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Ideal binary time-frequency masking is a signal separation technique that retains mixture energy in
time-frequency units where local signal-to-noise ratio exceeds a certain threshold and rejects
mixture energy in other time-frequency units. Two experiments were designed to assess the effects
of ideal binary masking on speech intelligibility of both normal-hearing �NH� and hearing-impaired
�HI� listeners in different kinds of background interference. The results from Experiment 1
demonstrate that ideal binary masking leads to substantial reductions in speech-reception threshold
for both NH and HI listeners, and the reduction is greater in a cafeteria background than in a
speech-shaped noise. Furthermore, listeners with hearing loss benefit more than listeners with
normal hearing, particularly for cafeteria noise, and ideal masking nearly equalizes the speech
intelligibility performances of NH and HI listeners in noisy backgrounds. The results from
Experiment 2 suggest that ideal binary masking in the low-frequency range yields larger
intelligibility improvements than in the high-frequency range, especially for listeners with hearing
loss. The findings from the two experiments have major implications for understanding speech
perception in noise, computational auditory scene analysis, speech enhancement, and hearing aid
design. © 2009 Acoustical Society of America. �DOI: 10.1121/1.3083233�

PACS number�s�: 43.71.Gv, 43.66.Dc �KWG� Pages: 2336–2347
I. INTRODUCTION

Human speech communication typically takes place in
complex acoustic backgrounds with environmental sound
sources, competing voices, and ambient noise. It is remark-
able that human speech understanding remains robust in the
presence of such interference. This perceptual ability is
thought to involve the process of auditory scene analysis
�Bregman, 1990�, by which the auditory system first ana-
lyzes a noisy input into a collection of sensory elements in
time and frequency, also known as segments �Wang and
Brown, 2006�, and then selectively groups segments into au-
ditory streams which correspond to sound sources.

It is well known that listeners with hearing loss have
greater difficulty in speech perception in background noise.
A standard way to quantify speech intelligibility in noise is a
speech-reception threshold �SRT�, which is the mixture sig-
nal to noise ratio �SNR� required to achieve a certain intel-
ligibility score, typically 50%. Hearing-impaired �HI� listen-
ers need 3–6 dB higher SNR than normal-hearing �NH�
listeners in order to perform at the same level in typical noisy
backgrounds �Plomp, 1994; Alcantara et al., 2003�. For
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speech-shaped noise �SSN� which is a steady noise with a
long-term spectrum matching that of natural speech, the SRT
increase for HI listeners is from 2.5 to 7 dB �Plomp, 1994�.
For fluctuating noise or competing speech, the increase is
considerably higher �Festen and Plomp, 1990; Hygge et al.,
1992; Eisenberg et al., 1995; Peters et al., 1998�; for a single
competing talker, the increase is as much as 10–15 dB �Car-
hart and Tillman, 1970; Festen and Plomp, 1990; Peters
et al., 1998�. Note that, for typical speech materials, a 1 dB
increase in SRT leads to a 7%–19% reduction in the percent
correct score, and a 2–3 dB elevation creates a significant
handicap for understanding speech in noisy listening condi-
tions �Moore, 2007�.

Although modern hearing aids improve the audibility
and comfort of noisy speech, their ability to improve the
intelligibility of noisy speech is unfortunately very limited
�Dillon, 2001; Alcantara et al., 2003�. Extensive research has
been made to develop noise reduction algorithms in order to
close the SRT gap between HI and NH listeners. Monaural
speech enhancement algorithms, such as Wiener filtering and
spectral subtraction, perform statistical analysis of speech
and noise and then estimate clean speech from noisy speech
�Lim, 1983; Benesty et al., 2005�. Although these algorithms
produce SNR improvements, they have not led to increased

speech intelligibility for human subjects �Levitt, 2001;
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Moore, 2003b; Edwards, 2004�. Attempts have also been
made to directly enhance speech cues, especially formants
which are spectral peaks of speech �Bunnell, 1990; Simpson
et al., 1990�. This processing results in clearer formant struc-
ture; however, listening tests with both NH and HI listeners
show little improvement in speech intelligibility �Baer et al.,
1993; Alcantara et al., 1994; Dillon, 2001�. Unlike monaural
speech enhancement, beamforming �spatial filtering� with a
microphone array has been demonstrated to achieve signifi-
cant speech intelligibility improvements, particularly with
large arrays �Kates and Weiss, 1996; Levitt, 2001; Schum,
2003�. On the other hand, practical considerations of hearing
aid design often limit the size of an array to two micro-
phones, and the effectiveness of beamforming degrades in
the presence of room reverberation �Greenberg and Zurek,
1992; Levitt, 2001; Ricketts and Hornsby, 2003�. Addition-
ally, to benefit from spatial filtering target speech and inter-
fering sounds must originate from different directions.

Recent research in computational auditory scene analy-
sis �CASA� has led to the notion of an ideal binary time-
frequency mask as a performance upper bound to measure
how well CASA algorithms perform �Wang and Brown,
2006�. With a two-dimensional time-frequency �T-F� repre-
sentation or decomposition of the mixture of target and in-
terference, where elements in the representation are called
T-F units, an ideal binary mask �IBM� is defined as a binary
matrix within which 1 denotes that the target energy in the
corresponding T-F unit exceeds the interference energy by a
predefined threshold and 0 denotes otherwise. The threshold
is called the local SNR criterion �LC�, measured in decibels.
More specifically, IBM is defined as

IBM�t, f� = �1 if s�t, f� − n�t, f� � LC

0 otherwise,
�

where s�t , f� denotes the target energy within the unit of time
t and frequency f and n�t , f� the noise energy in the T-F unit,
with both s�t , f� and n�t , f� measured in decibels. The mask
is considered ideal because its construction requires access to
the target and masker signals prior to mixing, and under
certain conditions the IBM with LC=0 dB has the optimal
SNR gain among all the binary masks �Wang, 2005; Li and
Wang, 2009�. As a separation technique, applying the IBM
with LC=0 dB to the mixture input retains the T-F regions
of the mixture where target energy is stronger than interfer-
ence energy while removing the T-F regions where target
energy is weaker than interference energy.

Varying LC results in different IBMs. Recently, Brun-
gart et al. �2006� tested the effects of IBM with different LC
values on speech mixtures with one target utterance and 1–3
competing utterances of the same talker, where the sound
levels of all the utterances are set to be equal. Their experi-
mental results show that, when 0 dB�LC�−12 dB, IBM
produces nearly perfect intelligibility scores, which are dra-
matically higher than in a control condition where speech
mixtures are presented to listeners without processing. They
suggest that the choice of LC=−6 dB, which lies near the
center of the performance plateau, may be better than the
commonly used 0 dB LC for intelligibility improvement.

Furthermore, they attribute the intelligibility improvement to

J. Acoust. Soc. Am., Vol. 125, No. 4, April 2009
the removal of informational masking which occurs when
the listener is unable to successfully extract or segregate
acoustically detectable target information from the mixture.
Anzalone et al. �2006� investigated the intelligibility im-
provements of a related version of IBM, defined by a com-
parison between target energy and a threshold rather than a
comparison between target energy and interference energy.
Using mixtures of speech and SSN, they found that IBM
leads to substantial SRT reductions: more than 7 dB for NH
listeners and more than 9 dB for HI listeners. In addition
they reported that, while NH listeners benefit from ideal
masking in both the low-frequency �LF� and high-frequency
�HF� ranges, HI listeners benefit from ideal masking only at
LFs �up to 1.5 kHz�. Li and Loizou �2007� used the IBM to
generate “glimpses,” or T-F regions with stronger target en-
ergy, to study several factors that influence glimpsing of
speech mixed with babble noise. Their results show that it is
important to generate glimpses in the LF to mid-frequency
range �up to 3 kHz� that includes the first and the second
formant of speech, but not necessary to glimpse a whole
utterance; high intelligibility is achieved when the listener
can obtain glimpses in a majority of time frames. More re-
cently, Li and Loizou �2008b� extended the findings of Brun-
gart et al. �2006� to different types of background interfer-
ence, including speech babble and modulated SSN.
Moreover, they evaluated the impact of deviations from the
IBM on intelligibility performance and found that there is a
gradual drop as the amount of mask errors increases. A sub-
sequent study by Li and Loizou �2008a� shows that NH lis-
teners obtain significant intelligibility improvements from
IBM processing with as few as 12 frequency channels, and
IBM processing in the LF to mid-frequency range that in-
cludes the first and the second formant appears sufficient.

In this paper, we evaluate the effects of IBM processing
on speech intelligibility with two kinds of background noise:
SSN and cafeteria noise, using both NH and HI listeners.
While SSN is commonly used in the literature, the cafeteria
noise we use contains a conversation between two speakers
in a cafeteria background and it resembles the kind of noise
typically encountered in everyday life. Our study adopts the
standard IBM definition with a comparison between target
and interference and measures speech intelligibility by SRT
at the 50% level. As suggested by the findings of Brungart et
al. �2006�, we set LC to −6 dB in IBM construction. In-
trigued by the observation of Anzalone et al. �2006� that HI
listeners derive little benefit from IBM in the HF range, we
conduct an experiment to test whether ideal masking in the
HF range is indeed not important for HI subjects. Unlike
Anzalone et al. �2006� who applied a constant gain to com-
pensate for the hearing loss of their HI subjects, we apply
gain prescriptions to fit individual HI listeners.

In what follows, Sec. II details IBM processing. Section
III describes an experiment that tests the effects of ideal
masking on mixtures of speech with SSN or cafeteria noise.
Section IV describes an experiment that compares the effects
of ideal masking in LF, HF, and all-frequency �AF� ranges.
Further discussion is given in Sec. V. Finally, Sec. VI con-

cludes the paper.
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II. IDEAL BINARY MASKING

The concept of IBM in CASA is directly motivated by
the auditory masking phenomenon which, roughly speaking,
refers to the perceptual effect that a louder sound renders a
weaker sound inaudible within a critical band �Moore,
2003a�. So keeping noise in T-F units with stronger target
energy as done in the standard IBM definition with 0 dB LC
should not reduce speech intelligibility, and this is indeed
what was found by Drullman �1995�. On the other hand,
IBM processing removes all the T-F units with stronger in-
terference energy as the target energy in these units is as-
sumed to be masked by the interference. Removing these
masker-dominated units also serves to remove informational
masking, which is a dominant factor for reduced speech in-
telligibility in speech and other modulated maskers �Brun-
gart, 2001�. Hence IBM processing, as a form of ideal time-
frequency segregation, is expected to yield larger speech
intelligibility improvement in a modulated noise condition
than in a steady noise condition �Brungart et al., 2006�.

Like earlier studies �Brungart et al., 2006; Anzalone et
al., 2006�, we use a gammatone filterbank to process a stimu-
lus and then time windowing to produce a cochleagram
which is a two-dimensional T-F presentation �Wang and
Brown, 2006�. Specifically, we use a 64-channel filterbank
that is equally spaced on the equivalent rectangular band-
width �ERB� rate scale with center frequencies distributed
from 2 to 33 ERBs �corresponding to 55–7743 Hz�. The
bandwidth of each filter is 1 ERB. We note that this filter-
bank is similar to the one used in Anzalone et al. �2006�
whereas Brungart et al. �2006� used a 128-channel filterbank
covering the frequency range of 80–5000 Hz. The response
of each filter is divided into 20 ms frames with a frame shift
of 10 ms, hence generating a two-dimensional matrix of T-F
units. The cochleagram of a stimulus is simply the two-
dimensional graph of response energy within all the T-F
units. For a given mixture of target signal and background
noise, the IBM is calculated by comparing whether the local
SNR within a T-F unit is greater than LC. As mentioned in
Sec. I, we fix LC=−6 dB in this study as suggested by Brun-
gart et al. �2006�. Such a choice of negative LC retains cer-
tain T-F units where the target energy is weaker but not
much weaker than the interference energy, in accordance
with Drullman’s observation that weaker speech energy be-
low the noise level still makes some contribution to speech
intelligibility �Drullman, 1995�. Indeed, a pilot test with
0 dB LC indicates that SRT improvements are not as high as
those produced with LC=−6 dB. More generally, in order to
produce large auditory masking, the masker needs to be
stronger than the masked signal �Moore, 2003a�.

Given an IBM, the waveform output of IBM can be
resynthesized from the mixture input by weighting the mix-
ture cochleagram by the IBM and correcting phase shifts
introduced during gammatone filtering �see Wang and
Brown, 2006�. Such an output can then be played to a lis-
tener as a stimulus in our experiments. Figure 1 illustrates
IBM for a mixture of a speech utterance and a cafeteria back-
ground. The SNR of the mixture is 0 dB. Figure 1�a� shows

the cochleagram of the target speech, Fig. 1�b� that of the
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background noise, and Fig. 1�c� that of the mixture. Figure
1�d� displays the IBM with LC=−6 dB, and Fig. 1�e� the
cochleagram of the resynthesized result of ideal masking
with the IBM in Fig. 1�d�. The ideally masked mixture in
Fig. 1�d� is clearly more similar to the target speech shown in
Fig. 1�a� than the original mixture shown in Fig. 1�c� is. As a
comparison, Fig. 1�f� shows the IBM with LC=0 dB, and
Fig. 1�g� the cochleagram of the corresponding ideal mask-
ing output. With the increased LC, the IBM has fewer 1’s
and retains less mixture energy.

III. EXPERIMENT 1: EFFECTS OF IDEAL BINARY
MASKING ON SPEECH-RECEPTION THRESHOLD

This experiment was designed to quantify the SRT ef-
fects of IBM for both NH and HI listeners. Sentences from
the Dantale II corpus �Wagener et al., 2003� were used as
target speech, and tests were conducted with two different
backgrounds: SSN and cafeteria noise.

A. Methods

1. Stimuli

The Dantale II corpus �Wagener et al., 2003� comprises
sentences recorded by a female Danish speaker. Each sen-
tence has five words with a fixed grammar �name, verb, nu-
meral, adjective, and object�, for example, “Linda bought
three lovely presents” �English translation�. Each word in a
sentence is randomly chosen from ten equally meaningful
words. As a result, recognizing a subset of words in a sen-
tence does not help with the recognition of the remaining
words. There are a total of 15 test lists, and each list has ten
sentences with no repeating word. There are a few seconds
of silence between sentences within each list to allow a lis-
tener time to report what has been heard. Similar to the
Swedish sentence test �Hagerman, 1982�, the closed set cor-
pus was designed for repeated use, and training effects are
minimal after familiarization with a few lists �Wagener et al.,
2003�. We use the speech-shaped noise included with the
Dantale II corpus, which is produced by superimposing the
speech material in the corpus. The cafeteria noise employed
is a recorded conversation in Danish between a male and
female speaker that took place in a cafeteria background
�Vestergaard, 1998�. To emphasize temporal modulation ef-
fects, the long-term spectrum of this noise was shaped to
match that of the Dantale II speech material �Johannesson,
2006�. Target speech and background noises are all digitized
at 20 kHz sampling frequency.

A speech utterance and a background noise are first pro-
cessed separately by a 64-channel gammatone filterbank �see
Sec. II�, which produces a flat frequency response within the
frequency range of the filterbank. Filter responses are then
windowed into 20 ms rectangular frames with a 50% overlap
between consecutive frames, resulting in a two-dimensional
cochleagram. This 100 Hz frame rate is frequently used in
speech processing �Rabiner and Juang, 1993�. For a given
mixture of a Dantale II list and a background noise, the mix-
ture SNR is calculated during the intervals that contain
speech energy. To account for the forward masking of the

continuously present noise that occurs between two consecu-
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FIG. 1. �Color online� Illustration of IBM �A� Cochleagram of a target speech utterance. �B� Cochleagram of a cafeteria background. �C� Cochleagram of a
0 dB mixture of the speech and the background shown in A and B. �D� IBM with LC=−6 dB, where 1 is indicated by white and 0 by black. �E� Cochleagram

of the segregated mixture by the IBM in D. �F� IBM with LC=0 dB. �G� Cochleagram of the segregated mixture by the IBM in �F�.
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tive sentences �Moore, 2003a�, a period of 100 ms is added
before the onset of a sentence for mixture SNR calculation.
For a mixture input with a specified SNR, IBM is con-
structed from the cochleagrams of the target speech and the
background noise with LC fixed at −6 dB. The IBM is then
used to resynthesize a waveform stimulus from the mixture
cochleagram. Note that, as a result, the masker signals in
between sentences are removed by IBM processing because
during such intervals there is only masker energy.

As control conditions, mixtures of speech and back-
ground noise were also presented to listeners without segre-
gation. To incorporate filtering effects and any distortions
that might be introduced during cochleagram analysis and
synthesis, a mixture in an unsegregated condition is pro-
cessed through an all-1 binary mask or the IBM with the LC
of negative infinity, therefore including all the T-F units in
the resynthesis.

2. Listeners

A total of 12 NH listeners and a total of 12 listeners with
sensorineural hearing loss participated in this experiment. All
subjects were native Danish speakers. The NH listeners had
hearing thresholds at or below 20 dB HL from
125 Hz to 8 kHz, and their ages ranged from 26 to 51 with
the average age of 37. The NH listeners had little prior ex-
perience with auditory experiments, and were not informed
of the purpose or design of the experiment.

The 12 HI listeners had a symmetric, mild-to-moderate,
sloping hearing loss. The audiograms of these listeners are
shown in Fig. 2. They had an age range from 33 to 80 with
the average age of 67. All the HI listeners were experienced
hearing aid wearers. The tests were performed with their
hearing aids taken off, and compensation was applied to each
HI subject individually. Specifically, a gain prescription was
computed from an individual’s audiogram using the NAL-RP
procedure �Dillon, 2001�, and then used to produce amplifi-
cation with appropriate frequency-dependent shaping. The
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FIG. 2. Audiograms of the 13 HI listeners who participated in the experime
and the dotted line the subject who only participated in Experiment 2.
hearing losses in the left ear and the right ear were compen-
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sated for separately. The subjects had participated in Dantale
II listening tasks before, but were not told of the purpose and
design of this experiment.

3. Procedure

There are a total of four test conditions in this experi-
ment: two ideal masking conditions with SSN and cafeteria
noise and two control conditions with unsegregated mix-
tures. Three Dantale II lists with a total of 30 sentences were
randomly selected from the corpus for each test condition.
Subjects were instructed to repeat as many words as they
could after listening to each stimulus that corresponded to
one sentence, and they were not given any feedback as to
whether their responses were correct or not. To familiarize
them with the test procedure, subjects were given a training
session at the beginning of the experiment by listening to and
reporting on three lists of clean sentences. The order of the
four conditions was randomized but balanced among the lis-
teners �Beck and Zacharov, 2006�. A subject test with the
four conditions and a training session together took less than
1 h, and a short break was given roughly halfway through
the test.

The Dantale II test employs an adaptive procedure in
order to find the 50% SRT. The procedure is to present test
sentences at SNR that is continuously adapted according to
the number of correctly reported words in the previous sen-
tence �Hansen and Ludvigsen, 2001�. In a test condition with
30 sentences, the first 10 sentences are used to reach a steady
50% SRT level and the final SRT is determined by averaging
the SNR levels for the last 20 sentences.

Speech and noise were both set to the same initial sound
pressure level �SPL� for NH listeners. For HI listeners, the
initial SPL of speech was set to 5 dB higher than the noise
SPL in Experiment 1, and to the same SPL of noise in Ex-
periment 2. In unsegregated conditions, the noise level was
fixed while the speech level was adjusted during the adaptive
procedure. In ideal masking conditions, as input SNR drops
IBM becomes sparser with fewer 1’s. To ensure that ideally
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masked stimuli remain audible at very low SNRs, the speech
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level was fixed while the noise level was adjusted in all IBM
conditions. As a result, with fewer retained T-F units their
sound levels became higher even though the levels of the
speech signals within these units were unchanged, and the
loudness of a processed mixture was thus kept within a small
range. This way of adjusting input SNR ensured that the
stimuli in all four conditions were comfortably audible.

During a test, a subject was seated in a sound attenuating
booth. Test stimuli were generated using the built-in sound
card �SoundMAX� in a control computer �IBM ThinkCenter
S50� and then presented diotically to a listener through head-
phones �Sennheiser HD 280 Pro�. For HI listeners, an exter-
nal amplifier �Behring Powerplay HA4000� was used to in-
crease the sound level so that the stimuli within the test range
were all audible and yet not uncomfortably loud. The ampli-
fication level was adjusted once for each HI listener before
the test began.

4. Statistical analysis and power

During the planning phase of the study, the experiment
was statistically powered to detect a within-subject between-
condition difference of 1.0 dB on mean scores across condi-
tions on the Dantale II test described subsequently for p
�0.05 at 80% power. This required at least ten complete
data sets per condition. Analysis of variance �ANOVA� was
performed on all of the data from NH and HI subjects, with
within-subject factors of type of processing �IBM or unseg-
regated� and of type of noise �SSN or cafeteria noise�, and a
between-subject factor of subject type �NH and HI�. Post hoc
tests were the Bonferroni test and/or the Fisher least-
significant-difference �LSD� test, applied where appropriate.
The Bonferroni test was used as the most conservative test to
indicate differences between means, while the Fisher LSD
test was used as the most conservative test for a null result.
All statistics were performed using STATISTICA version 7
�StatSoft, 2007�.

B. Results and discussion
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FIG. 3. SRTs for different conditions of Experiment 1 for NH and HI lis-
teners. A more negative SRT corresponds to better performance. Error bars
indicate 95% confidence intervals of the means.
Figure 3 shows the SRT results of all four test condi-
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tions: SSN, CAFE, SSN-IBM, and CAFE-IBM, for both NH
and HI listeners. For NH listeners, the mean SRT for unseg-
regated mixtures with SSN �SSN� is −8.15 dB, for unsegre-
gated mixtures with cafeteria noise �CAFE� is −10.25 dB,
for ideal masking with SSN �SSN-IBM� is −15.56 dB, and
for ideal masking with cafeteria noise �CAFE-IBM� is
−20.70 dB. The ANOVA for NH subjects showed that the
main effects of processing type and noise type were signifi-
cant �F�1,11�=606.1, p�0.001, and F�1,11�=78.1, p
�0.001, respectively�, and there was also a significant inter-
action between processing type and noise type �F�1,11�
=32.3, p�0.001�. The Bonferroni post hoc tests indicated
that all means were significantly different �p�0.005� from
one another. The results show that ideal masking leads to
lower �better� SRT compared to unsegregated mixtures re-
gardless of background noise, that the cafeteria background
yields a lower SRT than the SSN, and that ideal masking has
a greater effect on the cafeteria background. The SRT for the
unsegregated SSN condition is comparable to the reference
level of −8.43 dB for the Dantale II task �Wagener et al.,
2003�. The lower SRT for the cafeteria background is con-
sistent with previous studies showing that NH listeners ex-
hibit higher intelligibility in fluctuating backgrounds �Festen
and Plomp, 1990; Peters et al., 1998�.

For the SSN background, IBM produces an average SRT
improvement of 7.4 dB. This level of improvement is con-
sistent with what was found by Anzalone et al. �2006� using
the HINT test �Nilsson et al., 1994�, but higher than the 5 dB
improvement reported by Brungart et al. �2006� using the
CRM task �Bolia et al., 2000�. The main difference between
our experiment and Brungart et al. �2006� lies in different LC
values: their test uses 0 dB LC whereas LC is set to −6 dB in
our study. As reported in Brungart et al. �2006� the choice of
LC=−6 dB seems better than LC=0 dB in terms of speech
intelligibility �see also Sec. II�.

For the cafeteria background, ideal masking lowers SRT
by 10.5 dB on average, which represents a larger gain than
for the SSN background. Unlike SSN, the cafeteria back-
ground contains significant spectral and temporal modula-
tions which contribute to better intelligibility in the unsegre-
gated condition. We stress that the larger SRT improvement
for this background is achieved on top of the better perfor-
mance of listening to unsegregated mixtures.

For HI listeners, the mean SRTs are −5.61, −3.80,
−14.79, and −19.44 dB for the SSN, CAFE, SSN-IBM, and
SSN-CAFE conditions, respectively. The ANOVA where
both NH and HI subjects were included showed that the
main effects of subject type, processing type, and noise type
were significant �F�1,22�=17.2, p�0.001; F�1,22�
=1959.0, p�0.001; and F�1,22�=100.6, p�0.001, respec-
tively�, and there were also significant interaction effects
between-subject type and processing type, subject type and
noise type, and processing type and noise type �F�1,22�
=49.9, p�0.001; F�1,22�=19.2, p�0.001; and F�1,22�
=163.9, p�0.001 respectively�, as well as a three-way inter-
action between subject type, processing type, and noise type
�F�1,11�=19.7, p�0.001�. The Bonferroni as well as the
Fisher LSD post hoc tests on the three-way interaction indi-

cated that all means were significantly different �p�0.006�
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except for the SSN-IBM and CAFE-IBM conditions where
the differences between NH and HI listeners were insignifi-
cant �p�0.05�. The post hoc results show that ideal masking
produces lower SRT compared to unsegregated mixtures re-
gardless of noise type, and has a greater effect for the caf-
eteria background. No difference, however, was revealed be-
tween the NH subjects and the HI subjects in the two IBM
conditions by either the more conservative Bonferroni test or
the less conservative Fisher LSD test. The elevated levels of
SRT in the two unsegregated conditions show that HI listen-
ers perform worse in speech recognition in noisy environ-
ments, and the levels of SRT increment, 2.5 dB for the SSN
condition and 6.5 dB for the CAFE condition, are broadly
compatible with previous findings of HI listeners’ increased
difficulty in speech understanding in noise �see Sec. I�. IBM
lowers SRT substantially. The SRT gain resulting from ideal
masking is 9.2 dB for the SSN background, and this level of
improvement is compatible with that reported in Anzalone et
al. �2006�. For the cafeteria background, ideal masking pro-
duces a very large SRT improvement of 15.6 dB.

By comparing NH and HI results in Fig. 3, it is clear that
HI listeners benefit from ideal masking even more than NH
listeners, particularly for the cafeteria background. The re-
sults suggest that, after IBM processing, the intelligibility
performance is comparable for HI and NH listeners in both
SSN and cafeteria backgrounds. It is remarkable that the
speech intelligibility of HI listeners becomes statistically in-
distinguishable from that of NH listeners after ideal masking.

IV. EXPERIMENT 2: EFFECTS OF BAND-LIMITED
IDEAL BINARY MASKING ON SPEECH-RECEPTION
THRESHOLD

The results of Experiment 1 show large SRT improve-
ments resulting from IBM processing. As mentioned in Sec.
I, a main finding reported by Anzalone et al. �2006� is that,
while NH listeners benefit from IBM in both the LF and HF
ranges, HI listeners benefit from ideal masking only in the
LF range. This finding is significant because it suggests that,
to alleviate the hearing loss of HI listeners, one need not
worry about performing T-F masking in the HF range;
speech segregation at HFs tends to be more difficult than at
LFs �Wang and Brown, 2006�. Although their interpretation
based on the upward spread of masking is reasonable, the
fact that they apply constant amplification with no spectral
shaping to compensate for the sloping hearing loss of their
subjects may suggest a simpler interpretation: the lack of the
IBM benefit in the HF range may be partially accounted for
by the potentially less compensated hearing loss at HFs. Ex-
periment 2 was primarily designed to assess the importance
of IBM processing at HFs for HI listeners as compared to
NH listeners. In this experiment, we compensated for the
hearing loss of individual listeners based on their audio-
grams. We compare the intelligibility performance in three
setups: IBM in the LF range only, ideal masking in the HF
range only, and ideal masking in the AF range. Both SSN
and cafeteria backgrounds are used. Consequently, there are

a total of six test conditions in this experiment.
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A. Methods

1. Stimuli

As in Experiment 1, Dantale II sentences were used as
target speech, and SSN and cafeteria noise were used as two
different backgrounds. The IBM processing in the AF condi-
tion was the same as in Experiment 1. For the LF condition,
the same IBM processing as in Experiment 1 was used in the
lower 32 frequency channels while an all-1 mask was ap-
plied to the higher 32 frequency channels. This way of pro-
cessing produces no segregation in the HF range. In the HF
condition, the reverse was done: IBM was applied to the
higher 32 channels while an all-1 mask was applied to the
lower 32 channels �hence no segregation in the LF range�.
This equal division of the 64-channel gammatone filterbank
yields a frequency separation boundary approximately at
1.35 kHz. Note that this boundary separating LF and HF
ranges is a little lower than the 1.5 kHz boundary used in
Anzalone et al. �2006�. Our choice was partly motivated by
the consideration that both the speech material and the SSN
in the Dantale II corpus have energy distribution heavily
tilted toward LFs so that IBM processing below 1 kHz likely
removes significantly more noise than IBM processing above
1 kHz. The long-term spectrum of the SSN �Wagener et al.,
2003� is shown in Fig. 4, along with the long-term spectrum
of the cafeteria noise. With the 1.5 kHz boundary, the NH
results from Anzalone et al. �2006� show that the SRT in
their LF condition is a little lower than the SRT in their HF
condition.

2. Listeners

12 NH listeners and 12 HI listeners participated in this
experiment. The pool of NH listeners was the same as that
participated in Experiment 1 except for one. This substitution
lowered the average age from 37 to 36 without altering the
age range. The pool of HI listeners also remained the same as
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FIG. 4. Long-term spectrum of the SSN in Dantale II �redrawn from Wage-
ner et al., 2003�. The spectrum is expressed as root mean square levels in
one-third octave bands. Also shown is the long-term spectrum of the cafete-
ria noise.
in Experiment 1 except for one. This substitution �see Fig.

Wang et al.: Speech intelligibility with ideal binary masking



2�, plus a listener whose birthday occurred between the two
experiments, changed the average age from 67 to 66 without
changing the age range. Again, subjects were naïve to the
purpose and design of the experiment. NH listeners were
familiar with the Dantale II sentences by virtue of participat-
ing in Experiment 1, and as noted in Sec. III A 2, HI listeners
had experience listening to Dantale II sentences prior to Ex-
periment 1. Due to the limited number of test lists �15� avail-
able in the Dantale II corpus, the same lists used in Experi-
ment 1 were also employed in Experiment 2. It is worth
mentioning that the corpus was designed for repeated usage
�Wagener et al., 2003; see also Sec. III A 1�.

3. Procedure and statistical analysis

The procedure of this experiment is the same as in Ex-
periment 1 except for the following. To vary the input SNR,
the noise level was adjusted while the speech level was fixed
as in the ideal masking conditions of Experiment 1. In the LF
and HF conditions, there is no segregation in half of the
frequency channels. As the input SNR decreases in the nega-
tive range, the sound level of a stimulus in these conditions
is dominated by the background noise in the unsegregated
frequency range and hence becomes increasingly louder. To
ensure that LF and HF stimuli are not too loud for NH lis-
teners who have very low SRTs, the speech level was fixed at
a lower volume than in Experiment 1. Despite this change of
sound level, all test stimuli were still comfortably audible for
NH listeners. Note that this change did not impact HI listen-
ers as the amount of amplification was individually set for
them. ANOVA was performed similarly on all the data from
NH and HI subjects as in Experiment 1, with within-subject
factors of type of processing �LF, HF, or AF� and of type of
noise �SSN or CAFE�, and a between-subject factor of sub-
ject type �NH or HI�.

B. Results and discussion

Figure 5 shows the SRT results of all six test conditions
in Experiment 2: SSN-LF, SSN-HF, SSN-AF, CAFE-LF,
CAFE-HF, and CAFE-AF, for both NH and HI listeners. The
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FIG. 5. SRTs for different conditions of Experiment 2 for NH and HI lis-
teners. Error bars indicate 95% confidence intervals of the means.
ANOVA for NH subjects showed that the main effects of
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processing type and noise type were significant �F�2,22�
=255.5, p�0.001, and F�1,11�=231.2, p�0.001, respec-
tively�, and there was also a significant interaction between
processing type and noise type �F�2,22�=4.4, p�0.05�. The
Bonferroni tests indicated that all NH means were signifi-
cantly different �p�0.006� from one another, except be-
tween the SSN-AF and the CAFE-HF condition. For the
SSN background, the mean SRT is −15.66 dB in the LF con-
dition, −12.65 dB in the HF condition, and −17.10 dB in the
AF condition. The results show that NH listeners perform
better when IBM processing is applied in the LF range than
in the HF range, and the difference in SRT is approximately
3 dB. This SRT difference is larger than the SRT difference
of slightly more than 1 dB reported by Anzalone et al.
�2006�, despite the fact that the boundary separating LFs and
HFs is 1.35 kHz in our processing and 1.5 kHz in their pro-
cessing. Even with the lower frequency boundary we find
that, with the same input SNR, the HF condition leaves more
noise than the LF condition since the noise energy is distrib-
uted mostly in the LF range �see Fig. 4�. The discrepancy is
likely due to different ways of IBM processing used in the
two studies. The AF condition yields the lowest SRT, which
is about 1.6 dB lower than in the LF condition.

For the cafeteria background, the mean SRT is
−20.37 dB in the LF condition, −17.88 dB in the HF condi-
tion, and −23.24 dB in the AF condition. Clearly NH sub-
jects perform better in this background than in SSN, consis-
tent with the results of Experiment 1. Again, NH listeners
benefit more from IBM processing at LFs than at HFs and
the relative benefit is 2.5 dB. The AF condition also gives the
lowest SRT, which is about 2.9 dB lower than in the LF
condition. That NH subjects performed better in the AF con-
dition than in the LF condition for both the SSN and cafete-
ria backgrounds suggest that they do benefit from IBM in the
HF range, even though the benefit is not as high as from the
LF range.

The ANOVA where both HI and NH subjects were in-
cluded showed that the main effects of subject type, process-
ing type, and noise type were significant �F�1,22�=19.1, p
�0.001; F�2,44�=255.4, p�0.001; and F�1,22�=317.2, p
�0.001, respectively�, and there were also significant inter-
action effects between subject type and processing type, sub-
ject type and noise type, and processing type and noise type
�F�2,44�=31.2, p�0.001; F�1,22�=18.3, p�0.001; and
F�2,44�=14.2, p�0.001, respectively�, as well as a three-
way interaction between subject type, processing type, and
noise type �F�2,44�=5.4, p�0.01�. Table I shows the Fisher
LSD post hoc tests. As seen in the table, all conditions were
significantly different �p�0.05� from one another within the
NH subjects �conditions �1�–�6� contrasted against each
other� and within the HI subjects �conditions �7�–�12� con-
trasted against each other�. However, the differences between
NH and HI were insignificant for the conditions of SSN-LF
and SSN-AF.

For HI listeners, the mean SRTs for the SSN background
are −14.85, −8.49, and −15.96 dB for the LF, HF, and AF
conditions, respectively. The SRT advantage of the LF con-
dition over the HF condition is 6.4 dB, whereas the advan-

tage of the AF condition over the LF condition is only
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1.1 dB. These data are generally comparable with those in
Anzalone et al. �2006�. The results suggest that HI listeners
derive considerably more benefit from ideal masking at LFs
than at HFs, and the SRT difference is much larger than for
NH listeners �see Fig. 5�. Although part of the larger gap
may be caused by a larger SRT gain �9.2 dB� in HI listeners
than that �7.4 dB� in NH listeners due to IBM processing, the
fact that the relative advantage of the AF condition over the
LF condition for HI listeners is even a little smaller than for
NH listeners �1.1 dB versus 1.6 dB� strongly indicates that
IBM processing in LF is to a greater extent responsible for
the SRT improvement of ideal masking in HI listeners than
in NH listeners. In other words, almost all the benefit of IBM
can be obtained by IBM only in the LF range. This, of
course, is not to say that ideal masking in HF does not im-
prove speech intelligibility compared to no segregation. As
illustrated in Fig. 3, IBM processing at all frequencies results
in a 9.2 dB SRT improvement compared to no segregation,
and the AF condition produces a 7.5 dB relative advantage
over the HF condition. This comparison suggests that ideal
masking at HFs produces some improvement in speech in-
telligibility.

For the cafeteria background, the SRTs in the LF, HF,
and AF conditions are −18.13, −10.05, and −20.96 dB, re-
spectively �see Fig. 5�. The SRT advantage of LF processing
over HF processing is 8.1 dB and that of AF over LF is
2.8 dB. These results show a similar pattern as for the SSN
background, even though the SRT difference of 2.8 dB be-
tween the LF and AF conditions clearly reaches statistical
significance �see Table I�, and HF processing yields a signifi-
cant SRT improvement over no segregation as suggested by
comparing with the data in Experiment 1. The use of the
fluctuating cafeteria background reinforces the conclusion
that ideal masking in LF produces a much stronger benefit
than that in HF, and this effect is greater in HI listeners than
in NH listeners.

The two AF conditions for the SSN and cafeteria back-
grounds are the same as the corresponding ideal masking
conditions in Experiment 1. The NH performances in Experi-
ment 2 are somewhat better than in Experiment 1. A com-

TABLE I. Fisher LSD post hoc significance tests for the three-way interac
p�0.05 are given in boldface.

Subject
type

Processing
type

Test
condition �1� �2� �3�

NH SSN-LF �1� −15.66
SSN-HF �2� −12.65 0.00
SSN-AF �3� −17.10 0.00 0.00
CAFE-LF �4� −20.37 0.00 0.00 0.00
CAFE-HF �5� −17.88 0.00 0.00 0.07
CAFE-AF �6� −23.24 0.00 0.00 0.00

HI SSN-LF �7� −14.85 0.45 0.05 0.04
SSN-HF �8� −8.49 0.00 0.00 0.00
SSN-AF �9� −15.96 0.77 0.00 0.29
CAFE-LF �10� −18.13 0.03 0.00 0.34
CAFE-HF �11� −10.05 0.00 0.02 0.00
CAFE-AF �12� −20.96 0.00 0.00 0.00
parison between Fig. 5 and Fig. 3 shows that the discrepan-
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cies are 1.5 dB for SSN and 2.5 dB for cafeteria noise. The
only difference in stimuli is the sound level; as pointed out in
Sec. IV A 3, the sound level is softer in Experiment 2 than in
Experiment 1. For example, at the input SNR of −10 dB, the
sound level in Experiment 1 is about 63 dB�A� SPL for the
SSN background and 75 dB�A� for the cafeteria background,
while the corresponding levels in Experiment 2 are 51 and
51 dB�A�, respectively. Studies suggest that softer sound can
produce better recognition under certain conditions �Hager-
man, 1982; Studebaker et al., 1999�. To examine whether the
sound volume was a factor in the performance differences,
we performed a follow-up experiment with the same pool of
the NH listeners who participated in Experiment 2. The
follow-up experiment was to simply check subjects’ percent
correct scores at the sound levels used in the two experi-
ments when the input SNR was fixed at one of the SRTs
�alternating between subjects� already obtained in the experi-
ments. The cafeteria background noise was used. The scores
are 50.6% with the louder level of Experiment 1 and 58.6%
with the softer level of Experiment 2. The 8% difference is
statistically significant �t�11�=3.31, p�0.01�, but unlikely
large enough to explain the 2.5 dB SRT difference. Perhaps
more important is a learning effect. Unlike HI listeners who
were experienced with the Dantale II task, NH listeners used
in this investigation had little prior experience with auditory
experiments before participating in Experiment 1. When they
participated in the second experiment, the familiarity with
the Dantale II task acquired during Experiment 1 likely con-
tributed to their better performance. In the predecessor to
Dantale II—the Hageman sentence test—Hagerman and Kin-
nefors �1995� found a training effect of about 0.07 dB per ten
sentences, which may explain the differences between Ex-
periments 1 and 2. This interpretation is consistent with the
observation that the corresponding performance differences
between Experiment 1 and Experiment 2 are smaller for HI
listeners; one-third of the mean performance differences is
accounted for by the replacement of one HI listener from

of subject type, processing type, and noise type. Significance levels above

4� �5� �6� �7� �8� �9� �10� �11�
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00 0.08 0.00 0.01 0.00
04 0.81 0.00 0.00 0.00 0.00
00 0.00 0.00 0.00 0.00 0.00 0.00
58 0.01 0.04 0.00 0.00 0.00 0.00 0.00
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0.
0.
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0.
0.
Experiment 1 to Experiment 2 �see Sec. IV A 2�.
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V. GENERAL DISCUSSION

The robustness of speech recognition in noise by NH
listeners is commonly attributed to the perceptual process of
glimpsing, or “listening in the dips,” which detects and gath-
ers T-F regions of a sound mixture where target speech is
relatively stronger compared to interference �Miller and
Licklider, 1950; Howard-Jones and Rosen, 1993; Assmann
and Summerfield, 2004; Li and Loizou, 2007�. As glimpsing
involves grouping, this account is closely related to the ASA
account that applies to both speech and nonspeech signals
�Bregman, 1990�. Poorer performance of listeners with hear-
ing loss in fluctuating backgrounds is generally explained as
their inability to take advantage of temporal and spectral
dips, perhaps caused by reduced frequency selectivity and
temporal resolution �Moore, 2007�. IBM could be under-
stood as producing glimpses or performing ASA for the lis-
tener. The fact that ideal masking also improves intelligibil-
ity of NH listeners suggests that even listeners without
hearing loss can fail to make full use of the speech informa-
tion available in a noisy input. The less-than-ideal perfor-
mance in noisy environments is probably caused by the fail-
ure in detecting a glimpse—a T-F region with relatively
strong target energy—or grouping detected glimpses. This
failure becomes more acute with hearing loss. Because ideal
masking does an “ideal” job of glimpsing for the auditory
system, it helps to nearly equalize the performances of HI
and NH listeners �see Fig. 3�.

The results of Experiment 1 demonstrate that listeners
with or without hearing loss benefit more from IBM process-
ing in the cafeteria background than in the SSN background.
The cafeteria background has temporal and spectral modula-
tions, and as a result the amount of informational masking
caused by target-masker similarity is expected to be higher
than that in SSN. Indeed, some listeners voluntarily com-
mented after the experiment that the conversation in the
background distracted their attention, making it harder to
concentrate on target utterances. The larger SRT improve-
ment observed for the cafeteria background is thus consistent
with the interpretation that ideal masking removes or largely
attenuates informational masking �Brungart et al., 2006�. In a
situation extremely conducive to informational masking,
namely, the mixtures of speech utterances of the same talker,
Brungart et al. �2006� found that the effect of ideal masking
is tantamount to a 22–25 dB improvement in input SNR.
The 10.5 dB SRT improvement obtained through ideal mask-
ing in the cafeteria background, although greater than that
obtained in the SSN background, is much smaller than that
obtained in mixtures of same-talker utterances. The improve-
ment is also smaller than those obtained in mixtures of
different-talker utterances �Chang, 2004�, although the gap is
not quite as big as in same-talker mixtures. One can therefore
expect even larger SRT improvements when interference is
one or several competing talkers, a kind of background that
produces very large performance gaps between NH and HI
listeners as reviewed in Sec. I.

The results of Experiment 2 are on the whole consistent
with the related findings of Anzalone et al. �2006� even

though we used individual gain prescriptions to compensate
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for listeners’ hearing loss. The results are also qualitatively
consistent with the findings of Li and Loizou �2007� illus-
trating that glimpses in the LF to mid-frequency range are
more beneficial for speech intelligibility than those in the HF
range. However, a few differences between our results and
the results of Anzalone et al. �2006� are worth noting. First,
although considerably smaller than LF processing, there is a
benefit from ideal masking in the HF range for HI listeners in
our study whereas their study did not show a significant ben-
efit. A possible reason is the individual gain prescription em-
ployed in our study that makes segregated speech relatively
louder in the HF range than the constant gain applied in their
study. Second, we find a relatively greater LF benefit in NH
listeners than in their study. The main reason, we believe, is
that LF processing removes more background noise than HF
processing for a given input SNR. With negative input SNRs
�see Fig. 5�, the residual noise in the HF condition is in the
LF range while that in the LF condition is in the HF range,
and the background noises used in our experiments have
energy distributed mostly in the LF range, as shown in Fig.
4. This explanation, not considered by Anzalone et al., gives
a partial account for the larger LF benefit for listeners with
hearing loss. The large SRT gap between LF and HF process-
ing for HI listeners �see Fig. 5�, however, cannot be fully
explained this way as the gap is substantially larger—to the
extent that the SRT performance in LF processing is almost
the same as in AF processing. Another likely reason is up-
ward spread of masking �Anzalone et al., 2006� which lis-
teners with sensorineural hearing loss are especially suscep-
tible to �Jerger et al., 1960; Gagne, 1988; Klein et al., 1990�.
Upward spread of masking is a more prominent factor in the
HF condition because of no segregation in the LF range.
Also, with more hearing loss at HFs �see Fig. 2�, HI listeners
are less able to utilize audible HF speech information in rec-
ognition compared to NH listeners �Dubno et al., 1989;
Ching et al., 1998; Hogan and Turner, 1998�. This could also
contribute to a steeper performance decline of HF processing
relative to AF processing for HI listeners than for NH listen-
ers.

Despite different definitions of IBM, the SRT improve-
ments observed in our study and in Anzalone et al. �2006�
are very close for the SSN background. It is all the more
remarkable considering that their IBM is generated on a
sample-by-sample basis while ours is generated on a frame-
by-frame basis, which has a drastically lower temporal reso-
lution, and that, in their experiments, IBM-determined gains
take the values of 1 and 0.2 while the gains take the values of
1 and 0 in our experiments. The use of two-valued gains is a
key similarity between the studies. The most important dif-
ference is, of course, that our definition is based on a com-
parison between target and interference energy and theirs is
between target energy and a fixed threshold. The local SNR
based IBM is arguably easier to estimate computationally, as
many speech segregation algorithms compute binary time-
frequency masks by exploring local SNR explicitly or im-
plicitly �Divenyi, 2005; Wang and Brown, 2006�. Also, there
is little basis in a noisy signal to identify those T-F regions
of significant target energy where interference is much stron-

ger.
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The results from our experiments have major implica-
tions for CASA and speech enhancement research aiming to
improve speech intelligibility in noisy environments. In ad-
dition to affirming the general effectiveness of IBM as a
computational goal, our data provide direct evidence that a
choice of LC at −6 dB for IBM construction, first suggested
by Brungart et al. �2006�, is effective for improving human
speech recognition. A comparison between the data of Brun-
gart et al. �2006� and ours for the SSN background indicates
that the IBM with −6 dB LC yields larger SRT improvement
than commonly used 0 dB LC. Compared to 0 dB LC, the
choice of −6 dB LC retains those T-F units where local SNR
falls between 0 and −6 dB in ideal masking �see Fig. 1�.
From the standpoint of SNR, such inclusion will lower the
overall SNR of the segregated signal. In other words, if the
objective is to improve the SNR of the output signal, the
choice of −6 dB LC is a poorer one compared to that of 0 dB
LC. This discussion casts further doubt on the suitability of
traditional SNR as a performance metric to evaluate sound
separation systems, and at the same time, could shed light on
why monaural speech enhancement algorithms often im-
prove SNR but not speech intelligibility �see Sec. I�. Another
strong implication of our results �see also Anzalone et al.,
2006� is that performing speech separation in the LF range is
a great deal more important than in the HF range, particu-
larly for improving speech intelligibility of HI listeners.

Our results point to a very promising direction for hear-
ing aid design to improve speech intelligibility in noise of
listeners with hearing loss, that is, by designing hearing aids
that function in similar ways to IBM. IBM processing im-
proves SRT by a large margin, and HI listeners derive larger
benefit than NH listeners. Equally important, the profile of
improvement with respect to different kinds of background
noise seems to match that of typical hearing impairment. We
consider it a highly significant result that ideal masking al-
most equalizes the intelligibility performances of HI and NH
listeners �see Fig. 3�. Of course, facing a noisy input IBM
cannot be directly constructed and algorithms must be devel-
oped to estimate IBM. Encouraging effort has been made in
CASA with the explicit goal of IBM estimation �Wang and
Brown, 2006�, and in limited conditions high-quality esti-
mates are obtainable �see, e.g., Roman et al., 2003�. How-
ever, computing binary masks close to the IBM in uncon-
strained acoustic environments remains a major challenge.
On the other hand, the extent of intelligibility gain for HI
listeners produced by IBM processing much more than fills
the SRT gap from NH listeners; Experiment 1 shows a gap of
2.5 dB for the SSN background and a gap of 6.5 dB for the
cafeteria background while the ideal masking improvements
for HI listeners are 9.2 and 13.8 dB for the two backgrounds,
respectively. Hence, perfect IBM estimation is not necessary
to bring the performance of HI listeners to the same level as
that of NH listeners.

VI. CONCLUSION

The present study was designed to evaluate the impact
of IBM on speech intelligibility in noisy backgrounds for

both NH and HI listeners. Two experiments were conducted
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and the main results are summarized below.

• For NH listeners, IBM processing resulted in 7.4 dB SRT
reduction for SSN and 10.5 dB reduction for cafeteria
noise.

• For HI listeners, IBM processing resulted in 9.2 dB SRT
reduction for SSN and 15.6 dB reduction for cafeteria
noise.

• After IBM processing, the intelligibility performances for
HI listeners and NH listeners were comparable.

• For NH listeners, IBM processing at LFs produced greater
SRT reduction than at HFs. The differences were 3 dB for
SSN and 2.5 dB for cafeteria noise.

• For HI listeners, IBM processing at LFs produced greater
SRT reduction than at HFs. The differences were 5.5 dB
for SSN and almost 8 dB for cafeteria noise.
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