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ABSTRACT

While visual rendering of buildings is the state of the
art in today's design programs, acoustic or auditory
rendering is still in its infancy. This paper reviews
some promising approaches to the computer simula-
tion of sound propagation and perception in buildings.
The range of methods spans from the numerical solu-
tion of the wave equation to advanced geometric me-
thods based on ray tracing and radiosity algorithms.
Furthermore concepts for modelling the human sound
perception are discussed. Finally some issues of prac-
tical implementation will be addressed.

1. INTRODUCTION

It is a common feature of modern computer aided de-
sign programs to reward the user with a photoreali-
stic rendering of the prospective building. However
despite all visual perfection, the auditory component
is completely missing. There is no impression of the
room acoustics, no assessment of the noise level in
offices or workshops and no evaluation of the effect
of sound absorbing materials by computer simulation.
It has to be emphasized, that all these topics are well
studied subjects and that computer simulations of in-
dividual acoustic effects are common practice. The
problem with acoustic (or auditory) rendering of buil-
dings is that a realistic simulation of the acoustic pro-
perties requires a real time computation of complex
wavefields. In order to provide a Compact Disk sound
quality, it would be necessary to update a 3D sound
pressure field with complex boundaries every 23 mi-
croseconds. To provide such a feature as an addition
to a visual rendering capability is more than even mo-
dern desktop computers can handle.

Nevertheless, there have been successful attempts
from the virtual reality community to assign sounds
to visual objects and to supply real time implementa-
tions of virtual scenes [6]. While such audio-visual
simulations may sound plausible to the viewer of an
animated movie, they do not satisfy the requirements
of engineering practice.

However it seems worthwhile to step ahead by com-
bining proven visual rendering algorithms with ele-
ments of scientific simulation. This paper reviews some

promising approaches in this direction. It starts with a
short introduction into the basics of acoustics and sy-
stems theory and presents in some detail the concept
of the room impulse response. The core of the paper
is the treatment of four approaches to the simulation
of sound propagation in rooms. Finally modelling of
human sound perception by head related transfer func-
tions is discussed and some implementation issues will
be addressed.

2. SOUND PROPAGATION

2.1. Basic Theory

From a scientific standpoint it is always pleasing to
establish a computer model from first principles. In
acoustics (and many other fields) this amounts to the
numerical solution of partial differential equations.
From a practical standpoint, this is not attractive at all
and as a consequence, simpler models are preferred.

We present here two general modelling concepts:
the wave equation and an input-output model from li-
near systems theory. Both concepts are based on the
assumption of linearity: The sound field from two sources
in parallel is a superposition of the individual sound
fields of each single source.

2.1.1. Wave Propagation and Acoustics

Sound propagation can be described by velocity and
pressure as functions from space and time. It is gover-
ned by the wave equation

c2�p =
@2p

@t2
(1)

wherep(x; t) is the sound pressure,x is the vector of
space coordinates,t is the time, andc is the speed of
sound. The derivation of the wave equation from first
principles is given e.g. in [17]. In order to calculate
the sound field emanating from a source in a specific
room, we need an additional source term in (1) and
boundary conditions, which describe sound reflection
and absorption at the walls. A numerical technique
for the approximate solution of the wave equation is
presented in section 2.3.1.



2.1.2. Linear Systems Theory

A completely different approach to the description of
sound propagation (and other linear and time-invariant
systems) is the general input-output relation from li-
near systems theory

y(t) = h(t) � v(t) =
tZ

�1

h(t� � )v(� )d� : (2)

v(t) is the source signal (e.g. sound pressure) at the
location of the sound source (see fig. 1),y(t) is the
resulting signal at the location of some receiver (e.g.
microphone). The sound propagation from the source
to the receiver is described by the functionh(t). It is
called theimpulse response, because it is the response
at the receiver to a very short pulse at the source.

v(t)

y(t)

Figure 1: Source and receiver position within a buil-
ding

v(t) h(t) y(t)

Figure 2: Input-output description of sound propaga-
tion within a building

For fixed source and receiver locations, all the spa-
tial information is contained in the impulse response
h(t). Thus, the knowledge of the impulse response
is sufficient to calculate the responsey(t) to a known
source signalv(t). The sound propagation in a room
according to fig. 1 is thereby reduced to the black-box-
model given in fig. 2.

The operation (2) is called aconvolutionand deno-
ted by�. A simpler expression results in the frequency
domain

Y (!) = H(!)V (!) (3)

whereY (!) = Ffy(t)g is the Fourier transform of
y(t) and similar forV (!). H(!) = Ffh(t)g is called
the transfer function. It is a complex valued function
of the real frequency parameter!. The meaning of the
transfer functions is best described by the response to
a sine-wave of angular frequency!

v(t) = sin(!t) : (4)

The response of a linear and time-invariant system is
again a sine-wave, however, in general with different
amplitude and phase shift

y(t) = jH(!)j sin(!t + �(!)) (5)

AmplitudejH(!)j and phase�(!) are just the magni-
tude and phase of the complex transfer functionH(!)

H(!) = jH(!)j exp(j�(!)) (6)

Here j =
p
�1 is the imaginary unit. The trans-

fer functionH(!) is a function of the frequency!,
since the response of a system to sine-waves with dif-
ferent frequencies will in general depend on!. Trans-
fer function and impulse response are equivalent des-
criptions of the black-box-system in fig. 2.

Neither convolution nor Fourier transformation of
continuous-time signals can be implemented directly
on a digital computer. Instead one works with sampled
versions ofv(t) andy(t). This turns (2) into adiscrete
convolutionand the Fourier transformation into a dis-
crete Fourier transformation, which can be efficiently
computed with fast algorithms (Fast Fourier transfor-
mation, FFT). Discrete convolution and FFT are the
building blocks for the digital processing of sound si-
gnals (and others). A more detailed description of di-
gital signal processing techniques in acoustics is found
in [9, 17]. In this paper, we will keep the continuous-
time notation (2,3) for simplicity.

The black-box-description (2) is simple and effec-
tive because all the spatial information is concealed in
the impulse responseh(t). The only remaining pro-
blem is how to obtainh(t). There are three possibili-
ties:

� The impulse response can be calculated from the
Green's function of the wave equation (1). Ho-
wever, this is only feasible for very simple geo-
metries and very simple boundary conditions.

� There are reliable and quick methods to measure
the impulse response of a room. Examples are
presented in section 2.2. Of course, measure-
ments are restricted to existing buildings.

� The impulse response can be estimated in the
planning stage from the room geometry and other
data. Several methods are presented in secti-
ons 2.3.2, 2.3.3, and 2.3.4.

2.2. Measurement of Room Impulse Reponses

Methods for the measurement of room impulse respon-
ses are based on the transfer function description (3)
of a room according to fig. 1. Note, that the general
form of (3) is also valid for more complex geometries
than the one depicted in fig. 1. Since the source signal
v(t) is known and the responsey(t) can be obtained
by measurement, we can compute discrete time appro-
ximations toV (!) andY (!) by the FFT-techniques
discussed above. The impulse response follows by di-
vision and inverse Fourier transformation (also perfor-
med by FFT)

h(t) = F�1
�
Y (!)

V (!)

�
(7)



Practical measurement procedures have to consi-
der the selection of appropriate source signals, back-
ground noise during the measurement and possible non-
linearities of the electro-acoustical equipment. A me-
thod for this purpose which has also been successfully
applied to the analysis of other weakly nonlinear sy-
stems has been described in [7, 8, 14]. Its performance
is shown here by some measurement examples. Fig. 3
displays the source functionv(t), which has been used
in these measurements. It is a broadband signal with
bounded amplitude and is called achirp signal.

The impulse response of an 8m3 anechoic cham-
ber is shown in fig. 4. The rapid decay is due to the
highly absorbing walls. The impulse response of an
office room with a typical duration of 0.1 s is shown in
fig. 5. Note the different time scales in figs. 4 and 5.
Fig. 6 displays the impulse response of two inter-
connected corridors with a total of 250m3 and no fur-
niture. One of the corridors is connected to a staircase.
The direct sound path was blocked, so that only rever-
beration occurs. Note again the time scale.

time t

chirp signal v(t)

Figure 3: Chirp signal as source function

time in seconds

impulse response h(t)

Figure 4: Impulse response of an anechoic chamber

Once obtained by measurements, we can use any
of these impulse responses to mimic the response of
the corresponding rooms by computing the convolu-
tion with an arbitrary source signalv(t) according to
(2). Although this is easily done on a small desktop
computer, it is not true rendering, because it requires
the building to be already available for measurements.

2.3. Modelling of Sound Propagation

To perform acoustic rendering of virtual buildings, we
have to find means to compute the room impulse re-
sponse from nothing more than the building geometry
and the acoustic properties of the building materials.
Four methods to perform this task will be discussed in

time in seconds

impulse response h(t)

Figure 5: Impulse response of an office room

time in seconds

impulse response h(t)

Figure 6: Impulse response of a system of interconnec-
ted corridors

some detail. The first method is based on the nume-
rical evaluation of the wave equation (1) and is capa-
ble of a faithful simulation of all acoustical effects. A
severe limiting factor is the computing power to per-
form these computations in real time. The other three
methods are based on geometrical acoustics, i.e. they
model sound propagation by sound rays which travel
similarly to light rays in optics. Diffraction effects
are neglected by this assumption. However, sound ray
propagation can be treated with the same principle me-
thods which are used with great success in visual ren-
dering.

2.3.1. Numerical Simulation

Conceptually, the most straightforward way to the si-
mulation of the acoustic behaviour of a building is the
numerical solution of the wave equation (1). We pre-
sent a simple finite difference approach for a rough
sketch of the idea. Detailed accounts on the nume-
rical solution of partial differential equations can be
found elsewhere [11]. The basic steps are the represen-
tation of the sound pressurep(x; t) on a discrete-time,
discrete-space mesh with a finite number of nodes and
the approximation of the differential operators in (1)
by difference operators defined in terms of the mesh
nodes.

For simplicity, we restrict the derivation to one spa-
tial dimension, i. e.p(x; t) = p(x; t) with the scalar
space variablex. The nodes of the mesh are given by
x = nh andt = kT , whereh andT are the step si-
zes in space and time, respectively, andn andk are
the corresponding discrete variables. The node values
of p(x; t) at these locations are denoted bypn;k. A
simple second order approximation of the differential



operators is obtained by

@2p

@t2
�

1

T 2

�
pn;k+1 � 2pn;k + pn;k�1

�
(8)

�p =
@2p

@x2
�

1

h2

�
pn+1;k � 2pn;k + pn�1;k

�
(9)

When the values of the sound pressurepn;k for the
time stepsk andk � 1 are already calculated, then we
obtain an explicit expression for the approximate value
pn;k+1 at the new time stepk+1 by replacing both si-
des of (1) with their discrete time approximations (8,9)

pn;k+1 = �2pn�1;k+2(1��2)pn;k+�2pn+1;k�pn;k�1 ;
(10)

where

� =
cT

h
(11)

is the ratio between the distancecT that the sound
wave travels within one time step of lengthT and the
spatial step sizeh. The most simple formula results
for � = 1

pn;k+1 =
�
pn�1;k + pn+1;k

�
� pn;k�1 : (12)

A graphical representation of this discretization scheme
is shown in fig. 7. The valuepn;k+1 is obtained by
the sum of the neighbours ofpn;k and by subtracting
pn;k�1.

k

k-1

k+1

n-1 n n+1

Figure 7: Second order discretization scheme for the
wave equation

The generalization of this discretization scheme to
three spatial dimensions is straightforward. With the
vectorn = [n1; n2; n3] of discrete space variables in
each direction and with�2 = 1=3 follows

pn;k+1 =
1

3

X
m

pm;k � pn;k�1 : (13)

Here
P
m

denotes summation over all spatial neigh-
bours ofpn;k.

This discretization scheme has been used in [12,
13] for the simulation of air pressure wave propagation
in a model of three rooms separated by open doorways.
It has been shown that the effects of reflection at the
walls and diffraction at a pillar could be numerically
reproduced.

A major drawback of this method is the numerical
expense associated with the update of the 3-D mesh
in every time step. To illustrate the situation, we esti-
mate the computing power in floating point operations

per second (flops) which is necessary for a real time
simulation of the propagation of a sound wave with a
frequencyf0 of 3 kHz in a building with the volume
of 100m3. The maximum time step size according to
the sampling theorem isT = 1=(2f0). In practice,T
should be smaller to avoid numerical dispersion. Since
the update of one node valueaccording to (13) requi-
res 7 floating point operations, the computing power
for one node is given byN0 = 14f0 = 42 kiloflops.
Furthermore, the step sizes in time and space are lin-
ked by the requirement�2 = 1=3, which yields the
spatial step size (c � 340m=s)

h =
p
3 cT =

p
3

2

c

f0
� 10 cm

The numberM of nodes in the volumeV is
M = V=h3 = 100=(0:1)3 = 105, which amounts to a
total computing power ofN = MN0 = 4:2 Gigaflops
for this rather modest situation. Since the number of
flops grows linear with the volumeV and proportio-
nal to the fourth power of the frequencyf0, we cannot
expect real time rendering of buildings by numerical
simulation in the near future. However, numerical si-
mulation is feasible for low frequencies, and it is the
only method which describes diffraction correctly.

2.3.2. Image Sources

We have just seen, that real time simulation by finite
difference approximation of the wave equation has a
price that is hard to pay. We can cut this price, if we
are willing to sacrifice some of the benefits of physical
modelling. In a description by the wave equation, any
point in the sound field can act as a source and vice
versa, we can pick up the sound at any point of the
wave field. Such a flexibility is not always required.
A minimal approach would be, to consider only one
source and one listener. Also some acoustical effects
can be neglected under certain circumstances. For ex-
ample, if the room sizes are large compared to the wa-
velength, diffraction plays only a minor role. In most
practical situations, this is true for frequencies above
1 kHz. If also reflection at the walls is considered in a
simplified way, then a geometric model of wave pro-
pagation can be adopted.

The great advantage of this approach is, that geo-
metric models are well established in visual rende-
ring and consequently some proven algorithms have
been developed. However, acoustical rendering requi-
res some additional consideration, which is not neces-
sary in visual rendering. The most important topic is
the finite propagation speed of sound waves compa-
red to the almost instantaneous spread of light. Fur-
thermore, damping of light intensity is negligible for
small distances, whereas sound waves undergo severe
attenuation. The adaption of visual rendering schemes
for acoustics has to take these effects into account.

The simplest way of geometric modelling is the
method of image or mirror sources. It is a classical



method in physics for the treatment of boundary value
problems. An early implementation as a computer pro-
gram for acoustic simulation has been described e.g.
by [1].

Fig. 8 shows a rectangular room with one source
and one receiver. The propagation is modelled as the
superposition of direct, single and multiple reflected
rays from the source to the receiver. Rather than con-
structing all the different propagation paths within the
room, the reflections are modelled as direct paths from
additional imaginary sources outside the room. They
are positioned in such a way, that their associated di-
rect paths coincide with the reflections inside the room.
These positions can be obtained by symmetry conside-
rations. The arrangement in fig. 8 models only a few of
the first reflections. For a realistic simulation, it would
have to be extended to an infinite continuation in three
dimensions.

R

S
S1

S2 S3 S4

Figure 8: Modelling of wave propagation by image
sources (receiverR, sourceS, image sourcesSi,
i = 1; 2; 3; 4; : : :)

For a simple visual model, we can imagine the
room in fig. 8 to be a mirror cabinet with ideally reflec-
ting walls. The response to an impulse at the source is
then simply the sum of delayed impulses, where the
delay time is given by the total length of the reflection
path divided by the speed of sound. The length of the
reflection path is obtained from fig. 8 as the distance
of the corresponding image source to the receiver po-
sition.

For acoustic modelling, we have to consider the
mirror sources as emitters of spherical pressure wa-
ves. The sound pressure at the receiver caused by the
source with numberi at distancedi emitting a pulse
�(t) is then given by (see [1])

pi(t) =
1

4�di
�
�
t�

di

c

�
(14)

When all walls are ideal reflectors then the total im-
pulse response in terms of sound pressure is given by

h(t) =
X
i

pi(t) (15)

where the sum is taken over all surrounding image
sources within a certain region (ideally infinitelymany).

The response to an arbitrary source signalv(t) follows
from (2) and (15)

y(t) =
X
i

1

4�di
v(t �

di

c
) (16)

as the sum of attenuated echos with delaydi=c.
Angle and frequency independent wall absorption

can be modelled by inclusion of appropriate absorp-
tion coefficientsbi` which describe the absorption of
the signal from sourcei at the`-th reflection.

h(t) =
X
i

bipi(t) ; bi =

LiY
`=1

bi` (17)

Li is the total number of reflections for sourcei. The
model can also be extended to frequency dependent re-
flection, when the reflection coefficientsbi` are repla-
ced by the impulse responsesbi`(t) of systems which
describe the reflection processes

h(t) =
X
i

bi(t) � pi(t) ; (18)

where

bi(t) = bi1(t) � bi2(t) � � � �biLi
(t) (19)

is a multiple convolution model for the frequency de-
pendent reflection at a total ofLi surfaces. The des-
cription of these multiple reflections is simpler in the
frequency domain. We obtain by Fourier transforma-
tion the transfer function

H(!) =
X
i

Bi(!)Pi(!) ; Bi(!) =

LiY
`=1

Bi`(!)

(20)
with the transfer functionsBi`(!) of each frequency
dependent reflection at the`-th surface.

The image source model is conceptually simple,
but it requires a high number of image sources in or-
der to model the complete impulse response of a room.
If we want to compute the impulse response of a room
with volumeV up to a length oft0 seconds, we have
to extend the room in either directions until the image
sources fill a sphere of radiusct0. The number of
image sources is roughly given by the relation of the
volume of the sphere to the volume of the room

N =

4

3
�(ct0)

3

V
(21)

For t0 = 1 s andV = 100m3, a total of 1.7 million
image sources results. This number can be handled
for frequency independent reflections, but the consi-
deration of frequency dependent reflections by multi-
ple convolutions becomes impractical. The numerical
expense increases also when multiple sources have to
be considered. Additionally, any change of position of



the receiver or one of the sources requires a recalcula-
tion of the impulse response.

Furthermore, obtaining the locations of the image
sources is a tedious procedure if the building geometry
is more complicated than the rectangular box model
shown in fig. 8. This procedure is described in [3] for
polyhedra with arbitrary shape. The locations of pos-
sible image sources are computed by a tree-structured
algorithm and tested for validity, proximity and visi-
bility. Only valid sources which are visible and suffi-
ciently close to the listener contribute to the impulse
response. However, the computing time required to
carry out this procedure is a severe limiting factor.

On the other hand, the image source method is ca-
pable of modelling the interference between reflected
sounds, if the model is formulated in terms of pressure
rather than intensity [4].

2.3.3. Ray tracing

The ray tracing method is also based on geometrical
acoustics. It is similar to the image source method,
since it also considers the possible reflection paths by
which the sound travels to the receiver.

The source model emits a number of sound rays in
all directions. A certain amount of energy is assigned
to each ray. The propagation path of each ray is tra-
versed and the energy losses due to absorption in the
air and at each reflection are recorded. All rays that hit
the receiver within a certain amount of time contribute
to the impulse response.

This procedure is very similar to the well known
application of ray tracing in visual rendering, except
for the different physical effects, whichaccount for the
energy losses along the path. The advantage of the ray
tracing method over the image source method lies in
the treatment of arbitrary complex 3D shapes without
requiring excessive computing power.

The numerical modelling of the reflections is done
similar as in the image source method. The effect of
ideal reflections, frequency independent and frequency
dependent absorption can be calculated by the same
principal algorithms as in (15,17,18).

2.3.4. Radiosity

The image source method and the ray tracing method
depend on the position of the receiver. Whenever the
receiver changes the position within a building, the im-
pulse response has to be computed anew. The radiosity
method is a view independent algorithm. It requires
knowledge about the building geometry and about the
sound sources. From this input, an approximation of
the sound field within a building can be constructed.

The radiosity method has been used for a long time
in thermodynamics to calculate the radiation heat trans-
fer between surfaces [16]. Later, it became one of the
working horses of computer graphics for visual rende-

ring [5]. Its adaption to auditory rendering is described
in [15].

When applied to light waves, the radiosity method
describes an equilibrium for the energy distribution
within an enclosure, that is constructed from a finite
set of surfaces (patches). This finite set of patches co-
vers the surface of the enclosure completely, so that all
energy flows are considered. Any openings are also
described as a partial surface with appropriate proper-
ties. The rateB` at which energy leaves the surface`
is derived from the conservation of energy. Since the
energy exchange between the surfaces is assumed to
happen instantaneously,B` is always given as the sum
of the energyE`, which is generated by the surface
` itself and the reflection of the irradiations from the
other surfaces.

B` = E` + �`
X
i

BiF`i (22)

Bi is the rate at which energy leaves the other surfaces,
F`i is the fraction ofBi which arrives at surfacèand
�` is the reflection coefficient at surface`. F`i depends
on the size and the relative orientation of the surfaces
` andi. It is also calledform factor. We will not de-
scribe the meaning of (22) and the calculation of the
form factors in more detail, because these topics have
been discussed thoroughly in [5, 16] and many other
references on heat radiation and computer graphics.

The two basic differences between radiation trans-
fer and sound propagation are

� damping of the sound intensity by the air,

� finite propagation speed of sound.

Since we are not dealing with real or virtual point sources
as in the image source or ray tracing method, there is
no attenuation with increasing distance. The damping
considered here is due to conversion of kinetic to ther-
mal energy by friction and molecular effects in the air.
The relation between the sound pressurep(d) at di-
stanced from the source and the source pressurep0 is
given by an exponential law

p(d)

p0
= exp(��d) : (23)

� is theabsorptionor extinctioncoefficient and de-
pends on the air temperature and humidity. We may
describe this effect concisely by the air attenuation fac-
tor [15] between the surfaces` andi with the distance
d`i

�`i = exp(��d`i) : (24)

�`i describes the fraction of the rate of energyBiF`i

which arrives at surfacèin the presence of transmis-
sion losses. Thus the energy balance for sound propa-
gation in a lossy medium is given by

B` = E` + �`
X
i

BiF`i�`i : (25)



We see that damping of the sound intensity by the air
can be modelled by the air attenuation factor, which
acts onBi in the same way as the form factorF`i does.

A more fundamental change to the equilibriumequa-
tion (22) is necessary to take the finite propagation
speed into account. Equations (22) and (25) show no
time dependence, since it is understood that any chan-
ges in the system lead instantaneously to a new equi-
librium. No dynamical or memory effects have to be
considered with respect to the speed of light.

This is no longer true for sound propagation. The
energy transport from distant surfaces is not only sub-
ject to transmission losses but also to time delay. Sound
energy which leaves a surface does not arrive in the
same time instant at other surfaces. To account for the
travel time of the sound waves, we have to formulate
the conservation of energy with time dependent quan-
tities. The time delays have to be expressed by the
distance between the surfaces and the speed of sound.
This leads to the following time dependent formula-
tion of the energy balance, which includes propagation
losses and delay

B`(t) = E`(t) + �`
X
i

Bi

�
t�

d`i

c

�
F`i�`i : (26)

The energy exchange ratesB`(t) and the emission ra-
tesE`(t) are now functions of time.

A rough sketch of the algorithm is given in fig. 9.
The input data are the building geometry and the re-
flection coefficients of the surfaces. They serve to cal-
culate the form factors and the air attenuation factors.
This is the most time consuming task of the whole pro-
cedure. However, for a given geometry, these factors
are calculated only once since they do not change with
time. Once they are available, the energy balance (26)
can be solved repeatedly by updating the time variable
t. We can use the radiosity method for the calculation
of impulse responses, if we place the receiver as an ad-
ditional small patch into the sound field. Alternatively,
we can also calculate the response to source signals at
the receiver position directly.

When the receiver position changes with time, then
the form factors and air attenuation factors from the
building surfaces to the receiver have to beupdated
as well. All the factors between the building surfa-
ces remain unchanged. The source functions enter this
model via the emission ratesE`(t). Since any surface
can act as a source, also moving sources can be easily
realized without updating any factors.

3. SPATIAL HEARING

So far, we were only concerned with sound propaga-
tion in pure technical terms. The receiver was nothing
more than a point in space, where the sound pressure
is recorded, e.g. by a microphone. However, acoustic
rendering is more than just the computer simulation of

building geometry
surface reflection coefficients

calculate form factors
and air attenuation factors

solve energy balance

up date time

Figure 9: Algorithm for the radiosity method

the physical effect of sound wave propagation in com-
plex environments. If we aim at a true threedimen-
sional impression of a virtual sound field, then also
questions of human sound perception have to be con-
sidered. At this point, we leave the secure basis of
physical science and enter the realm of psychoacou-
stics. A tremendous amount of research has been con-
ducted in this area. For an introduction, see [2] and
the references contained therein. We will quote only
some of the common concepts to describe what is cal-
led spatial hearing. This term can be roughly defined
by some questions, which naturally arise, when we try
to evaluate the human sound perception capabilities:

� How can we tell the direction of a sound source?

� How can we tell the distance of a sound source?

� How can we separate different sound sources,
even in the presence of strong background noise?

3.1. Interaural Time and Intensity Differences

The ability to tell the direction of a sound source can
be traced to two basic differences in the sound percep-
tion with both ears [2]:

� The interaural time difference (ITD) is the diffe-
rence in the arrival time of a wave front between
the two ears.

� The interaural intensity difference (IID) is the
difference in perceived intensity between the two
ears.

Both kinds of differences act together to provide spa-
tial information about the direction of arrival of a wave
front. The human hearing system can resolve time dif-
ferences between both ears for signals up to frequen-
cies of 1 kHz. The relation between the relative time
difference of two signals and the direction of arrival
is based on a simple geometrical argument. In this
sense, the ears act as a two-microphone-array. For



low frequencies, there is no noticeable intensity diffe-
rence between both ears, due to diffraction at the head.
For frequencies with a wavelength shorter than the dia-
meter of the head (typically 1.5 kHz and higher) dif-
fraction becomes negligibleand an intensity difference
between both ears is perceived.

There is evidence [2], that the human hearing sy-
stem combines ITD and IID for the location of sound
sources. ITD dominates for low frequencies, while IID
works for high frequencies.

Application of these concepts to acoustic rende-
ring calls for post processing of the receiver signal.
Once the response to a sound source is determined by
the methods of the previous section, the receiver signal
has to be split into two signals for the left and for the
right ear respectively. These signals are delayed and
filtered in order to produce the interaural time and in-
tensity differences which correspond to the direction
of the source signal.

3.2. Head-Related Transfer Functions

The ITD and IID just considered are only the starting
point for an interpretation of the human hearing sy-
stem. They allow to discriminate the source position
in terms of left – right, but they do not explain why we
can also locate sound sources above and below or in
front or in the back of our head.

These effects can only be explained when the shape
of the pinnae is taken into account. They act as a filter
between the sound field outside the ears and the ear-
drum. Technically, their effect on spatial hearing can
be described by a transfer function, the so calledhead-
related transfer function (HRTF). Of course there are
two HRTFs, one for each ear. They are defined as the
frequency dependend relation of the sound pressure at
the eardrum to the sound pressure at the receiver lo-
cation when the listener is absent. Much effort has
been devoted to measurements of the HRTFs and cor-
responding data sets for typical HRTFs are available
[2].

Their application to acoustical rendering is straight-
forward. After the receiver signal has been split into
a left and right ear signal and both signals have been
treated with the appropriate ITD and IID information,
the final step is the filtering with the corresponding
HRTF for each ear. When these signals are delivered
by ear phones directly to the listener's eardrum, they
carry the necessary spatial cues to enable spatial hea-
ring of virtual sound sources.

4. IMPLEMENTATION

Finally, we will briefly address some issues in the prac-
tical implementation of the methods and concepts des-
cribed above. The first topic is the proper choice of the
sound propagation method. The most general method
with the highest potential of accuracy is the numeri-

cal simulation of wave propagation by a suitable algo-
rithm like the finite difference method. Unfortunately,
the numerical expense increases with the fourth power
of the highest signal frequency, which renders this me-
thod suitable for low frequencies only.

The required number of floating point operations
for the geometrical methods is independent from the
signal frequency. However, they rely on the assump-
tion of sound ray propagation and do notaccount for
diffraction. This effect is only negligible for wave-
lengths which are small compared to the room dimen-
sions (roughly above 1 kHz).

These arguments suggest to split the source signal
into a low frequency and a high frequency part. The
low frequency part can be modelled by a numerical
method, which considers diffraction. The high fre-
quency part can be treated with a geometrical method
or with a combination of the ray-tracing and the radio-
sity method [10] (see fig. 10).

highpass

method
finite diff.

ray tracing
radiosity

lowpass

Figure 10: Combination of numerical simulation for
low frequencies and geometric simulation for high fre-
quencies

Finally, we put the pieces together to form a com-
plete acoustic rendering system. We have not mentio-
ned sound modelling, because it is not peculiar to our
application. Sounds may be prerecorded or synthesi-
zed according to some model. The propagation from
the source to the receiver is traced with a system ac-
cording to fig. 10 or a part thereof. The spatial hearing
capabilities of a human listener are taken intoaccount
by splitting the received signal into two channels for
the left and the right ear, respectively. Both channels
receive the proper delay and filtering to produce the
desired psychoacoustic effects (see fig. 11).

right

left

prop.
h(t), Η(ω)

soundsound IID, ITD
HRTFmodelling

Figure 11: Combination of sound propagation and hu-
man preception modelling

5. CONCLUSION

As yet, there is no single method which is capable of
all aspects of acoustical rendering in complex environ-
ments as they appear in buildings. Sound propagation



simulation by numerical methods with desktop com-
puters is restricted to low frequencies. The situation
may change in the future with the use of more effi-
cient numerical algorithms and the availability of more
computing power at competitive prices.

The image source method is a straightforward and
computational feasible method for very simple room
geometries. Advanced geometric methods like the ray
tracing or the radiosity method can be implemented
on modern computers as long as the number of rays
in the ray tracing method or the number of patches in
the radiosity method are chosen reasonably small. Ho-
wever, geometric methods neglect diffraction effects
which are present for large wavelengths in the order of
the room dimensions. Since numerical and geometri-
cal methods are complementary, it seems worthwhile
to combine both methods.

In addition to the simulation of sound propagation,
also an impression of spatial hearing has to be achie-
ved. A proper modelling of the interaural time and
intensity differences and of the effects of the pinnae
by head related transfer functions provide the cues to
binaural hearing.

Some aspects of acoustical rendering have not been
considered. So far, only the effect of sound wave re-
flection at walls has been modelled, but no transmis-
sion of sound was taken intoaccount. This would be
the prerequisite for the assessment of sound absorbing
materials and for the determination of the total sound
level within a building. Also the question of accuracy
was not raised. Are these real time methods for acou-
stic rendering only crude approximations to reality or
do they have the potential to make quantitative predic-
tions? Is the sound quality good enough for a real time
judgment of the properties of a concert hall or an au-
ditorium?

The methods and concepts, which were reviewed
in this paper, provide an exciting extension to the vi-
sual rendering capabilities of modern design programs.
Their usefulness as a design tool in its own right has
yet to be established. Not only further laboratory rese-
arch but also user experience from a growing number
of implementations will promote this process.
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