Met hod and system of representing an acoustic field The present invention
relates to a nethod and a device for representing an acoustic field from
sjgnal s i ssued by acquisition nmeans. Current nethods and systens for
acquiring and representing sound environments use nodels based on

acqui sition neans that are physically inpracticable, in particular as far
as the electro-acoustic and/or structural characteristics of these

acqui sition neans are concerned. The achuisition means conprise, for
exanple, a set of measuring elenments or elenentary sensors arranged in

specific spatial |oc t'g{s and having intrinsic electro-acoustic
acquisition charact &Yiethodand system of represeating apacapsticfield ¢ ed by t he
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acquired. The systens subsunmed under the term "Anbi sonic", for exanple,
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syst ens .el%EPt%eP%raélqur fEues chassateristiss akbgse acHuIsHign Maeaap gTe comaeimed by
nodel ling virtual sources, the angular distribution of which around the
centre theoretically allows a sound environnent of this type to be
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The current systems are limited by the structural characteristics of the acquisition means,
such as the physical arrangement and electro-acoustic characteristics of the elementary

sensors, and issue degraded representations of the sound environment to be acquired.

The systems subsumed under the term "Ambisonic", for example, only consider the
directions of the source of sounds relative to the centre of the acquisition means comprising a
plurality of elementary sensors, which results in the acquisition means being equivalent to a

point microphone.

However, the impossibility of positioning all of the elementary sensors at a single point limits

the efficiency of these systems.

Furthermore, these systems represent the sound environment by modelling virtual sources,
the angular distribution of which around the centre theoretically allows a sound environment

of this type to be obtained.

However, the unavailability of elementary sensors having high directivity characteristics
limits these systems to a level of representation precision that is commonly known as "order

one", on a mathematical basis known as the basis of spherical harmonics.



In ot her systens, such as that enploying the nethod and the acquisition
devi ce disclosed in patent application No. WO 01-58209, the acquisition is
based on the nmeasurenent, in a plane, of information that is
representative of the sound environment to be acquired. However, these
systens use nodels based on optinmal elenentary sensors that are necessarily
arranged on a circle and cause significant anplification of the background
noi se of the sensors. These systens t herefore require sensors of which the
i ntrinsic background noise is extrenely |ow, and are thus inpracticable.
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faithful representation to be obtained. The object of the invention is to
solve this problemby providing a nethod and a device issuing a
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i nvol ving the acqui sition of neasurenent signals issued by acquisition
means c&gﬁ"l‘%i ng one or nore elenmentary sensors that are exposed to said
acoustic field, characterised in that it conprises: a step involving the
determ nation of encoding filters that are representative of at |east the
st r uct urliese Systeanst thetefire csquire ssadots aftwhich ithd iatrimsesekgandd Boise & Gitepely

i nvol vi rlgwfgned A?é&%%?%}:&%ﬁ&fbléa' d neasurenent signals by applying said

Furthermore, in these systems, the sound environment is only described by a bi-dimensional
model, which entails a significant and reductive approximation of the real sound

characteristics.

It would therefore seem that the representations of sound environments made by the current
systems are incomplete and degraded, and that there is no system that allows a faithful

representation to be obtained.

The object of the invention is to solve this problem by providing a method and a device
1ssuing a representation of the acoustic field that is substantially independent of the

characteristics of the acquisition means.

The present invention relates to a method for representing an acoustic field comprising a step
involving the acquisition of measurement signals issued by acquisition means comprising one
or more elementary sensors that are exposed to said acoustic field, characterised in that it

COMprises:

- a step involving the determination of encoding filters that are representative of at least

the structural characteristics of said acquisition means; and



encoding filters to these signals in order to determne a finite nunber of
coefficients representative over tine and in the three-di nensional space
of said acoustic field, said coefficients allowing a representation of
said acoustic field to be obtained that is substantially independent of

t he characteristics of said acquisition neans. According to other
characteristics: said structural characgeristics conprise at |east position
characteristics of said elenentary sensors relative to a predeterm ned
reference point of said acquisition neans; encoding filters are al so

representativ. &l I O- : el St f Sal cqQuiSi. L
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coefficients; step In ng t erm nati on t'he "encodi ng

conpr i sasdependers obtietobpracreyisliosi afgailaequlsition meaas.i on of a sanpling matrix
that is representative of the acquisition capacities of said acquisition
nmeans; a sub-step involving the determnation of an intercorrelation matrix

that is A&gpﬁﬁggﬁ%ﬂ'r‘%ﬁ%a%{en{sn&si mlarity between said neasurenent signals

| ssued by y sensors formng said acquisition neans; and a
sub-step involving the determ nation of an encoding matrix from said

sanpling matrix, said intercorrelation matrix and a paraneter that is_
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- encoding filters are also representative of electro-acoustic characteristics of said

acquisition means;

- sald electro-acoustic characteristics comprise at least characteristics related to the

intrinsic electro-acoustic acquisition capacities of said elementary sensors;

- coefficients allowing a representation of the acoustic field to be obtained are what are
known as Fourier-Bessel coefficients and/or linear combinations of Fourier-Bessel

coefficients;
- step involving the determination of the encoding filters comprises:

- a sub-step involving the determination of a sampling matrix that is

representative of the acquisition capacities of said acquisition means;

- a sub-step involving the determination of an intercorrelation matrix that is
representative of the similarity between said measurement signals issued by
the elementary sensors forming said acquisition means; and

- a sub-step involving the determination of an encoding matrix from said
sampling matrix, said intercorrelation matrix and a parameter that is

representative of a desired compromise between faithfulness of representation



acqui sition “means, which matrix is representative of said encoding filters;
- sub-steps involving the determ nation of the matrices are carried out for
a finite nunber of operating frequencies; step involving the determ nation
of the sanpling matrix is carried out, for each of said elenentary sensors
form ng said acquisition nmeans, from paraneters that are representative of
the position of said sensor relative to, the centre of said acquisition
means; and/or a finite nunber of coeffitients that are representative of
the acquisition capacities of said sensor; - step involving the

determ nation of t S | i n trix. (B) s o.carried out from at ] east
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representative of the directivity patterns of all or sone of "the sensors;
paranmeters that are representative of the orientations of all or sone of
the sensors,_ j.ge. of their.maxinmum sensitivity direction, .par t ers. .t hat
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of all ounber®f &ferdtihg HQN&MI&; a paraneter specifying the order in which

the representation is conducted; 5 a paraneter that is representative of a
list of coefficients, the power of which nust be equal to the power of the
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sai d st @Rmentary sensors forming said acquisition means, from:

- parameters that are representative of the position of said sensor relative to the

centre of said acquisition means; and/or

- a finite number of coefficients that are representative of the acquisition

capacities of said sensor;

- step involving the determination of the sampling matrix (B} is also carried out from at

least one of the following parameters:

- parameters that are representative of the frequency responses of all or some of

the sensors;

- parameters that are representative of the directivity patterns of all or some of

the sensors,;

- parameters that are representative of the orientations of all or some of the

sensors, 1.€. of their maximum sensitivity direction;

- parameters that are representative of the power spectral densities of the

background noise of all or some of the sensors;

- a parameter specifying the order in which the representation 1s conducted;



invol ving the determ nation of the encoding filters, to be issued; -
calibration step conprises, for at |east one of said elenentary sensors
form ng said acquisition nmeans: a sub-step involving the acquisition of
signals that are representative of the acquisition capacities of said at

| east one sensor; and - a sub-step involving the determ nation of
paraneters representative of electro acgustic and/or structural
characteristics of said at | east one sensor; calibration step further
conprises: a sub-step involving the em ssion of a specific acoustic field
toward said at | eapirafiafr SRR RO¥corSBIGH AL R dBeRHRRE e HOLECSPRRTNS
to the acquisition of the signals Issued by this sensor eh 1t I's exposed
to said specific aoosishd equaf tcelld; pang & thelvogtgpndingaoeifiderithia todebdsting of
said specific acougtic field in a finite nunber of coefficients, in order
to all ow sai d sub-S3&[ PHIFBISSEHEt he det ermination of paraneters that are
representative of electro-acoustic and/or structural characteristics of
the sensor to be carried out; - said calibration step conprises a sub-step
i nvol vi ng t hat camprides aratibratiod step hiktowingladiror sofeif giglasarhérats Be¢ in said step
representative of the electro-acoustic_and structural characteristics of
said seRyasbs deternination of gha snspding diliseatrsbe iwpiedh si gnal s are used
directly during said sub-step 6 involving the determ nation of the

el ectro-acoustic and/or structural characteristics of said acquisition
means; and - datibmtopsiepecongmises)fut asiceg alel afaid) ekhentary semweroforiing said
paraneters used during said step involving the determ nation of the

encodi ngdqYFHgR&Ieany he deternined. The invention also relates to a

conput er programre conprising progranme code instructions

- a sub-step involving the acquisition of signals that are representative of the

acquisition capacities of said at least one sensor; and

- a sub-step involving the determination of parameters representative of electro-

acoustic and/or structural characteristics of said at least one sensor;
- calibration step further comprises:

- a sub-step involving the emission of a specific acoustic field toward said at
least one sensor, said acquisition sub-step corresponding to the acquisition of
the signals issued by this sensor when it is exposed to said specific acoustic
field; and

- a sub-step involving the modelling of said specific acoustic field in a finite
number of coefficients, in order to allow said sub-step involving the
determination of parameters that are representative of electro-acoustic and/or

structural characteristics of the sensor to be carried out;

- said calibration step comprises a sub-step involving the reception of a finite number
of signals that are representative of the electro-acoustic and structural characteristics of said

sensors forming said acquisition means, which signals are used directly during said sub-step



for inﬁleneﬁting the steps of the nethod as described above, when said
programme is executed on a conputer. The invention also relates to a
novabl e support of the type conprising at | east one operation processor
and a non-vol atile nenory el ement, characterised in that said nmenory
conprises a programre conprising code instructions for inplenenting the
steps of the nmethod as described above, when said processor executes said
programme. The invention also relates t® a device for representing an
acoustic field that is connectable to acquisition nmeans conprising one or
nore ele ary.sensors i.ssui asurenent si.gnals en they are exposed
[o car d HE0 e 8 e aliRs edfe FRERHHNH Aty Seprpr ceatiaois of Fi
pr ocessiRguisiioniBansaent signals by applying encoding filters that are
representative of at |east the structural characteristics of said

acqui sition neans to these neasurenent signals, in order to issue a signal

that conpri sef a finite.nu er @f coeflfici enti reqpresent atigg over .tine
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coef fi CiigdISing!thOWdtiehiRatiohQFRSGRbab e (SR ghiagfnatic field to be
obtained that is substantially indepéndent of the characteristics of said

acqui sition neans. According to other characteristics of the invention:
encodi ng.fi.lters are alltso reE{E esentative of electro-acoustic . ,
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and/ or el ectro-acoustic characteristics of said acquisition n%a s; 7 said
means f creddedemi ppmputencodi ng filters receive at the input at |east one of
the followng paraneters: - paraneters that are representative of the
positions, relative to centre of said acquisition neans, of all or sone of

the sensmieShvention also relates to a movable support of the type comprising at least one operation
processor and a non-volatile memory element, characterised in that said memory comprises a
programme comprising code instructions for implementing the steps of the method as

described above, when said processor executes said programme.

The invention also relates to a device for representing an acoustic field that is connectable to
acquisition means comprising one or more elementary sensors issuing measurement signals
when they are exposed to said acoustic field, characterised in that it comprises a module for
processing the measurement signals by applying encoding filters that are representative of at
least the structural characteristics of said acquisition means to these measurement signals, in
order to issue a signal that comprises a finite number of coefficients representative over time
and in the three-dimensional space of said acoustic field, said coefficients allowing a
representation of said acoustic field to be obtained that is substantially independent of the

characteristics of said acquisition means.
According to other characteristics of the invention:

- encoding filters are also representative of electro-acoustic characteristics of said

acquisition means;

- 1t further comprises means for determining said encoding filters that are representative

of structural and/or electro-acoustic characteristics of said acquisition means;



- a finite nunber of coefficients that are representative of the
acquisition capacities of all or sone of the sensors; paraneters that are
representative of the frequency responses of all or some of the sensors;
paraneters that are representative of the directivity patterns of all or
sonme of the sensors; paraneters that are representative of the
orientations of all or sone of the sersors, i.e. of their maxi num
sensitivity direction; paraneters that are representative of the power
spectral densities of the background noise of all or sone of the sensors;
a paraneter that is representative of the desired conprom se between

faithful ness of ation of t oustic.field and mnim sati nof
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is representative of a list of coefficients, the power of which nust be
equal to the- powerpaminatdre tMraresgnmtntagvc:oéftlﬁa posidng, melhtne: wCommsdei af said el d
to be represented; 8.- i s as i at ed 'gh neans for determning all or
some of the paran@f@??“?@&@?ﬁ%& Bﬁogﬂ?EF R SESBYS: det er mi ni ng t he encodi ng
filters, said nmeans conprising at |east one of the follow ng el enents:
nmeans for i nputting paraneters; and/or calibration neans; it is associated
with means fer fornfinie nglnﬁmtcbfnecmiﬁcielnterthalsiag:rmémesehmti@e defr tHeoad¢quisition a

correspondi ng formatt Si
P g capaaethes of gﬂ or some of the sensors;

- parameters that are representative of the frequency responses of all or some of

the sensors;

- parameters that are representative of the directivity patterns of all or some of

the sensors;

- parameters that are representative of the orientations of all or some of the

$ensors, 1.e. of their maximum sensitivity direction;

- parameters that are representative of the power spectral densities of the

background noise of all or some of the sensors;

- a parameter that is representative of the desired compromise between
faithfulness of representation of the acoustic field and minimisation of the

background noise caused by the acquisition means;
- a parameter specifying the order in which the encoding is conducted,
- a parameter that is representative of a list of coefficients, the power of which

must be equal to the power of the corresponding coefficient in the acoustic

field to be represented;



A better understanding of the invention will be facilitated by reading the
follow ng description, given solely by way of exanple and with reference
to the acconpanying drawings, in which: Fig. 1 is an illustration of a
spherical reference figure; - Fig. 2 is a diagramillustrating the

acqui sition neans used; Fig. 3 is a general flow chart of the nethod of
the invention; Fig. 4 is a detailed fl®v chart of an enbodi nent of the
calibration step of the nmethod of the invention; Fig. 5is a detailed flow
chart of an enbodi ment of the step involving the determnation of the
encodi ng fi | tierssasedcidtéibwith tineads 6dr deermiimug ailioo somEiofj thebpdrsmatetheteativadby

di agram of an enpodi nent ,of the step i.nvolving the application of the
encodi ng@idi PEHSIOr deigrpinng thej epegy lagfewr%isa@lﬁaﬁ%fcogmar@mgc@ fepsttoneof the
sui t abl gofiAing@idnydnlg out the method of the invention. 9 Fig. 1
illustrates a“conventional spherical reference figure, so as to clarify the
coordi nate syst ermeasf doripplitting paratieters; ard/or This reference figure is an

ort honormal reference figure, having an origin O and conprising three axes
(OX), (OY) and (Q2). In this reference figure, a position nmarked x is
descri bed by _rrean%aggra{if,ﬁm%gllfgeri cal coordinates (r, 0, 0), whereinr
denotes the distance relative’'to the origin 0, 0 the orientation in the
vertical plane and O the orientation in the horizontal plane. In a
reference figure of .thjs.type, an acoustic field is known if the sound
pressuré nmar ﬁw aﬁi‘}c,‘a‘e‘{)‘:"”‘g ,"Petaﬁ ?‘trrﬁéﬂ}i@ﬂPﬁ &pid meaRUPmerh BEnakhiie RTHE tpisRed

P(r, 0, 3Qordes Wﬁ%rfghﬁt{dq qt es the frequency, is defined at each point
and at each |nstamt t. e

A better understanding of the invention will be facilitated by reading the following
description, given solely by way of example and with reference to the accompanying
drawings, in which:

- Fig. 1 is an illustration of a spherical reference figure;

- Fig. 2 1s a diagram illustrating the acquisition means used;

- Fig. 3 is a general flow chart of the method of the invention;

- Fig. 4 is a detailed flow chart of an embodiment of the calibration step of the method

of the invention;

- Fig. 5 is a detailed flow chart of an embodiment of the step involving the

determination of the encoding filters of the method of the invention;

- Fig. 6 is a detailed diagram of an embodiment of the step involving the application of

the encoding filters; and

- Fig. 7 is a block diagram of a device that is suitable for carrying out the method of the

invention.



The nethod of the invention is based on the use of spatio-tenporal
functions allowing any acoustic field over tinme and in three-dinensional
space to be described. In the described enbodi ments these functions are
what are known as spherical Fourier-Bessel functions of the first kind
referred to hereinafter as Fourier-Bessel functions. In a zone devoid of
sources and obstacles, the Fourier-Bessgl functions correspond to
solutions to the wave equation and forma basis that generates all of the
acoustic fields produced by sources |ocated outside this zone. Any

t hr ee- dignsgi; lnfat: £ @l r | :
conbi nati 'n,is(%?lm]ljla—j})egrcdiog‘&r:t{‘rllggtsl(gsdea]qe sﬁlaér%}[é% (})ér.lfgj%m%ﬁg%i ﬁg%tggo éwhﬁx%ggggridénnat%f

t he i nvaystemFeferriedto Babsedxt.t ransform which is expressed as foll ows:
P(r,B,Of)=4 irl ~9,.(f)j" ji(kr )y (OO r=o0 nm=-r 10 In this equation,
the ternms P1,,,,(1) are defined as the Fourier-Bessel coefficients of the

field . = fﬂgéljo- | ' f j bb e it O
nms"1), | th( ﬂ%re{.?%e i?%uere lé(s p?"{le{'sl ca ngggggﬁeéégﬁ%%ﬁfédgﬁgﬁt eoﬁi#s@ mllz(i{]%(gh%?gnggrlder
1, defi nbgehyey (OX)x)F)2xndJ@£).2(x) , wherein J,,(x) is the Bessel function
of the first kind of order v, and yf' (0, 0) is the real spherical harnonic
of order 1 and termm with mranging from-1 to 1, defined by: Y1'"(

21’ ?3; zp)f%%g?ﬁ?)e}r}{;fg)d%%r%?%ﬁbg: marke@S E MO HBBEE B) Fndins WIEHE sPhérfial LT 9
coordinates (r, 8, #), wherein r denotes the distance relative to the origin O, 8 the orientation

in the vertical plane and ¢ the orientation in the horizontal plane.

In a reference figure of this type, an acoustic field is known if the sound pressure marked p(r,
8, ¢, t), the Fourier transform of which is marked P(r, 6, ¢, f), wherein f denotes the

frequency, is defined at each point and at each instant 7.

The method of the invention is based on the use of spatio-temporal functions allowing any

acoustic field over time and in three-dimensional space to be described.

In the described embodiments these functions are what are known as spherical Fourier-Bessel

functions of the first kind referred to hercinafter as Fourier-Bessel functions.

In a zone devoid of sources and obstacles, the Fourier-Bessel functions correspond to
solutions to the wave equation and form a basis that generates all of the acoustic fields

produced by sources located outside this zone.

Any three-dimensional acoustic field may thus be expressed by a linear combination of
Fourier-Bessel functions, according to the expression of the inverse Fourier-Bessel transform,

which is expressed as follows:

P(ro.4.N=473 Y Pn(D)! jilkr )yr(0.0)

I=0m=-1{



7r In this equation, Pj(x) are the associated Legendre functions, defined
by: -="22+ (1-m! 2)m2 dmP (x 11 (1+m!(1l-xdxm P (x) wherein Pi(x) are
Legendre pol ynom als, defined by: P (x) 211! (x2-1 )1 The Fouri er-Bessel
coefficients are also expressed in the tenporal domain by the coefficients
pi m(t), corresponding to the inverse tenporal Fourier transform of the
coefficients P1,,n(f). In other enbodiggnts, the acoustic field is
deconposed on a function base, wherein each of the functions is expressed
by a potentially infinite |inear conbination of Fourier-Bessel functions.
Fig. 2 g 'th'i%teﬁaﬁtﬁo%, SNRIRE I Al dreaefléd hd HRFARRABedset @BHHTiLRhRDNhe field

el ementary sensors 21 to 2N These el enentary sensors are arranged at
specific
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may thus be expressed in space, in a spherical reference figure such as
that desgri i f : 1.g. tred om the.c &n sthe
acqui si ?feg%e??n@lé:ngﬁ?fif%@r%?@%%ggggfe#gdgﬁngﬁgﬂgfﬁ?g‘ mﬁ*&g’ﬁ?’g‘g{gﬁ sgvrgsolrs 2n of
the acquisition means | issues a neasurenent signal c, which corresponds

to the rMessalforasion ofethe fisst kiné of erdssrv, apd ¥hed, @S Be real splgrigapharmpuuc of
acqui si ti(ﬁ)nlrregl[]s 1 thus issue & Bqulraliidteﬁng bs_i gnals cl to CN, which are
the si g/P5HE /gPd {0 MR 1 raREIRE 9 THR S4Bt P¥ field P by the acquisition

means 1. These neasurenent sigpn Cpld L ssiHed by the acquisition nmeans
| are thus directly rel ated t%ﬁ#ﬁ@ g%é%ﬁ%ﬁ%#%ﬁﬂcapacities of the

el ement Hnerggnsors 21 to 2N.

:71-005( mg) where m>0
T
trg m{ 9)=+ Uiljr where m=0

1 .
—=sin{ m where m<0
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In this equation, P;"(x} are the associated Legendre functions, defined by:

- dm
Bme)=y 2L [P 1 yme 2 ()

wherein P/(x) are Legendre polynomials, defined by:

dl
P, (0)=hrgr(x*-1)

The Fourier-Bessel coefficients are also expressed in the temporal domain by the coefficients

Pim(?), corresponding to the inverse temporal Fourier transform of the coefficients P; (/).

In other embodiments, the acoustic field is decomposed on a function base, wherein each of

the functions is expressed by a potentially infinite linear combination of Fourier-Bessel

functions.
Fig. 2 illustrates schematically acquisition means 1 comprising N elementary sensors 2; to 2n.

These elementary sensors are arranged at specific points in space around a predetermined

point 4, designated as the centre of the acquisition means 1.



Fig. 3 illustrates a general flow chart of the nethod of the invention. The
nmet hod starts with a step 10 involving the inputting of paraneters and a
step 20 involving the calibration of the acquisition neans, which allow a
set of paranmeters that are representative of the structural and/or

el ectro-acoustic characteristics of the acquisition neans 1 to be defined.
Sonme paraneters, in particular paranetg[s that are representative of

el ectro-acoustic characteristics, are frequency-dependent. The inputting
step 10 and the calibration step 20, which will be described in greater

detail et Posi®irebEREEN E:l%nl:énﬁhgy 4endFMmBPE tid be %ﬂpl@bgedslhniﬂatanmohlsdpheﬁlfall n
any order. Equally, the method of the invention may ngrl se only the
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i nput t i mefessmesp figore stk ap Hptdescribedswish rafereapelta Rig. zc,anems on die féftnérﬁ D the | ow
all or sonme of the followng paraneters to be determ ned for one or nore
sensor: 9" Pﬁl‘?ﬁaﬁ?g X n that are representative of the position of the
sensor 2" reI ative to the centre 4 of the acquisition neans 1, which are
witten in spherical coordinates (rr,,0,,,0"); - paraneters dd(f% that are
r epr eserhen expased tth eandiqosstic ﬁcldyPchaalgrsamﬁooﬁn tdethe @n@mltlgr,l ,rpeanﬁh deuPFRy

k I O0.and 1 d he d 2"
o be HSEHTERL B “%ile%o R e T RS

di agrangmoﬁsfucqie((j)n 0, the sensor is omidirectional if d(f) %, the
sensor is cardioid if d(f) = 1, the sensor is bi-directional; pararret ers
a(f) that are representatlve of the orientation of the sensor 2, i.e. its

maxumm ensi t ty direction Wnch i.ven by the

o (1) Thegaasmbpnfacas Tihys R biiguhlofhisih & ve: whtfid ﬁwfms(@%
responsen&su&%nﬁmﬁeac&sm ﬁef&@*ﬁfﬁﬁ%@lm@i@ionfn%nwch frequency f, to the
sensitivity of the sensor 2" in the direction a,, f );

These measurement signals ¢; to ¢y issued by the acquisition means 1 are thus directly related
to the acquisition capacities of the elementary sensors 2; to 2.

Fig. 3 illustrates a general flow chart of the method of the invention.

The method starts with a step 10 involving the inputting of parameters and a step 20
involving the calibration of the acquisition means, which allow a set of parameters that are
representative of the structural and/or electro-acoustic characteristics of the acquisition means

1 to be defined.

Some parameters, in particular parameters that are representative of electro-acoustic

characteristics, are frequency-dependent.

The inputting step 10 and the calibration step 20, which will be described in greater detail

with reference to Fig. 4, may be carried out simultaneously or in any order.
Equally, the method of the invention may comprise only the inputting step 10.

The inputting step 10 and the calibration step 20 allow all or some of the following

parameters to be determined for one or more sensor:



parane&ers"'(f) that are representative of the power spectral density of
the background noise of the sensor 2,,; - paraneters B,,,1,,,,(f) that are
representative of the acquisition capacities of the sensor 2,,, i.e. of
the manner in which the sensor 2" gathers information on the acoustic field
P. Each Biil,,,(f) is thus representative of the acquisition capacities of
a sensor and, in particular, of its p ﬁ%tion I n space, and the total of

B,,,f,,"(f) is representative of the s ling of the acoustic field P
carried out by the acquisition nmeans 1; a paraneter 11(f) specifying a

' bet faithful f t at.. f, th ' ield P
and i mi s aPPBTRGES pire UL GG TR ABI e B Sacived hyns hPeERRTANG o 1 “op
d bei R . . . q — he .
backor odg b L5 sLAiGud el LERPFRRERQ RSt ical fooRnmtep (n P i ol
13 a paraneter L(f) specifying the order in which the representation is

conducted; and - a paraneter {(lk,nk)}(f)_that, is representatjve of list
of coef Fi ci ePRERMeigse dfdliiat gre TapRGsEMatyis of Hi Vity SIRHBM WS 58?505??6’
corresp ' fici [ ' | ; . tol
il 1 VLD e ek Valles bBlclf (PR CRACaldyR feldh ey e SAROER I
consi derdestribed be a chmbinacion yf bimdiirentiant andihedipationdtdgagsargs:), L(f) and
{(lk,nmk)}(f) are representative of optim sation strategies allow ng
optimal extraction of spatio-tenporal information on the acoustic field P

from ng@;a@gg@g%?&5gﬂqggm@hfﬁgfgﬁh and are inputted during the inputting

step 10. parane ers %ay be input during the inputting step 10 or

det er m ned, 0 ahé bansesisichrdadiion step 20. In sinplified enbodi ments, the

met hod of the invention s carried out only with the
if d,(f) = 1, the sensor is bi-directional;

- parameters a,(f) that are representative of the orientation of the semsor 2,, i.e. its

maximum sensitivity direction, which is given by the angle couple (67.¢¢)/);

- parameters H,(f) that are representative of the frequency response of the sensor 2,

corresponding, for each frequency f; to the sensitivity of the sensor 2, in the direction af);

- parameters o’,(f) that are representative of the power spectral density of the

background noise of the sensor 2,;

- parameters By, ;.(f) that are representative of the acquisition capacities of the sensor
2., i.e. of the manner in which the sensor 2, gathers information on the acoustic field P. Each
B,.1(f) is thus representative of the acquisition capacities of a sensor and, in particular, of its
position in space, and the total of B, ;m(f) is representative of the sampling of the acoustic

field P carned out by the acquisition means 1;

- a parameter p(f) specifying a compromise between faithfulness of representation of
the acoustic field P and minimisation of the background noise produced by the sensors 2, to
2y, and being able to take all values between 0 and 1:

- if u(f) = 0, the background noise is minimal;

- if y(f) = 1, the spatial quality is maximal;



paranéiers t(f), L( and all of the parameters x,,, or all of the paraneters
Bn,|.m(f) or a conbination of paraneters x n and Bn (,n(f), so that there
is at |east one paraneter per elenentary sensor 2,,. O course, all or
sone of the paraneters used may be issued by nenories or dedicated
devices, it being possible for an operator to equate these processes to the
direct inputting step 10, as describe Foll ow ng the input step 10 and/or
the calibration step 20, the nmethod conprises a step 30 involving the
determ nation of encoding filters that are representative of at |east the
structural characteristics, and advantageously the el ectro-acoustic
characteristics, of the acquisition neans 1. 14 This step 30, which w !l
be descri bed aipargeaet H) sgpetifiyihg victdnderdf ethéohcthe teprésegtatibn issdohduwgedlandt he
paranmeters determ ned during the input step 10 and/or the calibration step
20 to be taken into account. These encoding filters are therefore
representative l,gast (5 t.ef:diSid ary
sensors 2" re %?%Egk{éafﬁg}pgﬁgﬁg%g r%%?%peé%§f1fﬁzﬁg%%§?%?¥$gﬁe bgﬁgﬁ%_
Advant aggfitishyist @il fo the @osvenoethalcenespondmgant Hiciane irofheakctesticigld od be al
characteristics of the acquisition neans 1, such as the orientation or
nmut ual ireifrPseBifdes of the el ementary sensors 21 to 2N, and also their
el ectro-acoustic acquisition capacities and, in particular, their
background noise, their directivity diagram their frequency response, etc.
The encaflisipgplifidd enBodiffentsnall d@tsohitcolitd ddsciibe] piramelts amycdmsidetadr edbe SO
that the steps 10, 20 and 30 are only repeated in the event of
nodi f i cdfeqBencyfindepsndtiui siti on means 1 or optinisation strategies. These
encoding filters are applied during a step 40 involving the processing of
signals cl to OCN derived fromthe el enentary sensors 21 to 2N

The parameters u(f), L(H) and {({,,ms)}(f) are representative of optimisation strategies

allowing optimal extraction of spatio-temporal information on the acoustic field P from
measurement signals ¢; to cn, and are inputted during the inputting step 10. The other
parameters may be input during the inputting step 10 or determined during the calibration

step 20.

In simplified embodiments, the method of the invention is carried out only with the
parameters u{f), L(f) and all of the parameters X,, or all of the parameters B, m(f} or a
combination of parameters ¥, and B,:.(f), so that there is at least one parameter per

clementary sensor 2.

Of course, all or some of the parameters used may be issued by memories or dedicated
devices, it being possible for an operator to equate these processes to the direct inputting step

10, as described.

Following the input step 10 and/or the calibration step 20, the method comprises a step 30
involving the determination of encoding filters that are representative of at least the structural
characteristics, and advantageously the electro-acoustic characteristics, of the acquisition

means 1.



The priocessing entails filtering the signals and conbining the filtered
signals. Following this step 40 involving the processing of the neasurenent
signals by applying encoding filters thereto, a finite nunber of
coefficients representatives over tine and in the three-dinensional space
of the acoustic field P is issued. These coefficients are what are known as
Fourier-Bessel coefficients, marked Pj j4n(f) and correspond to a
representation of the acoustic field P that is substantially independent of
the characteristics of the acquisition neans 1. It would therefore appear

that theped80g0 Al nikh Sill B @Rédrided & Fﬂ‘ﬁ&r dethB i reker&RRI6 Fog A tbilows afl thé he
acoustic tireld of which the tenporal and spatial characteristics are being

t r anscr ipamthetersddetesuimed dogog gictinmn stepalisandrar taseadibratienmsiap. 2Uto bg @ken wies a
flow chart of an enbodi nent of the calibration step 20. In this enbodi nent,
the cal Ppt%¥-on step 20 allows the coefficients which are representative
of the acquisition capacities of the acquisition neans 1, to be determ ned
directly. This step 20 starts with a sub-step 22 involving the em ssion of
a speci fTheseemoginigefifiérelac: themfiare depiesendaiyei of i at ileast theapusition ehagaaigristics of

sub-step 24 involving the acquisition of neasurenent .signals by the
acqui si thoFICHERAL ?ng‘?{ﬁgs@gﬁ{‘@t?H’&rﬁﬁff{‘?ﬁamﬁggﬁgﬁ}e@c‘ﬂ?‘éﬁtﬁp ngs sub- st eps
22 and 24 are repeated for a plurality Q of specific different fields, and

require nmeans for generating specific acoustic fields and neans for
di spl aciAdyaatagdémrsly, ohest iftigrs drbalsacepresdntation afedres structfod charactptisticstdighe

calibration step 20 is carried out .using neans, for erating an acqustic
field tREEUREPBMPARD i s WerorigatatipR qrdpBiak tlueyses 6 e lquetads PRl o
poi nt | quds ,ea}f&rals&ameigge@c&d- ubt e GUGREINioh CERADEs idee ioydareakerhand

the acquisition mans 1 being plac I n  an anechoi ¢ environment.
background noise, their directivity diagram, their frequency response, etc.

The encoding filters obtained at the end of the step 30 may be stored, so that the steps 10, 20
and 30 are only repeated in the event of modification of the acquisition means 1 or

optimisation strategies.

These encoding filters are applied during a step 40 involving the processing of signals ¢; to

cn derived from the elementary sensors 2, to 2n.
The processing entails filtering the signals and combining the filtered signals.

Following this step 40 involving the processing of the measurement signals by applying
encoding filters thereto, a finite number of coefficients representatives over time and in the

three-dimensional space of the acoustic field P is issued.

These coefficients are what are known as Fourier-Bessel coefficients, marked P,n{f) and
correspond to a representation of the acoustic field P that is substantially independent of the

characteristics of the acquisition means 1.

It would therefore appear that the method of the invention allows a faithful representation of
the acoustic field of which the temporal and spatial characteristics are being transcrbed,

whatever acquisition means are used.



I n each geﬁerating sub-step 22, the | oudspeaker emts the sane acoustic
field and the acquisition neans 1 are placed in the sanme position, but
they are oriented in different and known directions. It is, of course,
al so possible to displace the | oudspeaker. Therefore, in the reference
figure of the acquisition neans 1, the | oudspeaker is in a different
position for each field g generated. Thg acquisition neans 1 are thus
exposed to an acoustic field q, the Fourier-Bessel coefficients of which
Pi,mqg(f), inthe reference figure of the acquisition neans 1, are known

up to a given order, marked L3. 16 In the described enbodi nent, the
measurenment signals issued follow ng the acquisition sub- step 24 are a
finite rmigleitiustatesaefdw chanbfar émbodiment efphecdibtaion\sep®0. t he gener at ed
acoustic field q, as well as of the acquisition capacities of the

acqui sition neans 1. The paranmeters L3 and Q are selected so as to respect
the congityon, %)ﬁﬁmegi;?’tﬁ% gafibé%gnétgp?%uﬁhéﬂvs e DEDRM 1S BO5 S u%ﬂﬁnﬁ*}’ are
conprises a nodel'Ting’sub-step : 'owm ng a representation’of the Q
acoust i Gefire@ntiive oft the chcuikitiof dapacidiedd of tigpadpidiorbenedas at o rieddetérmined
nmodel ling matrix P that is representative of all of the known fields Qto
whi ch t erectequi sition means 1 are exposed in succession, is thus

determ ned during the sub-step 26. This matrix Pis a matrix of the size
(L3+1)2 over Q conprising elenents P1.,,,.q(f), the indices (1,m

desi gnatThigstepe20r sturt{ dathlaahb-sep @2t hiwolvive theqerdBsioyrdtd specifie acmistendiell The
matrix P therefore has the following form PO Q1 f) Po,0,2(f) ,..... Po o
Qf) Ptoward( the acquimiign means 1,pand witl ) subpsiem 24 invopring Ahg jacquisition of

P.O Qf )meagareijrfegn( s/i%na]rs We)acquisition nfearts %:'fqgosed to the emitted acoustic field.

Theses sub-steps 22 and 24 are repeated for a plurality Q of specific different fields, and
require means for generating specific acoustic fields and means for displacing and/or rotating

the acquisition means 1.

For example, the calibration step 20 is carried out using means for generating an acoustic
field that merely comprise a fixed loudspeaker, which is assumed to be a point loudspeaker
having a flat frequency response, the loudspeaker and the acquisition mans 1 being placed in

an anechoic environment.

In each generating sub-step 22, the loudspeaker emits the same acoustic field and the
acquisition means 1 are placed in the same position, but they are oriented in different and

known directions.
It is, of course, also possible to displace the loudspeaker.

Therefore, in the reference figure of the acquisition means 1, the loudspeaker is in a different

position (77,0, ¢:7) for each field ¢ generated.

The acquisition means 1 are thus exposed to an acoustic field ¢, the Fourier-Bessel
coefficients of which Pymq(f), in the reference figure of the acquisition means 1, are known

up to a given order, marked L3.



PL' -L~,Ilv ,PLC -Ls,2v ...... PLC, -L, Qv PL3010 PL302(h ..... PL30QL11 L
PL,,L3,1v) PL,,L,,2( 1...... PL,.L,,Q In the described enbodi nent, the
acoustic field produced by the | oudspeaker is nodelled by spherical

radi ation, such that, in the reference figure of the acquisition
coefficients Pi,,,,,q(f) of each acoustic field g thus generated are known,
relationship: ~7. ' j2lrrg f {~ RmR(fg ' ~-- e' ~f(r9P, f)Y | e4p’' oRp)
nmeans 1, the owng to the wherein 17 -k k=01 (1+k)! j2rrgP 1(rgp~~ 2kk!
(1-k}! C The coefficients obtained in the sub-step 26 are then used in a
sub-step 28, in order to determ ne paraneters that are representative of
structural and/or sound characteristics of the ui si.tion neans, 1. In t he
descr i bdu thmdrsdiibasnembadiingnts ths-measprepgnhsigezly %Bedc %ﬂ: lowpags fhej asguisiionspbp

et or m eP1 Shewsre S FpRbECo ol TP ale feFyBh) SR dgheldll acquri

cn, q(t) fRickad wil Blof iHteacquisRisn dafaadme"seﬂmer@qunnro@aﬁmq to Q known flel ds.
This matrix Cis a matrix of size N over Q conprising elenments Cn, q(f),

t he index n designating the row n,

The parameters L; and Q are selected so as to respect the condition: Q > (L 1)

Advantageously, the method subsequently comprises a modelling sub-step 26, allowing a

representation of the Q acoustic fields emitted during the sub-step 22 to be determined.

A modelling matrix P that is representative of all of the known fields () to which the
acquisition means 1 are exposed in succession, is thus determined during the sub-step 26.
This matrix P is a matrix of the size (Ls+1)° over O, comprising elements P;  ,(/), the indices
({,m) designating the row (P+i+m), and the index g designating the column ¢. The matrix P

therefore has the following form:

Pool(f) Pooz(f) """ uog(f)
1 ll(f) Pl 12(f) """ JP1 lQ(f)
Pl.o.l(f) P]uz(f) """ Plog(f)
}Jl.lll(f) A, 12(f) """ A 1g(f)

P, . 10) i 3,2(1‘) ...... PL;.-L_s,Qm
LOlm LOZU) """ PL,O_,QU)

In the described embodiment, the acoustic field produced by the loudspeaker is modelled by
spherical radiation, such that, in the reference figure of the acquisition means 1, the
cocfficients Pin,(f) of each acoustic field ¢ thus generated are known, owing to the
relationship:

rrdi

H,m-qmz r;,p ¢ g(qup!f)yl (9$p5¢';‘p)
q

wherein



and the index g designating the colum . The elenents Cn,q(f) are deduced
fromthe signals c¢n,q(t) by Fourier transformation. The matrix C therefore
has the following form C1,10 C1,20...C1I,QvI (C2:10C2.2W..C2 W

CN, IMCIV2~/1 .C, QV) The matrix Cis representative of the acquisition
capacities of the acquisition neans 1 and the Qemtted acoustic fields.
In the described enbodi nent, the coeffygients B,,,t, m(f) are determ ned
fromthe matrices C and B, during the sub-step 28, using conventional

met hods of general matrix inversion, applied to the relationship that

links Cto P. For exarrple t he cqeffl g }y are placed in a
matrix B that is deterng }”&vgl g&&aﬂ%nshlp B=CPr (P
PT)-1 Bis a matrix of S|ze ?(klf‘éﬂl ]2)' onpra si coefficients the
i ndex n designating the rown and the indices ( ls) éé e col um
12+1+m Theecaphlicients pbiainadeinoths RRSICR KB are gk lF‘oFrFP fge ’oq'b(’%f
B1,1,-1
) BZ I ?A%te%lr%ﬁé}létﬁlg]tgﬁl b gyre]sgﬂﬁlvé'%(/s aféér(tﬂ’%ﬁso%nﬁl %ﬁmgveﬁs?c(soc:{l -tl-le

L} L(a‘cqv)1s1tanmeaBQ1L3 L30 . BNL30J .. BN, L3 L3( 1 These sub-steps 26 and

28 are carried out for each operat_i ng frequency, and the coefficients thus
determ ned directly formthe paraneters that are representative of the

acqui si trj, o 4 LBRA dritdtiBint! AR A6XHpSIS LN MSmddelling matrix P determined in
the sub-step 26.

This sub-step 28 starts with the determination of a matrix C that is representative of all of the
signals ¢, ,(f) picked up at the output of N sensors in response to & known fields. This matrix
C is a matrix of size N over Q, comprising elements C, ,(f), the index n designating the row »,
and the index g designating the column g. The elements C, 4(f) are deduced from the signals

cn 4(f) by Fourier transformation. The matrix C therefore has the following form:

G.() Cu(f) ’ 'Cl,Q(f)
CZ.‘i(f) Cz,g(f)' ’ 'Cz.g(f)

CN,'I U)ijz(f} ’ CN.;QU)

The matrix C is representative of the acquisition capacities of the acquisition means 1 and the

QO emitted acoustic fields.

In the described embodiment, the coefficients B, (/) are determined from the matrices C and
B, during the sub-step 28, using conventional methods of general matrix inversion, applied to
the relationship that links C to P. For example, the coefficients B, ;,(f) are placed in a matrix
B that is determined by the following relationship:

B=CcP (PP’

B is a matrix of size N over (L;+/)° comprising coefficients B, x(f), the index » designating
the row » and the indices (/,m) designating the column P +]+m. The matrix B therefore has

the following form:



The shb-st'eps 26 and 28 of the calibration step 20 may be carried out in
various ways, as a function of the paraneters that have to be determ ned.
For exanple, in the case where the calibration step 20 allows the position
x N of each sensor 2" to be determ ned, the sub-steps 26 and 28 use the
propagation tines of the waves emtted by the |oudspeakers to reach the
sensors 2,,. The position of each sens 2" is determned wusing at |east

t hree propagation tinme neasurenents, according to triangulation nmethods. In
anot her case, when the | oudspeaker emts a given inpulse, the sub-steps 26
and 28 allow the inpulse responses of each sensor 2" to be determined from
the signals c,,,9(t). Standard nethods for determ ning inpul se responses,
such as M.S ( i en ) nceEy... jor e, (&.e pisedAn this case.
Advant ageousl| ,él’Wcél‘f a?'i"d’?ﬂgéb O%I‘Lb’"éwgl‘%ét"fo-a(%ﬁs‘t

characteri sti csBm,o(ﬂlfé,lse(ﬂS@x&(ﬁth,:b@{)'deﬁ'ﬁr,rﬂj(ﬁ)&d.le,L%U(fhélﬁgggl@w by

determ ning the directivity di agram of eaéf‘f sensor 2" for each|given

frequency f, fiop e | e, d m phngg t he fa.equen r.gspon of each
sensor 2" for %"”b‘i@rﬁ"i'wj oﬁf"’w&c’t’mns.m%#z sed‘b‘thadé;"sa or some of

the follow ng paraneters are determ ned: 19 paraneters a,(f) that are
representative of the orientation of each sensor 2,, i.e. of its nmaxinmm

sensi ti vipky. QJ&[&' iﬁnanggiiivﬁ@ AiddSut aBOLt LA ﬁg@ﬁting)ﬁ(eﬁ)lencyf Qhd el ebffichaits

directivity agramadmts a maxinmumto t conmon frequency f; paraneters
H Wt hattnar deteryines elieetly fermf the hgarémetausethal are sepaseatative eefc hes aguigmtian i n
the maxi num sensi tivity. direction, which thus corresponds to the val ue of

t he di r SBRACKIGEP ﬁlﬁa&@‘t“é‘l’ﬁop@?eapﬁg direction (0, ,q?)(f) ; and parameters
d"(f) that are representative of the directivity diagram of each sensor,
which allows the directivity of each sensor to be described by a nodel
conpr i siThg sab-sepstat mat i28rofahe catibrdiicrestep 30 ahayalraicdsiiediontut varieab wWiyagsas

oriented in the direction ax(hf), .
function of the parameters that have to be determined.

For example, in the case where the calibration step 20 allows the position X y of each sensor
2, to be determined, the sub-steps 26 and 28 use the propagation times of the waves emitted
by the loudspeakers to reach the sensors 2,. The position of each sensor 2, is determined

using at least three propagation time measurements, according to triangulation methods.

In another case, when the loudspeaker emits a given impulse, the sub-steps 26 and 28 allow

the impulse responses of each sensor 2, to be determined from the signals ¢, 4(¢).

Standard methods for determining impulse responses, such as MLS (maximum length

sequence), for example, are used in this case.

Advantageously, the calibration step 20 allows electro-acoustic characteristics of the sensors
to be determined. It then starts by determining the directivity diagram of each sensor 2, for
each given frequency f, for example, by determining the frequency response of each sensor 2,

for a plurality of directions.

In a second stage, all or some of the following parameters are determined:



using the followi ng directivity model: 1 -d,(f) + d"(f) cos(r 0)) wherein
a"(f). (O 0) designates the scal ar product between the directions a(f) and
(B, 0). This paraneter d,(f) nay be determ ned using standard net hods for
estimating paraneters, for exanple by applying a nethod of |east squares
that provides the value d(f), which mnimses the error between the rea
directivity diagramand the nodel |l ed dijgectivity diagram Advantageously,
the calibration step 20 also allows the paranmeter ¢ "(f) which corresponds
to the power spectral density of the background noise of the sensors, to

be determ “e%ﬂlﬁ rss&,,g?ﬁ{at El%gt?ﬁtgséﬁfaﬂ\%%fstﬁé@ﬁénta?{foni(ﬁ" daBN SeRbrEd eUBf fir i ng

this step 20, In t?’ue absence n acoustic field. The paraneter o' ,(f) is
det er m REgkimMGiN Serl¥RIVING Odirdclbn, e giverilyl the ARVET (O59@)r fir Whithi thy, disstititas

t he so-call ed periodogram net hod, for exanple. Depending on the

enbodi nelidgsam abimitera rsodimunf to shdehreps figgudnoy 8 are repeated, in order, for
exanple, to allow a plurality of types of paraneters to be determ ned,
wherein some sub- steps nay be common to the determ nation of various types

of paraneter ﬁ)haregﬁ)et%% %ﬁzltﬂap Eﬁtrg}g'@se?ﬁzﬁﬁ'e%g éﬁ?éfiffr: RS fEpGRE bF B5bHhs 4D, Y

means ot her an t escrib suc Ct ‘measuring neans - for
exanpl e thelsiangmumaseasitioity dixectom, lwhicke dlsusr ¢omgspdres poshe ivelueodf theaditectivity

el enentary sensor 2" relative to the centre 4 of the acquisition neans 1.
Fur t her rdb¥gsam fercthe diregsica (7Y 3nd0 nay carry out a sinmulation, using a
conputer, for exanple, of signals that are representative of the
acquisition capacities of the elenentary sensors 2,,. It would therefore

appear that ﬁ%}aﬁnéi@#s! ﬂgﬁig%ﬁtﬂﬁg trg;{ﬁe's’é%ta’%ideocyﬁtt@l direRfivieP Wagfhm! S cqRAr SWBITET S

that are representativ ructural and/or el ectro-acoustic
char act evhielt iatlowsf the hdireciwiyicfi ¢achnsemeamn® be deirdiedabye aizwdlel gompgsmeea st ep
30 involving the determ nation of the . . . . o
combgllnation of omnidirectional and bl-gllrectlonal diagrams oriented in the direction ax(f),
using the following directivity model:

1 — du(f) + du(f} cos( an(f).(6, &)

wherein a,(f).(6, #) designates the scalar product between the directions a,(f) and (6, ¢).

This parameter d,{f) may be determined using standard methods for estimating parameters,
for example by applying a method of least squares that provides the value d(f), which

minimises the error between the real directivity diagram and the modelled directivity

diagram.

Advantageously, the calibration step 20 also allows the parameter oz,,(f) which corresponds to
the power spectral density of the background noise of the sensors, to be determined. The
signal issued by the sensor 2, is thus picked up during this step 20, in the absence of an
acoustic field. The parameter &(f) is determined using methods for estimating power

spectral density, such as the so-called periodogram method, for example.

Depending on the embodiments, all or some of sub-steps 22 to 28 are repeated, in order, for
example, to allow a plurality of types of parameters to be determined, wherein some sub-

steps may be common to the determination of various types of parameters.



encoding filters, to be determined. Fig. 5 illustrates a flow chart of an
enbodi nent of the step 30 involving the determ nation of the encoding
filters. The step 30 conprises a sub-step 32 that involves the
determnation of a matrix B that is representative of the acquisition
capacities of the acquisition neans 1 or sanpling matrix. In the described

enbodi nent, the matrix B is determ ned 6romthe paraneters xn, H'(f),
da'(f), a"(f) and B,,,,,,,,(f) and is M matrix of size N over (L(f)+1) 2,
conprising elenents B,,.r,,,,(l), the index n designating the row n, and

has t he

B1, I, 1( fas HirectBleakuritd thearl - for @MmpleBlsitg Ihean%]foB@Bptﬂc.a]lHﬁehsdrinf‘thé Eosition of
B2,0,0111B2,1111182,110182, 111(1...B2L.--L(1) .B2LLO{1)'.' BZ, L;L1l)

BN, O, O epd8N:1gmentadyBindorQy1entive to(thd cepe ¥, abithe acqpiNitionreeangdeci fi c el enent s
of the matrix B nmay be determned directly during steps 10 or 20. The
matrix B is then supplemented with el ements determned froma nodelling of
the sengQtfernfore, thet ElIbrAMROSLTEN mafaGhySERSL situlafioR]DERhd dcdiipide) Gont
sensor placed in the position z n, exhi Bi ti ng a directivi t%/ conposed of a
conbi natexamplef o signdisrtbatt arerrapreagrdatbic- ofi the cicijwisgion ahpagjtiesre! die plementary on

dwW oriented i’n the direction a®"O and having a frequency response H.
SENSOrs 2n.

{he e S afhualiin S85 0L A8 bESBeh B htMs hG mARHLL Bohber, Shar ©

It would therefore appear that this calibration step 20 allows all or some of the parameters
that are representative of the structural and/or electro-acoustic characteristics of the
acquisition means 1, which are used during the step 30 involving the determination of the

encoding filters, to be determined.

Fig. 5 illustrates a flow chart of an embodiment of the step 30 involving the determination of

the encoding filters.

The step 30 comprises a sub-step 32 that involves the determination of a matrix B that is

representative of the acquisition capacities of the acquisition means 1 or sampling matrix.

In the described embodiment, the matrix B is determined from the parameters X ,, Hy(f), du(f),
a(f) and B, (f) and is a matrix of size N over (L(H)+1)*, comprising elements B, ;n(f), the
index n designating the row n, and the indices (/m) designating the column P+i+m. The

matrix B therefore has the following form:

Bl,o.o(f) B1,1,-1(f) Bl,l,o(ﬂ Bl,l,l(f)' "BI.L,—L(}‘)' " Bl.f_,o(f)' "B1,L,L(f)
Bz,o,o(f) Bz,l,_-l(f) Bz‘lgo(f) Bz,l.,l(f)' e Bz,L,_—L(f)' ) 'Bz,L,o(f)' ’ 'Bz,L‘,L(f)

BN,o,o(f)BN,l.—l(f)BN,l,o(f)BN,l,)(f} T 'BN,L,—L(f)' ' 'BN,L,O(f)‘ ' 'BN,L,LU)

Specific elements of the matrix B may be determined directly during steps 10 or 20. The

matrix B is then supplemented with elements determined from a modelling of the sensors.



The conpl enentary elenents B,,, j n(f} are then deternined according to the
relationship: Bn,r,m1)=4JtHn(f) j' x j(2-d*(f))jr(krn) vy,-(& O%) -j d,,(I)
~*L(kr. )yl (Sn, f~n)ur - 11 ) Rrml(cosOn)trgmQue + n 31 nn) Yr m(B",
"f'Mu) wherein j*r ( ~) =f,-1(krn) - (1+1) jr+,(krn) 2r 1 R (cos 8n
and wherein + 1(1I + 1)P (Cos 0, ) when m=0 {1-m(1 -+M+ 1) V(1 + m(1-

m+ 1) PMtj | (cos Bn) - Pm' (cos BnC%IMen 1:- m:51-1 -P1-' (cos O,)

when m=1 _ 2 2 ur=slnansinQ, (f)cos(Oh=0n (f))+cosQ,,cosOn(f) ue=cos9n
sinOn (f)cos(g5 -cn (f )) - sInO cosOn (f ) uG=sinOn (J)sin(O (j)-0n) In
the event of the.sensors beln ari e adi al.ly, the atipnshi.-p admts a
Si ol or T 4 cBBOEBRE cath 3SRt iyt mqeisd b ainsendor hutcEn Th B BAHORE |

yr (Bn, 4)nivh t1r% Wdliecn&l{‘)f codmpoded BH( 4 JeoRfbinhtidd ofinmtREctRMal AR Hi-ﬂ'ﬁ’@étio%@ls a
sub-step 34 i1nvolving the determ nation of an intercorrelation mtrix A

t hat i s digpimasehpmpostionaf.(f), eiestiediih sid diyechiet wa@hartchizavsigya dieguericytrespohle
| ssued ty 0’;) he

The complementary elements B, ; »(f) are then determined according to the relationship:

B, n\)=47HA(f) J! x{(l_d”(f))jf (kra) yr(Onsn) = J du(f)

(j*; (b Yy (Bn i yi: L) Rf(cos0,rsgn( g + LD y:m(en,¢n)u¢)}

wherein
ke = L)~ (1) o)
FIEDIACTS: e =0
R (cos@,) =+ \/(l-m)(l; m+1) P (cos8,) - JU+ m)(; —m+1) P (cos8,) whenl<sm</-1
- \/%P’H (cos@, ) whenm =1

and wherein

1, =sin@. sin B¢ (f)cos( ¢.—d2(f)) + cost. cosO#(f)
uy=cost, sin B2 (f)cos( g. —g2(f)) — sinb. cosOF(f)
us=sin B¢ (f)sin( gx()—¢»)

In the event of the sensors being oriented radially, the relationship admits a simpler

expression:

oy — (1+1) ol
B, 1wl )=47 Hulf) j' Y7 (Onsthr) ((l—dn(f)) (k) = j da() L2 25{:11) Jif )]



sensors 2t to 2N, owing to the fact that these sensors 21 to 2N carry out
nmeasurenents on a single acoustic field P. The matrix Ais determ ned from
the sanpling matrix B. Ais a matrix of size N over N, obtained by neans

of the relationship: A=BBT Advantageously, the matrix A is determ ned nore
precisely using a matrix B that is supplenented up to an order L2,
according to the nethod of the precedigg step. Since the matrix A nmay be
expressed solely as a function of the fatrix B, the sub-step 34 involving
the determnation of the intercorrelation matrix A may be considered as an

I nt er rediate c ' t | [ : her
ub- st o e ithblsBftsd £5ut 886 A E REaBEARRRUELE, LRI, g
the det efdfiinad i iDfepidiemanadoN thenGiinilavity Bef®gert hatsigimly epreeeivsadd be tid t he
encoding filters for a given frequency. The matrix E(f) is determined from

t he nat SERSOSS A Wndh, BWARRItY thenfaethiBatBesentenears 21 (g ZMCAITY out MEARKRFENS OB
20. Th frix. ELF ) o tri i f)+ : ,
2|n enent §F c ?#oh%&%c)%elé rI_l" Thénd xé;'élxif ?%tﬁ%l“égds Iﬁ'gﬂl the Lar)lﬁ;llgé/ B gi‘?rﬁ%{ hmat

e rndic RatT ng Frow 1 and the
I ndex n ggteizk ANGer MY obthed BY Wigansof thogelatiBishipx E(f) therefore has the
following form E1,1;1(f) B . 1.2(1) ...... E1,1.NV) EL,-L, ( IEL, -L.2V
L. .. EL,-L,N( I EL,O1V) EL 4,2()...... EL, OZNVI  EL,L,, (/) EL,L,2V
1...... EL,L,NV ) 23 The matrix E(f)Ai=sB§eterm' ned row by row. For each
operating frequency f, each row E,n of “index (I, m of the matrix E(f)

assunes the followng form ({~ [E,,1IV)E[,m2VJ...... E+ . mN( I'] The

el enents E . m n(f? of the row Ej, mare obtained by the follow ng ,
expr essiAgtyantageously, the matrix 4 is determined more precisély using a matrix "B that is

supplemented up to an order L;, according to the method of the preceding step.

Since the matrix 4 may be expressed solely as a function of the matrix B, the sub-step 34
involving the determination of the intercorrelation matrix 4 may be considered as an
intermediate calculation step, and may thus be incorporated into another sub-step of the step

30.

The step 30 then comprises a sub-step 36 involving the determination of an encoding matrix
E(f) that is representative of the encoding filters for a given frequency. The matrix E(f} is
determined from the matrices 4 and B and from the parameters L(f), H(f), {({r.m:)}(f) and
o, °(f). The matrix E(f) is a matrix of size (L{/)+1)? over N, comprising elements £/ x(f), the
indices (I,m) designating the row P+1+m, and the index n designating the column n. The

matrix E(f) therefore has the following form:

I Eo,o,1(f) Eo,o,z(f) """ Eo,o‘N(f)
El,—],](f) El,-).z(f) """ El,-l.N(f)
El.ﬂ,](f) E1,0,2(f) """ Ei.o.N(f)
Em_,](f) El.]_.z(f) """ E:,l,_N(f)
EL.—{..](}{)EL,—{‘,ZU) """ EL,—L_,N(f)
EL,o_,n(f) EL,q,z(f) """ EL,ojN(f)

_ELJ..I(f) Ep () EL,L,NU)_




- if(1,m belongs to the list {(Ik,nk)}O then: E ,nrIL(J)B (( ~-.1)A+(I-f~
))~"Nrl wherein 2. confirnms the relationship: (f~~)) 2Br
(u(f)-AA+(1-fj{I))I Nr1A((,u ),)A+{ |- u(f))~ Nrl Bl m=l and wherein
the value of k is determ ned using anal ytical or nunerical nethods for

i nvestigating equation roots, optionally using nethods of matrix

di agonalisation; and - if (1,n) does n belong to the list {(1k,nk)}(f),
then: E ,msuV JBI;n 111A+(1-~111)~N | Tn these expressions, Bl,mis the
colum (1,nm of the matrix B and INis a diagonal matrix of size N over N,
whi ch i i e t he
ol ot TeapAFR s Weaflinc R 13760 PULach bR Rec Ry RS et g PO

i nvol vi ngddxhémilef thematak iEgh) asa‘untehdlenﬁallowugsfoml B and E(f) are repeat ed for
each operating frequency f. course, in sinplified enbodi nents, the
parameters are frequency-indépent/®hts Ehd t Wen. b} st eps 32, 34 and 36 are
only carried out once. The sub-step 36 then allows directly the

determ nation of a frequency-independent matrix E. During a subsequent

sub-ste oding filters
re det AP BR B DRl P o ERECHE TR expREITREDS P8t 11 x
E(f) represents 24 the frequency response of an encoding filter. Each

encoding filter nmay be descri bed Deilet he paranmeters FD, in different forns.
1f, for -e&%{wﬁlbélongh@ thadightdiarid} (Potheat are representative of the filters

Ej, ,,(f) are: - frequency responses, the paraneters FD are then directly
t he El, , .n(f) calculated for specific frequencies f, finite inpulse
responses C,,,,,,(t) cal EH,.'%S%ZE((#'(}GM%ﬁﬁ(ﬁOmﬁrN)tlr ansformation of

wherein A confirms the relationship:

2B (N~ A+ (- En ] A(u()- A+ (1= p(DE v ) 'Bi=1
and wherein the value of A is determined using analytical or numerical methods for

investigating equation roots, optionally using methods of matrix diagonalisation; and

- if (/,m) does not belong to the list {(/,m,)}(f), then:
Ey =B (u(NA+(1- (N E )’
In these expressions, B, is the column (/,m) of the matrix B and 2y is a diagonal matrix of

size N over N, which is representative of the background noise of the sensors, wherein the

element n of the diagonal is &, (7).

The sub-steps 32, 34 and 36 involving the determination of the matrices A4, B and E(f) are

repeated for each operating frequency f.

Of course, in simplified embodiments, the parameters are frequency-independent, and the
sub-steps 32, 34 and 36 are only carried out once. The sub-step 36 then allows directly the

determination of a frequency-independent matrix E.

During a subsequent sub-step 38, parameters FD that are representative of the encoding

filters are determined from the matrix E(f). Each element E;  ,(f) of the matrix E(f) represents



each inmpul se response G ,m,,(t) is sanpled, then truncated to a suitable
| ength for each response; and recursive filter coefficients with infinite
i mpul se responses calculated fromE ,mn(f), using adaptation nmethods. The
step 30 involving the determ nation of the encoding filters thus issues
paranmeters FD describing encoding filters that are representative of at

| east the structural and/or elctro- acgystic capacities of the acquisition
means 1. In particular, these filters are representative of the follow ng
characteristics: - position of the sensors 21 to 2N, - intrinsic

el ectr o | 1S EAd 55 3 e : i 1 oyl

pover  SRCBHRIEy TR S AT LSRR ANGTERANBROANE AR ridh bt Dok B 1R s
of the aparcmsitérs A7), éh diffeaend faptsi M sation strategies, in particular the
conprom se between spatial faithful ness of acquisition of the acoustic
field and m nimsation of the background noi se produced by the sensors. 25

Fia 6 ikl . . . i Vi th
g Ik leaks at?r?zé, thd ptirhétets /49 tfﬁm%ﬁ%“ﬂ@etﬁ}yﬁﬁﬁ@%g%’ﬁgﬁ@ ;éfédxl Prgansel,

processi ig o neasur enent signal s issue
by applying encoding filters to these signals and by adding the filtered

signals. In the step 40, the coefficients pr n(tg t ha e presentative
of the acoustT@UsnQ| B¥SPONsFSe e BARSHTS ?g)rr?‘t%lf@e%id ﬁﬁﬂsﬁ’&?%’f"o{fgﬁf’lﬁﬁﬁ&\ﬁ%rf rom
the ele : : 21 to 2N, by applying the frequency-response

encodi ngs&bﬁ gTF@?‘@?%z n(f) in the followng manner: P,nV | -~E1, mnV /C'1/J

" ] wherein Pm(J) is the Fourier transformof p,rn(t) and C'(f) is the

Fourier transformof c,r(t). The exanp] e described the case of_ . filtering by
finite Fmpul SEMECYRHEDL TESPATSS 4k tl@) FAGHIRBGUPY dBverse Foufier frafsformatich of

E;mn(f), each impulse response ¢;m(¢) is sampled, then truncated to a suitable length for each

response; and

- recursive filter coefficients with infinite impulse responses calculated from E;, (f),

using adaptation methods.

The step 30 involving the determination of the encoding filters thus issues parameters D
describing encoding filters that are representative of at least the structural and/or elctro-

acoustic capacities of the acquisition means 1.

In particular, these filters are representative of the following characteristics:

- position of the sensors 2, to 2y;

- intrinsic electro-acoustic characteristics of the sensors 2; to 2y, in particular power

spectral density of the background noise and acquisition capacities of the acoustic field; and

- optimisation strategies, in particular the compromise between spatial faithfulness of
acquisition of the acoustic field and minimisation of the background noise produced by the

SCNSOTs.



the determnation, initially, of a paraneter Tn,|,"" corresponding to the
sui tabl e nunber of sanples for each response en i,nm(t), which results in
the foll owi ng convolution expression: r,-] Pi,nt]-t Ye.,,,.[ v]c [t-r]
t=1 T=0O These coefficients A are a finite nunber of coefficients that are
representative over time and in the three-di nensional space of the
acoustic field, and forma faithful representation of this acoustic field.
Dependi ng on the nature of the paranetets FD, other filtering processes by
g, .,,(f) may be carried out according to various filtering nethods,

h t h h f
' m g FE-dh AERRys T sl 7f aPRgTRaT bt on BLEN ol g b PrERR BERRGs
in the f{aaueney ok @meﬁt&hh@%c@hg%n RIRANO!, Wyl PR 1yiRg am&gsﬁnefr@fo m&ml e;
- if the paraneters FD provide the finite |npulse response ej, mn(t), the

filteri ngnals and by addidg thet filtered signals.me domai n by convol ution; and 26 if the
paraneters FD provide the coefficients of a recursive filter with infinite
i mpul se response, the filtering is carried out in the tine domain by neans

of the rgﬁqacougt | crtﬁlé %?)éﬂ?éenb ﬁ;\gg that NG ggp(i) s%nﬁﬁ?@%rf thdakoldhe AdY qmahaon

al | ows resen by neans of

represental 8%k él@lﬁy&t ac'}'qtde?llvle(y #oggﬁg%%%?ﬁar?fseﬁ%?s ShRI ALt ;abﬁtyirifgs of

the acqursitron neans formo uri er-Bessel coefficien
Mor eov etthe fasqueh@viespaisy esd:cam@lﬁltm’s@,mm)hmmed’bllmhmglmwrmar| on may be carried
out in sinplified enbodinents. or exanple, all of the sensors 21 to

2N are substantially omidirectip antially identical in terns
of sensitivity and | evel of ackdig@ ; W(Sm@%t he met hod of the invention

wherein 13} () is the Fourier transform of p, ,(¢) and C,(f) is the Fourier transform of ¢,(2).

The example described the case of filtering by finite impulse response. This filtering requires
the determination, initially, of a parameter T,;,, corresponding to the suitable number of
samples for each response e, ;(¢), which results in the following convolution expression:
bl S ekt
rn=l =0

These coefficients p,,, are a finite number of coefficients that are representative over time

and in the three-dimensional space of the acoustic field, and form a faithful representation of

this acoustic field.

Depending on the nature of the parameters FD, other filtering processes by £;n(f} may be

carried out according to various filtering methods, such as, for example:

- if the parameters FD provide the frequency responses E; . q(f) directly, the filtering is
carried out using filtering methods in the frequency domain, such as block convolution

processes, for example;

- if the parameters FD provide the finite impulse response c;n.(2), the filtering 1s

carried out in the time domain by convolution; and



may be carried out solely on the basis of know edge of the paraneters x'"
that are representative of the position of the sensors 2" relative to the
centre 4 of the acquisition means 1, and of the paranmeters g and L, which
relate to the optim sation strategy. Moreover, in this sinplified

enbodi nent, the paraneters are considered to be frequency- independent.
Usi ng these paraneters, the matrices Asand B are thus cal cul ated

simul taneously or sequentially in any order during the sub-steps 32 and
34. The elenents Bn,|,rn(fl of the matrix B are then organised in the

| OBLE, vy Teagte e fThgroy e g s O s g hphve By ik intigflefmpfe - X

B2, L, OWréspon& tHe filkdring is Biried ot ihBié thme HOmBIN, By, 10¢rB\of thd returrerBhirélatin. J
--BN, L, Ov1...BN,L,LLII wherein B,,,j,",(f)=47cjfjr (km)Yl (Bn,4)
Simlarly, the elenents Anl, n2(f) of the matrix A are then organised in the

fol | ow rlg &%?cgﬁfl?\rleéze ’I%hp%%ft)natp‘%gl | ent{%nwa%l%wsa‘%nlﬁcoﬁﬁ?c Ad tdA%g’\Kegf-e?selﬁHi v

1 AN 2 ( is e nment, e matrix A is obtaine romt he
mat ri x Haithyfullgdiysmednstdia replesdntaioahhg:is subsBBfiallydindapengentuslte chdnactetistioent s
Alil,,20 of the. matrix A are determ ned mﬁtq greater precision by neans of
the rel &fitimacqpisition meags; in thetorm-ofiFpuriertBesse jC?(ﬂteffcl'?WS-f 1(ki ) P (Cosa cosM
+ sinOs sinO2 cos(~5 - 0,) 1=0

Moreover, as previously stated, the method of the invention may be carried out in simplified

embodiments.

If, for example, all of the sensors 2, to 2y are substantially omnidirectional and substantially
identical in terms of sensitivity and level of background noise, the method of the invention
may be carried out solely on the basis of knowledge of the parameters x, that are
representative of the position of the sensors 2, relative to the centre 4 of the acquisition

means 1, and of the parameters p and L, which relate to the optimisation strategy.

Moreover, in this simplified embodiment, the parameters are considered to be frequency-

independent.

Using these parameters, the matrices 4 and B are thus calculated simultaneously or

sequentially in any order during the sub-steps 32 and 34.

The elements B, ;»(f) of the matrix B are then organised in the following manner:

Bl ,o,o(f) Bl,l,—l(f) Bl,l.o(f) B1,|,1(f)' e Bl,L,—L(f)‘ e Bl,L,O(f)' T B1,L,L(f)
Bz,o_,o(f) Bz,l,_-l(f) 32,1.,0(]{) BZ,l_,l(f)'"BZ,L,_—LU()'"BZ,L‘,O(}{)"'B2.L_,L(f)

BN,O.O(f)BN,1,-1(f)BN,1,o(f)BN,1,t(f)‘ ’ 'BN,L.—L(f} : ’BN,L.o(f)' ’ 'BN,L,L(f)

wherein
B, (N=4 13" j, (5t Y7 On )

Similarly, the elements A, ,(f) of the matrix 4 are then organised in the following manner:



wherein L2 is the order in which the determ nation of the matrix Ais
conducted and is an integer greater than L. The greater the val ue sel ected
for L2, the nore precise, but longer, the <calculation of the Alil,,20 wll
be. In the sub-step 36, the encoding matrix E which is representative of
the encoding filters, is determned fromthe matrices A and B and the
parameter u according to the expressiopy E=ILBT (AA+(1-a)IN) -1 The el enents
E1l,,n,,,(f) of the matrix E are organised in the foll ow ng nanner: EO, 0, 10

EO, 0,2( ) EOO(J) EI,-1,1() E1,-1,2(~f) ...... E+ -1, N(f ) EL,0,21((/)
El,o,2((/~) ...... El O,NW EI,I,I(f) EL, 1r2( I ..... El,I,NV f
EL,-L,]J(f)EL,-L,2( ' EL,-L,N ) EL OIOEL 0,2( J""'. EL,ON(1 EL,L,I'II J
EL,L,2( ) ...... EL, L, NWI 28 The b1§;t)ep=5~@‘jz 34 and 36 involving the
determ nation of the matrices A % Zlgl)h re repeated for all of the
operating frequencies f. Each el ement m n corresponds to an encodi ng

filter that incorporates the spatj qu INNL%J ion of the sensors 2" and
al so the optimsation strategy. I he’ phase , the signals ci to CN
derived fromthe sensors 21 to 2N are filtered using encoding filters
described by the paraneters FD. Each coefficient bj m(t) issued is deduced

from si dnallis embodhmeﬁt\,l t]lwmaqmlzylsrtg}taﬁnd:d o thematix B oy mesahs gf thgaplaronship:
mMll-~F ~ mrtl1lJl ~ n=|

A=BBT

Advantageously, the elements Ay, »2(f) of the matrix 4 are determined with greater precision

by means of the relationship:
Ly
A4 (f)=47r2(2!+1) Jilkr ) j(kr Y B (0059 cosf +sinf sind cos(g — ¢ ))
L) =0 L ny n n, Ry 7 h 1

wherein L, is the order in which the determination of the matrix 4 is conducted and is an
integer greater than L. The greater the value selected for L;, the more precise, but longer, the

calculation of the A, »2(f) will be.

In the sub-step 36, the encoding matrix E which is representative of the encoding filters, is

determined from the matrices A and B and the parameter y according to the expression:
E=uB (pA+(1-ply)’

The elements Ej, ,(f) of the matrix E are organised in the following manner:

ool(f) EoozU) """ Eoozv(f)
E: 11(f)E1 :20) """ Es 1N(f)
1010() ElOZ(f) """ 10N(f)
111(f) Ellz(f) """ E11N(f)

1. Ll(f)EL Lz(f) """ EL LN(f)
ELO]U) ELoz(f) """ ELUN(f)
ELL](f)ELLZ(f) """ ELLN(f)_




wherein Pnmlll is the Fourier transformof pan(t), and C(/) is the Fourier
transformof cn(t). In this enbodinent, the coefficients pl.mt) are
determ ned using filtering nethods in the frequency domain, such as bl ock
convol ution net hods, for exanple. The representation of the acoustic field
therefore takes into consideration the position of the sensors and the
sel ected optim sation paraneters and c%]stitutes a faithful estimate of the
acoustic field. Fig. 7 is a block diagiramof a device that is suitable for
carrying out the nmethod of the invention. In this figure, a device 50 for
representing the acoustic field P is connected to the acquisition neans 1,
as described with reference to Fig. 2. The device 50, or encodi ng devi ce,
i s al so ThersaBsteps 321 34 fiel 36 pivblving thealeterthation ofldeanaiioend andaB,ahet Erase t hat
are representative of the structural and/or el ectro-acoustic
char act aepestadder @f of thpeperatng Epquesfichtans 1. 29 These neans 60 conprise, in
particul ar, nmeans 62 for inputting paraneters and calibration neans 64,
whi ch are suitable for carrying out steps 10 and 20, respectively, of the
met hod Qi‘achté]@mleﬁtv@ﬂ,l;_jéﬁnco@é‘spdﬁiscrtdtb@ﬁeﬁ&i&h@g filtee thacddiorgociexi te Sfatial
receives, fromneans 60 for determning . the paraneters, a plurality of
par anet eigribion ofitke seapare Sepndalsy heoptippmtipn sFdeder i stics of the
acquisition neans 1 that are distributed between a signal CL for defining
the structural characteristics and a signal CP for the paraneterisation of
the strygtthé phasenald, ahe eignglsrQ-tacquaérivedofien abé eénsdts 25to Thearelditicesd wdis
receives paraneters relating to representation strategies in a signal OS
for optenpoding @ltemplessdrtidtyi ta.paramatens S0 sEaghadosfiicdidnt pafzanssued ¢s g‘?délced
distributed in the follow ng nmanner: - in the definition signal CL:

from signals ¢, to cn by applying filters in the following manner:

. N
R‘,m(f):ZE},m,n(ﬂC”m
n=i

wherein f? A7) is the Fourier transform of p,,(r), and C,(f) is the Fourier transform of c,(z).

In this embodiment, the coefficients p,,.(f) are determined using filtering methods in the

frequency domain, such as block convolution methods, for example.

The representation of the acoustic field therefore takes into consideration the position of the
sensors and the selected optimisation parameters and constitutes a faithful estimate of the

acoustic fleld.

Fig. 7 is a block diagram of a device that is suitable for carrying out the method of the

invention.

In this figure, a device 50 for representing the acoustic field P is connected to the acquisition

means 1, as described with reference to Fig. 2.

The device 50, or encoding device, is also connected at the input to means 60 for determining
parameters that are representative of the structural and/or electro-acoustic characteristics of

the acquisition means 1.



- paraneters x,, that are representative of the position of the sensor 2n;
in the paraneterisation signal CP. paraneters H'(/) that are representative
of the frequency response of the sensor 2R, paraneters d"(f) that are
representative of the directivity diagramof the sensor 2n; paraneters
a"(f) that are representative of the orientation of the sensor 2r,
paraneters o (f) that are representati%g of the power spectral density of

n

t he background noi se of the sensor 2n; d paraneters B, r.l.,,(f) that are
representative of the acquisition capacities of the sensor 2r,; and 30 in
the optim sation signal OS: a paraneter (f) specifying the conprom se
between the faithful ness of representation of the acoustic field and

mi ni m safhiese nofans 6@ compkige,annehrtivul £ mepiso6 €adinpittink & 2381 O Sind taRBfABE! er
L(f) speci fyid%gwsah order in_which the representation is conducted; and a
par amet SRe3E|&; )C;(ﬂm syitphic fog carEping suhitensi Meansk 2Q, espeettévely fof thremethod of

CoeffiCitﬁ@irﬁrenﬁ&ﬁﬁﬁ&‘éﬁﬁ%&)%bo%j ch nust be equal to the power of the

correspondi ng coéfticlen n "the acoustic field to be represented P.
Advant ageously, this device 50 conprises neans 51 for formatting input
signals that are suitable for issuing, fromsignals cl to CN, a

cor r esporii sR§ofisg dayice 40 Seephvas, Bpm menns éQfop etermining\ba peraiietersppiusaity

anal oguesrQ,tint lrs GRPUR feflcfent AR df thE LtarQterVigl of Heta%[]{lirs]gionsrxgatng Tohat are
distributed between a signal CL for defining the structural characteristics and a signal CP for

the parameterisation of the structural and/or electro-acoustic characteristics.

The device also receives parameters relating to representation strategies in a signal OS for

optimising representation.
In these signals, the parameters are distributed in the following manner;

- in the definition signal CL:

- parameters X , that are representative of the position of the sensor 2,;
- in the parameterisation signal CP:
- parameters H,(f) that are representative of the frequency response of the sensor

2

- parameters d,(/) that are representative of the directivity diagram of the sensor

2n;
- parameters a,(f) that are representative of the orientation of the sensor 2,,;

- parameters o,(f) that are representative of the power spectral density of the

background noise of the sensor 2,,; and

- parameters B, ;.(f) that are representative of the acquisition capacities of the

sensor 2,; and



The device 50 further conprises nmeans 52 for determ ning the encoding
filters, which nmeans conprise a nodule 55 for calculating the sanpling
matrix B and a nodule 56 for calculating the intercorrelation matrix A,
bot h of which are connected to a nodule 57 for calculating the encoding
matrix E(f). This encoding matrix E(f) is used by a nodule 58 for

determ ning encoding filters that issugg a signal SFD, which contains the
parameters FD that are representative of the encoding filters. This signal
SFD i s used by a processing nodule 59 that applies the encoding filters to
the signhal ShthéomiHRAtidOsigsd @R:a signal SIFB which conprises the

Fouri er-Bessel coefficients that are representative of the acoustic field
P. Optionally, t headeamaetesm(ﬁosmcufmg the mnmmrohmtm betweemthy faithfeinesh dfhe
paraneters that faorm ave been d t erm ned
previously, are strSPrgﬁem%fP"F%}ﬁ%)?%‘?’rﬁ l‘e\?’g ‘Q afl%ﬁ theipsk groypd npisst ed
and calibrated by ﬁrmded@@hgﬁg&ger in order to provide directly a nenory
conprising all of the parameters of the signal SFD that are to be

i ncorporated into an encodi ng device |n order to acquire the acoustic field
P and to issue a faithful r esent thereof. Simlarly, in a_variant,
this memory conpr |as@§m8ﬁt|e§/[‘{fﬁ§3 ﬁ’iY‘Pg OTB%WGWE‘EIE‘ thsrigpreyentation g copductedsyi ce
50 conprises neangpfjor inputting the paraneters formng the optimsation
signal OGS, in order to carry out the determ nation of the encoding matrix
E(f) and the determnation of the paraneters FD that are representative of
t he encodi ng f||ters Clhe di Mfi utj ons between the various nodu
described may, of g@&’é re%rgseqt;gaflgqu&p llﬁ?f@%ﬁ%ﬁﬁqcmﬁﬂlﬁod

for representing apwaf 8’1:'§1Hcﬁ rflﬁs? bel GRS R AR of h{%%oh%yﬁ%lnmn%gcoteﬁ?cwnt in

acqui sition
the acoustic field to be represented P.

Advantageously, this device 50 comprises means 51 for formatting input signals that are

suitable for issuing, from signals ¢, to cn, a corresponding formatted signal SI.

For example, the means 51 comprise analogue-digital converters, amplifiers or even filtering

systems.

The device 50 further comprises means 52 for determining the encoding filters, which means
comprise a module 55 for calculating the sampling matrix B and a module 56 for calculating
the intercorrelation matrix 4, both of which are connected to a module 57 for calculating the

encoding matrix E(f).

This encoding matrix E(f) is used by a module 58 for determining encoding filters that issues

a signal Sgp, which contains the parameters FD that are representative of the encoding filters.

This signal Sgp is used by a processing module 59 that applies the encoding filters to the
signal SI in order to issue a signal SIgp which comprises the Fourier-Bessel coefficients that

are representative of the acoustic field P.

Optionally, the device 50 comprises a non-volatile memory in which the parameters that form

the signal Sgp, which have been determined previously, are stored.



of neasurenent signals (ce) issued by acquisition neans (1) conprising one
or nore elenentary sensors (2") that are exposed to said acoustic field
(P), characterised in that it conprises: - a step (30) involving the
determ nation of encoding filters that are representative of at |east the
structural characteristics of said acquisition neans (1); and a step (40)

i nvol ving the processing of said neasur?nent signals (ca) by applying said
encoding filters to these signals (c") 3n order to deternine a finite
nunber of coefficients representative over tinme and in the

t hree-digrensional .. space. of said acoustic fiel P), sai.d coefficient

1| ot nd & R aBPR. URPRGfisfonghiahs § S Bleapd Faithrofed by ki maneBeuradn otdear i s
subst antb prdvidé BRERRWHBMOBS ¢ 'sﬁtlgaﬁlﬁsfﬁei StanfcberQbf #RIsthrAf GY! fiaf | ans
(1). 2. _I\/b%{rhod accordi ng tgrcln?m_ , Char agt erised in tsﬂggt% g%htgias%@tr}%tgﬁr al
char act en¢aporeted iptnmpr es@dintg devicstinpodért tooquina thecdconstst field Pand & dsue a

el ement ar. nsor s rel.ative to a predeterm ned reference point (4)
of sai datrﬁ%ll]@rgeipﬁ%wgﬁ%ﬁ@e@&). 3. Method according to either claim1 or
claim2, characterised in that said encoding filters are also
representative of electro-acoustic characteristics of said acquisition
means ( Bimilarly Motaheatiaat dlis diempry compesen Gily theanatdter B aed optiondibt A saiddhe

el ectro-a%couﬁ)i c characteristics .conprise at | east ﬁ{éar act.erjstics r%l at ed
to the IS OTATEEY F5ARIGHSAUEINE RPN S CIpaRg heaptimysation; signal OS5,

el ement gj br&e@ﬁé%hﬁ%%f the: dePerm¥REiBR S AC B1 U théid DR thE d@!e%ﬁﬁti&? bp 4
characterised in that said coefficients allowng a representation of the
acoust i ¢he parhnieeR® FPothptare tpatseetitiae ef thhahcalins filtosn as Fouri er - Bessel
coefficients and/or |inear conbinations of Fourier-Bessel coefficients. 33
6. Method according to any one of clains 1 to 5, characterised in that said
step (3@ther di¥@foutios bdtGedheVIHBR hdlulel dERFPENHRY! 8cdirdd, BeTnGRUBII 96S: -
a sub-step (32) ir%vol Vi na t he deterirTnl%ngtlgon OP a sg’ngilg? né mat r%lnxg?%d’t%ﬁat
is required.




representative of the acquisition capacities of said acquisition neans (1);
a sub-step (34) involving the determ nation of an intercorrelation matrix
(A) that is representative of the simlarity between said nmeasurenent
signals (c") issued by the elenmentary sensors (2,,) formng said

acqui sition neans (1); and a sub-step (36) involving the determ nation of
an encoding matrix (E(f); E) fromsaid,,sanpling matrix (B), said
intercorrelation matrix (A) and a parangter ((f)) that is representative
of a desired conprom se between faithful ness of representation of the
acousti Gopabhe! d and mnimsation of the background noise caused by the
acquisitron neans (1), which matrix is representative of said encoding
filters. 7. Method according to claim®6, characterised in that said

sub- st eps |nvoIV|n? the determnation of the matrices are carried out for
a fini t d-nunidpthed Terpepmsantiys apagoestici field canprising a gleadoerldingghe ecasis tesy

et or m o TERaery SEREFLT AR, b obidf b ciiorsfl Bk A0pbeE,

el ement algnarayehsors? (z)n) mrﬁk@gxp@ed t@Qaidi fbhdtRnfieneaPy, dhbractdrisedlin that it
paranmeters (x',) that are representative of the position of said sensor

(2,,) r SORPFISS t 0 the centre (4) of said acquisition neans (1); and/or a
finite nunber of coefficients (B,, ~, mf;) that are representative of the
acquisition capacities of said sensor (2" ). 9. Method according to claim

8, character |asmb 430) irvatvisaihe detepRinative by ent@dingdiltegethat ffenapresentdive bhat
sanpl i ng mat ri x Is also carried out fromat |east one of the foll ow ng
\4

par anet a¢ast thg@trh‘éﬂﬁiﬂré}ﬂaéﬁcéer(ﬂms of yajd agqasitignemeans(bsemd at i ve of the frequency
responses of all or some of the sensors (2r,); paraneters (d,,(f)) that
are representative of the directivity diagrans of all or sone of

- a step (40) involving the processing of said measurement signals (c,) by applying said

encoding filters to these signals (c;) in order to determine a finite number of coefficients
representative over time and in the three-dimensional space of said acoustic field (P), said
coefficients allowing a representation of said acoustic field (P) to be obtained that is

substantially independent of the characteristics of said acquisition means (1).

2. Method according to claim 1, characterised in that said structural characteristics
comprise at least position characteristics of said elementary sensors (2,) relative to a

predetermined reference point (4) of said acquisition means (1).

3. Method according to either claim 1 or claim 2, characterised in that said encoding

filters are also representative of electro-acoustic characteristics of said acquisition means (1).

4. Method according to claim 3, characterised in that said electro-acoustic characteristics
comprise at least characteristics related to the intrinsic electro-acoustic acquisition capacities

of said elementary sensors (2,).

5. Method according to any one of claims 1 to 4, characterised in that said coefficients
allowing a representation of the acoustic field (P) to be obtained are what are known as

Founer-Bessel coefficients and/or linear combinations of Founter-Bessel coefficients.



the sensors (2,); - paraneters (o~,(f)) that are representative of the
orientations of all or sone of the sensors (2,), i.e. of their nmaxinum
sensitivity direction; paraneters (62 (f)) that are representative of the
power spectral densities of the background noise of all or sone of the
sensors (2n); - a paraneter (L(f)) specifying the order in which the
representation is conducted; a paranmeter ({(lk,nk)} (f)) that is
representative of a |list of coefficients, the power of which nust be equal
to the power of the corresponding coefficient in the acoustic field to be

d (). 10. Mt hod ding 1 f claims 1 tq, 9
Char act 61 secVFRof ReeoFinEcBrgbi QiscobIasi | BY o FOHOSBRY BOPOrP MR | or

sonme of ihidvRRELETnHRAG IR &bding iR dorsayol ving the deter m nation
of the encoding filters, to be issued. 11 Né%hod according to claim 10,

characterised in that said calibration step (20) conprises, for at |east
one of said el enent arﬁ*&?enso S (2n) form ng sai d acquisition, nmeans

(D.: a
sub-step (24)% PHVSED; () t MRolyme, ity deGHMBAtER Hapssampling, matsie (Bl WAt 48 ve
of the agsrdicdtive3f ARRRGH L ' | i r (2r,); and - a
sub-step %g8) iXvolviﬁgﬁ?%%ﬁggggfﬁﬁﬁg{?%gagﬁﬁ%gggﬁgter representative of
el ectro- acoustic and/or structural characteristics of said at | east one
sensor (2 ,1). 35 12 thqd according to claim 11, characterised in that
sai d cal’i br at? -%%945/56 olyygthedete qnsghkan intgreeprplatipn ;amy(A) hab|iyi ng

the em sgheenthive P8 fsirhil@R9USLHyEe isﬁﬂddn{e‘am&gcﬁtais%g%{sh{ﬁf‘%sue@% IEESOr

(2" ), said acquisition sub-step (24) correspondi ng acqul si tion of
t he si greddnsentdry semsdrsi(@,)tthimsingsaidacqiditioh mehres(l)farids exposed to said
specific acoustic field; and - a sub-step (26) involving the nodelling of
said specific acoustic fieldin a finite

- a sub-step (36) involving the determination of an encoding matrix (E(f); E) from said
sampling matrix (B), said intercorrelation matrix (A) and a parameter (u(f)) that is
representative of a desired compromise between faithfulness of representation of the acoustic
field and minimisation of the background noise caused by the acquisition means (1), which

matrix 1s representative of said encoding filters.

7. Method according to claim 6, characterised in that said sub-steps involving the

determination of the matrices are carried out for a finite number of operating frequencies.

8. Method according to either claim 6 or claim 7, characterised in that said step (32)
involving the determination of the sampling matrix (B) is carried out, for each of said

elementary sensors (2,) forming said acquisition means (1), from:

- parameters (x ) that are representative of the position of said sensor (2,) relative to

the centre (4) of said acquisition means (1); and/or

- a finite number of coefficients (B,;m(f)) that are representative of the acquisition

capacities of said sensor (2,).

9. Method according to claim 8, characterised in that said step involving the
determination of the sampling matrix (B) is also carried out from at least one of the following

parameters:



nunber of coefficients, in order to allow said sub-step (28) involving the
determ nation of paraneters that are representative of electro-acoustic
and/or structural characteristics of the sensor (2,,) to be carried out.
13. Method according to any one of clainms 10 to 12, characterised in that
said calibration step (20) conprises a sub-step involving the reception of
a finite nunber of signals that are rg@resentative of the el ectro-acoustic

and structural characteristics of said’Sensors (2n) formng said
acqui sition neans (1), which signals are used directly during said sub-step
invol ving the determ nation of the electro-acoustic and/or structural
characteristics of said acquisition neans (1). 14. Method according to any
one of clai U%aﬂmﬁe@er@@}[n(ﬁ'}'ﬁfa@ﬁfe%bx%%ﬁtdtﬂetdﬁﬁe frquféﬁngdsﬁﬁrﬁses?‘Bf all BPYAmELEP
(10), allowing all or some of the paraneters used during said step (30)
i nvol vi tigg senbaes (ad.er m nati on of the encoding filters, to be determ ned. 15.
Conput er programme conpri sing programe code instructions for inplenenting
the steps of the method according to any one of clains 1 to 14, when said
programe i s paxafiredd, (9Nthat SeTRMERNtatide of MRV &R cBvaY ARRFIMOS A1N8r SHRE of
conprising at | east one operation processor and a non- volatile nmenory
el enent thadeasae ()i sed in that said nenory conprises a programme
conprising code instructions for inplenmenting the steps of the nethod
according to any one of clainms 1 to 14, when said processor executes said
programe. 3 j f i (oTeTVES % i.el i
connect abl e ? %&%gﬁ@gnﬂﬁeﬁggﬁﬁﬁkdé%gmﬂ?ng o%dg&cl)gr bﬁlﬁge&gfﬂianr]rée%{ zilrwi/
sensor s sédbrs)(2})s belioi ghaiemaxiemme sunsisivopdirsction}) when they are exposed to
said acoustic field (P), characterised in that it conprises a nodule (59)
for processing the neasurenment signals (c") by applying encoding filters
that are repr ive f, at - St u | §t:1 sai d
acqui sition %%E%)(%t%ﬂ?%ﬁemﬁgéﬁ?@%@ bt'fite b%elc %Cﬁ'gf Behsifibs B Ghe
background noise of all or some of the sensors (2,);

- a parameter (L(f)) specifying the order in which the representation is conducted,;

- a parameter ({(l,my)}(f)) that is representative of a list of coefficients, the power of
which must be equal to the power of the corresponding coefficient in the acoustic field to be

represented (P).

10.  Method according to any one of claims 1 to 9, characterised in that it comprises a
calibration step (20) allowing all or some of the parameters used in said step (30) involving

the determination of the encoding filters, to be issued.

11.  Method according to claim 10, characterised in that said calibration step (20)

comprises, for at least one of said elementary sensors (2,) forming said acquisition means (1):

- a sub-step (24) involving the acquisition of signals that are representative of the

acquisition capacities of said at least one sensor (2,); and

- a sub-step (28) involving the determination of parameters representative of electro-

acoustic and/or structural characteristics of said at least one sensor (2;).



signals (cn), in order to issue a signal (SIFB) that conprises a finite
nunber of coefficients representative over tinme and in the

t hr ee- di nensi onal space of said acoustic field (P), said coefficients
allowing a representation of said acoustic field (P) to be obtained that is
substantially i ndependent of the characteristics of said acquisition neans
(1). 18. Device according to claim17, characterised in that said encoding
filters are also representative of el édtro-acoustic characteristics of
said acquisition nmeans (1). 19. Device according to either clain117 or

cIa|m18 ch terised.int t further conprises neans for
deternmin an ?g{lagl FEBYLHNE Pi Fac“@rgl € %rta“épéedr’éﬁhétssém ealibyatioprs e%f%é?‘@beél

and/ or edoggdrisgs:acoustic characteristics of said acquisition means (1). 20.
Devi ce according to claim 19, characterised in that said nmeans (52) for
determning encoding filters recei ve at the input at |east one of the
fol | ow ng paraneters araneters (x n) that are representatlve of the

posi ti oris, r el SHOSIEP Qﬁé‘é‘ﬁ’@‘f‘%g e <nisgion £ 4 5pesifi aspupimfigld(teyvardygaidhpy least
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are representativ acqui sitroh “capa or sone 0

sensor s i¢sxed by plas sersoe(ls) Whin(it js)exphsdd tarsaidrspeuifis aqiustic fleldpind he frequency
responses of all or sone of the sensors (2n); paraneters (dn(f)) that are
representative of the directivity patterns of all or some of the sensors

(2n); 37 par @?ﬁlﬁ§t§p (86X f&vblvﬁﬁ%,ﬁ;thealﬁﬁgéﬂigéetffe%@tshééﬁfg hodMic Wdi§ nﬁlaﬁ faRs of

all or sonme of the " sensors , heir XI mum sensi ti
di r ect i oumbsnofwetificen(sy 2( byder tdhallowrsaid ampsme @8atinweviag thé eletwmﬁfanep@ft ral
densities of .th backgr ound .noi fe of all aor s of the sensors %1 a

ar et SEERERE Lt 47 IPRSEFBGHRT 81 FIFCUORopHBC JBORT STUCBb CHMRE SRS
fai t hf ulseRR$ (2,) to be carried out.

13.  Method according to any one of claims 10 to 12, characterised in that said calibration
step {20) comprises a sub-step involving the reception of a finite number of signals that are
representative of the electro-acoustic and structural characteristics of said sensors (2,)
forming said acquisition means (1), which signals are used directly during said sub-step
involving the determination of the electro-acoustic and/or structural characteristics of said

acquisition means (1).

14, Method according to any one of claims 1 to 13, characterised in that it comprises an
input step (10), allowing all or some of the parameters used during said step (30) involving

the determination of the encoding filters, to be determined.

15.  Computer programme comprising programme code instructions for implementing the
steps of the method according to any one of claims 1 to 14, when said programme is executed

on a computer.

16. Movable support of the type comprising at least one operation processor and a non-
volatile memory element, characterised in that said memory comprises a programme
comprising code instructions for implementing the steps of the method according to any one

of claims ] to 14, when said processor executes said programme.



of representation of the acoustic field and m nim sation of the background
noi se caused by the acquisition neans (1); a paranmeter (L(f)) specifying
the order in which the encoding is conducted; a paraneter ({(lk,nk)}(f))
that is representative of a list of coefficients, the power of which nust
be equal to the power of the corresponding coefficient in the acoustic
field to be represented (P). 21. Device according to claim 20,
characterised in that it is associated3®th means (60) for deternining al
or sone of the paraneters received by said neans (52) for determ ning the

encoding. filters, said neans (60) canprising at |east one of the follow ng
el enent 3:7' %“‘(eeé’} rﬁfpé?sep%g'ﬁ pERysHadiglfethal s connpetable Foapqayrsitqromesns dhs

me
T i
si gnal s afekxpasedhy said recoustierfidld (P} stheraaterisql methpoh diohgprised aahdditle 839 fat

(Sh). processing the measurement signals (c,) by applying encoding filters that are representative
of at least the structural characteristics of said acquisition means (1) to these measurement
signals (c,), in order to issue a signal (SIgg) that comprises a finite number of coefficients
representative over time and in the three-dimensional space of said acoustic field (P), said
coefficients allowing a representation of said acoustic field (P) to be obtained that is

substantially independent of the characteristics of said acquisition means (1).

18.  Device according to claim 17, characterised in that said encoding filters are also

representative of electro-acoustic characteristics of said acquisition means (1).

19.  Device according to either claim 17 or claim 18, characterised in that it further
comprises means (52) for determining said encoding filters that are representative of

structural and/or electro-acoustic characteristics of said acquisition means (1).

20.  Device according to claim 19, characterised in that said means (52) for determining

encoding filters receive at the input at least one of the following parameters:

- parameters (X) that are representative of the positions, relative to centre of said

acquisition means (1), of all or some of the sensors (2,);

- a finite number of coefficients (B,;m(f}) that are representative of the acquisition

capacities of all or some of the sensors (2,);

- parameters (Hy(f)) that are representative of the frequency responses of all or some of

the sensors (2,);

- parameters (d,(f)) that are representative of the directivity patterns of all or some of

the sensors (2,);
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- parameters {c(f)} that are representative of the orientations of all or some of the

sensors (2,), 1.. of their maximum sensitivity direction;

- parameters (c°,(f)) that are representative of the power spectral densities of the

background noise of all or some of the sensors (2,};

- a parameter u(f) that is representative of the desired compromise between faithfulness
of representation of the acoustic field and minimisation of the background noise caused by

the acquisition means (1),
- a parameter (L(f)) specifying the order in which the encoding is conducted;

- a parameter ({(l,my)}(f)) that is representative of a list of coefficients, the power of
which must be equal to the power of the corresponding coefficient in the acoustic field to be

represented (P).
21.  Device according to claim 20, characterised in that it is associated with means (60) for

determining all or some of the parameters received by said means (52) for determining the

encoding filters, said means (60) comprising at least one of the following elements:

- means (62) for inputting parameters; and/or

- calibration means (64).

22. Device according to any one of claims 17 to 21, characterised in that it is associated

with means (51) for formatting said measurement signals (c; to cy), in order to issue a

corresponding formatted signal (SI).



