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ABSTRACT

The present paper details a set of subjective measurements that
were carried out in order to investigate the perceptual fusion and
segregation of two simultaneously presented ERB-bandlimited noi-
se samples as a function of their frequency separation and differ-
ence in the direction of arrival. This research was motivated by the
desire to gain insight to virtual source technology in multichan-
nel listening and virtual acoustics applications. The segregation
threshold was measured in three different spatial configurations,
namely with a 0°, a 22.5°, or a 45° azimuth separation between
the two noise signals. The tests were arranged so that the sub-
jects adjusted the frequency gap between the two noise bands until
they in their opinion were at the threshold of hearing two separate
sounds. The results indicate that the frequency separation thresh-
old is increased above approximately 1.5 kHz. The effect of angle
separation between ERB-bands was less significant. It is there-
fore assumed that the results can be accounted by the loss of accu-
racy in the neural analysis of the complex stimulus waveform fine
structure. The results are also relatively divergent between sub-
jects. This is believed to indicate that sound fusion is an individual
concept and partly utilizes higher-level processing.

1. INTRODUCTION

Two interaural cues, the interaural time and level differences (ITD
and ILD, respectively), have been widely accepted to be mainly
responsible for the perception of the left/right direction of a sound
event [1]. If a pointwise sound source emits wideband sound in
anechoic conditions, the produced localization cues indicate the
same source direction at all frequencies. The present author has
recently been studying the perception of sound events where the
interaural cues indicate different source directions as a function
of frequency [2][3]. Such conditions are not purely theoretical:
sometimes applying different spatialization techniques in multi-
channel reproduction results in contradicting localization cues [2].

A simple way to simulate interaural cues that change unnat-
urally as a function of frequency is to route non-overlapping fre-
quency bands to loudspeakers with different azimuth angles, and
play the signals from different speakers simultaneously. It is not
well known how these sound events are perceived. Previous stu-
dies with noise signals indicated that in cases where several adja-
cent frequency bands with different azimuth directions were pre-
sented, the subjects never perceived the sound from all loudspeak-
ers [3]. Thus, some noise bands, even though not overlapping in
frequency or spatially, were perceptually fused together.

A possible explanation for the previous result is that the com-
ponents of a complex signal are associated as being fused to one

sound when they are closely related in terms of some perceptual
attribute. These attributes may include frequency content, arrival
time (precedence effect), temporal structure, spatial direction etc.
When the difference between components in one or more of these
attributes increases, it is more likely that the contrast causes sepa-
rate sounds to be heard. This theorem follows the general lines of
Gestalt theory, which is commonly utilized in perceptual psychol-
ogy. However, it requires at least some amount of processing at
the higher stages of perception. Similar hypotheses have also been
presented in other studies [4].

The goal of this study is to help understand the perceived
fusion and segregation of noise samples in anechoic conditions.
More precisely, the measurements were concerned with the neces-
sary frequency gap between two one-ERB noise band components
that causes two separate sounds to be heard, as a function of fre-
quency and spatial angle. The fusion and segregation of virtual
sound sources are important phenomena in multi-channel audio
reproduction and virtual acoustics applications. The results could
possibly help understand the perception of sound source width as
well. It should be emphasized that the precedence effect is not
considered in this study, as the noise components were arranged to
arrive simultaneously.

2. PROCEDURE

2.1. Test Method

Segregation was measured by listening to two simultaneously ar-
riving noise samples. The bandwidth of both samples was one
ERB, calculated according to the equivalent rectangular bandwidth
scale [5]. The segregation threshold value was determined by ad-
justing the frequency of the higher ERB-band noise component,
while the lower-frequency noise remained constant.

The samples in the test were created by first filtering white 80
dB Gaussian noise according to the equal loudness contour mea-
sured by Robinson and Dadson [6]. The equal-loudness noise was
then divided into bandpassed, one-ERB-wide samples. The filter-
ing was done via FFT, so that the filters’ magnitude response pass-
bands were very close to rectangular. The length of each sample
was one second with a 20 ms exponential onset and offset.

During the listening tests, two ERB-noise samples were lis-
tened to simultaneously in each case. The case was looped for the
duration of the adjustment, so that the one second of sound was
followed by a 400 ms silence. At the beginning of each test case,
the two samples were presented in adjacent ERB-bands, i.e. the
frequency gap between the samples was zero. The subjects were
instructed to increase the frequency gap to the point where they
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clearly heard two separate sounds, and to go back and forth for a
few times between the sensations of one and two sounds. After
a few adjustments, the subjects determined the proper threshold
value somewhere inside this range and proceeded to the next case.

The subjects changed the frequency gap to both directions in
two step sizes. In this paper, all adjusted frequency gap values
that are presented in ERB units refer to the ERB bandwidth that
is calculated according to the center frequency of the lower noise
component. The large step increased or decreased the gap by the
amount of one ERB. The small step size was similarly one-fourth
of an ERB. However, the adjustment had a distinct lower limit: the
test system did not allow for the two bands to overlap in frequency
to avoid interference. Also, an upper limit of 10 ERBs was used in
case the two components would not segregate at all. It should be
emphasized that the upper frequency component’s bandwidth was
re-calculated and changed after each adjustment step, so that the
subject always listened to two ERB-wide samples.

This procedure was repeated in 13 different values of the lower
noise component’s center frequency. These values spanned the
range of 0.1-5kHz in 2 ERB increments, according to the ERB
scale. Furthermore, these 13 cases were repeated with three dif-
ferent azimuth angles between the two frequency components: 0°,
22.5°, and 45°. The lower component always emitted from a loud-
speaker directly in front of the subject (0°) Thus, the total number
of test cases was 39.

The subjects performed the listening test in an anechoic cham-
ber. The subjects were seated in a chair facing 0° and told not to
move their heads during tests. The test utilized three loudspeakers
at 0°, 22.5°, and 45°. The loudspeakers were located approxi-
mately 2 m from the listener’s head at eye-height horizontal plane.
The loudspeaker distances from the listening spot were compen-
sated with delays, so that the two components arrived at the same
time. The loudspeakers’ magnitude responses had been measured
and equalized to be flat within 1 dB in the listening position. Loud-
speaker levels were also aligned using wideband noise and a sound
level meter. Figure 1 illustrates the test setup in the anechoic cham-
ber.

Figure 1: The loudspeaker setup in the anechoic chamber used
in the listening test. Subjects listened to two simultaneously ar-
riving, non-overlapping ERB-band noise components, whose az-
imuth separation was either’022.5, or 45°. In each test case,

the subjects adjusted the frequency of the higher component unti

they heard two separate sounds.

2.2. Test Subjects

Prior to the formal experiments, it was necessary to ensure that the
subjects both understood what they were required to do, and were
all evaluating the same phenomenon. For this reason, a prescreen-
ing experiment was arranged. In the experiment, the subject can-
didates listened to diotic samples with headphones that contained
two ERB-band noise components, similarly as in the actual listen-
ing test. Among the cases were two that contained a similar lower
frequency component, centered at 250 Hz. The difference between
these cases was that the gap between the lower and higher compo-
nent was 0 (i.e. one continuous two-ERB sample) in the other and
10 ERB in the other.

Preliminary screening required that the subject candidates re-
ported whether they heard one or two separated sounds in diotic
listening. The majority of subjects that attended reported that they
heard only one sound when the gap was zero and two distinct
sounds when the gap was 10 ERB. Two candidates out of eight
were excluded from the tests based on their prescreening perfor-
mance: one reported hearing both above cases as one sound, whereas
the other reported both containing “many sounds”. Thus, six per-
sons participated in the final test.

The exact question in the test was to find the threshold of hear-
ing two separate sounds. The task was further discussed so, that
the subjects were asked to focus on hearing a distinct interval and
to keep in mind that “separate sounds” and “two sound sources”
are not the same thing: one can perceive two distinct sounds com-
ing from the same loudspeaker.

It must be emphasized that the listening tests were conducted
to relatively compare fusion/segregation as a function of frequency
and azimuth angle. The prescreening was done in order to find
subjects that experienced the fusion/segregation phenomenon sim-
ilarly in a natural manner, rather than trying to train or bias subjects
into hearing something that they did not naturally hear. The role
of individual differences in the listening task is discussed after the
results are presented.

3. RESULTS

Panels 1-6 of Figure 1 illustrate the results from the listening tests
individually for each subject. Each panel shows three data curves,
which represent the three different spatial angles between the two
noise components, whose segregation threshold was measured. As
mentioned, the subjects adjusted the center frequency of the higher
frequency component as the lower component remained constant
in each case. The x-axis frequency value represents the center fre-
quency of the constant lower frequency band, whereas the y-axis
gives the frequency gap threshold between the two components re-
quired for the subject to hear two separate sounds. The gap thresh-
old value is given in ERBs, whose bandwidths are calculated ac-
cording to the center frequency of the lower component in each
case. This way, the segregation threshold values can be compared
at different frequencies and spatial angles.

The results have somewhat large inter-subject variance. How-
ever, one salient feature is common to all individual results: the
segregation threshold is notably increased in cases, where the cen-
ter frequency of the lower component is above approximately 1.5

|kHZ. The significance of this phenomenon varies from subject to

subject. Subjects 1,2, and 5 have marked the threshold at high
frequencies to be at or near the upper adjustment limit of the test
system. The influence of the spatial angle between the two fre-
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Figure 2: The results of the listening tests presented individually for each subject. The thres mpwesent the segregation threshold
values with three different azimuth separations. The x-axis frequency valesess the center frequency of the constant lower ERB-
band component, whereas the y-axis gives the frequency gap thresholeéhétedwo components required for the subject to hear two
separate sounds. The gap threshold value is given in ERBs, whose bandwidths alat@dlaccording to the center frequency of the

lower frequency band in each case.

quency components is less prominent and hard to interpret from
the results.

4. DISCUSSION

In this section, the previous results are analyzed further and con-
clusions drawn from them. Figure 3 shows the mean thresholds for
the three component separation azimuth values averaged across all
six subjects. The mean threshold is approximately 1 ERB below
1.5 kHz. It can be seen that the threshold value begins to increase
when moving above 1.5 kHz in all three cases. Although the mean
threshold is a little higher for 0°, the effect of the azimuth separa-
tion between the two ERB-bands is difficult to determine from the
results. Sufficient to say however, that the azimuth angle difference
did not contribute to the segregation threshold value as strongly
as the frequency content of the stimuli. It is therefore reasonable
to assume that the segregation task mainly utilized monaural pro-
cessing, and is not as much dependent on binaural factors, such
as interaural localization cues. There are many well-known cases,
where the accuracy of hearing is decreased with increasing fre-
quency, such as the perception of pitch [7] and waveform ITD [1]
[8]. The lack of sensitivity at high frequencies is often attributed to
the loss of phase locking in the firing patterns of the cochlear audi-
tory nerve fibers [9]. The general view is that the neural synchrony
with the sound waveform features begins to decline already at rela-
tively low frequencies and is completely lost above 5 kHz [7]. This
in turn implies that the exact time structure of a complex waveform

is not efficiently encoded at high frequencies.

In the light of the previous facts, a plausible hypothesis is that
the segregation threshold for the two noise bands is lower when the
complex stimulus waveform can be accurately encoded by the neu-
ral system. Figure 4 shows an example stimulus, similar to those
used in the listening test, which consists of two ERB-band com-
ponents (center frequencies 120 and 690 Hz). Because this stim-
ulus waveform can be analyzed accurately, the two components
are more likely to be perceptually segregated. In order to illus-
trate the perceptual segregation, the lower panel shows the wave-
forms of the two components separately. When both noise band
components of the stimulus are instead above 1.5 kHz, only the
overall lower-frequency envelope of the stimulus can be detected
accurately, and the segregation threshold of the two components
increases. In some higher-frequency cases the subjects were not
able to segregate the two bands even after reaching the upper 10-
ERB limit of the test system.

In the course of the tests it became clear that the fusion/ segre-
gation question is also a subjective one. Based on prescreening
verbal comments, humans might consider various factors, such
as harmonic relations, presence of an interval, and spatial differ-
ence, when determining the perceptual components of a sound. In
this experiment, the subjects were instructed to use the perceived
presence of an interval as an indication of segregation. The pre-
screening indicated that this could be one of the principal factors
according to which the majority of humans associate segregation
naturally. The purpose was, however, to compare the segregation
thresholds relatively as a function of frequency and spatial angle,
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Figure 3: The mean segregation threshold values averaged across

all six subjects, presented similarly as in Figure 2.

instead of defining the different perceptual concepts. The pre-
screening test was arranged so that subjects would, at least roughly,
“measure” the same phenomenon.

Nevertheless, as can be seen from the results, there are devia-
tions between the subjects. For example, subjects 3, 4, and 6 did
not reach the upper adjustment limit at high frequencies, whereas
the other three did. It is also evident that these same subjects’
results are not as consistent with frequency as the others’ are. It
is possible that despite the prescreening, the subjects did not per-
form the task using exactly the same criteria. It seems that the
fusion/segregation task included at least some amount of higher-
level processing that extends beyond peripheral hearing. For these
reasons, it was chosen to present the results individually, and not
to increase the number of test subjects.

The individual deviations withstanding, the change in behav-
ior when moving to the higher frequency range can be clearly ob-
served from the results. One specific task left to the future is to
establish whether the present results can be utilized in auditory
modeling of perceived source width. Based on this study, the ini-
tial hypothesis is that in wideband sound, where interaural cues are
not consistent, frequency components in the range above 1.5 kHz
in steady-state sound contribute less to perceived source width.

5. CONCLUSIONS

The perceptual segregation and fusion of two simultaneously ar-
riving ERB-bandwidth noise components was investigated as a
function of their frequency- and azimuth separation in an anechoic
chamber. The subjects adjusted the frequency gap between the
components until they heard two separate sounds. The results in-
dicate that when both components are above 1.5 kHz in frequency,
i.e. the range where fine structure information of a complex stim-
ulus is more difficult to determine, the frequency gap threshold
is notably increased. The present hypothesis is that at high fre-
quencies, where only the signal envelope can be analyzed accu-
rately, the components are more difficult to segregate. The effect
of azimuth separation between the ERB-bands was not prominent
compared to the frequency dependency. Although the main trends
can be observed easily from the results, the inter-subject deviations
were relatively large. It is hypothesized that determining the segre-
gation of two frequency components utilizes at least some amount
of higher-level processing.
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Figure 4: Upper panel: example stimulus in time-domain. Two
ERB-bandwidth noise components with center frequencies (cf) 120
and 690 Hz are presented simultaneously. Lower panel: below
1.5 kHz, the signal fine structure is accurately analyzed and the
individual waveforms of the two noise bands can be segregated
into separate sounds. Above 1.5 kHz only the common envelope is
perceived.
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