
MArch/April 2013 170278-6648/13/$31.00©2013iEEE

e all are used to perceiving sound in a three-dimensional (3-D) world. In 
order to reproduce real-world sound in an enclosed room or theater, extensive 
study on how spatial sound can be created has been an active research topic 

for decades. Spatial audio is an illusion of creating sound objects that can be spatially 
positioned in a 3-D space by passing original sound tracks through a sound-rendering 
system and reproduced through multiple transducers, which are distributed around the 
listening space. The reproduced sound field aims to achieve a perception of spacious-
ness and sense of directivity of the sound objects. Ideally, such a sound reproduction 
system should give listeners a sense of an immersive 3-D sound experience. Spatial 
audio can primarily be divided into three types of sound reproduction techniques, 
namely, loudspeaker stereophony, binaural technology, and reconstruction using syn-

thesis of the natural wave field [which 
includes Ambisonics and wave field syn-
thesis (WFS)], as shown in Fig. 1(a).

The history of spatial audio dates back 
to the late 1800s, with the very first inven-
tion being the gramophone used in 
sound recording. As shown in the time-
line in Fig. 1(b), there have been major 
advancements in terms of both technical 
and perceptual aspects in the last century. 
Spatial sound systems have evolved over 
the years from a two-channel stereo 
system to a multichannel surround sound 
system. These surround systems are not 
only limited to cinemas and auditoriums 
but are also being adapted in home 
entertainment systems. Conventional 
headphones, which employ a pair of 
small emitters, aim to produce high- 
quality sound close to the ears, and they 
do not need to account for inaccuracies 
due to surroundings in contrast to loud-
speakers. Nowadays, multiple emitters 
are embedded inside the ear cup to 
create a virtual surround sensation in 3-D 
surround headphones. Modern electro-
acoustic systems have improved signifi-
cantly with new functionalities to adapt 
or correct the sound field in a given room 
acoustic. Toward the end of the 19th cen-
tury, new reproduction techniques like 
Ambisonics and WFS [see Fig. 1(b)], 
which use the principle behind physical 
sound wave propagation in air and thus 
provide true sound experience in any 
environment, were introduced to over-
come the limitations of stereo systems.

Two-channel stereophony is the oldest 
and simplest audio technology, which has 
been progressively extended to multi-
channel stereophony systems, through 
5.1, 7.1, 10.2, and 22.1 surround sound 
systems. [Note that in the x.y representa-
tion, x indicates the number of full 
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bandwidth channel and y indicates the 
number of low frequency channels, 
known as low frequency effects (LFE) sub-
channel.] These multichannel systems 
have been widely used in cinema, home 
entertainment, and gaming to create an 
immersive surround sound experience. 
Figure 2 shows a typical setup of a 5.1 

stereo system with three front and two rear 
loudspeakers. It uses rear speakers to 
enhance the ambient sound quality and a 
center speaker to enhance the frontal per-
ception. The disadvantages of a multichan-
nel stereophony system are the localiza-
tion of phantom sources and the sweet 
spot. In other words, a phantom source 
can only be located along the lines con-
necting two loudspeakers, and listeners 
will only be able to experience the best 
surround sound effect at the sweet spot or 
focal point of all multichannel speakers. 

Binaural technology is another approach 
to reproduce sound signals naturally. 
Binaural technology consists of the record-
ing, as well as the reproduction, of natural 
sound scenes at the two ears. Sound signals 
are recorded using a pair of microphones 
positioned inside the ears of a dummy 
head or inside the ear canal of an actual 
human listener. A binaural recording set up 
using a dummy head is shown in Fig. 3.

Recorded sounds can be reproduced 
accurately at the ears by filtering the 
source signals using acoustic transfer func-
tions between the source location and 

both ears, which are popularly known as 
the head-related transfer function (HRTF). 
HRTF contains three important cues of 
interaural time differences (ITDs), inter-
aural level differences (ILDs), and spectral 
cues (SCs). These cues are essential for us 
to correctly localize and perceptually visu-
alize the sound scenes. As a result, binau-
ral reconstruction can produce excellent 
spatial awareness and sound color under 
given circumstances. Binaural signals can 
be played back via a loudspeaker or head-
phones. Direct reproduction of binaural 
signals through loudspeakers suffers from 
the problem of crosstalk between the left 
and right ear signals. A crosstalk cancella-
tion system must be inserted between the 
loudspeakers and binaural processing in 
order to achieve an accurate 3-D audio 
display. Binaural reproduction using head-
phones is the most efficient way, as the 
signals are correctly reproduced at each 
ear and do not suffer from any distortion 
due to environments. But there have  
been several inherent limitations of  
binaural sound reproduction through 
headphones, which includes front-back 
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confusions, in-head localization, and 
incorrect perception of the elevation of 
virtual sound sources. These limitations of 
binaural technology are due to inabilities 
of human beings to disambiguate between 
ITD, ILD and SC cues.

Both multichannel stereophony and 
binaural technology are widely used in 
cinemas, auditoriums, home entertainment 
systems, and headphones playback. 
However, their inherent limitations, which 
rely mainly on psychoacoustic principles 
in creating a fully immersive environment, 
have inspired researchers to look into 

more natural ways of 
reproducing 3-D sounds. 
The two technologies, 
which utilize the concept 
of natural propagation  
of  wave f ie lds , are 
Ambisonics and WFS. In 
contrast to stereophony 
and headphones play-
back, the wave-field-
based approach uses 
holographic principles to 
synthesize a true sound 
field rather than relying 
on psychoacoustic prin-
ciples for recreating 
sound scenes. With the 
help of loudspeaker 

arrays, both Ambisonics and WFS are able 
to synthesize a natural sound environment 
in an enlarged listening area with perfect 
sound source localization.

Ambisonics was first proposed by 
Gerzon in 1970, while Berkhout 
invented WFS in 1988. Although both 
approaches follow the same basic prin-
ciples, the difference lies in the detailed 
mathematical derivations. The main 
advantage of Ambisonics is that it can 
synthesize a sound field for any number 
of loudspeakers arranged in an arbi-
trary shape. According to Francis 

Rumsey, “Ambisonics is mainly a collec-
tion of elegant principles and signal 
representation forms rather than a par-
ticular implementation.” However, it has 
yet to gain acceptance in the commer-
cial field and extensive research is 
being carried out on various derivatives 
of higher-order Ambisonics to improve 
its commercial feasibility.

Principle of wave field synthesis
A WFS-based reproduction system 

aims to accurately synthesize the sound 
field within the entire listening space,  

Fig. 3 A binaural recording system at Nanyang Techno-
logical University, Singapore.
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i.e., the sweet spot is everywhere in the 
listening room. WFS duplicates the sound 
field generated by primary sources (real 
sources that produce the sound) with the 
help of loudspeaker arrays acting as sec-
ondary sources (sources responsible for 
reproduction of sound produced by pri-
mary sources) in an enlarged listening 
area. Source localization is possible any-
where in the physical space, which is only 
limited by the extent of the visible area 
covered by the configuration of loud-
speaker arrays and the listener. Also, 
unlike binaural listening, virtual source 
does not move with the listener’s move-
ment. Listeners feel as if they are in a real 
environment and sounds appear to come 
from where they are meant to be. The 
main objective in developing a WFS repro-
duction system is to obtain driving signals 
(loudspeaker signals) where the primary 
source signals are processed using wave 
propagation theory. A typical WFS system 
can be divided into two subsystems: a syn-
thesis system function and an analysis 
system function, as shown in Fig. 4. Source 
signals are filtered, delayed, and weighted 
to compute all the driving signals. This 
process of computing driving signals from 
primary source signals is termed “synthesis 
system function.” These driving signals act 
as inputs to the loudspeaker array. The 
subsequent process of the WFS system is 
termed “analysis system function,” which 
analyzes the reproduced sound field at dif-
ferent listening positions by computing the 
sound pressure signals due to contribu-
tions from weighted and delayed driving 
signals. A detailed explanation of the two 
subsystems is provided later in this article.

The fundamental theory of WFS has 
been derived from the concept of Huygens 
principle. This principle states that a 
spherical wave front (radiated by a pri-
mary source) is formed by continuous 
infinite secondary sources, the source 
strength of which determines the succes-
sive wave front and so on. In WFS, these 
secondary sources are replaced by loud-
speaker arrays, which eventually repro-
duce the replica of the original sound  
field retaining the physical properties 
(temporal and spatial) of sound waves. 
The Kirchhoff-Helmholtz (KIH) integral 
forms the mathematical basis for WFS, 
which applies the Huygens principle. The 
KIH integral states that a sound field at 
any point can be calculated if the pressure 
and pressure gradient (due to primary or 
virtual sources) at the boundary of the 
source free volume enclosed by a surface 
are known. In other words, 3-D enclosed 
volume is surrounded by an infinite 

number of monopole and dipole second-
ary sources on its surface, which in turn 
reproduce the original sound field. 

Two assumptions that have been 
made to arrive at the KIH integral are 
inhomogeneous media (like air) and free 
field condition for wave propagation. 
Rayleigh proposed two modifications to 
the KIH integral, for it to be applied to 
real scenarios.

 • It is practically impossible to have 
an infinite continuous array of loudspeak-
ers on the surface of enclosed volume. It 
is shown by Rayleigh that the surface can 
be degenerated to a plane of loudspeak-
ers separating the listening area from the 
source area. Later, it was proposed that it 
is also possible to move virtual sources in 
front of the loudspeaker array.

 • In the KIH integral, the combined 
monopole and dipole secondary sources 
cancel out the undesirable wave fields 
propagating outside the enclosed surface 
but sum up inside the enclosed space. 
Since we intend to correctly reproduce 
a sound field inside the volume, either 
monopole or dipole can be eliminated 
from the KIH integral. The above pro-
cess results in a non-zero sound field 
outside the listening volume.

The above propositions led to the 
introduction of two famous Rayleigh inte-
grals I and II, which state that sound pres-
sure at any point on one side of the loud-
speaker plane can be synthesized from 
sources on the other side of the loud-
speaker plane. Rayleigh integral I uses 
monopole loudspeakers as secondary 
sources with pressure gradient as signal 
strength (of primary source) at surface of 
the plane. Similarly, the Rayleigh II inte-
gral uses dipole loudspeakers as a 

secondary source with pressure as the 
signal strength. 

Berkhout introduced the concept of a 
virtual source, i.e., a source that is per-
ceived by a listener when the sound is 
reproduced. There are two real-life sce-
narios where sound reproduction is 
employed: 1) real or primary sources 
exist, for example, in live performances, 
and 2) primary sources signals are 
recorded for reproduction in future, such 
as in cinemas, television, or recorded 
events. In the former scenario, the virtual 
source coincides with the real source, and 
in the latter, WFS aims to reproduce the 
virtual source as close as possible to the 
real source. Furthermore, two approxima-
tions have been proposed to practically 
realize the WFS reproduction system. 
First, the loudspeaker plane is reduced to 
a line array configuration on the horizon-
tal plane, which is due to the infeasibility 
of covering the entire vertical plane with 
loudspeakers. Second, since loudspeakers 
cannot be infinite in numbers and are 
always discrete, the continuous line array 
is reduced to a finite discrete array with 
uniform spacing between the loudspeak-
ers. The above approximations are shown 
in Figures 5 and 6, which describe the 
two-dimensional (2-D) reproduction of 
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the sound field that can be perfectly 
reproduced on the listener plane.

Driving signals are derived using sta-
tionary phase approximation from 
Rayleigh integral I by Vogel in 1993 with 
monopoles forming the secondary 
source array, i.e., 3-D to 2-D approxima-
tion. The equation for driving signal is 
shown in Fig. 7(a). Driving signals  
can be calculated in the time domain by 
pre-filtering the source signal followed 
by weighted and delayed sample of the 
filtered source signal. The frequency-
dependent prefilter term and the  
distance-dependent correction factor 
term are crucial in driving signal equa-
tion and compensate for planar-to-linear 
array reduction. Spors further modified 
the equation for driving signal to intro-
duce a selection criterion or window 
function to suppress the undesired 
reflections from the side of the loud-
speaker array so as to minimize the error 
in the reproduced wave field. Pressure at 
the listener position is given by the 
equations shown in Fig. 7(b). Green 
function in the figure represents the radi-
ation of a monopole source and, thus, is 
used in determining sound pressure in 
analysis system function. Pressure at the 
listener position is due to the contribu-
tion from delayed and weighted samples 
of all the driving signals. The geometry 
for the equations is shown in Fig. 6.

It should also be noted that since 
driving signal depends on perpendicu-
lar distance between the loudspeaker 
array and the listener, reproduced sound 
is accurate only on a reference line, usu-
ally chosen in the center of the listening 
area and parallel to the loudspeaker 
array (also called the “sweet line” by  
de Vries). Synthesis system function 
requires source parameters (source sig-
nals, positions, and orientations) and 
loudspeaker parameters (loudspeaker 
positions, orientation, and number of 
loudspeakers) as inputs. Similarly, anal-
ysis system function requires driving 
signals, listener position, and loud-
speaker parameters as input for analyz-
ing a sound field in the listener space. A 
block diagram for synthesis system 
function and analysis system function is 
shown in Fig. 4.

Practical constraints and solutions
As discussed in the previous section, 

it is not practically realizable and cost 
effective to place loudspeakers every-
where in a closed space. Moreover, the 
computational power of a typical WFS 
processing engine is largely dependent 

upon the number of loudspeakers and 
the complexity of auditory scenes.

WFS formulations for driving a signal 
equation work well only for the repro-
duction on the horizontal plane (listener 
plane) because of the approximation to 
the line array. Since the two ears are 
located on the horizontal plane, it would 
be sufficient to assume that the sound 
perceived will be natural to us. A repro-
duced sound field is accurate only at the 
sweet line and thus resulting in ampli-
tude error, which is measured as devia-
tion from sound pressure on the sweet 
line (in dB). Because of the 2-D repro-
duction on the horizontal plane, virtual 
sources are not correctly perceived in 
the vertical plane. But with the advent 
of 3-D audio-visual contents, like 
gaming, videos, and 3-D movies, where 
elevation perception is of utmost impor-
tance, it is required to find a solution 
that emulates the 3-D plane reproduc-
tion. Recently, Montag proposed a mul-
tiple array line of loudspeakers in the 
vertical plane to extend the traditional 
WFS to 3-D reproduction. 

Mathematically, we can derive a driv-
ing signal for any arbitrary configuration 
of closely spaced loudspeaker array, but 
in reality it is near to impossible to have a 
spacing less than 1 cm. This is due to the 
reduction of an infinite continuous line 
array to a finite discrete array and suffers 
perceptual quality degradation to some 
extent. As a result of the reduction to a 

finite continuous line array, diffraction 
effects and additional trailing waves (also 
called “shadow signals” by de Vries) are 
observed in the sound field derived using 
analysis equation. This effect is also 
known as the truncation effect, which 
originates from loudspeakers at the 
extremes of an array. Perceptually, this 
can cause a slight coloration effect and 
echo perception depending on the time 
difference between desired response and 
shadow signals. Tapering is a technique 
used to smoothen the truncation effects, 
where loudspeakers positioned on the 
edges are given less weighting but at the 
cost of a reduced effective array length. 
An effective array length can be increased 
by using N-shape arrays, with tapering 
applied at the two extremes, like shown 
in Fig. 8.

A finite continuous array is reduced  
to a finite discrete array by applying 
sampling in spatial domain resulting in 
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spatial aliasing, which is similar to alias-
ing in the frequency domain. It is easier 
to analyze the aliasing artifacts in the 
wave number domain, which is obtained 
by taking Fourier transform of sound 
signals in spatial domain. However, 
WFS is correctly achieved only up to a 
corner frequency known as “spatial 
aliasing frequency.” In spite of the inac-
curate synthesis of the sound field, it 
has been found that a reasonable 
amount of deviation from aliasing crite-
ria does not significantly degrade the 
perceptual quality. It has been experi-
mentally verified that a separation of 
10–30  cm between the loudspeakers is 
appropriate for reproduction purposes. 
Spatial aliasing is the most critical of all 
the WFS artifacts as it leads to a distor-
tion in frequency response and the 
physical sound field. A number of 
methods have been proposed in litera-
ture to minimize spatial aliasing effects. 
Spatial bandwidth reduction uses the 
notion of directive sound sources to 
reduce the interference between loud-
speakers. Another method is to ran-
domize the high-frequency content 
over the loudspeaker array and, thus, 
reduce the periodicity in spatial aliasing 
artifacts. In recent years, researchers 
have analyzed the spatial aliasing arti-
facts by deriving several aliasing criteri-
ons, which not only depend on the 
spacing between loudspeakers but also 
on source directivity and listener posi-
tions. In one of the recent works by 
Corteel, spatial aliasing frequency is 
increased with the help of dynamic 
selection of the subpart of the loud-
speaker array to target reproduction 
within a preferred listening area.

Another limitation of Rayleigh theory, 
which states that the source (nonfocused 
source) can only exist behind the loud-
speaker array, has been resolved by  
the introduction of focused sources.  
A focused source can be perceived in 
front of the array, i.e., in the listener 
space. The only constraint with focused 
source reproduction is that the listener 
area is reduced and the listener is not per-
mitted to sit in between the array and the 
focused source. Both focused and nonfo-
cused sources are crucial in recreating the 
immersive sound field around the lis-
tener. The listener can feel the depth of 
the source, but it requires the entire lis-
tener space to be surrounded by a closed 
configuration of loudspeaker arrays.

All loudspeakers in practice possess 
some directivity pattern in contrast to the 
ideal monopole secondary sources. This 

implies that the conventional driving 
signal equation holds only for the ideal 
monopole conditions. De Vries derived 
that the driving signal for a linear array 
can be adapted to loudspeakers with 
arbitrary directivity characteristics. It 
should also be noted that traditional 
equations for WFS assume free-field 
conditions, and room reflections must be 
accounted while dealing with real room 
simulations. A mirror image source 
model is commonly used for the analysis 
of room reflections. 

evolution of Wfs
Since the introduction of WFS by 

Berkhout in 1988, WFS has come a long 
way over the last two decades and is 
now playing a vital role in spatial audio 
reproduction technology. Berkhout 
started the research on the WFS-based 
system at Delft University and laid the 
foundation for further developments. He 
was supported by fellow researchers, in 
particular, De Vries, Vogel, Start, and 
others, in the following years. The first 
WFS-based practical laboratory setup, 
which consists of 48 channels with DSP 
processors, was developed at Delft 
University in 1993 and later extended to 
the university’s auditorium. 

Berkhout’s work was followed up by 
many other prominent research groups 
and many WFS-based setups were 
installed in various places, including cin-
emas, lecture halls, and concert halls. 
Until the late 1990s, most of the research 
was carried out at universities, mainly 
focused on developing mathematical for-
mulations of WFS equations and also 
practical measurements based on various 

configurations (linear, circular, and rect-
angular) of loudspeaker arrays. As a result 
of the increased interests and participa-
tions in WFS, several research groups and 
R&D labs collaborated to standardize a 
WFS format, which led to the start of the 
European Union (EU) Information Society 
Technologies (IST) “CARROUSO” 
(“Creating, Assessing, and Rendering in 
Real Time of High-Quality Audio-Visual 
Environment in MPEG-4 Context”) proj-
ect in 2001 and completed by 2003. The 
main goal of the CARROUSO project was 
to develop a new technology that can 
record, encode, transmit, and reproduce 
the sound field recorded at a virtual or a 
remote place. This project prompted 
researchers as well as commercial mar-
kets based on spatial audio in different 
parts of the world to focus on WFS with 
the goal of creating potential applications 
in spatial audio systems that could poten-
tially replace multichannel surround 
sound systems placed in cinemas, live 
events, or home theater systems. The suc-
cessful completion of the CARROUSO 
project led to the emergence of two new 
companies, IOSONO and Sonic Emotion, 
which are aimed to provide the services 
and solutions for installations of 3-D 
audio systems based on WFS. IOSONO is 
supported by Fraunhofer IDMT Research 
Institute, while Sonic Emotion is 
cofounded by Renato Pellegrini. Both of 
these companies have played a significant 
role in the success of the CARROUSO 
project. They are now the major provid-
ers of WFS-based products for the con-
sumer market, as well as research appli-
cations in spatial audio systems.

IOSONO recently launched a spatial 
audio processor to control any kind of 
loudspeaker arrangement, room geometry, 
and listener numbers. Sonic Emotion has 
manufactured 3-D audio chips based on 
their own patented technology employing 
WFS, psychoacoustics, and others. In 2011, 
Haier launched a 3-D sound bar using this 
chip, which claims to create the unique 
sound experience that can replace the cur-
rent home theater systems.

In 2008, Spors and his team at Deutsche 
Telekom in Berlin revisited WFS theory 
and also proposed modified driving equa-
tions addressing arbitrarily shaped loud-
speaker arrays for three-dimensional sound 
reproduction. They also installed a practi-
cal WFS setup of 56 channels of circular 
loudspeaker array. Furthermore, they have 
developed a generic spatial audio renderer 
framework for real-time audio processing, 
which is very useful for sound reproduc-
tion in real time. This versatile software 
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allows the rendering of several rendering 
modules like WFS, binaural, Ambisonics, 
and virtual amplitude-based panning. 
Researchers at IRT, Germany, developed a 
novel system known as the “Binaural sky,” 
which uses WFS technology for binaural 
sound reproduction. The latter system con-
sists of an overhead circular array of loud-
speakers and synthesizes focused sources 
using a head tracking system. Fig. 9 shows 
various WFS set ups installed at various 
universities and auditoriums.

future trends
In the last few years, WFS has increas-

ingly become more popular in commercial 
deployment. WFS-based reproduction sys-
tems are now readily accepted as the most 
optimal way of reproducing spatial sound. 
Several companies have already started 
the mass commercialization of WFS instal-
lations in public places. Recently, the 
Game of Life Foundation developed the 
world’s first transportable WFS setup and 
demonstrated at Amsterdam in 2011. A 
similar setup was earlier demonstrated at 
the 124th AES convention on the eve of  
20 years of WFS in 2008. Until now, we 
have mainly seen large-scale installations 
of WFS in large public places. Many 
people now appreciate the immersive 
environment reproduced by a WFS-based 
system in such places. In recent years, 
researches have started to look into the 
small-scale applications of WFS, i.e., tar-
geting a small group of audience. Some 
small-scale WFS applications include vir-
tual reality, 3-D gaming environments, and 
video conferencing. WFS may eventually 
replace the current surround systems in 
home entertainment in the near future.

A major hurdle for the use of WFS 
technology in such small-scale applica-
tions is that these systems require a mini-
mal number of loudspeakers but at the 
same time, the sweet spot needs to be 
maximized. Since a typical WFS system 

requires a large and costly set up of 
loudspeaker arrays, it is an open research 
problem to devise a trade-off between 
the number of loudspeakers and the size 
of the sweet spot area. Corteel from 
Sonic Emotion has recently proposed a 
new methodology to employ fewer 
loudspeakers while increasing the spa-
tial aliasing frequency using the focused 
sound reproduction in a “preferred lis-
tening area.” But for WFS to enter into 
our homes, all the recording should be 
carried out in WFS compatible format (as 
explained in CARROUSO project) before 
distributing them. Only then, we will be 
able to take full advantages of WFS in 
immersive 3-D sound reproduction.

In this article, we provied an over-
view of the principles of WFS and  
presented some of the key research 
work and commercial products from the 
past two decades. We also highlighted 
some practical limitations and technical 
challenges of WFS-based sound repro-
duction systems. Increasingly, we are 
witnessing WFS as one of the key spatial 
audio technologies in next-generation 
home entertainment systems.
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