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ABSTRACT

Localization accuracy with Wave Field Synthesis (WFS) was estimated in a variable-acoustics concert hall.
Contrary to previous studies, we employed a Minimum Audible Angle (MAA) paradigm as a measure of
localization performance. The MAA was estimated for three different listening positions, three orientations
of the listeners (0◦,60◦, 90◦) and two acoustical conditions. WFS was found to produce satisfying localization
cues that depend little on the reverberation time of the room and only weakly on the position of the listener.

INTRODUCTION

Wave Field Synthesis (WFS) is an advanced ren-
dering technique that enables the synthesis of sound
fields within an extended listening area [1]. Virtual
sources may thus be localized accurately within an
extended listening area, typically for the entire au-
dience in a concert hall. However, some artifacts
may alter localization in such a situation [2]. For
example, the spatial sampling of the loudspeaker dis-
tribution used in WFS introduces aliasing artifacts
that distort the reproduced sound field above the so-
called aliasing frequency. The natural room effect

(of the early reflections and reverberation) is also a
known factor that may alter sound localization. For
all these reasons, evaluation methodologies for WFS
are of particular interest. Perceptual evaluation of
3D audio systems is a large field where a quantita-
tive approach is undertaken to assess the perceptual
qualities that are reproduced by a system. These
include localization, spaciousness, listener envelop-
ment and coloration. In this work, we are interested
in evaluating wave field synthesis by estimating the
Minimum Audible Angle (MAA) under certain com-
binations of parameters of interest in the deployment
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of a Wave Field synthesis system in a concert hall.

0.1. Localization accuracy and MAA

Auditory localization performance is evaluated by
either estimating the Localization Error or the Mini-
mum Audible Angle. Localization Error is estimated
by asking listeners to indicate the direction of sound
incidence. This is done either using a visual refer-
ence system, or in more recent studies aligning an
acoustical pointer with the perceived direction of
sound incidence [4] [5]. Localization error studies
are useful because they reveal biases in the percep-
tion of sound incidence. It is therefore a measure of
how well the synthesized sound location is perceived
by listeners. However, when a visual reference sys-
tem is used or participants are not blindfolded they
are prone to sensory bias.
The Minimum Audible Angle (MAA) is a measure
of the smallest perceivable angular displacement.
Mills [Mills58], studied MAAs in an anechoic cham-
ber with real sounds. He showed that they depend
strongly on the frequency of the stimulus and the
direction of sound incidence. For frontal incidence,
MAA remains relatively constant around 1◦ up to
1500 Hz. Between 1500 Hz and 3000 Hz localization
ability diminishes to improve again above 3000 Hz.
This behavior is also observed for directions other
than frontal. MAAs also depend on the interstimu-
lus interval. For inter-stimulus intervals larger then
150 msec they remain essentially constant [14].
MAA s are estimated by presenting a stimulus in the
direction of interest followed by a displaced stim-
ulus and listeners indicate the perceived direction
of sound displacement. When the effect of the fre-
quency of the sound is not of direct interest, it is
usual to perform the estimation using white noise
bursts. Saberi et al. [9], estimated MAAs to be 1◦,
1.6◦ and about 5◦ for directions of incidence of 0◦,
60◦ and 90◦ respectively.
The Minimum Audible Angle and the Localization
error are two complementary ways to estimate audi-
tory localization abilities. Hartmann [12] indicates
that in the absence of sensory bias it can be thought
to relate to the standard deviation of the localization
judgments.

0.2. Localization studies for Wave Field Synthe-

sis

Localization in WFS systems has been studied

mainly through absolute localization studies. Ver-
heijen [10] estimated localization error for virtual
sources synthesized using a 24-channel monopole
electrodynamic array and compared it to real
sounds. Measurements were carried out both in an
anechoic and a medium-sized listening room (RT60

= 0.5s). Two loudspeaker spacings of ∆x = 22 and
∆x = 11 cm were used. Virtual sources were posi-
tioned 2 m behind the loudspeaker array. The stim-
uli were 1.5 s white-noise bursts and bandlimited
versions of them. The bandlimited noise stimuli did
not contain frequency components above the respec-
tive aliasing frequency for each loudspeaker spacing.
This was 775 Hz for ∆x = 22 cm and 1550 Hz for
∆x = 11 cm. Seven directions of sound incidence
were evaluated, spaced equally between −25◦ and
25◦ degrees, with 0◦ corresponding to the middle of
the loudspeaker array. Participants indicated which
of the labeled loudspeakers was closest to the per-
ceived location of the stimulus. There were two repe-
titions for each combination of the experimental fac-
tors. The authors found that localization judgments
for white noise were not significantly different from
the true location of the sound. The deviation was
increasing however as sounds were displaced from
the middle of the loudspeaker array. In the ane-
choic room, mean localization error for white noise
was 1.9◦ (1.1◦) and 2.2◦ (1.1◦) degrees for virtual
and real sources respectively. In the listening room,
the error became 2.6◦ (1.1◦) and 2.5◦ (1.1◦) respec-
tively. There was no clear effect to delimiting the
bandwidth to frequencies less than the aliasing fre-
quency. There was also no significant effect of in-
creasing the spacing between the loudspeakers.
Start [11] performed in situ localization error mea-
surements on a Wave Field Synthesis system in an
anechoic room, an auditorium (RT60=1.1 sec.) and
a concert hall (RT60=2.3 sec.) for noise stimuli of
variable bandwidth. Different loudspeaker arrays
where used in the three conditions leading to an
aliasing frequency of 1.4 kHz in the anechoic cham-
ber, 1.2 kHz in the auditorium and 750 Hz in the
concert hall. Participants indicated the perceived
direction of sound incidence by indicating which of
the labeled loudspeakers was closest to the perceived
direction of sound incidence. There were five repe-
titions for each experimental condition. Localiza-
tion performance for broadband stimuli was quite
similar in the cases of the auditorium and the con-
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cert hall but deteriorated compared to the anechoic
chamber. Localization accuracy was best for speech
stimuli. In general synthesized sources were on av-
erage less well localized than real ones in all acous-
tic conditions, the discrepancy increasing for broad-
band noise stimuli. However, for stimuli below the
spatial aliasing frequency and under anechoic condi-
tions, localization performance was as good as with
real sounds. In contrast, for stimuli bandlimited
above the spatial aliasing frequency, localization per-
formance was markedly worse than for real sources.
For white noise stimuli, the localization bias was on
average 3.0◦, 5.9◦ and 4.2◦ and the standard devi-
ation 1.4◦, 3.0◦ and 2.2◦ in the anechoic chamber,
the auditorium and the concert hall respectively. It
is however difficult to compare these results between
each other since too many parameters changed (ar-
ray shape and size, aliasing frequency, listening and
source positions, listening room acoustics).
Furthermore, in his PhD thesis [2], Start performed
Minimum Audible Angle estimation for sounds in
front of a user for a Wave Field Synthesis system.
Real and synthesized noise stimuli were recorded in
an anechoic room using a KEMAR artificial head
and then played back to the listeners through head-
phones. The estimation was done for frontal sound
incidence for stimuli bandwidths of 100-1500 Hz and
100-8000 Hz bandwidths respectively. Mean MAAs
were 1.15◦ (0.16◦) and 0.79◦ (0.09◦) versus 1.1◦

(0.11◦) and 0.77◦ (0.11◦) for real and virtual sources
and 100-1500 Hz and 100-8000 Hz respectively. Par-
ticipants judged the direction of sound displacement
vs. a reference sound stimulus in the center of the
array. Stimuli were 1 s. in duration and the inter-
stimulus interval was 300 ms.

0.3. Motivation for the present study

The literature review shows that the Minimum Au-
dible Angle for Wave Field Synthesis has not been es-
timated for directions of sound incidence other than
frontal and in a real world setting such as the con-
cert hall. In addition, it has not been estimated at
different listening positions in a concert hall.
The minimum audible angle also provides interesting
data from a system design point of view. Multichan-
nel equalization techniques may be used to compen-
sate for rendering artefacts in Wave Field Synthesis
for an ensemble of target sources that should span all
possibly synthesized virtual sources on a given loud-

speaker configuration [6]. Finite Impulse Response
filters are calculated for each loudspeaker and each
source and stored in a database. The calculation of
the database is thus linearly linked to the number
of sources. Studies on the Minimum Audible An-
gle enable thus to optimize both database size and
calculation time by providing guidelines for the def-
inition of the required source ensemble.
For these reasons, we undertook the following exper-
imental study to investigate how the aforementioned
parameters affect the Minimum Audible Angle for
the particular Wave Field Synthesis system.

1. DESCRIPTION OF THE SYSTEM AND THE

CONCERT HALL
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Fig. 1: Reverberation time (RT60) for the absorp-
tive and the reflective configurations of the ESPRO

The experiment took place at IRCAM in the Espace
de Projection (ESPRO). The ESPRO is a 375 m2

variable acoustics concert hall (23.5m(Length) ×

15.5m(Width) × 11m(Height)). The prismatic
modules inserted into the walls, referred to as
peri-actes in the latter, have 3 surfaces with dif-
ferent acoustical properties (absorptive, diffusive,
reflective). By choosing different configurations and
modifying ceiling height, the reverberation time can
be adjusted from 0.4 to 4 s.
Two different configurations of the concert hall are

used. The ceiling height was not changed so that the
volume of the concert hall remained the same (c.a.
3700 m3). In the ”absorptive” configuration, all
peri-actes are arranged to present their absorptive
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Fig. 2: Position of loudspeakers and test positions
in the concert hall

surface. In the ”reflective” configuration, the lower
part of the side walls was set to reflective and
the ceiling was half absorptive and half diffusive.
This configuration increases the energy of side
reflections. The corresponding reverberation times
are displayed in Figure 1.
A 48-channel loudspeaker array was installed in the
concert hall at 7 m from the back wall (see Figure 2
for details). The array was positioned at 4 m height
which can be regarded as a realistic configuration
for a front stage-loudspeaker array position in the
context of a mixed-music performance involving
real and synthetic instruments.

The total length of the array was 8.8 m. We
used a double logarithmic spacing as displayed
in Figure 3. Loudspeakers have generally larger
spacing for center loudspeakers (24 cm) than for
side loudspeakers (13 cm). Figure 4 displays the
aliasing frequency calculated for each source angle
and listening position with the method proposed in
[7]. It shows that the aliasing frequency is not the
same for all sources and listening positions ranging
from 1.1 to 1.65 kHz: The aliasing frequency is
generally increasing with listening position distance
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Fig. 3: Loudspeaker (black dots) and sources (red
circle) positions

and decreasing with absolute value of the source
angle. The aliasing frequency was also estimated
for the same ensemble of sources and listening
positions considering an array of same length (8.8
m) but with a regular spacing (18.3 cm) of the 48
loudspeakers. This additional estimation gives an
increase of 20 % on average of the aliasing frequency
due to the double logarithmic spacing compared to
the regularly spaced array. This is consistent to
the results of [7] in which a 3.6 m long array of 24
loudspeakers was used.
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Fig. 4: Aliasing frequency calculated for the three
listening positions
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2. METHOD

The estimation of the Minimum Audible Angle was
performed for two acoustic conditions and three di-
rections of sound incidence at three different posi-
tions in the concert hall as shown in Figure 2. In-
dependent variables were listening seat, direction of
sound incidence and acoustic condition.

2.1. Participants

Nine participants, ranging from 24 to 45 with an
averaged age of 29, participated in the experiment.
All participants reported having normal hearing.

2.2. Apparatus & Materials

A computer was used to control the WFS system
and present the stimuli in the desired order. Par-
ticipants indicated the perceived direction of sound
displacement using two keys on a keyboard. La-
bels were installed at 0◦, 60◦ and 90◦ relative to the
frontal direction of each listening seat. Participants
were asked to turn and look at the desired label to
estimate corresponding MAA s. The stimulus was
a 250 ms burst of white noise with 5 ms cosine rise
and decay. Virtual sources were located 2 m behind
the loudspeaker array (8 m from listening seat 2) at
an angular range of (−30◦ to 30◦). The reference
source position (0◦) was centered in the middle of
the loudspeaker array. Figure 3 displays the posi-
tion of the virtual sources. The reverberation time
for the two acoustic conditions, was RT60 = 1.0 s and
RT60 = 2.0 s. Three listening positions were chosen,
centered towards the hall and the loudspeaker ar-
ray. Seat locations were chosen such that the direct
sound attenuated by 3 dB from one position to the
next. Assuming that the mean ear level of the par-
ticipant was at 1.2 m from the floor, the elevation
of the array was at 17◦, 26◦ and 43◦ respectively for
positions 1, 2 and 3.

2.3. Procedure

Three experimental sessions were performed for each
acoustic condition, each with three listeners. Listen-
ers were seated at three locations along an axis per-
pendicular to the center of the loudspeaker system.
MAA was estimated using a 2AFC procedure in
which participants listened to a reference sound com-
ing from the middle of the loudspeaker array and
a displaced version of the same sound with a de-
lay of 350 ms. They then had to infer the direc-
tion of sound displacement (clockwise vs. counter-
clockwise). A variation of the constant stimuli

method was used where sound displacement was var-
ied randomly within each trial set in one of four pre-
determined values. These were: 0.5◦, 1◦, 5◦ and 10◦

for frontal, 2◦, 5◦, 10◦, 15◦ for oblique and 5◦, 10◦,
20◦, 30◦ for lateral incidence. Both left-right and
right-left sequences were presented, with seven rep-
etitions each. MAAs were estimated separately for
each direction of sound incidence in a random or-
der for each experimental session. The same group
of nine people participated in both acoustic condi-
tions.
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Fig. 5: Percent Correct Identification and fitted Lo-
gistic Functions for RT60 = 1.0 s

3. RESULTS

Percent correct identifications based on pooled data
and the associated logistic regression curve fit are
presented in Figures 5 & 6. The angular displace-
ment for each data point has been scaled to corre-
spond to the apparent sound displacement at the
position of the listener. There is obviously a strong
effect of the direction of the sound event and a lesser
effect of the listening seat.

Based on the logistic function curve fit thresholds
corresponding to 75% correct identification perfor-
mance were calculated. Thresholds for each individ-
ual subject and median values are presented in Table
1.
In the cases where the estimation of the threshold
was not possible, data were replaced with the me-
dian value and an Analysis of Variance was per-
formed. There was a significant main effect of the
room, F(1,8) = 6.85, p < 0.05, the listening seat,
F(2,16) = 28.796, p < 0.001 and the direction of
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Fig. 6: Percent Correct Identification and fitted Lo-
gistic Functions for RT60 = 2.0 s

sound incidence, F(2,16) = 138.82, p < 0.001. Fur-
thermore, there were significant two-way interaction
between the listening seat and the direction of sound
event, F(4,32) = 29.925, p < 0.001. Post-Hoc Tukey
HSD comparisons showed all directions of sound in-
cidence to differ significantly among them. Post-Hoc
Tukey HSD comparisons showed listening seat 3 to
differ significantly from both other seats but seats 1
and 2 were not significantly different.

4. DISCUSSION

The results indicate that localization in Wave Field
Synthesis systems follows similar tendencies as local-
ization in the real world. Localization ability dimin-
ishes for oblique and lateral incidence. The extent
to which this happens depends on the listening seat,
as revealed by the interaction between listening seat
and the direction of sound event.
It is evident from Table 2 that MAAs for 60◦ are

about 2 times those for 0◦ and MAAs for 90◦ are
about 5.5 times those for 0◦ for seats 1 and 2. How-
ever, for Seat 3 there is significant degradation in lo-
calization acuity for oblique and lateral direction of
sound incidence. This is attributed to the fact that
Seat 3 was too close to the (elevated) loudspeaker ar-
ray. We are currently undertaking acoustical anal-
yses to investigate the effect. It is evident though
that there is a limit to how close to the loudspeaker
listeners can be placed without significant degrada-
tion of the localization cues.

Absorptive Reflective
Seat Subject 0◦ 60◦ 90◦ 0◦ 60◦ 90◦

1

S1 3.9 3.3 NaN 2.7 5.3 NaN
S2 1.3 3.1 14.7 1.2 9.7 NaN
S3 3.4 4.8 15.1 2.0 1.8 NaN
S4 1.9 5.7 NaN 1.9 4.4 20.0
S5 2.2 3.6 8.6 2.0 4.1 NaN
S6 3.9 3.5 NaN 3.8 4.1 NaN
S7 1.7 3.3 6.0 2.1 4.0 10.3
S8 2.2 3.0 4.8 1.5 3.7 17.7
S9 1.9 5.1 7.9 1.9 4.8 5.5

Median 2.2 3.5 8.2 2.0 4.1 14.0
MAD (0.8) (0.9) (3.6) (0.6) (1.3) (5.4)

2

S1 1.5 5.1 28.5 0.8 8.2 25.7
S2 2.8 2.8 16.6 4.6 3.1 15.3
S3 1.8 7.8 15.7 1.4 3.8 26.4
S4 1.2 1.3 15.5 2.4 4.8 13.6
S5 1.7 2.4 12.0 2.4 2.9 10.7
S6 1.8 3.2 11.2 4.9 6.7 13.6
S7 2.7 1.4 8.2 2.6 4.9 11.2
S8 2.9 2.2 9.7 3.0 5.0 20.6
S9 2.5 2.8 6.8 2.4 2.1 3.4

Median 1.8 2.8 12.0 2.4 4.8 13.6
MAD (0.7) (1.4) (4.7) (0.9) (1.5) (4.8)

3

S1 2.4 5.7 26.9 2.6 8.3 28
S2 1.0 3.4 16.8 3.0 4.2 18.8
S3 2.2 3.7 23.2 2.5 6.4 38.1
S4 2.7 4.4 NaN 4.0 9.0 NaN
S5 2.7 4.9 29.4 3.3 6.8 21.6
S6 2.2 2.3 16.5 3.8 3.9 28.1
S7 2.9 2.5 12.8 2.5 5.8 18.2
S8 1.8 3.4 18.1 3.0 7.7 30.0
S9 2.4 3.4 28.6 2.7 7.2 20.0

Median 2.4 3.4 20.7 3.0 6.8 24.8
MAD (0.4) (0.9) (5.5) (0.4) (1.3) (5.7)

Table 1: MAA estimations for each participant
as well as median and median absolute deviation
(MAD) for the conditions in the experiment

Localization acuity was greatest in Seat 2. Localiza-
tion was also satisfactory in Seat 1, however, a num-
ber of participants (1 & 6) produced high MAAs for
frontal incidence. This was examined informally af-
ter the experiment and was found to depend on a cer-
tain discontinuity of the reproduced sound field that
could nonetheless be resolved through head move-
ments. Participants 1 & 6 however, did not take
advantage of this and for this reason their thresh-
olds are higher than the rest of the population.
Increasing the reverberation time resulted in higher
MAAs. Averaged over sound incidence and listening
seat MAAs were about 20% higher in the reverber-
ant room. This is not surprising given that the room
was transformed so as to increase the lateral reflec-
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Seat 60◦ 90◦

1 1.9 5.5
2 1.8 6.3
3 1.9 8.6

Table 2: Degradation in MAA as a function of
the angle of sound incidence averaged over the two
acoustic settings.

tions, a factor that is known to decrease localization
acuity. The extent of the degradation is relatively
small in terms of absolute values. It should be noted,
however that localization acuity is relatively insen-
sitive to early reflections for stimuli of substantial
temporal variation as those used in the study (white
noise). For sounds with harmonic structure the ef-
fect may be bigger.
Our results for frontal incidence are higher than
those obtained by Start [2]. This can be attributed
to the effect of the reverberation. In the study by
Start, participants listened to anechoic stimuli over
headphones, whereas this study was performed in a
concert hall. In addition, the accuracy of the MAA
estimators would be improved by using more data
points and repetitions for the estimation of the psy-
chometric function. The estimated values are close
but higher than those obtained for real sounds in an
acoustically damped room by a factor that depends
on the direction of sound event and the listening
seat, a consequence of the deployment of the system
in a real world setting.

5. CONCLUSION

In conclusion, we evaluated localization accuracy
with Wave Field Synthesis (WFS) in a variable
acoustics concert hall, using the Minimum Audible
Angle (MAA) paradigm as a measure of localization
performance. The MAA was estimated for three dif-
ferent listening positions, three orientations of the
listeners (0◦, 60◦, 90◦) and two acoustical conditions.
WFS was found to produce satisfying localization
cues that depend little on the reverberation time of
the room and only weakly on the position of the lis-
tener.
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