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ABSTRACT

Realistic sound reproduction using Wave Field Synthesis in concert halls involves ensuring that both the
direct and reverberated sound fields are accurate at all listening positions. Though methods for controlling
the direct sound field have been described in the past, the control of the reverberated sound field associated
to WFS sources remains a topic of interest. This article describes the characterization of the reverberated
sound field associated to a WFS array as it synthesizes a virtual point source. Variations in the directivity
and positioning of the virtual source are shown to have an effect on the associated room effect. A solution
for controlling the reverberated sound field in a concert hall equipped with a WFS system is proposed, based
on this characterization.

1. INTRODUCTION

A subject of interest for the study of Wave Field
Synthesis can be found in the optimization of WFS
arrays for indoor concert halls. The stake of this
research is to ensure seamless integration of virtual
sound sources on stage alongside real instruments.
In this type of situation, a listener located in the
hall can judge and compare virtual sources with
their real counterparts using two auditory cues:
the direct sound field and the associated room effect.

1.1. Control of the direct sound field

Solutions for controlling the direct sound field of
monopole sources reproduced by WFS have been
proposed, based on multi-channel equalization
schemes [1]. As an addition to this basic framework,
recent advances offer the means to render the
direct sound fields of virtual sources displaying
variable directivity patterns, based on a linear
decomposition of the sound field onto a basis of
spatial eigenfunctions [2],[3].
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1.2. WFS as a sound reinforcement system

Controlling the reverberant sound field in concert
halls equipped with a WFS system has been under-
taken in a number of ways in the past. Initial re-
search was conducted with the idea of using WFS as
a sound reinforcement system in combination with a
conventional electro-acoustic system for early reflec-
tion generation and reverberation enhancement [4].
The approach proved effective in terms of the im-
provement of the acoustical qualities of the Malmö
Stadsteater, notably allowing the increase of the di-
rect sound level by up to 6dBA without noticeable
feedback. In this study the sound reinforcement sys-
tem and the reverberation enhancement system were
regarded as separate components. In other words,
the WFS system was considered strictly in terms of
its contribution to the direct sound, leaving aside
the potential impact that it may have had upon the
global room effect.

1.3. Reverberation enhancement using WFS

In [5] it is seen that the isotropic properties of a
reverberant sound field can be recreated within the
horizontal plane in a perceptually convincing man-
ner using of a set of plane waves synthesized in WFS.
A concept for reproducing the reverberation of a ref-
erence enclosure within a given ”object” enclosure,
based on a directional analysis of the sound field
[6], is described. Under the assumption of uncor-
related responses, the auralization procedure sim-
ply consists in adding the energy lacking in each di-
rection of the object enclosure as compared to the
reference enclosure 1. To achieve this, the energy
responses of the set of plane waves used for rever-
beration purposes are duly measured and taken into
account. In other words, the interaction of the re-
verberation component of the system with the listen-
ing hall is properly characterized. However, direct
sound synthesis is considered separately, and its nat-
ural contribution to the late reverberance omitted.

1.4. Room compensation using WFS

The main accent in studies conducted on room com-
pensation is put upon controlling early reflection
patterns [7] [8] rather than late reverberance. One
might argue that perfect cancellation of the early

1In absence of appropriate cancellation techniques, the
proposed concept is valid only if the reference enclosure is
equally or more reverberant than the object enclosure.

reflection patterns entails subsequent control of the
late reverberance. However, the cited studies under-
line that perfect cancellation of primary reflections
is impossible using WFS arrays, mainly because of
their restriction to the horizontal plane. This con-
straint makes it impossible to reduce the energy ra-
diated by the loudspeakers of the array outside of
this plane.

1.5. Goal and outline for the article

Given the impossibility to cancel the energy radiated
outside of the horizontal plane with a conventional
WFS setup, it is clear that the direct sound com-

ponent emitted by the WFS array has an intrinsic

contribution to late reverberance. This contribution
must be characterized and compensated for if one is
to ensure a late reverberance that is coherent with
that of a real source. This issue becomes especially
critical when considering directive virtual sources,
since for these sources the quantity of energy emitted
into the room by WFS during direct sound synthesis
is subordinated to the position and orientation of the
virtual source being rendered. A simple illustration
of this problem is given in figure 1.

Fig. 1: Windowing of a dipole source by the loud-
speaker array.

In the situation on the left, the window through
which the source illuminates the loudspeaker array
(delimited by two pointed lines) is centered on one
of the lobes of the dipole. In the situation on the
right, the window is centered on the acoustic zero
of the dipole. Important variations in the power
emitted by the array are to be expected during di-
rect sound synthesis for these two orientations of the
same source. This can also be shown to be true for
changes in source positioning, as was shown in [9].
Since the power emitted by the array determines the
characteristics of the late reverberance, these vari-
ations must be compensated for if one is to ensure
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continuity in the perceived reverberance of the room
during movements and rotations of the virtual source
on stage.

The stake of this article is to offer a means for pre-
dicting the total power emitted by the array during
variations in position and/or orientation of virtual
sources. This characterization is a necessary step in
the implementation of a reverberation enhancement
system that is capable of taking into account the in-
teraction of a WFS array with the concert hall in
which it is placed.

Section 2 will expose theoretical and practical as-
pects linked to the synthesis of directive sources in
WFS. Section 3 will deal with evaluating the recon-
struction error for direct sound synthesis, i.e. within
the horizontal plane situated in front of the loud-
speaker array. In section 4, the focus of the study
is extended to a characterization of the the entire
3D sound field emitted by the array. Variations in
emitted power for a simulated ideal WFS array are
characterized according to the virtual source’s loca-
tion and orientation. A practical method allowing
to conduct an in-situ characterization is presented
and illustrated with the case study of a MAP ar-
ray placed in a concert hall. Finally, a method for
compensating variations in the late reverberation as-
sociated to virtual source movements and rotations
is introduced in light of the analysis.

2. THEORETICAL AND PRACTICAL FRAME-

WORK FOR DIRECTIVITY SYNTHESIS IN WFS

This section exposes the theoretical framework as
well as practical aspects of directive sound source
rendering using Wave Field Synthesis.

2.1. The cylindrical harmonics : A framework for

directivity synthesis in WFS

The spherical harmonic basis offers an intuitive and
flexible framework for reproducing the directivity
characteristics of sound sources [10]. Since control of
the sound field in WFS can only be achieved within
the horizontal plane, it is in fact necessary to restrict
the basis for spatial additive synthesis to a 2D rep-
resentation, i.e. the cylindrical harmonics. Similarly
to spherical harmonics, they can be used as a basis
for recomposing sound source radiativity patterns
within the horizontal plane in a flexible manner. Us-
ing a limited set of lower order functions (cf figure

2) it is possible to generate a family of directivity
patterns and control their orientation.

Fig. 2: Low order functions of the cylindrical har-
monics basis (left to right) : Lateral Quadrupole
Y −1

2 , Lateral Dipole Y −1
1 , Monopole Y 1

0 , Axial Di-
pole Y 1

1 , and Axial Quadrupole Y 1
2 .

2.2. Practical aspects of directive source render-

ing in WFS

In [1], a multichannel equalization procedure was
introduced, allowing to calculate a set of filters to
be applied to each loudspeaker of a WFS array in
order to minimize reproduction errors due to limi-
tations inherent to WFS within the listening area.
These limitations apply to the frequency band and
size of the ”visibility area” that can accurately be
controlled. They depend on the physical characteris-
tics of the loudspeaker array (directivity deficiencies
of the loudspeakers, length of the array, spacing be-
tween the loudspeakers) as well as the position of the
virtual source being synthesized. The multichannel
equalization procedure can be outlined as follows :

• The sound field of a target virtual source is cal-
culated at a series of control positions situated
in front of the loudspeaker array. Directivity
characteristics of the virtual source are taken
into account in this calculation.

• The individual loudspeakers of the array are
characterized in terms of their free-field impulse
responses at the same positions.

• A multichannel iterative procedure is used
to calculate a set of filters to apply to the
loudspeaker array, in order to minimize the
quadratic error between synthesized and target
sound fields at the microphone positions.

Given the finite spacing between the loudspeakers,
there exists an aliasing frequency above which it is
impossible to combine individual loudspeaker contri-
butions to form coherent wave fronts. This implies
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the need to adapt the filtering procedure for higher
frequencies. The method for doing this can be out-
lined as follows:

• Individual equalization filters are derived from
measurements of the loudspeakers taken inside
a 60 degree plane angle around their main axis.
The filters are synthesized as minimum phase
filters.

• Delays and gains are added in order to obtain a
smooth transition with the low frequency con-
tent produced by the multichannel inversion.

• In the final step, the response at each micro-
phone position is obtained by convolving the
measured loudspeaker responses with the ob-
tained filters. Global correction gains are ap-
plied per frequency band above the aliasing fre-
quency in order to ensure a flat mean frequency
response.

This general procedure outputs a set of filters to be
applied to the loudspeakers in order to synthesize
the sound field of a target virtual source. It is re-
peated for a set of desired positions and elementary
cylindrical directivities in order to constitute a data-
base that can then be accessed in real time during
rendering. By weighting the filters associated to ele-
mentary cylindrical directivities it is possible to vary
the shape and orientation of the virtual source be-
ing synthesized. A more detailed description of the
multichannel equalization procedure can be found in
[3].

3. EVALUATION OF THE RECONSTRUC-

TION ERROR FOR DIRECT SOUND SYNTHE-

SIS

Before evaluating the actual power emitted by the
WFS array, it is proposed to measure the error com-
mitted in synthesizing the direct sound field of di-
rective sources. The evaluation is carried out on a
simulated WFS setup composed of 48 ideal mono-
pole loudspeakers measured by an array of 96 om-
nidirectional microphones situated 1.5m in front of
the array (figure 3).

The array is driven by a set of filters that result
from the equalization procedure (section 2.2) allow-
ing for the synthesis of virtual sources at 6 different
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Fig. 3: Simulation configuration composed of 48
ideal monopole loudspeakers and 96 omnidirectional
microphones. Microphones are numbered from 1
through 96 starting from the left. Virtual source
positions are represented as blue crosses.

positions (shown as blue crosses in figure 3) with 5
possible directivity patterns for each position (Lat-
eral Quadrupole, Lateral Dipole, Monopole, Axial
Dipole, and Axial Quadrupole).

The sound field emitted by the array during synthe-
sis of the different virtual sources is measured and
compared with the target sound field at the same
positions that were used to conduct the filter opti-
mization.

3.1. Evaluation of the complex synthesis error

The first criterion considered for evaluating the qual-
ity of the sound field reconstruction performed by
the WFS array is a criterion Errcomplex evaluated
in the complex domain, which places as much im-
portance on the proper reconstruction of the phase
as it does on the reconstruction of the amplitude
of the sound field. Phase is given particular atten-
tion in this evaluation, since the control of the shape
and orientation of directivity patterns relies on lin-
ear combinations of the elementary directivity func-
tions. The error criterion is based on the complex
vector

−−→
Xerr, defined as follows:

−−→
Xerr(nMic, f) =

−−−−→
Xtarget(nMic, f)−

−−−−→
Xarray(nMic, f)

(1)
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with nMic the index of the microphone being con-
sidered (between 1 and 96), f the frequency,

−−−−→
Xtarget

the Fourier transform of the target impulse response
and

−−−−→
Xarray the Fourier transform of the impulse re-

sponse effectively reconstructed by the array. Let
<>mics design the average over all microphone po-
sitions and ||.|| the norm of a vector. The complex
error criterion is defined as :

Errcomplex = 10 · log10(
< ||

−−→
Xerr(nMic, f)|| >mics

< Etarget(nMic, f) >mics

)

(2)
with Etarget(nMic, f) the energy received at micro-
phone position nMic at the frequency f .

The calculation is carried out below the aliasing
frequency and within the visibility window since a
proper reconstruction of the phase is only feasible
in these domains. The visibility window designates
the portion of the horizontal plane that is illumi-
nated by the virtual source through the loudspeaker
array. The four sources situated behind the loud-
speaker array in figure 3 present a visibility window
that encompasses the entire control microphone ar-
ray. However, the two focused sources rendered in
front of the array only illuminate a limited portion
of the microphone line as can be seen on figure 9
(a more detailed description of visibility issues will
be given in the following section). The aliasing fre-
quency is considered to be equal to 1200 Hz for this
configuration 1.

Results of the calculation of Errcomplex are given on
figure 4 for virtual sources situated at a centered po-
sition (along the right bisector of the array). The ob-
servation of the plots representing virtual sources sit-
uated behind the loudspeaker array (left and center)
shows in general low values for Errcomplex that in-
crease as the aliasing frequency is approached. The
synthesis error depends on the type of directivity
figure being synthesized (i.e. the orientation of the
virtual source). It increases as the virtual source
approaches the array, and reaches values of up to -
5dB for focused sources. The synthesis error remains
however consistently equal to approximately -20dB
for the monopole source at all positions. These re-
sults tend to indicate a strong dependency of the

11200 Hz is the minimal aliasing frequency measured over
all source and microphone positions. The aliasing frequency is
in fact higher for certain source and/or microphone positions
[3].

complex synthesis error on source positioning and
orientation.

3.2. Evaluation of the energetic synthesis error

Above the aliasing frequency, proper control of the
phase becomes impossible, and the complex crite-
rion developed in the previous section is ill-adapted
for evaluating the reconstruction error of the di-
rect sound. Another criterion, based on the energy
propagating through the control microphone line, is
therefore proposed to complete the study of the di-
rect sound.

Let Etarget(nMic, f) represent the energy of the
target sound field at the microphone position
nMic (between 1 and 96) and frequency f. Let
Earray(nMic, f) represent the energy emitted by the
array at the microphone position nMic and the fre-
quency f. Energy is taken to be proportional to the
pressure squared at the microphone positions (near
field effects will be neglected for the sake of this com-
parison).

In order to illustrate the differences that can be
found between the energy of the target sound field
and the energy of the sound field synthesized us-

ing WFS, the quantity
Earray(nMic,f)
Etarget(nMic,f) is calculated

at every microphone position for a parallel dipole
source synthesized 5m behind the loudspeaker ar-
ray (figure 5). An observation of the three diagrams
shows that the main error committed by the array
as it attempts to synthesize the target source mainly
concerns the central microphone positions at high
frequencies. Indeed, it becomes physically impos-
sible to generate the required null at these central
positions above the aliasing frequency.

Given the global gain corrections that are applied
to the synthesized filters during the equalization
process in order to obtain a flat mean frequency re-
sponse above aliasing (section 2.2), a criterion based
on the average energy is appropriate in order to eval-
uate the quality of the reconstructed sound field. In
light of this remark, the energetic synthesis error
Errsyn is proposed, defined by the following equa-
tion:

Errsyn = 10 · log10(
< Earray(nMic, f) >(mics,f)

< Etarget(nMic, f) >(mics,f)
)

(3)
with nMic the index of the microphone (between 1
and 96) and f the frequency.
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Fig. 4: Evaluation of the complex synthesis error Errcomplex for the synthesis of a directive virtual source
at three different depths along the right bisector of the loudspeaker array.

Fig. 5: Synthesis of a lateral dipole 5m behind the array at a centered position. Representation of the
target energy Etarget (dB) as a function of frequency expected at control positions (left), Energy Earray

(dB) effectively emitted by the array (center), ratio
Earray(nMic,f)
Etarget(nMic,f) (dB) (right). Microphones are numbered

from left (1) to right (96) of the zone in front of the loudspeakers as shown in figure 3.

A calculation of Errsyn carried out over the [100-
1200]Hz frequency band and over the [1200-20000]Hz
band, so as to distinguish errors committed above
and below the aliasing frequency. Figure 6 shows
the energetic synthesis error Errsyn below aliasing
frequency for virtual sources rendered at three dif-
ferent depths along the right bisector of the array
(right hand figure) and at three depths 2m to the
left of the right bisector of the array (left hand fig-
ure). These positions are represented as blue crosses
on figure 3. Figure 7 displays the energetic synthe-
sis error Errsyn above aliasing frequency at the same
positions.

Observation of figure 7 shows larger variations in the
mean synthesis error above the aliasing frequency

for certain sources situated behind the loudspeaker
array than for others. The reason for these fluctu-
ations lies mainly in the appearance (or disappear-
ance) of nulls along the control microphone positions
following the source position. Since phase control is
impossible at high frequencies, the mean energy er-
ror increases for sources that require frequency nulls
along the control microphone line. For example, one
may observe that the mean synthesis error for the
axial quadrupole drops from 5dB to 2dB and finally
to 1dB between the positions 1m in front of the ar-
ray (centered), 2m behind the array (centered) and
5m behind the array(centered). The observation of
figure 8 reveals that two nulls present along the mi-
crophone line for a source position 2m behind the
array are ”invisible” to the microphone line for the
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Fig. 6: Energetic synthesis error Errsyn below the
aliasing frequency for virtual sources exhibiting the 5
basic directivity patterns, at 3 different depths and
at a centered position (right) or 2m left of center
(left).
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Fig. 7: Energetic synthesis error Errsyn above the
aliasing frequency for virtual sources exhibiting the 5
basic directivity patterns, at 3 different depths and
at a centered position (right) or 2m left of center
(left).

same source placed 5m behind the array. This is an
illustration of the effect of source positioning on the
energy effectively emitted by the array.

Generally speaking, the observation of figure 6 shows
that synthesis errors below aliasing frequency re-
mains inferior to 0.5dB for all sources situated be-
hind the array. However, for focused sources the
synthesis error becomes more consequential (up to
1.5dB error). The error can also be seen to be supe-
rior for focused sources situated 1m in front center
than it is for focused sources situated 0.5m in front
and 2m to the left.

In order to understand this result it is important
to realize that for focused sources, a converging
sound wave is -focused- by the array onto the
source position, from which it emerges as a convex

Fig. 8: Ratio
Earray(nMic,f)
Etarget(nMic,f) for an axial quadrupole

synthesized at a centered position at two different
depths: 2m behind the array(left) and 5m behind
the array(right).

wave front that proceeds to propagate through the
listening area. Therefore, for focused sources, the
loudspeaker array illuminates the control micro-
phone line through a limited zone that depends on
the position of the virtual source. This can be seen
on figure 9 (left hand side), where it is observed that
the source situated 1m in front of the array only
illuminates microphones 28 through 69, instead of
the full 96 microphones. On the other hand, the
focused source situated 2m to the left successfully
illuminates microphones 1 through 69, leaving only
microphones 70 through 96 outside of the visibility
window (figure 9, right). This has an impact on the
synthesis error measured at control microphones
situated outside of the visibility window, as can
be seen on figure 10: below the aliasing frequency

the ratio
Earray(nMic,f)
Etarget(nMic,f) rises from approximately

0dB within the visibility window to 20dB at mi-
crophone positions situated outside the window.
The energetic synthesis error Errsyn is therefore
lower for an axial dipole synthesized 2m left of
center (0.5m in front) since in this case the visibility
window spans a larger area. Given the loudspeaker
configuration, it is once again physically impossi-
ble to exercise proper control over the sound field
at positions situated outside of the visibility window.

3.2.1. Conclusion for simulations of direct sound

synthesis

The results of the simulations exposed in this sec-
tion tend to show that the energy of the direct
sound emitted by the wave field synthesis driven ar-
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Fig. 9: Illustration of the windowing problem for a
focused source. On the left hand side, the green mi-
crophones represent the ”visible” microphones illu-
minated by the loudspeaker array synthesizing a vir-
tual source 1m in front of the array. On the right, it
is observed that for a position slightly closer to the
array and 2m to the left of the center, the visible
zone extends further to the left, thereby encompass-
ing the side microphones.

Fig. 10: Ratio
Earray(nMic,f)
Etarget(nMic,f) for an axial dipole syn-

thesized at a centered position 1m in front of the
array (left) and at a position 2m left of center and
0.5 meters in front (right).

ray through the frontal window is subservient both
the position and the directivity of the virtual source
being synthesized. The energetic synthesis error in-
creases above the aliasing frequency when the target
sound field requires nulls along the control micro-
phone line. Though the sound field remains highly
accurate below the aliasing frequency for most vir-
tual source positions, energy errors are observed for
focused sources because of windowing issues.

4. CHARACTERIZATION OF THE POWER

EMITTED BY A WFS ARRAY

Having outlined the behavior of the Wave Field
Synthesis array in the frontal window used for di-
rect sound optimization, this section will deal more

generally with the total power emitted by the array.
In other words, instead of concentrating solely on
the horizontal plane situated in front of the loud-
speaker array, the idea in this section is to consider
the entire array as a single body radiating in 3D
space. This shift of focus is important if one is to
comprehend how the system interacts with a closed
environment such as a concert hall. The goal is to
characterize and eventually predict variations in the
power emitted by the array as the virtual source un-
dergoes movements and/or orientation changes.

4.1. Measurement of the power emitted by an

ideal WFS loudspeaker array.

In order to understand the mechanisms underlying
the variations in the emitted power, a characteriza-
tion in ideal conditions is proposed. The configura-
tion used for this characterization comprises a WFS
loudspeaker array composed of 48 ideal monopole
sources measured on 128 ideal omnidirectional mi-
crophones set up on a 10m radius half circle in the
horizontal plane containing the loudspeaker array
(figure 11). For reasons of symmetry, each micro-
phone is representative of a portion of a 3D sphere
surrounding the loudspeaker array. By allotting the
proper solid angle weighting to each microphone it is
then possible to measure the energy emitted through
a spherical surface surrounding the array, therefore
giving access to an estimation of the emitted power.

The configuration represented on figure 11 can be
divided into two zones. The first zone, delimited
by green colored microphones, includes the linear
microphone array used to inform the multichannel
equalization procedure. This portion will be des-
ignated as the ”visible solid angle” in reference to
the fact that it encompasses the visibility window of
the array. The second zone, delimited by red mi-
crophones, is situated outside of the zone optimized
by the equalization procedure. This portion will be
designated as ”outside of the visible solid angle”.

A comparison of the 5 canonical directivity patterns
in terms of the emitted power is represented on fig-
ure 12. The virtual source position being considered
is centered and 5m behind the array. On the left
hand figure, a measure of the total power emitted by
the array is given. On the central figure, the power
emitted through the visible solid angle is given. On
the right hand figure, the power emitted through the
non-visible solid angle is given.
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concert hall. This model can therefore constitute a
means for predicting and eventually compensating
the late reverberance associated to any given virtual
source being rendered by the array. To do so, a data-
base containing information on the emitted power
for different combinations of the canonical directivi-
ties must be constituted off-line, as was done for the
direct sound synthesis. During the rendering stage,
the reverberation enhancement system must simply
adapt its produced power spectrum according to the
current virtual source parameters. This infrastruc-
ture offers a flexible means for ensuring coherence in
the reverberant sound field during a real-time per-
formance involving a WFS system on stage.

6. CONCLUSION

In the present study, a simulated model involving
an ideal monopole array was used in order to under-
stand the general radiation properties of the WFS
array for the synthesis of directive sources. Using
this model, it was shown that the sound field could
be accurately reconstructed in terms of phase and
amplitude within the visibility window and below
the aliasing frequency. By observing the power as-
sociated to different directivities, it was seen that
below the aliasing frequency the directivity factor
of the array could be controlled to a certain ex-
tent. However, by design the system is incapable
of providing a constant power output regardless of
source orientation. Above the aliasing frequency the
sound field can be seen to follow isotropic properties,
with an equal amount of energy emitted in all direc-
tions. The power estimated from measurements con-
ducted with a real loudspeaker system revealed simi-
lar tendencies, with an added frequency dependency
linked to the complex directivity characteristics of
the transducers. Future models will need to incor-
porate information gathered from loudspeakers di-
rectivity measurements in order to improve the sim-
ulation method. Finally, a method for compensating
the effect of the observed variations was introduced.
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