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Introduction

Wave Field Synthesis (WFS) is a multichannel sound ren-
dering technique that allows for the synthesis of physical
properties of sound fields within an extended listening
area [1]. It relies on a large number of closely spaced
loudspeakers (typically 15-20 cm) forming an acoustic
aperture through which the target sound field (as ema-
nating from a target sound source) propagates into the
listening environment.
Practical implementation of WFS requires simplifica-
tions to the underlying physical principles (Kirchhoff-
Helmholtz and Rayleigh integrals). Real loudspeakers
radiation characteristics may also contribute to alter the
synthesized sound field compared to the target one. Two
types of loudspeakers are used nowadays for Wave Field
Synthesis (see figure 1):

• array-mounted electrodynamic loudspeakers,

• Multi-Actuator Panels (MAP).

Figure 1: MAP and electrodynamic loudspeakers

MAP loudspeakers have been recently proposed as an
alternative to electrodynamic loudspeakers for WFS [2].
Thanks to their low visual profile, MAP loudspeakers
were originally thought as a way to facilitate the integra-
tion of tens to hundreds of loudspeakers in an existing
environment. They are known to exhibit non-ideal radi-
ation properties but can be partly compensated for using
dedicated multichannel equalization techniques [3]. Con-
trary to electrodynamic loudspeakers, they also exhibit
”diffuse” radiation properties [4] particularly at high fre-
quencies.
The goal of current studies is to compare, at an objective
and a subjective level, the transparency of Wave Field
Synthesis rendering using electrodynamic or MAP loud-
speakers. A companion paper [4] focuses on the char-
acteristics of the free field radiation of loudspeaker ar-
rays and its influence on perceptual dimensions such as

coloration, Auditory Source Width (ASW) and angular
localisation. The goal of this paper is to perform an ob-
jective analysis and a listening test dedicated to distance
perception.

Diffuse filtering for Wave Field Synthesis

Figures 2(a) and 2(b) display impulse responses of fil-
ters that may be used for WFS rendering. The impulse
response of figure 2(a) is a ”classical” WFS filter (a de-
layed, possibly attenuated dirac pulse). Figure 2(b) dis-
plays the impulse response of a partly ”diffuse” filter that
will be referred to as Discrete-Diffuse (DD) filter. The
diffuse part of the filter is obtained from a time limited
white noise that is generated independently for each loud-
speakers in order to obtain uncorrelated outputs. The
DD filter is designed so as to reproduce the known dif-
fuse properties of MAP loudspeakers on electrodynamic
loudspeakers. For more details on the implementation,
see [4].
Below the spatial aliasing frequency, the filters are de-
signed using the multichannel equalization (MEQ) tech-
nique from [3] which enables to appropriately synthesize
the sound field within an extended listening area. There-
fore, the DD filter is only applied above the spatial alias-
ing frequency which is approximately at 1200 Hz for the
considered configuration. In [4], the DD filter is also
shown to reduce spatial color variations that can be ex-
perienced while wandering in a WFS sound installation.
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(a) Discrete filter (MEQ)
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Figure 2: Various diffusing filters used at high frequencies

Objective analysis

Two ”identical” 48 channel, 15 cm spacing (i.e. 7.2 m
long), loudspeaker arrays were installed in the Espace de
Projection (see figure 1), a 22(l)×15(w)×11(h) m3 vari-
able acoustic concert hall at IRCAM. All surfaces (pe-
riactes) are set to absorptive (walls and ceiling). The
obtained reverberation time is therefore below 1 s at all
frequencies.



Room impulse measurements were achieved using an om-
nidirectional microphone located at 3 closely spaced (5
cm) positions at 3 m from the loudspeaker array, 1.5 m
to the left of the center of the loudspeaker array. Figures
3(a), and 3(b) display the energy calculated in 4 tempo-
ral sections (0D: 0-20 ms, R1: 20-40 ms, R2:40-100 ms,
R3: after 100 ms) and 7 octave bands (125/250/500 Hz,
1/2/4/8 kHz). This analysis is inspired from the low-
level model used in the IRCAM’s virtual room processor
(le spatialisateur [5]). Figure 3(a) displays mean values
averaged on the three microphone positions and all oc-
tave bands. It can be seen that MAP loudspeakers have
more energy in later temporal sections (R1/R2/R3/R4)
which may indicate an increased distance compared to
electrodynamic loudspeakers. Diffusion only modifies en-
ergy in R1 section (20-40 ms) on both loudspeaker types.
However, both observations are particularly noticeable at
high frequencies (2/4/8 kHz, see figure 3(b)).
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(a) Mean value on all octave
bands
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Figure 3: Energy in temporal section (0D: 0-20 ms, R1: 20-
40 ms, R2:40-100 ms, R3: after 100 ms) and 7 octave bands
(125/250/500 Hz, 1/2/4/8 kHz) (Em: electrodynamic MEQ
filtering, Ed: electrodynamic DD filtering, Mm: MAP MEQ
filtering, Md: MAP DD filtering).

Subjective test

A pair comparison direct scaling method is used. The
task of the subjects is to indicate on a continuous scale if
the second stimulus is closer, at the same distance, fur-
ther than the first stimulus. The loudspeakers are hidden
by an acoustically transparent curtain and all lights are
dimmed so as to limit biasing visual cues. The subjects
were positioned at 1.5 m to the left and 4.5 m distance
from the loudspeakers so as to avoid discrimination based
on elevation difference (less than 5 degrees in this setup).
A virtual room processor is used in order to elicit three
levels of distance (close: no additional room effect, mid
distance, far distance) [6]. The room effect is rendered
using three virtual loudspeakers on the WFS array and
6 side and rear loudspeakers. The chosen sound mate-
rial is a guitar excerpt that was used in [6] to validate
the virtual room model on a binaural setup. Two virtual
sources positions were used (3 m behind the loudspeaker
array and 3 m to the left, 8 m behind the loudspeaker
array and 3 m to the right). 4 stimuli, thus 6 pairs, are
randomly presented in both orders (12 and 21) in 6 condi-
tions (elicited distance*virtual source position) forming a
total of 72 pairs with no possible repetition. 11 subjects
completed the test in an average of 20 minutes.
The results of the test are simply analyzed by extracting
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Figure 4: Results for distance test. Occurrences of responses
indicating further, same, or closer distance of stimulus 1 ver-
sus stimulus 2 (Em: electrodynamic MEQ filtering, Ed: elec-
trodynamic DD filtering, Mm: MAP MEQ filtering, Md:
MAP DD filtering).

the number of occurrences indicating a greater, smaller,
or same distance for each of the 6 pairs. These are pre-
sented in figure 4. MAP loudspeakers are shown to signif-
icantly increase perceived distance compared to electro-
dynamic loudspeakers. Diffusion has a similar but less
pronounced effect, especially for electrodynamic loud-
speakers.
Single way analysis of variance did not show any signif-
icant influence of either pair order (p > 0.9) or elicited
distance with virtual room effect (p > 0.7). Only a loose
influence of source position can be noticed (p ∼ 0.2).
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