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Summary
This paper proposes a framework model for the analysis of sound source localisation under the precedence effect
using Gaussian mixtures. The model quantifies the effect of the lagging sound over the angular position and the
width of the perceived auditory event, and incorporates some well-known aspects of the precedence effect in a
single framework. Two sound source localisation experiments were carried out in order to show the utility of
the proposed model. In the first experiment, the localisation accuracy for single sound sources was measured. In
the second experiment, the subjects localised spectrally coherent lead-lag stimulus pairs with different angular
separations. The responses were analysed using the proposed model. It is shown that the model can be used for
assessing the fusion, localisation dominance, and the lag discrimination suppression aspects of the precedence
effect as well as the associated widening of the auditory event.

PACS no. 43.66.Qp, 43.66.Pn

1. Introduction

One of the most important perceptual phenomena in com-
plex acoustical environments is the precedence effect
[1, 2, 3]. The physiological, neural, or cognitive mecha-
nisms involved in the occurrence of the precedence effect
suppress the directional information conveyed in most of
the reflections. However, this suppression does not void
all the information conveyed in the reflections. Rather, the
apparent width and distance of the sound source, and the
diffuseness of the auditory event strongly depend on the
presence of reflections. Although the directional informa-
tion conveyed in the reflections is suppressed, some reflec-
tions can still be discriminated as being incident from the
right or the left of the actual sound source. This allows the
auditory system to build an internal representation of the
acoustical environment and the sound source.

The precedence effect was discovered around the same
time by two different groups (in 1949 by Wallach, New-
man, and Rosenzweig at Harvard University, USA [4],
and in 1951 by Haas at the University of Göttingen, Ger-
many [5]). In the classical precedence effect experiment,
two loudspeakers separated by �� on the horizontal plane
(left loudspeaker at �� and the right loudspeaker at � az-
imuth) are positioned at a distanceR from the listener. One
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of these loudspeakers is stimulated with a broadband click
and the other one with the delayed replica of it (see Fig-
ure 1).

At short inter-onset delays (�t) between the direct
sound and the reflection, a single fused auditory event is
perceived [2, 6]. This phenomenon is known as fusion.
As �t is increased beyond the temporal echo threshold
(�high), the simulated reflection becomes audible as a sep-
arate auditory event (i.e. as an echo). For �t � �, the
fused auditory image appears right at the middle of the
two sound sources. As the delay is gradually increased,
the perceived auditory image shifts toward the leading
sound. At a lower threshold, �low, the fused image does
not shift significantly anymore and the perceived location
of the fused auditory event depends more on the location
of the leading sound than the location of the lagging sound
[3, 7, 8, 9, 10]. This phenomenon is known as the locali-
sation dominance. This property of the precedence effect
is important in the sense that it allows near-accurate detec-
tion of the actual direction of a sound source in the pres-
ence of interfering reflections within the given time limits.

A change in the location of the lagging sound source
is more difficult to perceive than a change in the loca-
tion of the leading sound [10, 11, 12]. This phenomenon
is known as (lag) discrimination suppression which pre-
vents the perception of the direction of the lagging sound
for a given range of �t values. Discrimination suppres-
sion is also an important property of the human auditory
system which reduces the redundant directional informa-
tion conveyed in the reflections. It has been shown that the
minimum audible angles (MAAs) for the lagging sound
sources are higher than either MAAs for single sound
source condition or the leading sound [13, 14, 15, 16].
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Figure 1. Classical precedence effect experiment (after Blauert,
1997). (a) The test setup, and (b) the direction of the auditory
event with respect to the lead/lag delay.

Comprehensive reviews of previous work and extensive
lists of previously measured average echo thresholds, and
lag discrimination suppression thresholds, can be found in
Zurek [17], Blauert [1] and Litovsky et al. [2].

Further, the presence of lateral reflections increases the
perceived width and diffuseness of the auditory event in
comparison with the single sound source localisation case
[18]. Even the presence of a single reflection changes the
perception of the auditory event substantially, adding spa-
ciousness to the overall perception of the acoustical envi-
ronment.

This paper proposes a framework model which can be
utilised in the analysis of sound source localisation under
the precedence effect conditions. The proposed model ac-
commodates means of modelling the fusion, localisation
dominance, lag discrimination suppression properties of
the precedence effect and the associated widening of the
auditory event. The applicability of the model is displayed
by applying the model on data obtained in subjective lo-
calisation experiments.

The organisation of the paper is as follows: The previ-
ous models of the precedence effect are briefly reviewed,
and the motivation of the paper is laid out in section 2.
A parametric framework model of sound source localisa-
tion under the precedence effect is presented in section 3.
Two subjective localisation experiments are reported in

sections 4 and 5. The results of the experiments are in-
terpreted in section 6 for displaying the application of the
proposed model. The relation of the present study to previ-
ous studies is given in section 7. The findings are discussed
in section 8 and the conclusions are drawn in section 9.

2. Background and motivation

2.1. Background

It is well-known from observational studies that the prece-
dence effect has both temporal and localisational aspects.
There have been different attempts at quantifying the rela-
tive influence of the reflections over the perceived auditory
event. However, there is no general consensus on how to
assess the relative prominence of a given early reflection
with reference to its direction, arrival time, and level. The
following discussion gives a brief account of the previous
approaches.

2.1.1. Acoustical plausibility hypothesis

When a click-pair is repeated a number of times from
two spatially separated loudspeakers, the temporal echo
threshold (�high) gradually increases (i.e. the lagging
sound is not heard as an echo even at longer delays). If
the spatial positions of the leading and the lagging click
are exchanged at the end of the click train instantly, the
precedence effect breaks down and the sound sources are
perceived as separate auditory events [19]. After a few rep-
etitions of the new condition, the precedence effect builds
up again and the location of the new leading source domi-
nates. This phenomenon is called the Clifton effect [1].

Other than the Clifton effect, a sudden change in the
frequency spectrum of the lagging sound [20], a sudden
increase or decrease of the delay between the leading and
the lagging sounds [21], and suddenly switching from a
single-source stimulus to one with a simulated reflection
[6], may also result in the breakdown of the precedence
effect. In the context of an experiment investigating the in-
fluences that affect the buildup and the breakdown of the
precedence effect, Clifton et al. [22] suggest that, a sig-
nificant change in the azimuthal direction of a reflection
can cause the breakdown of the built-up precedence effect.
Further, it was shown that the precedence effect builds up
directionally [23], and that it is unlikely for the built-up
precedence effect to break down if the change in the az-
imuthal location of the lagging sound is small.

The acoustical plausibility hypothesis suggests that the
precedence effect is a cognitive process rather than one
taking place in the peripheral or central auditory systems.

2.1.2. Models of central inhibition

Central auditory system is thought to be the place in the
auditory path where binaural coincidence detection (and
thus the extraction of the ITD from binaural signals) takes
place [24]. Therefore, the localisational aspects of the
precedence effect point to the possibility that a central in-
hibition mechanism, which enables the extraction of the
actual location of the sound source, may be present. A
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number of computational models of the precedence effect
explore the possibility of including this inhibition mecha-
nism.

Two models deserve special attention as they have in-
spired more recent models. 1) Zurek’s precedence effect
model is one of the earlier models employing an inhibition
mechanism which depends on onset detection [17], 2) Lin-
demann’s precedence effect model [25, 26] is an extension
to the Jeffress’ running cross-correlation model. Zurek’s
model employs an onset detection mechanism to facili-
tate the inhibition of the directional information conveyed
in the reflections when an onset is detected. Lindemann’s
model includes a central inhibition mechanism, which sup-
presses forthcoming reflections when a local peak at the
running interaural cross-correlation is detected. Coinci-
dence detection is a process involving interaural differ-
ences. However, precedence effect is also known to occur
for sound sources on the median plane where no signifi-
cant interaural differences are present [27, 28]. This casts
doubt on whether the precedence effect is purely a process
involving binaural interaction.

2.1.3. Models of weighting

The observer-weighting approach [29] when used in a lo-
calisation task quantifies the relative perceptual weight of
the lagging sound on the overall perceived auditory event,
but does not model any localisation-related aspect of the
precedence effect. It is reasonable to use this approach to
assess the relative contribution of the lagging sound for
different lead/lag delays [30], onset dominance [31], and
binaural adaptation [32]. However, the effect of the lag-
ging sound on the perceived mean location and width of
the auditory event cannot be assessed.

A localisation based approach to modelling the salience
of the precedence effect is built upon the observation
that mean perceived azimuth of an auditory event is af-
fected in the presence of a lagging sound [1, 2]. The per-
ceived mean azimuth of a fused auditory event can be
attributed to a single effective interaural time delay (�e)
which is a weighed and noise-corrupted average of inter-
aural time delays (ITD) of the leading and the lagging
sounds (ITDlead, ITDlag) [7]:

�e � cS � ITDlead � ��� cS� � ITDlag �N��� ��� (1)

where � � cS � � and N��� �� is a zero-mean, Gaussian-
distributed random variable with a standard deviation �
which is independent from presentation to presentation.
The model quantifies the relative prominence of the lead-
ing ITD over the lagging ITD, by using a single prece-
dence level measure, cS , that denotes the level of prece-
dence. Therefore, the precedence effect is characterized by
the shift of the mean azimuth.

Litovsky and Macmillan [13] indicate that the Gaussian
term in the given model represents trial-to-trial variabil-
ity in localisation and not the spatial extent within a trial.
Hence, the increase in the apparent width of the auditory
event cannot be modelled.

Models of weighting are useful for the experimental in-
vestigation of the perceptual weight attributed to a reflec-
tion. However, the fundamental difficulty is that most of
the temporal and localisational aspects of the precedence
effect cannot be easily assessed.

2.2. Motivation

The hypothesis investigated in this study is as follows:
A sound source is conceptualised as an information

source encoding audible positional information in terms
of the interaural differences. However, additive perceptual
noise corrupts this information at the receiver (i.e. listener)
side. This additive perceptual noise is assumed to be Gaus-
sian with a zero mean (� � �) and with a standard devi-
ation (�) related to the localisation blur [1]. Single sound
source localisation experiments are usually in agreement
with this assumption in the sense that observational data
in free field sound source localisation experiments are nor-
mally distributed.

For the classical precedence effect experiment with two
such information sources, the sound localisation responses
are expected to be sampled from a linear mixture of two
Gaussian distributions. The means of the mixture compo-
nents are determined by the processes involved in the oc-
currence of the precedence effect and the standard devia-
tions are equal to the standard deviation of the perceptual
noise for single sound source condition.

It must be pointed out that the intention of this study is
not to investigate the psychophysical mechanism govern-
ing the precedence effect itself or to suggest a physiolog-
ically feasible explanation to the precedence effect, but to
assess the observational aspects. That is to say, the internal
representation of the perceived auditory event is under in-
vestigation, and not the psychological, physiological, neu-
rological or cognitive processes resulting in such an inter-
nal representation. The approach taken in this paper rather
aims to develop a framework model which embodies some
well-known properties of the precedence effect.

3. A framework model of sound source lo-
calisation under the precedence effect

3.1. Gaussian distributions for modelling sound
source localisation

A sound signal played using a single sound source in free-
field conditions is the only contributor to the perceived au-
ditory event if its level at the listener position is higher
than the absolute threshold of hearing. In such a scenario,
it may be observed from localisation experiments that the
sound localisation can be modelled simply as a single
Gaussian distribution. The single Gaussian model has two
parameters: the mean value (�) which is related to the per-
ceived mean azimuth of the sound source, and the standard
deviation (�) which is related to the additive perceptual
noise (or response variation). This variation is related to
the MAA of the sound source and is a measure of subjec-
tive localisation acuity.

3



When there are two sound sources, it is reasonable to
assume that the observational data is a linear combination
of two Gaussian distributions (i.e. a Gaussian mixture).
A two-component Gaussian mixture has five parameters.
These are the mean values of the mixture components (��
and ��), the variances of the mixture components (�� and
��), and the mixture proportion (p). The total number of
physical parameters that relate to the sound sources are the
actual azimuth angles of the leading and the lagging sound
sources (�lead and �lag), the individual levels of the sound
sources (Llead and Llag), the temporal separation between
the leading and the lagging sound sources (�t), spectral
content, and the spectral coherence of the leading and the
lagging sounds. The following two sections explain how
these physical parameters can be related to the model pa-
rameters.

3.2. Mixture of two Gaussian distributions

A two-component univariate Gaussian mixture is defined
as:

����� ��� ��� ��� p� � p �N���� ��� (2)

� ��� p� �N���� ����

where ��, ��, ��, ��, and p are the means, standard devia-
tions and the mixture proportion of the model respectively.
Further specifics about a Gaussian mixture are the equiv-
alent mean (�mix) and the equivalent variance (��mix)
which can be expressed as:

�mix �

�X
i��

pi�i� (3)

��mix �

�X
i��

pi��
�
i � ��i �� ��mix� (4)

The following inequalities hold for the equivalent mean
and variance:

�� � �mix � ���

��mix � max���� � �
�
��� (5)

A Gaussian mixture of two components can have at least
one (unimodal) and at most two modes (bimodal) [33].
The modes of a Gaussian mixture cannot be obtained using
a closed form equation and require an iterative algorithm.
However, a sufficient condition for determining whether a
Gaussian mixture is unimodal is defined in [34] as:

j �� � �� j� �min���� ���� (6)

This suggests that for�� � ��, the mixture is unimodal re-
gardless of the other parameters. If �� � �� � �, a stricter
condition which depends also on the mixture proportion,
p, is: ���� � ��

�� � ��
q
� �

�� ln �p�� ln ��� p�
����� (7)

Figure 2 shows the dependence of the modality of a Gaus-
sian mixture distribution on the means of its components.
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Figure 2. Unimodality vs. bimodality of a two-component Gaus-
sian mixture. (a) Unimodal mixture with �� � �, �� � � (dot-
ted) and �� � �, �� � � (dash-dot), and (b) bimodal mixture
with �� � �, �� � � (dotted), and �� � ��, �� � � (dash-dot)
of the variate x.

The mixture proportion, mean and variance of the first
component, and the variance of the second component are
held fixed (p � ��	, �� � �, �� � 
, �� � �) while the
mean of the second component (��) is increased. For the
case �� � 	, this results in a unimodal distribution, and for
the case �� � ��, in a bimodal distribution with reference
to equation (6).

Given a set of observations drawn from a Gaussian mix-
ture, the parameters of the mixture distribution can be
obtained by a two-step algorithm known as the expec-
tation maximization (EM) algorithm. The EM algorithm
works by recursively calculating the expectation of the
log-likelihood of data given the parameters of a Gaussian
mixture model, and adjusting the mixture parameters (i.e.
component means and variances, and mixture proportions)
accordingly to increase the value of this expectation.

A two-component Gaussian mixture always provides an
equivalent or better fit to any finite dataset than a sin-
gle Gaussian (see for example [35]). Further, a three-
component Gaussian mixture obtained in the same way
using the EM algorithm would also provide a fit equiva-
lent to or better than a two-component mixture. It must be
noted that the number of components in the mixture model
that we propose structurally has to be two and only two if
we aim to separate the effect of the lag on the perceived
auditory event(s) for a single lagging sound.

3.3. Modelling the precedence effect using a Gaus-
sian mixture model

The precedence effect depends in many ways on the time
delay (�t) between the leading and the lagging sound
sources, levels (Llead andLlag), the level difference (�L),
the spectral content, the spectral coherence, and the az-
imuthal directions (�lead, �lag) of the leading and the lag-
ging sound sources. Therefore, any proposed model of the
precedence effect has to take these factors into account.

In the absence of other sound sources in the free-field, a
sound source is perceived at a mean location that coincides
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with the actual azimuth direction of the sound source. The
following three assumptions are made for the precedence
effect conditions for which the leading and the lagging
sounds are spectrally coherent:
� Each sound source has a probability of being perceived

which is related to its relative presentation level with
respect to other sound sources. This probability deter-
mines the contribution of the sound source to the per-
ceived auditory event. It is also assumed that the lag-
ging sound signal has a level which is smaller than or
equal to the level of the leading sound signal. This as-
sumption is consistent with the fact that, in nature, a
reflection always has a level smaller than that of the
direct sound.

� The variance of the perceptual noise is similar for each
sound source. In the presence of a leading sound sig-
nal and at least one lagging sound signal, this noise is
additive and is related to the apparent width of the per-
ceived auditory event.

� The precedence effect is a simple process which mod-
ifies the perceived directions of the individual auditory
events and not the perceptual noise associated with
them. The nature of this modification depends on the
time delay and the spatial separation between the lead-
ing and the lagging sound sources.

3.3.1. Temporal aspects, fusion and localisation domi-
nance

In the classical precedence effect experiment, two sound
sources at different azimuth directions are used. The per-
ceived auditory event can be modelled as a mixture of two
Gaussian distributions:

�PE��lead� �lag � �lead� �lag � p� � (8)

p �N��lead� �lead� � ��� p� �N��lag � �lag��

where N��� �� is the normal distribution, �lead is the
mean perceived azimuth of the leading sound source, �lag
is the mean perceived azimuth of the lagging sound source,
�lead and �lag are the standard deviations of the additive
perceptual noise attributed to the leading and the lagging
sound sources respectively; ��� p� and p are the mixture
proportions which represent the perceptual weight given to
each sound source in the formation of the composite audi-
tory event. As suggested by the first assumption, p � ��	
(i.e. the leading sound has a higher presentation level than
the lagging sound).

The mean values of the mixture components can be ex-
pressed as weighted averages of the actual azimuth direc-
tions of the sound sources:

�lead �
�

�

h�
� � clead��t����

�
� �lead

�
�
�� clead��t����

�
� �lag

i
� (9)

�lag �
�

�

h�
� � clag��t����

�
� �lead

�
�
�� clag��t����

�
� �lag

i
� (10)

Leading
Sound

Lagging
Sound

lag laglead lead

Figure 3. Two Gaussian mixture components on the perceptual
azimuth axis. The actual azimuthal positions of the sound sources
are denoted with arrows.

where clead��t���� and clag��t����, the precedence
levels, are functions of both the time delay (�t) and the
azimuth separation (�� � �lead � �lag) between the lead-
ing and the lagging sound sources. Given that �lead and
�lag are near, the auditory event would be perceived as a
single fused auditory event. It must be noted that, under
the precedence effect conditions with no level difference
between the sound sources, the larger the values of clead
and clag , the closer the fused auditory event will be to the
leading sound (see Figure 3).

The following piecewise continuous functions can be
used for clead��t���� and clag��t����:

clead��t���� �

������
�����

�t � �clead������low
if �t��low �

�clead����
if �low��t��high�

� if �t � �high�

(11)

clag��t���� �

������
�����

�t � �clag������low
if �t � �low�

�clag����
if �low��t��high�

�� if �t��high�

(12)

where �clead���� and �clag���� are functions of the az-
imuth separation (��) between the sound sources, �low is
the lower temporal threshold and �high is the higher tem-
poral threshold (see Figure 4). For any �t � t� � � and
�� � � �� �,

� � �clag��� � �clead��� � ��

clag��t���� � clead��t����� (13)

This relation suggests that when �t � �high (i.e. when
the lagging sound is not perceived as a separate auditory
event), such that the mean azimuths of the mixture compo-
nents related to the leading and the lagging sound sources
are between the actual azimuth angles of the leading and
the lagging sound sources. Further, any change in the ac-
tual azimuth of the lagging sound source is less likely to
change the mean azimuth of the fused auditory event (i.e.
the equivalent mean of the Gaussian mixture). Therefore,
the localisation dominance aspect of the precedence effect
can be modelled using the equations (9) through (12). It
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Figure 5. The Gaussian mixture model for the perception of
the direction of the auditory event at different time delays for
�lead � ���� and �lag � ���. The precedence levels clead and
clag are as defined in the text.

should be noted that the precedence level functions are
motivated by the outcome of the classical precedence ef-
fect experiment as shown in Figure 1, i.e. �low corresponds
to the limit of summing localisation and �high corresponds
to the echo threshold.

Figure 5 shows the model output for � � �t � 
ms
with �lead � ���� and �lag � ��� for the condition
where there is no level difference between the leading and
the lagging sound sources and the well-known lower and
higher temporal thresholds for broadband click pairs (i.e.
�low � �ms and �high � 	ms). The mixture proportion, p,
is selected to be ��	 to reflect leading and lagging sounds
presented at the same level. �clead and �clag were selected
as ��� and ��� for demonstration purposes. When there is
no time delay (�t � �), there is a single fused auditory
event perceived at the mid-line. If the time delay is in-
creased such that � � �t � �ms, the mean perceived az-
imuth of the auditory event gradually shifts toward the di-

rection of the leading sound. When �ms� �t � 	ms, the
mean perceived azimuth is stable near the actual azimuth
of the leading sound source. If the time delay is increased
beyond this point, the lagging sound becomes audible as
a separate auditory event (i.e. as an echo). Thus, the tem-
poral properties of the precedence effect can be modelled
by defining precedence levels as two time-dependent func-
tions.

3.3.2. Apparent width

It may be observed from Figure 5 that the Gaussian mix-
ture model also has the capacity to model the widening
of the auditory event in comparison with the single sound
source case. When there’s a single fused auditory event,
the standard deviation of the mixture distribution is greater
than the standard deviation of a single auditory event. This
can be quantified in the following way:

Substituting equations (9) and (10) in equations (3) and
(4) it can be shown that:

�mix �

�
�

�
�c�� �

�

�
��

�
� (14)

��mix �
�

�
p ��� p���

c�
�
�

�
�
p��lead � ��� p���lag

�
� (15)

where

�� � �lead � �lag � (16)

�c � pclead � ��� p� clag � (17)

�� � �lead � �lag � (18)

�c � clead � clag � (19)

These equations suggest that if the presentation level of
the leading sound source is greater than the lagging sound
source (i.e. p � ��	), the equivalent mean of the mixture,
�mix is nearer to �lag . The equivalent variance which is
related to the width of the auditory event is maximum for
p � �� � p� � ��	 (i.e. presentation levels of the leading
and lagging sources are equal). If the level of the leading
sound increases (i.e. p � ��	 � �), the width of the fused
auditory event decreases.

Together with the assumption that �lead � �lag � �,
the widening of the auditory event can be characterized by
a single parameter, Ap �

p
��mix � �� defined as:

Ap �
�

�

	p
��� p�p


 ���c��

��� (20)

Therefore, the widening of the auditory event can be mod-
elled as a function of�c, and the shift of the fused auditory
event (from the midpoint) as a function of �c. The widen-
ing of the auditory event is maximum for p � �� � p� �
��	. The widening is less pronounced if the leading source
has a level greater than the lagging one (i.e. p � ��	).

For the classical precedence effect paradigm for which
the leading and the lagging sounds are exact copies of each
other presented at the same level, the mixture proportions
for both components are considered to be the same (i.e.
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p � ��� p� � ��	). Then, the equation above for the
increase in the apparent width becomes

Ap �
���c��

����� (21)

3.3.3. Lag Discrimination Suppression

The lag discrimination suppression aspect of the prece-
dence effect can be modelled using the modality of the
Gaussian mixture. If the mixture is unimodal, this refers
to the situation that the information whether the lagging
sound source is to the right or to the left of the leading
sound source is not available to the listener. If the mixture
is bimodal, it means that the listener is informed whether
the lagging sound source is to the right or to the left of the
leading sound source.

If we assume again that �lead � �lag � �, it is possible
to define a mixture modality function, Fmod, by substitut-
ing equations (9) and (10) in equation (7):

Fmod �
����	�c��

�� (22)

� �Ap � ��

s
� �

�

�
ln

�
p

�� p

�
�

The left side attains its minimum for the same presentation
level (i.e. p � �� � p� � ��	). If p � ��	 the right hand
side is greater than ��, and thus it is harder for the lagging
sound to be discriminated if the presentation level of the
leading sound is greater. If the lead and lag sources are
presented at an equal level the sufficient condition for the
mixture to be unimodal becomes:

Fmod �
����	�c��

�� � �Ap � ��� (23)

This condition, when satisfied, results in a unimodal dis-
tribution. However, it does not mean that the the mixture is
definitely bimodal if the condition is not satisfied. There-
fore, it may be stated that, if the increase in the apparent
width is greater than the smallest of the standard devia-
tions of lead and lag components (i.e. Ap � �), the dis-
tribution is no longer guaranteed to be unimodal. There-
fore, the model gives information on whether the lagging
sound contributes to the spatial properties of the auditory
event significantly or not. In other words, the model can
give information on the extent to which the directional in-
formation conveyed in the lagging sound is suppressed.
It should however be noted once again that this condition
does only provide a lower bound for the lag discrimination
suppression MAA, and not the lag discrimination suppres-
sion MAA per se.

Two experiments that demonstrate the application of the
proposed model are reported in the following sections. The
first experiment focuses on single source localisation that
provides a measure of the response bias. The second ex-
periment investigates sound source localisation for prece-
dence effect stimuli pairs.

Laser poinnter and
position tracker

curtain

1.8 m

3 m

-30°

-15° 15°

30°

0°

Figure 6. The test setup. The positions of the loudspeakers are
denoted by numbers.

4. Experiment 1: Single source localisation

The motivation of this experiment is to characterize the
source localisation acuity of the subjects and the response
and/or measurement bias for sound sources at different az-
imuth angles for the hybrid pointing task used in the sec-
ond experiment.

4.1. Method

4.1.1. Subjects

Five adults (three males including the first author ‘HH’,
two females; aged 20 to 36) with normal hearing par-
ticipated in this experiment. The subjects were informed
about the tasks that they were required to complete.
Although basic information was provided about sound
source localisation and the precedence effect, the subjects
except the author were not aware of the purpose of the ex-
periments and the hypotheses being tested.

4.1.2. Apparatus and stimuli

The sound localisation tests were carried out in an acous-
tically isolated and attenuated ���m �	�	m �
m critical
listening room (ITU-R BS 1116) with a reverberation
time (T��) of 
��ms. Five two-way loudspeakers (Gen-
elec 1030A) with a flat frequency response between 		Hz
to �� kHz (���	 dB) were placed on a circular arc of radius

m at a height of ���m. The loudspeakers were positioned
at �
��, ��	�, ��, �	�, and 
�� azimuth (see Figure 6).
The subject was seated at the centre of this circular arc on a
wooden armchair. The acoustic axes of loudspeakers were
pointed towards the subject. A black curtain was placed
between the loudspeakers and the subjects to prevent any
visual cues about the actual locations of the loudspeakers.
(see Figure 7)

The experiment was carried out in complete darkness to
prevent subjects from using any visual landmarks as loca-
tion cues. The subject wore a headstrap with an attached
laser pointer pointing to the subject’s forward direction
providing the only visual feedback. The receiver part of
an electromagnetic position tracker (Polhemus Isotrak II)
was also attached to the headstrap in alignment with the
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laser pointer. The subjects were asked to remove all metal-
lic objects on them before the test to prevent measurement
errors with the electromagnetic position tracker. The gath-
ered data consisted of the change in the angular position
of the head that is known to be a good measure of auditory
localisation [36].

An 8-channel audio interface (MOTU 828 Mk-I) was
used to activate the loudspeakers. A mixing desk (MAC-
KIE 1642-VLZ Pro) was used to attenuate signals between
the audio interface and the loudspeakers.

The stimuli were sampled at �� kHz with 16-bit quanti-
zation. They consisted of randomly generated 
ms win-
dowed white noise bursts with �ms rise-fall times and
were regenerated for every repetition. Therefore, the stim-
ulus spectrum changed randomly for each new presenta-
tion. The average level of the stimuli measured at the lis-
tener position was 	�–
�dBA. The background noise level
was less than 
� dBA. The generation and playback of
the stimuli as well as data acquisition from the position
tracker was controlled by using a special script running
under MATLAB.

4.1.3. Procedure

On each trial, the stimulus was presented using one of the
loudspeakers. The subject’s task was to turn her/his head to
face the perceived location of the sound source. The sub-
ject registered her/his response by using a response box at-
tached to the left arm of the seat while s/he was facing the
perceived location of the sound source. The stimulus could
be repeated as many times until the subject felt confident
with the response s/he gave. The subjects were encouraged
to listen to the stimulus a second time after the first presen-
tation after turning their heads towards the direction of the
perceived auditory event. A forced delay of 	��ms was in-
serted between consecutive repetitions to prevent binaural
adaptation. The order of loudspeakers to be activated was
fully randomized. No feedback was provided to the sub-
jects about the correct location of the loudspeakers. Pre-
sentation at each azimuth position was repeated 	� times
over the course of the test for each subject. Therefore, each
subject gave �	� responses in total in experiment 1. Each
subject was trained for 
� minutes before the experiment
for getting acquainted with the applied procedure. The ex-
periment took about an hour for each subject to complete.
Breaks were given during the experiment with regular in-
tervals to prevent fatigue.

4.2. Results

The hybrid pointing task required the subjects not only to
point to but also to face the perceived auditory event by
turning their heads. All the subjects listened to the stimuli
more than once as encouraged to do so. At each trial the
subjects listened to the stimulus, turned their heads in the
direction of the auditory event, and listened to the stimu-
lus again. Therefore, before finalizing their responses, the
direction of the active loudspeaker was already around ��

azimuth with respect to the subject’s head. However, as
the subjects were told not to reorient their bodies but only

Figure 7. top: The test setup, and bottom: the subject’s view dur-
ing the tests.

to turn their heads, the reflections originating from their
torsos differed in their direction with respect to the head
for each stimulus direction in comparison with the situ-
ation where the head is aligned with the median plane.
Therefore, the results of this experiment do not character-
ize sound source localisation accuracy for sounds at differ-
ent azimuths with respect to the listener’s median plane.
Rather, the experiment measures the extent to which the
localisation accuracy is affected due to the reflections from
the torso and the measurement bias depending on the an-
gular position of the head. The results therefore indicate
the response and/or measurement bias due to the specific
data collection technique that need to be eliminated.

Apart from the misalignment of the head from the me-
dian plane, the laser pointing method is also known to
cause a perceptual bias i.e. subjects consistently tend to
underestimate the actual angle, as a result of audiovisual
interaction [37, 38]. The results in this experiment are
comparable to previous findings in sound localisation tests
with other laser pointing techniques in terms of the bias.
A one-way independent analysis of variance (ANOVA)
shows that the mean response bias depends on the presen-
tation angle (F � 	��
�� df � 	� p 	 ����). Correlation
coefficients of the lines regressed to the mean values of re-
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sponses for each subject (r� � ���� for all of the cases)
show that the linear model is a valid representation of the
bias. The slope of the regression lines averaged over the
subjects is ���	� (std � ���
�) and the y-intercept (i.e. the
actual response bias at �� azimuth) is ��		 (std � ����	).
Figure 8 shows the bias and the linear regression model
for all subjects. The solid lines denote the linear regres-
sion model of bias. The linear model of the measurement
bias obtained for single-source situation in this experiment
is used in the analysis of the results of experiment 2 for
eliminating the effect of the perceptual bias related to the
measurement method.

The standard deviations of responses for different stim-
ulus conditions reflect sound source localisation accuracy
for the given condition. All the standard deviations were
within the interval ��
� � � � ���� (see Figure 9). These
values are comparable to the results of previous studies
[39, 40, 41]. The standard deviations are higher for j�j � �
(i.e. sound sources at azimuth angles other than ��). The
average standard deviation was ���
�.

5. Experiment 2: Precedence effect

The motivation of the second experiment is to obtain basic
localisation data under the precedence effect conditions.
The observational data obtained in this experiment is used
for displaying the application of the proposed model to ob-
tain model parameters for typical precedence effect condi-
tions.

5.1. Method

5.1.1. Subjects and apparatus

The subjects who participated in the first experiment also
participated in the second experiment. This experiment
also took place in the acoustically treated listening room
previously described. The apparatus was the same as that
used in Experiment 1.

5.1.2. Stimuli and procedure

The stimuli consisted of windowed white noise burst pairs
of 
ms length with �ms rise-fall times (see Figure 10). The
inter-onset delay was �ms and was kept constant through-
out the test. The lag delay of �ms is shown by previous
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Figure 9. Standard deviations for all the subjects for the single
source conditions and the standard deviations averaged across
the subjects.

studies to result in localisation dominance for broadband
stimulus pairs under similar listening conditions as utilised
in this experiment. Each lagging noise burst was a spec-
trally coherent copy of its respective leading burst. How-
ever, the stimuli were generated randomly during the ex-
periment, and the spectral characteristics of consecutive
lead-lag pairs differed for every new presentation and/or
repetition.

Each one of the loudspeakers was used for presenting
the leading sound (i.e. loudspeakers �, �, 
, �, and 	 in
Figure 6). The lagging sound was presented only from one
of the loudspeakers at �
��, �� or 
�� azimuth (i.e. loud-
speakers �, 
, and 	 in Figure 6).

The major strength of the proposed model in compari-
son with previous models is that it can account for the in-
crease in the perceived width of the auditory event. A lag-
ging signal incident from the same direction as the leading
signal (such as ceiling and floor reflections) increases the
localisation acuity in rooms [42] or in other words is ren-
dered less audible [43]. Therefore we chose not to include
same direction lead/lag pairs to reduce the test duration.
Also note that, as t he lead and the lag signals were spec-
trally coherent, presenting the stimuli pair from the same
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Figure 10. The temporal order of the stimuli used in the second
experiment. Note that the stimulus pair is presented from two
azimuthally separated loudspeakers.

Table I. The loudspeaker pairs used for stimulus presentation.

Stimulus �lead �lag �� LS pair (lead/lag)

1 ���� �� ���� 1/3
2 ���� ��� �	�� 1/5
3 ���� ���� ��� 2/1
4 ���� �� ���� 2/3
5 ���� ��� ���� 2/5
6 �� ���� ��� 3/1
7 �� ��� ���� 3/5
8 ��� ���� ��� 4/1
9 ��� �� ��� 4/3
10 ��� ��� ���� 4/5
11 ��� ���� 	�� 5/1
12 ��� �� ��� 5/3

loudspeaker would in effect mean that a comb filtered ver-
sion of the same signal is presented from a single direction.
Such a stimulus does not convey any specific binaural fea-
tures pertaining exclusively to the lagging signal that can
be resolved by head movement. Therefore, that the inclu-
sion of such conditions would introduce further complex-
ities was another concern. The loudspeaker pairs that are
used for pre senting the lead-lag stimulus pairs are listed
in Table I. The order of presentation was fully randomized
as in the previous experiment.

The task that the subjects had to carry out was similar to
the first experiment. The subjects were instructed to turn
their heads to face the more prominent auditory event if
they happen to perceive two auditory events. Each lead-lag
pair was presented 	� times. Thus, each subject gave 
��
responses in total. The experiment took about three to four
hours to complete for each subject. Regular breaks were
given to prevent fatigue. At the end of each session, per-
cussion music was played simultaneously from all loud-
speakers to mark the end of the session.

5.2. Results

All the subjects verbally reported that the stimuli were
“more difficult to localise, wider, and more spacious than
the previous experiment” reflecting the well-known prop-
erties of the precedence effect conditions. This was also

observed as an increase in the standard deviations of the
responses in comparison with the single sound source con-
ditions.

Before the analysis, the perceptual bias was corrected
using the linear bias model obtained from the results of the
previous experiment. This way, the relation associating the
actual and the perceived locations of the sound sources can
be inferred.

Figure 11 shows the localisation results for each subject
and stimulus pair. Except for the subject ‘TA’ whose re-
sponses had a higher spread in general, the responses do
not reflect huge inter-subject variability in terms of their
standard deviations. However, the mean perceived loca-
tions differ slightly from subject to subject. This may be
as a result of the differences in sensorimotor performance
between individual subjects for the experimental task in-
volving head movement.

An interesting feature of the obtained data is the asym-
metry of the responses depending on the relative position
of the leading sound source with respect to the lagging
sound source. If the leading sound source is to the right of
the lagging sound source the mean perceived direction is
nearer to the direction of the leading sound source. If the
leading sound source is to the left, the mean perceived po-
sition is pulled more towards the lagging sound source.
The difference between the means of absolute shift ob-
served in the mean perceived direction for right-leading
and left-leading conditions was significant at 	 � ���	
level (t � �����, df � 	�, p 	 �����). In other words,
the localisation dominance was stronger for the leading
sound sources originating from the right of the lagging
sound source. A similar spatial asymmetry has also been
reported by other authors [44, 45].

The responses for the lead-lag stimulus pairs were anal-
ysed by fitting two-component Gaussian mixtures. The
EM algorithm [46, 47] with 100 iterations was used. The
starting points of the algorithm were initialized with 10
small-EM runs. The algorithm was implemented as a part
of the MIXMOD package [48] running under MATLAB.

The mixture proportions were selected to be equal (p �
��	) as the leading and the lagging sound signals were
spectrally coherent copies presented at the same level to
the listener. The rationale of this choice was made clear
earlier. The means and variances of the mixture compo-
nents obtained using the EM analysis together with the
Gaussian assumption are given in Figure 12.

Both hypotheses (i.e. Gaussian or Gaussian mixture)
were tested with a Kolmogorov-Smirnov (KS) test. It was
possible to reject neither. This suggests that the responses
could have been interpreted to be single Gaussians as well.
However, as suggested previously, what distinguishes the
present model from that of Shinn-Cunningham et al. [7]
which models localisation data as a single Gaussian is its
ability to account for the increase in the apparent width
observed with the precedence effect as well as to quantify
the effect of the lagging sound source efficiently. There-
fore, using a more complex model with a larger number of
parameters can be justified.
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6. Analysis and interpretation of the re-
sponses with the mixture model

It is virtually impossible in practice to design a sound
source localisation experiment which would span the
whole space of parameters that may influence the prece-
dence effect. Therefore, the model parameters obtained
from the responses given in the second experiment are
valid only for the lead/lag delay (�t) of �ms with coher-
ent, broadband lead/lag pairs presented at the same level.
However, they provide information about a range of az-
imuth separations for the given time delay.

The Gaussian mixture model parameters (i.e. the com-
ponent means and variances) obtained using the EM al-

gorithm in the second experiment can be used to compute
the precedence levels (clead and clag) and the related pa-
rameters/functions (�c, �c, Ap, and Fmod) for the tested
stimulus conditions.

The precedence levels, clead and clag are calculated as:

clead �
��lead � ��lead � �lag�

��lead � �lag�
�

clag �
��lag � ��lead � �lag�

��lead � �lag�
� (24)

The mean value of the component nearer to the actual az-
imuth of the leading sound is indicated as �lead and the
mean value of the other component is indicated as �lag .
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The results show that the precedence levels for the lead-
ing sound are more stable and relatively higher than the
precedence levels for the lagging sound. Furthermore, the
precedence levels for the lagging sounds are lower for
smaller lead/lag separations (see Figure 13). This means
that, for smaller azimuth separations, influence of the lag-
ging sound source on the perceived azimuth of the com-
bined auditory event is greater.

Another interesting finding is that although the mean
values of clead are mostly smaller than �, responses to a
number of stimuli pair yielded mean clead values larger
than � for some of the subjects. This may be due to a neg-
ative shift of the mixture component related to the leading
sound or an unintended response bias.

The precedence level difference was calculated using
the lead and lag precedence levels. It is possible to ob-
tain the Ap values directly from the calculated precedence
level values. Ap represents the widening of the auditory
event under the precedence effect in comparison with the
apparent width of the auditory event for the single sound
source condition. The calculated Ap values represent the
predicted widening of the auditory event for the current
experimental setting. The comparison of these with the in-
crease in the response standard deviations reveals that the
value predicted by the model is in agreement with the in-
crease in the perceptual variation. The broken line in Fig-
ure 14 represents the increase in the response standard
deviations (i.e. the difference of standard deviations ob-
served in the first and the second experiments) averaged
over the subjects. The bold line represents the calculated
Ap values.

The �c data was exponential in appearance. Therefore,
two exponential functions ek���l were regressed (i.e. lin-
ear regression was applied after a Box-Cox transform) on
the �c data for the regions where �� � � and �� � �.
For �� � �, k � ���
�
 and l � ���	��� �r� � ���
�.
For �� � � k � ����
�	 and l � ���
��� �r� � �����.
This suggests a good fit to the obtained�c data. It must be

Lead-lag separation (deg)

-60 -45 -30 -15 0 15 30 45 60

S
T

D
d

if
fe

re
n

c
e

(s
)

D

0.2

0.4

0.6

0.8

1.2

1.4

1.6

1.8

1

Figure 14. The increase in the apparent width of the auditory
event. The broken line shows the actual increase (i.e. arithmetic
difference of the standard deviations of responses to single source
and lead-lad conditions). The bold line shows the predicted in-
crease Ap.

noted that the asymmetry of these exponential functions
was a direct result of the observed left/right asymmetry in
the responses.

The precedence level difference function,�c, is a func-
tion of ��. This function was used for calculating the
Fmod function for the�t value used in the experiment (i.e.
�t � �ms). As explained in equation (23), Fmod � ��,
is a sufficient condition for the mixture to be unimodal for
p � ��	. Therefore, we can suggest that for lead/lag sepa-
rations where Fmod � ��, the lagging sound has the po-
tential to change the modality of the responses. The lag
discrimination MAA for a lead/lag pair, is expected to lie
in the �� interval on which Fmod is greater than or equal
to twice the standard deviaion.

Figure 15(a) shows the Fmod function calculated using
the exponential model of �c. The function is not perfectly
symmetric with respect to �� � �� as the value of the
exponent, k, is different for �� � � and �� � �. This
asymmetry arises due to the mentioned left-right asymme-
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Figure 16. The lead and lag precedence levels (clead and clag) of
the present study and the single precedence level measure, cS .

try in the obtained responses. The upper horizontal broken
line shows �� � ���
� (i.e. twice the standard deviation
for a single sound source). When the modality function is
greater than this value, the response distribution is poten-
tially bimodal. The lead-lag separation corresponding to
the limit determines the bounds within which the lag dis-
crimination MAA is expected to lie. The lower horizon-
tal broken line shows �� � �� that corresponds to local-
isation acuity at free-field conditions. The vertical dotted
lines show the boundaries for the mixture to be unimodal.
The triangle and square markers represent lag discrimi-
nation MAA values obtained from Litovsky and Shinn-
Cunningham [13] and Perrott and Pacheco [15] respec-
tively. These will be discussed shortly in the next section.

7. Relation to Previous Studies

The concept of precedence level functions in the pro-
posed model was inspired by an earlier study by Shinn-
Cunningham et al. [7] in that the perceptual weights as-
signed to each sound source (presented over headphones)

was assessed using the localisation data obtained using an
acoustic pointer. The stimuli used in that study was ran-
dom white noise samples. Two time delays were used;
�t � �ms for strong precedence and �t � ��ms for
weak precedence. The presentation levels were �� dB and
���dB.

The data obtained in the present experiments are not
directly comparable to the results reported by Shinn-
Cunningham et al. as the time delay (�ms and ��ms vs.
�ms), presentation medium (headphone vs. loudspeaker),
and the presentation level were not the same. In the men-
tioned study, a single interaural cue (ITD) was investi-
gated. However, some general comments can be made
about the similarity of the results.

It may be suggested that the time delay used in the
present experiment resulted in a precedence effect that was
neither as strong as the �ms delay nor as weak as the
��ms delay used in the Shinn-Cunningham et al. study.
The precedence level measure, cS , reported by Shinn-
Cunningham et al. can be related to the precedence levels
in the present study as:

cS �
�

�
�clead � clag� � (25)

The results presented in that study show that the prece-
dence level is generally around � for the strong precedence
condition, and smaller than � for the weak precedence
condition. Figure 16 presents the lead and lag precedence
levels (clead and clag) and the single precedence measure
cS calculated from the results of the second experiment.
It may be stated that the precedence level is stronger for
larger azimuth separations for the stimulus and presenta-
tion conditions in the present experiments. This is in agree-
ment with Shinn-Cunningham et al.’s general remark that
the precedence level values increase with the absolute dif-
ference between the ITDs of the leading and the lagging
sounds.

In another study, Litovsky and Shinn-Cunningham in-
vestigated fusion, localisation dominance and discrimina-
tion suppression properties of the precedence effect for
�ms long Gaussian white noise stimuli with abrupt on-
sets and offsets presented at three different ITD values
(�����s, �, ����s) and six different inter-click inter-
vals (�, �, 
, 	, ��, and �	ms) [8]. It is again not possi-
ble to make a direct comparison with the localisation ex-
periment presented in this paper. However, the data pre-
sented in that study allows the lead and lag precedence
levels to be calculated by using the responses to lead and
lag discrimination tasks. Figure 17 shows the calculated
precedence levels. Note that the precedence levels for the
�lead � �lag � �����s are calculated by using only �lead
for clead and �lag for clag such that:

clead �
��lead
�lead

� ��

clag � ��
��lag � �lead

�lag
� (26)
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Figure 17. The lead and lag precedence levels (clead and clag) averaged across subjects calculated from the data given in [8] . The filled
squares represent clead, the circles represent clag , and the diamonds represent �c.

The data, although not perfectly in alignment with our ini-
tial assumption of lead and lag precedence levels shows
similarity to the ideal precedence level functions presented
in Figure 4. Although the shape of the modality functions
resembled the modality function that we have obtained, it
was not possible to predict the reported ITD jnd for lag dis-
crimination suppression from the modality functions ob-
tained from these data. This may be due to the fact that
despite broadband stimuli was used in that study, ITD is a
useful cue only for frequencies below about ��	 kHz [1].

The previous studies we have mentioned above investi-
gated the ITD of the lead and lag with the consideration
that the precedence effect is more of a temporal weighting
process. However, as is well-known [49], localisation as
opposed to lateralisation is a more complex task involving
not only interaural differences, but also other cues such as
the spectral shaping applied onto the sound wave by the
listener’s pinnæ, head and torso, as well as the reflections
present in the listening environment. In that sense, the re-
sults from these studies do not correspond to a localisation
task in a natural binaural listening scenario.

Litovsky and Macmillan [13] used a similar apparatus
and stimuli to the experiments presented in this paper. Pink
noise bursts, low-pass filtered at �	��Hz as stimuli were
presented at a presentation level of 	��	�dBA over loud-
speakers in a sound deadened room. The time delay and
the rise-fall times of the temporal envelope used in that
study is the same as the ones used in the present study. The
authors investigated whether the azimuth of presentation
for the leading or the lagging sound source affects the lag
discrimination MAA. Two experimental tasks were em-
ployed for evaluating the effect of a conditioner (i.e. stan-
dard) source presented from the leading source. The task
in which the conditioner source was not employed (i.e. no-
standard task) is comparable to the task employed in the
second experiment of this paper. The major difference be-
tween that study and the present one is the experimental
paradigm. Litovsky and Macmillan used a discrimination
task with an adaptive procedure, while the present study
employed a pointing task. However, the reported mean
lag discrimination MAA values may be compared with
the bound(s) of lag discrimination MAA given in equation
(23). Litovsky and Macmillan report ������ and 
����� as

the lag discrimination suppression MAA for the leading
sound source at �� and 	�� azimuth respectively. These
azimuth separations satisfy the Fmod � �� condition for
�� � ���
� (see the triangular markers in Figure 15).
Here, it is assumed that the response variability of a single
sound source at �� and 	�� were similar to the variabil-
ity of responses obtained in the second experiment of the
present study.

Perrott and Pacheco [15] report lag discrimination
MAA data measured under free-field conditions for a wide
range of inter-stimulus delays. This study was a lag dis-
crimination experiment utilizing loudspeakers and using
an adaptive procedure to obtain the threshold values for
the MAA. The employed stimuli were band-pass filtered
(	��� ����Hz) pink noise presented at 	�dBA with var-
ious lead/lag delays presented from loudspeakers. The
reported lag discrimination MAA is around ��	� for a
lead/lag delay of �ms. Given that humans can localise
sound sources in free-field with �� accuracy [39], we sug-
gest that the MAA reported by Perrott and Pacheco also
satisfies the condition Fmod � �� if �� � �� (see the
square markers in Figure 15).

8. Discussion

The Gaussian mixture framework proposed in this paper
is suitable for modelling the temporal and localisational
properties of the precedence effect in the utilised audiovi-
sual pointing task. To the best of the authors’ knowledge,
the presented model is unique in the sense that it allows
the quantitative assessment of the precedence effect with
respect to its effects on the perceived width of the audi-
tory event. Although this effect has been well-known, its
context in previous models was not fully explained.

The employment of the hybrid laser pointing task that
required the subjects not only to point at but also to face
the perceived auditory event allowed the direct employ-
ment of natural sound source localisation strategies by the
subjects.

The proposed model is more complex in comparison
with previous observer weighting models of the prece-
dence effect with regard to the number of variables. The
parsimony of the model can be questioned. However,

14



given that the number of physical parameters that can in-
fluence certain properties of the precedence effect is plen-
tiful, the model is a reasonable framework which can be
used to assess the fusion, localisation dominance, and
lag discrimination suppression aspects together with the
widening of the auditory event. Furthermore, the prece-
dence effect is modelled as a very simple core process
consisting of weighted addition. In that sense, the model
can be considered as a parsimonious model, as there is a
good justification for the number of parameters.

Although the model does not have a physiological ba-
sis, it is not in contradiction with the physiological models
of the precedence effect based on contralateral inhibition.
We hypothesize without further consideration that, the per-
ceptual noise and the temporal window [50] of the audi-
tory system addressed in recent binaural processing mod-
els [51] may account for the data obtained in this study.
However, our model has less in common with the more
recent research [52] suggesting that the precedence effect
may be linked with the peripheral processes in the auditory
system.

The present model is shown to be plausible for the clas-
sical precedence effect scenarios (at least for the experi-
mental setting used). The dynamic aspects of the prece-
dence effect such as the binaural adaptation, buildup of the
precedence effect, and the Clifton effect can also be inte-
grated to the model by defining the mixture proportion, p,
as a function of stimulus repetition. It should however be
noted that, the major limitations of the model are its inabil-
ity to account for localisation data when both the leading
and the lagging sources are on the median plane, and when
the leading and lagging sounds are not spectrally coherent.

Other than this, the piecewise continuous precedence
level functions are oversimple generalizations and have
to be replaced with more realistic functions. However,
the model, as it stands, can accommodate the basic well-
known temporal and localisational properties of the prece-
dence effect, and is a suitable tool for analysing the data
obtained in observational studies of the precedence effect.

The reported sound localisation experiments are limited
in the sense that only a single type of stimulus (white noise
bursts) and a single lead/lag delay (�ms) was used, the lead
and lag were spectrally coherent, and were presented at the
same level. For a formal verification of the usefulness of
the proposed model, further experiments need to be car-
ried out for different types of stimuli, presented at different
relative levels, at different azimuth separations, and more
importantly with different time delays.

It must be remarked that it is possible to generalize the
proposed model for elevations other than �� by using a
mixture of bivariate Gaussians for modelling the prece-
dence effect. However, it is much harder to display the
applicability and obtain the parameters of such a model
as it would require a substantially larger set of responses
to be sampled because of the well-known curse of di-
mensionality [53]. The same accuracy as attained for the
univariate model proposed in this paper would require
	�� � �	�� responses per stimulus condition tested for a

bivariate model which would limit the practicality of such
an experiment greatly.

9. Conclusions

A Gaussian mixtures approach for modelling sound source
localisation under the precedence effect conditions was
presented. The precedence effect was modelled as a sim-
ple core process that in effect modifies only the perceived
locations of the sound sources and not the perceptual noise
attributed to each. Certain properties of the precedence ef-
fect can be captured using the proposed model:
1. The temporal properties of the precedence effect are

modelled by defining lead and lag precedence levels
for the leading and the lagging sound sources as func-
tions of the time delay between the leading and the lag-
ging sounds. These precedence levels define the mean
values of the mixture components.

2. The effect of the lagging sound source is quantified by
using separate weights for leading and lagging sound
sources.

3. The widening of the auditory event is a direct result
of the properties of Gaussian mixtures such that the
variance of a Gaussian mixture is larger than individual
component variances.

4. Minimum bounds of the angular interval, within which
the lag discrimination MAA is expected to lie, can be
predicted by utilizing a modality function.

Two subjective localisation tests were presented which ex-
emplified the applicability of the model to data obtained
in a precedence effect scenario. The obtained data shows
a particular left/right asymmetry that is in agreement with
previous studies of the precedence effect. The model sug-
gests that for a smaller angular separation between leading
and lagging source, the lagging source has a greater influ-
ence on the perception of the auditory event.
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