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ABSTRACT

Wave field synthesis is an auralization technique which allows to
control the entire wave field within the entire listening area. How-
ever, reflections in the listening room interfere with the auralized
wave field and may impair the spatial reproduction. Active lis-
tening room compensation aims at reducing these impairments by
using the playback system. Due to the high number of playback
channels used for wave field synthesis, the existing approaches to
room compensation are not applicable. A novel approach to active
room compensation overcomes these problems by a transforma-
tion from the space-time to the wave domain and application of
wave-domain adaptive filtering.

1. INTRODUCTION

Spatial audio systems aim at reproducing the sound of fixed or
moving sources which are distributed in space. The room where
these sources are originally located is called the recording room.
It may be a real room or a virtual one. The room where the sound
sources are reproduced is called the listening room.
An ad hoc approach to the realization of a spatial audio system
would be to place a number of microphones within the recording
room and to transmit the recorded microphone signals to an iden-
tical arrangement of loudspeakers in the listening room [1]. More
advanced methods decouple the setup used for the recording pro-
cess from the one used for the playback process. Existing methods
for this purpose include advanced panning methods, Ambisonics,
and wave field synthesis [2].
However, all these methods assume an anechoic listening room.
This assumption is only realistic if the listening room conforms
to certain acoustic requirements. Otherwise, the reflections at the
walls of the listening room impair the spatial reproduction. In
these cases, a compensation of listening room reflections is re-
quired. Ideally, this compensation applies not only to certain se-
lected positions, but to a large area within the listening room. Two
different approaches for room compensation exist: passive and
active methods. Passive compensation methods include mainly
acoustic damping of the listening room. They do not work well
for low frequencies. Active listening room compensation uses
active methods to compensate for the listening room reflections.
For practical reasons, an existing multichannel playback system
should be utilized to avoid additional expense.
Active room compensation requires the input from reference mi-
crophones within the listening room to derive the compensation
signals for the playback loudspeakers by an adaptive multichannel

system.
Unfortunately the traditional approaches to room compensation
have severe drawbacks: In most cases it is only possible to com-
pensate for the room reflections at the measured points (micro-
phone positions). Outside these compensated points the result af-
ter applying room compensation is often worse than without [3].
The main reasons for this failure is that typical playback systems,
like the 5-channel surround system, have very limited control over
the wave field inside the desired listening area. This is a result of
the spatial sampling performed by the loudspeakers. On the other
hand the few equalization points used in typical compensation sys-
tems provide no detailed information on the wave field inside the
listening area.
The problems of the traditional approaches could be overcome
with a system that is able to

1. control the wave field inside the entire listening area,

2. analyze the wave field inside the entire listening area.

This paper proposes a novel approach to listening room compensa-
tion using wave field synthesis (WFS), wave field analysis (WFA)
and wave-domain adaptive filtering (WDAF) as a solution to these
requirements.

2. WAVE FIELD SYNTHESIS

The theory of WFS has been initially developed at the Techni-
cal University of Delft over the past decade [1]. In contrast to
other multi-channel approaches, it is based on fundamental acous-
tic principles. WFS allows a physically correct reproduction of
wave fields in contrary to the traditional multichannel systems, like
5-channel surround. This section gives a short overview of the the-
ory.
WFS is based on the Huygens’ principle. Its mathematical foun-
dation is given by the Kirchhoff-Helmholtz integral, which can be
derived by using the wave equation and the Green’s integral theo-
rem [4]. The Kirchhoff-Helmholtz integral states that at any listen-
ing point within a source-free volume V the sound pressure can be
calculated if both the sound pressure and its gradient are known on
the surface S enclosing the volume. This principle can be used to
synthesize a wave field within a volume V by setting the appropri-
ate pressure distribution and its gradient on the surface. However,
two essential simplifications are necessary to arrive at a realizable
system: Degeneration of the surface S to a line and spatial dis-
cretization. Performing these steps the so called Rayleigh integrals
can be derived [1]. The Rayleigh I integral states that a pressure
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Fig. 1. Block diagram of traditional approaches to room compen-
sation

field may be synthesized by means of a monopole distribution on a
line. Using this result a WFS system can be realized by mounting
closed loudspeakers in a linear fashion (linear loudspeaker arrays)
surrounding the listening area leveled with the listeners ears. The
vector of loudspeaker driving signals w[k] = [w1, . . . , wM ]T can
be derived by a multichannel convolution of measured or synthe-
sized impulse responses with a source signal q[k].

w[k] = h[k] � q[k], (1)

where the symbol � denotes the time-domain convolution operator.
These impulse responses can be derived either from measurements
or from suitable source models as shown in [2]. Up to now we as-
sumed that no acoustic sources lie inside the volume V . The theory
presented above can also be extended to the case that sources lie
inside the volume V [1].
The fact that loudspeakers can only be mounted at discrete posi-
tions results in spatial aliasing due to spatial sampling. The alias-
ing frequency is given in [1]. Assuming a typical loudspeaker
spacing of ∆x = 19 cm, the minimum spatial aliasing frequency
is fal � 900 Hz. Regarding the standard audio bandwidth of
20 kHz spatial aliasing seems to be a problem for practical WFS
systems. Fortunately, the human auditory system seems not to be
very sensitive to these aliasing artifacts.

3. CONVENTIONAL APPROACH TO ROOM
COMPENSATION

Typical listening rooms can be modeled as a multidimensional lin-
ear system [4, 5]. The basic idea of active listening room compen-
sation for WFS is to utilize the playback system to compensate for
the listening room reflections. A common approach is to pre-filter
the loudspeaker driving signals with suitable compensation filters.
Most of the existing room compensation methods can be described
as illustrated in Figure 1. The M loudspeaker driving signals are
derived by multichannel convolution with the WFS operator h.
They are then pre-filtered by a matrix of compensation filters C re-
sulting in the filtered loudspeaker signals w. These are then played
back through the loudspeakers in the listening room. The influence
of the listening room can be characterized by impulse responses
from the M speaker positions to L microphone positions. These
measured impulse responses are stacked into the matrix R. The
actual sound field l at the microphone positions is then compared
to the desired free-field propagation a from each loudspeaker to
each microphone position. The difference between these two is
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Fig. 3. Block diagram of the filter adaption process for one spatial
component

denoted as e, the matrix of free-field impulse responses as F.
The compensation filters C are derived by minimizing the error
e. The adaption of the compensation filters can be seen as mul-
tidimensional inverse modeling problem [6] of the room response
matrix R. The multiple-input/output inverse theorem (MINT) [5]
allows to calculate an exact inverse of the room transfer matrix in
most practical cases. A typical WFS system consists of tens to
hundreds of loudspeakers. A room compensation system in this
structure would have to adapt a very high number of compensa-
tion filters, which is a very complex task. In order to overcome
this problem we will introduce our proposed framework to effi-
cient wave-domain adaptive filtering for room compensation.

4. A NOVEL APPROACH TO ROOM COMPENSATION

Figure 2 shows a block diagram of our proposed approach. The ba-
sic idea is to introduce a set of spatial transformations � 1 to � 3 that
orthogonalize the listening room response R. As a consequence,
the matrix of compensation filters C is decomposed into a set of
compensation filters c̃i, each acting on only one spatial signal com-
ponent. Transformation � 1 transforms a virtual source q into its
transformation q̃. After filtering with the compensation filters c̃i,
transformation � 2 transforms the signals back to the speaker sig-
nals. Transformation � 3 transforms the microphone signals into
the same domain as transformation � 1. The transfer functions F̃

model free-field propagation from each transformed component
for the given loudspeaker setup to the given microphone positions.
Transformation � 2, the room transfer matrix R and transforma-
tion � 3 can be combined into the diagonal room transfer matrix
R̃ in the transformed domain. The adaption of the compensation
filters is then performed efficiently in this transformed domain as
illustrated in Figure 3. The error between the desired wave field ã

(free-field propagation) and the measured wave field l̃ is given for
the i-th component in the time domain as follows

ẽi[k] = r̃i[k] � c̃i[k] � q̃i[k] � f̃i[k] � q̃i[k] (2)

where e.g. ẽi denotes the i-th component of ẽ. Minimization of
the error ẽi yields the filters c̃i. Applying the above presented
approach transforms the multiple-input multiple-output (MIMO)
inverse filtering problem into N one-dimensional inverse filters.
Thus, adaptive room compensation becomes feasible for a high
number of loudspeaker channels.
For an implementation a method is required to represent the wave
field inside the desired listening area. This representation also de-
fines the spatial transformations � 1, � 2 and � 3. The next section
introduces wave field analysis as a suitable solution.
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Fig. 2. Block diagram of proposed approach

4.1. Wave Field Analysis

Active listening room compensation as introduced in the previous
sections requires to gain knowledge about the listening room influ-
ence in the entire listening area. The following section introduces
the wave field analysis (WFA) techniques used in the context of
WFS and room compensation. These techniques are mainly de-
rived from seismic wave theory [4].
A first approach to derive the desired decoupling would be to an-
alyze the entire two-dimensional listening area with microphones.
Performing a two-dimensional spatial Fourier transform on the
pressure field P (r, ω)

p̃(k, t) = 
 r � p(r, t) � (3)

would then provide the desired orthogonal signal components. The
same principle applies for frequency-domain adaptive algorithms
[7]. In general, there will be no access to the entire two-dimensional
pressure field p(r, t) for analysis. However, the Kirchhoff-Helmholtz
integral allows to calculate the acoustic pressure field p(r, t) from
the sound pressure and its gradient on a line enclosing the desired
field and vice versa [4]. Measurements of these quantities on a
closed contour are sufficient to describe the entire area.
The next step is to transform the pressure field p(r, t) into plane
waves with the incident angle θ and the temporal offset τ with
respect to an arbitrary reference point. The recorded data p(r, t)
become independent from the geometry used for recording. This
transformation is called plane wave decomposition [8, 4] and is
given by

p̃(θ, τ ) =  � p(r, t) � , (4)

where p̃(θ, τ ) denotes the plane wave decomposed wave field and the plane wave decomposition operator. This transformation is
also well known as the Radon transformation from image process-
ing. The Radon transformation maps straight lines in the image
domain into Dirac peaks in the Radon domain. It is therefore typ-
ically used for edge detection in digital image processing. The
same principle applies for acoustic fields: A plane wave can be un-
derstood as an ’edge’ in the pressure field p(r, t). It can be shown

that the complex amplitudes and phases of the two-dimensional
Fourier transform (3) represent the phases and amplitudes of plane
waves [4]. Applying a Fourier transformation on θ and τ

P̃ (kθ, ω) = 
 θτ � p̃(θ, τ ) � (5)

provides orthogonal signal components as desired.
One of the benefits of using a spatial transform of the wave field is,
that plane waves can be extrapolated easily to other positions [4]

P (r, θ, ω) = �� 1 � P̃ (θ, ω) � =

= � 2π

0

P̃ (θ � , ω)e � jβr cos(θ � θ � )dθ � , (6)

where r and θ denote the position in cylindrical coordinates with
respect to the origin of the plane wave decomposition and β =
ω/c the wave number. This allows, in principle, to extrapolate
a recorded wave field to arbitrary points without loss of informa-
tion. Wave field extrapolation can be used to extrapolate a mea-
sured field to the loudspeaker positions for reproduction purposes
or to create a complete image of the captured sound field. As for
WFS spatial sampling of the microphone positions results in spa-
tial aliasing.

4.2. Application to room compensation

As stated before, WFS allows to control the wave field inside the
listening area while WFA allows to analyze this wave field. Be-
cause of the quite high number of channels used for typical WFS
and WFA systems (up to several hundred) the application of tra-
ditional room compensation methods is not applicable. Our pro-
posed framework allows an efficient realization of room compen-
sation in the context of WFS. Unfortunately this approach is lim-
ited by the aliasing frequency but it can be complemented with
passive methods for higher frequencies.
In the following we will specify the transformations � 1 to � 3.
The transformation � 1 transforms the virtual source q into the fre-
quency components of the plane wave domain� 1 � q � = 
 θ �  � q ��� (7)



After filtering with the compensation filters the transformation � 2

extrapolates the filtered loudspeaker signals in the transformed do-
main back to the loudspeaker positions� 2 � w̃ � =  � 1 � 
 � 1

θ � w̃ ��� . (8)

Equation (6) can be used for this purpose. The transformation � 3

is a similar transformation as � 1 corresponding to the microphone
array geometry. Implementations of the plane wave decomposition
for different microphone array geometries can be found in [8].

5. RESULTS

The performance of the proposed approach is shown by numerical
simulation of a WFS system using two-dimensional models. The
simulated setup consists of a circular loudspeaker array with radius
RLS = 1 m consisting of 32 loudspeakers. A circular microphone
array with 32 microphones and a radius Rmic = 0.98 m is located
concentric inside the loudspeaker array. It consists of pressure and
pressure gradient microphones. The plane wave decomposition for
the circular microphone array was calculated as shown in [8].
The aliasing frequency of the setup is fal � 900 Hz. All signals
where downsampled accordingly. The wall at one side of the ar-
ray at θ = 270o is assumed to be reflective, the other walls of the
room are ideally damped. The reflections of the wall where calcu-
lated using the mirror-image method. The input signal q is a music
signal that is played back as virtual point source located at 4m dis-
tance to the array centers at an angle of θ = 90o. The compensa-
tion filters where calculated using the frequency domain adaptive
filtering algorithm described in [7]. This rather simple setup allows
to monitor the performance of room compensation. Ideally the re-
flection at θ = 270o should be eliminated by the compensation
filters. Figure 4 shows the mean squared error of all components
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Fig. 4. Mean squared error between the desired wave field and the
compensated wave field.

in ẽ over the time axis. This equals a omni-directional pickup of
the error signal. The adaption capabilities of our approach can be
seen clearly.
We also calculated the impulse responses of the target field, the
measured and the compensated field in the plane wave domain af-
ter the adaption has converged. Figure 5 shows the signal ener-
gies of these impulse responses. The desired maximum energy at
θ = 90o, resulting from the virtual source, as well as the reflection
from θ = 270o can be seen clearly. The energy of the compen-
sated wave field is nearly identical to the desired wave field. This
illustrates the successful application of our proposed method.
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Fig. 5. Results of room compensation shown as the signal energy
of the plane wave components.

6. CONCLUSION

A novel framework for the listening room compensation problem
in multichannel audio reproduction has been presented. It is based
on wave-domain adaptive filtering. The application to wave field
synthesis has been shown. First results prove the applicability of
our approach. The presented framework is also suitable for the so-
lution of other multichannel audio problems like echo cancellation
and adaptive beamforming.
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