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Common room compensation algorithms are capable of dereverberating the listening room at some discrete points only.
Outside of these equalization points the sound quality is often even worse compared to the unequalized case. However a
new rendering technique - wave field synthesis - allows to control the wave field within the listening area. Therefore it can
also be used to compensate for the reflections that the listening room causes in the complete listening area. We present a
novel approach to listening room compensation which is based upon the theory of wave field synthesis. It yields improved
compensation results in a large area.

1. INTRODUCTION

The reproduction of sound in enclosures is subject to cer-
tain impairments of the sound quality. One of the vari-
ous causes are the reflections of the sound waves at the
surfaces of the listening rooms. For mono reproduction,
standing waves may result in an undesired coloration of
the sound. For multichannel schemes, which have also
the potential of spatial reproduction, the assessment of
the listening room effects is more involved. On the one
hand, room reflections may deteriorate not only the fre-
quency response but also the spatial sound impression
of the listener. On the other hand, the availability of a
number of reproduction channels provides new degrees
of freedom for the compensation if any unwanted listen-
ing room effects are present.
In conventional multi-channel schemes like two-channel
stereo or 5.1, each reproduction channel is directly linked
to the signal of a certain loudspeaker (left-right or L-C-
R-LS-RS). Here we consider wave field synthesis (WFS),
an advanced multi-channel reproduction approach where
the number of loudspeakers is higher than any reason-
able number of parallel transmission channels (typically
tens or hundreds of loudspeakers). Thus the sound fields
produced by WFS systems are not described in terms of
loudspeaker signals but in terms of spatial directions of
the reproduced sound events. The mathematical tool for
such a description is the so-called wave field decompo-
sition, a representation of sound fields in terms of plane
waves closely related to the Radon transformation well-
known in image processing.
WFS as a reproduction format for sound field record-
ing, transmission, and reproduction has been established
through the European research project CARROUSO [1].
This project has successfully demonstrated that sound fields
can be captured by microphone-array techniques, encoded

and transmitted according to the MPEG-4 standard, and
reproduced by wave field synthesis. This contribution de-
scribes a listening room compensation approach based on
wave field decomposition that has been developed within
the CARROUSO project.
Section 2 describes the theory and implementation of WFS
rendering systems. The analysis of wave fields with wave
field decomposition is presented in Section 3. A detailed
review of classical and new approaches to listing room
compensation is given in Section 4. The experiments
conducted with WFS setup at our laboratory and the cor-
responding results are discussed in Section 5. Section 6
concludes the paper.

2. WAVE FIELD SYNTHESIS

The theory of wave field synthesis (WFS) has been ini-
tially developed at the Technical University of Delft over
the past decade [2, 3, 4, 5, 6] and is now investigated
further within the CARROUSO project. In contrast to
other multi-channel approaches, it is based on fundamen-
tal acoustic principles. This section gives a broad overview
of the theory as well as on methods for rendering and lis-
tening room and loudspeaker compensation. In the con-
text of WFS, rendering denotes the production of an ap-
propriate sound field according to the use of the term ren-
dering for computer graphics.

2.1. Theory

The theoretical basis of WFS is given by the Huygens’
principle. Huygens stated that any point of a wave front
of a propagating wave at any instant conforms to the en-
velope of spherical waves emanating from every point
on the wavefront at the prior instant. This principle can
be used to synthesize acoustic wavefronts of an arbitrary
shape. Of course, it is not very practical to position the
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Figure 1: Basic principle of wave field synthesis.

acoustic sources on the wavefronts for synthesis. By plac-
ing the loudspeakers on an arbitrary fixed curve and by
weighting and delaying the driving signals, an acoustic
wavefront can be synthesized with a loudspeaker array.
Figure 1 illustrates this principle.
The mathematical foundation of this more illustrative de-
scription of WFS is given by the Kirchhoff-Helmholtz in-
tegral (1), which can be derived by using the wave equa-
tion and the Green’s integral theorem [7]
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Figure 2 illustrates the parameters used. In (1), S denotes
the surface of an enclosed space V ,

�
r � rs

�
the vector

from a surface point rs to an arbitrary listener position r

within the volume V , P (rS , ω) the Fourier transform of
the pressure distribution on S, β the wave number and
n the surface normal. The temporal angular frequency is
denoted by ω. The Kirchhoff-Helmholtz integral states
that at any listening point within the source-free volume
V the sound pressure P (r, ω) can be calculated if both
the sound pressure and its gradient are known on the sur-
face enclosing the volume. This can be used to synthesize
a wave field within the surface S by setting the appropri-
ate pressure distribution P (rS , ω), i.e. dipole sources and
its gradient, i.e. monopole sources on the surface. This
fact is used for WFS based sound reproduction. But there
are several simplifications necessary to arrive at a realiz-
able system:

1. Degeneration of the surface S to a plane between
the primary sources and the listening area

2. Degeneration of the surface S to a line

3. Spatial discretization

PSfrag replacements
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Figure 2: Definition of the parameters used for the
Kirchhoff-Helmholtz integral.

The first step is to degenerate the surface S to a plane
between the primary sources and the listening area. The
wave field can be synthesized by either acoustic monopoles
or dipoles alone. The Rayleigh I integral describes the
mathematics for monopoles as follows

P (r, ω) = ρc
jβ

2π

∫
[

vn(rS , ω)
e � jβ � r � rs ��

r � rs

�
]

dS (2)

where ρ denotes the static density of the air, c the speed
of sound and vn the particle velocity perpendicular to the
surface. The Rayleigh II integral [6] applies for dipoles.
In the second step, we observe that for our applications
it is sufficient to synthesize the wave field correctly in
the horizontal ear plane of the listener. For this scenario
the surface further degenerates to a line Λ surrounding
the listening area. As a first approximation, closed loud-
speakers act as acoustic monopoles mounted on discrete
positions. Equidistant spatial discretization of the line
Λ with space increment ∆λ gives the discrete monopole
positions ri. As a third step, we use this discretization
and the assumption of an approximately stationary phase.
Then the two dimensional Rayleigh I integral (2) can be
transformed into one dimension

P (r, ω) =
∑

i

[

An(ω)P (ri, ω)
e � jβ � r � ri ��

r � ri

�
]

∆λ, (3)

where An(ω) denotes a weighting factor. Using the equa-
tion above, WFS can be realized by mounting closed loud-
speakers in a linear fashion (linear loudspeaker arrays)
surrounding the listening area leveled with the listeners
ears. Figure 3 shows a typical setup.
Up to now we assumed that no acoustic sources lie in-
side the volume V . The theory presented above can also
be extended to the case that sources lie inside the volume
V [4]. This allows to place acoustical sources between
the listener and the loudspeakers within the reproduction
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Figure 3: Typical setup of loudspeakers used for WFS.

area (focused sources). This is not possible with tradi-
tional stereo or 5.1 setups.
In practice, two effects limit the performance of real WFS
systems:

1. Spatial aliasing
The discretization of the Rayleigh integral results in
spatial aliasing due to spatial sampling. The cut-off
frequency is given by [6]

fal =
c

2∆x sinαmax
, (4)

where αmax denotes the maximum angle of incidence
of the synthesized wave field relative to the loudspeaker
array. Assuming a loudspeaker spacing ∆x = 10 cm,
the minimum spatial aliasing frequency is fal = 1700 Hz.
Regarding the standard audio bandwidth of 20 kHz
spatial aliasing seems to be a problem for practical
WFS systems. Fortunately, the human auditory sys-
tem is not very sensitive to these aliasing artifacts.

2. Truncation effects
These effects are caused by wavefronts which propa-
gate from the ends of the loudspeaker array. They can
be understood as diffraction waves caused by the finite
number of loudspeakers in practical implementations.
Truncation effects can be minimized by filtering in the
spatial domain (tapering) [6].

After this brief review of the acoustic theory, two differ-
ent rendering approaches will be presented: model-based
rendering and data-based rendering. Both approaches fol-
low from suitable specialization of the discrete version of
the Rayleigh I integral (3).

2.2. Model-based rendering

For model-based rendering, models for the sources are
used to calculate the driving signals for the loudspeak-
ers. Point sources and plane waves are the most common

models used here. For a point source equation (3) be-
comes

P (r, ω) = Q(ω)K
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where Q(ω) denotes the spectrum of the source signal,
∆x the distance between the loudspeakers, K is a geom-
etry dependent constant and rm denotes the position of
the point source. The spectrum of the loudspeaker driv-
ing signals Wi(ω) can be derived from (5) as

Wi(ω) = Q(ω)K

√

jβ

2π

e � jβ � ri � rm �
�
ri � rm

�
3

∆x, (6)

By transforming this equation back into the time-domain
and employing time discretization the loudspeaker driv-
ing signals can be computed from the source signals by
delaying, weighting and filtering,

wi[k] = an ( h[k] 	 q[k] ) 	 δ[k � κ], (7)

where an and κ denote an appropriate weighting factor
and delay respectively, h[k] the inverse Fourier transform
of

√

jβ/2π. Multiple (point) sources can be synthesized
by superimposing the loudspeaker signals from each source.
Plane waves and point sources can be used to simulate
classical loudspeaker setups, like stereo and 5.1 setups.
Thus WFS is backward compatible to existing sound re-
production systems and can even improve them by opti-
mal loudspeaker positioning in small listening rooms and
listening room compensation, as discussed in this paper.

2.3. Data-based rendering

The loudspeaker driving signals Wi(ω) for arbitrary wave
fields can be computed according to equation (3) as fol-
lows

Wi(ω) = An(ω)P (ri, ω). (8)

The pressure distribution P (ri, ω) contains the entire in-
formation of the sound field produced at the loudspeaker
position ri by a source Q(ω). The propagation from the
source to the loudspeaker position ri can be modeled by
a multidimensional transfer function H(ri, ω) assuming
linear wave propagation. By incorporating the weighting
factors An(ω) into H(ri, ω) we can calculate the loud-
speaker driving signals as follows

Wi(ω) = H(ri, ω)Q(ω). (9)

By transforming this equation back into the discrete time
domain, the vector of loudspeaker driving signals w[k] =
[w1, w2, 
�
�
 , wM ]T can be expressed as a multichannel
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convolution of measured or synthesized impulse responses
with the source signals q[k] = [q1, q2, 
�
�
 , qM ]T

w[k] = H[k] 	 q[k], (10)

where H[k] denotes a matrix of suitable impulse responses.
The impulse responses for auralization cannot be obtained
the conventional way by simply measuring the response
from a source to a listener position. In addition to the
sound pressure also the particle velocity is required to
extract the directional information. This information is
necessary to take into account the direction of the trav-
eling waves during auralization. These room impulse re-
sponses have to be recorded by special microphones and
setups as shown in section 3 and extrapolated to the loud-
speaker positions [7].

2.4. Practical implementation of a WFS based ren-
dering system

The WFS setup at our laboratory consist of 24 wideband
loudspeakers and a subwoofer as shown in Figure 3. The
loudspeakers are driven by multichannel amplifiers that
were developed at our lab for this purpose. We utilize
commercial available multichannel DA-converters with
ADAT interface to feed the amplifiers. The ADAT sig-
nals are provided by a digital multi-channel soundcard in
a PC. We developed software for model and data based
rendering. The software was developed for the LINUX
operating system and is running in real-time.
Although still under development, our model-based ren-
dering software already provides the following features:

 synthesis of point sources and plane waves

 synthesis of moving point sources with arbitrary
trajectories

 interactive graphical user interface for loudspeaker
and source setup

 room effects using a mirror image source model

 source input from files or ADAT/SPDIF

 simulation of a 5.1 loudspeaker setup

Figure 4 shows a snapshot of the graphical user interface
of our model-based real-time rendering software. The up-
per half of the application window comprises the loud-
speaker and source setup. Sources can be moved intu-
itively in real-time by clicking on the source and dragging
using the computer mouse. One of the shown sources
moves on a trajectory which is also displayed in the win-
dow. The lower half of the application window controls
the synthesis and application parameters and the setup for
the virtual room used for the mirror image model. All pa-
rameters can be changed in real-time during operation.

For data based rendering we utilize BruteFIR [8], a very
fast real-time convolution software. Using a multiproces-
sor workstation, the computational complex convolutions
can be performed in real-time by our system. To reduce
the computationally complexity when rendering scenes
with long reverberation times the rendering of high-quality
natural audio is done typically by reproducing the direct
sound as point source at the source position and the re-
verberation as eight plane waves as shown in [9, 10].

3. WAVE FIELD ANALYSIS

Room compensation requires that we are able to deter-
mine the influence of the listening room on the aural-
ized wave field to take a suitable action to compensate
for these effects. The influence of the listening room on
the dry loudspeaker signals is measured with wave field
analysis techniques in our framework. The following sec-
tion will introduce the necessary tools.
Using techniques from seismic wave theory tools for the
analysis of acoustic wave fields can be developed [13].
The eigensolutions of the acoustic wave equation in three
dimensional space appear in different forms, depending
on the type of the adopted coordinate system. For a spher-
ical coordinate system the simplest solution of the wave
equation are spherical waves, while plane waves are a
simple solution for Cartesian coordinates. Of course, plane
waves can be expressed as a superposition of spherical
waves (see Huygen’s principle) and vice versa [11]. We
aim at performing a spatial transform of the acoustic wave
field P (r, ω) into a domain which gives more insight into
the structure of the field. Accordingly two types of trans-
formations exist for wave fields, the decomposition of the
field into spherical harmonics or plane waves. We use a
plane wave decomposition in our framework. For practi-
cal reasons we will assume two dimensional wave fields
in the following. In this special case a cylindrical coor-
dinate system is used. The basic idea is to transform the
pressure field P (r, ω) into plane waves with the incident
angle θ and the intercept time τ with respect to a refer-
ence point:

p(r, t) ���� s(θ, τ) (11)

This technique is therefore often referred to as plane wave
decomposition. We will denote the transformation in our
paper with � . The plane wave decomposition maps the
pressure field into an angle, offset domain. This trans-
formation is also well known as Radon transformation
from image processing. The Radon transformation maps
straight lines in the image domain into Dirac peaks in the
Radon domain [12]. It is therefore typically used for edge
detection in digital image processing.
The Radon transformation of a pressure field p(r, t) can
be reduced to a one-dimensional integration over the pres-
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Figure 4: Screenshot of our model-based rendering application

sure distribution on a line p(x, t) as follows:

s(θ, τ) = � �
p(x, t) � =

∫ �

� �
p(τ sin θ + s cos θ, τ cos θ � s sin θ)ds. (12)

More insights into the properties of the plane wave de-
composition can be derived by a multidimensional Fourier-
transformation of the pressure field P (r, ω) with respect
to the vector r of spatial coordinates. The complex ampli-
tudes of the multidimensional Fourier transform can then
by identified as the amplitudes and phases of monochro-
matic plane waves [13]. Because the spatial Fourier trans-
form uses the same orthogonal basis functions as the well
known temporal Fourier transform it also shares its prop-
erties. The plane wave decomposition has several benefits
compared to working directly on the pressure field in our
application: Information about the direction of the trav-
eling waves is included, spatial properties of sources and
receivers can be easily included into algorithms and plane
wave decomposed wave fields can be easily extrapolated
to other positions [7].

In general, there is no access to the whole two dimen-
sional pressure field P (r, ω) to calculate the plane wave
decomposition using a multidimensional Fourier trans-
form. However, the Kirchhoff-Helmholtz integral (1) al-
lows to calculate the acoustic pressure field P (r, ω) from
the sound pressure and its gradient on the line enclosing
the desired field and vice versa (see section 2.1). There-
fore, the Kirchhoff-Helmholtz integral (1) can not only
be used to introduce the concept of wave field synthesis,
but also to derive an efficient implementation of the plane
wave decomposition for acoustic wave fields.

3.1. Plane wave decomposition for a circular micro-
phone array

The calculation of the plane wave decomposition is de-
rived for various microphone array configurations in [14].
Because a circular microphone array has many favorable
advantages over other configurations we will use this con-
figuration for our purpose. We will shortly review the al-
gorithm for the calculation of the plane wave decomposi-
tion for a circular array as described in [14]. Because the
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Kirchhoff-Helmholtz integral would only allow to calcu-
late the acoustic pressure field inside the circular array
the plane wave decomposition is derived using cylindri-
cal harmonics. The first step is to calculate the cylindri-
cal harmonics from the acoustic pressure p(θ, t) and the
sound velocity component in normal direction to the ar-
ray vn(θ, t) as follows

M (1)(nθ, ω) =

H � (2)nθ
(βR)P (nθ, ω) � H

(2)
nθ

(βR)jρcVn(nθ, ω)

H
(1)
nθ

(βR)H � (2)nθ
(βR) � H

(2)
nθ

(βR)H � (1)nθ
(βR)

(13a)

M (2)(nθ, ω) =

H � (1)nθ
(βR)P (nθ, ω) � H

(1)
nθ

(βR)jρcVn(nθ, ω)

H
(2)
nθ

(βR)H � (1)nθ
(βR) � H

(1)
nθ

(βR)H � (2)nθ
(βR)

(13b)

where P (nθ, ω) and Vn(nθ, ω) denote the two dimen-
sional Fourier transforms of the pressure and velocity mea-
surements p(θ, t) and vn(θ, t), R the radius of the array,

nθ the order of the cylindrical harmonic, H
(1)
nθ

and H
(2)
nθ

the Hankel functions of first and second kind and H � (1)nθ

and H � (2)nθ
their derivatives. The wave field is decom-

posed into incoming M (1) and outgoing M (2) cylindri-
cal harmonics. The plane wave decomposition can then
be calculated in a second step as

s(1)(θ, ω) =
1

2π

∑

nθ

j(1 � nθ)M (1)(nθ, ω)ejnθθ (14a)

s(2)(θ, ω) =
1

2π

∑

nθ

j(1+nθ)M (2)(nθ, ω)ejnθθ (14b)

For practical reasons the acoustic pressure and its gradi-
ent will only be measured on a limited number of posi-
tions on the circle. This spatial sampling can result in
spatial aliasing in the plane wave decomposed field if
the sampling theorem is not observed. The aliasing fre-
quency fs can be approximated as follows

fs � c
L

4πR
(15)

where L denotes the number of different angles used for
the measurement.
The incoming s(1) and outgoing s(2) parts of the plane
wave decomposition can be used to distinguish between
sources inside and outside the circular array. While sources
outside result in a incoming part which is equal to the
outgoing part, sources inside the array are only present in
the outgoing part. By using only the incoming part s(1)

sources inside the array are omitted.
Using a two dimensional wave field analysis method in
a three dimensional environment causes additional prob-
lems. Wave fields emitted from sources that do not lie in

the same plane as the microphone array cause responses
in the plane wave domain which can in general not be
distinguished easily from sources in the same plane. This
can cause artifacts when used for auralization purposes
with an WFS system or for the compensation of room
acoustics. Besides these drawbacks the benefit of the
plane wave decomposition is that we can capture the acous-
tical characteristics of a whole area through a measure-
ment on the boundary of this area. Plane wave decom-
posed impulse responses therefore describe the acousti-
cal properties of the whole area surrounded by the micro-
phone array up to the aliasing frequency.
Because the number of microphone channels that have to
be captured for typical configurations of a circular micro-
phone array exceed the number of channels that can be
captured in real-time by currently available audio hard-
ware such a circular array is typically realized by sequen-
tial measurement of the discrete positions on the circle.
We use a stepper motor for this purpose as shown in fig-
ure 8.

4. LISTENING ROOM COMPENSATION

In this section, we point out the problem of compensating
large listening areas and introduce our approach to over-
come the drawbacks of common multi-point compensa-
tion systems.

4.1. Review of classical room compensation approaches

The equalization of listening rooms is a topic of past and
current research. Listening room compensation aims at
improving the perceived quality in sound reproduction in
non anechoic environments. When listening to a record-
ing that itself contains the reverberation of the recorded
scene, which is the typical case, the reverberation caused
by the listening room interferes with the recorded sound
field in a potential disturbing way. Perfect listening room
compensation would eliminate the effects caused by the
reproduction room. Unfortunately there are a number
of pitfalls when designing a room compensation system.
A good overview on classical room compensation ap-
proaches and their limitations can be found in [15].
Omitting the imperfect characteristics of the loudspeaker
and the microphone, the effect of the listening room can
be measured by the impulse response from the loudspeaker
to a microphone. In principle, perfect compensation could
be achieved by prefiltering the loudspeaker signal with
the inverted impulse response. Unfortunately typical room
impulse responses have in general non-minimum phase
[16] which prohibits to calculate an exact inverse. A
number of algorithms exist to approximate the inverse
filter. The situation becomes better when multiple play-
back channels and equalization points are used. In this
situation the listening room can be modeled as multiple-
input/multiple-output (MIMO) system. The multiple-input/
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output inverse theorem (MINT) [17] provides an exact
solution for most situations. The solution is achieved
by rewriting the convolution of the loudspeaker signal
with the room impulse response as matrix operation. The
problem of inverse filtering can then be formulated as the
algebraic problem of inverting a matrix. Because of the
special structure of the matrix obtained by multichannel
convolution (block Toeplitz matrix) an analytical solution
and its limitations can be found. The measured impulse
responses contain only the influence of the listening room
at the particular position they were captured. This is the
reason why these classical algorithms can only provide
equalization of the listening room at these measured po-
sitions. These algorithms are therefore often termed as
multi-point equalization algorithms [18]. Outside these
equalization points the sound quality is often even worse
than in the uncompensated case [15, 19].

4.2. Problem statement

The theory of WFS systems as described in section 2
was derived assuming free field propagation of the sound
emitted by the loudspeakers. In real systems, however,
acoustic reflections at the walls of the listening room can
degrade the sound quality, especially the perceptibility
of the spatial properties of the auralized acoustic scene.
Common room compensation algorithms are capable of
dereverberating the listening room at some discrete points
only. As wave field synthesis in principle allows to con-
trol the wave field within the listening area it can also be
used to compensate for the reflections caused by the lis-
tening room. Of course this is only valid up to the spatial
aliasing frequency (4) of the particular WFS system used.
Above the aliasing frequency there is no full control over
the wave field. Destructive interference to compensate
for the listening room reflections will fail here. We will
focus mainly on the computation of compensation filters
below the aliasing frequency in this paper. Therefore all
signals are low-pass filtered and downsampled to the spa-
tial aliasing frequency of the loudspeaker array. Some in-
dications what can be done above the aliasing frequency
will be shown in section 4.5.
Figure 5 shows the signal flow diagram of room compen-
sation with WFS. The N primary source signals q[k] are
first fed through the WFS system operator H[k]. For the
sake of generality the WFS system is modeled as matrix
of impulse responses. This covers both the model-based
and data-based rendering approach. The influence of the
listening room is then compensated through the compen-
sation filters C[k]. The resulting signals are then played
back through the M loudspeakers of the WFS system.
The loudspeaker and listening room characteristics are
contained in the matrix R[k]. This matrix does not only
contain the temporal characteristics of the loudspeakers
but also their directivity properties. After convolution

with these impulse responses the auralized wave field at
the L listening position(s) is expressed through the vec-
tor L[k]. According to figure 5, the auralized wave field
L(z) is given as follows

L(z) = R(z) 
 C(z) 
 H(z) 
 q(z), (16)

where e.g. q(z) denotes the Laplace transform of q[k].
In principle, perfect compensation of the listening room
would be obtained if

R(z) 
 C(z) = F(z), (17)

where F contains suitable impulse responses from the
loudspeakers to the microphone positions for free field
propagation (e. g. implying loudspeakers acting like mono-
poles and free field propagation). The next section will
introduce our approach to calculate the compensation fil-
ters which is based on the above illustrated framework
combined with the concept of WFS and wave field anal-
ysis.

4.3. Room compensation using the plane wave decom-
position

One reason for multi-point equalization systems’ failure
in dereverberating large areas is the lack of information
about the traveling directions of the reflected sound waves.
Compensation signals traveling in other directions can-
cel out the reflections at the microphone positions only.
Therefore, our approach is a novel compensation algo-
rithm which takes into account directional information
about the sound waves by utilizing plane wave decom-
posed wave fields. Instead of using the microphone sig-
nals directly we perform a plane wave decomposition of
the measured wave field as described in section 3. The
transformed wave field is denoted as R̃. We then adapt
the compensation filters C of this MIMO system so that a
given desired wave field Ã is met. Using the plane wave
decomposed wave fields instead of the microphone sig-
nals has the advantage that the complete spatial informa-
tion about the listening room influence is included. This
allows to calculate compensation filters which are in prin-
ciple valid for the complete area inside the loudspeaker
array.
There are two possible strategies for the calculation of
compensation filters:

1. Calculation of a full set of compensation filters
If we apply our concept straightforward to a WFS sys-
tem, the desired wave field Ã will be determined by
the wave propagation from the speakers to the listen-
ing area, as assumed in the calculation of the WFS
signals. This concept has the advantage of the room
compensation filters being independent from the WFS
operator. The drawback is the high number of com-
pensation filters that have to be applied to the output
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Figure 5: Block diagram of a WFS system including the influence of the listening room and the compensation filters to
cope for the listening room reflections

signals of the WFS system in real time (M 2 for M
loudspeakers).

2. Incorporate WFS operator into compensation filters
For quasi-stationary WFS operators H (as used for
auralization with slowly moving virtual sources), the
WFS system is a linear time invariant (LTI) system.
Therefore, the WFS operator can be integrated into
the room compensation filters. Models for point sources
and plane waves, as described in section 2.2, can be
used as desired wave fields in this case. For N sources
this results in N 
 M filters, which are in most cases
significantly less than in the first approach.

In both cases it is possible to calculate the compensation
filters by solving the following equation

R̃(z) 
 C(z) = Ã(z) (18)

with an appropriate desired wave field Ã. Using the MINT
it is possible to solve the above equation exactly under
certain realistic conditions as shown in [17]. This al-
lows to have exact inverse filters. One of the basic re-
quirements for a MINT based solution is that the number
of loudspeakers M has to be higher than the number of
equalization points/plane wave components L. Unfortu-
nately this exact solution requires to have quite long fil-
ters for a typical WFS setup. The length of the compen-
sation filters is given as follows [17]

NC =
M (NR � 1)

M � L
(19)

where NR and NC denote the length of the measured
impulse responses and the compensation filters, respec-
tively. Another problem when implementing the MINT
for MIMO systems with many inputs and outputs is the
computational complexity required. A straightforward
implementation of the MINT is therefore currently not
feasible for typical WFS systems. We utilize a least-
squares error (LSE) method to calculate the compensa-
tion filters in our framework for these reasons.

4.4. Practical implementation of room compensation

We chose a multichannel LSE frequency domain inver-
sion algorithm [20] to calculate the compensation filters
C. Figure 6 shows a block diagram of its application
to room compensation for WFS using the first approach
described to calculate the compensation filters. The in-
version algorithm minimizes the following cost function
J derived from the error ẽ:

min
C(z)

(

J(z) = ẽH(z)ẽ(z)
)

, ẽ = [ẽ1 . . . ẽL] (20)

In contrary to multi-point equalization algorithms, the er-
ror is not measured at several points but for several di-
rections θ of the plane wave decomposed signals. This
results in minimization of the mean squared error over all
directions L of the plane wave decomposition for every
frequency. As each plane wave component describes the
wave field inside the whole listening area for one direc-
tion θ, minimizing the error for all directions results in
filters compensating the whole listening area. The com-
pensation filters can then be computed as [20]

C(z) = ( R̃T (z � 1)R̃(z) + γB(z � 1)B(z)I ) � 1

�
R̃T (z � 1)Ã(z)z � m (21)

where γ denotes a suitable regularization weight, B(z)
the frequency function for the regularization weight and
z � m a suitable modeling delay. The modeling delay is
required for causal compensation filters. The advantage
of this approach is that the length of the resulting inverse
filters can be chosen such that their computational com-
plexity is bounded and audible artifacts [15] due to the
truncation of the filter length compared to the exact solu-
tion of the MINT are minimized.
Because in general the aliasing frequency of the mea-
sured wave field and the WFS system do not have to be
the same, it has to be taken care to select an appropriate
number of directions L for the plane wave decomposi-
tion.
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Figure 6: Block diagram of the proposed room compensation algorithm for the calculation of a full set of compensation
filters

4.5. Compensation above the aliasing frequency

Above the aliasing frequency of the loudspeaker array no
destructive interference can be used to compensate for the
reflections caused by the listening room. True room com-
pensation in the sense of a resulting free field wave prop-
agation for each loudspeaker is therefore not achievable
above the aliasing frequency. What can be done quite
easily is to compensate the frequency response of each
individual loudspeaker. An algorithm for loudspeaker
compensation in the framework of WFS can be found
e.g. [21]. Nevertheless the combination of loudspeaker
compensation filters above the aliasing frequency with
room compensation filters below the aliasing frequency is
a current research topic at our lab. Other ideas include the
use of psychoacoustic properties of the human auditory
system to hide listening room reflections as described in
[22].

5. EXPERIMENTS

The presented approach for listening room compensation
with wave field synthesis relies on one major assumption:
It is possible to reduce the reflections within the listening
area of a three dimensional enclosure using a planar line
array of loudspeakers. Unfortunately, such line arrays are
only capable of controlling the sound field within a plane.
A number of experiments has been conducted to investi-
gate whether a successful listening room compensation in
typical environments is still possible. This section shows
the experimental setup used for the experiments and dis-
cusses results for listening room compensation.

5.1. Experimental setup

For our tests we used our 24 channel laboratory WFS sys-
tem consisting of three linear loudspeaker arrays with 8
loudspeakers each as shown in figure 3. All tests were
carried out in our demonstration room with the size 5.8 �
5.9 � 3.1 meters (Volume about 105 m3). Figure 7 de-
fines the geometry used in our experiments. All walls of
the room a covered by a removable acoustic absorbent
curtain except behind the array on the left side (θ = 90 � ).
This has two reasons: The first one is that it is only pos-
sible to compensate for room reflections coming from
directions where loudspeakers are present and the sec-
ond one is that the effects of room compensation can be
seen much clearer in such a quite simple setup consist-
ing of strong reflections from only one direction. All re-
sults were calculated for band limited signals. The up-
per frequency bound was set to the aliasing frequency
fal = 900 Hz corresponding to the loudspeaker spac-
ing ∆x = 19 cm of our WFS system. A lower fre-
quency bound of 100 Hz was chosen because the small
WFS speakers are not designed to reproduce lower fre-
quencies. The WFS system uses an additional subwoofer
speaker for this task.
The experimental procedure consisted of three steps

1. Measurement of the wave field produced by each
loudspeaker

2. Calculation of the room compensation filters

3. Evaluation of the results

These steps are now described in detail.
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Figure 7: Definition of the geometry used for the experi-
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1. The wave field emitted by each loudspeaker was mea-
sured with a circular microphone array as described in
section 3.1. The circular array was realized by mount-
ing a pressure (omni-directional) and a gradient mi-
crophone (figure of eight) on a rod turned by a step-
per drive. The radius of the array was R = 50 cm and
32 positions where measured on the circle. Figure 8
shows a picture of the measurement setup used for the
experiments. The whole measurement was performed
with a PC using a maximum length sequence (MLS)
based impulse measurement method. The recorded
signals for each loudspeaker where then plane wave
decomposed into 32 angles. Only the incoming part
of the plane wave decomposition is used assuming
that no sources are present inside the array. We chose
the frontmost L = 24 plane wave components from
θ = 45 � to θ = 315 � as shown in figure 7 to cope
with the angles where no compensation is possible.
The result of this procedure is the matrix R̃ describ-
ing the room acoustics.

2. From the recorded room characteristics obtained in
step 1, we calculated (24 � 1) matrix C of room com-
pensation filters including the WFS operator H (as
described in section 4.3). We selected a plane wave
coming from the right side of the room (θ = 270 � )
as desired wave field. Using the MINT approach to
calculate the inverse filters a length of 24 times the
length of the recorded room impulse responses would
be necessary. Using the LSE approach described in
section 4.4 it is possible to calculate approximated in-
verse filters with shorter length with the drawback of
pre- and post-ringing effects caused by the truncation.

Figure 8: Measurement setup for the room compensation
experiments.

An inverse filter length of four times the measured
room impulse response was proven to be suitable in
our experiments to calculate filters with the desired
properties described in [15].

3. To show the reduction of room reflections by the pro-
posed compensation method, the resulting wave fields
have been analyzed using the measured room response.
The results of this analysis are presented in detail in
the following section.

5.2. Results

In the following we will present the results obtained with
our proposed algorithm as plane wave decomposition of
the respective fields. We used the measured wave field of
each loudspeaker and the calculated compensation filters
for this purpose. All results where computed for a plane
wave originating from θ = 270 � and only for the 24 an-
gles used for the compensation algorithm. In principle the
plane wave decomposed wave fields should represent the
whole area inside the circular microphone array (accord-
ing to section 3). Unfortunately this assumption holds
only for two dimensional wave fields.
Figure 9(a) shows the measured wave field. For better
visibility of the relevant part only the part of the time axis
ranging from t = 0 ms to t = 100 ms is shown. The
gray levels denote the signal level in dB. The effects of
the listening room on the desired dry wave field can be
seen clearly. Reflections from almost every direction are
present, the strongest ones from θ � 90 � . This is due to
the fact that the desired wave field is a plane wave com-
ing from θ = 270 � and that the strongest reflection oc-
curs at the opposite side. Figure 9(b) shows the resulting
field after applying the proposed room compensation al-
gorithm. In this case the time axis ranges from t = 350
ms to t = 450 ms because of the modeling delay intro-
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(a) Measured plane wave decomposed wave field
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(b) Resulting plane wave decomposed wave field

Figure 9: Results of room compensation shown as plane wave decomposition of the recorded and resulting impulse
responses. The gray level scale in the plots denotes the signal level in dB.

duced when calculating the room compensation filters. It
can be clearly seen that the reverberation caused by the
room can be compensated by our approach. Additionally
it can be seen that the room compensation filters do not
produce artifacts in the resulting field.
In order to better visualize the results of room compen-
sation we also calculated the signal powers of the plane
wave components. E.g. for the measured wave field the
power can be calculated as follows

Pmeasured(θ) =
∑

k

�
L̃θ[k]

� 2 (22)

where L̃θ denotes the plane wave component of angle θ
of the resulting wave field without applying room com-
pensation (C = I). The same measure was calculated
for the desired wave field and when the room compensa-
tion algorithm was used. Additionally we calculated the
power of the difference between the desired wave field
and the resulting wave field (corresponding to ẽ in Fig. 6)
after aligning them in the time domain. Figure 10 shows
these results for the measured, the resulting and the target
wave field. Additionally the remaining error after apply-
ing room compensation is shown. The reflection from
θ = 90 � can be clearly seen in the measured field. It can
also be seen that our room compensation algorithm yields
results which are close to the desired wave field resulting
in a reasonable dereverberation of the listening room.
In order to further investigate the performance of our room
compensation algorithm we also performed measurements
at some discrete points inside the equalized area. These
measurements revealed that the room compensation is not

working as ideally as indicated by the above presented re-
sults. The equalization is not optimal for the whole equal-
ized area. But nevertheless we did not observe results
worse than without room compensation, as this would be
the case for multi-point equalization algorithms outside
their equalization points. The degradation of the room
compensation inside the equalized area indicates that the
two dimensional techniques used in our framework are
not capable of distinguishing between reflections com-
ing from within the equalized plane and those from ele-
vated angles. As a result the room compensation filters
try to compensate for reflections that are not present in
the plane defined by the both arrays. A detailed investi-
gation of these effects is currently under research.

6. CONCLUSION

We have proposed a new approach for dereverberating
listening rooms, especially for the application with WFS
systems. Using wave field analysis and WFS our algo-
rithm allows to compensate for listening room reflections
in a large area. A large compensated listening area is
thus achieved. This is a result of the acoustic control
WFS has over the wave field within the loudspeaker ar-
ray. Unfortunately these results are therefore only valid
below the spatial aliasing frequency of the loudspeaker
array used. Above the aliasing frequency no destructive
interference can be used to compensate for reflections
caused by the listening room. Preliminary results indi-
cate that our approach works, but could still be improved.
In our experiments we obtained a gain for different loca-
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Figure 10: Results of room compensation shown as the signal power of the plane wave components.

tions which shows that we do not share the problems of
common multi-point equalization systems. Further work
includes further investigation of the effects caused by re-
flections outside the equalized plane and the combination
of room compensation filters with loudspeaker compen-
sation filters in the frequency range above the aliasing fre-
quency.
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