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The localization of amplitude-panned virtual sources is investigated in a stereophonic setup
with listening tests and with a model of directional hearing. The interaural time difference
(ITD) cue 1s found to be consistent at low frequencies, which is in agreement with earlier
studies. It is also shown that the high-frequency interaural level difference (ILD) cues roughly
propose the same directions as low-frequency ITD cues. However, the ITD and ILD cues
suggest different directions at most frequencies, and both cues deviate from general behavior

near 1700 Hz,

0 INTRODUCTION

In amplitude panning [1] the same sound signal is
applied to two or more loudspeakers equidistant from a
listener with appropriate amplitudes. The listener per-
ceives an auditory object in a location that does not
necessarily coincide with any of the physical sound
sources. The perceived auditory object is called a virtual
source, or phantom source.

In standard stereophonic listening the amplitude-
panned virtual source is localized fairly consistently to
the same direction at most frequencies. However, direc-
tion perception deviates considerably at some frequen-
cies, which can be dependent on the temporal structure
of the signal.

The mechanisms producing the localization of a vir-
tual source have been explained only at low frequencies.
The reasons why high-frequency virtual sources are lo-
calized consistently with low-frequency virtual sources
have remained unexplained. Also the dependence of di-
rection perception on frequency and temporal structure
has not been studied.

eakey |2] conducted listening tests in standard ste-
reophonic listening with broad-band and narrow-band
speech, noise, and impulses. A perceived virtual source
direction was compared with the perceived direction of
a real source, and the listener reported whether the real
source was to the right or the left of the virtual source.
The test was repeated for real sources in multiple direc-

* Manuscript received 2000 October 10; revised 2001
May 17.

J. Audio Eng. Soc., Vol. 49, No. 9, 2001 September

tions. He suggested that the virtual source formation
at high frequencies was also based on interaural time
difference (ITD) cues. He used a shadowless head model
to calculate I'TDs, similarly as in [3]. However, he did
not take into account head shadowing, and he did not
monitor other major auditory cues, such as interaural
level difference (ILD).

In [4], the results of several similar tests by various
scientists are reprinted. The frequency dependence of
virtual source localization can be observed in the results.
Also, it can be seen that the different temporal structures
of sound signals affect localization as well. The models
that were presented to explain the performance of test
subjects were applicable with low frequencies and with
I'TD only.

The localization of amplitude-panned virtual sources
is revisited in this study. Modern knowledge of spatial
hearing and the use of digital computers provide a new
framework for understanding- the underlying mecha-
nisms in the perception of virtual sources, The method
of amplitude panning is of interest in audio engineering
since it is the most used panning method. In spatial
hearing research it is of interest because it may produce
directional cues that are not necessarily consistent. The
way humans assess weights to these cues, which suggest
multiple directions, reflects something about the func-
tioning of human spatial hearing. An important feature
is: which auditory cues do listeners rely on most when
inconsistent cues are present?

One application for which the study of virtual source
localization is of great interest is three-dimensional
sound in headphone, stereophonic, or multichannel lis-
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tening. The problem investigated in the present paper i1s
closely related to this field.

In this paper the perceived direction of amplitude-
panned virtual sources is studied in a stereophonic loud-
speaker setup. A set of listening tests is reported in
which the subjects adjusted narrow- or broad-band vir-
tual sources to find the best direction match to a known
real source. Phenomena existing in the listening test
results are explained using a computational model of
direction perception. The results with a specific listening
test setup are generalized using the model of spatial
hearing. A theory of human spatial hearing mechanisms
and a theory of amplitude panning are reported in Section
l. A model of virtual source direction perception is pre-
sented in Section 2. The methodology of the listening
tests and simulations that were conducted is reviewed
in Section 3. The results are reported and interpreted in
Section 4.

In a companion paper amplitude panning with arbi-
trary two- or three-loudspeaker setups i1s investigated
[5], where listening test results and their analysis with
the auditory model are reported. The results are not
included in this paper because the localization of virtual
sources in such setups may rely on different localization
mechanisms than those considered in the present paper.

1 THEORY

1.1 Spatial Hearing

Spatial and directional hearing have been studied in-
tensively. For overviews see, for example, [4] or [6].
In this study loudspeaker listening is of interest; thus
the scope is limited to far-field localization mechanisms.
The duplex theory of sound localization states that the
two main cues of sound source localization are the in-
teraural time difference (ITD) and the interaural level
difference (ILD), which are caused by the wave propaga-
tion time difference (primarily below 1.5 kHz) and the
shadowing effect by the head (primarily above 1.5 kHz),
respectively. The auditory system decodes the cues in a
frequency-dependent manner. The ITD is decoded as a
shift of carrier signals primarily below 1.5 kHz, and as
a shift of envelopes primarily above 1.5 kHz [4].

In spatial hearing an important concept is the cone of
confusion. The cone is defined as a set of points which
all satisfy the following condition: the difference of the
distances from both ears to any point on the cone is
constant. When a sound source is shifted within a cone
of confusion, ITD and ILD remain constant, although
there might be some frequency-dependent changes in
ILD [7]. A cone of confusion can be approximated by
a cone having its axis of symmetry along a line passing
through the listener’s ears and having the apex in the
centerpoint between the listener’s ears. Direction per-
ception within a cone of confusion 1s refined using other
effects, such as spectral cues and head rotation. Spectral
cues and head rotation are considered to carry elevation
and front—back information.

In spatial sound reproduction, a sound source may be
perceived at a location within the confusion cone other
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than where it was intended. The most common problems
are front-to-back and back-to-front confusions.

Both main cues of spatial hearing are decoded across
the audible spectral range. However, the relative impor-
tance of the cues is unclear. Wightman and Kistler [8]
have proposed that when the cues are distorted, the audi-
tory mechanism uses the cue that is most consistent. A
cue is consistent if it suggests the same direction in a
broad frequency band.

1.2 Amplitude Panning

Amplitude panning (also known as intensity panning)
is the most frequently used panning method. Two or
more loudspeakers are placed in different directions and
at equal distances from the listener. The same sound
signal x(r) is applied to each loudspeaker with different
amplitudes, which can be formulated as

x(1) = gx(1), i=1,2,...,N (1)
where x,(r) is the signal to be applied to loudspeaker i,
g; 18 the gain factor of the corresponding channel, 7 is
the time variable, and N is the number of loudspeakers.
When the sound signal from each loudspeaker arrives
at each ear, the signals are summed at the ear canals,
forming new signals. The attributes of these signals
specify the perceived localization. This 1s called sum-
ming localization [4]. |

In this paper stereophonic listening is studied (Fig. 1).
In stereophonic listening, two loudspeakers are placed in
a horizontal plane in front of the listener. In addition,
the loudspeakers are placed symmetrically on both sides
of the listener. The angle that the loudspeakers span
is typically 60°. Generally, when the aperture between
loudspeakers is wider, the localization accuracy 1s worse
[9], [10]. Several approaches exist to form a relation
between the gain factors and the perceived virtual source
direction. Two laws will be presented in the next section
that have been derived for panning in the stereophonic
configuration.

1.3 Panning Laws

The laws presented here have been derived by stating
that the ITD has to have the same value with virtual and

real sources. The ITD is determined by calculating what

virtual
source 5

Fig. 1. Standard stereophonic listening configuration.
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will appear at a listener’s ears when both loudspeaker
signals arrive at each ear. The sound signal from the
contralateral loudspeaker reaching one ear is delayed
when compared with the signal arriving from the ipsilat-
eral loudspeaker. The signals are therefore summed to-
gether having different phases. The phase of the re-
sulting signal in each ear is different. This produces
ITD between the ears. The amplitude difference between
loudspeaker signals is therefore converted to the ITD
between ear signals.

In the first model the listener’s head is approximated
by two spaced ears with no acoustic shadow from the
head. The complex behavior of the sound waves near
the head is not taken into account. Therefore the law is
an approximation that is valid only at low frequencies
and only for ITD. In the derivation of these laws, the
ILD cue is not taken into account at all.

Bauer [3] derived the sine law for setups in which the
listener is situated symmetrically between the loud-
speakers and facing along the x axis, as shown in Fig. 1,

51 T &2 (2)

where 65 is the perceived azimuth angle of a virtual
source and 0, i1s the loudspeaker base angle, as defined
in Fig. 1.

Bennettetal. [10] derived a panning law by improving
the head model used in the derivation of the sine law
by approximating the propagation path from the contra-
lateral loudspeaker to the ear with a curved line around
the head. They ended up with a law that had been pro-
posed earlier in [11] for different listening conditions,

Tk

tan by _ g, — 8
tanf, g, + ¢

(3)

b

where 0; is the perceived angle of a virtual source and
the other variables are the same as in the sine law. Both
laws behave similarly. If 8, = 30°, the laws propose
values for 8¢ and 6 that deviate by maximally 1.7° from
each other, regardless of the gain factors.

This paper originated from the problem of evaluating
the quality of the spatial attributes of virtual sources
created using the vector base amplitude panning (VBAP)
method [12]. VBAP is a reformulation of the tangent
law, which can be generalized to three-dimensional
loudspeaker setups.

2 COMPUTATIONAL MODEL OF DIRECTION
PERCEPTION

To simulate the perception of virtual sources, a binau-
ral auditory model was used in this study to calculate
the localization cues for the audio signals arriving at the
ear canals, similarly as in [13], [14]. Recent research
on auditory models and the rapid progress in digital
computing provided powerful facilities to simulate the
mechanisms of directional hearing more accurately.

However, some simplifications must be tolerated since
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some parts of auditory perception are not understood
well enough. In this study we have restricted our scope
by eliminating the influence of the precedence effect as
much as possible so that it does not have to be modeled.
The precedence effect [4], [15] is an assisting mecha-
nism of spatial hearing. It is a suppression of early de-
layed versions of the direct sound in source direction
perception.

When the model lacks the precedence effect, it gives
reliable results only if all incidents of a sound signal
arrive at the ears within about a 1-ms time window. This
can only be achieved in anechoic conditions, since in
all rooms there exist reflections and reverberation that
violate the 1-ms window. Qualitatively the results are
also valid in moderately reverberant conditions.

The model of auditory localization used in this study
consists of the following parts:

* Simulation of ear canal signals with measured head-
related transfer functions (HRTFs)

* Binaural model of neural decoding of directional cues

* Model of high-level perceptual processing.

Since the use of the model is described elsewhere [16],
it is discussed here only briefly.

2.1 Simulation of Ear Canal Signals

Sound reproduction simulation as well as torso and
ear filtering simulation in the model approximate the
sound signals arriving at the listener’s ear canals, which
is shown in Fig. 2. In this study the audio signals applied
to the loudspeakers are calculated using the tangent law
of amplitude panning, Eq. (3). The signals arriving at
the ear canals from each loudspeaker are computed using
digital filters that implement measured HRTFs of the
corresponding direction. The arriving HRTF-filtered
loudspeaker signals are added together to form the ear
canal signals.

2.2 Binaural Model of Directional Cue Decoding

A schematic diagram of the binaural model of neural
decoding for directional cues is presented in Fig. 3. It
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Fig. 2. Simulation of ear canal signals in arbitrary sound repro-
duction systems.
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takes as input the sound signal arriving at the ear canals
and computes the decoded frequency-dependent ITD and
ILD cues. It models the middle ear, the cochlea, the
auditory nerve, and the binaural decoding.

The middle ear, cochlea, and auditory nerve models
have been implemented based on the HUTear 2.0 soft-

ware package [17]. The middle ear is modeled using a

filter that approximates a response function derived from
the minimum audible pressure curve [18]. The cochlear
filtering of the inner ear is modeled using a 42-band
gammatone filter bank [19]. Center frequencies of the
filter bank follow the ERB (equivalent rectangular band-
width) scale [20]. Auditory nerve responses are modeled
with half-wave rectification and low-pass filtering. The
impulse sharpening that occurs in the cochlear nucleus
[21] is modeled roughly by raising the signal to a power
of 2.

The binaural computation consists of ITD and ILD
decoding. The neural coincidence counting [21] that per-
forms ITD decoding is modeled using the cross-
correlation calculation, as suggested by Jeffress [22].
The cross correlations are calculated witha[—1.1,1.1]-
ms time lag range at each ERB band. This produces a
function for each frequency band that denotes how the
ear signals coincide with different time lags. The time
lag corresponding to the highest peak implies the ITD
in each frequency band. Due to the low-pass filtering
property of auditory nerves, the simulated ITD corres-
ponds to carrier shifts at low frequencies and envelope
shifts at high frequencies, as happens in the auditory
system also.

However, in some cases there may exist multiple
prominent peaks in the cross-correlation function. It has
been shown that if a peak appears in the same time
lag at adjacent frequency bands, it is considered more
relevant in localization [23]. To implement this, a
second-level coincidence counting unit was also added
[23]. The cross-correlation function at an ERB channel
is multiplied by the cross-correlation functions at the
next lower and upper ERB bands. After this the highest
peak is found.

The loudness of each frequency band in each ear is
calculated using the formulas of Zwicker and Fastl [24].
For the sake of simplicity, this model is used instead of
the more thorough model proposed by Moore et al. [25].
The difference of the loudness levels between the ears
at each frequency band is treated as an ILD spectrum.

2.3 Model of High-Level Perceptual Stages

Higher levels of human auditory processing produce
direction perception as a fusion from ITD, ILD, and
other cues. These auditory mechanisms are not well
known, and therefore a physiologically based model
cannot be applied. However, the modeling of high-level
perceptions would be beneficial since the ITD and ILD
cues are measured in different scales, which means that
they cannot be compared directly with one another. In
addition ITDs or ILDs cannot be compared between sub-
jects due to the individuality of the cues. If a mapping
from the cues to the spatial directions to which they
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correspond is formed, the cues can be compared in
such ways.

A straightforward method to form such a mapping is
a functional model that consists of a database that holds
the real source ITDs and ILDs produced by a sound

source in each direction for each individual [14], which

is illustrated in Fig. 4. An auditory cue value that has
been measured from a virtual source is transformed to
a direction angle value by database search. Two subse-
quent real source cue values are found between which
the virtual source cue value lies. The resulting direction
angle value 1s interpolated between direction angles cor-
responding to these two values. The functional model
computes frequency-dependent ITD angles (ITDAs) and
ILD angles (ILDAs). These cues present the azimuth
angles that the binaural properties of the measured vir-
tual source suggested at each frequency band. Since this
study considers only virtual sources in the horizontal
plane, the database consists of I'TD and ILD values of
real sources at azimuths 8 = —90°, —80°, . . . . 90°.
Strictly speaking, this analysis does not yield the per-
ceived angle; it rather computes the direction where a
real source must be placed to produce the analyzed audi-
tory cue.

The cues may behave in an unstable manner in some
cases. ILDs may behave nonmonotonically with absolute
values of the azimuth angles larger than approximately
60° at some frequency bands. Such nonmonotonic parts
of the ILD curves appearing at high absolute azimuth
values were not used. In database search the monotonic
part of the ILD curve that contains 0° of azimuth is
appropriate. This may produce errors for large ILDs.
However, the human ability of localization deteriorates
in the lateral directions [4]. This must be taken into
account in the analysis of simulation results.

The ITD values calculated for the database from
HRTF measurements also might be unstable, which
would generate errors in the ITDA estimation. Due to

left ear
signal | middle ear | inner ear

—= [TD(/) [ms]

—= [LD{/) [phon]

right ear
signal —| middle ear | inner ear

binaural computation

Fig. 3. Binaural model of directional cue decoding.
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Fig. 4. Functional model of auditory localization.
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this, the ITD databases were postprocessed. If one value
differed considerably from adjacent values, it was re-
placed with the mean of the values produced by the same
real source at adjacent frequencies, Also, the validity
of computed ITDA values was checked, and clearly erro-
neous values were removed as follows. The virtual
sources may generate large ITD values that do not corre-
spond to any direction. If at any frequency band the
value of a virtual source ITD cue is smaller or larger than
any database ITD values at the corresponding frequency
band, the ITDA is not calculated and is considered a
missing value in the data analysis.

3 EXPERIMENTAL METHODS

The methods used in the listening tests and simula-
tions are described in this section.

3.1 Assessing Direction of Virtual Sources Using
the Method of Adjustment

In the listening tests the subject matched the perceived
direction of a virtual source to best match the perceived
direction of an acoustic reference point at a defined posi-
tion. An answer to the question, “where 1s this virtual
source?” was not obtained; rather the question, “which
virtual source corresponds best to a reference real
source?” was answered. The sound incidents were pro-
duced consecutively and repeatedly in the test. One loud-
speaker produced the acoustic reference point (real
source) and two loudspeakers produced the amplitude-
panned virtual source. The order of the real and virtual
sources was always the same. The panning angle defined
by the tangent law was selected to be used as a control
parameter. The step size of the adjustments was chosen
to be 1°, It corresponds approximately to the highest
resolution of human directional hearing [4].

The direction of a virtual source was changed by ad-
justing a panning angle using cursor-left or cursor-right
keys on the keyboard of a computer, which was placed
so as not to cause early reflections. When the subject
finished the positioning of the virtual source, he or she
pressed the “enter” button. There were no time limits in
the test. The next stimulus was then presented. The
subject did not know the value of the panning angle.

The listening tests were conducted using the method
of adjustment (MOA) [26]. MOA has some advantages
over other listening test methods. For one, it i1s a great
help in concentration when the subject is actively en-
gaged in the adjusting process. Also, MOA is often a
speedy research method compared to pairwise compari-
son of a large number of preprocessed signal pairs. How-
ever, MOA has some disadvantages. There might be
some bias effects due to inmitial conditions, undefined
termination rules, undefined length of trial, and unde-
fined number of repetitions. The bias effects are mini-
mized by randomizing the order of stimulus selection,
and the initial value of the panning angle and by con-
ducting the same test on left and right sides of the
listener. The bias was also monitored in model-
based analysis.
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3.2 Test Setup

The test setup is shown in Fig. 5. The loudspeakers
were placed at a 3-m distance from the subject in a large
anechoic chamber. The loudspeaker enclosures were
spherically shaped with a diameter of 0.3-m. A coaxial
two-element driver (Seas PI7REX) was attached to each
sphere. The magnitude responses of the loudspeakers
were measured to be within =1 dB from each other.
Also the response was measured to be within =3 dB in
the frequency range of 100 Hz to 20 kHz, except for a
narrow — 5-dB notch at 11 kHz.

The loudspeakers were at azimuth directions —30°,
—15°, 15°, and 30°. The distance between the subject
and the loudspeakers at directions *=30° was measured
to be the same, with 10-mm accuracy. The impulse re-
sponses were measured from the loudspeakers to a point
that corresponded to the centroid of the line connecting
the subject’s ears. The distances of the loudspeakers
were adjusted to set the propagation delays to be equal.
The directions of the loudspeakers were measured using
an optical device. Direction adjustment was completed
with approximately *1° accuracy.

3.3 Test Procedure

Each subject sat in a chair with a lightweight head
rest. A keyboard was on his or her knees. The subject
was asked to position his or her head in a way that
the subject could see a vertical wire dividing a pointer
similarly with each eye (see Fig. 5). This assured the
correct direction of the head and an equal distance be-
tween the subject and the loudspeakers.

The subject was requested to keep his or her head
immobile. A small head rotation was advised in the case
where front-to-back confusion occurred with a virtual
or a real source in order to resolve the confusion. The
loudspeakers were visible, but the subject was instructed
to keep his or her eyes closed. In [2] the effect of visible
loudspeakers was found to be negligible. Keeping eyes
closed was found to help with concentration during
the test.

To familiarize a subject with the test setup, the subject

right real
source

+ ]
15 \ 0 15°
30°
e ¥ O £
®

i %3 loudspeakers for
a virtual source

vertical wire production

Fig. 5. Horizontal listening test setup.
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was asked to move one virtual source into the same
direction as a real source before the actual test was be-
gun. If the virtual source was perceived spatially spread,
the centroid of the virtual source was to be adjusted to
the same direction where the real source existed. If the
virtual source was found to be immovable or if the local-
ization was totally indefinite, the subject was asked to
set the panning angle to a random value. The test was
separated into sessions of less than 25 minutes, inter-
rupted by rest intervals.

The test participants were young (19-32 years) males
and females with normal hearing (hearing threshold =20
dB at frequencies between 125 and 8000 Hz), mainly
students and researchers from the laboratory where the
tests were conducted. The participants were interested
in sound or music, but they were not expert listeners.

3.4 Test Signals

To explore the effects of temporal structure and fre-
quency on the perceived virtual source direction, three
different types of signals were chosen: broad-band pink
noise, filtered pink noise, and filtered impulse trains. A
I.4-s sample of pink noise was used in noise-based tests.
The noise signals were faded in and out linearly during
(0.25 s. The impulse train had a rate of 10 Hz, and the
signals started and stopped abruptly without fade-in or
fade-out. The envelopes of the noise stimuli are pre-
sented in Fig. 6.

The filtered noise and filtered impulse train signals
were produced with one-third-octave band-pass filters
or two-octave band-pass filters with a slope attenuation
rate of 25 dB per octave. The one-third-octave band-
pass filtering was done with 11 center frequencies, which
were selected according to the ERB scale. These 11
frequencies coincide with every fourth center frequency
of the 42 ERB bands used in the binaural model pre-
sented in Section 2.2. The levels of the test samples
were scaled to 60 dB(A) %4 dB at the listening position.

The stimuli with different center frequencies were pre-
sented to the subjects in random order and the virtual
sources were initially panned to a random panning angle
between the loudspeaker angles (that is, — 30°to + 30°).

3.5 Test Result Reporting

The tests were designed so that the virtual source was
to be adjusted to a real source placed symmetrically at
either — 15° or 15°. Therefore the data could be com-
bined from left- and right-sided tests by negating the
resulting values in tests with a real source at the left
side. In this way the data set can be assumed to be less
biased by a nonideal listening setup.

Results are reported as adjusted panning angles in
degrees and as gain factor ratios in decibels. They are

real source 1.4 s

virtual source 1.4 5
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presented as box plots. In a box plot presentation, the
median of the data set is presented as a horizontal line
and the box surrounding it presents the lower and upper
quartile values (25% and 75% levels). The values that
lie outside the data range are shown by +.

For data analysis, appropriate nonparametric tests
were used to explore the significant features of the data
set. Analysis of variance was not used because of the
ordinal nature of the panning angle scale and because
of large deviations in variance between data groups. The
SPSS program [27] was used for data analysis.

In the tests, variables included the following: fre-
quency, repetition, subject, and source. The variable
source carries the information of which real source
(—15° or 15°) was used to produce the reference
sound source.

The judgments of one subject were considered to be
interdependent. Therefore the Friedman test was used
with the variables frequency, repetition, and source. The
Judgments of different subjects were considered inde-
pendent; therefore the Kruskal-Wallis test was used
with the variable subject. Both tests investigate whether
a variable has a significant effect on the center of the
panning angle distribution. The statistical tests were con-
ducted with 95% confidence levels.

3.6 Analyzing Listening Test Results Using the
Model of Direction Perception

The reason why subjects favored certain virtual
sources 1s of interest in this analysis. The subjects were
comparing the perceived directions of a real and a virtual
source and searching for the best match between them.
Since all loudspeakers were in the frontal horizontal
plane, the ILD and ITD cues are considered most promi-
nent. In this analysis the ITDA and ILDA values are
computed for virtual sources with model described in
Section 2. The ITDA and ILDA cues of a reference
real source have the value of the azimuth angle of the
reference real source by definition. The virtual source
ITDA and ILDA values can therefore be compared di-
rectly to that value.

The perception of a virtual source is formed by one
or both cues. If it was formed by one cue, after the
adjustment either the virtual source ITDA or the virtual
source ILDA should have the value of the real source
direction, that is, 15°. In some cases the perceptions
might have been based on both cues. In such cases the
virtual source location was matched as a compromise
between the ILDA and ITDA cues.

In the first two tests the subjects judged the best pan-
ning angles of band-passed signals with different center
frequencies. At each frequency band the median of the
subjects’ judgments was used as the best matched pan-

time

pause 0.7s  real source 1.4 s

Fig. 6. Envelope of test stimuli.
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ning angle. For each frequency band, the auditory cue
angles were simulated for the best matched panning
angle using the model reported in Sections 2 and 3.6.

The database needed in the model of perceptual
stages, Section 2.3, was constructed using measured
HRTEF sets of 20 individuals who were not the listening
test participants. The virtual source simulation was com-
pleted with the same HRTF sets. The simulation does
therefore not represent what the listening test partici-
pants heard. It rather presents what appears to an average
listener’s ears. The HRTFs were measured in a large
anechoic chamber with a distance of 2 m between subject
and loudspeaker.

The simulation was made symmetrically to the left
and right sides. The polarity of left-side simulation was
changed and the data sets were combined. This reduces
any bias caused by possible misalignments in the HRTF
measurements. It produces 40 values of ITDA and ILDA
cues for each frequency band.

Due to the narrow-band spectrum of some test signals,
the perceived direction of the reference real sources
could vary depending on the center frequency. However,
the spectrum of the virtual source was the same as the
reference real source in all cases.

4 EXPERIMENTS

The goal of the experiments is to explore the localiza-
tion of amplitude-panned virtual sources in a stereo-
phonic setup with signals having different frequencies
and temporal structures. This is approached by finding
virtual sources that correspond to a reference real source
with different signals in listening tests. The results are
interpreted with simulations of directional perception
using the binaural auditory model. As a generalization
of these results the perception of a broad-band virtual
source as a function of the panning angle is simulated.

4.1 Tests with One-Third-Octave-Band Signals

A listening test was conducted with one-third-octave-
band filtered noise and filtered impulse trains. Different
groups of eight subjects participated in the noise and
impulse train tests. Each subject judged virtual sources
at 11 frequency channels against two real sources located
at —15° and 15°. The judgment was repeated twice
against each real source at each frequency band.

4.1.1 Experiences of Subjects

Some of the signals were reported to be easy to adjust,
whereas others were difficult because the signals were
split toward two virtual sources or they were diffuse.
Front-to-back confusion occurred frequently with a few
signals, but in nearly all cases it was resolved by rotating
the head for a short period and returning it to the ba-
sic position.

With certain signals both the virtual and the real
sources appeared to be elevated by the same amount. In
these cases the subjects reported that in spite of that they
could adjust the directions of virtual sources to match
with perceived real source direction. With some signals
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the virtual source was elevated slightly and the real source
was not. In these cases the subjects tried to bring the virtual
source above the real source as closely as possible. This
might, however, produce errors in the results.

4.1.2 Results

The tests resulted in 352 data points for both the noise
tests and the impulse train tests. The adjusted panning
angles were analyzed statistically, as presented in Sec-
tion 3.5. The results of the analysis are tabulated in
Table 1.

The effect of the variable frequency was significant
in both tests. The judgments made by the subjects are
shown in Figs. 7 and 8 as a function of frequency. A
prominent frequency dependence can be seen. In most

" cases the data have values of between 12° and 16°, but

there exists a dip around 1-2 kHz. The distribution of
the data is quite narrow. In general most data values lie
within a few degrees of the panning angle. This can be
considered an accurate result because the panning angles
from which the subjects could choose varied between
—30° and 30°, Two reasons for accurate adjustments
can be offered. In this study auditory perceptions were
compared, which removes the noise that is generated in
other ways of describing the perceptions, such as verbal
or motor methods. Another reason is that the scale of
the panning angles is not necessarily equal to the scale
of the direction angles.

The variable repetition was not significant in any tests.
This suggests that learning was not a significant factor
in this test. Neither was source significant. This implies
that the subjects conducted the adjustments similarly to
the left and right real sources. The variable subject was
also insignificant in the tests. The subjects have therefore
been listening to the same phenomena and have been
agreeing upon what they heard.

Results of the noise test and the impulse train test are
compared next. The median values of the judged panning
angles from the noise and the impulse train tests are
plotted in Fig. 9 as a function of frequency. There exist
differences between the medians of the best judged pan-
ning angles. Since different subjects conducted the noise
and impulse train tests, the differences were tested using
the Mann—Whitney U test. The null hypothesis was
that there exists no difference between the distributions
of the noise and the impulse train within a frequency
band.

The test was run for each frequency band. It was
found that differences between noise and impulse train
judgments were insignificant in all frequency bands ex-
cept 3, 4, and 5, where the significances were p =
0.001, p < 0.001, and p < 0.001, respectively. Signifi-
cances of the null hypothesis at other frequency bands
were higher than 0.15.

4.1.3 Analysis

Two significant features were found in the data. At
frequencies of 700, 1100, and 1700 Hz the subjects’
Jjudgments were dependent on the frequency and on the
temporal structure. The directional cues of the best
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Table 1. Statistical tests of data from one-third-octave-band noise and impulse train tests, two-octave-band noise tests. and
pink noise tests.”

Frequcncy Subject | Source - Repetition
X df sig X’ df sig x> df sig X’ df sig
1/3-0c¢t noise 133.6 1) (), 000 14.5 Fi 0.054 0.11 1 0.74 0,10 | 0.75
1/3-0ct impuls 127.4 10 0.000 5.31 7 0.62 3.08 I 0.08 2.71 | 0.10
2-0Ct noise 64.6 4 0,000 8.44 7 0.30 | .47 I .23 0.34 | 0.56
Pink noise — — — 12.2 7 0.096 .81 ] 0.18 2.27 3 0.52

“ Effects of frequency, repetition, and source were analyzed using the Friedman test. Effects of subjecr were analyzed using

the Kruskal—Wallis test.

matched virtual sources were computed using the model
presented in Sections 2 and 3.6. The cues for the noise
test are shown in Fig. 10(a) and the corresponding cues
for the impulse train test in Fig. 10(b). The virtual source
cues calculated with the test results of each test are
referred to as the noise case and the impulse train case
in this section.

In both cases the ITDA cues agree well with the real
source direction at low frequencies and the ILDA cues
agree well at high frequencies as well as, to some degree,
at low frequencies. The ITDA cues do not agree at high
frequencies. The cues have discrepant values at most
frequency bands. This suggests that the subjects’ percep-
tion of the sound sources relies on 1TD cues at frequen-
cies below 1700 Hz. The ILD cue dominates at frequen-
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Fig. 7. Panning angles judged best with 1/3-octave noise. Real

source + 15°, head forward; 8 subjects; adjustment conducted
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conducted to both reference real sources twice.
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cies above 2600 Hz.

The difference between noise and impulse train cases
is that the cues behave differently at the following fre-
quencies: 700, 1100, and 1700 Hz. These are the fre-
quencies where significant differences occurred in the
listening tests. In the noise case the ILDA has a value
that coincides better with the real source value, when
compared with the impulse train case. Correspondingly
the ITDA has a value that coincides better with the real
source value in the impulse train case. The effect is
weak in the 700-Hz band and stronger in the 1100-Hz
and 1700-Hz bands. This suggests that both cues are
salient at these frequencies.

The prominence of the cues varies according to the
type of signal. We can assume that because the ITD cue
is more correct with impulse trains, the strong temporal
structure of impulses makes it more dominant over the
ILD cue. In the noise case both cues are salient. This
explains why subjects judged impulse trains and noise
differently. The reason why the listening test results
were dependent on frequency is also evident. A different
panning angle is needed in different frequency bands to
adjust the salient directional cue(s) to be coincident with
the real source cues.

4.2 Test with Two-Octave-Band Noise

The previous test suggested that the localization of an
amplitude-panned narrow-band virtual source is depen-
dent on frequency. To explore how the frequency depen-
dence is affected by broadening the signal spectrum, a
similar test was conducted with two-octave-band noise.

Canter frequency [kHz]
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Fig. 9. Panning angles judged best for 1/3-octave noise and
impulse train tests. Real source + 15°. 1/3-octave noise;
«=- 1/3-octave impulse train. Difference in panning angles is
significant at frequency channels 3, 4, and 5.
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4.2.1 Results

The test was conducted with five frequency bands,
which matched frequency bands 1, 3, . . ., 9 in the one-
third-octave-band noise tests. There were eight subjects;
they completed the adjustment twice to each real source,
resulting in 160 data points. The subjects were the same
as in the one-third-octave-band noise test.

Test results were analyzed statistically, as explained
in Section 3.5. The results of the analysis are shown in
Table 1. Similarly to the tests with narrow-band signals,
the variables repetition, source, and subject were not
significant.

The only variable that produced significant effects on
the results was frequency. The judged panning angles
are shown in Fig. 11 as a function of frequency. The
values of the panning angle decreases slightly with incre-
asing frequency.

The data ranges are quite narrow, except at frequency
band 9. After the subjective experimenting many partici-
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Fig. 10. Means and 95% confidence intervals of simulated
ITDA and ILDA cues of virtual sources judged best. (a) Noise
case. (b) Impulse train case. Each cue pair shown corresponds
to one amplitude-panned virtual source with 1/3-octave band-
width, Virtual sources are simulated with panning angle that
subjects judged best in listening test. Values simulated with
20 individual HRTFs, symmetrically to left and right sides.
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pants reported that it was confusing to judge the best
panning angle. The virtual sources were perceived to
have a relatively large spread. However, the fact that
different subjects judged the virtual sources to similar
panning angles suggests that the most prominent direc-
tion was almost the same with all subjects.

It can be seen that the results depend on frequency in
a different way than the narrow-band noise test results.
The medians of the judgments of one-third-octave-band
and two-octave-band noise are shown in Fig. 12 as func-
tions of frequency. It can be seen that the V shape present
in the one-third-octave noise results is not present in the
two-octave noise results. A Wilcoxon signed-rank test was
run to investigate whether the centers of the panning angle
distributions were different for different signal spectrum
width. It was found that the centers were significantly
different on frequency channel 5 only (p < 0.001).

4.2.2 Analysis

In the previous section it was shown that the virtual
sources with two-octave-band noise were judged differ-
ently than the virtual sources with one-third-octave-band
noise at the frequency band with a center frequency of
1700 Hz.

The median panning angle was 14° for judgments of
virtual sources with 1700-Hz center frequency. A two-
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Fig. 11, Panning angles judged best with 2-octave noise. Real
source + 15% 8 subjects; adjustment conducted to both refer-
ence real sources twice.
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Fig. 12. Panning angles judged best for 1/3-octave and 2-
octave noise listening tests. Real source + 15°. 1/3-
octave noise; ——— 2-octave noise. Difference in panning
angles is significant at frequency channel 5 (1.7 kHz).
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octave-band virtual source with 1700-Hz center fre-
quency was simulated with amplitude panning to this
direction. The auditory cue angles were calculated using
the model described in Sections 2 and 3.6. Since the
signal spectrum in this case was two octaves wide, the
ITDA and ILDA cues were also calculated on that range.
The cues are presented in Fig. 13. It can be seen clearly
that ITDA cues below 1.7 kHz correspond well with
the real source direction. High-frequency ITDA cues or
ILDA cues do not coincide as well with the real
source direction.

This suggests that the subjects have judged the virtual
sources based only on the ITD cues below 1700 Hz.
Therefore the highly divergent behavior of amplitude-
panned virtual sources near 1700 Hz cannot be observed
in tests with broad-band signals because lower frequen-
cies produce consistent ITD cues and the localization is
based on them.

However, although the subjects did judge the virtual
source direction using the low-frequency ITD, it can be
assumed that at other frequencies both the ILD cue and
the ITD cue affect the perception of a virtual source.
The virtual source may appear distributed in many direc-
tions, as the experiences of the subjects suggests.

4.3 Test with Pink Noise

To explore how a full-band signal is panned, a lis-
tening test was completed with pink noise. There were
eight subjects; they completed the adjustment to both
real sources four times. In this test 64 data points
were collected.

4.3.1 Results

The significant features of data were analyzed in the
same manner as in the previous tests. No significant
effects were found; the results are tabulated in Table 1.

Auditory cue angle

15*-‘1“§I=-:i--.$- I--'I

S CUE

A5

G 10 11 12 14 15 1.7 18 21 23 26 29 32
Frequancy [kHz|

Fig. 13. 2-octave noise test. Means and 95% confidence inter-
vals of ITDA and ILDA cues of single virtual source with 1.7-
kHz center frequency. Best matched panning angle was 14°.
Simulation was conducted with 20 individual HRTF sets with
frequency bands ranging over 2 octaves, symmetrically to left
and right sides. ITDAs between 900 Hz and 1.5 kHz agree
with real source values, whereas ILDAs do not match at all.
This suggests that listeners have relied on low-frequency ITD
in virtual source matching.
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As in the previous tests, the subjects were listening to
the same phenomena and agreed on the panning angle
that produces the virtual source in the same direction as
the real source. Also, the subjects conducted the adjust-
ment similarly on the left and right sides, and they did
it similarly at different repetitions.

The median panning angle was 14°, the data range
was 10°-17°, and the 25% to 75% quartile range was
13°~15°. Again, the data range is quite small. Although
the subjects could select from 61 panning angle values,
50% of all adjustments ended in only three values.

4.3.2 Analysis

The virtual source that best matched the real source
had a panning angle of 14°. As in earlier tests, the direc-
tional cues computed with the auditory model were used
to explore why the subjects preferred this panning angle.
The resulting ITDA and ILDA cues are given in Fig.
14, where the median values and the curves representing
10% and 90% of the data are shown. The simulation
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Fig. 14. Pink noise test. Median values and curves representing
10% and 90% of data for directional cues of best matched
amplitude-panned virtual source. Best match 14°, (a) ITDAs.
(b) ILDAs. Values simulated with 20 individual HRTFs, sym-
metrically to left and right sides,
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was conducted for 42 ERB channels, but they are labeled
in the figure with the 11 frequency band numbers used
in the listening tests.

At low frequencies the ITDA cue behaves consis-
tently, and it suggests the real source direction at fre-
quencies below 1.1 kHz. There exist, however, small
oscillations and a slightly increasing trend in the value
of the ITDA. At frequencies between 1.1 and 2.6 kHz
the ITDA has considerably higher values than the real
source direction. At high frequencies the ITDA value
deviates by between 0° and 10°. The 10% and 90%
curves are near the median value below 1.4 kHz, they
are considerably further away at high frequencies.

The ILDA cue roughly suggests directions coincident
with the real source direction at frequencies above 2.6
kHz and below 500 Hz. However, the individual differ-
ences are large. Between the frequencies of 500 Hz and
2.6 kHz, there is a large bump in the ILDA values.

The cues that coincide with 15° are ITDAs at low
frequencies and roughly ILDAs at high frequencies. It
can be suggested that the subjects have judged the virtual
sources based on low-frequency ITD cues. The devia-
tions of both cues at frequencies near 1.5 kHz and the
deviation of ITDAs at high frequencies have therefore
been ignored. |

In the listening test the best judged panning angle was
14°. The deviation from the real source angle of 15° is
very small. The loudspeaker gain factors were calculated
with the tangent law, Eq. (3). This suggests that the
tangent law describes the localization with broad-band
signals well. If the sine law, Eq. (2), had been used in
panning, the same loudspeaker gains would have been
achieved with a panning angle of 12.4°. This deviates
slightly more from the real source direction than when
the tangent law is used.

4.4 Simulated Localization of Broad-Band
Amplitude-Panned Virtual Sources

In previous tests it was found that the listening test
results coincide with the results from the auditory model.
This implies that the model can be used in localization
simulation in more general cases. In the simulations
presented here the cues of broad-band amplitude-panned
virtual sources were computed at panning angles of 0°,
5% ..., 30% Due to symmetry, the auditory cues of
negative panning angles of 0°, —5°% ..., —30° are
assumed to have values with opposite polarity. The cue
angles were simulated for 20 individuals, and the median
values were taken. The results can be seen in Fig. 15.

The ITDA values change monotonically and coincide
with the panning angles at low frequencies, as could be
expected. At high frequencies the ITDA values stay near
zero with small panning angles and change quite
abruptly to 30° for panning angles of 10°~20°. Near 1.7-
kHz frequency the ITDA cue is unstable. However, it
is mostly monotonic with respect to the panning angle.

The ILDA cue oscillates more with frequency than
the ITDA cue. It has fairly small deviations from the
applied panning angle at high frequencies and low fre-
quencies. The bump that was seen in a single virtual
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source ILDA [Fig. 14(b)] near 1.7 kHz is also seen in
this presentation. It appears at all panning angles except
0% and 30°. The ILDA changes its values monotonically
with the panning angle everywhere else but near 1.7
kHz.

The bump frequency of the ILDA is roughly 1700 Hz,
which corresponds to 190-mm wavelength. The differ-
ence between the propagation path lengths between one
loudspeaker and two ears in a stereophonic setup is ap-
proximately 80—100 mm. At this frequency region the
sound signal arriving from a contralateral loudspeaker is
delayed by approximately a half-period when compared
with the signal coming from an ipsilateral loudspeaker.
It can be assumed that signal cancellation causes the
ILDA bump. Also, the ITDA unstability can be caused
by this phenomenon.

The ILDA and ITDA values are zero at a panning
angle of 0° because of symmetry in the listening config-
uration. The amplitudes of the loudspeakers are equal

Fraquency [kHz]
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Fig. 15. Directional cues of amplitude-panned virtual source
as a function of panning angle 8; and frequency. (a) ITDAs.
(b) ILDAs. Values simulated with 20 individual HRTFs, sym-
metrically to left and right sides. Median value is used as
measure of center.
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in this case; therefore an identical sound signal arrives
at each ear. This causes interaural differences to be zero.
However, there might exist different perceptions due to
asymmetries in the subject’s HRTFs and in the reproduc-
tion system.

The reason why amplitude-panned virtual sources are
localized fairly consistently to the same direction across
the audible spectral range and with all panning angles
is due to relatively consistent low-frequency ITDs and
consistent high-frequency ILDs. However, erroneous
high-frequency ITDs and erroneous ILDs between 500
and 2600 Hz produce deviations in localization.

5 CONCLUSIONS

A set of listening tests was conducted in stereophonic
listening with amplitude panning. The subjects adjusted
the directions of virtual sources with several sound sig-
nals to match a reference real source. A computational
model of human directional hearing was used to interpret
the listening test results.

The horizontal localization of an amplitude-panned
virtual source was found to depend on both main direc-
tional cues, ITD and ILD. The directions that the
amplitude-panned virtual source cues suggest are depen-
dent on frequency. Thus a single virtual source with a
broad-band signal may be localized to multiple direc-
tions. The directions proposed by ITD and ILD (ITD
and ILD angles in this study) also deviate from one
another considerably at most frequencies.

The ITD of an amplitude-panned virtual source be-
haves consistently at frequencies below 1100 Hz. At
high frequencies it deviates prominently from the low-
frequency values. ILD cues at high frequencies coincide
roughly with low-frequency ITD cues. However, differ-
ences exist between individuals.

Between 1100 and 2600 Hz, both cue angles deviate
from low-frequency ITD angles. The ITD angle has a
slightly larger absolute value, and the ILLD angle has
a considerably larger absolute value. The cues in this
frequency region affect the localization only when
narrow-band signals are presented.

The localization of amplitude-panned virtual sources
is based on ITD cues at low frequencies and on ILD cues
at high frequencies. At frequencies roughly between 1|
and 2 kHz both cues influence the perceived direction.
The prominence of the cues is dependent on the temporal
structure of the audio signal in this frequency region.
This explains why signals with different temporal struc-
tures but the same magnitude spectrum are localized
differently.

The coincidence of low-frequency ITD cues and high-
frequency ILD cues explains why amplitude-panned vir-
tual sources are localized fairly consistently across the
audible spectral range. Therefore the sine and tangent
laws that were derived using low-frequency I'TDs hold
also at high frequencies. However, the deviations of
cues at middle frequencies may produce the spreading
of virtual sources.

The results presented here can also be discussed from
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the standpoint of practitioners of stereophony. Most nat-
ural sound signals, such as instrument and vocal sounds,
are broad band, and include also frequencies below 1100
Hz. In such cases the localization of a virtual source is
defined mostly by the low-frequency ITDs and high-
frequency ILDs. The deviations of cue values especially
near 1.7 kHz may produce a spread in the virtual source.
A formed virtual source will thus be localized with fairly
good accuracy and nonindividually to an intended direc-
tion, though there might exist some spread in the vir-
tual source.

If a virtual source contains only frequencies above
1100 Hz, such as instrument or vocal sounds at the two
highest octaves in a piano scale (C6—-C8), the ITD cues
of an amplitude-panned virtual source are no longer rele-
vant in localization. Localization will be based mostly
on ILD cues, which makes the virtual source direction
more individual and spread out.
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