2
Gim(f) = /ﬂ=o /4’=0 G(6,6,9(f)) y"(6,9) sinfdf dop

11-
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For example, the parametric model may correspond to a directivity
function having a single lobe. This model is controlled by the parameters
(6(H), () specifying the direction of the lobe and the parameter &(f) specifying
the opening angle of the lobe.

Thus, the parametric model may be a directivity function having the
value O for any direction and having the value 1 for each direction (6,4) verifying
the following relationship:

(6.0 - (6,4 > cos(&()
where (6i().¢(9)) . (6,4) denotes the scalar product between the directions
(G().4()) and (6,9).

In that case, the coefficients G, (/) of the directivity function are given

by:

G!,m(f) =27 ylm( 91 (f):¢l (f)) 3_1(60500 (f)%l:—fl’ﬂ(coseo (f))

In this expression P.i(x)=1.

In a variant, the parameters of the parametric description of the
directivity function may vary with time. In that case, the parameters of the mode!
are placed in a vector Xf) and the parametric model of the directivity function is
written g(8,4,79)). The coefficients of the directivity function g, .(r) expressed in
the temporal domain are then obtained by a spherical Fourier transform of

2(6,4,79 ) in accordance with the expression:

m 2
wnl®) = [ [ o(00:70)sr(00) sin0aoas

The coefficients G;.(f) of the directivity function which are expressed in
the frequency domain are then obtained by a temporal Fourier transform of the
coefficients g;.(¢).

In yet another case, the directivity function is defined in the form of a
list of @ samples. The list is made up of Q pairs {((6,.4,), v,)} where (6,.4,) is the
direction of the sample ¢ and where v, is the value of the directivity function in the
direction (6,,4,). Advantageously, the list of samples may be acquired for a
plurality of .frequencies f and is then indicated {((6,.4;), v)} ().

For each operating frequency £, the coefficients G;(f) of the directivity

function are derived from the list of samples {((6,.4,), vs)}(). These coefficients

-12-
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are obtained by inverting the angular sampling process which permits the
derivation of the samples from the list {((8,.¢,), v;)}(/) on the basis of a directivity
function supplied in the form of spherical harmonic coefficients. This inversion
may assume various forms in order to control the interpolation between the
samples.

In the embodiment described, the samples are placed in a vector ¥V in
the following manner.

7
[

A matrix Y is constituted from the sampling directions in the following
manner:

YI,O,O Yl,l,—l Yl,l,O Yl,l,l" ‘Yl,L,-L"‘YI,L,o' "YI,L,L
Yz,o,o YZ,I,—] Y2,1,0 Yz,l,l' : 'YZ,L,‘L' : ‘Yz,L.o‘ ) 'Yz.L.L

YQ,O,OYQ,I .—IYQ,I ,OYQ,I,I' ’ 'YQ,L A ’YQ,L,O' " 'YQ,L,L

where each element Y, , is equal to:
Yo=Y (Os$0)
It will be remembered that ¥"(@.#) denotes the spherical harmonic of

order / and of term m for the sampling direction &.#: considered.

A vector G containing the coefficients G,.(f) is determined for the
frequency f. The vector G may be determined by means of the following
relationships:

- if the number Q of samples at frequency f is greater than the
number of coefficients G;x(f):
G=(Y'yy'¥Y'v;and
- if the number Q of samples at frequency fis less than the number
of coefficients G;.(f):
G=Y(YYy'v
In the vector G, the coefficients G;,(f) are organized in the following

manner:

[Go,o(/) Gl,-l(f) Gl,o(/) Gl,l(f) GL,—L(f) Gz,o(f) GL,L(/)]'
In a variant, the list of samples may be acquired for a plurality of
instants r and is then indicated {((6,,4,), vo)}{®.

-13-
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For each instant ¢ acquired, the directivity function coefficients g;.(f)
expressed in the temporal domain are derived from the list of samples
{((G,.¢,), v)}(0). These coefficients are obtained by inverting the angular sampling
process which permits derivation of the samples from the list {((6,,4,), v,)}(r) on
the basis of a directivity function supplied in the form of spherical harmonic
coefficients.

The directivity function coefficients G;.(f) expressed in the frequency
domain are then obtained by a temporal Fourier transform of the coefficients
8inl?).

Of course, in the case where step 12 or 16 provides the directivity
function directly in the form of coefficients corresponding to the decomposition of
that function on a basis of spherical harmonics, the conversion sub-step 18 does
not modify the function.

Thus, at the end of step 4, a set of directivity functions which is
representative of the processing to be applied is provided in the form of a set of
coefficients corresponding to the decomposition of those functions on a basis of
spherical harmonics.

In addition, step 2 of defining the processing operation also comprises
a step 20 of establishing a set of processing parameters.

As in the case of step 4, this set of parameters may be determined
directly during a sub-step 22 for direct determination and/or after a sub-step 24
for the input of a processing instruction and a sub-step 26 for the interpretation of
that processing instruction permitting the automatic provision of all or part of the
set of parameters.

The sub-steps 22 and 24 correspond, for example, to manual
acquisition of specific parameters or also to the reception of parameter data from
an internal memory or an external device.

In particular, during step 20 of establishing a set of parameters, all or
some of the following parameters are defined:

- a parameter L specifying the limit order of operation of the method
and corresponding to the desired mathematical precision limit; and

- a set of constants indicated Clmrm forming weighting coefficients
defined as a function of the nature of the processing operation. In particular,

these coefficients are advantageously applied to the directivity functions in order
to obtain the above-mentioned filtering combinations.

-14-
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Some parameters may be invariant and may be directly integrated in
the method.

The parameter L enables the method to be adapted to the level of
precision of the initial representation and, in particular, enables the method to
which the invention relates to apply a processing operation to an initial
representation having a high level of precision.

As has been described above, the constants Chmpa may be
determined directly during step 20 by an operator, from a memory or a device
arranged internally. For example, they are all calculated beforehand, stored in a
memory and selected as a function of the nature of the processing operation.

Alternatively, an instruction defining the nature of the processing
operation is acquired during sub-step 24, and sub-step 26 corresponds to the
calculation of all or part of this set of constants as a function of the nature of the
processing operation and from relationships described later in the text.

Of course, the constants Cimrar can be determined using a
combination of the described solutions.

The parameters established during step 20, and also the coefficients
corresponding to the directivity functions established during step 4, are used
during step 6 of determining the filtering combinations.

This determination step 6 comprises a sub-step 30 of calculating
filtering combinations by linear combinations of the coefficients corresponding to
the spherical harmonic-based decomposition of the set of directivity functions
which is representative of the processing operation.

During this first calculation sub-step 30, filtering combinations indicated

Ci7() are determined on the basis of the directivity functions G,.(f) and the

constants Cimra which are determined as a function of the nature of the
processing operation and which form weighting coefficients of the linear
combinations. The filtering combinations are then determined in the following
manner:
L I
Clr = Yl m Grmlf)
l'alm"awl
In the above relationship, / and m denote the order and the term,
respectively, of the coefficients of the initial representation, /', m’ denote the order

-15-
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and the term of the coefficients of the modified representation and I, m*’ denote
the order and the term of the coefficients of the directivity function.
In the case where the processing operation is a processing operation

of the windowing type, the constants ¢lmra are determined by the relationships:

—\%5 (cl"m/ @ + cl”m/ w ) form >0

T Sy v
fm' _J rmQ
Cim b mer = choT,,’(m),, form =0
e I'\m’ (1) _ i',m’ (1)
V2 (cl,—m,l”,m” Cl,m,l”,m”) for m <0
with
U'm’ (2 U’ (2
% ( ly,::fl”(',),w + c,_,::,u(,lm,,) for m"” >0
Um' (1) (2
o, m = cf,;n Z”(,O) form” =0
i Vm’(2) I'm’ (2) "
s (Cumr 2 = i) for m” <0
with
1 4m'(3) V,—m' (3) '
5 Comtmn + e ) form’ >0
V' (2) _ ) o
Clom i me = ch;nl(lu)‘mu form' =0
V—m' (3 Um' (3
708 (Chmimmit = o) form’ <0
with
l ll ‘I/
C‘l’m’ (3) _ Jm,_m 1 \/(Zl + 1)(21’ + 1)(21" + 1) Cl+|m| Cy+|ml[ Cl”+|m!lJ
1t "o " -
R PV I+0+1+1 il gl g
I} v Id — prp— 1 !’
T TS (o ChCFml ol o =i ok oy im
- Ck+F k7 —n
k=|m| k'=|m’| k'=|m"| (R
and
1 forz=
o= 4
0 forz#y
and
_ lml+ ] + "]
2
and
n!
=
* pl(n—p)

This processing operation corresponds to the application of spatial
windowing with temporal filtering since the spherical harmonic coefficients G;.()
correspond to the directivity function G(6,4/). Likewise, the Fourier-Bessel

coefficients P¥,,(f) of the initial sound field correspond to spherical harmonic
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coefficients of a directivity function P¥Y(6,4/). Thus, the spatial windowing with
temporal filtering results, for each frequency £ in a windowing of the directivity
function PO(6,6/) by the directivity function G(6,4), which corresponds to a
multiplication for each direction (6,¢) of the value of those two directivity functions,
it being possible for the values of the two directivity functions to be complex.

As described above, this processing applied to the sound field has the
effect of modifying the amplitude, the distance and the spectrum of all or part of
the set of virtual sources regarded as generating the sound field.

The directivity function G(6,¢,) may be independent of the frequency
and is then indicated G(6,#). The processing is then solely spatial and
corresponds, for each frequency £, to the multiplication of the directivity function
PY6,4,0) by the directivity function G(6,¢).

In the case where the processing operation is of the convolution type,

the constants Cmr are determined by the relationship:

Um' (1 U'm' (1)
7 (o, m,,,( D+ ) m(,u ) form >0
Vo vom’ (1
Clamytrr,me = § € O"Iu (,n)// form=0
i m' (1) U'm’ (1)
5 (cl|—m,l”,m" =Gy ) form <0
with
(2
—1‘/= (Cl m, l” m// + Cl m, lH lm//) for m"” >0
Uym’ (1) 1 2
{0, = { g for i =0
1 I'm' (2) _ I'ym’ (2) "
V2 ( l m, l” —m” Cl m, i m”) for m <0
with
3 U',—m' (3
\/L— (c[ m ,,(,3,” +¢ m,lu'fnl)r) for m’ > 0
Um'(2) ) oy,
Cum =  Cim (,u et form’ =0
1 (3) Um' (3) '
e (clml”.m” Coomiranr)  Torm’ <0
with

m’|

|
3 - v VA F1 t tml Cor e Cr .
e = 8 T 2 /e m,emff¢,+z+1 cIvLTlcjlmrllgl > o
l,

Ul k=|m|
min(l' =m’ I'+m'’) .
z (_1)F+k+m Cp C 'm” I/C;)/_H ifm>0
—-m
p=max(0,—m) I/C;’:llﬂm ifm <0

and

em = (51gn(m))

17-




10

15

20

25

30

18

This processing operation corresponds to the application of spatial
filtering with temporal filtering.

For the spherical harmonic coefficients Gy.(f) correspond to Fourier-
Bessel coefficients of a sound field produced by a linear and angularly invariant
sound system, in response to excitation by a reference sound field, such as a
plane impulse wave coming from the direction (0,0). Such a response is denoted
by the expression «spatio-temporal response». A linear sound system is
angularly invariant when a rotation of the field which it receives induces the same
rotation on the field which it generates. Thus, the coefficients G; (/) correspond to
the spatio-temporal response of such a sound system.

The Fourier-Bessel coefficients P¥;,,(f) of the initial sound field are also
regarded as spherical harmonic coefficients of a directivity function PO(8,45).
Thus, the spatial convolution with temporal filtering results, for each frequency £,
in a spatial convolution of the directivity function PO(6,4,) by the directivity
function G(6,4), which is regarded at each frequency f as a directional
convolution kernel.

In the embodiment described, the convolution is applied taking a
direction (6,d) into account, the convolution kernel G(6,4/) is then turned,
bringing its north pole (vertical direction with 8= 0 and ¢ = 0) to (&,¢). In order to
obtain the value of the modified sound field P°(6,4,) in the direction (8’47, the
value in the direction (6',¢") of the turned kemel is multiplied by the value of
PN@,4/) in the direction (6,¢) and those products are added together for ali of
the directions (&, ).

This processing applied to the sound field permits, for example,
modification of the angular spread, i.e., the spatial localization precision, that is to
say, the size of the virtual point sources regarded as generating the initial sound
field, for each frequency /. This processing is the spatial analogue of temporal
convolution by a window, the effect of which is to modify the temporal spread of a
sound event, such as, for example, an averaging or delay effect.

In the case where the directivity function G,.(f) has cylindrical

symmetry, that is to say, if G,,(f)=0 for m#0, the above equations are simplified,

and the coefficients €y are then determined by the relationship:
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The directivity function G(8,¢/) may be independent of the frequency

v _ st sl gm 50
Cpamn gt = Opr Oy Oy S

and is then indicated G(6,4). The processing is then solely spatial and
corresponds, for each frequency £, to the convolution of the directivity function
P8, associated with the initial field by the directivity. function G(6,9).

In addition, the method of the invention also enables rotation
processing to be carried out. In that case, however, use is not made of directivity
functions and the method requires parameters (6,4,y) representative of a rotation
of the sound field about the origin O.

Thus, if the processing operation is a rotation, the filtering
combinations are determined from the parameters (6,¢,y) representative of the

rotation of the sound field according to the relationship:

Clir’r’ln = 6ll Dll'n!’l.m
with
R(D!yp + D) ifm > 0andm >0
V2R(DL, ) ifm' >0andm=0
(D i+ Dl ) Hfm' >0andm <0
V2R(D ) ifm' =0andm >0
D-Iml'i,m = D(l),o ifm'=0andm=0
V2S(Dh ) ifm’'=0andm <0
S(D = Dl ) ifm/ <0andm >0
-V2(DL o) ifm'<0andm=0
R(DLy — DLy ) ifm/ <0andm <0
with
Dy m=cmemd, .(6) eIm'e gmimb
with
min{l—m/' l+m)
L+m) (1 —m/)! "
iy (8) = Utm)(t-m) (=1)FCfn CH ™ x
m',m 1{] — 1 I+m ~l-m
{+m){l~m) )
p 2l+m—m' -2k 0 2k+m'-m
(cos 5) (sin 5)
and
R(z) = real part(z)
and
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() = imaginary part(z)

In this relationship, the convention used for the angles 6, ¢ and y,
consists in effecting a rotation through an angle y about the axis (0Z) then
through an angle 6 about the axis (OY) then through an angle ¢ about the axis
(0Z).

Finally, the processing carried out may also correspond to neutral
processing. In that case, the filtering combinations are all zero except for the
values where /"= and m’=m where they equal 1.

Of course, other processing operations as well as combinations of the
processing operations described can be carried out thanks to the definition of the

set of weighting constants iz .

For example, random processing may be carried out by the random
definition of the set of constants.

Advantageously, the calculation sub-step 30 is carried out solely for

. .
the non-zero constants Cimrn.

The filtering combinations Ci(f so obtained are placed in a matrix C
of size (L'+1)? by (Z+1)%

In the case where the processing operation to be applied consists
solely of rotation, convolution or filtering, the matrix C corresponds directly to the
filtering combinations to be applied and is indicated in a general manner F so that
the results of the calculation sub-step 30 form the filtering combinations that are
to be applied to the coefficients of the initial representation.

In the case where the processing operation corresponds to a
combination of processing operations, such as rotations, filtering operations,
convolutions and/or any kind of processing, the sub-step 30 is repeated a plurality
of times and each matrix C is memorized in succession in order to be combined
with the following matrices, finally to provide a matrix F comprising the
coefficients corresponding to the filtering combinations that are to be applied to
the coefficients of the initial representation. Thus, the matrix F is obtained by

matrix multiplication of the successive matrices C.

Each element Fir'(D of the matrix F represents the frequency
response of a spatio-temporal processing filter.
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Various forms of filters and filtering methods may be used in step 10 of
applying the filtering combinations to the initial representation of the sound field.
In the case where the filters are parameterized directly with frequency

responses, the coefficients ) are applied directly. Advantageously, step 6 of
determining the filtering combinations comprises a conversion sub-step 32 in

order to determine the parameters of the filters for other filtering methods.
For example, the filtering combinations FS() are converted into:
- finite impulse responses fis () calculated by inverse temporal Fourier

transform of Fix'(), each impulse response fi='(t) is sampled and then
truncated to a length suitable for each response; or
- coefficients of recursive filters having infinite impulse responses calculated

from the Fia' () with adaptation methods.

The filtering combinations so defined are applied during step 10 of
applying the filtering combinations, which transforms the initial representation
P into a modified representation which is indicated P™,,(f) and which
corresponds to a modified sound field, by applying thereto the processing filters
representative of the at least spatial processing defined in step 2.

During step 10, coefficients p”;,,(1) corresponding to the coefficients of
the modified representation P¥ are derived from the coefficients p®.(f)

corresponding to the coefficients of the initial representation PO, by the

application of the frequency response processing filters ) in the following

manner:
R =3, YA P2

where PY,,() is the Fourier transform of p;,,(1) and where P?,,(f) is the Fourier

transform of p7,,(1), these being coefficients relating to the initial representation

and the modified representation, respectively.

Thus, step 10 implements the conventional temporal filtering methods
for the application of the filtering combinations provided by step 2 in a suitable
form.

For example:

- the filtering may be effected by means of filtering methods in the

frequency domain, such as, for example, block convolution techniques. In that
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case, the filtering combinations are supplied in the form of the frequency

responses Fin ().
- the filtering may be effected in the temporal domain by temporal
convolution. In that case, the filtering combinations are supplied in the form of the

impulse responses fin (1)

- the filtering may be effected in the temporal domain by means of
infinite impulse response recursive filters. In that case, the filtering combinations
are supplied in the form of the recurrence relation coefficients.

Figure 4 describes the case of finite impulse response filtering. This

filtering initially requires the determination of a variable T corresponding to the

number of samples characteristic of each response fis (), which leads to the
following temporal convolution expression:

PO=33 S fiete poli-o

I=0m==1 7=0

These coefficients p¥..(1) are representative of a sound field
corresponding to the initial sound field after the application of the at least spatial
processing which associates with a sound field produced by at least one source,
another sound field produced by at least one source whose direction, distance
and/or gain are thus modified.

In another embodiment, the method of the invention also permits the
application of distortion-type processing operations corresponding to a distortion
of portions of the sound field by modifications to the characteristics of spread,
position, amplitude of all or some of the virtual sources generating the initial
sound field.

This distortion processing may vary with the frequency, which enables
distance and spectrum modifications to be carried out on all or some of these
virtual sources.

Advantageously, this processing may be combined with one of the
processing operations as described with reference to Figure 3.

Figure 5 describes the flow chart of the method of the invention in such
an embodiment combining a first processing operation, called nominal processing
and corresponding to a processing operation as described above, with a spatial
distortion processing operation which results in distortions of frequency,
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amplitude and/or phase characteristics of components of the representation of
the initial sound field.

Thus, in this embodiment, step 2 of defining the processing comprises,
as before, the step 4 of establishing a set of directivity functions comprising the
sub-step 12 of direct determination and/or the sub-steps 14 of acquisition and 16
of interpretation as well as the conversion sub-step 18 enabling a set of directivity
functions to be provided in the form of a set of coefficients corresponding to the
decomposition of those functions on a basis of spherical harmonics.

In this embodiment, part of the set of directivity functions determined in
step 4 corresponds to N distortion pairs representative of a distortion to be
applied. In a manner similar to the embodiment described above, these distortion
pairs are described in the form of a set of coefficients, indicated
{(Hym N 1mx(f))}, corresponding to their decomposition on a basis of spherical
harmonics.

Each distortion pair is constituted by two directivity functions which
correspond to the Fourier-Bessel coefficients of a source sound field and a target
sound field, the distortion operation applied to the source sound field tending to
cause it to resemble the target sound field.

Thus, step 4 provides a set of directivity functions corresponding to the
nominal processing and also to distortion pairs representative of the distortion to
be applied in the form of a set of coefficients corresponding to the decomposition
of the directivity functions on a basis of spherical harmonics.

As above, step 2 also comprises the step 20 of determining the set of
processing parameters by means of the direct determination sub-step 22 and/or
the sub-steps 24 of acquisition and 26 of interpretation.

However, in this embodiment, the step 20 of determining parameters
also permits the determination of a parameter A which may be adjusted between
0 and 1 and which specifies the resemblance between the final processing to be
applied and the nominal processing determined by step 4, that is to say, the
relative magnitude of the distortion to be effected.

Thus, if 4 is equal to 1, only the distortion is taken into account and if A
is equal to 0, only the processing determined during step 4 is taken into account.

As in the embodiment described with reference to Figure 3, step 6 of
determining the filtering combinations comprises the calculation sub-step 30
carried out as described above and permitting the provision of a matrix C
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comprising a set of filtering combinations corresponding to the application of the
nominal processing as defined by the set of directivity functions that is
determined in step 4.
The set of distortion pairs is used in step 6 of determining the filtering
combinations during a sub-step 50 of distortion by modification of the filtering
combinations determined at the end of the calculation sub-step 30.

During this sub-step 50, the filtering combinations Cim () are modified
on the basis of the distortion pairs indicated {(Him.(N.H in.(H)} and the

parameter A in order to supply as an output the filtering combinations R
which are representative of the processing including the nominal processing and
the distortion and which are to be applied to the coefficients of the initial
representation.

During sub-step 50, the spherical harmonic coefficients Hjq(f)
representative of the N source directivity functions are placed in a matrix H of size

(L+1)* by N in the following manner:
-H001(f) Hooz(f) """ Huo;v(f)_
Hi (D Hypo(N)ee e Hyx()

101(/) Hloz(f) """ ION(f)
Hl]l(/) Hllz(f) """ HllN(f)

H,, L](f)HL Lz(f) “H,, LN(f)
HL,o_,l(f) HL,o_,z(/)‘ - HL.O,,N(/)
L HL,L,I(f) HL,L;(f) """ HL.L,N(f) J

Likewise, the spherical harmonic coefficients H’;,,.(f) representative of
the N target directivity functions are placed in a matrix B’ of size (L’+1’by N :
[ Hoos(f) Hopal) - Hoow(f) |
Hll ll(f)Hl 12(/) """ Hl l,N(f)
I101()() Hloz(f) """ H‘lON(f)
H'lll(/) Hllz(f) """ H‘l,l,_N(f)
H'. Ll(f)HL-Lz(f)““HL IN(f)
HL'OI(_/) HL'OZ(]) HL'ON(j)

LLl(/)HLLZ(/) LLN(/)

The coefficients Cim () of the fi Iterlng comblnatlons of the nominal
processing are also placed in a matrix C of size (L*+1)* by (Z+1)%
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Cos(f) CP24 CP7 () clolo(j) CRA (N CHYN) - R
Ci5'() Cot() Cla'( Clit(f) --CLzi(N- Cha'(- - CLi'(f)
Cisen Cl"fl(f) C.o(/‘) Cn"(f) CL2(N)-=- CLo() =~ Cri(h)
Cisth ClA() Cli(D it - CLL (- CH -+ CEL()
Cl I(j)cl—L(/)C —L‘(f)cL',—.L‘(/),,_le",_—l;L‘(f),_CLb—.L(/)”Cl{,"Z—‘I(/)

coLo“(/) cti chi c -cLL,':°_L(/)---c;:of'm---ct,'lf’(/)
_co',e'mcl o el (f)cl.. e CEE(D - CEED - CEE |

The filtering combinations F»"() representative of the processing
operation in its entirety are then determined in the course of the distortion sub-
step 50 corresponding to an optimization which determines a set of filtering
combinations verifying in the best possible manner the distortion pairs and the

resemblance between Fir () and Cin' ().

This optimization can be effected by means of methods such as
gradient descent or matrix inversion methods and also permits the determination,
on the virtual sources regarded as generating the initial sound field, of
modifications that are not directly specified by the distortion pairs.

For example, the modifications defined by the distortion pairs are
interpolated on the portions adjacent to the directly targeted portions in order to
obtain the filtering combinations, which results in progressive modifications to the
initial representation of the sound field around the portions directly targeted by the
distortion pairs.

The embodiment described uses a matrix inversion method which
leads to the determination of a matrix ¥ during sub-step 50 according to the
relationship:

F=((1-)C+AH H)((1-)I+AHH"Y'
where I denotes the identity matrix of size (L+1)%.

In the case where A equals 1 and where N < (L+1), the matrix F is
given by:

F=C+®# -CH)(H'HY'H'

In the matrix F, the coefficients Fia () are organized in the following

manner:
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RN RO RO R R R
R ROD R p R A
R )T )V A OV LA €) R Ar € R W 0) ST IRA 1)
Fofo"?(f) FlL-lo(f) Flﬁ,'-?(/) Flfl“?(f) T Flf—"?(f) FLL,Ei?(f) o FLL.IlE)(f)

| FEED) FEEQ) PTG FEE() - FEED- FEVD) - FEE ) |

Of course, according to the interpolation method used, this
optimization step may involve progressive or, on the other hand, sudden
variations in the modifications between the portions directly targeted by the
distortion pairs and the adjacent portions.

Subsequently, the filtering combinations Fin'() are optionally
converted during sub-step 32 and are applied during step 10 as described with
reference to Figures 3 and 4.

Advantageously, several distortions are applied in succession, the
method then comprising a plurality of distortion sub-steps 50 which are recursive
with respect to one another, so that each sub-step 50 receives as an input, as
nominal processing, the filtering combinations provided by the preceding sub-
step.

In the case where the parameter A equals 0, distortion is not applied
and the filtering combinations determined during the calculation sub-step 30
correspond directly to the filtering combinations representative of the processing.
Thus parameterized, this embodiment corresponds to the first embodiment
described with reference to Figures 3 and 4.

In another embodiment, only distortion is applied and the filtering
combinations are determined solely by means of the distortion pairs in
accordance with the relationship:

- If N < (I+1):

F=I+(P-H)Y(HHY'H"

SN2 (L)

F=HH (HH)'

In these equations, the matrices H and H’ are determined as
described above. In this case, the matrix C is not used and sub-step 30 is not
carried out. Thus, step 2 comprises solely the distortion sub-step 50.
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This embodiment is a simplification of the embodiment described when
A equals 1 and the nominal processing is neutral processing.

It is therefore apparent that the method of the invention permits the
application of a very wide variety of processing operations to a sound field
representation having a high level of precision, owing to the use of a set of
directivity functions which is representative of the processing operation and which
is represented in the form of a set of coefficients corresponding to the
decomposition of those functions on a basis of spherical harmonics.

In the case where the processing to be applied can be split into a
plurality of elemental processing operations such as described above, the filtering
combinations of the processing operation as a whole may be obtained by matrix
multiplication of the matrices corresponding to each of the plurality of processing
operations, that is to say, by arranging the filtering combinations provided by
calculation sub-step 30 and/or distortion sub-step 50.

This processing is thus repeated a plurality of times, the results of
each occurrence being combined with those of the previous occurrence.

Figure 6 shows a block diagram of a device suitable for implementing
the method of the invention.

The device 60 permits at least spatial processing of a sound field
representation in order to provide a representation modified by the at least spatial
processing.

The device 60 comprises means 61 of defining the processing for the
implementation of step 2 of the method of the invention. These means 61
comprise means of establishing a set of directivity functions, which is
representative of the processing, in the form of a set of coefficients corresponding
to the decomposition of those directivity functions on a basis of spherical
harmonics.

Advantageously, these means comprise a module 62 for the direct
acquisition, by an operator, from a memory or an external device, of operating
data for the device 60, permitting, in particular, the direct determination of the set
of directivity functions.

For example, the acquisition module 62 is constituted by a keyboard
permitting the direct acquisition of data or by an interface with an external device
supplying directly the data necessary for the implementation of the method of the

invention.
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The module 62 may also be used for inputting a processing instruction,
and the means 61 then also comprise a module 64 for the automatic
interpretation of that instruction, in order to provide operating data for the device
60 and, in particular, the set of directivity functions.

The data entered by means of the module 62 for acquisition and/or 64
for interpretation may also have different predetermined formats and the device
60 comprises a module 66 for converting the data between predetermined
formats and selected formats for the implementation of the method of the
invention.

In particular, the module 66 enables the set of directivity functions to
be converted from one or other of a plurality of formats into a set of coefficients
corresponding to their decomposition on a basis of spherical harmonics.

Thus, the modules 62, 64 and 66 permit the implementation of steps 4
and 20 of the method of the invention in order to provide a set of directivity
functions representative of the processing operation in the form of the coefficients
corresponding to the decomposition of those functions on a basis of spherical
harmonics.

In the case where the device 60 is used to carry out distortion
processing, the modules 62, 64 and 66 provide directivity functions forming
distortion pairs.

The modules 62, 64 and 66 also permit the determination of all or part
of a set of parameters necessary for the implementation of the method of the
invention.

In particular, those modules 62, 64 and 66 permit the definition of all or
some of the following parameters:

- the parameter L specifying the limit order of operation of the method
and corresponding to the desired mathematical precision limit;

- a parameter § defining the nature of the processing operation to be
effected;

- all or part of the set of constants indicated by forming weighting
coefficients and defined as a function of the nature of the processing operation;
and

- the parameter A, specifying the magnitude of a distortion to be

effected.
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Advantageously, the device 60 comprises a memory enabling all or
some of those parameters and especially the set of constants to be stored. For
example, such a memory comprises a plurality of sets of constants, each
corresponding to a processing operation, the set of constants used being
selected from that plurality as a function of the parameter S representative of the
processing operation.

Alternatively, the means 61 of defining the processing operation
comprise a calculation module suitable for determining all or part of the set of
constants as a function of the parameter S representative of the nature of the
processing operation.

All of these operating data are introduced into means 70 of
determining filtering combinations, which means 70 are included in the means 61
of defining the processing operation and are suitable for implementing step 6 of
the method. The means 70 comprise a module 72 for calculation by the
application of linear combinations permitting the implementation of the calculation
sub-step 30 of the method. The module 72 receives the set of directivity functions
as an input in order to provide filtering combinations by linear combinations of the
coefficients corresponding to the spherical harmonic-based decomposition of the
sets of directivity functions representative of the processing operation.

Advantageously, the constants provided by the modules 62, 64 and 66
form weighting coefficients and are used as coefficients of the linear
combinations in the module 72.

In the case where the device 60 also uses distortion processing, it also
comprises a module 74 for distortion by modification of the filtering combinations
provided by the module 72, implementing sub-step 50 of the method. This
module receives as an input the distortion pairs representative of the distortion to
be applied, as well as the parameter A representative of the distortion effort used
as described above.

In the case where only distortion is applied, the module 72 is not
involved in the use of the device and only the distortion module 74 is necessary.

Thus, the means 70 provide a set of coefficients corresponding to
filtering combinations representative of the processing to be applied.

Optionally, these filtering combinations are introduced into a
conversion module 76 suitable for providing filter parameters from the filtering
combinations by implementing sub-step 32 of the method as described above.
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These filter parameters or, directly, the filtering combinations are
applied to filtering means 80 which implement step 10 of the method and receive
as an input the initial representation of the sound field in the form of a set of
coefficients which is representative of that field in time and in the three spatial
dimensions in order to apply the filters determined in order to provide a modified
representation corresponding to the initial sound field modified by the processing
defined above.

For example, the filtering means 80 are digital filtering means applied
by a signal-processing processor to a digital representation of the initial sound
field.

In other embodiments, these filtering means are gain-controlled
analogue filtering means applied to an analogue representation of the sound field
in the form of a set of signals each corresponding to a coefficient of the initial
representation of the sound field.

For example, the device 60 may be in the form of a computer equipped
with software means for calculation and hardware means for acquisition and
reproduction, in order to permit the use of the data-input means 62 and the
acquisition of the initial representation of the sound field and the output of the
modified representation of the sound field, the various elements of the device 60
being formed by combinations of software means and hardware means.

In other embodiments the device 60 corresponds to a specific
acquisition card dedicated solely to the performance of sound processing or is in
the form of a component programmed for the implementation of those functions
only.

Advantageously, the device 60 is integrated in a sound system
comprising means of acquiring a sound field and means of representing that
sound field in the form of a set of coefficients in time and in the three spatial
dimensions in order to provide the initial representation of the sound field. Such a
system also comprises a reproduction unit controlled by control means receiving
as an input the modified representation of the sound field and controlling a
reproduction unit in order to obtain the reproduction of the modified sound field.
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Throughout this specification and the claims which follow, unless the
context requires otherwise, the word "comprise”, and variations such as
"comprises" and "comprising”, will be understood to imply the inclusion of a stated
integer or step or group of integers or steps but not the exclusion of any other

integer or step or group of integers or steps.

The reference in this specification to any prior publication (or information
derived from it), or to any matter which is known, is not, and should not be taken
as an acknowledgment or admission or any form of suggestion that that prior
publication (or information derived from it) or known matter forms part of the

common general knowledge.
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THE CLAIMS DEFINING THE INVENTION ARE AS FOLLOWS:

1. A method for determining filtering combinations of a spatial processing

operation, the filtering combinations (C;”) being intended to be applied to an

tm

initial sound field representation ( /!)) formed by coefficients representative of the

[

initial sound field in time and in the three spatial dimensions, in order to provide a

modified sound field representation (£!’) formed by coefficients representative of

Im
that field in time and in the three spatial dimensions, the method comprising:

- defining (2) the processing operation by a set of at least one directivity
function,

- establishing (4) spherical harmonic coefficients of each directivity function,

- determining (6) the filtering combinations from the spherical harmonic

coefficients.

2. The method of claim 1, wherein the coefficients representative of the initial
sound field and the coefficients representative of the modified sound field, are

Fourier-Bessel coefficients.

3. The method of claim 2, further comprising specifying a parameter (L)
representing the order limit of the Fourier-Bessel coefficients.

4. The method of any one of claims 1 to 3,

wherein the processing operation is defined by one directivity function and a
predetermined operation intended to be applied on:

+ the initial sound field represented as a directivity function, and

+ the directivity function of the processing operation,

the method further comprising:

- determining weighting coefficients associated with the predetermined
operation,
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wherein determining (6) filtering combinations comprises determining (30)
each filtering combination from a linear combination of the spherical harmonic
coefficients (G) with the weighting coefficients (c).

5. The method of any one of claims 1 to 4, wherein the predetermined
operation is the multiplication operation, for each direction, of the value of the
directivity function of the initial sound field and the directivity function of the
processing operation.

6. The method of claim 5, wherein the weighting coefficients of the

o .
multiplication operation, noted “»#«" are given by:

(0 L) form> 0
Ci’,‘w‘)’fll”.ln” = {:;if;‘,;;/F.lI'l)rr E’OI' m =10
Jﬁ (C;iv-‘-jrll,(l]”).m” - (‘::71":?;”(];1”) for 7. <0
with
L (o + el ) Tor >0
, ‘ U Le,
5,:.":'(',11 = :1,':'11,(20) form” =0
_\'/Lﬁ (cii;;lu,l’”(,gzm” - L[l:7ZL1"$2731”) for m" < 0
with
Loy N
5 (s + e ) form? >0
- 20
;,;.“1(2121' = c; ,mi{mu for m' =10
17‘3 ( f,;?",(,f] - (f',z‘,“’fl) for m' <0
with

1 R+ D)2+ D +1) Cm,.qC$5+|m'|Ci75.H,,.U|x

P’ (3) 6711’—171

¢ _
| an " an" 't T ] z
N L+l +17 41 cl"'lc}jﬂlcy;tl
{ v " P T N N e N e e L
> (e cecEm oy e el e
Ck+k’ +k"—n
k=] k=] 67 =] LR

and
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5y = 1 forz=y
0 fora#y
and
. Im|+ [/ + [m”|
B 2
and
. 7!
" W )

7. The method of any one of claims 1 or 4, wherein the predetermined
operation is the convolution operation, for each direction, of the value of the
directivity function of the initial sound field and the directivity function of the

processing operation.

8. The method of claim 7, wherein the weighting coefficients of the convolution

I .
operation, noted Cimra  are given by:

L L) form >0
IR PR for n =10
L (A e = it ) for m <0

with
Ll v ) ferm >0
'f,',:frf,ln)w= (ﬁl,;“,(znl form” =0
s (et e = D) or m” < 0

with
73 (el + i) Tor ! >0
C:r::;"(?z”: Cﬁt;s‘(ﬁ)’mn form’ =0
L (T ) o <0

with
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c! ct :[""”| !

[ A e o N~k k=
] Al | Ay L Cl CI X
c el Te

Ugfm| k=|m|

m' Em” val+1

we! S 1 +l+1

on' (3 o -
Ao 82 g, s 2YTe

‘Lol m!

min(l’ —m' I +m’)

Z (_1]p+k+m qu-m” Cr)-Hu

{7—m"

Ptk :
p=max(0, —m) I/C?,_H "™oifm <0

I/Cf‘:’; ifm>0

and

m "

e = (sign(m))

9. Method according to any one of claims 1 to 8,

wherein the processing operation is a distortion,

wherein the set of at least one directivity function comprises N pairs of
directivity functions which form a set of distortion pairs representative of the
distortion, and

wherein the filtering combinations are determined from the spherical

harmonic coefficients of the N pairs of directivity functions,

10. A method for applying a spatial processing operation to an initial sound
field, the method comprising:

- establishing an initial sound field representation formed by coefficients
representative of the initial sound field in time and in the three spatial dimensions,

- determining filtering combinations of the processing operation, according
to the method of any one of claims 1 to 9, and

- applying the filtering combinations to the initial sound field representation.

11, A method for applying a combination of spatial processing operations to an
initial sound field, the method comprising:

- establishing an initial sound field representation formed by coefficients
representative of the initial sound field in time and in the three spatial dimensions,

- determining filtering combinations of each processing operation, the
filtering combinations being intended to be applied to the initial sound field
representation, in order to provide a modified sound field representation formed by
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coefficients representative of that field in time and in the three spatial dimensions,
wherein the filtering combinations of at least one processing operation is achived
by the method of any one of claims 110 9,
- determining overall filtering combinations by combining the filtering
5 combinations of each processing operation, and
- applying the overall filtering combinations to the initial sound field

representation.

12.  The method of claim 11,
10 wherein at least one processing operation is a rotation operation,
the method further comprising:
- determining the filtering combinations of the rotation operation according

to the parameters (9,4,y) representative of the rotation, according to:

Uom' .
C m :611 Dll{

L it
15 with
R(DLy py + D) i >0andm >0
VE2R(DL, o) if m! >0andm =0
(D A+ D) i’ >0 and m <0
VZR(D ) ifm'=0andm >0
D= Db ifm'=0andm =20
V23(D},.) ifm' =0andm <0
(DL = Dhy ) i <Oandm >0
~V23(DL ) ifm' <O0andm =0
RO, - Do) i <0andm <0
with
Dy = el () €I €
with
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m(l-m' )

(L+mP =y ™ P
— _] b P m

(I + ‘I‘I7,)! (/ _ ,I”)! Z ( ) CH-m C[—-m X

dfu’,rn(( ) =

k=max(D,m—m')
0 A+’ -2k ) 0 2k’ —m
CcOS — S =
2 2

R(x) = real part(z)

and

and

G(x) = imaginary part(z)
13. A device for determining filtering combinations of a spatial processing

operation, the filtering combinations (C/”") being intended to by applied to an

“tm

initial sound field representation ( 2'') formed by coefficients representative of the

L
initial sound field in time and in the three spatial dimensions, in order to provide a

modified sound field representation ( £!') formed by coefficients representative of

Im
that field in time and in the three spatial dimensions, the method comprising:

- means for defining the processing operation by a set of at least one
directivity function,

- means for establishing spherical harmonic coefficients of each directivity
function,

-means for determining the filtering combinations from the spherical

harmonic coefficients.
14.  The device of claim 13, wherein the coefficients representative of the initial
sound field and the coefficients representative of the modified sound field, are

Fourier-Bessel coefficients.

15.  The device of claim 14, further comprising means for specifying a

parameter (L) representing the order limit of the Fourier-Bessel coefficients.

16.  The device of any one of claims 13 to 15, further comprising:

-37-




2003276362 05 Feb 2010

20

€ \WRPORBEDCOWMAS 21 | DOC-HS12atu

- means for defining the processing operation by one directivity function and
a predetermined operation intended to be applied on:

+ the initial sound field represented as a directivity function, and

+ the directivity function of the processing operation,

-means for determining weighting coefficients associated with the
predetermined operation,

wherein determining (6) filtering combinations comprises determining (30}
each filtering combination from a linear combination of the spherical harmonic

coefficients (G) with the weighting coefficients (c).

17.  The device of any one of claims 13 to 16, wherein the predetermined
operation is the multiplication operation, for each direction, of the value of the
directivity function of the initial sound field and the directivity function of the

processing operation.

18. The device of claim 17, wherein the weighting coefficients of the

S .
multiplication operation, noted Cinrn arg given by:

ﬁ (ci,,',“,“,fl + (ﬁ_":nlll)m) for m > 0
:71’1”fm, = ‘io”z (,],3 form =0
_\./% (cfl,f;vll.(lg').m” - c:’.;vrzrfll“(,lazl”) for m <0

with
ﬁ ( i’r::“;”ul):” + C:Iv::’ll”(z—]m”) for m” >0
c;y;:lf,,fll,, = f,,',“,ltzo) for m” =0
e (Gt = i) o m” <0

with
L (e S e ) form! >0

‘ P ’ B
ﬁ,fflz/[zﬂu = C:‘;S‘(li).,n,, for m' =10
;g Py

L (o S = o) form! <0

with
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1 \/(2[ + 1)(2[’ + 1)(2[” + 1) Cﬁ+|m| C::Hm’l Cf::+|7n”| %

Yan' (3)  _ g —m
L mt T Y ; ' 1 ||~ | e
2y (+U4+1"+1 amepricl
{ 4 I k ~k=im| gt k=l g SR =[]
Z Z Z (_1)k+k’+k" C; C, Cy Cp Ci Cpn
C/c+/c’+k”—n
k=) k'=(m? k7 =|m? | L+
and
b= I forz=y
T
0 forz#y
and
[m] + [m!] + ||
5 - 2
and
ol
b _ 7!
"optn—p)!

19.  The device of any one of claims 13 or 16, wherein the predetermined
10 operation is the convolution operation, for each direction, of the value of the
directivity function of the initial sound field and the directivity function of the

processing operation.

20. The device of claim 19, wherein the weighting coefficients of the

r o
15 convolution operation, noted Cimra are given by:

&5 (e e ) foran> 0
’ 4 ’ ’

‘-::,}y’:,’t".m" = (:Z_U"';,,.(,],L),, for m =0
ﬁ (c;i_";',;‘(l}.)’,u,, - (1,;,”,“,?‘) for m < 0

with

‘ LD ’ L

. %fz ((:,””,,,(2,)” + Cﬁ,;::l,,(‘zzm,,) for m/ >0
f,.’l'xt .1,2L~ = cf,ffl“o) for m” =0
LD = L) Torm” <0

with
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L P 3 L BN e
7 ( Lol T c,l,“',,,v,”,,) for m’ >0
v _ ) voes
Clan ! 't = (:L”L‘(lu)'m,, form' =0
L L (3) U (3) -
5 (Gl e = Cpmr)  for o’ <0

with

“

C! cl Cl'" !
Livfan| 20 =] S0 ok kel
clm C|m'] o L TRy x
i v VAl k=hm|

I . oo V2
o’ (3 o e —ne ' _in’ e
Clan i ans = 61” {)m” 2\/7757.,,' S Ui+l

oin(l =m' '+m’") gtk .
(_])p+k+m P optm 1/6['4.1 ifm 20
Lpme Sp— i X wtkdm g
p=max(0,—m) /G ifm <0
and
. ™m
5 em = (sign(m))

21. A device according to any one of claims 13 to 20,
wherein the processing operation is a distortion,

wherein the set of at least one directivity function comprises N pairs of
10 directivity functions which form a set of distortion pairs representative of the

distortion, and

wherein the filtering combinations are determined from the spherical

harmonic coefficients of the N pairs of directivity functions.

15 22. A method for determining filtering combinations substantially as

hereinbefore described, with reference to the accompanying drawings.

23. A device for determining filtering combinations substantially as hereinbefore

described, with reference to the accompanying drawings.
20

-40-




02/0200 GG

37

MONTOYA

115

N

FIG.1

-41-



MONTQOYA

38

02/0200 G(
2/5
.4- )
N
” FIG.2
8 -10-
-25-
3
6 -30-
2
F
— o
FIG.3

-42-




39

MONTOYA 02/0200 GG

3/5

@
piglt)
R‘.n-l(ﬂ ? S%(l)
J/0) R
40} F(

27 0]

PR Fon )
o ) )
J210] {_Fn

||

— AR

™

z PR

I

z O]

F&%m
R |

z .0

FIG.4

-43-




MONTOYA

40

415

02/0200 GC

b~—2

-44-




MONTOYA

41

516

-45-

FIG.6

02/0200 Gt




	BIBLIOGRAPHY
	DESCRIPTION
	CLAIMS
	DRAWINGS

