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Abstract

This thesis addresses the development and enhancement of Multiactuator
Panels (MAPs) with emphasis on the application to Wave Field Synthesis
(WFES) reproduction. MAPs can be used alternatively to dynamic loud-
speaker arrays for WFS with added benefits. However, since MAPs are
panels of finite extent, excited mechanically on several points, there are
structural and geometric issues that must be addressed to guarantee that
all exciters are acting evenly to form an effective loudspeaker array for
WES. This aim is addressed by means of a methodology for the analysis
of sound field radiation in the space-time domain that has been proposed
and validated in this thesis. This research has produced a number of key
conclusions. The proposed method analyzes aliasing artifacts in a graphical
representation showing the distribution of radiated energy over space. In
a comparative study between MAPs of different dimensions and dynamic
loudspeaker arrays, the main conclusion, with significant practical conse-
quences, is that the wave field created by large panels contains less artifacts
than that of equivalent small panels. The effect of panel boundaries on the
quality of the wave field has also been addressed by comparing several edge
boundary conditions with multiple elastic materials. The main conclusion
drawn from this study is the convenience of using elastic boundary condi-
tions that can form a viable technology for a MAP frame while showing
a proper acoustic radiation. Boundaries also affect the response of ex-
citers near edges that must conveniently be equalized for a response similar
to that of middle exciters. To that end, an efficient equalization filtering
process has been introduced that takes into account the particular exciter
distribution on a panel for considerably reducing the measurement points.
Finally, an optimized large MAP has been designed and tested, incorporat-
ing the enhancements previously discussed and facilitating the combination
of WE'S with video projection for immersive multimedia applications.

Keywords: Multiactuator Panel, Wave Field Synthesis, Distributed Mode
Loudspeaker, Wavenumber Domain, Loudspeaker, Boundary Condition,
Filtering.



Resumen

Esta tesis aborda el desarrollo y mejora de los altavoces de panel multiex-
citados (MAPs) con particular importancia en su aplicacién para la repro-
duccién de sintesis de campo (WFS). Los altavoces MAPs pueden usarse
como alternativa a las agrupaciones de altavoces dindmicos para WFS con
ventajas adicionales. Sin embargo, puesto que los altavoces MAPs son
paneles finitos que se excitan en varios puntos de su superficie, existen
cuestiones estructurales y geométricas que deben ser tratadas para garan-
tizar que todos los excitadores actiian uniformemente para crear una agru-
pacion de altavoces valida para WFS. Este objetivo se acomete a través
de un método para el andlisis de la radiacién del campo sonoro en el do-
minio espacio-temporal que ha sido propuesto y validado en esta tesis. De
la presente investigacion se desprenden diversas conclusiones. El método
propuesto analiza las imperfecciones del campo sonoro por el submuestreo
espacial en una representacién grafica que muestra la distribucién de ener-
gia radiada en el espacio. Mediante un estudio comparativo entre altavoces
MAPs de diferentes tamafnios y agrupaciones de altavoces dinamicos, la
principal conclusién que se desprende, con implicaciones practicas, es que
el campo creado por paneles de grandes dimensiones presenta menos imper-
fecciones que el de paneles pequenios equivalentes. El efecto del contorno
del panel en la calidad del campo creado también se ha considerado al
comparar varias condiciones de contorno con diversos materiales elasticos.
La conclusién principal es la conveniencia de usar condiciones elasticas que
pueden crear una tecnologia viable de sujeciéon de paneles y que presentan
una radiacién actustica adecuada. Los bordes también afectan a la respuesta
de los excitadores cercanos, que debe ser convenientemente ecualizada para
obtener una respuesta similar a la de los excitadores centrales. Para ello, se
propone un filtrado eficiente que considera la distribucién de los excitadores
en un panel para reducir considerablemente los puntos de medida. Final-
mente, se ha disenado y probado un altavoz MAP optimizado de grandes
dimensiones, que incorpora las mejoras propuestas anteriormente y permite
la combinaciéon de WF'S con videoproyeccién para aplicaciones multimedia.

Palabras Clave: Panel multiexcitado, Sintesis de campo, Altavoz de
modos distribuidos, Dominio transformado de nimero de onda, Altavoz,
Condiciones de contorno, Filtrado.



Resum

Esta tesi aborda el desenvolupament i millora dels altaveus de panell mul-
tiexcitats (MAPs) amb particular importancia en I’aplicacié per a la repro-
duccié de sintesi de camp (WFS). Els altaveus MAPs es poden usar com
a alternativa a les agrupacions d’altaveus dinamics per a WFES amb avan-
tatges addicionals. No obstant aixo, ja que els altaveus MAPs sén panells
finits que s’exciten en diversos punts de la seua superficie, hi ha qiliestions
estructurals i geometriques que han de ser tractades per a garantir que tots
els excitadors actuen uniformement per a crear una agrupacié d’altaveus
valida per a WFS. Este objectiu s’escomet a través d’un metode per a
I’analisi de la radiacié del camp sonor en el domini espai-temporal que ha
sigut proposat i validat en esta tesi. De la present investigacié es despre-
nen diverses conclusions. El metode proposat analitza les imperfeccions
del camp sonor causades pel submostratge espacial mitjancant una repre-
sentacio grafica que mostra la distribucié d’energia radiada en l’espai. Per
mitja d’un estudi comparatiu entre altaveus MAPs de diferents grandaries i
agrupacions d’altaveus dinamics, la principal conclusié que es desprén, amb
implicacions practiques, és que el camp creat per panells de grans dimen-
sions presenta menys imperfeccions que el de panells xicotets equivalents.
L’efecte del contorn del panell en la qualitat del camp creat també s’ha
considerat mitjancant la comparacié de diverses condicions de contorn amb
diversos materials elastics. La conclusio principal és la conveniencia d’usar
condicions elastiques que poden crear una tecnologia viable de subjeccié de
panells i que presenten una radiacié actstica adequada. Els contorns també
afecten la resposta dels excitadors proxims, la qual ha de ser convenient-
ment equalitzada per a obtindre una resposta semblant a la dels excitadors
centrals. Per fer aixo, es proposa un filtratge eficient que considera la dis-
tribucié dels excitadors en un panell per a reduir considerablement els punts
de mesura. Finalment, s’ha dissenyat i provat un altaveu MAP optimitzat
de grans dimensions, que incorpora les millores proposades anteriorment i
permet la combinacié de WFS amb videoprojeccié per a aplicacions mul-
timedia.

Paraules Clau: Panell multiexcitat, Sintesi de camp, Altaveu de modes
distribuits, Domini transformat de nombre d’ona, Altaveu, Condicions de
contorn, Filtratge.
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1.1 Background

SINCE THE INVENTION OF THE PHONOGRAPH, sound recording and repro-
duction techniques have been continuously evolving. One of the important
topics of research has always been to the preserve the spatial and temporal
characteristics of recorded sound events. First, two-channel stereo systems
were only introduced to the market in 1960s, for the first time adding the
spatial dimension to sound reproduction technology at consumer level. The
next major advancement was the step towards sound field reproduction,
which attempts to recreate the pressure variations that allows a listener to
perceive the position of sound sources as coming from arbitrary locations
in three-dimensional space.

Sound field reproduction can be generated in essentially two ways.
First, by providing signals directly to the ears, which are similar to those
which would have occurred if there had been real sound sources in the
intended positions. This approach is known as binaural or transaural re-
production. Second, by recreating the sound field over a more extended
region of space, which will be interpreted by the listener as being in the
environment intended to be simulated. This second approach is a holo-
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graphic based reproduction. In this thesis, the latter approach of repro-
ducing a sound field over a region of space is considered. One of the first
holographic systems encoding height information was proposed by Gerzon
[Gerzon, 1973] and was later developed as the Ambisonics system. Another
alternative approach to holographic reproduction is known as Wave Field
Synthesis (WFS), which is described as follows.

WES is a spatial sound rendering technique that generates a true sound
field using loudspeaker arrays [Berkhout et al., 1993]. Wave fields are syn-
thesized based on virtual sound sources at some position in the sound stage
behind the loudspeakers or even inside the listening area. When using sound
reproduction based on WFS, sound fields can be generated in a spatially
and temporally correct way. Therefore, listeners experience the feeling that
the origin of the sound is actually in the position of the virtual sources.
Furthermore, the synthesized wave field is correct for an extended listening
area, with much larger dimensions than the “sweet spot” of the current
surround systems, such as the commercial 5.1 channel surround.

Most WFS prototypes employ arrays of dynamic loudspeaker drivers.
However, a main disadvantage of these drivers is that they need a housing
with a relatively large volume to avoid the additional stiffness of the back-
volume. Also, due to the piston-like motion of their diaphragms, they
exhibit strong and narrow lobes around their main axis at high frequencies.

Therefore, efforts have been made to find alternatives that are as om-
nidirectional as possible, and easy to mount directly onto the wall surface.
This prompted the idea of investigating the applicability of Distributed
Mode Loudspeaker (DML) that combines these advantages. A DML es-
sentially consists of a thin, stiff panel that needs only a small back-volume
and vibrates in a complex pattern over its entire surface by means of an
electro-mechanic transducer called an exciter [Harris and Hawksford, 1997].
The exciter is normally a moving coil device, which is carefully positioned
and designed to excite the natural resonant modal structure of the panel
optimally.

In 2000, Boone and de Brujin, encouraged by the positive results on
sound localization, tested for the first time the applicability of DMLs for
WF'S reproduction [Boone and de Brujin, 2000] with a linear array of nine
small single excited DMLs. Although this study confirmed that DMLs
could be used with success for WFS, small panels posed problems with
sound quality since they have a poor low-frequency response due to the
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lack of excited modes in that frequency region. However, these results were
promising enough to extend the DML technology to a panel with multiple
exciters, each driven with a different signal [Boone, 2004]. A single panel
driven by multiple exciters is called a Multiactuator Panel or MAP. With a
proper selection of panel material, a MAP can act as a WFS array because
every exciter on the panel excites only a small part of the panel around the
exciter position [Kuster et al., 2006].

There are some benefits for MAPs to be used in WFES reproduction.
MAPs are flat structures whose vibration is low enough to be imperceptible
to the human eye. This property can be exploited by integrating them into
a room interior and simultaneously using them as projection screens. In
this way, image and sound are fully integrated for multimedia applications.
Furthermore, the diffuse radiation of MAPs produces room reflections that
are less correlated to the direct sound than those radiated from piston
sources and thus, constructive and destructive interference of sound is min-
imized [Harris et al., 1998a]. This property is beneficial for WFS since the
individual components can merge correctly into the desired wavefront for
a wider area. Also, the sensation of spaciousness is better than that of
dynamic loudspeakers, which enhances the recreation of sources far behind
the panels. Moreover, for extending the synthesized wave field, the pres-
sure level decay for MAPs as planar transducers is less pronounced with
distance in comparison with conventional loudspeakers.

1.2 Motivation

The use of MAPs, however, poses some problems when synthesizing a wave
field by means of WFS. These problems, which will be discussed throughout
this thesis in detail, are addressed briefly as follows.

The practical application of WFS forces the theoretical continuous
source distribution to be discretized, which causes a Limited Spatial Res-
olution. As a consequence, the wave field is correctly synthesized up to a
limiting frequency, known as aliasing frequency. This is one of the main the-
oretical constraints of WF'S, although not restricted to this particular audio
reproduction system. The region above aliasing frequency is characterized
by oscillations both in frequency and space. These interference patterns,
although not pronounced, can be experienced when moving the head or
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walking within the listening area. The diffuse behavior of MAPs helps in
diminishing the effects of spatial color fluctuations. For that reason, an
analysis of the aliasing artifacts and the geometric parameters of MAPs
that modify them would be of great interest. For example, a WFS array
can either be assembled by a large panel with many exciters or by small
panels accommodating a lesser number of exciters per panel. Although
having the same transducer spacing, the structural behavior of MAPs with
different sizes must have consequences on their spatial resolution capabil-
ity. Moreover, the vibration mode pattern varies with geometry, which also
affects the spectrum of the wave field.

The vibration pattern of a panel is also a function of the Driving Points.
In a single panel exciter, the optimal positions, usually four in the center
area of the panel, are chosen to excite the maximum number of vibra-
tion modes. This results in an even distribution of modes and a higher
modal density, which is more noticeable in the low frequency region [An-
gus, 2000b]. Also, the mechanical impedance at those points is seen as
infinite and thus, there are virtually no reflected flexural waves. For WFS
operation, such golden points cannot be observed since the vibration posi-
tions are the direct secondary sources of the WFS algorithm. Away from
the optimal points, there is no guarantee of a proper distribution of modes.
Moreover, the exciter spacing in a MAP is often an integer fraction of the
panel width to allow panels to be put next to each other in landscape ori-
entation. With such a configuration, the first and last exciters on a panel
are attached in such a way as to have a continuous distribution of ex-
citers evenly spaced. However, the number of excited vibration modes for
the edge exciters is lower than for the middle exciters. This configuration
poses problems with both the resulting frequency response and the effect
that the edge boundary conditions may have on the exciter movement.

Boundary Conditions have a profound impact on the radiation char-
acteristics of MAPs. In the technical literature, DMLs and MAPs have
been presented with simply supported edges, or combined with free edges.
Nevertheless, both free and simply supported edge conditions have disad-
vantages to form a viable technology for a MAP frame. On the one hand,
the free condition causes a reduction of pressure in the plane of the panel
due to the cancellation effect of acoustic radiation. On the other hand, sim-
ply supported conditions must contain a certain degree of frame grounding
if the panel is to be held. Other kinds of practical boundary conditions
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must be considered to form a viable MAP framework.

Another consequence of the modal vibration of MAPs is its inherent
irregular frequency response. The MAP radiation is based on the excita-
tion of modal frequencies to create a seamless modal density, yielding a
continuous spectrum. However, there are moderate fluctuations which are
determined by the vibration pattern of the panel. This response is a com-
plex superposition of the bending wave excitations in the panel and can vary
strongly with small changes in frequency. These irregularities will degrade
the sound quality, making the use of MAPs less attractive compared with
the use of conventional speakers. The uneven frequency response of MAPs
will be experienced by the user as sound coloration. As a consequence,
the typical MAP response needs to be equalized for a natural, uncolored
response. For exciters near the edges that excite insufficient modes, a dedi-
cated Filtering Process must be considered. Also, since WF'S systems have
become more popular in the past few years, an efficient filtering method to
equalize exciters individually in large panels is advisable.

Large panels can also be integrated into room interiors because of their
low visual profile. Furthermore, the vibration of their surface is almost neg-
ligible so that they can be used as projection screens. However, to obtain a
better immersion for a large audience, the size of the screen must be mod-
erately high. The purpose of the studies in the literature was not to cover a
large listening area, but a small group of people in a teleconference. In this
regard, a large MAP that truly integrates image and sound in multimedia
applications is a very promising idea.

1.3 Scope of the Thesis

After introducing some of the open problems in MAPs as rendering systems
of the WF'S technique in the previous section, the main scope of this thesis
is as follows:

To develop a method to analyze the radiation characteristics and spatial
performance of loudspeaker arrays and to employ it for characterizing loud-
speaker arrays’ performance in the context of WFS, with emphasis on MAPs.
To test and validate some practical edge boundary conditions to obtain a
viable MAP frame using the proposed method, and to perform an efficient
equalization to compensate for spectrum irregularities on MAPs’ exciters.
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With the gained knowledge, to design and build a large MAP prototype for
WFES, incorporating the enhancements previously investigated.

Some particular aims emerge from this main scope, which are presented
as follows:

e To draw a state of the art of flat panel loudspeaker systems based on
distributed mode operation. This historic revision would introduce
the early developments to achieve a single exciter panel loudspeaker,
and the evolution to convert them into multiple exciter systems that
can act as loudspeaker arrays for WFS systems.

e To study the spatial performance of loudspeaker arrays, paying atten-
tion to the theoretical constraints of WFS, which are related to the
discreteness of the secondary sources. Additionally, to measure and
characterize the spatial aliasing frequency and the related artifacts in
practical loudspeaker setups.

e To analyze the role that edge boundary conditions have on the radi-
ated wave field on MAPs. To that end, to experiment with different
configurations and absorbing materials to achieve a practical solution
to MAP frame manufacturing.

e To compensate for the characteristic uneven frequency response of
MAPs in an efficient way, so that a large multichannel system can
be equalized in real-time with minimum computational cost. For an
optimized measuring and filtering process, to evaluate the perceptual
impact on filter coefficient reduction and to reduce the number of
measurement points by considering the geometrical distribution of
driving points.

e To design, built and test an optimized MAP that includes the en-
hancements previously proposed, with emphasis on mixing the audio
and video stimuli for an immersive multimedia environment.

1.4 Organization of the Thesis

The remainder of this thesis describes the research that has been under-
taken to develop the aims stated above. The chapters are organized and
presented as follows:
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Chapter 2: This chapter presents MAPs as an evolution of DMLs
to fulfill the requirements of WFS systems. It addresses the bibli-
ographic revision and the state of the art to which this thesis con-
tributes. First, DMLs are introduced from early investigations that
tried to explain the way of producing sound with vibrating pan-
els. Some studies regarding DML characteristics, such as directivity,
structural behavior or room interaction are addressed. The evolution
from single to multiple exciter DMLs, later renamed as MAPs, is also
discussed, paying attention to their structural and acoustical behav-
ior. Since panel radiation depends strongly on the edge boundary
conditions, a revision is presented with emphasis on practical appli-
cation. Finally, the algorithms for compensating both, room effects
and frequency response, are discussed.

Chapter 3: This chapter presents a methodology for the analysis of
the radiation characteristics and spatial performance of loudspeaker
arrays for WES reproduction, which is one of the main contributions
of this thesis. The method provides measurement and analysis of the
radiation performance, evaluation of the spatial aliasing frequency
and associated sampling artifacts for linear loudspeaker arrays. A
detailed description of the parameters that modify spatial aliasing
artifacts, such as array directivity and truncation effects by geometry,
is also discussed.

Chapter 4: In this chapter, a study of the impact that the edge
boundary conditions have on the radiated wave field for MAPs is
presented as another contribution. The aim is to experiment with
practical boundary conditions to obtain a viable technology for a
MAP frame in WFS. Besides classical clamped and free boundary
conditions, three types of elastic boundaries have been measured and
validated as viable boundary conditions. Three elastic materials have
been chosen as representative of soft, medium and hard types within
the commercial range, to develop the elastic boundaries.

Chapter 5: This chapter deals with an efficient filtering method for
the equalization of MAPs. The method compensates for the MAP
response in order to achieve a desired frequency response. The con-
tribution of this chapter lies with the application of the method and
further discussion regarding the equalization process for two MAP
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prototypes comprising three and five exciters per panel. Both equal-
ization for the panel as a single loudspeaker and dedicated exciter
equalization are experimented, and their effects on the filtered re-
sponses are discussed. Additionally, a subjective assessment is carried
out to test the influence of the filter order in the perceived quality of
the equalization

e Chapter 6: In this chapter, a large MAP prototype is presented that

has been designed and built to fulfill the requirements of immersive
audio applications. It incorporates all the enhancements that were
discussed over the previous chapters of this thesis. The panel size
enhances its acoustic behavior in the low frequency range. Also, it
can be employed for relatively large projection screens for videocon-
ferencing.

e Chapter 7: Finally, conclusions obtained throughout this thesis are

presented, including some guidelines for future research lines opened
by this thesis. A list of published work related to this thesis is also
given.

Additionally, an appendix has been added that includeS supplementary

information without disrupting the development of the main argument. The
appendix briefly reviews the theory and derivation behind the WF'S render-
ing technique; from the Huygen’s principle to a real-world configuration,

with special attention to the associated errors introduced in the practical

implementation.
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Multiactuator Panels

IN THIS CHAPTER, MAPs are presented as an evolution of the DMLs to
fulfill the requirements of multichannel audio reproduction. First, a brief
historic revision shows the beginnings of the distributed mode operation
and the progress made to understand such a new way of producing sound
with vibrating panels. Some studies regarding DML characteristics, such
as directivity, structural behavior and room interaction will be addressed.
Multiexcited DMLs are discussed as a link between single-excited DMLs
and what will be known as MAPs. Their structural and acoustical behavior
was studied in the years following their introduction to observe if a single
panel excited in many points behaves like independent loudspeakers in an
array. In order to compensate for mutual reflections and room acoustics,
some algorithms were proposed, in addition to smoothing filtering.

2.1 Introduction

Loudspeaker-based spatial audio systems allow listeners to perceive the po-
sition of sound sources, emanating from a static number of stationary loud-
speakers, as coming from arbitrary locations in three-dimensional space.
The sounds are actually created by the loudspeakers, but the listeners per-
ception is that the sounds come from arbitrary points in space. These
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systems can consist of a sufficient number of loudspeakers that surround a
listener, in order to provide them with a greater sense of realism.

Multichannel sound reproduction requires arrays of loudspeakers in
the reproduction room. Whereas in many applications arrays of piston-
like dynamic loudspeakers are successfully employed for this purpose, their
integration into a listening room is difficult because of their highly visual
profile. Alternatively, DMLs are flat panel loudspeakers, whose transduc-
tion technology is based on the distributed mode operation. They can
easily be integrated into a living room since they can be unnoticed by the
audience. Furthermore, the vibration of their surface is almost negligible
so that they can be used as projection screens.

2.2 Distributed Mode Loudspeakers

The DML essentially consists of a thin, stiff panel that vibrates in a complex
pattern over its entire surface by means of an electro-mechanic transducer
called an exciter. The exciter is normally a moving coil device, which is
carefully positioned and designed to optimally excite the natural resonant
modal structure of the panel. In Figure 2.1, a graphical representation of
a DML is presented, which shows panel, exciter and housing.

This new class of acoustic radiator was discovered unexpectedly by
Kenneth Heron at the Defense Evaluation and Research Agency (DERA)
when he was working on composites as an alternative to the heavy mate-
rials for use in helicopters. Soon he realized that some panels re-radiated
significant sound when excited, and patented his invention as a resonant
“multi-modal radiator” that could be used as a loudspeaker [Heron, 1991].
In 1994 Verity Group plc, later known as NXT plc, negotiated a license
from DERA to work on the theoretical and practical aspects and developed
what is now known as DML. The first patents were filed in September 1996
[Azima et al., 1997], with a large group of patents following [Heron, 1998,
2000]. In [Borwick, 2001], a comprehensive historical background of DMLs
is presented.
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Figure 2.1. Graphical representation of a Distributed Mode
Loudspeaker. Electric wiring is omitted for simplicity.

2.2.1 DML Model

DMLs are panels of finite extent deploying bending waves. The excitation
of bending waves on panels results in sound radiation with distinct qualities
with regard to the piston-like motion of typical dynamic loudspeakers. The
theory involved in vibrational behavior of flat panels starts with expression
of motion of an elementary section of a beam [Cremer et al., 2005] and
its extension to describe a thin plate and its acoustic radiation due to
structural waves on a vibrating panel [Fahy and Gardonio, 2007]. When
considering the fourth order partial differential equation governing a thin
plate, an important result is that phase velocity of the bending wave is
frequency dependent.

In 1997, some publications modelled the DML as a panel with a velocity
distribution of uniform magnitude but random phase, so a good approx-
imation is to consider the panel as a random vibrating area [Harris and
Hawksford, 1997],[Azima and Harris, 1997]. The velocity at any point on
the panel is a sum of modal velocities or “modes” for short. The panel vi-
brates as a combination of its proper modes of vibration or eigen-modes, at
its natural frequencies or eigen-frequencies, and at the driven frequencies,
present in the external excitation signal, the driving signal in the context
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of WFS. The resulting velocity profile may be considered as a sum of the
mode-shapes, whose scaling will depend on both the driven frequency and
the mode frequencies. This view should be considered as a mathematical
approach to simplifying the simulation of a DML, rather than as a descrip-
tion of what is actually happening in the panel. The DML relies on the
optimization of these modal frequencies to produce a modal density that is
sufficiently high to obtain a continuous spectrum. Recently, a fully coupled
model of the DML has been established for simulation in [Bai and Liu,
2004]. To obtain an optimal design, a Genetic Algorithm-based procedure
has also been proposed.
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Figure 2.2. Measured pressure response of a medium-sized
DML loudspeaker.

As with other finite vibrating panels, an analysis on the basis of eigen-
modes can be carried out for two frequency bands: below and above the
panel coincidence frequency [Angus, 1999], [Angus, 2000a]. The frequency
where the wavelength is the same for the bending wave and for the sound
wave in air is called coincidence frequency. At low frequencies, there are
bending waves whose velocity is determined by the bending stiffness. In
finite sandwich plates, the velocity is also determined by the shear modu-
lus of the core and bending stiffness of skins. Above coincidence frequency,
radiation is phase coherent and highly frequency dependent. For that rea-
son, an appropriate choice of material properties is necessary to operate
just below critical frequency. Except for high frequencies, panels will be
operating with a subsonic flexural wave speed. Figure 2.2 shows a typical
pressure response measurement of medium-sized DMLs.



2.2. Distributed Mode Loudspeakers 17

2.2.2 Radiation Properties

The behavior of DMLs when radiating sound differs radically to that of
piston-like motion loudspeakers. In a piston-like radiator, the transfer func-
tion changes slowly with position, hence there is a high degree of correla-
tion between the responses at nearby positions. In a DML, the transfer
functions include a component that can fluctuate rapidly with position,
thereby reducing the correlation. It is this reduction of correlation between
the transfer functions that is described as “diffuse”.

With real loudspeakers, there are always components of both diffuse
radiation and non-diffuse radiation. Typical cone-based loudspeakers are
largely non-diffuse up to the frequencies where cone break-up begins. Typ-
ical DMLs have a relatively larger proportion of diffuse radiation, the pro-
portion depending on the properties of the panel [Harris, 2001].

As a consequence, traditional measurement techniques that typified
piston-like sources are no longer valid. Whereas DMLs give the listener
the impression of a continuous spectrum, a single point measure indicates
a fully modal, uncorrelated output [Gontcharov et al., 1999].

The polar response of a DML is again dependent on whether it is
radiating below or above the coincide frequency, as stated in several studies
[Bank, 1998], [Azima and Panzer, 1999], [Angus, 1999], [Gontcharov and
Hill, 2000], [Bonhoff, 2005], which theoretical base can be found in [Fahy
and Gardonio, 2007].

e Below coincidence frequency

The polar pattern is an interference pattern for an odd and even
mode strip radiator, which is orthogonal and thus the radiation pat-
tern will swap from one to another. When many modes are excited,
this summation of patterns gives a quasi-omnidirectional response but
in reality, strong frequency variations are occurring at the listening
point. For this region, the polar response of a DML is substantially
independent of its size [Bank, 1998]. Figure 2.3 shows such a polar
behavior up to 6 kHz, where coincidence occurs.

e Above coincidence frequency
For this frequency band, the sound radiation is highly directive due
to the occurring coincidence. The pattern is a combination of single
lobes from forward and backward waves for each excited mode. As
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frequency increases, such lobes become narrower and progressively
move to the normal direction. As many modes are excited in a DML,
the overall pattern is again a superposition of these lobes and would
look omnidirectional. This would give the impression of increasing
dispersion with frequency and thus diffuseness, as the radiation pat-
tern becomes increasingly lobulated. With the exception of [Panzer
and Harris, 1998], measured directivity patterns that would show the
strong directional radiation for this frequency region, are not shown
in technical publications. In Figure 2.3, the last two polar responses
belong to the coincidence behavior of the panel.
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Figure 2.3. Measured polar response of a medium-sized DML
loudspeaker.

Hence, although designers try to select the correct mechanical para-
meters to force a finite sized panel to radiate below coincidence, a DML
loudspeaker makes use of both types of propagation, below and above coin-
cidence, in order to achieve broadband transduction [Angus, 2000b]. Below
coincidence the directivity is almost omnidirectional. At higher frequencies
coincidence lobes start to form the typical radiation pattern of DMLs at
and above coincidence.

2.2.3 Structural Behavior

The radiation of a DML is affected by its mechanical structure. In [Bai
and Huang, 2001], a detailed study of structural and acoustic radiation was
carried out. Later, it was shown that the proper placement of point-mass
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discontinuities on infinite structures showed an increase in radiated power
[Bonhoff, 2005]. However, for finite structures such as DMLs, which are
already optimized for sound radiation, there is no gain in radiated power.
Nonetheless, the added mass technique was soon reported to be effective
in the modal behavior [Zhang et al., 2006]. They presented a model of a
panel with attached mass and proposed a genetic algorithm to calculate
where to put masses and exciters in an optimal manner. More recently,
the problem of dispersion in plate-like structures has been addressed in
[Horchens and de Vries, 2007]. Dispersion causes resolution to fall with
increasing distance from the vibration source, which can be problematic in
large structures. To remove the effects of dispersion, a model function of
the dispersion is obtained from measured data.

2.2.4 Housing

To prevent back to front cancellations, DMLs need to be mounted in a hous-
ing. The volume increase that absorption materials require in traditional
loudspeaker cabinets is no longer needed for DMLs. In [Prokofieva et al.,
2002b], an unbaffled and baffled panel with absorbing material were tested
for on-axis frequency responses. The effect on the acoustic intensity was
only pronounced in the low frequency range (100-1000 Hz). For mid and
high frequencies, the effect of the absorber is minimal for both the baffled
and unbaffled panel. Later, the same author addressed the changes caused
on directivity with absorbing materials [Prokofieva, 2003]. The presence
of an absorber in the vicinity of a DML panel generally results in a more
uniform directivity pattern of the acoustic emission from a vibrating DML
panel.

2.2.5 Room Interaction and Sound Localization

The reaction of diffuse sources, such as DMLs, to room boundaries is less
severe than traditional piston loudspeakers. Harris studied the room inter-
action for a 2-D scheme in [Harris et al., 2000], extended to 3-D in [Harris
and Hawksford, 2003], and introduced the concept of Correlation Maps
in [Harris, 2004] to account for boundary reaction. DML sources produce
room reflections that are less correlated to the direct sound than those radi-
ated from piston sources and thus, constructive and destructive interference
of sound is minimized.
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Regarding the interaction with room modes, conventional loudspeak-
ers are more susceptible to acoustic room modes and boundary interference
[Azima and Harris, 1997], [Fazenda et al., 2002]. DMLs have a more even
power distribution across a large listening area and over a wider frequency
band. According to [Harris et al., 1998a], in a tentative way, and later
proved in [Harris et al., 1998b], localization precision as a function of room
acoustics is minimized by the use of diffuse acoustic radiators, such as
DMLs. The proper sound localization by DMLs and the minimum degra-
dation caused by room acoustics were of crucial importance in considering
such radiators as alternatives to dynamic loudspeakers for multichannel
systems, as will be explained in Section 2.3.

2.2.6 Other Applications

The radiation characteristics of DMLs lend themselves to use in other audio
applications. In [Rumsey and Naqvi, 2001a],[Rumsey and Naqvi, 2001b],
DMLs are embedded in deflector panels that surround a source loudspeaker
and fulfil the fundamental requirements of an “active listening room”: a
critical listening environment where the key acoustic features of the room
can be actively modified. This configuration has the potential to simulate
the diffused nature of real room reflections. On the other hand, the effects
of applying standard array technology, such as Bessel and Barker sequence
modulation, to DMLs were addressed in [Copley et al., 2002]. However,
the array response was not fully controlled because the individual DML
elements themselves were not completely omnidirectional. Another study
reported the applicability of DMLs for active noise control [Zhu et al., 2003].
Its effectiveness was moderate for feedback control, whereas for feedforward
control, DMLs were proven to be very effective.

2.2.7 Array of Single Exciter Panels

In 2000, Boone and Brujin, encouraged by the positive results on sound
localization, tested for the first time the applicability of DMLs for Wave
Field Synthesis (WFS!) reproduction [Boone and de Brujin, 2000]. It was
not evident from the beginning that the phase relationships between the
secondary sources (loudspeakers) were not to be altered by these new radi-
ators. A linear array of 9 rectangular single excited DMLs with radiating

' A comprehensive description of this multichannel technique is given in Appendix A.
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surfaces of 0.18x0.125 m were essayed, confirming that DMLs could be
used with success for WFES. Figure 2.4(a) shows a configuration similar to
the one employed in this first prototype. The array of single excited panels
was the predecessor of the current MAPs, which will be addressed in the
next section.

2.3 Multiactuator Panels

The first publications on the viability of arrays of DMLs for multichannel
reproduction pointed out that individual panels reconstruct the wave field
correctly. However, the spacing of the secondary sources required by the
WES algorithm to acquire a reasonably useful bandwidth, forced the size
of the panels to be very small. As a consequence, DMLs showed weak bass
response due to the lack of excited modes in the low frequency region. As
a reference, to achieve an aliasing frequency of 1 kHz, the distance between
secondary sources must be approximately 17 cm. For that reason, it was
decided to distribute the exciters over a single large panel and to study
if exciters sharing the same vibrating surface were acting as individual
secondary sources. Figure 2.4(b) depicts such a configuration in contrast
to the single excited transduction.
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Figure 2.4. (a) Array of single-excited DMLs. (b) MAPs.

The development of MAPs was, in part, possible thanks to the Euro-
pean IST Project “Carrouso”. This project started on January 1st, 2001
and lasted 30 months. Although the first paper announcing the project
[Brix et al., 2001], did not include any reference to DMLs, they were soon
part of the rendering systems objectives. The project objectives and list
of participants can be found on the European Union, Information Society
Technologies website [Carrouso, 2001].
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As a result of the early investigations, the first MAP prototypes were
shown at several conferences, such as the 19th AES International Confer-
ence in Elmau, June 2001 (see Figure 2.5), the IFA in Berlin in August
2001, and the IST event in December 2001 in Diisseldorf.

Figure 2.5. First MAP prototypes shown at the AES 19th
Conference on Surround Sound, Elmau, Germany, June 2001.

2.3.1 From Single to Multi Exciter Panels

The evolution from arrays of single excited DMLs to MAPs and its vali-
dation started in 2001. Boone and others at Delft University conducted a
series of experiments that ended with a prototype on which the Carrouso
partners based the final design [Boone et al., 2001],[van Rooijen, 2001].

In single excited DMLs, they reported that the first wave front, related
to the first part of the impulse response of the reproduction system, is
as good as with conventional loudspeakers. However, small panels pose
problems with sound quality since they have a poor low-frequency response.
These results were promising enough to extend the DML technology to a
panel with multiple exciters, each driven with a different signal. Such a
configuration would act as a WFS array if every exciter on the panel would
excite only a small part of the panel around the exciter position.

Since transducers must be spaced very close to reconstruct the wave
form up to a reasonable frequency, a vibrating panel with low internal
damping will result in cross-talk. For that reason, it is necessary to use
panel material with high internal damping. This allows each exciter to act
as a proper localized small individual loudspeaker. The counteraction is
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that high internal damping causes a loss of efficiency, because part of the
energy is dissipated within the panel and not radiated as acoustic energy.

At first, a polycarbonate resin (PC) panel, which has high internal
damping, was built as a prototype with well defined source localization.
However, the PC material had a very poor impulse response, with a lot
of ringing. Foamboard arose as an alternative to PC panels which exhib-
ited better impulse response and maintained the independent behavior of
exciters for WFS. As with PC panels, FIR filtering was still necessary to
obtain an adequate sound quality.

In [van Rooijen, 2001], three foamboards of 1x0.7 m and 0.5 cm width
were mounted in a landscape orientation. They contained 20 exciters spaced
12.7 cm apart, six on the first and third panel and eight on the second panel.
Whereas in the array of single excited panels, Peerless? 880101 25 mm
exciters were used because of their small size and moderate power, in these
foamboard panels, Elac Type G and D high power prototype exciters were
employed. These 37 mm exciters evolved into the current models, such as
the exciter 82073 type J. This concept was then referred to as a “single-
panel, multi-exciter” array, a denomination which was employed in the
following studies [Corteel et al., 2002], [Horbach et al., 2002].

On June 30th, 2003, the Carrouso Project ended with a multi-exciter
DML jointly designed by some of the project partners. It was not until
2004 that such arrays appeared in the technical literature as “Multiactuator
Panels or MAPs”.

In the following, details on the technology that were published in the
subsequent journals and conferences, are discussed. A new shortcoming in
the WFS reproduction was that MAPs act as reflectors for acoustic waves
which disturb the perception of the target soundfield. A room compen-
sation technique that attenuates early reflections of MAPs by means of a
mirror source algorithm was proposed in [van Zon et al., 2004]. In this
same year there also appeared one of the most significant papers on MAPs
[Boone, 2004]. It collected and discussed all the issues regarding the three
years of investigation. This time, instead of using the early prototypes,
Boone experimented with the new eight-exciter MAPs from the Carrouso
Project. Two years later, another milestone in MAP development was the
structural acoustic analysis by means of a laser Doppler vibrometer made by

ZPeerless is now a partner of the Tymphany Corporation.
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de Vries and other researchers at TU Delft [Kuster et al., 2006]. This study
confirmed experimentally the basis on which MAPs relied since the first
publications: acoustic radiation is generated almost entirely by the struc-
tural near field around the excitation point on the panel. The damping loss
factor of the MAP material must be large to produce such an appropriate
behavior. In addition, both, panel dimensions and exciter position, also
played a role in the acoustic radiation of MAPs. It was then concluded
that particular choices of panel size and damping loss factor were needed
to meet the requirements of WF'S in a single panel.

2.3.2 Current MAP Prototypes

As a result of the research undertaken in the Carrouso Project, some proto-
types were designed and built, mostly intended for research purposes. The
four MAP designs that have been employed in experimental setups in the
technical literature are shown to scale in Figure 2.6.
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Figure 2.6. Geometric details on MAP prototypes developed
by some of the Carrouso partners. (a) TU Delft. (b) University
of Erlangen-Nuremberg. (c) and (d) IRCAM & Sonic Emotion

AG. Dimensions in centimeters.

Laboratory of Acoustic Imaging and Sound Control, TU Delft

At the Laboratory of Acoustic Imaging and Sound Control at Delft Uni-
versity of Technology in The Netherlands, Dr. Boone and Dr. de Vries
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experimented with the primitive single exciter panel and finally developed
a MAP design that would appear in several publications [Boone et al.,
2001],[van Rooijen, 2001], [Boone, 2004],[van Dorp, 2005],[van Dorp and
de Vries, 2006], [Corteel, 2006a],[Kuster et al., 2006].

Figure 2.6(a) depicts the geometrical details of the design. It is a
medium-sized panel of 134x75 cm with eight exciters spaced 16.75 cm
apart. This spacing is an integer fraction of the panel width, in order to
allow panels to be put next to each other in landscape orientation. With
such a configuration, the first and last exciter on a panel is attached in
such a way as to have a continuous distribution of exciters evenly spaced.
As will be shown later, this technique is also used by the rest of the MAP
designs. The line of exciters is slightly below the center of the panel to
increase modal participation.

The material of the panel was 5-mm PVC foam board core with pa-
per skins, which is sufficiently damped to let exciters generate the main
contribution of energy in a region around them of 10 cm diameter. As sug-
gested in past contributions, FIR filtering was still necessary to smooth the
acoustic response. The selected exciters for this design were ELAC 82073,
an 8 ) exciter with a 37 mm diameter and a 20 W nominal power output.
Figure 2.7 shows a picture of the MAP during a measurement session in
the anechoic room.

Figure 2.7. MAP prototype developed at the Laboratory
of Acoustical Imaging and Sound Control, Delft University of
Technology, The Netherlands.
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Multimedia Communications & Signal Proc., University of Erlangen-Nuremberg

Dr. Rabenstein and others at the Laboratory of Multimedia Communi-
cations and Signal Processing at the University of Erlangen-Nuremberg
in Germany developed an eight-exciter MAP, although it was named as
Multi-exciter Panels or MEPs in the literature [Seuberth, 2003], [Spors
et al., 2005b].

This model is virtually the same configuration as that in Delft, the
difference being the slightly larger spacing of the exciters, as can be seen
in Figure 2.6(b). It is a medium-sized panel of 137.6x74.6 cm with eight
exciters spaced 17.1 cm apart. Since the transducer spacing is slightly
larger, so should be the width of the panel, to maintain the functionality
of attaching MAPs in landscape orientation. For this design, the panel
material was also PVC foam and ELAC 82073 type J exciters were also
used. Figure 2.8 presents a group of four of these MAPs in an open U
configuration.

Figure 2.8. MAP prototype developed at the Laboratory of
Multimedia Communications and Signal Processing, Univer-
sity of Erlangen-Nuremberg, Germany.

IRCAM Paris & Sonic Emotion AG

The collaboration carried out by Dr. Corteel at IRCAM in Paris and Dr.
Pellegrini at Sonic Emotion AG in Switzerland led to the manufacture of
two MAP designs, as shown in Figures 2.6(c) and (d). The latter has ap-
peared in recent publications [Corteel et al., 2007],[Corteel, 2007]. Contrary
to the preceding models, these panels are commercialized by Sonic Emotion
under the name “M3S Panels” and have similar transducer spacing and ex-
citer models. The innovation with respect to the latter designs is the use
of high aspect ratios for the panel of Figure 2.6(c) and the introduction of
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four-exciter small panels, shown in Figure 2.6(d). In addition to this, such
panels are made of laminated honeycomb paper, which is more efficient
than foam. An arrangement of eight panels in a 32-channel configuration
is shown in Figure 2.9.

Figure 2.9. MAP prototype developed at IRCAM in Paris,
France and Sonic Emotion AG in Oberglatt, Switzerland.

2.3.3 Spatial Frequency Response of MAPs

The diffuseness of the distributed mode operation in MAPs minimizes the
drawbacks of room interaction, as with DMLs. On the one hand, MAPs
radiate an even power distribution across a large listening area and, on the
other hand, the reflections on the room boundaries are less correlated to
the direct sound.

In the context of WFS, the region above aliasing frequency is char-
acterized by oscillations both in frequency and space. These interference
patterns can be experienced when moving the head or walking within the
listening area. The diffuse behavior of MAPs helps in diminishing the ef-
fects of sound color variations. Corteel carried out a comparison between
MAPs and dynamic cone loudspeakers on an objective and subjective level
for WES [Corteel et al., 2007]. Above the aliasing frequency, a diffuse fil-
tering was used which consisted of time limited white noise, independently
generated for each loudspeaker, to obtain uncorrelated outputs. The vary-
ing response through both frequency and space above the aliasing frequency
is diffused with such a filtering technique and thus, their perceptual impact
was minimized. This diffusion is introduced by natural properties of the
MAP or by diffuse filtering both on MAPs and on dynamic loudspeakers.
These results suggest that the aliasing artifacts start to appear at a certain
frequency but increase in a progressive way rather than a sharp frequency
caused by diffuseness. In addition to this, compared to dynamic trans-
ducers, the sensation of spaciousness is enhanced by means of the diffuse
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radiation of MAPs. Therefore, a methodology for characterizing the spatial
performance and the associated aliasing artifacts of loudspeaker arrays at
the laboratory is very advisable.

2.3.4 Multimedia Applications

DMLs and MAPs are flat structures with vibrations low enough to be im-
perceptible to the human eye. This property can be exploited by integrat-
ing them into a room interior and simultaneously using them as projection
screens. In this way, image and sound are fully integrated for multimedia
applications. In [Chiao et al., 2000], this idea was first suggested as three
single exciter DMLs for multiparticipant videoconferencing. Later, a com-
bination of WFS with 2-D video projection was proposed [Boone et al.,
2001],[de Brujin and Boone, 2003]. However, to obtain a better immersion
for a large audience, the size of the screen must be moderately high. The
purpose of the first study was not to cover a large listening area, but a small
group of people in a videoconference. In the conference papers combining
WES with video projection, the panel itself was not the projection screen,
but a dynamic loudspeaker array behind an acoustically transparent screen.
The application with MAPs was only suggested.

2.4 Edge Panel Support

The panel of a MAP is a type of finite plate whose radiation is character-
ized by the superposition of waves travelling in opposite directions. These
standing wave patterns are due to incident and reflected waves from the
boundaries, allowing modal vibrations and radiation to appear. At sub-
critical frequencies, where the distributed mode operation works properly,
boundary conditions have a profound impact on the radiation characteris-
tics.

2.4.1 Influence of Boundary Conditions on Plate Radiation

As already pointed out in Section 2.2.2, sound radiation from finite plates
are characterized by two frequency ranges: for frequencies above and below
the critical frequency.
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At high frequencies, in the coincidence region, the projection of the
acoustic wavelength in air onto the panel, coincides with the bending wave-
length. The coincidence effect consists of these wavelengths matching at
a certain angle above the coincidence frequency. It has been shown that
radiation resistance of a plate is not influenced by its boundary conditions
[Renji et al., 1998],[Renji, 2001].

However, as stated in the above discussion, DMLs and MAPs are de-
signed to operate at frequencies below coincidence, where edge boundary
conditions shape the radiation characteristics [Angus, 1999]. In this region,
the boundaries of any finite structure, locally suppress the interaction be-
tween waves travelling in opposite directions, which leads to sound radiation
in general. Depending on the boundary condition considered, the interac-
tion will be more or less pronounced, and thus, the efficiency of the panel
radiation [Bonhoff, 2005]. For that reason, the radiation resistance is sig-
nificantly influenced by the boundary conditions [Renji et al., 1998],[Renji,
2001].

MAPs have the disadvantage of placing exciters close to the edges in
order to achieve a linear WFS secondary source distribution. In [Kuster
et al., 2006], the radiation of the first exciter, which was only 80 mm from
the edge, was studied in a eight-exciter MAP. The exciter performance
showed some alteration with respect to the central ones, but the interference
was smaller than expected.

2.4.2 Edge Boundary Conditions

In this section, the different ways of supporting the panel are discussed.
Rectangular plates are generally classified in accordance with the type of
support used [Timoshenko and Woinowsky-Krieger, 1959]. The three basic
boundary conditions applied to a plate edge are Free, Clamped, and Simply
Supported edges, also known as built-in plates. Figures 2.10(a) and (b)
show a schematic view of the moments and forces governing the clamped
and simply supported edge boundary conditions.

The ideal free condition implies that the structure is floating in the air
without support of any kind. If such a condition is satisfied, no reaction
forces arise along the edges: there are no bending or twisting moments,
and also no vertical shearing forces. At the other extreme, the clamped
condition is achieved by grounding the structure with well-tightened de-
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Figure 2.10. Edge boundary conditions and their associated
forces and moments. (a) Clamped. (b) Simply Supported. (c)
Elastic Boundary.

vices that prevent the deflection of the structure at the supports. In this
case, several reaction forces are created along the edges: two forces F; and
F,, normal and perpendicular to the support direction respectively, and
a bending moment perpendicular to the plane structure M,. In between,
there is the simply supported condition, which behaves as a clamped edge
but without bending moments because edges can rotate freely with respect
to the edge line.

In addition, other types of boundary conditions appear as a result of
combining the above conditions [Ugural, 1999]. For example, the mixed
supported conditions have clamped, simple supported and free at different
edges. There is also the point support, which consists of a plate supported
by intermediate points.

However, the boundary condition that involves some sort of elastic
damping is known as Elastic Edge Support or Elastic Boundary. Plates
on elastic boundaries are supported by elastic supports which resist certain
types of bending [Leissa, 1999], as depicted in Figure 2.10(c). Its mechanical
model is equivalent to a plate supported elastically by springs uniformly
distributed along its edge. Hence, two reactions arise I}, and M,. Firstly,
deflection is opposed by linear springs with a certain degree of stiffness k.
Secondly, edge rotation is opposed by spiral springs having a certain degree
of rotational stiffness k’. Because of the flexible features on edges, elastic
boundaries are suitable in DML loudspeakers for audio reproduction.

2.4.3 Practical Implementations

In the technical literature, DML and MAP models have been presented
with simply supported edges: [Prokofieva et al., 2002a] (for the baffled
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loudspeaker) [Bai and Liu, 2004] (adhesive tape to fix boundaries in the
laboratory), [Zhang et al., 2006], or combined with free edges: [Prokofieva
et al., 2002a] (for the unbaffled loudspeaker), [Bai and Huang, 2001].

Nevertheless, both free and simply supported edge conditions have dis-
advantages to present a viable technology for a MAP frame. On the one
hand, the free condition can be approximated by supporting the structure
on very flexible soft springs, which give rise to a free radiating panel in a
full-space radiation. However, when observing the typical polar response
of a free DML, a reduction of pressure in the plane of the panel is noticed,
due to the cancellation effect of acoustic radiation at or near the edges. For
that reason, the panel is usually placed in a baffle, where radiation due to
the rear part of the panel becomes contained. On the other hand, simply
supported conditions must contain a certain degree of frame grounding if
the panel is to be held. This problem can be faced by diffusing pseudoran-
domly the boundaries between pure clamped and free, in a special type of
Mixed Boundary Condition suggested by [Angus, 2000b]. Unfortunately,
such a condition does not present a reliable fixing frame since part of the
panel is suspended in the air.

2.5 Equalization

As stated previously, MAP radiation is based on the excitation of natural
and proper modes of vibration to create a seamless modal density, yielding
a continuous spectrum. However, there are moderate fluctuations which
are determined by the vibration pattern of the panel. This response is a
complex superposition of the bending wave excitations in the panel and
can vary strongly with small changes in frequency. As a consequence, the
typical MAP response is very poor and needs to be equalized for a natural,
uncolored response.

In the context of WF'S reproduction, two filtering processes have been
proposed. First, in order to compensate for reflections of the room, mul-
tichannel inverse filtering techniques are employed, which have also been
extended to account for panel reflections. Second, filters to compensate for
uneven frequency responses, such as those of MAPs, are known as spectral
smoothness equalization.
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The use of these filtering approaches for WES is restricted by one of the
most important artifacts, the aliasing frequency. Multichannel techniques
are not applied above aliasing frequency, because otherwise severe spatial
dependent distortion of the wave field will be introduced. On the contrary,
above that frequency, spectral smooth equalization is used [van Dorp and
de Vries, 2006].

2.5.1 Reflection and Room Compensation for WFS

Multichannel inverse filtering techniques offer control of the sound field at
a limited number of points in the listening space [Nelson et al., 1996]. A
method based partly on multichannel inversion, that aimed at controlling
the free-field radiation patterns of multiexciter distributed mode loudspeak-
ers, was proposed by Corteel and others [Corteel et al., 2002], [Horbach
et al., 2002]. This method was later extended to room compensation for
WEFES [Corteel and Nicol, 2003], [van Zon et al., 2004], where the solution
produced by multichannel equalization techniques achieved both the syn-
thesis of the reproduction objective and the compensation of reproduction
artifacts in a unique process. The latter included the suppression of unde-
sired reflections between MAPSs, by constructing cancelling waves emitted
by virtual mirror image sources.

A similar method for room compensation in WFS was presented by
Spors and others [Spors et al., 2003], [Buchner et al., 2004]. It relies on
circular microphone array measurements that are decomposed onto a plane
wave or cylindrical harmonic basis [Hulsebos et al., 2002]. Multichannel in-
version is then performed in this transformed domain. The control remains
efficient inside the circular array, with which the sound field is sampled, but
may suffer from artifacts linked to both microphone and rendering system
limitations [Spors et al., 2005a].

Alternatively, another approach based on multichannel inversion of
Multiple-Input and Multiple-Output (MIMO) systems was proposed as a
possible practical solution to room compensation in an extended area for
WFEF'S reproduction systems [Lopez et al., 2005],[Fuster et al., 2005b],[Fuster
et al., 2005a]. To that end, the reproduction area is sampled with multiple
microphones with which to calculate a bank of inversion filters applied just
before the loudspeaker section.

In [Corteel, 2006b],[Corteel, 2007], a modified version of [Corteel and



2.5.  Equalization 33

Nicol, 2003] is presented. This new technique adds the compensation of
WES artifacts by filtering the loudspeaker driving signals for each virtual
source.

Multichannel filtering techniques can be divided into two categories:
methods that perform the inverse filtering in the time domain using the
MFAP algorithm [Corteel et al., 2002], [Corteel and Nicol, 2003], [van Zon
et al., 2004] [Corteel, 2006b], and methods based on frequency domain
inversion [van Dorp, 2005], [van Dorp and de Vries, 2006]. To avoid in-
stabilities, singularities in the inversion are regularized using a technique
based on Singular Value Decomposition (SVD).

2.5.2 Spectral Smoothness Equalization

The typical frequency response of a MAP contains sharp nulls, which are
audible and highly undesired. This is due to a superposition of temporarily
and spatially arriving diffuse waves. The transient response of panels with
distributed mode operation is characterized by a long impulse response
tail, which, in the frequency domain means that modes exhibit a narrow
bandwidth [Angus, 2000b]. Therefore, to compensate for the complex and
random characteristics, some sort of filtering is compulsory.

A method that combines digital inverse FIR filtering by Linear Predic-
tive Coding inverse for room mode correction and tunable Discrete Wavelet
Transform octave-band equalization is presented in [Chiao et al., 2000]. The
method proved to be appropriate for equalizing peaks in the response rather
than dips. A similar procedure of FIR filtering by varying coefficients for
active noise control can be found in [Zhu et al., 2003].

For WFS reproduction, above the aliasing frequency, [Horbach et al.,
2002] and [Corteel et al., 2002] employ individual equalization of the drivers,
combined with energy control to recover the sound field in a perceptually,
not physically exact sense. Other studies reported experimentally that, in
general the measured frequency response after applying the equalization
filter was still not flat but it exhibited a more uniform shape [van Dorp,
2005],[van Dorp and de Vries, 2006].
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2.6 Conclusions

This chapter has explored the state of the art on MAPs as a reproduc-
tion system for WFS, which will be the basis and context of this thesis.
The evolution of the DML to the current MAPs has been presented in se-
quence, through bibliographic cites of literature on the audio field. This
bibliographic revision has shown that there are still some open problems
and possible enhancements in some of the aspects regarding MAPSs’ struc-
tural behavior and response. In particular, the size of the panel and the
edge boundary conditions can be studied for minimizing their impact on
the radiation. Additionally, an efficient filtering method can be applied
for MAP systems with a large number of exciters. These issues will be
addressed in detail in the following chapters.
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IN A THEORETICAL WF'S REPRODUCTION SYSTEM the infinitely dense sec-
ondary source distribution surrounding a listening space completely recre-
ates the wave field and preserves all temporal, spectral, and spatial informa-
tion present in the original field. To achieve a real-world application of this
concept, the continuous-space distribution must be implemented through a
discretized array of spatial sampling points composed of loudspeaker trans-
ducers, which causes a limited spatial resolution. As a consequence, the
wave field is correctly synthesized up to a limiting frequency, known as
spatial aliasing frequency in the technical literature. The spatial discretiza-
tion errors or aliasing artifacts are of great interest since they restrict the
useful bandwidth in the practical implementation of WFS systems. The
diffuse radiation of MAPs leads to a pressure distribution over space which
differs from that of dynamic loudspeaker-based systems. In this chapter,
the aliasing artifacts of both rendering systems is addressed by means of a
proposed methodology based on the wavenumber domain.

3.1 Introduction

This chapter describes an analysis of the acoustic wave fields and their alias-
ing artifacts generated by MAPs in the context of WFS. For this purpose,
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wave fields are interpreted in the wavenumber domain, where the source
radiation is decomposed into plane waves for arbitrary angles of incidence.
Such a transformation allows one to distinguish the loudspeaker periodic
spatial spectra and then to use this information for analyzing the aliasing
frequency, the sampling artifacts, and the truncation effects in a given re-
production area. Furthermore, the method provides useful information on
angle-dependent radiation of transducers in an array.

The method is applied for both dynamic loudspeaker arrays and, par-
ticularly for MAPs, taking into account their characteristic geometry and
radiation features. In this regard, a WFS array can either be assembled
by a large panel with many exciters or by small panels accommodating a
smaller number of exciters per panel. This different approach to achieve an
equivalent array in terms of aliasing frequency leads to dissimilar spatial
resolution capabilities.

The outline of the chapter is presented as follows. Section 3.2 de-
scribes the mathematics of time-space domain sampled signals and their
transformation into a multidimensional frequency domain. Sampling ar-
tifacts are described and analyzed by a graphical representation proposed
here. Section 3.4 presents simulations and experimental results of WFS
virtual sources reproduced by MAPs and dynamic loudspeakers, accord-
ing to the setup described in Section 3.3. Two MAP configurations and
a dynamic loudspeaker array have been measured by using the proposed
method. Since all arrays exhibit the same transducer spacing, a comparison
in equivalent conditions has been performed. Finally, Section 3.5 concludes
the chapter.

3.2 Analysis Method

3.2.1 Space-Time Transformations

The analysis in the wavenumber domain is an intuitive and physically ap-
pealing technique to study wave propagation and diffraction that was first
developed in optics [Sherman, 1967], [Shewell and Wolf, 1968], and has
been extended to other fields such as seismics [Berkhout, 1987], ultrasonics
[Lerner and Waag, 1988] and audio engineering [Teutsch and Kellermann,
2006],[Rafaely, 2004]. Implementation of such plane wave decomposition-
takes place in the wavenumber domain.
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Therefore, an analysis in the space-time wavenumber domain can be
a powerful and intuitive tool for understanding and analyzing the acoustic
wavefield (see [Williams, 1999], [Rabenstein et al., 2006] for details). As
it will be demonstrated later, this tool is very effective for analyzing the
MAPs presented in the last section.

The transformation of multidimensional wave fields is achieved by means
of fundamental concepts of signal theory. In the following, the Fourier
Transform is defined for time and space variables [Rabenstein et al., 2006].

For a one-dimensional signal f(t¢), the Fourier Transform is defined as

Flw) = /_ T e, (3.1)

where w is the angular frequency. In the same way, the Fourier Transform
of a one-dimensional signal f(x) with x as the space variable is defined by

F(ky) = /_OO f(x)et =T d, (3.2)

where k, is the spatial frequency. For multidimensional signals, which
depends on time and spatial coordinates, the application of the Fourier
transforms give raise to

F(ky,w) = / / f(x, t)efFTe I drdt, (3.3)
—00 J —00

Consider now a bidimensional monochromatic pressure plane wave in
a x, z coordinate plane at y = 0, propagating in the 6 direction at speed c,
as shown in Figure 3.1(a),

p(x, z,t) = Ael ot —Raor=hzo2), (3.4)

where A is an arbitrary constant, wq is the plane wave angular frequency
and kg = wo/c is the wave number. With regard to the x axis, its phase term
is simply wot — k., so the wavelength in such a direction is Ay = 27/ky,.
The wave is travelling at a phase speed of ¢, = w/k,, in the z direction.
Similar results are obtained for the z axis [Williams, 1999].

According to Figure 3.1(a), the projected wavelengths in the vertical
and horizontal directions may not be equal but the important relationship
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Figure 3.1. (a) Plane wave travelling with 6 angle to the
axis in the  — z domain. (b) In a k, — k representation, this

wave appears as a delta in k;/k = tan (.

k3 = k%o + k§0 must be satisfied, which means that the wavenumbers are
dependent of one another. In terms of the direction of wave 6, the spatial
frequencies along the two axis are k;, = kosinf and k,, = kocosf and,
similarly, the phase velocities must satisfy ¢, = ¢/sinf and ¢, = ¢/ cos 6.

Equation (3.4) can be written as

X z
p(xazvt):po (t__>a

Cx Cz

where pg is the wave form in the origin as p(0,0,t) = po(t).

The Fourier transform with respect to time gives

(o ¢]
Pz, z,w) = / Do (t _ L Z) e Ivtat
o Cx  Csy

= Ru(w)e omti),

(3.5)
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where Py(w) is the Fourier Transform of pg(t). A second transform, this
time with respect to the two spatial coordinates x and z results in

P(ky, k. w) = (3.7)

o0 oo
/ / Py(w)e 7 kagwthzg2) gikat oik= g
—00 —0oQ

If the temporal frequency variable w is expressed in terms of the wave
number k£ = w/¢, the multidimensional transform gives

P(ky, ko, k) = 4m2 Py (k)0 (ky — kg )0 (ks — Ky ). (3.8)

Now, consider a registration of the plane wave along the x axis alone,
where z = 0. This is expressed by a simplified version of Equation (3.7):

P(ky, k) = / Py(k)elkeo®e=ikat g

=21 Py (k)d(ky — kzy)
=27 Py (k)0 (ky — kosinb), (3.9)

where k; is the spatial frequency along the registration axis and kg, is
written as a function of the plane wave travelling direction 6.

The transformed monochromatic plane wave can be plotted in a k, — k
diagram resulting in a delta pulse, as presented in Figure 3.1(b). The angle
[ where it appears is related to the angle 6 by tan 5 = k, /k = sin 6.

Now, let us consider a broadband plane wave, which includes several
frequency components. Then, the k, — k representation will exhibit a a
single delta pulse for each frequency component. Since all the wavefronts
are travelling at angle 6, the relation tan 8 = k,/k must hold for all delta
pulses, which makes them to distribute in a straight line with angle 3.

According to this, a composition of two broadband plane waves with
different travelling angles 6, and 02 will appear as two straight lines in this
diagram, as shown in Figure 3.2 as (1 and (3, respectively. Consequently,
an arbitrary wave field, which can be seen as a composition of plane waves
will be represented as straight lines with different angles 5. This means, in
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Figure 3.2. k, — k representation of a composition of two
broadband plane waves.

turn, that each plane represents different spatial frequencies k,. The exten-
sion of each line is related to the temporal frequency bandwidth that the
wave has in this particular angle of incidence. As shown by the dashed line
in Figure 3.2, the maximum angle g is 45° which correspond to a tangential
incidence angle §=90°. This multidimensional plot was first proposed for
audio engineering in [Verheijen et al., 1995], [Start et al., 1995], [van Rooi-
jen, 2001]. The enhancement proposed here is the further interpretation
and information retrieval of spatial characteristics of practical loudspeaker
arrays.

3.2.2 Sampling Artifacts

In the previous section, an acoustic wave field composed of plane waves has
been considered. In order to generate such waves in a 2D space, a continu-
ous infinite line source must ideally be employed. Analogously, in order to
record the generated wave field to obtain the space time transformation as
described in Equation (3.9), a continuous infinite line of receivers in the x
axis must be also employed. Both requirements are not possible in practice
which leads to the use of discrete alternatives.

In this case, three sampling processes arise: time sampling, spatial
sampling in the reproduction stage and spatial sampling in the receiving
stage. Assuming proper time sampling according to the Nyquist criteria,
the two spatial aliasing artifacts are reviewed in the next subsections.

Reproduction Stage

Let us consider that a continuous distribution of sources is replaced by a
set of aligned point sources at discrete positions (a loudspeaker array in
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the context of this chapter, as depicted in Figure 3.4). As it is well known
in time domain frequency analysis, for a given sampling period At, the
maximum frequency that can be resolved is given by the Nyquist frequency
Wmax = m/At. In analogy to time sampling, the Nyquist criterion [Proakis
and Manolakis, 1998] can be modified for sampling in space, i.e., sampling
along the x axis with a Az interval, implies a spatial Nyquist frequency of
kymax = 7/Az. Assuming plane waves arriving at the  axis at angles up
to 8 = 90° and a proper time sampling, there is a spatial aliasing which
occurs above a certain temporal frequency, called spatial aliasing frequency
[Berkhout et al., 1993],

C

fal = (310)

2Az sin Opax

where the relation ky max/kal = sin Omax has been used to derive the expres-
sion. Note that this equation is only valid if 6, = —0max is assumed.

The reproduced wave field for a spatially discrete secondary source
distribution is a modified version of (3.9). Since a function is point sampled
at Az values when it is multiplied by the comb function III(z/Ax), the
spatially sampled wave field can be written as [Williams, 1999]

Pal(k;p, k) = / Po(k)e‘jkLOIIII (Aix) e—jk‘zxdx

Az , ke

= == Py(k)e?F=o” x 111 11
or o (k)e? 0T x <2W/A$) (3.11)

The comb function is a sequence of infinite delta pulses uniformly dis-
tributed, so its Fourier transform is another delta pulse sequence. As a
consequence, the above convolution leads to

2
Palkp, k) = Z 21 Py (k < — ksin® — AZn) (3.12)
n=—oo
which states that the ideal plane wave is repeated in the k, axis at the
n positions k, = ksinf + 27n/Ax, each shifted by 27/Az, as shown in
Figure 3.3. The aliased contributions, which correspond to the infinite

terms of the summation where n # 0, are a superposition of plane waves
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Figure 3.3. Aliasing effects in the k, — k representation of a
plane wave generated by a discrete point source distribution
due to sampling in the reproduction stage.

arriving at different angles with respect to the desired plane wave. In the
following, the loudspeaker spacing will be denoted as Awx;.

Receiving Stage

Let us now consider that a continuous distribution of receivers is replaced
by a set of single receivers at discrete positions, which means, in practice,
that a microphone linear array is used. As depicted in Figure 3.4, a micro-
phone line array is placed in a line parallel to the main loudspeaker array.
The microphone spacing is inversely proportional to the spatial resolution
capacity of the recording array. If the microphone spacing Ax,, is smaller
than the loudspeaker spacing in the array Ax;, the recording setup will
discriminate plane wave components with spatial frequency beyond that of
the loudspeaker array. In that case, the loudspeaker wavenumber domain
period will be visible within a k, — k representation, in which the spatial
limiting interval is given by the microphone array spacing.

3.2.3 Space-Time Frequency Domain Analysis

The interpretation of the k, — k plot diagram when sampling is employed
in both stages, is not straightforward. However, if the analysis is restricted
to plane wave distributions, some interesting effects and characteristics are
revealed. These are discussed below by using Figure 3.5(a) as a reference.
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Figure 3.4. Loudspeaker and microphone array setup.

Limits and Areas

To start with, a deep insight into the plot limits and areas within a k, —
k representation will be explained in the following. The spatial artifacts
produced by the emitting and receiving stages will be addressed.

For illustration purposes, Figure 3.5(a) shows the k, — k diagram of
an axial plane wave (f = § =0) according to the setup of Figure 3.4. In
such representation, apart from the main spectrum at k, = 0, there are
repetitions at 27 /A, positions, according to Equation (3.12). Let us define
ky max = m/Az as the limit value before entering into the aliased spectrum.
For the loudspeaker array, such a limit is denoted as kj; max; and, for the
microphone array, as kz maxm-

First, the loudspeaker array effects can be analyzed by representing
the wavenumber domain in the interval [—kz maxi, kzmaxi] —dark shaded
triangle in Figure 3.5(a)—, in which only one spatial period is visible. Since
the ratio between k, and k is sin 6, where 0 is the angle with which the plane
wave is travelling, a wavenumber domain representation is zero everywhere
except on a single line in k,=0.

Second, the same k, —k representation can be used considering the lim-
its imposed by the microphone array, which resolves higher spatial frequen-
cies, and determines the highest frequency of the analysis. In this case, due
to the periodicity in the k; domain, a limit interval of [—kz maxm, Kz maxm]
will include several spatial periods of the emitting wave, —light shaded tri-
angle in Figure 3.5(a)—. For that reason, a single line on k,=0 is now re-
peated for +27/Ax;, +4w/Axy, ..., according to the shifted delta function
in Equation (3.12) and shown in Figure 3.5(a). In terms of the reproduced
wave field, each line represents a series of plane waves arriving at decreas-
ing angles with increasing frequency. When the plane wave contributions
are merged, a superposition of plane waves of different angles at different
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Figure 3.5. k, —k representation of a plane wave synthesized
by a loudspeaker array and captured by a microphone array,
both discrete. (a) Intervals of interest in the k, domain. (b)
Example plane wave, Ax; = 12.6 cm, Az, = 1.57 cm and
fs =22 kHz.

frequencies is created.
Evanescence Zone

The spatial resolution of the microphone array sets a light shadowed tri-
angle area, whose aperture is determined by the maximum (. As shown
in Figure 3.5(a), this triangle represents a visibility window which only
allows display of spatial spectrum replicas in the high frequency range k.
Out of this area, plane waves turn into evanescent waves since k; > k and
thus, k, = +(k? — k2)1/2 = +jk/. As a result, the amplitude will decay
exponentially in the z direction under the Sommerfeld radiation condition
[Williams, 1999],

p(x, z,t) = Ae k2 i(kaz—wt) (3.13)

which physically means that the projected trace velocity along the x axis
is less than the speed of sound and no effective sensing occurs, due to the
exponential decay of amplitude with £,z > 0.
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Aliased Spectrum

If the reproduced wave field contains components at frequencies beyond
the spatial aliasing frequency, Equation (3.10), sampling artifacts will be
produced as new plane waves coming from different angles at different fre-
quencies, according to Equation (3.12). The effects of such artifacts will
start at a frequency k in which more than one spectral repetition is visible
in the triangle of Figure 3.5(a). Then, all possible replicas that would cause
aliasing must satisfy the condition:

2
k’x — nA—x

<k, (3.14)

which is a modified version of the anti-evanescence condition. As a conse-
quence, when the number of aliasing plane waves is known, and applying
this condition for a given temporal frequency k, their incoming angles can
be obtained as

21

p (3.15)

Op(a1) = arcsin

In section 3.2.4, an example with real values that illustrates this effect
will be presented. If only a fixed temporal frequency is considered, a k; —k,
spatial frequency representation can be performed, as proposed in [Spors
and Rabenstein, 2006]. It consists of a series of Dirac lines perpendicular
to the ky-axis that intersect with a circular Dirac pulse with radius k. This
representation can be seen as a plane that intersects the k, — k represen-
tation of Figure 3.5(a) along a constant k line, where k is given by the
Dirac pulse radius. Then, each plane wave inside the circular Dirac pulse
or, alternatively, inside the triangle for the corresponding k& can be under-
stood as an aliasing contribution in both representations. The advantage
in the representation proposed in this chapter is that it takes into account
all temporal frequencies at a glance, thus allowing a frequency-dependent
aliasing artifacts analysis.

Truncation Effects

In the preceding discussion, the limits of the gray triangle in Figure 3.5(a)
are at an angle 0 of £45°, which is equivalent to incident angles of 8 =
490°. In order to generate such an extreme incidence angles, the length
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of the emitting array must be infinite. However, in practice, arrays will be
always of finite length, which introduces truncation effects that may modify
the aliasing artifacts explained before. These effects can be considered by
geometrical means, given that a plane wave will be reproduced only in a
parallelepiped area in front of the array, whose width is the aperture of the
array, height is infinite and inclination is the incidence angle of the plane
wave, as described in [Spors and Rabenstein, 2006].

The effects of array truncation can be analyzed by means of the k, — k
representation as it will be demonstrated below. Then, consider the geom-
etry for an off-axis listener of Figure 3.6 and its corresponding representa-
tion. Accordingly, the maximum angle for a listener at a given position is
calculated as § = arctan(l/d). Thus, aliasing plane waves whose incident
angles are larger than the corresponding 6 will be reproduced very faintly.
In the representation, this behavior is observed in the decrease of 3, which
leaves certain spectra replicas out of the shaded triangle, in the evanescent
zone. For the representation proposed in [Spors and Rabenstein, 2006],
this limiting angle can be considered as to flatten the circular Dirac pulse
horizontally so that the maximum o,y is obtained as to reach the flat zone.

b1 / s ‘ ,} B2
2O

o d k

Figure 3.6. Geometry description of truncation and its effect
in the k, — k representation for an off-axis listener.

The practical implication of this statement is that not all plane waves
can be reproduced at any listener position, so truncation makes the aliasing
effects depend on the listening point.
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3.2.4 Example

In order to illustrate all the previous issues related to the interpretation of
a k, — k representation, a numerical example with graphical interpretation
is carried out. For this purpose, Figure 3.5(b) is discussed in comparison
with Figure 3.5(a). In all the following figures, the wavenumber unit (m~1)
is dropped for simplicity.

Consider a plane wave that is bandlimited to 8.2 kHz and has been
synthesized by a discrete loudspeaker linear array with Ax; = 12.6 cm.
The wave field arrives at normal incidence (# = 0°) to a linear microphone
array of Ax,, = 1.57 cm. These two intervals will yield spatial Nyquist
frequencies of k; max; = 25 m~! and kg maxm = 200 m~! for the loudspeaker
and microphone array respectively.

_ 2 -
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Figure 3.7. Desired and aliased plane wave angles for the
example illustrated in Figure 3.5(b) at k=128 m~*. For the
depicted geometry, the only aliasing contributions are the ones
labelled as “2” and “4”. Dimensions in meters.

The example plane wave has been represented in a k, — k plot on Fig-
ure 3.5(b). A sampling frequency f; =22 kHz was used so the maximum
represented k is 27 fs/(2c) ~200 m~!. According to Equation (3.12), a
series of replicas will be shifted 27/0.126 = 50 m~! with respect to the
non-aliased spectrum at k, = 0. Among the six possible replicas within the
triangle representation, only four are visible because the signal is bandlim-
ited to k =150 m~! (8.2 kHz).

To illustrate that aliasing contributions consists of new plane waves
with 60,y angles, according to Equation (3.15), that distort the desired
wave field, let us consider a temporal frequency of 128 m~1 (7 kHz). As
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indicated on Figure 3.5(b) in dotted line, at this particular frequency, four
additional plane waves are reproduced, whose directions are +22.9° and
451°, as depicted in Figure 3.7. This symmetry in the aliased angles is
because an axial plane wave has been considered. Otherwise, symmetry
is not maintained for aliased angles. For lower frequencies, for example
f =3 kHz (k=55 m™1), only two aliased contributions will be added to
the desired wave field at 6(,;) = £65.1°. In the limit, for k = 50 m~!, no
aliasing occurs for this axial plane wave, although the limit for any incoming
direction is set to the interval £k, = 25 m~'. In general, as the temporal
frequency augments, the number of aliasing plane waves increases. Also,
their aliasing angles 6, tend to narrow towards the desired angle, in this
case, 0°.

If the loudspeaker array comprises 15 transducers (total length 2 m)
and the listening point is centered, 1.2 m in front of the array, truncation
effects will modify the number of aliasing contributions. Now the listener
point presents an angle of +40° with respect to the array aperture, as
shown in Figure 3.7, so a narrower triangle must be considered in the
ky — k representation, as shown in dashed line in Figure 3.5(b). As a
consequence to this limited reproduction area, the example plane wave
discussed before (k = 128 m~!, f = 7 kHz) will present only two aliasing
contributions at +22.9°, since § = £51° aliased contributions lays outside
the dashed triangle. Figure 3.7 shows graphically how plane waves labelled
as “1” and “5” point towards an empty reproduction area and thus, their
energy will be low enough to be considered. For the second case study
frequency (kK = 55 m~!, f = 3 kHz), no aliasing artifacts are present
because the dashed line triangle in the k, —k representation does not include
any spectrum replica. For this geometry, the aliasing frequency can be
found as to apply fpax = 40° in Equation (3.10), resulting in 2.1 kHz.
However, this increased f,; is associated with the lost of a wide range of
incoming angles for virtual sources, from 40° to the theoretical 90°.

3.3 Experimental Setup

Once the fundamentals of the wavenumber domain representation have
been presented, let us return to the study of MAPs, initiated in Chap-
ter 2. For comparison purposes, three arrays have been built: firstly, an
arrangement of three MAPs comprising 5 exciters each, secondly, a set of
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five MAPs with 3 exciters per panel and, finally, a 5” dynamic loudspeaker
array. Throughout this thesis, the panel with five exciters will be named as
MAPS5, whereas the panel with three exciters will be referred to as MAP3.
Figure 3.8 shows the two MAPs used for the experiments.

Figure 3.8. Picture of the MAP prototypes and the dynamic
loudspeaker array. A total of 15 transducers are employed in
all configurations. (a) Five MAP3. (b) Three MAP5. (c)
Dynamic loudspeaker array.
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All arrays present a transducer spacing of Az =18 cm, thus the theo-
retical aliasing frequency is 950 Hz. In the following, the subscript [ in Az
is dropped for simplicity.

~ |~ - Plane ° Virtual
- -|-- Wave Source
1 15
l_.—.—.—{_.—.—.—{_.—.—.—{_.—.—._l’_.—.—._l
- - Multiactuator Panels
0.18
1
_9"?}_ Microphone Array
1 200

Figure 3.9. Experimental setup geometry for generating
plane waves and WF'S virtual sources. Dimensions in meters.

The MAPs used in this experiment present an outer skin thermoplastic
material to a polycarbonate inner honeycomb core. The panel bending
stiffness is 16.4 and 16 Nm in the = and y directions respectively and has
an surface mass density of 0.89 kg/m?.

Three experiments have been performed. In the first one, to study
the transducer polar patterns, only the middle exciter/loudspeaker of the
linear array reproduces a broadband signal. In the second one, the array
generates spherical and plane waves at 0° and 45° using the WFS rendering
algorithm. Finally, in the third experiment, the larger MAP5 are compared
to the MAP3 small panels.

The recording stage consists of a 150 microphone array with 1 cm spac-
ing that will sample the wave field on a parallel line according to the setup
shown at Figure 3.9. For implementing such an array, a single 1/2” elec-
trostatic microphone on a linear sliding table is used. This spacing allows
a maximum recording frequency of 17 kHz (311 m~!) without spatial alias-
ing. In all measurements, instead of generating an impulse signal directly, a
MLS (Maximum Length Sequence) signal was used to minimize unwanted
reflections [Vanderkooy, 1994]. Then, a two dimensional Fourier transfor-
mation was calculated on the microphone signals to obtain the wavenumber
domain representation, as discussed in [Start et al., 1995].
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3.4 Results and Discussion

In this section, the experiment results on MAPs and dynamic loudspeaker
arrays are presented through the three case studies mentioned in the last
section. In parallel with the experiments, simulations under the same con-
ditions and geometry were made to gain knowledge on the fundamentals of
the wavenumber domain representation.

3.4.1 Point Source from the Middle Exciter

As mentioned in the experimental setup, only the single central transducer
is excited. Figure 3.10(b) shows the results of the simulation of an ideal
point source located at the center of the loudspeaker array, according to
geometry of Figure 3.10(a). At this distance, an omnidirectional point
source radiation is recorded as a spherical wave. Since the wavenumber
domain representation shows the temporal spectrum of each plane wave
arriving at different angles, it is equivalent to a graphical plane wave de-
composition. Hence, the k, — k representation of such a spherical wave
is a dense distribution of lines corresponding to plane waves that starts at
k, = k = 0 and ends at the interval k, = [—198, 198]. Such a limit is due to
the geometry of the setup: a centered 1.5 m microphone array, away 20 cm
from a single radiating source, captures plane wave components from § = 0°
to the angle between the source and the first/last microphone. In this case,
such an angle is Oy,x = arctan(2.1/0.2) = 84.5° and thus [pax = 44.8°,
which corresponds to the sides of a triangle that goes from the origin to the
(£198, 200) coordinates. For a geometry in which the maximum projected
angle is 90°, the energy will be contained in an isosceles triangle given by
k > |kg|. Out of this area, plane waves turn into evanescent waves and
their amplitude decays exponentially, as stated in the introduction.

Figures 3.10(c) and 3.10(d) depicts the k,; — k representation of a cen-
tered exciter on the MAP5 and a single dynamic loudspeaker that were
used in the rest of the experiments. Since a single transducer does not cre-
ate a sampled wave field, the variations in the gray level within the triangle
are due only to the transducers directivity.

For the MAPS5, there is an approximately constant level both in the k
axis and in the k,. Hence, the driven exciter generates a point source radia-
tion and acts as a small loudspeaker, as shown by the aperture in the k, —k
representation k, = [—185, 185], equivalent to a radiation aperture of +68°
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Figure 3.10. Wave field emitted by a single transducer in the
k — k, representation. (a) Setup. (b) Simulation. (¢) MAP5.
(d) Dynamic loudspeaker. Dimensions in meters.

at 11 kHz. As a consequence, these panels do not exhibit a lobulate direc-
tivity, as seen on Figure 3.10(c), since waves travel in a distributed mode
loudspeaker at a velocity below of that of the air [Angus, 2000a]. However,
there are still some directional lobes in the response, as discussed in 2.2.2.
In well designed MAPs, emitted and reflected waves are not correlated at
the excitation points. For that reason, at these points, the panel is seen as
infinite. However, the concentric pattern that is visible inside the triangle,
and is repeated in the rest of the MAP measurements, may be a sign that
the existing motion of the panel is not uncorrelated to the force applied by
the exciters, and therefore it does not behave as an infinite plate.

For the dynamic array, energy is concentrated at the low end spectrum
triangle since dynamic loudspeakers are mainly omnidirectional at these
frequencies. As frequency increases some changes in the gray level can be
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observed since the typical directivity of piston radiators is a lobulated pat-
tern. If the piston on an infinite baffle model is considered [Beranek, 1954],
omnidirectionality is maintained up to ka=3.83, where k is the temporal
wavenumber and «a is the radius of the piston. For higher values of ka, ra-
diation consists of a main lobe and one or two side lobes that progressively
narrow. The central black area represents such a main lobe and the spots
above and below are the side lobes. The light gray that separates these
areas is the first null of the Bessel function of the mentioned model and is
located at kasin #=3.83. For frequencies above k=160 m~!, the frequency
response of the loudspeaker starts to roll off.

3.4.2 WEFS Virtual Sources

Now, all transducers in the array are in operation, in order to apply the
WFEFS algorithm for representing three different virtual sources: axial and
45° plane waves, and an omnidirectional virtual source.

Axial Plane Wave

Axial plane waves are of great interest in this study as illustrated in the
example of Section 3.2.4. Spatial periodicity in the k, —k domain can easily
be observed if the reproduction stage emits broadband plane waves. For
generating axial plane waves, all exciters/loudspeakers reproduce the same
signal in the setup of Figure 3.11(a). The simulated wavenumber domain
representation, and the measurements for both arrays emitting an axial
plane wave are shown in Figures 3.11(b), 3.11(c) and 3.11(d). As expected,
there are components at zero k, in both arrays and these are repeated in
the spatial axis with periods that depend on the spacing of the transducers
in the array.

In the results for the MAPS5, the repetition pattern is clearly seen.
Several lines of constant spatial frequency appear at k, = +34, +68 and
+102 m~! as in the simulation. This is due to the fact that MAPs emits
energy in a broad angle, quasi omnidirectional, which makes MAPs very
suitable for WFS reproduction. This point source radiation has, however,
some disadvantages when aliasing effects are considered: the aliased plane
wave components, which introduces non desired waveforms, are reproduced
up to high angles and frequencies. For example, if f =7 kHz is considered
again, the k =128 m~! gray line of Figure 3.11(c) shows how two new plane
waves arrive at 15.8° and 32.9° directions.
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Figure 3.11. Wave field of an axial plane wave in the k — kg
representation. (a) Setup. (b) Simulation. (¢) MAP5. (d)
Dynamic loudspeaker. Dimensions in meters.

For the dynamic loudspeaker array, only the first replica has consider-
able level, whereas the second is very faint, which means that directivity
does not fulfill the point source radiation requirements but, in turn, there
are few aliased components that contaminate the desired wave field.

Hence, aliasing artifacts can be affected by two characteristics.

1. First, as discussed before, by truncation effects, which are due to
geometry, and limit the spatial resolution capacity of loudspeaker
arrays.

2. Second, by transducer directivity, which restricts the listening area
and thus, the incoming aliased waves.
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Figure 3.12. Representation of the positive spatial frequency
k. for a k =128 m™" section of Figure 3.11 for MAP5 (black)
and dynamic loudspeaker array (red).

The aliasing frequency for a given geometry can be obtained by analyz-
ing the variation of the spatial frequency k, for a given temporal frequency
k. Now, let us study this variation by choosing a temporal frequency k
and observing the changes in the spatial frequency k,. Due to the verti-
cal symmetry in the representation of Figure 3.11, only the positive axis
is addressed. Then, Figure 3.12 shows the positive spatial frequency for
k =128 m~! for the MAP5 and the dynamic loudspeaker array, where the
first maximum is located near k,=35 m~!.

In terms of aliasing effects, the maximum spatial frequency that de-
fines the aliasing frequency is simply half the distance between two consec-
utive spatial replicas (w/Ax). In this case, such a limit is approximately
zmaxi =17 m~1, therefore, fa = ckymaxi/(27) =950 Hz, which agrees
with the result of Equation (3.10) when applying A;=0.18 m in tangential
incidence.

45° Plane Wave

The following experiment involves plane waves arriving at 45°. In general,
the k, — k representation of a non sampled plane wave with direction 6 is
a single line that fulfills the relation k, = ksin#. Therefore, choosing any
point on this line, it is a simple matter to calculate the direction of arrival
of the plane wave from the two coordinates (k,k).

As discussed in previous sections, in an aliased reproduction, new plane
waves distort the desired wave field. Figure 3.13 presents the setup, the
simulated wavenumber domain representation and the measurements for
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Figure 3.13. Wave field of plane wave arriving at 45° in the
k — k. representation. (a) Setup. (b) Simulation. (¢) MAP5.
(d) Dynamic loudspeaker. Dimensions in meters.

the MAP and the dynamic loudspeaker array. Now, a tilted line pattern
is observed as expected by the incident angle. For comparison, an analysis
for both arrays is made again at 7 kHz, indicated in the figures by the
k=128 m~! gray line.

For the MAPS5, seven new incoming plane waves, apart from the one
desired, at 45°, are reproduced, according to the replicas in Figure 3.13(c)
at k=128 m~!. These are —67.8°, —40.8°, —22.4°, —6.3°, 9.4°, 25.8° and
78.3°. However, truncation effects caused by the geometry setup, will affect
incoming angles greater than the angle between the axis and the array
extremity, according to Figure 3.6. Since the measurement process involves
the recording at different positions on a 1.5 m line, truncation effects are
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given by the angle between the first loudspeaker and the last microphone.
According to the experimental setup geometry of Figure 3.9, such an angle
is directly arctan(2.1/0.5) =76.6°. Then, a graphical representation of the
truncation effect for a single listener can be performed if the distance d is
modified to account for a true 76.6° angle. Such an illustration is given in
Figure 3.14, where the 78.3° plane wave, in dashed line, is not reproduced
by truncation.
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Figure 3.14. Desired and aliased plane wave angles for a
45° plane wave in Figure 3.13 at k=128 m™'. For the mea-
surement geometry, six aliasing components are present in the
MAPS5, while, in the dynamic loudspeaker array, directivity al-
lows only to reproduce the four components in the gray wedge.
Dimensions in meters.

Dynamic loudspeaker array presents, on the contrary, a strong on-axis
directivity which restricts the number of aliased components. Moreover,
directivity can even impede generation of the desired plane wave, but only
aliased contributions. As shown as a gray line in Figure 3.13(d), the loud-
speaker array spatial resolution for k=128 m~" is k, =460 m~" or, alterna-
tively, £30°. Then, at this frequency, only the four middle aliased angles
—22.4° to 25.8° are reproduced, whereas the original 45° plane wave is
not, since it is out of the angular range. In Figure 3.14, the gray wedge
illustrates the loudspeaker directivity for a listener facing the center.

Thus, the restricted spatial resolution of directive arrays affects, to-
gether with truncation, the aliasing artifacts for a given listener position.
This statement is also demonstrated in the case of axial plane waves repro-
duction, in the latter section.

Virtual Point Source

Now, a virtual point source 0.5 m behind the array is WFS rendered by
means of MAPs and dynamic loudspeaker arrays. Figure 3.15 shows the
setup and the wavenumber domain representation of the synthesized wave
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field, both simulation and measurement.

In terms of phantom image rendering, both arrays work properly up
to the theoretical aliasing frequency of & = 17.4 m~!, but important dif-
ferences in level are observed in the dynamic array from this point up to
k=130 m~! due to the array directivity, as discussed before.
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Figure 3.15. Wave field of a synthesized virtual source, cen-
tered 0.5 m behind the array, in the k — k, representation. (a)
Setup. (b) Simulation. (c) MAP5. (d) Dynamic loudspeaker.
Dimensions in meters.

Figure 3.15(a) shows a virtual source, centered, located 2.5 m far from
the microphone array. According to this geometry, the angle between the
first /last microphone and the source is 16.7° so the expected k, interval
at k = 200 m~! would be [-57,57]. Instead, the simulation shown in
Figure 3.15(b) exhibits an interval of [—145,145]. This is due to fact that
energy displayed in a wavenumber domain representation is not related to
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the virtual source angle, but to the angle between the first loudspeaker and
the last microphone. For this setup, this is given by pax = arctan(2.1/2) =
46.4°, which corresponds to a maximum spatial frequency of 145 m™!, as
mentioned above.

With regard to MAPs, they exhibit a wide radiation as to judge by
triangle aperture in Figure 3.15(c). Since a single exciter creates an om-
nidirectional radiation (see Figure 3.10(c)), when several are working to
achieve a WFS image, there is no undesired interference that would conta-
minate the wave field. Then, driving signals are reproduced in such a way
that the wave components are correctly merged to create a point source
successfully.

On the other side, dynamic loudspeaker array representation starts
to narrow in the high frequency end due to directivity, as shown in dark
gray level in Figure 3.15(d). As a consequence, off-axis listeners would not
perceive the centered source in a proper way, since there are components
that do not merge into a unique wave front.

3.4.3 Comparison between MAPs

Over the past years, many MAP prototypes have been developed for WFS
applications. Design parameters of MAPs are: panel dimensions, panel
material, fixing points and mechanical boundary conditions. Regarding
its use for WF'S, exciter spacing was the key parameter since it sets the
aliasing frequency, as with dynamic loudspeaker arrays. However, to the
author knowledge, no analysis has been performed on the implications of
splitting the panels into smaller pieces to accommodate less exciters per
panel. This analysis is addressed in this section by considering another
MAP prototype, different than the one used in the previous experiment,
which exhibits the same transducer spacing but it is divided into five panels
of three exciters each. The same experiments carried out with the MAP5
is now performed with the equivalent MAP3 arrangement.

Figure 3.16(a) shows the wave field emitted by a single centered exciter
in a MAP3 at d=0.2 m. A rise in the on-axis directivity with respect
to the MAPs of the preceding sections is observed for this small panel.
However, the limits of the triangle set a Oy ~84°, which is consistent
with the geometric setup. Besides, a concentric circular pattern is observed
again in the radiation in the same fashion as the same exciter on a larger
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panel (see Figure 3.10(c)).

Figure 3.16. Wave field emitted by MAP3 in the k — k,
representation. (a) Single transducer. (b) WFS 45° plane
wave. (¢) WFS omnidirectional virtual source. (d) WFS axial
plane wave.

In Figure 3.16(b), the wavenumber domain

representation of a 45° plane wave reproduced by small MAP3 is presented.
Almost imperceptible, the discussed spectral pattern also appears in this
experiment in the same way that spectral replicas due to transducer spacing

do.
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Finally, a WFS centered virtual source is represented in the k, — k
plot of Figure 3.16(c). From the gray level within the triangle, it can be
concluded that the point source is not properly resolved due to specific
MAP directivity.

Additional Aliasing Artifacts in Small Panels

With regard to the WFS axial plane wave, Figure 3.16(d) presents the
results for a measuring distance of 0.5 m. Between the lines that already
appear in the large MAPs of Figure 3.11(c) at spatial frequencies of k, =0
and 34.9 m~!, two new replicas are now noticeable. This pattern can be
analyzed in detail if the variation in k, is analyzed again for k = 128 m™!,
as shown in Figure 3.17. The peak at k, = +34.9 m~! is the counterpart
of that of the large MAP, as observed in continuous line in Figure 3.12.
For the range plotted in the figure, new four maxima appear at spatial
frequencies of k = 11.6, 23.3, 46.5 and 58.2 m~!. The last two maxima
present smaller amplitudes due to MAP directivity.
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Figure 3.17. Representation of the positive spatial frequency
ks for a k =128 m™! cut of Figure 3.16(d).

The reason of this new spatial pattern can be found in the MAPs
boundary conditions. Although the total length of both MAPs coincides,
clamped frames set now four zones in the exciter line that will not move,
regardless of the input signal. Such boundary conditions play a role in
both the lower vibration mode of the panel but also on the spatial sampling
process of MAPs. This effect is not present in dynamic loudspeakers, where
the housing is not moved by loudspeaker cones, thus no change in radiation
is observed as a function of the number of transducers per array.
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As observed in the wavenumber domain representation, these new spa-
tial frequencies must be created by an additional spatial sampling. Fig-
ure 3.18 shows the origin of such new replicas in k,: the panels themselves,
as being clamped by their edges, are acting as sources. This creates a new
sampling spacing of Ax,, the distance between center panels. Since Az,
is larger than the exciter spacing Ax;, the spatial replicas are located at
smaller values of k.

The geometry of MAPs in this chapter allows to join several panels
while maintaining the transducer spacing because the first/last exciter is
located at Ax;/2 from the edge. As a consequence, both sampling distances
are related in such a way that the peak at k = 34 m~! is produced both by
Azx; and by Az, as seen on Figure 3.18.

Although this behavior is expected for any reproduced wave field, it is
more noticeable for axial plane wave radiation. In order to generate such
plane waves, all transducers must act in phase. When all exciters move the
panel with the same excitation signal, the panel acts as a whole vibrating
surface, except for the points corresponding to the panel edges.

In the larger MAPs used before, there was also a sampling distance
due to the panels, to be more precise, Az, =0.9 m. However, this spa-
tial sampling creates a sequence of weak peaks separated 7 m~!, which is
interpreted as a constant background level in k;. In general terms, the
amplitude of each replica is related to the number of sampling points that
creates it, as observed in Figure 3.18. For example, in the current MAP5,
15 contributions (exciters) form the spatial frequency series of k, = £34,
468 m~!..., whereas only 3 contributions (panels) do on the series of
k, = 47, £14 m~'.... This is the reason why the maximum at 34 m~! in
Figure 3.17 is several dB above the rest of aliased components.

The practical consideration of this additional sampling process has the
consequence that new undesired plane waves will arise on the reproduced
wave field. More precisely, between two consecutive replicas due to the
transducer spacing, two other contribute to the wave field, as shown in
Figure 3.19(b). Also, the temporal frequency at which they are reproduced
is below the aliasing frequency due to Ax;, Equation (3.10). To calculate
the new f!,, consider half of the first replica spatial frequency ks maxp/2:

/ c k:p,maxp
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Figure 3.18. Sampling spacing of exciters and panels in
a MAP arrangement. (a) Three MAP5 arrangement where
Az, =0.90 m. (b) Graphical interpretation of the variation of
ks for large panels, measured in Figure 3.12. (c) Five MAP3
arrangement where Az, =0.54 m. (d) Graphical interpreta-
tion of the variation of k, for small panels, measured in Fig-
ure 3.17. Both arrangements present an exciter spacing of
Azx; =0.18 m.

where ky maxp=11.6 m™!, according to Figure 3.17 and, thus f1,=316 Hz,
which is substantially lower than 950 Hz. However, the psychoacoustic
validity of this limiting frequency will depend on the energy that those
new aliasing artifacts would present, which, in turn, depend on the rate
between the total number of exciters and panels. For the above results,
the spatial color fluctuations in the aliased wave field should be addressed
by subjective experiments, in order to asses the perceptual consequences of

aliasing.
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Figure 3.19. Effect of MAPs split on the number of aliased
components. (a) Desired axial plane wave and four aliasing
contributions at £15.8°, £32.9°. (b) Additional eight contri-
butions at £5.2°, £10.4°, £21.3° and £26.9° due to splitting
panels. For clarity, the angular range has been restricted to
+35°. Dimensions in meters.
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3.5 Conclusions

A methodology for the analysis of the radiation characteristics and spa-
tial performance of loudspeaker arrays for WFS reproduction has been
presented in this chapter. The analysis is performed in the space-time
wavenumber domain, where the acoustic source radiation is interpreted as
a multidimensional signal.

The effect that spatial sampling both in the reproduction and in the
receiving stage has on the wave field was also addressed. For this purpose,
the proposed method evaluates the spatial and temporal frequencies of the
wave field via a linear array of microphones. The obtained multidimen-
sional signal is plotted in a k, — k graphical representation, where limit
spatial frequencies due to the reproduction and receiving sampling spacing
can be observed. Moreover, the conditions for evanescent waves and the
aliased spectrum can easily be analyzed. The sampling artifacts that spa-
tial aliasing cause and the associated parameters that modify them were
also studied. These are, mainly, truncation effects due to the geometric
arrangement and transducer directivity, which restricts the listening area.
To illustrate the potentials of the tool, a numerical example with graphical
interpretation was carried out.

Once the methodology was established, several experiments were per-
formed: first, dynamic loudspeaker arrays were compared with MAPs and,
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next, large MAPs were compared with small MAPs in order to evaluate
the effect of the panel size. In parallel, numerical simulations were made
to clarify the experimental results. To that end, besides the dynamic loud-
speaker array, two MAP arrangements have been design and built with
similar characteristics as the current prototypes presented in Section 2.3.2.
The panel was a sandwich of polyester film bonded to an polycarbonate in-
ner honeycomb core; the same material as with Sonic Emotion panels, since
a proper acoustical behavior was experienced in the preliminary tests.

As explained next, some valuable conclusions have been obtained. The
reconstructed wave field presents spatial aliasing artifacts at high frequen-
cies. In Section 2.3.3, it was reported that the region above aliasing fre-
quency is characterized by oscillations both in frequency and space. The
tool proposed in this chapter characterizes such aliasing artifacts as a super-
position of undesired plane waves with different incidence angles at different
frequencies. The number of such aliased contributions depends on two pa-
rameters when practical implementations are considered: on the one hand,
by truncation effects due to the finiteness of the loudspeaker array, and, on
the other hand, by array directivity, as experienced in dynamic loudspeaker
arrays and small panels. Both parameters limitat the spatial resolution of
the arrays.

The consequence of truncation effects and array directivity is to limit
the reproduction area and thus, lead to a dependence of the aliasing ar-
tifacts on the listener position. Furthermore, the method provides useful
information on angle-dependent radiation of transducers in an array and
can confirm if each exciter on a MAP is acting as a single loudspeaker to
correctly recreate the wave field. According to MAP historic evolution, as
described in Section 2.3.1, independence between exciters on a single panel
is essential to consider MAPs as an alternative to dynamic loudspeaker
arrays.

Finally, as pointed out in Section 1.2, it has been demonstrated that the
use of small panels that accommodate less exciters has implications on the
reproduced wave field. Since the contour of panels present no motion when
radiating, new aliasing artifacts at frequencies below those of larger panels
or dynamic loudspeaker arrays will appear. Then, for WFS reproduction,
it is more convenient to split the panels in the least sections possible in a
given reproduction scene. Moreover, in large panels, vibration modes are
present in high number, and they extend to the low end of the spectrum.



68 Wavenumber Domain Analysis

In terms of reproduced wave field, large MAPs are more suitable since the
distance between panel centers does not cause noticeable aliasing artifacts
at frequencies below that given by the exciter spacing.
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Edge Boundary Conditions

THE PANEL OF A MAP vibrates in a complex pattern over its entire surface
due to the mechanical excitations of many transducers. For a DML there
are up to four optimal driving points in the central part of the panel that
create an even distribution of modes and a high modal density. However,
in MAPs such driving points are no longer located in optimal positions,
but evenly distributed on a line to fulfill the requirements of the WFS
algorithm. In terms of the independency between exciters to correctly
reproduce a synthesized wave field, this setup poses no problem, as shown in
the preceding chapter. However, MAPs are usually arranged in a landscape
orientation to extend the listening area. With such a configuration, the
first and last exciters on a panel are located very close to the panel edges in
such a way as to have a continuous distribution of exciters evenly spaced.
Furthermore, the excited vibration modes on the edge exciters is lower than
on middle exciters. In this chapter, the influence of the edge boundary
conditions on MAP radiation is addressed.

4.1 Introduction

This chapter deals with the impact of the edge boundary conditions on
the radiated wave field by means of an empirical study. The aim is not
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the underlying physics on plate theory, but to experiment with practical
boundary conditions to form a viable technology for a MAP frame. Since
the panel is usually placed in a baffle to avoid back to front cancellation, its
edges must be supported in the frame in some boundary condition. Elastic
boundaries are addressed for their flexible features. Three elastic materials
have been used as representative of the range of available materials to
support the panel. In addition, the classical clamped and free boundary
conditions have also been tested in the laboratory for comparison purposes.

The outline of this chapter is presented as follows. Section 4.2 discusses
the different ways of attaching the panel to the frame along the edges. Both
pure boundary conditions, such as clamped or free, and three edge condi-
tions based on elastic boundaries, are presented. The experimental setup is
detailed in Section 4.3. Experimental results and discussion of MAPs when
reproducing several stimuli are given in Section 4.4. On-axis and directivity
responses are presented for single exciter operation. In addition, spherical
and plane waves are measured in the wavenumber domain by a space and
time sampling, according to the setup described in Section 4.3. Finally,
Section 4.5 concludes the chapter.

4.2 Panel Edge Boundary Conditions

In this section, the different ways of supporting the panel is discussed.
Rectangular plates are generally classified in accordance with the type of
support used [Timoshenko and Woinowsky-Krieger, 1959]. The three basic
boundary conditions applied to a plate edge are Free (F), Simply Supported
(SS) and Clamped (C) edges, also known as built-in plates. The ideal free
condition implies that the structure is floating in the air without support
of any kind. If such a condition is satisfied, no reaction forces arise along
the edges: there are no bending and twisting moments, and also no vertical
shearing forces. At the other extreme, the clamped condition is achieved
by grounding the structure with well-tightened devices that prevent the
deflection of the structure at the supports. In this case, several reaction
forces are created along edges: two forces, normal and perpendicular to the
support direction, and a bending moment perpendicular to the plane struc-
ture. In between, there is the simply supported condition, which behaves
as a clamped edge but without bending moments because edges can rotate
freely with respect to the edge line.
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Figure 4.1. Section detail of the edge boundary conditions
under test. (a) Clamped. (b) Free. (c) Elastic Boundary type
1. (d) Elastic Boundary type 2. (e) Elastic Boundary type 3.

In addition, other type of boundary conditions appear as a result of
combining the above conditions [Ugural, 1999]. For example, the mixed
supported conditions have clamped, simple supported and free at different
edges. There are also the point supports, which consist of a plate supported
by intermediate points.

However, the boundary condition that involves some sort of elastic
damping is known as Elastic Boundary (EB). Plates on elastic bound-
aries are supported by elastic supports which resist certain type of bending
[Leissa, 1999]. Its mechanical model is equivalent to a plate supported
elastically by springs uniformly distributed along its edge. Hence, two re-
actions arise: deflection and edge rotation are opposed by linear and spiral
springs having a certain degree of distributed stiffness. Because of the flex-
ible features on edges, elastic boundaries are suitable in DML loudspeakers
for audio reproduction.

In the technical literature, DML and MAP models have been presented
with simply supported edges: [Prokofieva et al., 2002a] (for the baffled
loudspeaker) [Bai and Liu, 2004] (adhesive tape to fix boundaries in the
laboratory), [Zhang et al., 2006], or combined with free edges: [Prokofieva
et al., 2002a] (for the unbaffled loudspeaker), [Bai and Huang, 2001].

Nevertheless, both free and simply supported edge conditions have dis-
advantages to form a viable technology for a MAP frame. On the one hand,
the free condition can be approximated by supporting the structure on very
flexible springs, which gives raise to a free radiating panel in a full-space
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radiation. However, when observing the typical polar response of a free
DML, a reduction of pressure in the plane of the panel is noticed, due to
the cancellation effect of acoustic radiation at or near the edges. For that
reason, the panel is usually placed in a baffle, where radiation due to the
rear part of the panel becomes contained. On the other hand, simply sup-
ported conditions must contain a certain degree of frame grounding if the
panel is to be held. This problem can be confronted by on pseudorandomly
diffusing the boundaries between pure clamped and free, in a special type
of Mixed Boundary Condition suggested by [Angus, 2000b]. Unfortunately,
such a condition does not present a reliable fixing frame since part of the
panel is suspended in the air.

Because of these practical drawbacks, this work is focused on the study
of elastic boundaries as edge boundary conditions that can form the basis
of a closed back MAP technology. For that purpose, three configurations
are analyzed, covering the practical interactions between panel edges and
housing. Elastic Boundary types 1 and 2 consist of a modification of the
clamped conditions although including elastic materials in one or two sides
of the panel. Elastic Boundary type 3 is formed by a simply supported edge
but with an elastic material between panel and housing. In the following,
elastic boundary types 1, 2 and 3 will be referred to as EB1, EB2 and
EB3, respectively. Figure 4.1 shows a graphical representation of clamped,
free and these elastic boundaries. For comparison purposes, two different
elastic materials have been used, with enough elastic differences to become
representative of hard and soft materials. Details on such elastic boundaries
used in the experiments are addressed in the next section.

4.3 Experimental Setup

The impact of the edge boundary conditions on the radiation of MAPs is
analyzed by considering an arrangement of MAPs in the laboratory which
can change their supporting properties. Then, on-axis response and di-
rectivity measurements, and a space-time wavenumber domain analysis by
sampling the created wave field, is performed. A detailed description of the
experimental setup is given below.
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4.3.1 MAPs

The emitting stage is composed of an arrangement of five MAP3, introduced
in Section 3.3. With such a multiple small MAP configuration, it was
intended to enhance the effect that different boundary conditions may have
on the system. Alternatively, a larger MAP, including the same number of
exciters would only have boundaries at the extent of the panel, far beyond
the position of exciters, and their impact would be more difficult to detect.
Details on the geometric description of the experimental setup are given in
Figure 4.2.

Figure 4.2. Experimental setup geometry for the analysis of
the edge boundary conditions impact on the radiation. Di-
mensions in centimeters.

4.3.2 Assembling Edge Boundary Conditions

As stated previously, the edge boundary conditions based on elastic bound-
aries are of great interest to form a MAP frame technology. For comparison
purposes, both clamped and free conditions have also been tested because
of distinctive characteristics. Figure 4.3 shows a pictorial description of the
experimental boundary conditions. Note that the MAPs in this experiment
maintain the same sort of boundary condition along their four sides.

To achieve a clamped condition in the laboratory, no deflection must
occur at any point along the boundary. If this requirement is not satisfied,
a simply supported condition will arise instead. As a consequence, the
portion of the panel to be clamped by the tight structure is more than twice
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Figure 4.3. Pictorial description of the edge boundary condi-
tions under test. (a) Free. (b) Clamped. Acetate in (c¢) EBI,
(d) EB2, and (e) EB3. Foam in (f) EB1, (g) EB2, and (h)
EB3. Rubber in (i) EBI1, (j) EB2, and (k) EB3.

the width of the panel for the experiments. On the other hand, the free
condition can be approximated by suspending the panel in the air with soft
rubber bands, as suggested in [Hambric, 2006], [Raichel, 2006] and shown
in Figure 4.4. This suspension in the air has been applied individually to
each of the five MAPs under test, avoiding contact between adjacent sides.
Additionally, for a proper comparison, the back housing that is present in
the rest of boundary conditions, is also considered for the free condition.
To that end, the housing is placed several millimeters below the panel to
absorb the back radiation while allowing free movement at edges. Special
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effort has been made to recreate such conditions in the laboratory so that
presented measurements will reflect their impact on MAPSs’ radiation.

(a)

Figure 4.4. (a) Approximate free condition by suspending
the panel on air with soft rubber bands. (b) The housing is
placed underneath the panel to absorb the back radiation.

4.3.3 Elastic Materials

Three types of elastic materials have been employed to develop the elastic
boundaries. The first one is a Ethylene Vinyl Acetate foam (EVA), the
second one is a Low Density Polyethylene foam (LDPE) and the third one
is an Ethylene Propylene Diene Monomer rubber (EPDM), all of them
widely available in the market under several commercial brands. In the
following, EVA, LDPE and EPDM materials will be named with the simple
tags “acetate”, “foam” and “rubber” respectively, to avoid confusion with
acronyms. For this experiment, all materials take the shape of a strip with
a rectangular section (0.5x1 mm).

To characterize their elastic behavior with precision, they were tested
in the laboratory by a thermomechanical analysis (TMA) at room tem-
perature [Brown, 2001]. It was intended to measure the exact conditions
with which they will be used, so values obtained in the material data-
base were not valid since they did not account for the particular shape
employed. For this reason, samples of elastic material which geometrical
characteristic (width, length and depth) identical to those used in MAPs
were essayed under compression for observing dimensional changes in the
axis where forces are applied (see Figure 4.5). The elastic modulus for
this particular case can be described as the ratio between stress and strain.
Measurements with the TMA Analyzer provided values of 29.6:105 N /m?
for acetate, 21.8-10 N/m? for foam and 191.4-10% N/m? for rubber, which
means that foam is the most flexible material and rubber the most rigid.
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(a) (b)

Figure 4.5. Thermomechanical Analyzer with a sample of
elastic material under test. (a) General view. (b) Detail of
the probe.

4.3.4 Recording and Processing

At the first stage, directivity in the horizontal plane and on-axis frequency
responses have been considered for a single MAP. They have been obtained
by placing a 1/2” electrostatic microphone at 1 m and rotating the MAPs
with a computer controlled rotating table. Secondly, space-time measure-
ments are carried out by sampling a portion of the emitted wave field along
a parallel line with respect to the MAPs (see Figure 4.2). This recording
stage has consisted of a 200 microphone array with 1 cm spacing, which is
sufficiently below the theoretical Nyquist sampling limit spacing of 9 cm
(half the distance between exciters). For implementing such an array, a sin-
gle 1/2” electrostatic microphone on a computer controlled linear sliding
table has been used.

Three stimuli have been employed in the space-time measurements.
Firstly, the middle exciter on the third of the five MAPs is excited to
characterize the single-excited MAP operation when changing boundary
conditions. Secondly, a synthesized point source is rendered by means of
the WF'S algorithm. Since additional drive points are excited with respect
to the first stimulus, the impact of the boundary condition will be more
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noticeable. Finally, an axial plane wave by means of WFS algorithm is
reproduced by the MAPs. This configuration runs all the exciters with
the same amplitude and phase signal, forcing vibration in areas near the
boundaries.

Once the impulse responses have been recorded, an analysis of the
acoustic wave fields is carried out in the space-time wavenumber domain,
(see [Rabenstein et al., 2006]) where sampling artifacts, truncation effects
and angle-dependent radiation are observed. To that end, the spatial and
temporal frequencies are obtained with a double Fourier transformation
on the microphone array signals. The obtained multidimensional signal is
plotted in a spatial versus temporal wavenumber graphical representation
(ky — k plot), where k, and k are the spatial and temporal wavenumbers,
respectively. For a detailed description of the tool and its interpretation,
refer to the preceding Chapter 3.

4.4 Results and Discussion

In this section, measurements following the setup explained above are pre-
sented and commented upon. They include both elastic boundaries with
acetate, foam and rubber and also clamped and free boundary conditions
which, even though they do not employ such elastic materials, will be ad-
dressed as a basis with which to compare elastic boundaries. Firstly, in
Section 4.4.1 on-axis frequency response and directivity is presented, and
then, in Section 4.4.2, a wavenumber domain analysis is performed for three
different stimuli.

4.4.1 On-axis Frequency Response and Directivity

On-axis frequency response and directivity can depict the influence that
the boundary conditions may have on the vibration mode radiation of
a single MAP. Figure 4.6 shows the results of eleven frequency response
measurements combining the experimental conditions and the three elas-
tic materials introduced in Section 4.3. Clamped and free are plotted in
Figure 4.6(a) as reference responses. Figure 4.6(b), (c) and (d) depicts
the three elastic boundary responses made with acetate, foam, and rubber
material, respectively.
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Figure 4.6. Normalized on-axis frequency response for (a)
Clamped (black), Free (red) and Elastic boundaries EB1
(black), EB2 (red), EB3 (blue) for (b) Acetate, (c) Foam, (d)
Rubber.

As shown in the responses, the main differences are observed in fre-
quencies below 9 kHz, whereas no change is noticed for the rest of the high
frequency band. This behavior is consistent with the radiation of bending
wave plates. At low and mid frequencies, the edge radiation is predomi-
nant, so a change in its boundary conditions must alter their responses. On
the contrary, for high frequencies, all the surface contributes to radiation,
where the edge’s effect is minimized.

Free and clamped conditions show very different responses up to 700 Hz
due to their opposite behavior on edges, as depicted in Figure 4.6(a). The
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responses with the acetate material are illustrated in Figure 4.6(b) for the
three elastic boundaries. According to the measured elastic modulus, ac-
etate and foam materials showed a similar elasticity, so their responses
should also be similar. However, the on-axis responses are more irregular
than foam and rubber. EB1 and EB2 show similar responses, which means
that placing the elastic material in one or two sides does not play a role in
the response. Regarding the foam material shown in Figure 4.6(c), the three
elastic boundaries under test have similar on-axis responses. The flexibility
of foam is high enough not to observe moderate differences between elastic
boundaries having foam in one or two sides, even if these are not attached
to the frame (EB3). Although EB3 response between 2 and 9 kHz is very
smooth, there are moderate variations in low frequency. Hence, the most
effective foam boundary condition is EB2, where the overall response is the
smoothest one. With respect to rubber, Figure 4.6(d) illustrates that EB1
response exhibits several peaks and dips, as shown in the clamped condi-
tion of Figure 4.6(a). Since rubber is stiffer than foam and EB1 has only
one side equipped with damping material, this resemblance makes sense.
Although not as severe as EB1, EB2 also presents moderate variations in
the on-axis response.

Comparing the four plots of Figure 4.6, a close resemblance in the low
frequency responses of EB3 and free conditions can be observed. This is
due to the similar behavior on edges of these two boundary conditions. For
mid and high frequencies, both EB2 and EB3 are smoother than free. In
general terms, free and clamped conditions give boost to bass power at the
expense of smoothness compared to elastic boundaries.

Figure 4.7 depicts the directivity in the horizontal plane for clamped,
free and elastic boundaries as an angle-frequency representation. This rep-
resentation is useful to observe at a glance the pressure variations as a
function of emitting angle for the audio frequency band under considera-
tion.

As expected, since high frequencies are not controlled by panel edges,
the directivity response is similar for all boundary conditions, regardless of
the elastic material used. This similarity can be perceived in Figure 4.7 for
frequencies above 9 kHz. The pattern that this region exhibits is the one of
supersonic modes: forward and backward waves radiate in their direction of
propagation producing two lobes pointing in opposite directions. Combined
with the weaker main lobe, the overall radiation pattern is a three-lobe
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Figure 4.7. Horizontal plane directivity for (a) clamped and
(b) free conditions, acetate for (¢) EB1, (d) EB2, (e) EB3,
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EB2, (k) EB3.

broad angle response.

Clamped and free boundary conditions show opposite behavior for low
frequencies. On the one hand, clamped is purely omnidirectional for fre-
quencies up to 400 Hz, whereas free exhibits a broad main lobe. On the
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other hand, between 1 and 2 kHz, the lobe pattern is different: clamped
displays a three-lobe pattern, whereas free has only a centered lobe. In the
frequency band of 3-9 kHz and for +45 degrees, a grid area can be observed,
not only for clamped and free but also for the rest of elastic boundaries.
Although there is effective sound emission, moderate dips and peaks on
varying direction are occurring. As regards elastic materials under test,
responses with rubber are more directional than with acetate and foam.
Figures 4.7(i) and (j) show opposite blue areas between 0.5 and 1 kHz,
which means that a single main lobe is being emitted for rubber material
in EB1 and EB2. The behavior in low and mid frequencies is similar for
acetate and foam. If elastic boundaries are evaluated, it can be seen that
EB1 and EB2 have virtually the same directivity responses, in spite of the
elastic material employed. As with on-axis response, EB3 is very similar to
free condition: energy fall at extreme angles in low frequency is observed
as a white spot in both representations.

4.4.2 Space-Time Wavenumber Domain Analysis

Once the boundary conditions have been tested for their impact on the basic
specifications on MAPs, in this subsection, a wavenumber domain analysis
of the generated wave field for three different stimuli will be addressed.
The three stimuli are designed to progressively increase the vibration of
exciters near edges and thus, their influence on the type of edge boundary
condition.

Point Source from the Middle Exciter

This configuration drives only one exciter on the third of the five MAPs, so
their behavior will characterize the distributed mode loudspeaker operation
when changing the boundary conditions. Also, the created wave field will
help in comparing a synthesized version by running the WFS algorithm.

Figure 4.8 depicts the wavenumber domain representation for clamped
and free conditions. Considering that the ideal situation is when several
spatial components are emitted for different frequencies, a pure black tri-
angle must be the basis to compare the rest of the responses. According to
this, the clamped condition presents a rough distribution of energy within
the theoretical triangle. When listening to such a wave field, strong pres-
sure variations would be perceived both in frequency and on moving inside
the listening area.
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Figure 4.8. Wave field emitted by the central transducer in
the k; —k representation for (a) clamped and (b) free boundary
conditions.

Elastic boundaries show better responses in the k, — k representations
than pure clamped and free (Figure 4.9). In order of smoothness, EB3
exhibits a moderate homogeneous response in the space-time frequency re-
sponse for the three materials, Figures 4.9(c), (f) and (i). The ideal black
triangle can be suggested in these responses with more clarity than with
other elastic boundaries. As expected, EB2 shows a compromise between
the commented EB3 and EB1. Some energy variations start to appear
in EB2 and are enhanced for EB1, where a only half of the boundaries
have elastic materials. Next, the free condition demonstrates a reasonable
smoothness but a concentric circular pattern is visible as a superposition.
This behavior is due to the modal nature of the panel, which effect is min-
imized in elastic boundaries. Finally, as discussed before, clamped shows
both an inhomogeneous pattern and a circular pattern, which disturb the
generated wave field to an extent.

Acetate, foam and rubber materials display noticeable differences for
EB1 and EB2, where materials play a role on the emitted wave field. These
dissimilarities are less evident for foam and acetate since their elasticities
are similar. For EB3, since elastic materials serve as boundaries in which to
support the panel, all responses have close resemblance. Rubber stiffness
prevents movement on edges to some extent, as with clamped condition,
which causes an inhomogeneous pattern.
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Virtual Point Source

In this case, from the center to the sides, driving signals’ amplitude will
decay progressively. For that reason, the impact of the boundary condition
will be more noticeable considering that additional drive points are excited
close to edges.

Figure 4.10 depicts the wave field representation of a virtual point
source behind the MAP for elastic boundaries with acetate, foam and rub-
ber. Again, rubber responses display moderate variations for EB1 and EB3,
whereas EB2 does not show clear deviations with respect to foam. Regard-
ing acetate and foam responses, no major differences between EB1 and EB2
are observed, as shown in Figures 4.10(a) and (b), and Figures 4.10(d) and
(e), respectively.

Axial Plane Wave

Such a stimulus will drive all the exciters in MAPs with the same signal,
amplitude and phase. Then, the area near the boundaries which is forced
to vibrate is at maximum and the potential reflections on the edges will be
visible.

Figure 4.11 shows an axial plane wave field for elastic boundaries with
acetate, foam and rubber. Plane waves can give additional information
to that of the previous sections. In a continuous panel that contains 15
exciters, edge boundary condition’s impact on the panel movement is lo-
cated before the first exciter and after the last one. In an arrangement of
small MAPs that are attached to each other to maintain the transducer
spacing, the horizontal extension of each MAP now creates four new areas
in the exciter line that will behave according to their boundary conditions.
The consequence of such a configuration is the appearance of new unde-
sired replicas of the plane wave field. Therefore, to evaluate the impact of
elastic boundaries on such an effect, and considering that the distance be-
tween the MAPs’ centers is 0.54 m, two new replicas must be examined at
ky =2m/0.54=11.6 m~! and 47/0.54=23.3 m~! that are located between
the lines that an 18 cm exciter distance creates at spatial frequencies of
k, =0 and 34.9 m~!. The practical consideration of this additional sam-
pling process is that new undesired plane waves will arise on the reproduced
wave field.
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For EB1, both acetate, foam and rubber responses have replicas at 11.6
and 23.3 m~!, as shown in Figures 4.11(a), (d) and (g). Regardless of the
elasticity material under test, replicas are visible, which could be due to the
panel area in contact with the frame, acting as clamped. When two elastic
materials are used in EB2, unwanted lines are noticeable only for acetate
and rubber in Figures 4.11(b) and (h). The use of two elastic sides and
an improved elasticity can minimize the effect of new boundary conditions.
Finally, EB3 being the closer to free, has no additional replicas. As a
consequence, elastic boundaries can decrease the impact of edge boundary
conditions on the reproduced replicas.

4.5 Conclusion

An empirical study of the impact that the edge boundary conditions have
on the radiated wave field has been presented in this chapter. As an alterna-
tive to the DML and MAP boundary conditions depicted in Section 2.4.3,
elastic boundaries have been addressed as practical boundary conditions
that can form a viable technology for a MAP frame. Three elastic materi-
als, representative of soft, medium and hard types within the commercial
range, have been employed to produce the elastic boundaries. They were
measured in the laboratory to recreate the exact conditions with which
they were used in the prototypes.

The major changes have been observed at low and mid frequencies,
where the edge radiation was predominant. In general terms, free and
clamped conditions boost bass power, at the expense of smoothness com-
pared to elastic boundaries. Wavenumber domain analysis has shown that
strong pressure variations would be perceived, both in the frequency re-
sponse, and and spatially on moving inside the listening area for these two
conditions, this makes them inadvisable in multichannel audio reproduc-
tion.

Alternatively, elastic boundaries are a compromise between clamped
and free, that can be realized with different elastic materials. For mid
frequencies, on-axis responses were smoother for elastic boundaries than
clamped and free edges, regardless of the elastic material employed. Mod-
erate variations were found in directivity patterns on using clamped and
free but not on elastic boundary types 1 and 2, where half or the entire part
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of the support is filled with material. As a consequence, both boundary
conditions can be used alternatively with similar results for elastic materi-
als with proper flexibility. Elastic boundary type 3 is a modified version of
simply supported, but including elastic material between panel and hous-
ing. According to the results, it has no primary advantages over the two
other elastic boundaries. Therefore, its use is not recommended, consider-
ing the problems that will arise on manufacture in a real MAP frame, as
mentioned in Section 1.2.

Finally, the appearance of new undesired replicas of the plane wave
field that were drawn in Section 3.5, is minimized for elastic boundaries
with flexible materials. As a consequence, with the proper selection of
materials for elastic boundaries, the effect of edge boundary conditions on
the reproduced replicas can be decreased to a minimum.

Results presented in this chapter may help as guidelines in the design
and manufacture of new MAPs. They also confirm, together with labora-
tory measurements, the general trend of using elastic materials in panels
design.
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THE M AP RADIATION yields to the excitation of modal frequencies, which
are sufficiently dense and evenly spaced that an illusion of continuous spec-
trum is created on the listener. However, the vibration pattern of the panel
causes a complex superposition of the bending wave excitations which vary
strongly with frequency. This uneven response, with large dips and peaks,
degrades the perceived sound quality and makes the use of MAPs less at-
tractive compared with the use of conventional speakers. Therefore, the
irregular MAP response needs to be equalized for a natural, uncolored re-
sponse. This chapter addresses the equalization of the inherent uneven
spectra of MAPs by applying an efficient filtering method.

5.1 Introduction

The irregular frequency response of MAPs can be compensated for by
means of different digital filter topologies, such as Finite Impulse Response
(FIR) or Infinite Impulse Response (IIR). For MAPs, which contain sev-
eral exciters on a single panel, a dedicated filter must be applied to every
exciter but the position where to measure and equalize is not straightfor-
ward. Moreover, if MAPs reproduce WFS sound scenes in a room, they
also introduce unwanted echoes that will merge with direct signals coming
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from the panels. This drawback can degrade the rendered wave field or
even ruin the localization perception of the virtual sources. Moreover, the
result of the mixture of direct and reflected signals is a colored spectrum
that alters the timbre of sound sources. Therefore, the room effect has two
drawbacks on the perceived sound: degradation of the sound field shape
and spectrum timbre alteration.

For the first drawback, room compensation or reflection compensation
algorithms apply multichannel FIR filters to the audio signals to minimize
the unwanted effects of the room. For the second drawback, spectral equal-
ization algorithms are employed to compensate for the uneven frequency
response of loudspeakers. The use of these two filtering strategies for WFS
is restricted by the aliasing frequency, which is one of the most important
artifacts in WFS. Room compensation algorithms are only applied for fre-
quencies below the aliasing frequency because for higher frequencies, severe
spatial dependent distortion of the wave field will be introduced. For that
high frequency region, spectral equalization is used to compensate spectra
rather than wave fields, which is not possible.

The latter approach of spectral equalization is addressed here by an
efficient algorithm. The method is oriented towards using a very low com-
putational cost by means of an advantageous IIR scheme. Therefore, it
can be employed for compensating the absolute value of the spectrum with
application to spectrum equalization of the panel. However, it is not advis-
able for echo compensation since this application requires the use of non-
minimum phase FIR filters. Therefore, this chapter addresses experimen-
tally the compensation of irregularities in the spectrum of MAPs without
considering the room effect. Nevertheless, it is straightforward to extend
the presented scheme for compensating the room effect on the sound source
timbre by means of a multichannel measurement and processing.

The chapter is outlined as follows: in Section 5.2 the equalization
method is described, with a comparison to the current filtering strategies.
Multi-exciter prototypes in which the equalization process will be applied
and the measurement setup is given in Section 5.3. Results are presented
in Section 5.4. According to the measurement procedures described in Sec-
tion 5.3, both prototypes are equalized, which results are discussed in terms
of sound quality and filter efficiency. To study the influence of the filter
order in the perceived quality of the equalization, some subjective assess-
ments are carried out. Finally, the chapter is concluded in Section 5.5.
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5.2 Efficient MAP Equalization

5.2.1 WEFS Filtering Strategies

In the context of WFS reproduction, different filtering strategies have been
proposed, as stated in the introduction. On the one hand, room com-
pensation algorithms apply multichannel inverse FIR filters to the audio
signals such that the unwanted effects of the room are diminished. To that
end, the wave field is sampled at several points in a room. There are two
approaches for that purpose: first, Spors [Spors et al., 2007] proposed a
decomposition of the wave field in a mixture of plane waves with all kinds
of different angles. Then, the WFS driving signals are recalculated from
the filtered decomposed plane waves. Second, there is the approach that
consists of describing the multichannel sound reproduction system as a
multi-input multi-output (MIMO) system and generating a bank of filters
prior to the loudspeakers. Filters are designed so as to minimize the error
between the synthesized sound field and a given target. This system was
proposed in [Lépez et al., 2005] and has been extended and improved in
[Corteel, 2006a, 2007],[Gauthier and Berry, 2007]. On the other hand, spec-
tral equalization was previously addressed by Corteel [Corteel et al., 2002]
on employing individual equalization of the drivers, combined with energy
control to recover the sound field in a perceptually, not physically exact
sense. Other studies reported experimentally that, in general the measured
frequency response after applying the equalization filter was still not flat
but it exhibited a more uniform shape [van Dorp and de Vries, 2006]. The
purpose of this chapter is not to deal with compensating for the reflections
of the room, but to compensate efficiently the unnatural colored response
of MAPs for WF'S. In these applications, a large number of channels is used
and the computational cost of the compensation filters increases linearly
with channel numbers. Furthermore, in a MAP, the behavior of the exciters
is a function of their position on the panel, so a filtering process must be
considered for each exciter.

For compensating the room effect by means of a bank of MIMO filters,
the phase of the computed filters is crucial, being usually of minimum
phase. Hence, the FIR scheme is mandatory for this application. However,
for only compensating the spectrum absolute value, i.e. the coloration, a
ITR scheme can be employed, which requires a lower computational cost to
achieve a proper equalization.
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5.2.2 Filtering Design Methods

Equalization methods employing FIR filters are straightforward to design
and implement, correcting magnitude and phase, if desired, simultaneously,
and always guaranteeing the stability of the filter [Karjalainen et al., 1999].
Nevertheless if low frequencies need to be equalized with enough resolution,
the order of the filter, its delay, and the computational costs increase exces-
sively. Moreover, if linear phase response is required on the filter response,
pre-echo could appear on the combined impulse response, being especially
noticeable with transient stimuli. Alternatively, IIR filters in general need
lower orders. However, their design is more difficult than that of FIR fil-
ters, and the stability of the solution is not always guaranteed. Another
problem is the noise generated due to quantization effects, especially when
low frequencies are filtered. To solve these well-known problems, differ-
ent filter topologies and noise-shaping techniques have been developed to
minimize this effect in [Zdlzer, 1997],[Dattorro, 1989],[Wilson, 1993]. The
designs of IIR filters can be carried out by means of different techniques
in the time domain (Prony [Parks and Burrus, 1987], least mean squares,
Steiglitz-McBride [Steiglitz and McBride, 1965]) or in frequency domain
(Levi [Levi, 1959], Yule-Walker [Friedlander and Porat, 1984]). After an
evaluation of such methodologies, IIR-based filtering is selected to develop
an efficient equalization, which is explained in the next section.

5.2.3 SOS Filtering

This section briefly describes a successful technique of ITR design applied to
audio systems that has been proposed recently in [Ramos and Lépez, 2006].
This filter design method, differing from other IIR design methods, is char-
acterized by the fact that the equalization structure is planned from the
beginning as a chain of second order sections (SOS). An SOS chain is usually
the way in which IIR filters are implemented later on a digital signal proces-
sor (DSP). As shown in Figure 5.1, the transfer function of the IIR equaliza-
tion filter is structured as a chain of SOS, Hy(z) = H1(z)- Ha(z) - - - Hy(2),
where z is the continuous complex variable of the z-transform. Each SOS
section, illustrated as a gray box in the figure, has a transfer function that
in general is defined by its five coefficients by, b1, ba, a1, as, according to:

o bo + blzfl + b2272

H = .
(2) 14+a1z71 +agz72

(5.1)
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The point of this filtering structure is that instead of defining each
SOS by its five coefficients, each section is set as a parametric peak filter,
high-pass filter or low-pass filter defined by three parameters of acoustic
significance: central frequency, gain and Q-factor. Therefore the parame-
ters to be optimized fulfill a desired frequency response range from five
coeflicients by filter to only three. The mathematical proof of the relation
between filter coefficients and acoustic parameters is beyond the scope of
this chapter and can be found in [Zdlzer, 1997]. In order to guarantee the
final stability of the filter and a successful and controlled implementation
of it on a DSP, each SOS will be restricted to being a minimum phase peak,
low-pass, or high-pass filter. Moreover, this approach facilitates obtaining
information about the influence of each SOS in frequency and magnitude
on the final equalization.

__________ e
// \\
in ! ' out
—> SOS1  SOS2 = SOSN ——»
| |
) Hy(2) Hy() |

Figure 5.1. Filter implementation as a chain of SOS.

The frequency response of a loudspeaker could be considered as a devi-
ation from a flat ideal response with peaks and dips over the ideal flatness.
Figure 5.2(a) shows an example where several peaks and dips have been
identified over the 0 dB level. Considering such a loudspeaker response, and
using the proposed structure of the equalization filter Hy(z), it is straight-
forward to compensate for the differences between the measured frequency
response of the loudspeaker and the target frequency response Hy(w) using
peak filters, where w is the frequency pulsation. In Figure 5.2(a), the red
line represents the peak filter Hy(e/*) attempting to compensate the largest
peak A2, gray shaded, where e/* is the continuous complex variable of the
Fourier transform. For a comprehensive description of these variables, refer
to [Oppenheim et al., 1999]. In addition to the peak filters, which correct
peaks and dips, low-pass and high-pass filters should be used to control the
frequency band and to define a proper target response, shows as a green
line in Figure 5.2(a). This target response should have bandpass character-
istics to respect the bandpass behavior of the MAP. The values w; and wy
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represent the initial and final frequencies when performing the equalization.

!
0dB Al A3 W ﬁ

0dB

Figure 5.2. (a) Search of the largest error area and design of
the first SOS. (b) Correction effect of the first SOS and search
for the second SOS.

Instead of designing the digital equalizer H¢(z) to minimize the error
function, searching for the set of coefficients, it will be designed to look for
the set of parameters of the filters (frequency, gain, and Q-factor). The
algorithm is divided into two stages: first, a direct search for initial values
of the parameters for each SOS filter is performed, aiming at compensating
the largest irregularity in the response. In Figure 5.2(a), the most promi-
nent irregularity is the peak A2 which will be compensated first. Next, a
parametric optimization with constraints will be made in order to control
the allowed ranges of these three parameters for obtaining a realizable fi-
nal implementation. After the calculation of the first SOS, the frequency
response is updated and the process is repeated, the peak A5 being the
current largest of Figure 5.2(b). Among the possible optimization meth-
ods available for computing the three parameters, a heuristic approach is
employed in this method. After the process completes IV stages, the final
filtered response is obtained as a combination of the N SOS.
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This method outperforms, from a psychoacoustic point of view, all the
well-known IIR filter design methods that have been discussed in the previ-
ous section, because it evaluates the error considering the double logarith-
mic behavior of human hearing, using a discrete and logarithmic frequency
axis and a decibel magnitude axis. Moreover, there are two additional
advantages of the method to be emphasized: first, the final solution is
straightforward to post-modify without redesigning the filter again, just
modifying the values of the parameters, and second, the solution is scalable
because the SOS are designed in correction order, initially with those that
correct the response more effectively.

5.2.4 Example of MAP Equalization

In order to test the behavior of the filtering method, a single-exciter MAP
has been equalized using the IR design method. To that end, the frequency
response has been measured first and an IIR equalization filter has been
computed using the proposed method. The measured frequency response
is depicted in Figure 5.3(a) as a black line.

For comparison purposes, an FIR filter of high order has been calcu-
lated following the Kirkeby method [Kirkeby et al., 1998]. For both fil-
ters, the target response is set to a second-order high-pass Butterworth at
125 Hz, shown in Figure 5.3(a) as a red line. The results of the equalization
with a 15 SOS IIR filter proposed here and with a 2048 taps FIR filter are
depicted as a blue line in Figures 5.3(b) and (c), respectively. Although
the order of the FIR filter is very high compared to the IIR method, both
equalized responses are quite similar. The remaining irregularities of the
IIR filtering are low enough to be unnoticed. However, the main drawback
of the FIR filter can be found on observing the filter responses in red line in
Figures 5.3(b) and (c). FIR filtering takes no control over filter gain lead-
ing to excessive peaks in the filter response of 20 dB, as shown in the low
frequency response of Figure 5.3(c), which poses implementation problems
on a DSP. Later in Section 5.4.4, a subjective assessment is carried out to
demonstrate that these ripples are unnoticed by averaged listeners.
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Figure 5.3. Exciter equalization comparison for FIR and the
proposed IIR filtering. (a) Exciter measurement (black) and
filter target (green). (b) 15 SOS IIR filter: exciter filtered re-
sponse (blue), filter response (red). (c) 2048 taps FIR filter:
exciter filtered response (blue), filter response (red). Repre-
sentations are shifted 30 dB in order to maintain clarity.

5.3 Experimental Setup

The equalization process is executed for two MAP prototypes having differ-
ent geometry: MAP3 and MAPb5. This configuration is set to experiment
the filters’ performance in panels ranging from small to moderate size and
their associated impact on attached exciters to the structural behavior of
the panel.

On-axis frequency responses have been obtained by placing a 1/2” elec-
trostatic microphone 1 meter from the panels. In all measurements, Max-
imum Length Sequences (MLS) were used as excitation signals in order
to improve signal-to-noise ratio and minimize unwanted reflections [Van-

derkooy, 1994].

According to the position of the microphone with respect to the panel,
two kinds of measurements are experimented. On the one hand, considering
the panel as a whole, the individual impulse responses are measured at
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Panel

Excite&

Equalization

g

Figure 5.4. Impulse response measurement according to
panel and exciter equalization. In the latter, only the first
exciter measurement is represented to maintain clarity.

a middle position and an averaged impulse response is obtained. Then,
every exciter on the panel is filtered according to the averaged response.
This approach will be described as “Panel equalization”. On the other
hand, filters are based on the response of measurements taken in front of
every individual exciter, which will be referred to as “Exciter equalization”.
Figure 5.4 shows a graphic representation of panel and exciter equalization
for the MAP5. For the latter equalization, the measurement process will
continue for exciters 2 to 5, obtaining a total of five impulse responses.

5.4 Results and Discussion

In this section, the above equalization approaches will be applied first to
the MAP3 to explore the potential benefits of both methods. Then, the
MAPS5 will be equalized considering the symmetry in the exciter positions.
Finally, in order to reduce the filter coefficients, a subjective assessment is
carried out.

5.4.1 Exciter Equalization for the MAP3

The MAP3 is first measured for the exciter equalization. To that end,
the microphone is located on the axis of every exciter, which gives three
impulse response measurements. Figure 5.5 shows in black lines the three
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corresponding frequency responses. For exciters 1 and 3, responses reach
0 dB approximately at 280 Hz and continue increasing to a large peak of
12 dB. For mid frequencies, a 3 dB dip at 3 kHz and a 5 dB peak between
5 and 8 kHz are observed. In the high frequency region, a peak resonance
of 6 dB due to the coincidence effect is visible and will not change for the
rest of the configurations. The frequency response of exciter 2 extends
the low frequency region up to 180 Hz and presents another peak, slightly
weaker (9 dB), that ends at 400 Hz. The mid and high frequency regions
are similar to those of exciters 1 and 3. The loss of low frequency radiation
of the edge exciters with respect to the middle exciter is consistent with
the poor mode excitation at low frequency for driving points near edges.
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Figure 5.5. Frequency responses of the exciter equalization
process for the MAP3. Exciter measurement (black), filter
target (green), filter response (red), simulated exciter filtered
response (blue). (a) Exciter 1. (b) Exciter 2. (c) Exciter 3.
Representations are shifted 30 dB in order to maintain clarity.

Three filters are designed to compensate for the irregularities of each
exciter above described. Due to the similarities in the response, exciters
1 and 3 are designed with the same target frequency response. As shown
in the green lines in Figures 5.5(a) and (c), a second-order high-pass But-
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terworth at 200 Hz is set to the desired target. Since the nature of the
distributed mode loudspeaker causes a roll-off at high frequencies, no ad-
ditional low-pass filtering is needed. For exciter 2, the same target applies
but with low frequency cut at 150 Hz. Considering the target bandwidth
and the irregularities on the responses, three filters are computed: for ex-
citers 1 and 3, a structure of 14 SOS is used, whereas for exciter 2, 16 SOS
are needed. The responses of these filters and the simulated exciter filtered
responses are given in Figure 5.5 in red and blue lines respectively.

Filters are now applied to the MAP3 and the equalized frequency re-
sponses are measured in the laboratory. The resulting frequency responses
and the original unfiltered responses are depicted in Figure 5.6. The graph
shows that the equalized spectrum has improved considerably, being now
almost flat. The irregularities that are still present and were not simulated
in the responses of Figure 5.5 are due to physical constraints of the pan-
els, counteracting the equalization process to a certain extent. However,
the responses have been considerably improved with a very light filtering
process.
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Figure 5.6. Equalization results of the MAP3. Filtered re-
sponse (blue), original response (red), (a) Exciter 1. (b) Ex-
citer 2. (c¢) Exciter 3. Representations are shifted 20 dB in
order to maintain clarity.
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In order to give an objective quality measurement of the flatness of
responses, the logarithmic standard deviation can be used. For a discrete
Fourier spectrum P[k] with length L the logarithmic standard deviation is
given by:

L

LS (2010g [PH]| - Fiog}? (5.2)

Olog = A | m/——
08 L-14&

where Pl is the mean value of 20log |P[k]| for 1 < k < L.

The logarithmic standard deviation allows one to compare multiple
responses with different amplitudes since scale factors in the data are can-
celled out. This measurement is also used by other authors for assessing
the quality of MAPs [van Dorp and de Vries, 2006]. For a perfectly flat fre-
quency response, the logarithmic standard deviation will be equal to 0 dB,
which is the lower limit. The higher the value, the more irregular is the
frequency response.

The computed logarithmic standard deviation values for the unfiltered
responses were 4.22, 3.73 and 4.39 dB, whereas those of equalized responses
have dropped to 1.49, 1.26 and 1.32 dB for the first, second and third exciter
respectively. These values were calculated for the frequency band of each
filter target response: 200 Hz to 20 kHz for exciters 1 and 3, and 150 Hz
to 20 kHz for exciter 3.

From the above results, it can be concluded that the equalization
process is very efficient for achieving a reasonable degree of flatness without
expending too much computational cost. If a classic FIR filtering was used
instead, a considerably higher order would have been necessary to obtain
a bass response such as the one acquired here.

5.4.2 Panel Equalization for the MAP3

Once the exciter equalization is proved to be effective, this MAP3 is now
measured for a panel equalization according to the procedure described
in Section 5.3. The aim of this equalization was not to outperform the
above results but to obtain similar performance with an additional saving
of laboratory tasks. In a large scale production, a simplified equalizing
procedure, whose measurements were taken at a fixed microphone position,
looks promising enough to run some experiments.



5.4. Results and Discussion 105

Three impulse responses are now obtained at a single centered micro-
phone position and are averaged to obtain the basis with which to design
a unique filter. Figure 5.7 shows the individual frequency responses for the
first (brown), second (magenta) and third (cyan) exciter and the averaged
frequency response in black line.
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Figure 5.7. Individual frequency responses (brown, magenta
and cyan) and the calculated average response (black) for a
panel equalization of the MAP3.

Only one filter must be designed to compensate for peaks and dips that
are present in the averaged response. Since the averaged response is similar
to those of exciters 1 and 3, the filter is designed with the same parameters:
target response of second-order high-pass Butterworth at 200 Hz with 14
SOS filter structure. The computed filter is applied to three exciters and
their responses measured again, which results are presented in Figure 5.8.
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Figure 5.8. Measured frequency responses for the MAP3
with panel equalization. Exciter no. 1 (orange), Exciter no. 2
(black), Exciter no. 3 (violet).
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The result of the equalization procedure is unsatisfactory for the middle
exciter, which shows large irregularities of magnitude comparable to the
unfiltered response. Although the spectral response for the edge exciters
demonstrates a proper equalization, the poor performance for only one
exciter invalidates the procedure. This dissimilarity in the filtered response
is caused by the averaged response, which is very similar to that of exciters
1 and 3, and thus, it works effectively for those exciters.

The MAPS filtered here is the simplest configuration to apply the panel
equalization since it only accounts for three exciters, two of them being
symmetrical. Considering that panel equalization has not given satisfac-
tory results, it can be concluded that, for larger panels with more exciters
involved, the panel equalization is not a proper method. As a consequence,
in the following section, the exciter equalization will be applied to the
MAPS.

5.4.3 Exciter Equalization for the MAP5

The exciter equalization that has given positive results is now applied for a
larger MAP. The aim is to experiment with the equalization performance
on panels with extended bass frequency response, where this method is
particularly effective.

Each exciter was measured on its respective axis, resulting in a set of
five frequency responses. Figures 5.9(a) and (b) show the spectra of the
symmetric exciters 1-5 and 24, respectively. From the graphs, it can be
seen that the measured frequency responses for exciter pairs have lots of
similarities. These exciters are placed in a symmetrical position on the
panel. Providing that the electromechanical characteristics are virtually
the same for these two exciters, the only parameter that can change the
radiation properties is the excitation mode pattern, which is a function of
the driving point. For that reason, this similitude was as expected.

Since the behavior of the exciters positioned in symmetrical places at
both ends of the panel is almost identical, it is feasible to measure for
exciters 1 and 2, and assume that 4 and 5 will behave in a similar way.
Therefore, filters will be designed for exciters 1 to 3 and will be replicated
accordingly to account for the rest of the exciters. Figures 5.10(a), (b),
and (c) show in black lines the frequency responses of the exciters 1, 2 and
3, respectively. Due to the proximity to the edge, exciter 1 has the worst
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Figure 5.9. Similarity in frequency responses for symmetrical
exciters. (a) Exciter 1 (black) and 5 (violet), (b) Exciter 2
(black) and 4 (violet). Representations are shifted 20 dB in
order to maintain clarity.

low frequency response of the three. It reaches the mid frequency band at
200 Hz and presents a dip of 7 dB at 3 kHz. The spectra of exciters 2 and
3 broadens the low frequency region up to 170 Hz. For mid frequencies,
a significant peak of 10 dB is observed in the region around 300 Hz and
a weaker dip arises at 2.3 kHz. Again, the peak resonance caused by the
coincidence effect is visible in these measurements at high frequencies.

The main difference with respect to the MAP3 is the extension in the
low frequency radiation. Therefore, the filter is designed with a second-
order high-pass Butterworth target at 175 Hz for exciter 1 and 125 Hz for
exciters 2 and 3. Figure 5.10 shows in green lines the target responses for
each exciter. For the three exciters, filters are then designed with a 15 SOS
scheme. The responses of these filters and the simulated exciter filtered
responses are shown in Figure 5.10 in red and blue lines respectively.

The measured equalized frequency responses after applying the de-
signed filter are given in Figure 5.11 in blue lines, together with the original
unfiltered responses in red lines. As with the small panel, the improvement
of the frequency responses using the proposed filter is remarkable. Not
only have the irregularities been flattened, but also an extension in low fre-
quencies is observed for the first exciter. Therefore, all three exciters now
share similar low cut off frequency, as can be noticed in Figure 5.11. The
remaining variations in spectra that are not properly equalized are again
due to the physical constraints of the panels.
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Figure 5.10. Frequency responses of the exciter equalization
process for the first three exciters of the MAP5. Exciter mea-
surement (black), filter target (green), filter response (red),
simulated exciter filtered response (blue). (a) Exciter 1. (b)
Exciter 2. (c) Exciter 3. Representations are shifted 30 dB in
order to maintain clarity.

The logarithmic standard deviation values for this MAP5 are as fol-
lows: for the unfiltered responses o01,,=3.64, 3.47, 3.16, 3.49 and 3.65 dB,
whereas for equalized responses, 0og has decreased to 1.04, 1.84, 1.37, 1.80
and 1.06 dB for the first to fifth exciter respectively. The frequency ranges
employed to compute these values were those of the target frequency re-
sponse.

From the above results, the similarities in the response of symmetrical
exciters can lead to a reduction of the measurement points without sacrific-
ing the filtering accuracy. From a practical point of view, this reduction has
technological and economical benefits in a large scale production of such
panels, where measurements are performed with time restrictions. In the
next section, a further step towards a more efficient procedure is made by
means of a reduction of filter coefficients.
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Figure 5.11. Equalization results of the MAP5. Filtered
response (blue), original response (red), (a) Exciter 1. (b)
Exciter 2. (c) Exciter 3. (d) Exciter 4. (e) Exciter 5. Repre-
sentations are shifted 20 dB in order to maintain clarity.

5.4.4 Filter Order Reduction with Subjective Assessment

In Section 5.2.3 it was introduced that an SOS chain with enough order
provides a high equalization quality with low computational cost, minimum
objective error and a subjective quality similar to that of a high order FIR
filter.

However, a further step can be made to optimize the method by re-
ducing the number of stages in the SOS chain, that is, the number of co-
efficients, based on a subjective assessment. The objective is to study the
influence of the order of the filter in the perceived quality of the equaliza-
tion. To that end, a total of 20 listeners with normal hearing participated
in a blind test. It consisted of a progressive decrement of the filter coeffi-
cients up to a point at which listeners would perceive a difference between
two consecutive samples.
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The test was carried out in two ways in order to obtain irrefutable
conclusions. First, an ABX test was performed and second, a test based on
the dynamic commutation of the bank of filters was made to prove if the
listener could perceive any difference in the process. The description and
results of both tests follows:

ABX Test

The ABX test protocol was proposed by Krueger and Muller in 1977 and
first reported in [Clark, 1982]. In the ABX test there are two sources
that are compared to determine if there are detectable differences between
them, for example, two audio sources for a listening test or two pictures for
a viewing test. ABX testing can prove to a certain level of confidence that
one can, or cannot, distinguish between them. It is not proof of quality, but
it is proof of equal or disparate quality. A key feature of this method is that
the tests are performed “double blind”, or without the listener’s knowledge
of what equalization is under test. The listener has full access to the two
known equalizations, A and B, and to an equalization X that can be either
A or B, but without knowing in advance which one of them it is. Just by
listening to the equalization X, the listener must decide if it is A or B. This
eliminates the placebo effect that is present on all sighted listening tests.
To reduce the influence of chance on the results, multiple tests or trials are
performed and a statistical analysis is made with the results to determine
if the listener is really hearing a difference.

To perform the ABX test, a 20-people jury was employed. A partic-
ular pop music sample 20 second’s long was chosen because of its broad
spectrum and the high number of musical instruments. This fragment was
filtered with different SOS filter orders. As a reference of a properly filtered
spectrum, a 15 SOS filter was used and then, lower order filters were es-
sayed in the range where differences were starting to be noticed. After some
informal tests to explore the critical values, three filter banks were selected:
10, 8 and 7 SOS coeflicients. Therefore, all the subjects performed three
turns comparing 15 vs 10, 15 vs 8 and 15 vs 7. Table 5.1 shows the results
of the ABX test, indicating the number of subjects that could or could not
detect the differences.

As can be observed by the test results, between 15 and 10 SOS, no
differences were found by any of the listeners, whereas between 15 and 8
SOS, only one listener could tell the difference. The limit is given for the



5.4. Results and Discussion 111

Detectable differences Non detectable differences

15 vs 10 0 20
15 vs 8 1 19
15 vs 7 18 2

Table 5.1. Results of the ABX test for reducing the number
of SOS coefficients in the MAP5.

comparison between 15 and 7 SOS, in which almost all the participants
could distinguish the differences between samples.

Dynamic Commutation Test

Although the above results are conclusive enough, it was intended to know
if the listeners were able to notice a difference upon commuting the filter at
any moment when the music was reproducing. This test was also performed
in three turns but with a slight change in the procedure. It consisted of
reproducing the music and progressively decrementing the filter coefficients
in real time up to a point at which listeners would perceive a difference.
In such a test, the subject will hear a musical passage with 10 changes of
filtering with 15 SOS and n SOS, being n < 15, in a random distribution.
If no difference is perceived, the number of coefficients n decreases and a
new trial is run. The distribution of samples changes for every new trial.
The subject undergoing the test does not know which sample is 15 or n
SOS, so no user bias will exist. The person conducting the test notifies the
subjects when a sample is going to change, so they can pay attention to
the potential change.

A “Correct match” is achieved when a subject is able to distinguish
the coefficient reduction. This happens if the subject only notices changes
at the transitions from samples with a different filter. On the contrary,
if no transition is occurring and a change is reported (false positive) or if
nothing is pointed out when there is a change (false negative), these are
marked as “Incorrect match”. Figure 5.12 depicts the results of testing
three comparison pairs.

As observed in the figure, the subjects were not able to distinguish
between samples filtered with 15 SOS and filtered with 10 SOS. Therefore,
some more tests were performed in a similar way to explore the limit at
which listeners reported changes correctly. For the comparison between 15
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Figure 5.12. Results of the dynamic commutation test for
reducing the number of SOS coefficients in the MAPS5.

and 8 SOS, the balanced distribution of correct and incorrect answers still
demonstrates that no difference is appreciable by listeners. The limiting
reduction was found when switching from filters with 15 to 7 SOS. Accord-
ing to the results of Figure 5.12, 93.6% of the total transitions between
samples were correctly perceived. As a consequence of both tests, from a
perceptual point of view, the filtering process of the MAP5 can be applied
with 8 SOS because no difference with respect to the original coefficients is
reported. As expected, the objective measurements of the filtered response
with 8 SOS show a more irregular pattern than with the initial 15 SOS, but
these tests have demonstrated that the two responses are equivalent from
a perceptual point of view.

5.5 Conclusion

Two MAP prototypes, MAP3 and MAPS5, being representative of small and
mid size panels, have been equalized with an efficient equalization method
that requires a very low computational cost by means of an advantageous
ITIR scheme that outperforms the efficiency of FIR filtering approaches dis-
cussed in Section 2.5.2.

MAPs are flat loudspeakers comprising multiple drivers, so a method-
ology that applies filters to the panel as a whole has been tried in the
small panel, but with discouraging results. Since the panel equalization of
a MAP with only three exciters has resulted in faulty response for some of
the exciters, the method is not advised for larger panels.

On the contrary, individual equalization of the drivers has been tested
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with both small and mid size panels with satisfactory results. Although
not completely flat, the improvement of the frequency responses using the
proposed filter is remarkable. Not only have the irregularities been flat-
tened, but also an extension in the response of low frequencies is observed
for the edge exciters. This improvement helps in solving the problem of the
dissimilar frequency response of an exciter near the panel boundaries that
was mentioned in Section 1.2.

According to the two filtering frequency bands for WFS applications,
this equalization method can be employed on the entire audio frequency
band. At high frequencies, the equalization outperforms the efficiency
of other methods. At low frequencies, below the aliasing frequency, the
method can be employed as a pre-filtering for the room compensation al-
gorithms.

Results have also confirmed that the similarities in the response of
symmetrical exciters on a MAP can be used to considerably reduce the
number of measurement points. Additionally, if several MAPs are manu-
factured maintaining exciter type and position, panel material and housing,
their responses will be similar. Hence, for a complete reproduction setup
with several MAP5, only three unique equalization filters must be designed,
provided that exciters are symmetrically placed on the panels.

Finally, some subjective tests have confirmed that it is possible to re-
duce the order of the filter considerably without sacrificing the perceived
quality of the equalization. As a consequence, from a perceptual point of
view, the filtering process of the 5-Exciter MAP can be applied with 8
SOS because no difference with respect to the original coefficients is re-
ported. The particular number of reduced coefficients must be tested for
each application.

By taking advantage of this filter coefficient reduction, a very large
WES system driven by MAPs can be equalized individually with low hard-
ware requirements.
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Large Multiactuator Panel Prototype

MAPS ARE FLAT STRUCTURES that facilitate the integration of sound
and image stimuli into a single device. To that end, MAPs present an ad-
vantageous screen shape in which to project images without blur because
the vibration of the panel is low enough to be imperceptible to the human
eye. In addition, MAPs can be integrated into room interiors because of
their low visual profile, as part of the decoration or embedded into walls.
However, the size of the screen must be moderately large for certain au-
diences, such as cinemas and conference rooms. Therefore, a large MAP
prototype that fulfills the image and sound requirements above mentioned
is presented in this chapter, incorporating all the enhancements that were
discussed over the previous chapters of this thesis.

6.1 Introduction

MAPs enhance audiovisual immersion and provide integration with room
interiors in a way that conventional loudspeaker arrays cannot perform.
To that end, the size of the panels must be large to project moving or
still images for large audiences. Also, regarding the quality of sound ra-
diation, large panels are advisable since the lowest excitation modes can
be excited, which determine the useful bandwidth at low frequencies. In
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addition, the extra area of such large panels can be used to accommodate
extra exciters with which to generate sound fields at other elevation levels.
Figure 6.1 shows the amended concept of audiovisual immersion by means
of an offset videoprojection onto a large MAP. In this setup, both image
and multichannel audio reproduction is located on the panel of the MAP.

Figure 6.1. Audiovisual immersion concept in a large MAP.

In this chapter, the design process of a large MAP prototype is pre-
sented. The prototype has been designed and built to fulfill the require-
ments of immersive audio applications and utilizes the enhancements dis-
cussed in previous chapters. Due to the panel size, it gives a proper acoustic
behavior in distributed mode operation since the low frequency range is cor-
rectly generated by vibrating modes.

The outline of the chapter is as follows: Section 6.2 describes the design
of the large MAP prototype, including the filtering process and the bound-
ary condition used. In Section 6.3, the performance of the large MAP is
assessed and compared to smaller panels and dynamic loudspeaker arrays.
Finally, Section 6.4 concludes the chapter.

6.2 Prototype Description

In this section the design, building and adjusting of the large MAP pro-
totype is presented. Two subsections are devoted to the discussion of the
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boundary conditions employed as part of the MAP frame and the filtering
process to equalize the spectra of each exciter according to the method
introduced in the last chapter.

6.2.1 Design Process

The main requirement of this prototype was the size of the panel. It was
intended to construct a large but practical MAP that can be carried by few
people and can pass doorframes. For that reason, the width, as the larger
dimension, was set to approximately 2.5 m, the height being a reasonable
dimension to acquire a landscape aspect ratio. The resulting large MAP
prototype dimensions are depicted in Figure 6.2. For comparison, dimen-
sions are shown to scale with respect to the MAP prototypes developed
by some of the Carrouso partners, which were introduced in Chapter 2
(Figure 2.6).
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Figure 6.2. Geometric details on the large MAP prototype
developed in this thesis. Dimensions in centimeters.

The panel dimensions facilitate the distribution of 13 exciters spaced
18 c¢m apart, whose distance is the same as the rest of the MAPs of this
thesis, and presents an aliasing frequency of approximately 1 kHz. In such
a configuration, a secondary source distribution of more than two meters is
achieved without intermediate discontinuities that can produce additional
undesired aliasing artifacts, as demonstrated in Chapter 3.

As stated in the introduction, the MAP prototype was designed to
meet the demands of immersive audio applications. For that purpose, in
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addition to the exciter distribution in the horizontal hearing plane, two ex-
citer distributions were implemented above and below the horizontal plane.
These are more spaced versions of the central exciter distribution. The to-
tal number of exciters in the large panel is 23, which can be driven by
typical 24-channel audio cards.

In the building of the prototype, the materials of the housing were
chosen to support high structural demands due to the panel size whilst also
being as light as possible. This requirement excluded the Medium-Density
Fiberboard (MDF), which was used in the smaller prototypes, since its
inherent density makes the MAP frame unfeasible. Instead, 19 mm plywood
was selected as the engineering wood because of its resistance to twisting,
and its high degree of strength. Figure 6.3 shows the back frame in the
initial processing steps. An inner crossed rod structure was implemented
to enhance the bending resistance and stability both in horizontal and
vertical planes, in the same manner as the University of Erlangen prototype
[Seuberth, 2003], whose characteristics were presented in Section 2.3.2. To
further increase structural stability, wood joints were connected with screws
and also glued.

i
l
)

|

Figure 6.3. Back enclosure of the large MAP in the carpen-
ter’s workshop.
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The panel is a sandwich of polyester film bonded onto an impregnated
paper honeycomb 5 mm thick using a thermoplastic adhesive. The panel
relies upon a 4.8 mm honeycomb cell cap resonance for its high frequency
performance. Its bending rigidity is 13.4 and 11.7 Nm in the z and y
directions respectively and has an areal density of 0.67 kg/m?2. The panel
was cut using a sharp knife to the dimensions of Figure 6.2, 122x244 cm.
The cutting conditions ensured a smooth, debris-free edge finish.

The exciters were 25 mm diameter dynamic transducers with an eight-
foot panel coupling that were attached to the panel in an inertial fashion
[Roberts, 1998]. These exciters were chosen due to the smooth frequency
spectra they presented in preliminary tests. Although not capable of de-
livering the electrical power of the ELAC exciters of the Carrouso project
prototypes of Section 2.3.2, their 12 W nominal input power is sufficient in
a panel driven by such a large number of exciters.

The enclosure was constructed with a clamping mechanism consisting
of two frame members, the back enclosure, depicted in Figure 6.3 and the
front bezel. These two pieces are forced into pressure contact at the panel
edges with two foam strips as edge boundary conditions, as will be explained
later. The panel can easily be removed and placed back into the enclosure
for fine tunings.

Figure 6.4. Final prototype of the large MAP.
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To prevent the formation of standing waves inside the loudspeaker en-
closure, the space underneath the panel was lined with a layer of absorbing
material. Wiring is channelled through the absorbing material to prevent
undesired interaction with the vibrating panel, which would cause a high
degree of distortion. Six Speakon 8-Pole connectors were employed due to
their robustness which was experienced in early prototypes in the labora-
tory.

The back enclosure and the front bezel were assembled to obtain the
final prototype. Figure 6.4 shows a picture of the presented large MAP
with the author of this thesis for comparison purposes.

6.2.2 Edge Boundary Conditions

The clamping mechanism was designed to account for the necessary space
required for the absorbing material of the boundary condition. According
to the experiments in Chapter 4, elastic boundary type 2 (EB2) provides
smooth on-axis responses for mid frequencies and a moderate response in
the low frequency region. High frequencies are not governed by the type
of edge boundary condition, so no enhancement was expected with the
EB2. To achieve such a condition, two foam strips running along the entire
perimeter of the enclosure were provided. Figure 6.5 shows a detail of the
large MAP front bezel in which the upper foam strip can be observed.

Figure 6.5. Detail of the front bezel showing the EB2 bound-
ary condition with foam.
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6.2.3 SOS Filtering

In Chapter 5, the convenience of an efficient spectrum equalization, that
takes into account the particular placement of each exciter onto the panel,
was stated. This equalization process was applied to the large MAP pro-
totype in order to flatten the exciter responses up to a point where the
physical constraints of the panel would counteract the filter process. Due
to the positive results on the dedicated exciter equalization, it was decided
to perform this process directly.

To that end, all individual exciters were measured on their respective
axis. The results showed the same trend observed in the smaller MAPs,
consisting of the similarity in the frequency response of symmetrically posi-
tioned exciters onto the panel. As discussed in Chapter 5, this feature can
be exploited to reduce the number of measurements and filtering processing.
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Figure 6.6. Frequency responses of the exciter equalization
process for the large MAP. Exciter measurement (black), filter
target (green), filter response (red), simulated exciter filtered
response (blue). (a) Exciter 1. (b) Exciter 7. Representations
are shifted 30 dB in order to maintain clarity.

Figures 6.6(a) and (b) depict two selected measured responses corre-
sponding to the exciter 1, the one closest to the edge, and the exciter 7,
which is positioned in the center of the panel, respectively. Due to the en-
larged size of the panel, the low cut-off frequency is lower than that of the
smaller panels, as expected. The exciter 1 reaches the mid frequency band
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at 150 Hz and shows an extended output level from 200 to 800 Hz and from
10 to 20 kHz, the latter being in the region above coincidence frequency.
In between, three moderate dips can also be observed. The response of the
exciter 7 is slightly extended in the low frequency region to 130 Hz and also
presents the same two large peaks, whereas dips are more smoothed. As
observed in the figures, the influence of the fact that the exciter is mounted
close to the edge is negligible for this large MAP with elastic boundaries.

For these representative responses, all filters are designed with a second-
order high-pass Butterworth target at 175 Hz, shown in green in Figure 6.6,
and 12 SOS sections. In all cases, from the total number of SOS, one is
employed for the second-order high-pass filter. The responses of these filters
and the simulated exciter filtered responses are given in Figure 6.6 in red
and blue respectively. The rest of the filters are computed in a similar way.
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Figure 6.7. Exciter filtered responses of the large MAP. (a)
Exciter 1 to (g) Exciter 7. Representations are shifted 10 dB
in order to maintain clarity.

By taking advantage of the exciter position symmetry, filters were only
calculated for exciters 1 to 6 and for exciter 7. Then, the resulting filters
1 to 6 were applied to the symmetric exciters 8 to 13. These filters were
employed in the large MAP and the equalized frequency responses were
measured in the laboratory. The resulting frequency responses are depicted
in Figure 6.7.
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From the above results, the filtering process has equalized the responses
considerably, being now almost flat. As expected, some irregularities in the
form of partially filtered peaks and dips appear in all the exciters. The
physical constraints of the panel played a role by counteracting the filtering
process to an extent. However, the filtering process has considerably im-
proved the original uneven responses. To give an objective quality measure
of the flatness of responses, the logarithmic standard deviation, introduced
in Section 5.4.1, can be calculated. For the filtered responses of Figure 6.7
in the range of the target frequency response (175 Hz to 20 kHz), the result-
ing logarithmic standard deviation values result in values between 1 and
2 dB.

6.3 Performance

This section will assess the performance of the large MAP by analyzing the
sound wavefield created in single exciter operation and by synthesizing a
desired source in WFS. The experimental setup for sampling the wave field
along a line is similar to that introduced in Section 3.3, but due to the ex-
tended horizontal dimension of the MAP, a centered 200 microphone array
will be used. For implementing such an array, a single 1/2” electrostatic
microphone is driven at 1 cm steps by a linear sliding table. This spacing is
sufficiently below the theoretical Nyquist sampling limit of 9 cm. Details of
the geometric description of the experimental setup are given in Figure 6.8.

In the following, the results of the experiments on the large MAP are
presented and discussed through two case studies, broad aperture radiation
and plane waves.

The first case is achieved on programming a WFS axial plane wave (ex-
citing all transducers with the same stimuli) and a 45° plane wave (varying
accordingly the phase shift between exciters). The second is obtained on
synthesizing a spherical wave in WFS and by means of single exciter op-
eration. To conclude the section, a comparison with smaller MAPs and
dynamic loudspeaker arrays working in similar conditions is presented.
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Figure 6.8. Experimental setup geometry for the wavenum-
ber domain analysis. Dimensions in centimeters.

6.3.1 Axial Plane Wave

Figure 6.9 depicts the experimental setup and the responses of the MAP on
emitting an axial plane wave (6 = 0°). Multitrace impulse response shown
in Figure 6.9(b) is achieved by representing the impulse responses of each
microphone and gives information on the wave front propagating through
space. In Figure 6.9(c), a space-time wavenumber domain representation
is plotted.

As expected, the multitrace impulse response illustrates some artifacts
that can be seen as two edge events, weaker and delayed, that follow the
planar wavefront. In the wavenumber domain representation, there are
components at zero k, which are repeated in the spatial axis with peri-
ods that depend on the spacing of the transducers in the array [Spors and
Rabenstein, 2006]. For such a MAP radiating an axial plane wave and
considering 18 c¢m as the distance between exciters, the maximum spatial
frequency without aliasing is k,=34.9 m~!. In a infinite length loudspeaker
array, where radiation occurs at angles reaching £90°, the associated tem-
poral wavenumber would be directly k=34.9 m~! (1.9 kHz). However, the
finite size of the MAP causes truncation effects which modify the maxi-
mum incoming angle. For the geometry setup, a centered listening point
has an angle of £50° with respect to the array aperture (2.44 m). Then, the
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Figure 6.9. Axial plane wave generated by the MAP pro-
totype. (a) Setup. (b) Multitrace impulse response. (c)
Wavenumber domain representation.

aliasing spatial frequency of 34.9 m~! matches to k=45 m~!, so the alias-
ing frequency for axial plane waves in such a particular geometry setup is
2.4 kHz. If other angles are considered, when reaching the maximum plane
wave that the MAP is capable of emitting, the aliasing frequency decreases
to a minimum of 1.2 kHz. Note that the theoretical aliasing frequency
of ¢/2Ax, where Az is the spacing between transducers, is calculated for
loudspeaker arrays of infinite length.

6.3.2 45° Plane Wave

For a tilted plane wave, the behavior of the large MAP is presented in
Figure 6.10 with the same responses as above. Multitrace impulse response
shows again the aliasing artifacts as non-desired curved wavefronts that
travel with the tilted planar wavefront. Again, the repetition of spectra in
the wavenumber domain representation of Figure 6.10(c) denotes aliased
spectra that can be perceived depending on the geometry of the system
and the temporal frequency.

On the other hand, the wavenumber domain representation shows that
the large MAP is capable of generating the tilted plane wave correctly. The
angle with which the spectrum of the desired 45° plane wave is plotted is
a measure of the real incoming plane wave angle. It can be computed by
taking two coordinates and applying that sin# = 140/200, which gives an
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Figure 6.10. 45° plane wave generated by the MAP pro-
totype. (a) Setup. (b) Multitrace impulse response. (c)
Wavenumber domain representation.

incoming angle of 44.4°.

6.3.3 Point Source from the Middle Exciter

Once the MAP has been tested with plane waves, the following presents
the resulting wavefield on exciting the middle transducer alone (exciter 7).
Figure 6.11 shows time and wavenumber domain results of such a configura-
tion. The first consequence of exciting single points is the absence of alias-
ing artifacts, both in the multitrace impulse response and the wavenumber
domain representations. This is due to the fact that no WFS algorithm is
present for generating such sound fields. However, the long tail related to
the distributed modes of the panel is visible as concentric wavefronts that
follow the first impulse. In addition to this ringing, some room reflections
can be observed in the multitrace response.

The wavenumber domain representation of Figure 6.11(c) shows a con-
centric pattern that was also experienced in the latter smaller prototypes
of Chapters 3 and 5.

6.3.4 Virtual Point Source

To generate a virtual point source behind the secondary source distribu-
tion, a large MAP in this particular case, different amplitude and phase
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Figure 6.11. Middle Exciter Wave Field generated by the
MAP prototype. (a) Setup. (b) Multitrace impulse response.
(¢) Wavenumber domain representation.

signals must be applied to every exciter. Figure 6.12 shows the experi-
mental setup and responses of a centered virtual source, 30 cm behind the
panel. The concave wave fronts that can be observed in the multitrace
impulse responses are a sign that the signal is created behind the array. As
with plane waves, the multitrace impulse response shows the typical alias-
ing artifacts that will distort the desired wavefront. The pattern behavior
in the wavenumber domain representation of Figure 6.12(c) also indicates
that a certain amount of aliasing is present. Such a pattern is the con-
sequence of overlapping spectra in the high frequency region, above the
aliasing frequency.

The angle at which a listener would perceive the generated sound field
can be studied in the wavenumber domain representation of Figure 6.12(c).
To that end, the gray shaded area in this representation has limiting values
for k=200 m~! of k,=+140 m~'. The angles that can be computed with
these values are those formed between the first and last microphone, and the
excitation point. For the centered excitation, arcsin 140/200=44°, whereas
the experimental angle was 45°.

6.3.5 Virtual Focused Source

Besides generating virtual sources behind the loudspeaker arrays, WES is
also capable of synthesizing virtual sources in front of the array, also known
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Figure 6.12. Centered spherical wave generated by the MAP
prototype. (a) Setup. (b) Multitrace impulse response. (c)
Wavenumber domain representation.

as focused sources. Figure 6.13 shows the experimental setup and results
of a centered focused source at 50 cm in front of the large MAP.
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Figure 6.13. Focused source generated by the MAP pro-
totype. (a) Setup. (b) Multitrace impulse response. (c)
Wavenumber domain representation.

Contrary to the shape of the wavefronts of sources behind the array,
now a convex wave front shape is observed which focuses on a point that
will be localized as the position of the focused source. In this case, it is
a centered focused point, hence the convex wave front is symmetrically
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plotted in Figure 6.13(c) focusing on the 100th microphone position. This
figure also shows that the effects of spatial aliasing arrive at the recording
line before the synthesized wave front does. Similar results were reported
in [van Rooijen, 2001].

The wave field of a focused source diverges after having passed the focus
point so a listener positioned in the diverging part of the wave field perceives
a virtual source at the position of the focus point. A listener positioned in
the converging part of the wave field will experience a confusing perception
due to contradictory localization cues [Ahrens and Spors, 2008a]. In this
experiment, the focusing point was set to 0.5 m and the measurement was
performed at 1 m so as to assure that the sampled wave field was in the
diverging part and the localization cues were correct.

6.3.6 Offset Discrete Excitation

In the following, the results on exciting the MAP in offset discrete points via
single exciter vibration is presented. Two offset excitation points are mea-
sured by exciting the 9th transducer as a slight off-axis point and the 13th
transducer, which is the maximum offset value for this MAP. Figure 6.14
shows time and wavenumber domain results of such a configuration. As
with a centered transducer excitation, no aliasing artifacts occurred. Com-
paring the two time responses, a shift in the curvature of the wavefront can
be seen, which is consequent with a change in the angle of the incoming
wavefront.

The wavenumber domain representations of Figure 6.14(c) and (d) give
information about the limiting angles at the microphone sampling line.
These angles can be calculated similarly to the centered transducer excita-
tion discussed above by observing the gray shaded area in the wavenum-
ber domain representations. In this case, they show limiting values for
k=200 m~! of k,=(160,—100) m~! for the 9th exciter, and k,=(175,20) m~*
for the 13th exciter. For the 9th exciter, the two resulting limiting angles
were arcsin 160/200=53° and arcsin —100/200=-—30°, whereas the experi-
mental angles were 50° and —29°. For the 13th exciter, the two calculated
angles 61° and 5° matched to the values according to geometry of 61° and
4°.
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Figure 6.14. Sound field generated by exciting a single trans-
ducer in the MAP prototype. Multitrace impulse responses:
(a) 9th exciter. (b) 13th exciter. Wavenumber domain repre-
sentations: (c) 9th exciter. (d) 13th exciter.

6.3.7 Comparison

In this section, the two more representative sources for WFS operation pre-
viously discussed, a centered WFS point source and an axial plane wave,
will be compared to those of similar prototypes. First, an arrangement
of five small MAPs comprising three exciters per panel is considered. Al-
though the panels are substantially smaller, the distance between trans-
ducers is the same as the large MAP. Secondly, an array of 5” dynamic
loudspeakers, again with similar loudspeaker spacing, is tested with the
same stimuli.

Regarding the radiation of small panels, shown in Figures 6.15(a) and
(b), the main differences with respect to the large MAP are due to the
lack of sufficient mode density in small panels for the low frequency end.
This behavior can be seen in the wavenumber domain representation for
both plane and spherical wave as a decrease in the energy levels for low
frequencies, compared to those of Figures 6.9(c) and 6.12(c). Additionally,
the wavenumber domain representation for an axial plane wave of 6.9(c)
shows that the desired source, a line at k,=0 m™!, is more even than with
small panels. The same trend occurs for the off-axis plane waves, which are
the resulting aliased contributions for the discretization of the secondary
source distribution, discussed in detail in Section 3.2.3.
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Figure 6.15. Wavenumber domain representations of other
loudspeaker systems with similar conditions than the intro-
duced MAP. (a) Small MAP, centered WF'S source. (b) Small
MAP, axial plane wave. (¢) Dynamic loudspeaker array, cen-
tered WF'S source. (d) Dynamic loudspeaker array, axial plane
wave.

Dynamic loudspeaker arrays differ from MAPs in the sound field they
create. Piston radiation shows a severe off-axis decrease radiation due to
the inherent lobulated pattern for mid and high frequencies, as can be seen
in Figure 6.15(c) and (d). Note that only the first replica is emitted by
dynamic loudspeakers due to directivity. For the listener, this means that
only two additional plane waves, symmetrically distributed with respect
to the axial plane wave, are created. Their incoming angles will increase
with frequency towards a tangential incidence, which would not be reached
at the limit due to directivity and truncation effects. In the case of the
large MAP, its broad angle radiation facilitates the reproduction of larger
spatial frequencies. Also, if the pattern in the gray shaded area within
the wavenumber domain representation of Figure 6.15(c) is analyzed, the
typical aliased spectra can be recognized. Subjective evaluation of such
artifacts are addressed in [Corteel et al., 2007].

6.4 Conclusion

A large MAP prototype, that has been designed and built to fulfill the de-
mands of immersive audio applications, has been described in this chapter.
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The large size screen enhances and improves immersion for a large audience,
as pointed out in Section 2.3.4. The low visual profile and the integration of
video and audio stimuli of this prototype fulfill the requirements introduced
in Section 1.2.

Based on the experiments on early prototypes, the enhancements pro-
posed throughout this thesis have been applied to this large MAP. On the
one hand, among the different types of boundary conditions discussed in
Chapter 4, the elastic boundary type 2 showed a smooth mid frequency
response and a balanced low frequency response. Hence, a boundary con-
dition EB2 built with foam material was employed in the large prototype.
On the other hand, exciter equalization has been applied to compensate
for the inherent irregular frequency response of MAPs, as introduced in
Section 2.5. Due to efficiency with satisfactory results, and the ability of
taking advantage of symmetry on the exciter position, the large MAP pro-
totype has been equalized with the IIR filter, structured as a chain of SOS,
which was discussed in Chapter 5. The equalization has been performed
for the entire frequency band with positive results.

According to the measurements, and the panel behavior explained in
Section 2.2, the panel size facilitates a proper mode distribution and density
in the mid and low frequency range. This effect is also observed for off-
axis radiation directions, which means that wavefronts emanating in broad
angles are correctly generated and merged to create the desired wavefield.
Also, the large size of the prototype extends the area where truncation
effects distort the acoustic signals. In this regard, if several panels are
attached to form an array of MAPs, their behavior is not as accurate as
with the large MAP, due to new aliasing artifacts caused by the interme-
diate supporting structures, as discussed in Section 3.5; and their effect
is minimized by means of the elastic boundaries discussed in Section 4.5.
Results in the form of multitrace impulse responses and wavenumber do-
main analysis showed that the sound field is properly generated for a wide
listening area. The responses between the large MAP and equivalent loud-
speaker systems, smaller MAPs and dynamic loudspeakers, have also been
compared. The main improvement with respect to smaller MAPs lies in
the greater bandwidth for on- and off-axis radiation. However, the use of
supporting subwoofers is still advisable for a natural sound reproduction.
On the other hand, dynamic loudspeaker arrays showed an irregular energy
distribution in space due to their piston-like directivity characteristic.



Conclusions

7.1 Conclusions . . . . .. ... 137
7.2 Contribution to Knowledge . . . . . . ... ... . ... 141
7.3 Further Work
7.4 List of Publications



136 Conclusions




Conclusions

THE OVERALL AIM OF THIS RESEARCH was to analyze the performance
of Multiactuator Panels in the space-time frequency domain to achieve
some practical enhancements towards a more accurate Wave Field Synthesis
reproduction.

This chapter will revisit the research objectives given int the intro-
ductory chapter, summarize the findings of this research work and offer
conclusions based on the findings of the remaining chapters. Next, the
contribution of this thesis to the enhancement of Multiactuator Panels for
Wave Field Synthesis will be listed in another section. Recommendations
for future research will be discussed, in terms of how to progress with this
research study. Additionally, the final section contains a list of published
works occurred during the course of candidature for the degree. The main
themes concluded in this thesis are shown in the following section.

7.1 Conclusions

As introduced in Chapter 3 and experimented through the entire thesis, a
methodology for the analysis of sound field radiation in the space-time do-
main is an advantageous technique to study wave propagation. The effect
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that spatial sampling, both in the reproduction and in the receiving stage,
has on the wave field was also addressed with this method. For this pur-
pose, the spatial and temporal frequencies of the wave field are obtained
via a linear array of microphones. The resulting multidimensional signal is
plotted in a k, — k graphical representation, where limit spatial frequencies
due to the reproduction and receiving sampling spacing can be observed.
Moreover, the conditions for evanescent waves and the aliased spectrum
can easily be analyzed. The sampling artifacts that spatial aliasing cause
and the associated parameters that modify them were also studied. These
are, mainly, truncation effects due to geometric arrangement and trans-
ducer directivity, which restricts the listening area. This methodology can
characterize objectively the frequency region below and above the aliasing
frequency depicted in Section 2.3.3 in an graphical manner. Far beyond
the simple observation of this graphical representation as a consequence
of this multidimensional analysis, this thesis has demonstrated its use as
an efficient tool in the analysis of practical loudspeaker setup, with both
MAPs and dynamic loudspeaker arrays.

As subsequently explained, some valuable conclusions have been re-
vealed by using this method. The reconstructed wave field at high frequen-
cies presents spatial aliasing artifacts, which are not present in the WFS
driving signal. In Section 2.3.3, it was reported that the region above alias-
ing frequency is characterized by oscillations both in frequency and space.
The tool proposed in Chapter 3 characterizes such aliasing artifacts as a
superposition of undesired plane waves with different incidence angles at
different frequencies. The number of such aliased contributions depends on
two parameters when practical implementations are considered: on the one
hand, by truncation effects due to the finiteness of the loudspeaker array, on
the other hand, by array directivity, as experienced in dynamic loudspeaker
arrays and small panels. Both parameters limit the spatial resolution of the
arrays. Truncation effects and array directivity also limit the reproduction
area and thus, lead to a dependence of the aliasing artifacts on the listener
position.

By using the amended tool, another key conclusion arises with signif-
icant practical consequences: in terms of acoustic behavior, large panels
are more advisable than small panels for WFS reproduction. This claim is
based on the several findings throughout this thesis pointing towards the
use of large-sized panels. First, according to plate radiation introduced
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in Section 2.2, large panels show an improved low frequency response since
the lowest modes vibrate at frequencies inversely proportional to the largest
panel dimension.

Besides, as concluded in Chapter 3, the use of small panels with less
exciters, has undesired consequences on the reproduced wave field. Since
the contour of the panels presents negligible motion when radiating, new
aliasing artifacts, at frequencies below that of larger panels or dynamic
loudspeaker arrays, will appear that are a function of the distance between
panel centers. Then, for WFS reproduction, it is more convenient to split
the panels into the least number of sections possible, in a given reproduction
scene.

Nevertheless, a proper election of the edge boundaries, where the panel
rests and is held, can minimize the undesired effects on acoustic radiation,
as pointed out in the conclusion section of Chapter 4. Edge boundary
conditions reducing the replicas of the plane wave field are based on elastic
boundaries with soft materials. There are other advantages in employing
this sort of boundary condition that will be explained later.

Another consequence of the use of small panels is that the number of
exciters near the edges is higher compared to larger panels. In this regard,
as an idea introduced in Section 1.2, this thesis has also explored that the
performance of exciters near edges is degraded compared to that of middle
positions. On the one hand, since the driving point is placed in an offset
position, the excitation does not generate an even and dense frequency
mode pattern. Measurements carried out in Chapter 5 confirmed that a
boost in low frequency must be applied to exciters near edges to obtain a
comparable response to middle exciters. This lack of low frequency response
has been experienced for exciters near edges in all the MAP prototypes of
this thesis. However, in regard to the amended idea of the convenience of
large MAPs, another point of support is that large panels minimize the
impact of boundaries on edge exciters. In Chapter 6, in which a very
large panel is built, there is more resemblance between edge exciters and
middle exciters. The extension in low frequency and uneven response is
similar in all exciters of the panel. In a single MAP, a tapering window
that progressively diminishes the level towards edges can minimize this
problem but when many MAPs are arranged in landscape orientation to
form an extended listening area, the intermediate edges will present such a
drawback.
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The advantageous response of an edge exciter in the large MAP relies
also on the elastic boundary conditions used to hold the panel to the frame.
According to the experiments in Chapter 4 and the resulting prototype in
Chapter 6, an elastic boundary condition must be provided to enhance the
MAP performance. This holds not only for the structural behavior of edge
exciters but also for acoustic radiation. In general terms, free and clamped
conditions boost bass power, at the expense of smoothness compared to
elastic boundaries. Wavenumber domain analysis has shown that strong
pressure variations would be perceived, both in the frequency response and
spatially on moving inside the listening area for these two conditions; this
makes them inadvisable in multichannel audio reproduction.

Alternatively, elastic boundaries are a compromise between clamped
and free edges, which smooth on-axis responses for mid frequencies, re-
gardless of the elastic material employed. Moderate variations were found
in directivity patterns on using clamped and free, but not on elastic bound-
ary types 1 and 2 (one or two elastic materials), where half or the entire
part of the support is filled with elastic materials. Both elastic boundary
types 1 or type 2 can be used alternatively with similar results for elastic
materials with proper flexibility. However, the use of elastic boundary type
3 (simply supported with an elastic material) has no primary advantages
over the two other elastic boundaries. Hence, its use is not recommended,
considering the problems that will arise on manufacture in a real MAP
frame, as mentioned in Section 1.2.

Elastic boundaries can minimize the edge impact to an extent, but
moderate irregularities in the spectra of MAP still exist due to the modal
nature of the panel. To solve this problem, an efficient equalization filtering
process that accounts for the particular exciter distribution on a panel has
been presented in Chapter 5 and applied to the final prototype in Chap-
ter 6. The filtering method utilizes a very low computational cost, so can
be applied to a large multichannel MAP system with affordable hardware
processing. Although spectral filtering is generally intended for frequencies
above aliasing, the efficiency of this method opens the possibility of also
applying equalization for low frequency as a prefiltering process prior to
the multichannel room equalization.

As an advantage in laboratory and industry measurements, results in
Chapter 5 have confirmed that the similarities in the response of sym-
metrical exciters on a MAP can be used to reduce considerably the num-
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ber of measurement points. Moreover, if several MAPs are manufactured
maintaining exciter type and position, panel material and housing, their
responses will be similar and thus, the equalization filters can be applied
systematically to all panels. To further reduce the computational cost of the
process, some subjective tests have confirmed that it is possible to reduce
the order of the filter considerably without sacrificing the perceived quality
of the equalization. By taking advantage of this filter coefficient reduction,
a very large WFS system driven by MAPs can be equalized individually
with low hardware requirements.

7.2 Contribution to Knowledge

This section is devoted to how this research work has contributed to the
field of Multiactuator Panels for Wave Field Synthesis reproduction. These
contributions to that knowledge are listed as follows:

e First, the review of the literature has provided a critical investiga-
tion of the state of the art of multi-excited flat panel loudspeaker
systems for multichannel audio reproduction. This historic revision
has introduced the fundamentals of the distributed mode operation,
the early developments to achieve a single exciter panel loudspeaker
and the evolution to convert them into multiple exciter systems that
can act as loudspeaker arrays for WFS systems. The current MAP
systems developed at research centers and in companies have been
described in detail. The technical information regarding these MAPs
has been gathered from research publications and confirmed by direct
communication of the author with the amended centers that designed
them.

e A methodology for the analysis of sound field radiation in the space-
time domain has been set as an efficient tool for the analysis of loud-
speaker arrays, either based on dynamic loudspeakers or MAPs. The
tool provides practical information on spatial resolution of the array
and characterizes the parameters modifying the aliasing frequency,
such as truncation effects and loudspeaker directivity.

e Large panels have proven to be advantageous in many ways for set-
ting a WFS reproduction system. In addition to the lower cut-off
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frequency due to the excitation of low frequency modes, large MAPs
do not cause extra aliasing artifacts as a consequence of the panel
boundaries. Moreover, the effect that edge boundaries cause on ex-
citers positioned close to those edges is substantially lower in large
panels, which facilitates the setup of several MAPs in landscape ori-
entation to cover a large listening area without artifacts caused by
MAP frame.

e In the manufacture of MAPs, a certain degree of fastening must be
provided to hold the panel to the frame. Edge boundary conditions
based on elastic boundaries have been successfully tested for that pur-
pose, as a practical alternative to boundary conditions that are either
difficult to achieve in a real-world setup or exhibit poor performance.
Elastic conditions provide the necessary panel fixing without ruining
the MAP acoustic response.

e The spectrum equalization of exciters has been optimized by several
means. On the one hand, the symmetrical distribution of exciters
on a MAP allows the number of filters to be reduced considerably.
This reduction can also be extended to equalize several MAPs in a
given setup with a single set of filters, given that the MAPs are man-
ufactured similarly. On the other hand, the efficiency of the filtering
method has been augmented by diminishing the number of coefficients
with unnoticed consequences under a perceptual point of view.

7.3 Further Work

Following the investigations described in this thesis, the main lines of re-
search that remain open are listed below:

e Panels with a high aspect ratio may share the benefits of absence
of additional aliasing artifacts because no discontinuities are present,
with an extended low frequency response due to the largest horizontal
dimension. This approach would combine the two advantages without
excessively enlarging the panel vertically.

e Throughout this thesis, the low frequency extension of large panels
has been discussed in detail. However, although the final prototype
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is considerably large, the low cut-off frequency is still unsatisfactory
compared to dynamic loudspeaker arrays so a subwoofer is advisable.
Hence, it would be very interesting to conduct research to enhance
the low frequency emission of the panel without recurring external
aids.

Since the filtering method is very efficient, it can be extended to
form part of a multichannel room equalization that only accounts for
amplitude filtering. Additionally, the measurement procedure can be
refined by obtaining each exciter impulse response by considering a
type of mean value at some discrete positions around the exciter.

7.4 List of Publications

The following presents a list of published work produced during the course
of candidature for the degree. The author of this thesis is the primary
author of all the publications and none of these have previously formed a
part of another thesis. These publications are listed below:

Journal Articles

B. Pueo, J.J. Lépez, J. Escolano and S. Bleda, “Analysis of Multi-
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Eng. Soc., vol. 55, no. 12, pp 1092-1106, Dec. 2007
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Impact on the Radiation of Multiactuator Panels for Multichannel
Audio Reproduction”, Acta Acust. united with Ac., (Accepted)

B. Pueo, J.J. Lépez, German Ramos and J. Escolano, “Efficient
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Acoust., (Submitted)
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Wave Field Synthesis

A.1 Introduction

LOOKING BACK IN HISTORY, the development of spatial sound reproduction
started at an early stage of loudspeaker technology, as explained in the in-
troductory Chapter 1. In 1953, Snow published an overview of stereophonic
techniques and discussed the acoustic curtain as the ideal stereophonic re-
production technique [Snow, 1953]. Figure A.1 shows a reproduction from
that article illustrating the desired and implemented stereophonic systems.
It was aimed to transport the acoustic of the recording venue to a repro-
duction room using microphone and loudspeaker arrays. Due to technical
constraints at that time, it was not feasible to put his ideas into practice.
As a compromise, they applied three-channel stereophony, accepting that
the original aim of recreating the real sound field would no longer be ful-
filled. Snow described this precursor of WFS in this way: “The myriad
loudspeakers of the screen, acting as point sources of sound identical with
the sound heard by the microphones, would project a true copy of the origi-
nal sound into the listening area. The observer would then employ ordinary
binaural listening, and his ears would be stimulated by sounds identical to
those he would have heard coming from the original sound source”.



148 Wave Field Synthesis

Stage Stage

/—O)\S;)urce
Microphones ~ :
P N \\\ \§// Direct

sound

Virtual
source

LL;$ ;
Loudsﬁ‘eakers

3 Resultant
sound pulses

—Resultant
sound

@ W

Figure A.1l. Acoustic curtain concept. (a) Ideal system. (b)
Actual 3-channel stereophonic system due to early technical
constrains.
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The intuitive acoustic curtain concept was replaced later by a well-
founded wave theory. In the late 80s, the Wave Field Synthesis (WFS)
concept was introduced by the Technical University of Delft. The origin
of this theory was published in “Applied Seismic Wave theory” [Berkhout,
1987] and “A holographic approach to acoustic control” [Berkhout, 1988].
The term “acoustical holography” was used, not yet called WFS, and the
system was designed to be the ultimate tool for acoustical control systems
in theaters. These publications introduced the physical basis of WFS by
applying algorithms known from seismics to the field of acoustics. The basic
work on WFS was continued by Berkhout in [Berkhout et al., 1992] and
[Berkhout et al., 1993]. Since then, a number of publications have appeared
to complement and improve this basic theory. The following sections will
describe the WFS concepts.

A.2 Kirchhoff-Helmholtz and Rayleigh Integrals

The theory of WFS is related to Huygens’ principle, formulated in 1678.
This principle states, that each element of a wave front propagating through
a particular medium may be seen as the center of an individual spherical
wave. Consequently, the wave front generated by a primary sound source
can be seen as a series of elementary, secondary sources. It is not very
practical to position the acoustic sources on the wavefronts for synthesis.
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By placing 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 A.2(a) illustrates this principle.

\ NN S\ \
\

\\

Primary
Sound
Sources

Primary

Source (a) \ (b)

Figure A.2. (a) Basic principle of WFS. (b) Parameters used
for the Kirchhoff-Helmholtz integral.

Mathematically, the simple source formulation of the Helmholtz inte-
gral investigates the possibility that the pressure inside or outside of the
surface could be determined:

P(r) = / /S [Gag;r) —P(r)% ds, (A1)

where G is the free space Green function, given by

1 eij

G(rles) = -~ (A.2)

and R = |r — rs|. Equation (A.1) states, considering the interior problem,
that the acoustic field in V generated by the events outside the surface
S can be computed uniquely by replacing these events with a distribu-
tion of simple monopole surfaces over P(r)G(r|rs) and summing up their
contributions over S. Thus, an arbitrary acoustical wave field can be recre-
ated within a source-free volume V' by secondary sound sources distributed
on a closed boundary surface S. The latter is expressed by the so-called
Kirchhoff-Helmholtz integral:
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1 0 [ e Iklr—rs] OP(rs,w) [ e klr=rs]
P(r’w)_%sélﬂ' P(rs,w)% ( |I‘—I‘s| ) - on |I‘—I's| dS?
(A.3)

where P(r,w) is the Fourier transform of the sound pressure p(r,t), k is
the wave number, r is the coordinate vector of an observation point and
rs is the coordinate vector of the integrand functions on the surface S.
The underlying geometry is illustrated in Figure A.2(b). The first part of
this expression represents a distribution of dipoles with the source strength
given by the sound pressure, measured on the surface S. The second term
represents a distribution of monopoles, whose strength is given by nor-
mal particle velocity component of a sound field, which is proportional to

OP/on.

In practice, the Kirchhoff-Helmholtz integral states that at any listen-
ing point within the source-free volume V' the sound pressure P(r,w) can
be calculated if both the sound pressure and its gradient are known on
the surface enclosing the volume. This can be used to synthesize a wave
field within the surface S by setting the appropriate pressure distribution
P(rs,w). This fact is used for WFS based sound reproduction. If the sur-
face S degenerates to a plane z = 21, separating the listening area from the
primary source area, as shown in Figure A.3(a), then Equation (A.3) can
be written as the Rayleigh II Integral [Berkhout et al., 1993]:

14 ikl —
Pew) = |z — 21| [ P(ra,w) i 2HE =5

—ilr=rslgg, . A4
5 27t|r — ry)3 € ! (A-4)

An auditorium oriented geometry for (A.4) is shown in Figure A.3(b),
where the surfaces Sa, S3 and 4 are fully absorptive. The wave field in
the listening area can be generated by a secondary source distribution at
z1, each secondary source represents a dipole, the source signal of which is
given by the primary sound pressure at its location.

Hence, it is possible to physically synthesize the wave fronts at any
listening point by reradiating the sound pressure, recorded by microphones
at z = z1, with loudspeakers having dipole characteristics, as indicated in
Figure A.4(a).
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Figure A.3. (a) Simplification of the half-space Kirchhoff-
Helmholtz integral. (b) Auditory oriented geometry.

A further step is to place the arrays of transducers used for the record-
ing and synthesizing of the wave fronts in planes with different coordinates
2o and z1, respectively, as shown in Figure A.4(b). Then, using Equa-
tion (A.4) again, the microphone signals should be transferred to the loud-
speakers through a processor simulating the wave front propagation from
zp to z1 numerically. This process is the so-called extrapolation. In this
configuration, loudspeaker positions r,, at z = z; act as virtual “listener
positions” and thus, the driving signal for each loudspeaker at z = zi,
P(r,,w), is calculated by processing the pressure signals P(r;,w) recorded
by all microphones at z = 2y according to the Rayleigh II integral.

The WFS concept can be compared with optic holography: first, the
optical wavefield is recorded over a plane and later, it is recreated by a
distribution of light sources, placed on this plane. In sound holography, the
acoustic wavefield is recorded over a plane S given by a planar microphone
array. Wave field reproduction is then made by secondary sound sources,
separately driven loudspeakers. Instead of an ideal continuous distribution
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Figure A.4. (a) Illustration of practical WFS according to
Equation (A.3). (b) Generalization of the diagram in (a): wave
field extrapolation prior to wave field emission.

of secondary sources, discrete distribution is used, which leads to artifacts
on the reproduction stage that will be addressed in Section A.4.

A.2.1 First Rayleigh Integral Scheme

The first Rayleigh integral (Rayleigh I) states that the wave field in the
listening half space can be reconstructed from the original sound field by
measuring only the particle velocity in the measurement plane and using
these measurements as source signals for a distribution of monopoles on
the reproduction plane [Boone and Verheijen, 1993]:

e—Jlr—rs|
P(r,w jk‘pc // Up (s, w ~ — dxdy, (A.5)

or in its discretized form:

P(r,w) = ]kpc Zun Iy, w ;AxAy, (A.6)
r

where the index n indicates the sampling points in the plane S. The sec-
ondary sources can be built with small monopole loudspeakers with volume
velocity:

Up(w) = up(rpn, w)AzAy. (A7)
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Notice that for a dynamic loudspeaker, above its resonant frequency,
the volume velocity is related to the input voltage E, (w) at its moving coil
by

K
where K, is a constant which depends on the electro-mechanical properties
of the loudspeaker systems. From the last two equations,

Ep(w) = 25 ArAyun (1, w), (A.9)
K,

This result shows that the particle velocities in the registration and
reconstruction plane must be differentiated (filtered with +6 dB/oct) before
being applied to the loudspeakers.

A.2.2 Second Rayleigh Integral Scheme

The second Rayleigh integral (Rayleigh II) gives a similar relation between
the sound pressure in the measurement plane and the distribution of dipoles
in the reproduction plane:

ik 1+ jk|r —ry e~ Ihlr—rs|
P — 2 Py, w)— dedy, (A1
() = 3 [ [ Plrv) A cos o ——daay, (0)

with cos ¢ defined as |z — z4|/|r — rs|, where |z — z4| is the distance between
the reproduction plane and the observation point. The discrete form is
given by:

1+ jklr —ry| e~ Iklr—rn|

P(r,w)z%ZP(rn,w) "] AzAy. (A.11)

Jklr — 1y

nl

In this case, the secondary sources can be built with small unbaffled
loudspeakers with volume force:

Fp(w) = P(ry, w)AzAy. (A.12)
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The relation between the volume force and the input voltage above the
mechanical resonance frequency is given by:

F(w) = KgEn(w), (A.13)

where K, is an electro-mechanical constant of the dipole loudspeaker sys-
tems. From the last two equations,

Fp(w) = [;AxAyP(rn,w). (A.14)

Notice that, with respect to the Rayleigh I result, no frequency weight-
ing is needed in this case.

A.3 Derivation of the Driving Signal Function

For the derivation of the loudspeaker driving signal, the geometry shown in
Figure A.5 is considered. The pressure field of a virtual source, also known
as notional source at ry, in the plane z = zy should be reconstructed in
the horizontal ear plane of a listener located at r in the plane z = z, using
a linear array of loudspeakers parallel to the z axis in the plane z = z1.
The line connecting source and listener makes an angle § with the z axis.
Note that source, array, and listener are all located in the plane y = 0,
that is, at the same height. In practice, the loudspeaker array will often be
mounted above stage and audience levels. In [Berkhout et al., 1993], it has
been shown that the array height y; can be neglected when this height is
much smaller than the horizontal distances between source and array, and
between listener and array, which is often the case.

The derivation given here is a generalized version of that given in [Berk-
hout et al., 1993]. According to Rayleigh’s theorem, the loudspeaker driving
signals can be written as a weighted version of the pressure field of the no-
tional source at the array position.

efjk‘rn*r'mj
Q(rp,w) = A,P(rp,w) = A, (w)—, (A.15)
ry, —T'm
where A, is a weighting function, which depends on the lateral position of
the nth loudspeaker A,, = A(zy,w). For synthesizing a spherical wavefront,
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Figure A.5. Configuration for WFS. Loudspeaker array at
z = z1 synthesizes wavefield of a source at r,, in the receiver
plane at z > z1.

its mathematical formulation must be considered:

e—Jklr—rm|
P(r,w) = 5(w)———, (A.16)
r—ry
where S(w) is the spectrum of the notional source. According to the
Rayleigh equation, the spherical wavefront can be synthesized as

N

P(r,w) = Z Q(rnaw)G(¢n7w)

n=1

efjk|r7rn|
— | Az, (A.17)
Ir — 1y,
where N is the number of loudspeakers in the array, Q(r,,w) is the driving
signal of the nth loudspeaker, ¢,, is the angle between the main axis of the
nth loudspeaker and its connection line to the listener position, and Ax
is the spatial interval between the array elements [de Vries, 1996]. Note
that the only unknown elements in the synthesis operator are the driving
signals of the loudspeakers. Using the geometry of Figure A.5, the latter
expression can be written as:

N efjk(p’“«+o.’ﬂ)
=3 | 4,G(¢n,w)————— | Ax. (A.18)

r PnOn

efjkr

n=1

This discretized integral equation can be approximated by using its
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stationary-phase representation [Bleistein, 1984]. Physically this approxi-
mation means that the wavefront is synthesized by all loudspeakers of the
array together, but a dominant contribution is given by the loudspeaker
positioned at the point of stationary phase. After substancial mathemat-
ical manipulation, the driving signal Q(r,,w) of the nth loudspeaker can
be found:

cos 6, |z — 2] e_jk‘r"_’rml
ns == A19
QM) = @) g [l e (19

This driving function contains a cylindrical spatial divergence factor
Ity — |~/ and thus, the driving signal of the nth loudspeaker can be
interpreted as a weighted version of the sound pressure field at r,, caused
by a notional line source at r,,. The fact that only one horizontal line in
the reconstruction plane z = z; is used in the wavefront synthesis process
is “compensated” for by the spatial extension of the notional source from
a point to a vertical line. As shown in [de Vries, 1996], any loudspeaker
type can be used to form an array for WFS. By adapting the driving signal
function according to Equation (A.19) the loudspeaker directivity char-
acteristics are virtually transferred to the notional sources. Recently, in
[Spors et al., 2008], the theory of WFS was revisited and a unified theoret-
ical framework covering arbitrarily shaped loudspeaker arrays for two- and
three-dimensional reproduction was presented.

Since the formulation of the theoretical framework of WFES, the spatial
audio research community has contributed with various research projects,
such as the European Carrouso [Carrouso, 2001],[Brix et al., 2001], original
work in the technical literature and a number of PhD theses [Vogel, 1993],
[Start, 1997], [Verheijen, 1997], [Nicol, 1999], [Hulsebos, 2004], [Corteel,
2006b], [Spors, 2007], [Wittek, 2007], [Gauthier, 2007], [Baalman, 2008].

A.4 Potential and Constrains of WFS

The principle characteristic of WF'S is that the acoustic scene remains con-
stant for the entire listening area, that is, the absolute setup of the acoustic
scene is independent of the listening position. The relative acoustic perspec-
tive as perceived by listeners changes with their movements. This change
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involves a realistic change of the sound pressure level when the distance to
the virtual source is varied.

The theoretical capabilities of WFS to create a quasi-realistic sound
field or to recreate an existing sound field are even larger. For instance,
it is possible to simulate a certain directivity characteristic of the virtual
source. Furthermore, the location of the secondary sources (loudspeaker
array) is no limitation for the creation of virtual sources. WFS theoretically
allows the synthesis of virtual sources both in front of and behind the
array. In particular, the creation of the so-called focused sources, which are
sources in front of the array, makes a significant difference to conventional
sound reproduction techniques, as will be shown in Section A.5.2. From
a creative point of view, WFS offers an improvement of flexibility: both
direction and location stable sources can be reproduced. The design of
the acoustic scene is less limited by the constraints of the reproduction
technique in comparison to stereo. The simulation of a real acoustic scene
is more plausible.

However, since the aim of WE'S is the creation of a true copy of a natural
sound field, this high aim can only be fulfilled with certain restrictions
in practice. Practical implementation of the WFS technique is based on
loudspeaker arrays, which act as secondary sound sources. The distribution
of these sources is not densely and infinitely continuous, but a finite set of
band-limited signals will drive the individual discrete loudspeakers, which
in turn, makes the array finite. These two effects limit the performance of
real WF'S systems:

1. Spatial Aliasing
The distance between transducers Az defines a spatial sampling fre-
quency for a wavefield at a recording level. Then, the reconstructed
wavefield will be physically correct up to the Nyquist frequency:

)\min
fnyq<ﬁ o Az< Rt (A.20)

where A, is the smallest sound wavelength of concern. Above the
Nyquist frequency, together with the correctly reconstructed wave
front, additional undesired wave energy will be emitted incorrectly.
A description of these aliasing artifacts can be found in Chapter 3
and in [Spors and Rabenstein, 2006], [Corteel, 2006a], [Spors, 2008].
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In practice, wave field recreation without spatial aliasing artifacts is
possible for frequencies less than the spatial aliasing frequency. This
limit frequency is determined by the time difference between two suc-
cessive loudspeaker signals interfering at the listeners’ position. This
time difference depends on the spatial sampling interval, that is, the
loudspeaker and microphone inter-spacing. Moreover, the maximum
wavelength being sampled correctly without spatial aliasing depends
on the maximum angle on the microphone side. Accordingly, the
maximum wavelength being received correctly without aliasing also
depends on the maximal angle on the receiver side. This aliasing
frequency is given more generally by

C

Jal (A.21)

~ 2Az]sin amax|
where apax indicates a maximum angle between an incident plane
wave and a microphone array surface. If the angle a is equal to 0°,
the wave front is perpendicular to the array surface and the spatial
sampling interval Az can be seen as infinite. In the worst case, when
the angle « is equal to 90°, f, will be equal to fnyq. Assuming a loud-
speaker spacing Ax=10 cm, the minimum spatial aliasing frequency
is fa=1.7 kHz. Regarding the standard audio bandwidth of 20 kHz,
spatial aliasing seems to be a problem for practical WFS systems.
Fortunately, the human auditory system is not very sensitive to these
aliasing artifacts.

When virtual sound sources are recreated by means of WES, the angle
Qmax can be set to a certain value. Radiation of plane waves at a wider
angle than amay is then suppressed and spatial aliasing effect can be
avoided up to f, frequency. The same technique can be applied for
the wave-field recording, where directional microphones will capture
waves radiating up to this certain angle.

Truncation Effects

In theory, the synthesis of the wave field arises from the summation
of an infinite number of loudspeaker signals. In practice, however,
the loudspeaker array used will always have a finite length. The
finite array can be seen as a window, through which the primary or
virtual source is either visible, or invisible, to the listener. Hence,
an area exists which is “illuminated” by the virtual source, together
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with a corresponding “shadow” area [Wittek, 2003]. Applying this
analogy, diffraction waves are originated from the edges of the finite
loudspeaker array. These error contributions appear as after-echoes
for virtual sources and pre-echoes for focused sources. In Chapter 6,
two multitrace responses illustrate that the effects of spatial aliasing
arrive at the recording line after the synthesized wave for a virtual
source in Figure 6.12(b) and before the synthesized wave for a focused
source in Figure 6.13(b). Depending on the level and time-offset at
the receiver’s location of the aliased contributions, it may give rise to
colouration. This effect can be successfully minimized if a weighting
function is applied to the signals driving the loudspeaker array. At
the same time, decreasing the contribution of edge loudspeakers will
reduce an area with a correctly reproduced wave field. Thus, the
choice of the weighting function will depend on a trade-off between
the reduction of diffraction artifacts and the size of the listening area.

A.5 Special Properties of WFS

A.5.1 Localization of Virtual Sources

Through WFS the sound engineer has a powerful tool to design a sound
scene. One of the most important properties, with respect to conventional
techniques, is its outstanding capability of providing a realistic localization
of virtual sources. Typical problems and constraints of a stereophonic image
vanish in a WFS sound scene. In contrast to stereophony, WFS can produce
a number of source stimuli, based on virtual sources and plane waves. These
sources are localized on the same position throughout the entire listening
area so listeners can move without losing their localization. In Figure A.6,
the arrows indicate the directions of the auditory events when virtual point
sources and plane waves are reproduced.

WES can enhance the localization of virtual sources and the sense of
presence and envelopment through a realistic reproduction of the amplitude
distribution of a virtual source. In practice, this means that when the lis-
tener is approaching the location of a virtual source the amplitude increases
in a realistic way. Accordingly, the amplitude of a plane wave, which can
be seen as a source in infinite distance, changes least in different listener
positions. Subjective experiments on sound localization, correspondence of
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Figure A.6. WFS is capable of reproducing both the stable
positions of point sources and the stable direction of a plane
wave.

perceived auditory and visual source direction can be found in [de Brujin
and Boone, 2003].

These properties enable the synthesis of complex sound scenes which
can be experienced by the listener while moving around within the listening
area. Figure A.6 illustrates the way in which the sound image changes at
different listening positions. This feature can be made use of deliberately
by the sound engineer to realize new spatial sound design ideas [Thiele
et al., 2003]. Moreover, it has been shown that the enhanced resolution of
the localization compared with stereophony enables the listener to easily
distinguish between different virtual sources, which makes the sound scene
significantly more transparent.

Typical implementations of sound field reproduction systems do not
take the Doppler Effect into account. However, the Doppler Effect, both
for moving virtual sound sources and inherently also for moving listeners,

can be accurately reproduced in WFS [Franck et al., 2007], [Ahrens and
Spors, 2008b].

A.5.2 Virtual Sources in Front of the Loudspeaker Array

Figures A.7(a) and (b) show the wave fronts of a point source behind the
array and in front of the array, respectively, in a simulation. The concave
wave fronts of Figure A.7(a) achieve the synthesis of the signal of a virtual
source behind the array. However, WFS is also capable of synthesizing
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a virtual source in front of the array. Therefore, the WFS array emits
convex wave fronts which focus on a point that will be the “focused source”,
illustrated in Figure A.7(b). Naturally, the localization will not be correct
for listening positions between the focus point and the array because the
sound emission of the virtual source occurs here reversely.

(a) (b)

Figure A.7. (a) Virtual source behind the array. (b) Virtual
source in front of the array, also known as focused source.

For practical application, it is an enormous progress that virtual sound
sources can be created in the field between the listener and the loudspeakers
can be created. Sound engineers can be offered completely new tools for
spatial sound design. Moreover, the reproduction of focused sources with
directional characteristics is also possible but with a limited listening area
[Spors et al., 2008], [Ahrens and Spors, 2008b].
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