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Abstract:

Although there are several factors causing “cocktail party effect” after more than half a

century of research, the major one is considered to be the spatial separation of the target signal and the
interferer. This paper will overview developments of the improvement of performance resulting from
the directional separation of the target signal from interferers when listening in a field or through
headphones. The basic assumption concerning the cocktail party effect is that there are one or more
interfering sound sources in addition to the target signal source. In this situation it is important to
remember the selective attention effect, which attenuates the interfering sound by concentrating the
attention on a specific signal. Pitch of sound is the simplest cue for selective attention; however, spatial
information can also be one. The latter half of this review discusses the effect of spatial filtering and an

attention filter on the frequency domain.
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1. INTRODUCTION

It has already been 50 years since Cherry [1] published
his paper on the cocktail party problem. Since then several
review papers have been published. Yost [2] reviewed both
selective attention and masking level difference in relation
to binaural hearing and the cocktail party problem. In 2000
Bronkhorst [3] reviewed the effect of the number of
interference noises on speech intelligibility under binaural
hearing conditions. Despite the wealth of studies conducted
over the last five decades, the five factors for understanding
the cocktail party problem listed by Cherry are still thought
to be suitable because of the adequateness of their
description.

(1) Information on the direction of the sound source.

(2) Visual information such as gestures and lip move-
ment.

(3) Tonal quality of the voice, speed of speech, average
pitch and information concerning the speech sound
itself such as the sex of the speaker.

(4) Information on accents.

(5) Information on transition-probabilities.

In observations of the cocktail party phenomenon all
five factors are thought to be utilized in an attempt to
increase the intelligibility of speech under severe Signal to
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Noise Ratio (SNR) conditions. In the special case con-
cerning the directional information of sources Cherry made
the following experiment: the subject heard separate
speeches in each ear and was asked to repeat the sentence
heard in one of the ears in order to have the subject focus
on the speech presented to that ear. He then observed the
degree of processing, perception and cognition of the
speech given to the other ear. Since Cherry’s paper, many
papers have mentioned the cocktail party problem, partic-
ularly in relation to the improvement of hearing perform-
ance by the directional separation of sound sources. Some
papers have explored source separation under actual
acoustic environments, but most have dealt with the
improvement of performance by the use of artificial
binaural information: for example, Interaural Time Differ-
ence (ITD), Interaural Intensity Difference (IID), or
Interaural Phase Difference (IPD) using headphones. These
experiments including Cherry’s do not, however, give us a
direct key to the cocktail party problem in a real-world
environment. In the 1940’s Licklider [4] and Hirsh [5]
showed that the threshold of pure tone is decreased and
speech intelligibility is increased by the interaurally out-of-
phase signal against a diotic masker. Although this work
maintains its attraction even now, the experiments are also
far from an actual acoustic environment. Following their
papers, many studies were done on the Masking Level
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Difference (MLD). Those papers conclude that from 15 dB
to 18 dB of threshold decrease is observed when utilizing
an out-of-phase signal or noise. Although it is not possible
to reproduce this situation in the real world, the improve-
ment of performance under binaural hearing conditions is
one of the most interesting phenomena in understanding
the functioning of the auditory system and in determining
its limits for segregating a signal from interference. Due to
its interesting nature, this theme was the focus of research
for a long period in the 1950’s and 60’s. On the other hand,
in order to investigate the cocktail party problem, research
testing the effect of spatial separation continues in experi-
ments under the free field. There are, however, alternatives.
In the first alternative, the recorded signals obtained by an
artificial ear or dummy head in the free field are used for
binaural hearing in order to investigate the effect of source
separation on performance. Also the Head Related Transfer
Function (HRTF) obtained a priori is convolved with the
signal and noise in order to identify the stimuli. In the
present paper, release from masking due to spatial
separation of sources in a free field is reviewed first, and
then masking release using an artificial head, and MLD due
to interaural differences, are overviewed in section 2.

Under the cocktail party problem we may assume that
the information from the signal sound source is segregated
from amongst others. That means selective attention is
always utilized in this situation. For example, when the
subject is asked to focus on a pure tone, there is an
attentional filter on the frequency axis, and there is a spatial
filter when the subject is asked to focus on a specific
direction. In section 3, the methods of controlling attention
and the attentional filter obtained by those methods are
reviewed.

When considering the cocktail party problem in a more
realistic situation we need to think about the mechanism for
following a continuous dialog. Of course the obvious cue to
following a dialog is the direction of the speaker. But as
Cherry’s third point suggests, there are other cues such as
the quality of the voice, average pitch, etc. Research related
to these topics has advanced in the last decade, but due to
limitations of space these subjects are omitted from this
review.

2. RELEASE FROM MASKING DUE TO
SEPARATION OF THE SOUND SOURCES

2.1. Release from Masking due to Spatial Separation
of the Sources in a Free Field

Cherry’s research into the cocktail party problem
showed that we can separate two signals and attend to
one of them. Since then the direction of the source has long
been known as a cue to signal separation. Along with the
development of the stereophonic LP record, the two-track
recording technique became popular, and research on the

improvement of perceptual performance based on source
separation became active. However, research into direc-
tional separation in the sound field did not progress as
remarkably as that using headphones under dichotic
hearing conditions. Research into the free field was
resurrected in the 1990°s after a period of inactivity. On
the contrary, during the inactive period, studies using
headphones were particularly active, most of them aimed at
investigating effective physical parameters as cues of
binaural release from masking.

In this subsection the effects of directional separation in
a sound field will be oveviewed from the aspect of
parameter extraction. In the early stages of signal separa-
tion research based on directional information, Spieth et al.
[6] showed that the percentage of correct answers to the
messages increases more than 20% at 10 to 20° of source
separation. Although they made experiments for the range
of 90 to 180°, they did not vary the direction of the source
systematically. In an anechoic room, Motor [7] measured
detection thresholds of 500 Hz pure tone within a masking
noise when the direction of the source was varied system-
atically. The thresholds of pure tone located in front of the
subjects were measured when the source of the broadband
masking noise was located at every 15°. According to their
results, the threshold of detection decreases by 7dB when
the separation of directions is 90°. This decrease is the
masking level difference due to the directional separation
of sources. Ebata et al. [8] performed similar experiments.
They measured the threshold of 1,000 Hz pure tone which
was presented by a loudspeaker located at one of 0, 10, 20,
30, 45, 60, 90 and 135° while the masker was presented
from 0°, or in front of the subject. MLD due to the
directional separation reaches its saturated level, 10 dB,
when the directional difference is 60°. Ebata et al. [8] also
carried out the experiments on release from masking due to
the directional separation using monosyllabic words. The
results showed that the maximum improvement of intelli-
gibility due to directional separation amounts to 10% when
SNR is —5dB and it corresponds to 3.5dB in SNR. If the
directivity characteristics of the ears are taken into account,
the improvement decreases to 2.7 dB, which is significantly
less than the MLD obtained by pure tone (10dB). The
amount of release from masking decreases further if SNR
is positive. Levitt and Rabinaer [9] obtained the similar
result that a binaural release from masking by phase
inversion gives a 13dB gain for the detection, but only
about 6 dB for intelligibility. In addition they showed that
the binaural release from masking by interaural time
difference reaches 13dB for the detection task but only
3dB for intelligibility. The reason for these differences
between detection threshold and intelligibility has not been
clearly explained. Ebata et al. [10] performed experiments
in which masked loudness was measured using loudness
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balance as a function of Sensation Level (SL). Using the
same experimental setup as the signal detection task, not
only the threshold but also the loudness of pure tone, whose
frequency was 500 Hz, 1,000 Hz, or 2,000 Hz with an SL
between 5dB and 35dB, were measured. The results
showed that the increase of masked loudness becomes
smaller as SL increases, and it becomes almost 0 dB at
25dBSL. This means that the above mentioned difference
is not due to the characteristics of speech, but that masking
release is at its maximum at O dBSL and decreases when
the SL increases. On this issue, there have been similar
studies which show the maximum improvement of hearing
ability around threshold and a decrease in the amount of
improvement as an increase of SL. Licklider [4] explored
the relation between SNR and release from masking. For
example, he showed that when SNR = —8dB, interaural
phase inversion of the signal gives about 20% improvement
of intelligibility but becomes 2 to 3% when SNR = 0dB.
Later, Carhart et al. [11,12] performed similar experiments
and showed that a larger improvement can be obtained due
to the phase inversion of a signal when SNR is low. Also
Townsend and Goldstein [13] measured the loudness
increase due to phase inversion at various SLs using
250Hz and 500Hz pure tone. Their results show that the
effect reaches 11 dB around the threshold level, but 8 dB at
5dBSL, 4dB at 10dBSL, and only 1dB at 20dBSL.
Henning [14] also showed that the increase in correct
response due to phase inversion of a pure tone is greater at
low SNR than at high SNR in frequency discrimination.
Research on the improvement of performance due to
directional separation in a sound field continued. Plomp
[15] measured the masking release of intelligibility due to
the separation of the source direction when the source of
the target signal was located in front and the noise source
was located at every 45°. He used connected discourses as
the representative of everyday situations and measured the
threshold in which the discourse was just intelligible. The
results showed that the gain due to directional separation is
about 5dB. Plomp also discussed the effect of reverber-
ation in order to further understand the cocktail party effect
in daily life conditions. According to his results, the gain
due to directional separation with a reverberation time of
1.4s decreases to 2dB and that with 2.0s reverberation
almost disappears. Koehnke and Besing [16] discussed the
effect of reverberation on the release from masking due to
directional separation using monosyllabic words. They
used an earphone to present stimuli made by the con-
volution technique using a source-to-eardrum transfer
function obtained from an artificial head, a priori. They
obtained the results that an improvement in SNR in an
anechoic chamber is 13 dB for 90° directional separation
but only 4 dB in simulated sound field environment with a
reverberation time of 0.25s to 0.4s. On the other hand,
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Freyman et al. [17,18] investigated the effect of single
reflection on masking release due to directional separation.
The subjects were asked to figure out the key word
included in a nonsense sentence. The interference sound
was either noise with a speech-like spectrum shape or
nonsense sentences uttered by different speakers. Although
reflections were added both to target speech and interfer-
ence, sound localization was determined by the direct
sound due to the precedence effect because the delay
between direct and reflected sounds was only 4 ms. The
results obtained using speech-shaped noise interference
showed that SNR improvement is 8 dB without reflection
when the directional separation is 60°, but it reduces to
1dB with reflection. On the other hand, when nonsense
sentences were used as the interferer, the advantage due to
directional separation reaches 14 dB, and it remains 6 to
10dB even if a reflection is added. The reason for the
difference of advantages due to the type of interference was
thought to be as follows: The interference is due mainly to
energetic masking when noise is used as the interference
sound, but it is also due to informational masking when
speech interference is used, so that the effect of the
directional separation becomes greater.

The increase of performance due to spatial separation
remained several dB for the monosyllables and phoneti-
cally balanced words (PB words). Since the 1980’s,
however, the Speech Reception Threshold (SRT) has been
used as a measure of speech recognition, and an improve-
ment in SNR of more than 10dB has been reported. The
SRT measure is obtained subjectively as the level of speech
corresponding to 50% intelligibility of the sentence. This
method was introduced by Hawkins and Stevens [19] as the
threshold of intelligibility and has been popular after being
reevaluated by Plomp [20].

Plomp and Mimpen [21] measured the release from
masking by directional separation in the SRT using a
speech signal. They measured the SRT for speech located
in front of the subject while interference noise whose
spectrum shape was the same as the long-term average of
speech was presented every 22.5° on the semicircle. Their
results showed about 10 dB masking release when the noise
source was located at the side of the subject, 90 to 125°
from the front, compared with the SRT when both the
speech and noise sources were located in front of the
subject. Duquensnoy [22] also obtained the effect of
directional separation using a measure of SRT. His results
show that the masking release is 9.6 dB for the stationary
noise when the direction of arrival is separated by 90°, but
decreases to 6.7 dB when speech is used as an interference.
The reason why the improvement in the speech interferer is
not so great is thought to be that the overall intelligibility
under interfering speech is originally high due to silent
durations between utterances even if the directions of
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signal and interference are the same. Bronkhorst and Plomp
[23] measured the masking release due to directional
separation using SRT. In their experiments, speech
spectrum noise was used. They obtained about a 6dB
improvement in SRT when the directions of the signal and
the noise were separated by 90°.

All of the above mentioned researches discuss the
masking release due to directional separation in the
horizontal plane. On the other hand, Saberi et al. [24]
discussed one in the vertical median plane. Because there
are no interaural differences for sound presented in the
vertical median plane, it is thought to be less advantageous
in release from masking due to spatial separation. There-
fore, the amount of research on the vertical separation of
signal and masker is much less than that on the horizontal.
Saberi et al. measured the MLD of directional separation
for a short train of 50us clicks within broadband noise.
Although maximum MLD reached 15dB in the horizontal
plane, only 8 dB was obtained at 60° in the vertical median
plane. One reason for the advantage due to directional
separation in vertical median plane might be the ability of
the subjects to utilize direction-dependent peaks and
troughs in the power spectrum resulting from the inter-
actions of the stimulus from the convolutions of the pinna.
Gilkey and Good [25] also measured the MLD in the
vertical median plane using a filtered pulse train as the
signal. A signal train of 20 us pulses was filtered by a low,
middle, or high frequency band pass filter, and the band
width of the masker was set wide enough so that it
sufficiently covered signal band width. When the masker
was located in front of the subject, a threshold decrease of
about 11dB was observed for low and high pass filtered
signals in the horizontal plane. In the middle frequency
range it reached about 5dB. In the vertical median plane,
however, MLD reached 10dB for a high frequency range
signal, but there was almost no MLD for low frequency
range and only 2dB for middle frequency range. The
results suggest that the MLD in the vertical median plane
comes from direction-dependent peaks and troughs in the
spectral cue as Saberi et al. mentioned.

2.2. Spatial Release from Masking Using an Artificial
Head

In order to evaluate the effect of directional separation
in an actual sound field, stimuli recorded by a dummy head
microphone system in a field can be reproduced by
headphones. For example, by comparing the performance
obtained by binaural and monaural reproductions, the cues
for release from masking in an actual sound field are
examined. This area of research started before 1950 and is
very active even now.

At first, the effect of directional separation on perform-
ance for a signal obtained by a human head in an actual

sound field is greater than for a signal obtained by an
artificial ear. The difference is a 3 to 5 dB decrease for the
threshold and a 20 to 30% increase for speech intelligi-
bility. Koch [26] measured the performance when the
speech source was located in front of the subject and the
noise source was at the back, both in free field and in
binaural reproduction conditions. Results showed that the
threshold of intelligibility obtained in a free field condition
is 3 to 4dB lower than that in a binaural one. Hirsh [27]
also measured the effect of directional separation under the
conditions of a free field and headphone reproduction of
stimuli recorded by a spherical dummy head. Locations of
target and interference sound sources were varied: 180° by
front-back or left-right, and 90° by front-left/right or back-
left/right. The results show that the threshold of intelligi-
bility obtained in the free field is lower, by as much as
5.5dB in the 90° case. In recent research, an accurate
artificial head was introduced, and a comparison was made
between a human head and the dummy head on the effect
of source separation. Some reports [18,28] show that the
performance by a human head is 20 to 30% better than that
of the dummy head. One report [27] shows no difference
between them. There was no complete agreement between
the results. This difference in performance between free
field listening and binaural listening using a signal obtained
by a dummy head seems to be due to the inaccurate
modelling of the dummy head on the subject’s own head.
There are many reports using an accurate Head Related
Transfer Function (HRTF) for a subject. Details are
reported in the last part of this section; first the research
on the differences in performance between binaural and
monaural hearing conditions using a dummy head are
overviewed. In the beginning, a spherical shaped dummy
head equipped with two microphones was used. Generally
there is a 4 to 7dB advantage for binaural over monaural
hearing conditions. However, as shown by Bronkhorst and
Plomp [30], the threshold for a monaural hearing condition
can be lower than that of the binaural condition because the
effect of the head shadow increases the SNR of the ear on
the opposite side to the interference noise source. Hirsh
[27] obtained a 4.5 dB advantage for the binaural hearing
condition over the monaural one when the directional
difference between the target and interference sources was
90° using an artificial head. Dirks and Wilson [31]
compared the hearing conditions with 90° separation of
source direction and obtained about a 7dB improvement
for the binaural condition. They also reported that the
advantage due to 90° separation in binaural hearing was 6
to 9dB.

Recently artificial heads are being used in many
studies. In order to make a dummy head similar to a
human head, the KEMAR mannequin was developed by
Burkhard and Sachs [32] in 1975. Since then, it has been
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used in many research papers [18,28-30,33,34]. These
papers reported a 9dB decrease in threshold and a 30 to
40% improvement of intelligibility due to spatial separa-
tion. Bronkhost and Plomp [30] showed that SRT is
improved by 9.4dB due to a 90° spatial separation of
speech and speech-like noise, which has the same long-
term average spectrum as the sentences. Under the
monaural hearing conditions by means of the better SNR
ear, the threshold increased 2.5 dB. However, this threshold
is still about 7dB lower than one obtained by binaural
hearing without spatial separation, i.e. when the noise and
masker are located in the same direction. Because they
thought that the lower threshold obtained in monaural
hearing condition was due to SNR improvement resulting
from the head shadow effect, they measured the perform-
ance for stimuli which had only either IID or ITD. For the
stimuli with IID alone and ITD alone, the thresholds
decrease 6.5dB and 4.7dB, respectively, and neither of
these can explain the spatial unmasking of 9.4dB. Yost et
al. [28] also compared the binaural and monaural hearing
conditions using the KEMAR dummy head, and showed
that the performance on the identification of 26 letters and
9 numbers is 30% higher for the binaural hearing condition
than for the monaural one. Hawley et al. [29] measured the
increases in intelligibility of key words under spatial
separation conditions using the KEMAR dummy head.
They showed that the error rate deceased 50% due to
spatial separation and that the difference in the error rate
between binaural hearing and monaural hearing by the
better ear reached 30%. Freyman et al. [18] showed that
correct responses under binaural hearing conditions for a
key word identification task are 35% higher than under
monaural hearing conditions.

Recent developments in information processing tech-
nologies let us perform experiments using stimuli made
virtually by the convolution of signal and HRTF measured
a priori. Based on this technique, Peissing and Kollmeier
[35] measured SRT by means of simulated experiments
under the condition where the interference moves around
the subject while the target is fixed in front. When a
continuous, speech-spectrum-shaped noise is introduced as
an interferer, about 10dB SNR improvement is obtained
when the direction difference between the target and
interferer is 105°. Furthermore, when two interferers are
fixed at 105° and 225° and a third interferer is added, SNR
improvement remains only 2dB regardless of the third
interferer’s location. Drullman and Bronkhorst [36] also
used speech, both words and sentences, as target and
interferer, and compared the intelligibility obtained under
(1) a simulated condition based on HRTF, (2) a dichotic
hearing condition where the different combinations of
target and interferers were fed into each ear, and (3) the
monaural hearing condition. For the single interferer case,
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the performance obtained in the monaural condition was 40
to 50% lower than those in other conditions. However, in
the case of two interferers, the performance degraded for
all conditions. The performance obtained in the binaural
condition was 20 to 30% lower than that in the simulated
condition based on HRTF, while in the monaural condition
was 20 to 30% lower than in the binaural condition. When
the number of interferers increased to three, the worst
performance, almost 0% intelligibility, was obtained for
the monaural hearing condition, and the worst performance
for all of three conditions was reached in the case of four
interferers. Note that they reported no differences in
performance between a subject’s own HRTF and another’s.
This result can be understood because the stimuli were
low-pass filtered at 4k Hz. Shinn-Cunningham et al. [37]
obtained the spherical-head HRTFs for all the positions
from which sources were to be simulated and evaluated the
effect of directional separation assessing the SNR of each
frequency band. According to their results, the SNR was
improved considerably in the wide frequency range.

All the studies mentioned above discuss only the
directional separation of the target and the interferer. They
do not discuss the effect of the distance between the
listener and the sound sources. As mentioned by Brungart
and Rabinowitz [38] there is almost no effect of distance on
the HRTF when the distance from the sound source is more
than 1 m, but the characteristics of the HRTF change for
distances less than 1 m. In conditions when the cocktail
party effect occurs, the distance of sources can often be
within 1 m. Shinn-Cunninghum et al. [37] investigated the
effect of the separation in distance on performance while
the sound sources were located at 15cm and 1m from the
subject. Results demonstrated that the advantage due to 90°
separation from noise was only 5 dB when sources were far
from the head, but it was about 20dB when the target
source was near. Brungart and Simpson [39] obtained a 4 to
5dB improvement in the SNR by the separation in
distance.

There were huge variations in both the type and number
of interferers in the above-mentioned investigations. How-
ever, in general the tendencies were (1) a steady noise
shows a larger masking effect than speech, and release
from masking due to the separation of sound sources is 3 to
6dB greater in a noise interfering condition than in a
speech one; (2) meaningful speech may interfere much
more than noise because of the informational masking
effect. Furthermore, Brungart [40] showed in the monaural
hearing condition that speech is more disturbing than
random noise, that the speech of someone of the same sex
is more disturbing than that of someone of the opposite sex,
and that the same talker’s speech (the subject’s own
speech) is the most disturbing. To investigate the effects of
energetic masking and informational masking separately,
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instead of a simple noise, random noise with a long-term
averaged spectrum of words or sentences was used by
many researchers including Duquensnoy [22], Bronkhorst
and Plomp [30,33], Koehnke and Besing [16], Ericson and
McKinly [34], and Peissing and Kollmeier [35]. Random
noise modulated by a speech envelope was also used by
Bronkhorst and Plomp [33] to simulate the temporal
pattern of speech. In addition, in order to examine the
effect of informational masking, many studies are measur-
ing the masking effects for both actual speech and noise;
for example, Plomp [15], Ericson and McKinley [34],
Peissing and Kollmeier [35], and Freyman et al. [17]. On
the other hand, Yost ef al. [28], Pessing and Kollmeir [35],
Hawley et al. [29], Drullman and Bronkhorst [36] and
Freyman et al. [18] used speech both as target and
interferer.

Speech intelligibility using monosylabic speech and PB
words was frequently used as a measure. In this case,
however, a large number of presentations of stimuli is
required to obtain accuracy. To shorten the experimental
time, the SRT has been widely used by Plomp and Mimpen
[21], Duquesnov [22], Bronkhorst and Plomp [23,30,33],
Pessing and Kollmeir [35], and Freyman and Helfer [17].
Using this measure, the time requirement for an experiment
is reduced by means of method of adjustment or adaptive
method, but the load for subjects becomes large.

2.3. Speech Intelligibility Difference due to ITD and
IPD

The MLD has been well known since the 1960’s as the
threshold shift around 15 dB for the detection of pure tone
whose frequency is 500Hz or less when the pure tone
signal is out-of-phase under a dichotic condition. This
effect can be understood to be due to the blurring of the
intracranial image over the whole head of the subject
resulting from phase inversion, while the image of in-phase
noise can be located at the center of the subject’s head. It is
understood that these image differences lead to partial
improvement of the SNR in the head even if this
phenomenon is completely different from spatial separa-
tion. This effect of phase inversion is measured not only for
the threshold of pure tone but also for speech intelligibility.

Many studies on the MLD on speech intelligibility
utilize a speech signal whose phase is inverted in its lower
frequency range, because the MLD on pure tone is
observed only at a frequency lower than 1,000 Hz,
especially less than 500Hz. Schubert and Schultz [41]
divided the speech signal into three frequency ranges as
low (200 to 1,660 Hz), middle (880 to 2,200 Hz) and high
(1,600 to 6,100Hz), and measured the effect of interaural
polarity reversal on the improvement of intelligibility. The
results show a 25% improvement of intelligibility in the
low frequency range, and 10% in the middle frequency

range, but no improvement in the high frequency range,
when the interferer is broadband noise at SNR = 0dB. On
the other hand, when speech is introduced as the interferer,
the maximum MLD of phase inversion reaches 9 dB when
the speech stimuli by the same talker are used for the target
and the interferer, but a very small MLD on speech
intelligibility is obtained when the speech stimuli uttered
by different talkers are used. Levitt and Rabiner [9] also
measured MLD for speech whose phase in the lower or
higher frequency bands was inverted. The intelligibility
increases when the phase of frequency band, including
components lower than 500 Hz, is inverted. Note that this
improvement in MLD is the same amount observed by full
range phase inversion. Mosko and House [42] showed the
effect of phase inversion on the detection of single vowels
/a/, /i/, and /u/ and obtained 12dB of MLD as the
average of these three vowels. Flanagan and Watson [43]
measured MLD by phase inversion of the pulse train
instead of speech. MLD changes according to the fre-
quency of the pulse train and reaches the maximum of 10 to
15dB when the repetition is 100 to 150 pps. The release
from masking is found to relate primarily to the funda-
mental component, so that the elimination of a fundamental
component substantially reduces the MLD.

Besides research on intelligibility improvement due to
phase inversion in a dichotic listening condition, there are
many reports on the effect of intelligibility by controlling
the interaural time difference. Obviously phase inversion
cannot explain the phenomenon of the cocktail party effect,
but the interaural time difference is understood to be one of
the major physical cues for directional separation in the
sound field, and its effects have been researched over
several decades. According to the results, the improvement
of intelligibility is only 3 to 4dB by controlling the
interaural time difference, while it is 5 to 9dB by phase
inversion, and the improvement obtained by phase inver-
sion is always larger than that obtained by the interaural
time difference. Schubert [44] compared the intelligibility
improvement obtained by interaural delay and phase
inversion. He obtained a 3 dB improvement due to 470 s
of ITD, less than the 5 dB resulting from phase inversion.
Similar results are obtained by the treatment of the
interferer instead of the target speech. Schubert and
Schultz [41] used speech as an interferer and measured
the intelligibility improvement for 0.5ms ITD. They
obtained a maximum of 4dB improvement for various
maskers under these conditions, while a 9 dB improvement
was obtained with phase inversion. Levitt and Rabiner [9]
compared the effect of phase inversion and interaural
delay. They found a 6 dB improvement of speech intelli-
gibility due to phase inversion, but only about 3dB
improvement due to 0.5 to 10 ms of ITD.

Carhart et al. [12] researched the effect of phase
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inversion and interaural delay on speech intelligibility
under various conditions. They examined the effect of
phase inversion on speech intelligibility under continuous
noise, and obtained a 4 to 5dB improvement. They also
obtained about a 3 dB improvement by stimuli which had a
0.8 ms interaural delay. The amount of improvement was
decreased under modulated noise. Although the amount of
release from masking due to interaural delay is usually not
larger than that obtained by phase inversion as mentioned
above, it reaches almost the same amount when the target
and the interferer have 0.8 ms delays but the location of the
sound image of both target and noise is perceived to be on
the opposite side. Furthermore, Carhart er al. [45]
compared the amount of release from masking due to
phase inversion and interaural delay using modulated noise
and connected speech as the interferers. Discrimination of
monosyllabic speech improves up to 5dB due to phase
inversion and only 2.5dB due to interaural delay. On the
other hand, the change in the threshold level for spondee
words reaches 4.9dB for phase inverted stimuli but only
1.5dB for interaurally delayed stimuli. Carhart et al. [46]
reported on masked threshold under 37 binaural listening
conditions using four kinds of interferers, i.e. two kinds of
modulated noise and two kinds of spoken sentences uttered
by male speakers. According to their results, the largest
MLD (4.4 to 6.8dB) is obtained under the antiphasic
condition, and the MLD under the delay condition is
always 1 dB less, in average, than that under the antiphasic
condition. They also reported that MLD under opposed
time-delay conditions (0.8ms delay given to all portions of
the masker complex but not all masker signals delayed to
the same ear) was reduced another 0.6dB from the
antiphasic condition, on average, ranging from 2.6 to
6.4dB. Carhart et al. [46] showed that (1) the masking
level decreases by 1 dB due to an increase of the duty cycle
of modulated noise from 50 to 75%, (2) there is a 3.2dB
excess of masking by means of mixing speech with
interfering noise, and (3) the excess masking reaches
6.6dB when two kinds of speech are included in the
interfering noise. Recently, Darwin and Hukin [48]
obtained an improvement of performance in the identifi-
cation of key words in a sentence separating the direction
of the signal speech from the interfering speech due to ITD.
They showed a 10% improvement in identification due to
91 us of interaurally different ITD in the signal and the
interferer. They concluded that the subjects can easily
concentrate on the signal and suppress the interferer
because the images of the signal and the interfering speech
are separated during utterance of the key words.

3. ATTENTIONAL FILTER IN FREQUENCY
DOMAIN

When experiencing the cocktail party effect, it is
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necessary to pay attention to a single speech. Research on
the physiological mechanisms of this selective attention is
still in the preliminary stage. The studies done by Puel et
al. [49], LePage [50], Teder and Nattanen [51], Scharf et
al. [52], and Scharf et al. [53], are examples. In this
section, the psychophysical research on selective attention
related to the cocktail party effect is reviewed.

Over the years there have been many researches into
the strategy for dividing attention and its modelling in the
case of uncertain frequency stimuli. It was in the late
1960’s that a very important method for researching
selective attention was introduced. Greenberg and Larkin
[54] used the two alternative forced choice procedure, and
measured the performance of the probe tone detection task
under the condition where 1,100 Hz primary tones were
presented to 70% of the whole trials with different
frequency tones accounting for the remaining 30%. With
this method the subjects can focus their attention on a
specified frequency of a primary tone. They called this
method the “probe-signal method.” Before their work,
Ebata et al. [8] examined the role of attention using a
similar method. They observed selective attention due not
only to frequency but also to the direction of the arriving
signal. In their experiments, eight loudspeakers were
located at points 45° apart around the subject. In 90% of
the whole trials, 1,100Hz pure tone lasting 1.2s was
presented by the loudspeaker located in front of the subject,
and in the remaining 10% of the trials, tones either 220 Hz
or 550Hz were presented by one of seven loudspeakers
other than the one in front. In quiet conditions, the
threshold of a 220 Hz or 550 Hz tone increases by 6 to 7 dB
compared with that in control condition for all directions.
By contrast, Greenberg and Larkin [54] measured the
threshold change of a test tone whose frequency was close
to that of a primary tone. They used a 1,000 Hz or 1,100 Hz
tone as the primary tone and measured the threshold for test
tones whose frequency varied in the range of 700 Hz to
1,300Hz. The results showed that detection performance
falls nearly to the level of chance when the frequency of the
test tone differs 100 Hz or more from that of the primary
tone. As shown in their results, by focusing attention on the
primary tone, the subject seems to construct a “filter” to
decrease sensitivity to frequency ranges other than the
attended one. Later, this filter is called as the “attention
filter,” and the frequency range of the filter is called the
“attention band” [56,59].

Greenberg and Larkin obtained an attention band with
nearly the same width as the critical band. After that, many
other studies also obtained band widths close to the critical
band as an attention band. Examples are Scharf et al. [55],
Scharf [56], Schlauch and Hafter [57], and Hafter et al.
[58]. The shape and bandwidth of the attention filter were
compared with those of the auditory filter, and their
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similarities were presented by Dai et al. [59] Schlauch and
Hafter [57], Hafter ef al. [58], Wright and Dai [60,61], and
Botte [62]. Many other researchers obtained attention band
widths significantly narrower than that of the critical band
as shown by Penner [63], Macmillan and Schwartz [64],
Yama and Robinson [65], Dai et al. [59], and Ison et al.
[66]. However, results of recent research have shown that
the band width of the attention filter depends on exper-
imental conditions. In particular, it depends on the
subject’s strategy for focussing their attention on signal
detection. Penner [63] measured the detection performance
weighted by payoff on the probe tone in order to control the
subject’s intention and showed that the width of the
attention band is broader when compared with that
obtained by the typical probe signal method. Macmillan
and Schwartz [64] also showed that the band width can be
broadened by the use of two primary tones instead of one,
and Dai et al. [59] and Wright and Dai [60,61] showed that
the band width obtained by a gated masker is broader than
that obtained by a continuous masker. Wright and Dai
[60,61] also showed that band width introduced by a short
duration tone becomes broader.

Although the characteristics of the attention filter
obtained by the probe signal method show frequency
characteristics similar to that of a band pass filter, the
dynamic range of response is significantly smaller. In 1968,
Ebata et al. [8] already obtained a threshold shift of 7dB
for a frequency range substantially lower than the fre-
quency of the primary tone, and in 1991 Dai et al. [59] also
obtained 7dB of threshold shift. However, at frequencies
close to the edge of the attention band, the shift of
psychometric function is 4dB at most as mentioned by
Ebata et al. [67] and Dai et al. [59]. The dynamic range
obtained through the conversion of d’ based on the correct
response rate into dB attenuation is in the range of 3dB to
10dB as shown by Yama and Robinson [65], Dai et al.
[59], Schlauch and Hafter [57], Hafter et al. [58], Wright
and Dai [60], and Botte [62], but the reliability of
converted data is not high because the large threshold shift
of a few dB was only obtained under conditions near the
chance level.

The original probe signal method controlled the
attention of the subject only by frequent presentation of
the primary tone. Then a revised method was introduced
using a cue tone inserted as the first presentation in each
trial. Although the original probe signal method was able to
use only one or two probe tones within a single session, the
multiple probe technique, in which multiple probe tones are
used in a session, makes it possible to focus attention more
effectively on the primary tone. As the number of multiple
cue tones increases, the rate of correct responses decreases
and the shape of the attention filter flattens and broadens.
The musical 5th and missing fundamental are also useful to

construct the attention filter as shown by Hafter et al. [58],
Hafter and Sbaeri [68], and Ebata er al. [69].

While the above-mentioned researches looked into the
effect of the attention filter on frequency domain, there
have been some studies about selective attention on
directivity, in other words, a spatial filter focused in a
specific direction. Ebata ef al. measured the effect of spatial
filtering based on the primary tone, which was presented in
front of the subject at a ratio of 90% out of whole trials, and
the probe tone, which was presented at 45, 90, or 135° from
the front. According to the results of this research, the
effect is quite small. Only a 1dB increase of threshold
against the probe tone, except from in front of subject, was
obtained when the frequencies of target and primary tones
were the same. However, if a masking noise was
introduced from either in front or in back of the subject,
the effect of filtering increased by 2 to 4dB. This means
that the attention on a specific tone configures a spatial
filter even if the dynamic range of the filter is not large. As
the effect on performance due to spatial selective attention
was not so obvious, some studies were concerned with the
effect on the Response Time (RT). The larger the angle
between the direction of a cue tone and the direction of a
target tone, the longer the latency of response. And this
latency increases linearly until an angle of 90° (Rhodes
[70] and Mondor and Zatorre [71]). In these experiments,
the direction (right or left) was inquired when the cue tone
was attended both under “valid” and “invalid conditions.”
The valid condition represents the condition that the
direction of the target tone is the same as that of the cue
tone, while the invalid condition represents the condition
that the direction of the target tone is opposite of that of the
cue tone. The RT for the valid condition is always shorter
than that for the invalid one. The decreasing rate of RT
depends on the ratio of the number of trials on the valid
condition against the whole number of trials. At higher
ratios such as 70 to 80%, the difference becomes significant
and the RT of the valid condition is 10 to 20% smaller than
that of the invalid condition (Spence and Driver [72], and
Quinlan and Bailey [73]).

Although the change in RT and in performance due to
spatial attention is very small, as mentioned above, the
effect of spatial separation on performance becomes
apparent when complex tasks are introduced into the
experiment. According to Arbogast and Kidd [74], the
performance of discriminating between an upward or
downward frequency change on a series of short tones is
degraded when the direction of frequency change on
attended tones is not the same as that on the test tones.
When six types of frequency change are tested, the effect of
directional separation becomes larger, and the maximum
effect corresponds to 10 to 20dB in SNR. As Kidd et al.
[75] suggest, this effect may not be due to the simple
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masking release, but to the release from informational
masking.

4. CONCLUSION

In this review paper, the author has tried to overview 50
years of history on the performance improvement due to
spatial separation as the one of the major cues of the
cocktail party effect. A variety of presentation methods has
been used, such as hearing in a sound field, headphone
reproduction using an artificial ear, and binaural hearing
with a special signal processing either on the target signal
or the interferer. The performance improvement due to
spatial information has been reported in a range from
several dB to more than 10dB. Scattering of the perform-
ance improvement due to spatial separation is observed,
and it increases especially during severe hearing conditions
such as low SNR or more than one speech interferer. It has
been confirmed by many studies that spatial separation of
the speech signal from an interferer improves the perform-
ance of speech reception and contributes to the cocktail
party effect as a primary factor. Table 1 shows the
advantage due to spatial separation of sound sources or
separation of sound images by interaural differences as
reported by many researchers. These results can be utilized
in the development of a more effective speech acquisition
system by treating it as a human interface.
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Table 1

Masking release due to spatial information.

Researcher (reference No.) | Stimulus (Signal) | Interferer (Masker) | Advantage | Measure Other condition
(1) Masking release due to source separation in free field
Hirsh (1950)[27] 2 syllables broad band noise 5dB threshold of intelligibility 90° separation
Moter (1964)[7] 500 Hz tone broad band noise 7dB threshold 90° separation
Ebata et al. pure tones broad band noise 10 dB threshold 90° separation
(1965,1968)[8,10] monosyllabic words (male talker) broad band noise 2.7dB SNR 90° separation
Plomp (1976)[15] connected discourse speech spectrum noise 5dB threshold of intelligibility 135° separation
connected discourse connected discourse 5dB threshold of intelligibility 135° separation
Plomp and Mimpen (1981)[21] sentences speech spectrum noise 10 dB SRT 90° 125° separation
Duquensnog (1983)[22] sentences speech spectrum noise 9.6 dB 50% intelligibility 90° separation
sentences (female talker) speech (male talker) 6.7 dB 50% intelligibility 90° separation
Brankhourst and Plomp (1990)[23] short sentences speech spectrum noise 6 dB SRT 90° separation
Yost et al. (1996)[28] words (male talker) words (male talker) 25% identification 90° separation
Hawley et al. (1999)[29] key words (male talker) sentences (male talker) 50% error rate 30° separation
Freyman et al. (1999,2000)[17,18] key words speech spectrum noise 8 dB SNR 60° separation
key words (female talker) sentences (female talker) 14 dB SNR 60° separation
(2) Masking release using artificial head
Hirsh (1950)[27] 2 syllables broad band noise 2.5dB threshold of intelligibility 90° separation
2 syllables broad band noise 4.5dB threshold of intelligibility | 90° separation (2 mike vs monaural)
Dirks and Wilson (1969)[31] spondee words broad band noise 7dB intelligibility 90° separation (2 mike vs monaural)
spondee words broad band noise 9dB intelligibility 90° separation (dummy head)
Bronkhorst and Plomp (1988)[30] sentence (female talker) speech spectrum noise 9.4 dB SRT 90° separation (KEMAR)
Koehnke and Besing (1996)[16] monosyllabic words speech spectrum noise 13 dB 50% intelligibility 90° separation (KEMAR)
Yost et al. (1996)[28] key words (male talker) words (male talker) 30% identification binaural vs monaural
Peissig and Kollmeier (1997)[35] speech (male talker) speech spectrum noise or multi-talker speech 10 dB SRT 105° separation (HRTF)
Hawley et al. (1999)[29] key words (male talker) competing sentence 30% error rate 30° separation(KEMAR)
Drullman and Bronkhorst (2000)[36] | words and sentence (male talker) words (male and female talker) 40~50% intelligibility binaural vs monaural
Freyman et al. (2001)[18] key words (female talker) sentence(female talker) 35% word score 60° separation (KEMAR)
Shinn-Cunningham et al. (2001)[37] key words(male talker) speech spectrum noise 6 dB SRT 45° separation (HRTF)
(3) Masking release due to interaural time difference
Schubert (1956)[44] words noise 3dB intelligibility At =470 us
Schubert and Schultz (1962)[41] words sentences 4 dB intelligibility At =0.5ms
Levitt and Rabiner (1967)[9] words broad band noise 3dB 50% intelligibility At =0.5~10ms
speech broad band noise 13 dB threshold At=0.5~10ms
speech broad band noise 3dB intelligibility At =0.5~ 10 ms
Carhart et al. (1967)[12] spondee words white noise 3dB intelligibility At =0.8 ms
spondee words broad band noise 6dB threshold At =0.8 ms
spondee words broad band noise 4 dB intelligibility At =0.8 ms
Carhart et al. (1968)[45] spondee words broad band noise 1.5dB intelligibility At =0.8 ms
monosyllable broad band noise 2.5dB intelligibility At =0.8 ms
Carhart et al. (1969)[46,47] spondee words modulated noise or speech 4.5dB intelligibility At =0.8 ms
Bronkhorst and Plomp (1988)[30] sentence speech spectrum noise 4.7 dB SRT At =0.7 ms
Darwin and Hukin (2000)[48] words sentences 10% intelligibility At =390 us
(4) Masking release due to phase reverse
Lickllider (1948)[4] speech broad band noise 3dB intelligibility Sm
Carhart et al. (1996)[11] spondee words broad band noise 6~7 dB threshold Sm
(1997)[12] spondee words broad band noise 3~6 dB intelligibility Sm
Levitt and Rabiner (1967)[9] speech broad band noise 13dB threshold Smor Nz
speech broad band noise 6dB intelligibility Smor Nm
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