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Abstract

Current research in videoconferencing is focussed on 3D-Sound reproduction over a wide
listening area. This paper compares two methods: Holophony and Ambisonic. First, it will
be shown that Ambisonic actually corresponds to a particular case of holophonic reconstruc-
tion, then the specificities of the two approaches will be analysed in terms of complexity
and size of listening area. As a result, a third method, which shall combine the advantages
of both Holophony and Ambisonic, will be suggested.

1 Introduction

In a videoconference, people communicate via an
audiovisual interface. In order to enhance the trans-
parency of this interface, current developments in-
tend to introduce 3D-reproduction methods both
for image and sound [1]. This paper deals only with
the problem of 3D-Sound reproduction. First, one
point should be kept in mind: in a videoconference,
the listening area must be wide, since it is addressed
to several listeners. This requirement clearly ex-
cludes the stereophonic and binaural technologies,
which are restricted to a single listener.

In fact, methods based on physical recon-
struction of the acoustical field offer the most
relevant solutions to create an extensive listen-
ing area. Two approaches have been considered:
Holophony —acoustical equivalent to holography—
and Ambisonic. From a theoretical point of view,
Holophony is the only solution which ensures a per-
fect accurate reproduction, but its implementation
is rather complicated. On the contrary, Ambisonic
is remarkably simple and easy to use. However, the
reconstruction is accurate over such a small area
that it hardly encompasses one listener.

Holophony and Ambisonic thus achieve oppo-
site compromises between system complexity and
size of listening area. Consequently, by compar-
ing their approach, it is intended to deduce a third
method which combines their advantages. In other
words, Ambisonic could be improved via Holophony
or Holophony simplified via Ambisonic. Before link-
ing them, the theoretical basis of each method is
briefly recalled.

2 Holophony

Holophony is derived from the Huygens’ Principle
[2], which conveys the idea that an acoustical field
within a volume € can be expressed as an integral

over the boundary 99 [3]:
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where p refers to the pressure field inside Q and pg
to the pressure field over 9 (cf. Fig.1).

Fig.1 - Notations

This integral, known as the Kirchhoff-Helmholtz
Integral, may be interpreted as a distribution of sec-
ondary sources along the boundary 92 and there-
fore defines a method to reproduce a pressure field
within an extensive area. First, the field must be
recorded along the boundary both by pressure and
velocity microphones, in order to pick up the pres-
sure (pg) and its gradient (61)0). Secondly, micro-
phones are replaced by loudspeakers, which are fed
by the signals previously recorded, so that they per-
fectly reconstruct the original field. It should be no-
ticed that, as for the microphones, 2 different types
of loudspeakers must be used: monopole and dipole
sources (cf. equ.1).

However, the holophonic reconstruction is per-
fectly accurate, provided that a continuous distribu-
tion of transducers is used both for recording and



reproduction. In practice, only discontinuous ar-
ray of microphones and loudspeakers are available,
which raises the problem of spatial sampling [4].
The transducer spacing is determined by the min-
imal wave length of the recorded field, in order to
avoid aliasing according to the Shannon criterion.
The number of transducers is therefore dictated not
only by the size of the area 9€2, but also by the spec-
trum of the field. Unfortunately, it is obvious that
the Shannon criterion can not be practically satis-
fied for high frequencies.

Nevertheless, investigations carried out at the
D.U.T. (Delft University of Technology) have shown
that spatial aliasing occuring at high frequencies
does not severely degrade the result, as long as the
aliasing frequency is greater than 1.5 kHz [4]. Ad-
ditionnally, they point out further simplifications.
First, if the reproduction is limited to a plane in-
stead of a volume, the secondary source distribution
can be restricted to a curve instead of a surface, by
using the Stationary Phase Approzimation [5]. Sec-
ondly, the contribution of the monopole and dipole
are redundant, so that only monopoles fed by ve-
locity microphones are sufficient.

3 Ambisonic

The theory of Ambisonic specifically deals with the
problem of plane wave reconstruction, but this as-
sumption is not restrictive, insofar as any acoustical
field can be expressed as a sum of plane waves [3].
The reconstruction process is based on the expan-
sion of a plane wave (amplitude a, wave number
k, angle of incidence #) into a Fourier-Bessel series

[6]:
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where the pressure field p is described in cylindri-
cal co-ordinates (r, ¢) and the function J, refers to
the nth order Bessel function of the first kind. By
introducing the vectorial notation:
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the previous equation becomes:

(3)

The information concerning the spatial distribu-
tion of the plane wave is fully described by the vec-
tor ¢, which means that the sound pick-up consists

p=ac’h.

in identifying the coefficients ¢,. However, for an
exhaustive characterization, these coefficients must
be known for n = 0 to n = 400. In practice, the
expansion will be inevitably truncated. Moreover,
to measure the physical quantities ¢, microphones
whose directivity follows a cos(nf) or sin(nf) law
are required, and, except for n = 0 (omnidirectional
microphone) and n = 1 (bidirectional microphone),
such microphones do not exist. Therefore, until
now, Ambisonic recordings, which use the Sound-
field microphone designed par M. Gerzon [7], are
truncated at the first order.

For the sound reproduction, the listener is sur-
rounded by N loudspeakers equally distributed
along a circle centered on him. Provided that the
radius of the circle is greater than the wave length,
the field induced by each loudspeaker at the posi-
tion of the listener is assimilated to a plane wave:

T
pi=a; c; h.

The superposition of the N waves gives:

N
p:ZaiciTh:ATCh, (4)
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with: AT =[a; as--- ay], CT =[cy ca--- cn].
By identifying the field reproduced (equ. 4) with

the original field (equ. 3), the loudspeaker weight-
ings A can be obtained as follows [8]:

(5)

provided that N > 2M + 1, where M is the trunca-
ture order of the Fourier-Bessel series (in practice
N = 2M + 1), so that CCT = % 1 (1: Identity
Matrix). Under this condition, the reconstruction

is perfectly accurate.
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4 Linking Ambisonic and

Holophony

To link Ambisonic and Holophony, the Kirchhoftf-
Helmholtz Integral is derived for the case of a plane
wave reconstruction by a circular layout of loud-
speakers, 1.e:

- the 2D-integral is reduced to an 1D-integral
by applying the Stationary Phase Approxima-
tion, so that 92 becomes a circle of radius ry,

- the pressure field pg is a plane wave described
by the equation 2.
Finally:
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where:
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Since, for Ambisonic, the contribution of each
loudspeaker is assimilated to a plane wave, the
sources are set to infinity by replacing the Bessel
functions by their asymptotic expansion in equ.6.
Then the limit when ry tends to infinity is taken,
so that:
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If a discontinuous distribution of N sources is con-
sidered:

p(r, ¢) = %Z

i=1
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and 1t i1s easy to verify that this result coincides
with equ. 4, which points out that Ambisonic is a
particular case of the holophonic approach.

5 Discussion

In this section, a parallel will be drawn between the
holophonic and ambisonic methods concerning the
sound pick-up, which will be analysed in terms of
system complexity (number of signals recorded or
microphones required), reconstruction performance
(accuracy, size of listening area) and implementa-
tion feasibility.

5.1 Sound Pick-up Strategy

Whereas, for Holophony, the pressure field pgy is
recorded along a curve (a circle), for Ambisonic,
the recording is made at a point (the centre of the
circle) and consists in extracting the coefficients ¢y,
of the Fourier-Bessel series (cf. equ.3). However,
these two approaches are based on equivalent de-
scription of the spatial behaviour of the acoustical
field. Indeed, for Holophony, the pressure pg(rg, ¢o)
recorded along a circle of radius rg may be devel-
oped into a complex Fourier series:
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The coefficients ~, are deduced from the Fourier

Transform of the signal pg. For a plane wave, a

comparison between equ.2 and 9 yields:
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so that the coeflicients ¢,, can be derived from the
coefficients ~,:
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5.2 Encoding Error

Although both Holophony and Ambisonic sound
pick-up fundamentally provide an equivalent and
exhaustive characterization of the pressure field,
their 1mplementation raises problems of different
nature: spatial sampling of the pressure signal pg
for Holophony and truncature of the series ¢, for
Ambisonic. On one hand, spatial sampling of pg
produces aliasing of its spectrum, i.e. of the coef-
ficients ~,. From equ.10, it can be seen that the
size of this spectrum is theoretically infinite, but it
can be considered as finite in a first approximation,
because of the marked decline of Bessel functions.
Nevertheless it increases with the frequency (k) and
the radius ry. On the other hand, the truncature of
the Fourier-Bessel series (cf. equ.2), which recalls
the Taylor’s Formula, may influence the size of the
area where an accurate reconstruction is expected.
Spectral aliasing and truncature induce an en-
coding error, which may be evaluated by:
e(r,¢) = |p(r,¢) — p(r, 0)| (12)
where p i1s the original field and p the field recon-
structed according to a Fourier-Bessel series, by
considering either the coefficients v, computed from
the sampled field py or the 2M + 1 first coefficients
¢n. The mean error, which is defined as:

is 1illustrated by the Fig.2. The parameter S
refers to the number of recorded signals, i.e. for
Holophony S = N if the pressure field is recorded
at N equally distributed points and for Ambisonic
S = 2M + 1 if M is the truncature order, so as to
compare the two methods for equal cost.



Mean Error

[N ICE]

—o~NOw

»
o
T
+40
+490

Mean Error
o

Fig. 2 - Mean Encoding Frror (f = 500 Hz)
for Holophony (top) and Ambisonic (bottom)

First, it should be noticed that, whatever the
number S, the Ambisonic error is zero at the centre
of the circle and keeps very low at its neighbour-
hood, but, as expected (cf. Taylor’s Formula), it
increases with radius r quite rapidly. However, the
higher the truncature order, the wider the area of
accurate reconstruction. On the contrary, the holo-
phonic error for low values of S is high everywhere,
and particularly near the centre of the circle. As
S increases, the error noticeably declines, until the
aliasing effect disappears. A truncature effect re-
mains, which results from the finite number N of
recorded signal, so that the holophonic error con-
verges on the ambisonic error.

Therefore, for low values of S, the ambisonic
encoding seems to be the more efficient and, for
high values of S, Ambisonic and Holophony achieve
equivalent error. However, it must be borne in mind
that the Ambisonic sound pick-up for order greater
than 1, i.e. recording of the cap_1 = cos(né)/can =
sin(nf) signals, is —at least presently— unfeasible,
whereas Holophony requires only pressure or ve-
locity microphones. But the previous results (cf.
equ.11) suggest that it is possible to derive the ¢y,
signals from a holophonic sound pick-up based on a
circular array of microphones, provided that a suf-
ficient number of microphones 1s used. By includ-
ing higher order signals, the accurate reconstruction
area may be substantially extended (cf. Fig.2).

6 Conclusion

It has been shown that Holophony and Ambisonic
are based on equivalent approaches of acoustical
field reconstruction. In the light of this equiva-
lence, it is intended to compare the two approaches,
in terms of reconstruction performance relative to
system complexity and implementation feasibility.
This first study was focussed on sound pick-up and
has pointed out that Ambisonic spatial information
encoding 1s more efficient, but less practical. How-
ever, it should be noticed that, though directly un-
feasible, ambisonic sound pick-up including high or-
ders may be derived from a holophonic recording.
Another consequence of the link drawn between the
two methods is the possibility of separating sound
pick-up and reproduction in order to derive a hy-
brid approach. Future research will complete this
analysis, first by examining the sound reproduction
step, secondly by studying the method robustness
towards the actual behaviour of transducers.
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