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Spatial effects

V. Pulkki, T. Lokki and D. Rocchesso

5.1 Introduction

A listener is capable of sensing his surroundings in some degree using only hearing, for example
directions, distances, and spatial extents of sound sources, and also some characteristics of the
rooms. This information is obtained by comparing the sound signals in ear canals to a set of
spatial cues, used by the brain. Understanding the cues used by the hearing system helps the audio
engineer to introduce some artificial features in the sound material in order to project the sound
events in space. In the first half of this chapter, the most important techniques for sound projection
are described, both for individual listeners using headphones and for an audience listening through
a set of loudspeakers.

In natural listening conditions, sounds propagate from a source to the listener and during this
trip they are widely modified by the environment. Therefore, there are some spatial effects imposed
by the physical and geometric characteristics of the environment on the sound signals arriving to
the listener’s ears. Generally speaking, we call reverberation the kind of processing operated by
the environment. The second half of this chapter illustrates this kind of effect and describes audio-
processing techniques that have been devised to imitate and extend the reverberation that occurs
in nature.

The importance of space has been largely emphasized in electroacoustic compositions, with the
result that sophisticated spatial orchestrations often result in poor musical messages to the listener.
Indeed, space cannot be treated as a composition parameter in the same way as pitch or timbre
are orchestrated, just because space for sounds is not an “indispensable attribute” [KV01] as it
is for images. This relative weakness is well explained if we think of two loudspeakers playing
the same identical sound track: the listener will perceive one apparent source. The phenomenon
is analogous to two colored spotlights that fuse to give one new, apparent, colored spot. In fact,
color is considered a non-indispensable attribute for visual perception. However, just as color is
a very important component in visual arts, the correct use of space can play a fundamental role
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in music composition, especially for improving the effectiveness of other musical parameters of
sound, such as pitch, timbre, and intensity.

5.2 Concepts of spatial hearing

As already mentioned, using only hearing, humans can localize sound sources, and they are also
able to perceive some properties of the space they are in. This section considers both physical and
perceptual issues which are related to such perception of spatial sound.

5.2.1 Head-related transfer functions

As a sound signal travels from a sound source to the ear canals of the listener, the signals in
both ear canals will be different from the original sound signal and from each other. The transfer
functions from a sound source to the ear canals are called the head-related transfer functions
(HRTF) [Bla97]. They are dependent on the direction of a sound source related to the listener,
and they yield temporal and spectral differences between left and right ear canals. Due to the fact
that the ears are located on different sides of the skull, the arrival times of a sound signal vary
with direction. Also, the skull casts an acoustic shadow that causes the contralateral ear signal
to be attenuated. The shadowing is most prominent at frequencies above about 2 kHz, and does
not exist when the frequency is below about 800 Hz. The pinna and other parts of the body
may also change the sound signal. In some cases, it is advantageous to think about these filtering
effects in the time domain, thus considering them head-related impulse responses (HRIR). Several
authors have measured HRTFs by means of manikins or human subjects. A popular collection of
measurements was taken by Gardner and Martin using a KEMAR dummy head, and made freely
available [GM94, Gar97a]. A large set of HRTFs measured from humans have also been made
available [ADDA01]. The HRTFs are also dependent on distance [BR99] with sources close to the
listener. If the distance is more than about 1 m the dependence can be omitted. It will always be
assumed in this chapter that the sources are in far field.

5.2.2 Perception of direction

Humans decode the differences of sound between the ear channels and use them to localize sound
sources. These differences are called binaural directional cues. Temporal difference is called the
interaural time difference (ITD) and spectral difference is called the interaural level difference
(ILD) [Bla97]. Humans are sensitive to ILD at all frequencies, and to ITD mainly at frequencies
lower than about 1.5 kHz. At higher frequencies, humans are also slightly sensitive to ITDs between
signal envelopes, and not at all to ITD between the carriers of the signals. In typical HRTFs there
exists a region near 2 kHz, where ILD is not monotonic with azimuth angle, and listeners easily
localize the sources erroneously if the ITD between signal envelopes does not provide information
of sound source direction [MHR10].

ITD and ILD provide information on where a sound source is in the left–right dimension.
The angle between the sound source direction and the median plane can thus be decoded by the
listener. The median plane is the vertical plane which divides the space related to a listener into
left and right parts. The angle between the median plane and the sound source defines the cone
of confusion, which is a set of points that all satisfy the following condition: the difference in
distance from both ears to any point on the cone is constant, as shown in Figure 5.1. The angular
coordinate system used in this chapter is also shown in the figure, which utilizes clockwise azimuth
angle θ , being zero in front of the listener, and elevation angle φ, which defines the angle between
the horizontal plane and the sound source direction, where positive is above the horizontal plane.

The information of the cone of confusion provided by the ITD and ILD is only an intermediate
phase in the localization process. It is known that there are two mechanisms, which refine the



CONCEPTS OF SPATIAL HEARING 141

x

y

z

q

f

sound
source

cone of
confusion

Figure 5.1 The azimuth-elevation coordinate system and cone of confusion.

perceived direction. One is related to monaural spectral cues, and the other is the monitoring of
the effect of head rotation to binaural cues.

The monaural spectral cues are caused by the pinna of the listener, which filters the sound
depending on the direction of arrival. For example, the concha, which is the cavity just around
the ear canal opening, is known to have a direction-dependent resonance around 5–6 kHz
[Bla97]. This effect with other direction-dependent filtering by the pinna and torso of the listener
introduces spectral changes into the sound signal entering the ear canal at frequencies above 1–2
kHz. This provides information on the direction within the cone of confusion obtained from the
ITD and ILD cues. Note that this mechanism is thus dependent on the spectrum of the signal,
and a sufficiently broad and locally smooth spectrum is needed to decode the direction from the
monaural spectrum. If the signal has too narrow a bandwidth, monaural spectral cues cannot be
decoded. For example, some birds have a narrow bandwidth in their calls, and their localization
using only hearing is relatively hard.

The effect of head movements on binaural cues, and how humans use this information in sound
source localization [Bla97, GA97] are now discussed. For example, when a source is in front of the
listener, and the listener rotates his head to the right, the left ear becomes closer the source, and the
ITD and ILD cues change favoring the left ear. If the source is in the back of the listener, the cues
would change favoring the right ear. This dynamic cue gives information on the source direction.
Humans seem to use the information in a relatively coarse manner, such as if the source is in front,
back or above of the listener. However, it is a very strong cue. A simple and very effective spatial
effect can be composed by switching the ear canal signals of the listener in dynamic conditions
either with tubes or microphones and loudspeakers. In this device, the sound signal captured on
one side of the head of the listener is delivered to the ear on the other side. When wearing such a
device, a striking directional effect is obtained, where the perceived direction of the voice of the
visible speaker in front is perceived at the back of the listener.

5.2.3 Perception of the spatial extent of the sound source

It is also possible to perceive the extent of a sound source in some cases. For example, the sea shore
and grand piano can be perceived to have a substantial width only using audition. Unfortunately,
the knowledge of the corresponding perceptual phenomena and mechanisms is relatively sparse.
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A basic result is, that point-like broadband sound sources are perceived to be point-like, and when
incoherent broadband sound arrives from multiple directions evenly it is perceived to surround the
listener [Bla97]. In these cases, the perception corresponds well to the physical situation. When
the frequency content is narrower, or the duration of the stimulus is short, the perceived widths
of the sources are perceived to be narrower than in reality [PB82, CT03, Hir07, HP08]. When the
frequency bands of a broad sound signal are presented using loudspeakers in different directions, the
listener perceives the source to be wide, though not as wide as the loudspeaker ensemble is [Hir07].

5.2.4 Room effect

So far we have discussed only the direct sound coming from the source to the listener. In real
rooms and in many outdoor spaces there exist reflections and reverberation, which do not carry
information on the direction of the sound. A mechanism has evolved which helps to localize
sources in such environments. The precedence effect [Bla97, Zur87, LCYG99] is a suppression of
early delayed versions of the direct sound in source direction perception. This has been researched
a lot in classical studies, where a direct sound and a delayed sound are presented to a listener in
anechoic conditions with two loudspeakers. When the delay is about 0–3 ms, no echo is perceived,
and the perceived direction depends on the amplitude relationship and on the delay between the
loudspeakers. The perceived direction may also be dependent on the frequency content of the sound.
When the delay is about 5–30 ms, the presence of the lagging sound may be perceived, but it is not
localized correctly. With larger delays, the delayed loudspeaker starts to be localizable. The effect
is dependent on the signal, in principle: the more transient-like the nature of the signal, the more the
precedence effect is salient. The precedence effect manifests itself in the Franssen effect, where the
rapid onset of a sinusoid with a slow fadeout in one loudspeaker is interleaved with a slow fade in of
the same sinusoid in another loudspeaker. The listener does not perceive that the second loudspeaker
is emitting sound, but he erroneously perceives that the first loudspeaker is still active [Bla97].

Humans can also perceive the effect of the room in some manner. Indeed, in real life, a free-
field condition very seldom occurs and sound always contains some reverberation, composed of
reflections from surfaces. Humans can estimate the size of a room and even surface materials by
listening to sounds. The perception relies on the density of the reflections and the length of the
reverberation. Consider a concert hall and a bathroom, which both can have a reverberation time
of 2 to 3 seconds, i.e., the sound is audible 2 to 3 seconds after the source has stopped emitting
sound. The density of reflections, as well as their frequency characteristics modify the sound color,
based on which humans can tell the size of space, even though the reverberation time in both cases
is the same. The shape of the space can be also perceived to some extent, at least if it is a long
narrow corridor, or a big concert hall.

5.2.5 Perception of distance

Humans also perceive the distance of sound sources to some extent [Bla97]. There are some main
cues used for this. The perceived loudness created by a sound source has been proven to affect
the perceived distance: the softer the auditory event, that farther away it is perceived. However,
the signal has to be somewhat known by the listener, and is effective only with sources in about
1 m–10 m distances.

Listeners use the acoustical room effect caused by the source in perception of distance: the
more the room effect is present in the ear canals of the listener, the farther away is the source
perceived. This is quantified with the direct-to-reverberant ratio (DRR) of sound energies expressed
in decibels. Besides the DRR, the room also has another well-known effect on perceived distance.
If the impulse response of the room contains no strong early reflections, the source is perceived to
be relatively near. This is utilized in studio reverberators with a predelay parameter, which controls
the delay between the direct sound and the reverb tail. If the value of the predelay is long enough,
the source is perceived at the distance of the loudspeakers, and if it is very short, then the source
is perceived to be farther away.
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When the source is very near to the listener, there are also some binaural effects which are used
in distance perception [DM98]. With close sources the magnitude of ILD is higher and appears
at lower frequencies than a far source with the same direction, which creates the perception of a
nearby source.

5.3 Basic spatial effects for stereophonic loudspeaker
and headphone playback

The most common loudspeaker layout is the two-channel setup, called the standard stereophonic
setup. It was widely taken into use after the development of single-groove 45◦/45◦ two-channel
records in the late 1950s. Two loudspeakers are positioned in front of the listener, separated by
60◦ from the listener’s viewpoint, as presented in Figure 5.2. The setup of two loudspeakers is
very common, though quite often the setup is not as shown in the figure. In domestic use, or in
car audio typically the listener is not situated in the centre, but the loudspeakers are located in
different directions and distances from him than in Figure 5.2. However, even then two-channel
reproduction is preferred from monophonic presentation in most cases. On the other hand, in some
cases the listener can be assumed to be in the best listening position, as in computer audio.

q0 = 30°
q

Virtual source

Best
listening
area

Figure 5.2 Standard stereophonic listening configuration.

This section deals with the spatial effects obtainable with such two-channel reproduction and
simple processing. Two types of effects are presented, the creation of point-like sources, and the
creation of spatially spread sources. More advanced methods for loudspeaker reproduction with
HRTF processing are discussed in Section 5.4.5, which provide some more degrees of freedom, but
unfortunately also introduce some limitations in listening position and listening room acoustics.

5.3.1 Amplitude panning in loudspeakers

Amplitude panning is the most frequently used virtual-source-positioning technique. In it a sound
signal is applied to loudspeakers with different amplitudes, which can be formulated as

xi(t) = gix(t), i = 1, . . . , N, (5.1)
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where xi(t) is the signal to be applied to loudspeaker i, gi is the gain factor of the corresponding
channel, N is the number of loudspeakers, and t is the time. The listener perceives a virtual source,
the direction of which is dependent on the gain factors.

If the listener is located equally distant from the loudspeakers, the panning law estimates the
perceived direction θ from the gain factors of loudspeakers. The estimated direction is called
the panning direction or panning angle. In [Pul01] it has been found that amplitude panning
provides consistent ITD cues up to 1.1 kHz, and roughly consistent ILD cues above 2 kHz for a
listener in the best listening position. The level differences between the loudspeakers are changed
a bit surprisingly to phase differences between the ears, which is due to the fact that the sound
arrives from both loudspeakers to both ears, which is called cross-talk. This effect is valid at low
frequencies. At high frequencies, the level differences of the loudspeakers turn into level differences
due to lack of the cross-talk caused by the shadowing of the head.

There exist many published methods to estimate the perceived direction. In practice, all the
proposed methods are equally good for audio effects, and the tangent law by Bennett et al. [BBE85]
is formulated as

tan θ

tan θ0
= g1 − g2

g1 + g2
, (5.2)

which has been found to estimate perceived direction best in listening tests in anechoic listening
[Pul01]. There are also other panning laws, reviewed in [Pul01].

The panning laws set only the ratio between the gain factors. To prevent undesired changes
in loudness of the virtual source depending on panning direction, the sum-of-squares of the gain
factors should be normalized:

����
N�

n=1

g2
n = 1. (5.3)

This normalization equation is used in real rooms with some reverberation. Depending on listening
room acoustics, different normalization rules may be used [Moo90].

The presented analysis is valid only if the loudspeakers are equidistant from the listener, and
if the base angle is not larger than about 60◦. This defines the best listening area where the virtual
sources are localized between the loudspeakers. The area is located around the axis of symmetry of
the setup, as shown in Figure 5.2. When the listener moves away from the area, the virtual source
is localized towards the nearest loudspeaker which emanates a considerable amount of sound, due
to the precedence effect.

In principle, the amplitude-panning method creates a comb-filter effect in the sound spectrum,
as the same sound arrives from both loudspeakers to each ear. However, this effect is relatively
mild, and when heard in a normal room, the room reverberation smooths the coloring effect
prominently. The sound color is also very similar when heard in different positions in the room.
The lack of prominent coloring and the relatively robust directional effect provided by it are very
probably the reasons why amplitude panning is included in all mixing consoles as “panpot” control,
which makes it the most widely used technique to position virtual sources.

M-file 5.1 (stereopan.m)

% stereopan.m
% Author: V. Pulkki

% Stereophonic panning example with tangent law
Fs=44100;
theta=-20; % Panning direction
% Half of opening angle of loudspeaker pair
lsbase=30;
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% Moving to radians
theta=theta/180*pi;
lsbase=lsbase/180*pi;
% Computing gain factors with tangent law
g(2)=1; % initial value has to be one
g(1)=- (tan(theta)-tan(lsbase)) / (tan(theta)+tan(lsbase)+eps);
% Normalizing the sum-of-squares
g=g/sqrt(sum(g.^2));
% Signal to be panned
signal=mod([1:20000]’,200)/200;
% Actual panning
loudsp_sig=[signal*g(1) signal*g(2)];
% Play audio out with two loudspeakers
soundsc(loudsp_sig,Fs);

5.3.2 Time and phase delays in loudspeaker playback

When a constant delay is applied to one loudspeaker in stereophonic listening, virtual sources with
transient signals are perceived to migrate towards the loudspeaker that radiates the earlier sound
signal [Bla97]. Maximal effect is achieved asymptotically when the delay is approximately 1.0
ms or more. However, the effect depends on the signal used. With continuous signals containing
low frequencies, the effect is much less prominent than with modulated signals containing high
frequencies.

In such processing the phase or time delays between the loudspeakers are turned at low
frequencies into level differences between the ears, and at high frequencies to time differences
between the ears. This all makes the virtual source direction depend on frequency [Coo87, Lip86].
The produced binaural cues vary with frequency, and different cues suggest different directions for
virtual sources [PKH99]. It may thus generate a “spread” perception of direction of sound, which
is desirable in some cases. The effect is dependent on listening position. For example, if the sound
signal is delayed by 1 ms in one loudspeaker, the listener can compensate the delay by moving 30
cm towards the delayed loudspeaker.

M-file 5.2 (delaypan.m)

% delaypan.m
% Author: V. Pulkki
% Creating spatially spread virtual source by delaying one channel
Fs=44100;
% Delay parameter for channel 1 in seconds
delay=0.005;
% Corresponding number of delayed samples
delaysamp=round(delay*Fs)
% Signal to be used
signal=mod([1:20000]’,400)/400;
signal(1:2000)=signal(1:2000).*[1:2000]’/2000; % Fade in
% Delaying first channel
loudsp_sig=[[zeros(delaysamp,1); signal(1:end-delaysamp)] signal];
% Play audio with loudspeakers
soundsc(loudsp_sig,Fs);

A special case of a phase difference in stereophonic reproduction is the use of antiphasic
signals in the loudspeakers. In such a technique, the same signal is applied to both loudspeakers,
however, the polarity of the other loudspeaker signal is inverted, which produces a constant 180◦


