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Arnaud Laborie1, Rémy Bruno1, and Sébastien Montoya1

1ImmersiveSound project, Paris, France.

Correspondence should be addressed to the authors (team@immersivesound.com)

ABSTRACT

Many techniques have been developed concerning surround sound recording and the issue has turned out to
be a challenge without a comprehensive theory. This paper presents an approach based on a full 3D acoustic
field theory and the use of a 3D microphone array. Our research work has lead to a new spatial digital
processing technique which allows the use of freely positioned capsules of any type such as omnidirectionals,
bidirectionals, or cardioids. This technique can be seen as an extension of full sphere, generalized Ambisonics
which provides a spatial resolution never achieved before, but requires neither high order directivity capsules
nor assumes that all capsules are coincident. The theory has been validated with a full sphere 3rd-order
prototype using 24 omnidirectional capsules. The theory also allows for a 5th order spherical harmonic,
multichannel 5.0 microphone.
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0 INTRODUCTION

Spatial sound recording has been an issue for a long
time. Beginning with stereo, important steps have
been made. However, high spatial resolution sound
recording is still a challenge [9, 14, 18] mainly be-
cause of the lack of good high order elementary mi-
crophones and of a comprehensive theory [20]. Fun-
damental acoustics has been understood for a long
time but has long been unused. It does not currently
offer ready-to-use tools except for Wave Field Syn-
thesis. Surround sound reveals the need for further
application of this theory.

In the early 70’s, Michael Gerzon [8] developed Am-
bisonics, a recording technique based on the encod-
ing of the incoming direction of the sound within the
sound itself [1, 2, 10, 13]. This approach considers
the three dimensional sound field as a source distri-
bution around a central point and was an innovative
extension of stereo in the same spirit as its inven-
tor, Blumlein. Ambisonics allows separation of the
recording stage from the reconstruction stage via the
so-called encoding and decoding processes. The Am-
bisonic microphone contains four cardioid capsules
which deliver the A-format. An encoder transforms
these signals to the B-format [7]. The B-format sig-
nals have the advantage of being independent of the
characteristics of either the recording or the recon-
struction systems, contrary to stereophonic, quadra-
phonic or today’s other multichannel schemes. Dur-
ing the reconstruction stage, a decoder generates the
loudspeaker’s feed signals from the B-format. The
decoder depends on the loudspeaker’s configuration
and several decoders have been designed for various
configurations, such as quadraphony or 5.1 multi-
channel format. The spatial resolution is limited,
however, to first order spherical harmonics because
the capsules used to record the sound are first or-
der. More precisely, the tetrahedral microphone ar-
ray known as the SoundField microphone, patented
by Gerzon, has cardioid capsules [4].

Many extensions and developments concerning Am-
bisonics have been studied to reach higher orders
[5, 6, 11, 12, 15, 16] but these extensions have been
limited by the fact that there do not exist any
higher order microphones with adequate character-
istics. Moreover, the theory assumes that all micro-
phones are physically at the same point, which leads
either to imperfections or to requiring compensation

of the signals.

In a recent article [17], M. A. Poletti developed a new
theory for a circular microphone array using only
omnidirectional or cardioid capsules which leads to a
technique that does not require that the capsules be
all at the same point and also provides high order di-
rectivity in the horizontal plane. He achieves this by
no longer considering a source distribution around
the origin, but rather by considering the physical
sound field in a horizontal plane near the origin.
This has the advantage of not requiring the knowl-
edge of high order derivatives of the sound field at
the origin to obtain high order directivity in the hor-
izontal plane. This theory still has some drawbacks.
The capsules are necessarily on a circle, and omnidi-
rectional capsules can not be used because they lead
to infinite gains. Moreover, the capsule noise is not
taken into account and could be amplified during
the encoding process. Finally, this theory uses a two
dimensional model, which constitutes a significant
departure from reality.

In this paper, a new spatial recording technique
based on a three dimensional theoretical approach
is presented. The goal of this technique is to extract
and deliver as much spatial information as possible
from the set of signals delivered by a microphone ar-
ray. In order to do this, we use fundamental acous-
tics [3, 19] and develop new tools to apply it to spa-
tial sound recording. This leads to a sound repre-
sentation in a form compatible with full sphere, high
order, generalized Ambisonics. However, this work
is not derived from Ambisonics, as we do not con-
sider the source repartition around the origin. This
work can be seen as an extension to Ambisonics that
overcomes its limitations. Our technique makes it
possible to obtain high order Ambisonic signals from
an array of capsules which can be of any type (om-
nidirectional, bidirectional, cardioid, etc.) and can
have any position and orientation in space. Nothing
is presumed a priori about the position of the cap-
sules, so they are not necessarily on a plane or on
a sphere. The resulting microphone consists of an
array of capsules and a processing system based on
a DSP or a PC.

This paper will first present the theoretical principle
including the spatial sampling and encoding aspects.
The practical results we have arrived at will then
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Fig. 2: Spherical Coordinate System.

be discussed, and last we will present a microphone
prototype we have realized.

1 PRINCIPLE

Our approach is based on a model of the three di-
mensional acoustic field which allows us to describe
any sound environment through a discrete number
of signals. With this model of the sound environ-
ment and the knowledge of the microphone array
properties (type, position and orientation of the cap-
sules) it is possible to theoretically calculate the sig-
nals delivered by a microphone array. A relation we
call the sampling relation theoretically yields the sig-
nals provided by a microphone array as a function
of its properties and of the sound environment in
which it is located. The aim of spatial sound record-
ing is the opposite of this sampling. The capsule’s
signals are known and the goal is to estimate the
acoustic field model that corresponds to the three
dimensional sound environment. The principle of
our method is to invert the sampling relation to ob-
tain what we call the encoding relation which finally
leads to the encoding process. This approach can be
represented with the diagram given on figure 1. The
aim is to determine a field representation as near as
possible to the unknown field model with only the
knowledge of the capsule’s signals and their charac-
teristics.

1.1 Three-dimensional modeling

An acoustic field can be modeled using a discrete
number of signals in a source free region. This al-
lows processing a spatial sound environment without
having to consider a continuum of signals in space.
We use a three dimensional model in spherical co-
ordinates (cf. Fig. 2) called the Fourier-Bessel ex-
pansion. We consider sound pressure as the physical
unit representing the acoustic field. This scalar field
is defined in the region under consideration by the
function p(r, θ, φ, t). From this three dimensional
continuous function the Fourier-Bessel decomposi-
tion [3, 19] gives a set of signals called Fourier-Bessel
coefficients, denoted pl,m(t), where l and m are in-
tegers that satisfy l ≥ 0 and −l ≤ m ≤ l. In the
Fourier-Bessel formalism, l is called the order. In
the frequency domain, P (r, θ, φ, f) and Pl,m(f) are
the Fourier transforms of p(r, θ, φ, t) and pl,m(t) re-
spectively:

P (r, θ, φ, f) = 4π

∞
∑

l=0

l
∑

m=−l

Pl,m(f) jl jl(kr) ym
l (θ, φ)

(1)
where k = 2πf/c, and c is the speed of sound, ap-
proximately 340 m/s.

The functions appearing in this equation are defined
in the appendix A.

This decomposition is to be compared with that of
the Fourier series of a periodic signal. Spherical co-
ordinates have the advantage of revealing the peri-
odicity of the sound pressure with θ and φ, which
allows the acoustic field to be described using a dis-
crete number of coefficients.

Ambisonics only considers the angular part of this
decomposition, ym

l (θ, φ), which are the spherical
harmonics. In order to fully describe the three di-
mensional field, and to overcome this limitation of
Ambisonics, we use the spherical Bessel functions,
jl(kr), in equation (1) to describe the radial behav-
ior of the field.

Figure 3 represents 3 basis functions using 3 different
visualization tools:

• The Directivity visualization represents the di-
rectivity function associated with an acoustic
field consisting of the coefficient (l, m), the other
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Fig. 3: Various representations of acoustic fields.
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coefficients being null. This corresponds to the
standard representation of spherical harmonics.

• The Field visualization represents the modu-
lus of the amplitude of a sound field consisting
of the corresponding Fourier-Bessel coefficient
(l, m), the other coefficients being null. The
field is represented in the horizontal plane z = 0.

• The Coefficients visualization represents the
spatial spectrum of an acoustic field consisting
of the coefficient (l, m), the other coefficients be-
ing null. The spectrum is represented as a tri-
angle containing the amplitude of the Fourier-
Bessel coefficients. Each line corresponds to a
value of l (from top to bottom: 0, 1, 2) and each
column corresponds to a value of m (from left
to right: −2, −1, 0, 1, 2). The black coefficients
correspond to invalid combinations of l and m
outside the triangle, the gray coefficients corre-
spond to a null value, and the white coefficients
correspond to a value of 1.

1.2 Spatial sampling

The recording of an acoustic field is achieved using a
set of elementary microphones. The configuration of
the set is rigid, that is the relative position of each
elementary microphone does not change. In order to
distinguish between a single elementary microphone
and a set of microphones forming a microphone ar-
ray, we call an elementary microphone a capsule.

We do not impose any a priori constraint on the cap-
sules forming the microphone array. The capsules
can have any characteristic, position and orienta-
tion in space. They can be omnidirectional, bidirec-
tional (“figure-of-eight”), or cardioid, for example. A
microphone array can contain capsules of differing
types.

Spatial sampling consists of measuring some of the
information in an acoustic field. The input of a spa-
tial sampler is thus an acoustic field, and the out-
put is a set of signals representing some information
measured from the input field. This is a very wide
definition and any capsule or microphone array real-
izes a sampling of the field in which it is immersed.
For example, a 0 order or omnidirectional capsule
measures the sound pressure at the point in space
where it is placed, which is a piece of information

from the overall acoustic field. A figure-of-eight cap-
sule measures the velocity of the acoustic field where
it is placed which is proportional to the first order
derivative of the pressure field along the capsule’s
orientation. The piece of information measured by
a higher order capsule is more abstract and difficult
to describe.

A representation of the sampling process is given in
figure 4.

Spatial sampling is the spatial equivalent of temporal
sampling. A temporal sample is a piece of informa-
tion from an entire signal the same way a temporal
signal coming from a capsule is a piece of informa-
tion from the entire three dimensional acoustic field.

The goal of this paper is not to deal with a compre-
hensive spatial sampling theory but to describe the
main results of its consideration.

The spatial equivalent to Shannon’s theorem is a
rather complicated issue because we deal with a pri-
ori irregular layouts. To limit spectrum aliasing,
the Fourier-Bessel decomposition of the estimated
acoustic field is truncated at some order, L. This
order mainly depends on the number, N , of cap-
sules. In general, since the number of Fourier-Bessel
coefficients of order L is (L + 1)2, L is taken such
that (L + 1)2 ≤ N .

The goal of the remainder of this section is to obtain
the sampling relation, that is the relation that makes
it possible to theoretically calculate the signals pro-
vided by the microphone array from a known acous-
tic field. This relation depends on the microphone
array characteristics (position, orientation and type
of the capsules).

For example, if the capsules are omnidirectional, the
sampling they realize is simply measuring the sound
pressure at their position. In this case, if the acoustic
field is known, it is known at the particular points
where the capsules are located, so that it is possible
to determine the theoretical signals that the capsules
should deliver.

The acoustic field can be known in different ways,
including using the previously described model, so
that it is possible to determine the signals that the
capsules will deliver if the Fourier-Bessel coefficients
are known. With common capsules (more precisely,
linear capsules), there is a linear matrix relation be-
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Acoustic field Sampled acoustic field

Fig. 4: Sampling process.

tween the capsule’s signals and the Fourier-Bessel
coefficients in the frequency domain. If the capsule’s
signals are contained in a vector c and if the Fourier-
Bessel coefficients are contained in a vector p, the
relation is given by

c = Bp (2)

The matrix B is called sampling matrix and it de-
pends only on the microphone array characteristics.
Examples of such matrices are given in appendix B
for the cases of omnidirectional and cardioid cap-
sules.

This matrix represents the way in which the micro-
phone array samples and extracts information from
the acoustic field.

1.3 Spatial encoding

Spatial encoding aims to estimate the three dimen-
sional acoustic field using the signals provided by a
few capsules. The goal is to calculate the Fourier-
Bessel coefficients from the capsule’s signals by in-
verting the sampling relation (2). The inversion pro-
cess is affected a number of problems:

• The sampling matrix B is generally not square,
so B−1 does generally not exist.

• The capsules are never exactly positioned where
they should be; a real microphone array always
has some positioning error.

• The modeling is not perfect, for example, omni-
directional capsules are not perfectly omnidirec-

tional; they measure the pressure on a small sur-
face and not at a point; they do not all have the
same sensitivity. Generally, actual cardioid cap-
sules present a significant departure from the
ideal model.

• Last but not least, capsules, even the best ones,
are noisy.

The first problem can be solved by generalized inver-
sion which allows the inversion of non-square matri-
ces. Ignoring the other points, however, could lead
to unsatisfactory results. For example, at low fre-
quencies, the wavelength reaches several meters, so
that with a relatively small array, the signals from
the capsules resemble each other very much. Since
spatial information is obtained from the differences
between the capsule’s signals, noise on these cap-
sules will become more and more important as the
frequency decreases.

If a direct inversion is employed, noise will have
a very important impact on the derived signals.
To solve this problem, we introduce a parameter µ
which specifies the desired compromise between spa-
tial resolution and noise amplification. This param-
eter can vary between 0 and 1. A value of 1 means
that we do not want to take noise into account at all.
The smaller the value of µ, the less is noise amplified,
but at the expense of lowering the spatial resolution.

The encoding process is determined via an encod-
ing matrix, E, which gives the estimated field as
a function of the capsule’s signals. If the vector c

contains the signals and the vector p̂ contains the
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desired Fourier-Bessel coefficients of the estimated
field, the relation is given by

p̂ = Ec (3)

The matrix E is calculated from B, the sampling
matrix, and µ by

E = µB>
(

µBB> + (1 − µ)I
)−1

where I is the identity matrix and X> denotes the
transpose conjugate of matrix X .

Encoding a field with a microphone array requires
specifying the sampling matrix B and, from it, cal-
culating the encoding matrix E. Then each coeffi-
cient of E, being a function of frequency, represents
a filter which can be parameterized. For an array
with N capsules and an encoding of order L, there
are N × (L + 1)2 filters. The encoding itself is made
by applying these filters to the signals provided by
the capsules. Figure 5 represents this process.

As Ambisonics is a simplification of Fourier-Bessel
theory, and is also based on spherical harmonics,
the signals we calculate representing the acoustic
field are compatible with generalized Ambisonics,
and correspond to order L Ambisonic signals.

2 RESULTS

The preceding paragraphs describe a method for ex-
tracting as much spatial information as possible from

a microphone array and for providing this informa-
tion in a format suitable for generalized Ambisonics.
However, they do not tell anything about optimal
arrays. This section will try to give some hints to
find out optimal arrays. Performances of common
arrays will then be presented. Finally, practical re-
sults obtained with a prototype will be presented.

2.1 Microphones performances

In this paper, two types of microphone array perfor-
mances are considered:

• Spatial performances, which give the three
dimensional spatial fidelity of the estimated
acoustic field in comparision with the original
acoustic field. These include spatial distorsion
and virtual sources position errors. Such distor-
sions can cause deformations on the sound en-
vironment, or bad envelopment feeling, for ex-
ample.

• Temporal performances, which give audio
quality of the calculated acoustic field. These
can be thought of as a comparision between the
signal provided by a virtual ideal capsule placed
at a point in space and the signal calculated at
that point from the estimated field. These in-
clude noise amplification and signal distorsion.

Temporal performances are tightly linked to capsules
performances. As the encoding process is a linear
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Fig. 6: Color scale used for matrix B visualisation.

matrix calculation, it does not add any distorsion to
the signals provided by the capsules. However, it
can amplify or weaken noise added by the capsules,
depending on the value of µ and on the array lay-
out itself. In the examples given below, µ has the
value of 0.9, unless otherwise noticed. Temporal per-
formances are evaluated using the classical signal to
noise ratio.

Spatial performances depend mainly on the sam-
pling matrix B. Indeed, this matrix determines how
the microphone array takes information from the
acoustic field. If an array does not measure any in-
formation on a Fourier-Bessel coefficient, there is no
chance to be able to obtain any information about
this coefficient using this array. For example, fig-
ure 8 represents the matrix B calculated until order
3 at the frequency of 1 kHz for a line of 24 capsules
along the x axis between −10 cm and 10 cm. The
microphone array layout is represented on figure 7.
The color represents the amplitude of the matrix co-
efficient: the darker the coefficient is, the smaller is
the modulus of the coefficient. The used scale is rep-
resented on figure 6. The amplitudes are relative to
the largest coefficient.

This image contains many black columns. This
means that this linear array does not take any infor-
mation on the corresponding coefficients of the field.
For example, the column for the coefficient (1,−1) is
null, which means that the array does not take any
information on the y component of the direction of
arrival of a plane wave. So it is impossible to know
the projection on the y axis of the direction of ar-
rival of a plane wave recorded by such an array. In
other words, the array is unable to distinguish left
from right in the sound environment.

Figure 10 represents the matrix B calculated until
order 3 at the frequency of 1 kHz for a circular array
of 24 capsules in the horizontal plane and which ra-
dius is 10 cm. This layout is represented on figure 9.
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Fig. 7: Layout of the linear microphone array.
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Fig. 9: Layout of the circular microphone array.
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Fig. 10: Matrix B for a circular microphone array.

However, the matrix B is not sufficient to determine
the spatial performances of an array. For example,
the matrix B of a microphone array consisting of
only one capsule can have large coefficients if the
capsule is placed at a random position. Obviously,
an array consisting of only one capsule has poor spa-
tial performances.

In this article, we introduce a better indicator of the
spatial performances of a given array. This indica-
tor associates to each Fourier-Bessel coefficient (l, m)
and to each frequency a value that gives the quan-
tity of information on this coefficient that is mea-
sured from the acoustic field. We call this value spa-
tial signal to noise ratio of Fourier-Bessel coefficient
(l, m). This ratio corresponds to the uncertainty of
the estimation of each Fourier-Bessel coefficient of
the acoustic field.

Note that spatial signal to noise ratio has nothing
to see with classical temporal signal to noise ratio,
except that both are ratios between what is consid-
ered as an effective signal, and what is considered
as noise. The signals and noises are not the same
in both cases. In the temporal signal to noise ratio
case, the signal is music, voices, etc. while the noise
is shuffle or the neighbor’s lawn mower, for example.
In the spatial signal to noise ratio case, the signal
is the part of sound that is correctly positioned in
space while the noise part includes all the sounds
that are incorrectly positioned. For example, a sig-
nal to noise ratio of 30 dB is a very bad temporal
signal to noise ratio whereas it is a rather good spa-
tial signal to noise ratio for first order coefficients,
since it corresponds to an error of less than 2◦ on
the incoming direction of a plane wave.

The vector ρs containing the spatial signal to noise
ratios of the Fourier-Bessel coefficients is calculated
from the matrices B and E. It is given in dB by the
following relation:

ρs (dB) = −10 log10

∣

∣diag
(

(EB − I)>(EB − I)
)∣

∣

where I is the identity matrix and diag(X) is the
diagonal of matrix X . The overall microphone per-
formance is estimated using the mean value of ρs.

Figures 12 to 15 give this ratio for linear, circular,
spherical and full three dimensional microphone ar-
rays, as well as a representation of the corresponding
configuration and the mean spatial signal to noise ra-
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Fig. 11: Color scale used for spatial signal to noise
ratio visualisation.

tio 〈ρs〉. The used color scale is shown on figure 11.
These figures are shown for arrays having the same
bulk, that is the capsules of the linear array are on
its x axis from −10 cm to 10 cm, the radius of the
circular and spherical arrays is 10 cm, and the cap-
sules of the full three dimensional array lie within a
10 cm-radius ball. Linear and circular layouts are
regular, whereas the capsules of the spherical and
full three dimensional layouts are randomly placed.
Sphere sampling is indeed a difficult issue since regu-
lar layouts with 24 capsules on a sphere do not exist.
That is why we use random distributions.

Figure 12 shows again, that a linear array along the x
axis does not give any information on the projection
of a plane wave on the y and z axes.

Figures 13 and 14 show that the spatial signal to
noise ratio becomes null for all coefficients at some
frequencies. This points out the big inconvenient of
circular and spherical layouts of radius R: the spher-
ical Bessel functions oscillate and pass through zero
periodically. This can be seen on figure 3, where
dark areas on the field representations correspond
to areas where the acoustic field cancels out. When
the spherical Bessel function jl0(kR) becomes null
for a given frequency f0, the elements Bn,l,m of the
matrix B cancel out for l = l0 and for all capsules n,
since they are all at the same distance from the ori-
gin. As a consequence, no information is taken from
the acoustic field at this frequency on the Fourier-
Bessel coefficients of order l0. This explains the can-
cellation of the spatial signal to noise ratio at some
frequencies. So the Fourier-Bessel coefficients can-
not be acurately determined at these frequencies.

Figures 16 and 17 represent the spatial signal to
noise ratio respectively for a circle and a sphere of
cardioid capsules, with a representation of the cor-
responding configuration and the mean spatial sig-
nal to noise ratio. The layouts are the same as for
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Fig. 18: Spatial signal to noise ratio for a SoundField
microphone.

figures 13 and 14. These figures show that taking
cardioids does not improve performances very much,
except for coefficients of order 1 and for low frequen-
cies. In practice, the improvement is affected by the
significant departure of real cardioids from the ideal
model. In particular, they are generally not cardioid
over the full frequency range. As a consequence, the
theoretical improvements would be minimized by the
performances of capsules themselves. Figure 18 rep-
resents spatial signal to noise ratio for a SoundField
microphone. The four cardioid capsules are 1 cm
away from the center. The SoundField microphone
is unable to produce higher order coefficients, which
is self-evident as it only has four capsules.

Figure 15 shows that capsules randomly positioned
inside a ball give better performances than capsules
positioned on a sphere. In particular, the preceding
cancellation phenomenon is not observed.

Figures 19 and 20 give respectively the spatial and
temporal signal to noise ratios as a function of µ
for the 6 preceding layouts consisting of 24 capsules.
We suppose here that the signal to noise ratio for the
capsule’s signals is 80 dB. If it were 90 dB, it would
increase all the temporal signal to noise ratios by
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Fig. 12: Spatial signal to noise ratio for a linear microphone array.
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Fig. 13: Spatial signal to noise ratio for a circular microphone array.
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Fig. 14: Spatial signal to noise ratio for a spherical microphone array.
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Fig. 15: Spatial signal to noise ratio for a full three dimensional microphone array.
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Fig. 16: Spatial signal to noise ratio for a circular microphone array with cardioid capsules.
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Fig. 17: Spatial signal to noise ratio for a spherical microphone array with cardioid capsules.
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10 dB. The ratios are calculated using a mean over
all the Fourier-Bessel coefficients and over the fre-
quencies 100 Hz, 200 Hz, 500 Hz, 1 kHz, 2 kHz
and 5 kHz. These graphs confirm the fact that
temporal performances decrease and spatial perfor-
mances increase when µ increases. They also point
out the fact that irregular layouts give better overall
results that regular ones.

So our theory allows to use any capsules layout, but
it is also expected that an irregular layout is better
than a regular one. This offers very versatile usage of
this theory. For example, microphone arrays having
good performances for high frequencies are obtained
by placing all capsules near to the origin. On the
opposite, large microphone arrays have good per-
formances in low frequencies. This surround sound
recording technique allows to mix capsules near to
and far from the origin, thus giving relatively uni-
form performances along the frequency spectrum.

2.2 Prototype realization

In order to implement this theory and to verify the
previous results, we realized a prototype with 24 om-
nidirectional capsules leading to third order. The
previous section showed that regular layouts are not
necessarily the best ones. We so had to find out a
good capsules layout for our prototype. We carried
out a lot of simulations to find optimal arrays. These
simulations consisted in calculating the spatial and
temporal signal to noise ratios for a lot of layouts,
and in keeping layouts with best performances.

The constraints on this microphone array were that
it should not be too big (its radius should not exceed
20 cm), and it should be realizable, that is have cap-
sules not too near to each other. Several millions
of layouts were simulated and we chose one among
these.

The spatial signal to noise ratio of the chosen micro-
phone is represented on figure 21. This figure uses
the same color scale represented on figure 11.

We realized this microphone array using omnidirec-
tional electret capsules and carbon fiber to fix them
to each other. The calculations are performed by a
standard PC. They consist in:

• Calculating the third order encoding filters us-
ing the principle described in section 1.3.
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Fig. 21: Spatial signal to noise ratio for our proto-
type.

• Record the signals provided by the capsules in
a 24-channel wav file.

• Apply the encoding filters on these recorded
capsule’s signals.

• Record the third order encoded signals in a 16-
channel wav file.

Of course, the first step is realized only once for all
the recordings we carried out. The encoding by ap-
plying filters can be made in real time on a modern
PC. We listened to the encoded acoustic field using a
16-loudspeaker irregular full sphere restitution con-
figuration and a decoder we made. The results were
quite satisfying and in many cases, it is possible to
think that we are into the action.

Figure 22 is a directional representation of an ex-
tract of one of our recordings. The axes repre-
sent elevation and azimuth of a direction and the
color represents the amplitude of the power of the
sound environment in that direction. For example,
the center of the image corresponds to the direction
(θ, φ) = (90◦, 0◦) which is the frontal direction, the
direction (θ, φ) = (90◦, 90◦) corresponds to the left
and (0◦, 0◦) corresponds to the ceiling. The color
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Fig. 19: Mean spatial signal to noise ratio as a function of µ.
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Fig. 20: Mean temporal signal to noise ratio as a function of µ.
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Fig. 22: Visualisation of a sound extract to order 3.
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Fig. 23: Visualisation of a sound extract to order 1.
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Fig. 24: Color scale used for field visualisation.

scale is given on figure 24. In this extract, two sax-
ophones were playing in a church. The two spots
corresponding to each saxophone are very well dis-
tinguishable. We can also see the reflections on the
floor. Figure 23 is the same representation truncated
to order 1. The difference between the two images
is self-explanatory about the added value of higher
orders.

3 CONCLUSION

This new comprehensive approach of full three di-
mensional sound recording allows to make a third or-
der Ambisonic microphone using 24 omnidirectional
capsules inside a ball of radius less than 20 cm. The
encoding can be performed in real time on a modern
PC.

This theory overcomes the limitations of Ambisonics
due to the lack of good high order capsules and to the
mandatory positioning at the center. With our tech-
nique, it is possible to use omnidirectional capsules
reasonnably spaced without approximations, except
for the functioning of the capsules themselves.

We have also realized a multichannel 5.0 microphone
using 8 capsules and delivering 5 signals correspond-
ing to 5 virtual microphones of 5th order. The reason
why we achieve to have 5th order signals with only 8
capsules is that in the case of multichannel signals,
the a priori on loudspeakers position allows to opti-
mize the position of the capsules. Even for a 5.0 con-
figuration, 5th order directivities constitute a great
improvement over classical 1st order directivities, or
even 3rd order directivities, because of the proximity
of the three frontal loudspeakers. The improvements
concern source punctuality, sweet spot size and lo-
calization precision. However, orders greater than 5
might be useless for a 5.0 configuration.

An application for a pattent has been filed in May
2002 on this technique.
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APPENDICES

A THE FOURIER-BESSEL EXPANSION

The Fourier-Bessel expansion gives the acoustic field
p(r, θ, φ, t) as a function of its Fourier-Bessel coeffi-
cients pl,m(t) :

P (r, θ, φ, f) = 4π

∞
∑

l=0

l
∑

m=−l

Pl,m(f) jl jl(kr) ym
l (θ, φ)

where P (r, θ, φ, f) and Pl,m(f) are the time Fourier
transforms of respectively p(r, θ, φ, t) and pl,m(t).
The functions jl(x) and ym

l (θ, φ) are respectively the
spherical Bessel functions of the first kind, and the
real spherical harmonics. These are given by

jl(x) =

√

π

2x
Jl+ 1

2

(x)

ym
l (θ, φ) =

1√
2π

P
|m|
l (cos θ) trgm φ

where Jν(x) is the (cylindrical) Bessel function of
the first kind and order ν, and with

trgm φ =



















√
2 cosmφ for m > 0

1 for m = 0
√

2 sin mφ for m < 0

The functions P
|m|
l (x) are the associated Legendre

functions and are given by

P m
l (x) =

√

2l + 1

2

√

(l − m)!

(l + m)!
(1−x2)m/2 dm

dxm
Pl(x)

where Pl(x) are the Legendre polynomials :

Pl(x) =
1

2l l!

dl

dxl
(x2 − 1)l

Note that the normalization quantity in P m
l (x)

varies from one publication to another in the litter-
ature. A (−1)m factor is for example sometimes to
be found.

B EXAMPLES OF SAMPLING MATRI-

CES

The sampling matrix gives the relation between the
acoustic field and the signals provided by a micro-
phone array immersed in this field. We note cn(t) the
signal provided by the capsule n of a microphone ar-
ray consisting of N omnidirectional capsules, placed
at positions (rn, θn, φn). We place these signals and
the Fourier-Bessel coefficients in two vectors as fol-
lows:

c =













C1(f)

C2(f)
...

CN (f)













p =







































P0,0(f)

P1,−1(f)

P1,0(f)

P1,1(f)

P2,−2(f)
...

PL,−L(f)
...

PL,L(f)







































where Cn(f) and Pl,m(f) represent the Fourier
transforms of respectively cn(t) and pl,m(t). The
matrix B consists of coefficients Bn,l,m(f). Omni-
directional capsules simply measure the pressure at
the point where they are, thus the sampling relation
is simply directly derived from the Fourier-Bessel ex-
pansion given by equation (1). We have

c = Bp

with

Bn,l,m(f) = 4π jl jl(krn) ym
l (θn, φn)

In the case of capsules presenting any directivity, it
can be proved that a similar relation is obtained,
with a different matrix B. We give this matrix for
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cardioid capsules :

Bn,l,m(f) = 2π jl

(

jl(krn) ym
l (θn, φn)−

j

(

j′l(krn) ym
l (θn, φn) ur

n−

jl(krn)

krn
sin θn P ′|m|

l (cos θn) trgm φn uθ
n+

jl(krn)

krn sin θn
m y−m

l (θn, φn) uφ
n

)

)

with

ur
n = sin θn sin θα

n cos(φn − φα
n) + cos θn cos θα

n

uθ
n = cos θn sin θα

n cos(φn − φα
n) − sin θn cos θα

n

uφ
n = sin θα

n sin(φα
n − φn)

Here, (θα
n , φα

n) is the orientation of the capsule n in
the spherical coordinate system. Primes denote first
order derivatives.
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