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ABSTRACT

The ideal binary mask has been established as a computa-
tional goal of binary time-frequency masking approaches to
sound separation through experiments that show large speech
intelligibility gains for both normal-hearing and hearing-
impaired listeners. The ideal binary mask is commonly
defined using a signal-to-noise ratio threshold for binary de-
cisions called the local criterion. Recently the ideal binary
mask definition was extended to deal with reverberant sig-
nals by introducing the reflection boundary, a division point
between early and late reflections, which allows target reflec-
tions to be treated as either part of the desired signal or as
noise. The current study refines the conclusion in previous
work by analyzing the effects of both the reflection boundary
and local criterion parameters. Experimental results show
that ideal binary masks defined with reflection boundaries of
100 ms or less can produce significant intelligibility improve-
ments, which establishes that binary masking can be effective
for both noise reduction and dereverberation. Further, results
show that to achieve intelligibility gains, early reflections
should be preserved by the binary mask while late reflections
should be treated as noise.

Index Terms— Ideal binary masking, speech intelligibil-
ity, reverberation, computational auditory scene analysis

1. INTRODUCTION

Speech reception in real environments is greatly affected
by both room reverberation and the presence of background
noise (for a review on the various aspects of the problem see
[1]). Considerable effort has gone toward the design of sound
separation and dereverberation algorithms to mitigate the in-
fluence of these environmental factors. One of the emerging
approaches to the sound separation problem is Computa-
tional Auditory Scene Analysis (CASA), which is motivated
by human speech perception (for a review see [2]). At the
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core of a typical CASA algorithm is a binary time-frequency
(T-F) mask, which is used to extract the desired target from
the acoustic mixture. Given a priori information about the
desired target one can construct the ideal binary mask (IBM),
which retains T-F units when the signal-to-noise ratio (SNR)
exceeds a predetermined local threshold, called the local cri-
terion, and attenuates the other units [2]. The IBM has been
extensively utilized as a performance upper bound for CASA
algorithms and to train classification-based mask estimation
methods [3, 4]. A number of studies have investigated the
effects of IBM processing on speech intelligibility in noise
and found that the IBM can produce close to ceiling perfor-
mances for both normal-hearing as well as hearing-impaired
listeners [5, 6, 7]. The experiments in those studies however
do not consider the effect of reverberation.

The current paper focuses on defining the ideal binary
mask for reverberant signals. CASA algorithms have typi-
cally treated the desired signal as either the direct target sound
or as the fully reverberant target. Psychoacoustical studies
have shown, however, that while late reflections act as a mask-
ing noise, early reflections are beneficial to speech perception
[8]. A recent study explored three alternate IBM definitions:
the mask obtained when the desired signal corresponds to the
direct target sound, the mask obtained when the desired sig-
nal is the direct target sound plus early target reflections, and
the mask obtained when the desired signal is the reverberant
target [9]. The experiments showed that the IBM based on
the direct sound plus early reflections produces larger intelli-
gibility benefits when compared to the alternative IBM defi-
nitions. Experiments using binary masks based on the signal-
to-reverberant ratio (i.e. the direct sound-based mask with-
out additive noise) have also shown substantial intelligibility
gains with cochlear implant listeners for low to moderate re-
verberation times. [10, 11]. Alternative ideal masking criteria
for reverberant and noisy signals have also been considered
for robust automatic speech recognition [12, 13].

The IBM definitions utilized in [9] are parameterized
by two variables: the local criterion (LC) and the reflection
boundary, the division point between early and late reflec-
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tions. In [9], LC was fixed at −6 dB (see also [5] and [7]).
While the IBM definition that includes early reflections as
part of the desired signal (reflection boundary set to 50 ms
[8]) achieved significantly lower speech reception thresholds
than the IBM based on only the direct target sound, it is possi-
ble that the −6 dB LC favored the 50 ms reflection boundary
due to differences in the effective SNR for the three mask
definitions.

In this study we explore the effect of both local SNR
threshold and reflection boundary settings on the intelligibil-
ity IBM-processed reverberant and noisy speech. To ensure
that an appropriate range of local SNR thresholds are consid-
ered for each mask definition, we utilize the relative criterion
(RC) [14] rather than LC in this study, where RC is defined as
the difference between the LC and the effective input SNR of
the mixture. The first experiment explores the effect of RC on
the three alternative IBM definitions. We observe that while
the intelligibility of both the direct sound mask as well as the
early reflections based mask show ceiling performances for a
range of RC values, the intelligibility of the reverberant mask
has a performance that is largely at the level of the unpro-
cessed condition across all RC values. A second experiment
is then conducted to validate the use of the 50 ms reflection
boundary. Results show that intelligibility significantly de-
grades when the reflection boundary is set to a value beyond
100 ms.

The rest of the paper is organized as follows. The next
section defines the ideal binary mask in reverberation. Section
3 describes the experiment setup while Section 4 provides the
experimental results. Section 5 concludes the paper.

2. IDEAL BINARY MASK DEFINITION

The IBM segregates a desired signal from a mixture by re-
taining the T-F units in which the local SNR exceeds a given
threshold. Given the beneficial effect of early reflections
on speech perception, we parameterize the IBM by the re-
flection boundary. To develop this definition of the IBM,
we first define the desired signal as db(t) = hb(t) ∗ s(t).
Here s(t) denotes the (anechoic) target speech signal and
hb(t) denotes the part of the room impulse response between
source and microphone up to reflection boundary b. The
residual signal is then rb(t) = y(t) − db(t), where y(t) de-
notes the mixture signal. Note that if no additional noise
sources are present, the residual signal contains only the late
reflections whereas for noisy conditions the residual signal
is the sum of late reflections and background noise. The
effective SNR for a given mixture and reflection boundary
is, SNRb = 10 log10(

∑
t db(t)

2/
∑

t rb(t)
2). The IBM with

reflection boundary b is then defined as,

IBMb(τ, f) =

{
1, if Db(τ, f)−Rb(τ, f) > LC
0, otherwise

whereDb(τ, f) andRb(τ, f) denote the desired signal energy
and residual signal energy in dB, respectively, in time frame
τ and frequency channel f of a T-F representation.

For a given reverberant target signal, as the reflection
boundary is increased more reflections are added to the de-
sired signal, which increases the effective SNR. To account
for this effect we measure speech intelligibility as a function
of the RC, where RC is defined for the purpose of this study
as the difference between LC and the effective SNR (see
[14]). The use of RC is motivated by the observation that
co-varying input SNR and LC does not change the resultant
IBM (assuming a linear filterbank) [5].

IBMs are computed using the cochleagram representation
commonly used in the CASA field [2]. Specifically, signals
are analyzed using a 64-channel Gammatone filterbank with
center frequencies from 50 to 8000 Hz equally spaced on the
equivalent rectangular bandwidth scale. The response of each
filter is then divided using 20 ms rectangular frames with 10
ms overlap (see also [7]).

For each sentence presentation in the experiments below,
IBMs are generated based on a given reflection boundary and
RC value. With the given RC and calculated effective SNR,
we set LC = RC+SNRb. Note that since the effective SNR is
specific to a given mixture and choice of reflection boundary,
the LC used varies across mixtures and IBM definitions. To
generate waveform stimuli, the IBMs are then applied in a
synthesis stage [2].

3. EXPERIMENT SETUP

3.1. Stimuli

Speech intelligibility was evaluated by measuring the per-
centage of correctly recognized target sentences. The target
speech signals all contain the same male speaker reading indi-
vidual sentences from the HINT corpus [15]. The HINT cor-
pus contains 25 lists of 10 sentences that follow a predictable
subject-verb-object syntactic structure. Lists are equated for
naturalness, difficulty, length, and reliability.

As in [9], synthetic impulse responses were obtained us-
ing the image method [16]. A 15 m × 13 m × 3.3 m rect-
angular room was simulated with the emitting source and the
microphone fixed at [9.5 m, 11 m, 1.2 m] and [9.5 m, 7 m, 1.2
m], respectively. As such, the sound source was positioned
directly in front of the microphone (0◦ azimuth and 0◦ ele-
vation) at a distance of 4 m. The reflective characteristics of
the room surfaces were set to be frequency independent and
to be the same at each surface so that a single parameter con-
trolled the reverberation time (T60). Note that monaural im-
pulse responses were generated assuming an omni-directional
microphone. In order to generate test stimuli, a specified tar-
get speech utterance was convolved with a room impulse re-
sponse for a given T60 time. In Experiment I, the speech
shaped noise (SSN) provided with the HINT database was
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used as an interference signal. In this case, both target speech
and SSN were convolved with the same impulse response.

In Experiment I, T60 was set to 0.8 s and SSN was added
to achieve a mixture SNR of −1 dB, which corresponds to
the speech reception threshold for 50% accuracy [9]. IBMs
were generated with reflection boundaries of 0 ms (i.e. direct
sound target), 50 ms, and infinite ms (i.e. fully reverberant tar-
get). We denote the corresponding masks IBM0, IBM50 and
IBM∞, respectively. Each IBM definition was tested for the
following seven RC values: −30 dB, −15 dB, −9 dB, −6 dB,
−3 dB, 0 dB, and 6 dB. Two unprocessed conditions, one in
which unprocessed mixtures (UNP) were presented and one
in which the reverberant speech signals alone (UNP-R) were
presented. In total 23 different conditions were tested.

In Experiment II, T60 was set to 2 s, which corresponds to
the speech reception reverberation threshold at 50% accuracy
level [17]. No additional noise was added in this experiment.
Limited by the size of the HINT database, the tests in the sec-
ond experiment were organized as follows. IBM0 and IBM50

were both tested for the same seven RC values used in Exper-
iment I. Reflection boundaries of 100 ms and 200 ms, denoted
IBM100 and IBM200, were also evaluated. IBM100 was tested
using a subset of five RC values: −15 dB, −9 dB, −6 dB, −3
dB, and 0 dB. For IBM200 we used only four RC conditions:
−15 dB, −9 dB, −6 dB, and 0 dB. Again a condition with un-
processed reverberant signals was tested, resulting in 24 test
conditions.

In both experiments, IBMs were computed using the steps
outlined in Section 2 and applied to the mixture signals in a
synthesis step to generate the corresponding waveform stim-
uli [2]. Waveform stimuli for unprocessed conditions were
generated by passing the mixture signal or the reverberant
speech signal through the same analysis and resynthesis pro-
cess using an all-1 binary mask.

3.2. Subjects

A total of 14 normal hearing, native speakers of American
English with ages varying between 19 and 32 (average 22)
participated in the experiments. The pool of subjects was di-
vided in two groups such that each listener participated in one
experiment. The subjects were paid for their participation.
Although their audiograms were not evaluated, the subjects
reported that they are unaware of any hearing problems.

3.3. Procedure

An operator controlled the experiment using a PC running
Matlab. Subject and operator were seated inside of a sound
attenuating booth. Stimuli were presented diotically with
Sennheiser HD 280 Pro headphones. The average root-mean-
square (RMS) level of the reverberant speech was normalized
to match the average RMS level of a 64 db SPL white noise
signal. In Experiment I, the level of SSN was adjusted to
achieve a specified SNR relative to the reverberant target.

Each trial lasted about an hour. A training phase to fa-
miliarize subjects with the task was included prior to testing
in each experimental condition. Subjects were given suffi-
cient time to repeat or guess the sentence content and the
operator recorded whether or not the sentence was correct.
A sentence was considered correct if all the keywords were
correct. The only substitutions allowed were: a/the, an/the,
is/was, are/were, has/had and have/had.

The training session was performed with clean sentences
using one list in the HINT database. All listeners obtained
100% recognition on the training data. For each test condi-
tion one list in the HINT database was used and accuracy was
calculated as the percentage of correctly recognized sentences
out of the ten sentences in the list. The sequence of test condi-
tions for each subject and the unique HINT list used for each
condition were randomized.

4. RESULTS

4.1. Experiment I

This experiment explores the effect of reflection boundary and
RC on the intelligibility of ideal binary masked noisy and re-
verberant speech. Fig. 1 shows the percentage of correctly
recognized sentences for each test condition. The results are
given as functions of RC for each of the following three mask
types: IBM0, IBM50 and IBM∞. Each dot on the graph cor-
responds to the average score of seven listeners. The results
for the unprocessed conditions, which correspond to the in-
telligibility of the reverberant signal alone (UNP-R) as well
as to the noisy reverberant condition (UNP) are also added to
the left of the curves.

The unprocessed condition UNP resulted in a 42% ac-
curacy level, which is only slightly smaller than the 50%
accuracy level expected (see [9]). The unprocessed condition
with the reverberant signal only, UNP-R, shows only a slight
degradation from ceiling performance to 91.4% accuracy.
This result is in accordance with the performance observed
in the experiments of [18], which reports 92.5% accuracy for
similar conditions.

The effective SNR varies greatly across the three different
binary mask definitions due to the change in reflection bound-
ary. The average effective SNRs are −12.2 dB, −5.6 dB and
−1 dB for the IBM0, IBM50 and IBM∞ masks, respectively.
Measuring performance as a function of RC rather than LC
allows for analysis of the different masks irrespective to the
change in effective SNR. We observe that increasing RC be-
yond a certain value causes a performance drop due to the
IBMs becoming too sparse, whereas decreasing RC increases
the number of T-F units retained by the IBM and levels the
performance to the UNP condition.

A post-hoc protected Fisher’s LSD test across all pairwise
data points shows that the curves for IBM0 and IBM50 both
have plateau regions with performance that is significantly
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Fig. 1. Percentage of correctly recognized sentences for ideal
binary masked mixtures of reverberant speech and noise. The
reverberation time is T60 = 0.8 s and SNR= −1 dB. IBM0 cor-
responds to the direct sound based mask. IBM50 corresponds
to the early reflections based mask with a reflection boundary
of 50 ms. IBM∞ corresponds to the reverberant target based
mask.

better than the unprocessed condition, whereas the curve for
IBM∞ has maximum values similar to the unprocessed con-
dition (slightly elevated at RC=−9 dB). Moreover, the IBM0

and IBM50 curves have no statistically significant differences.
It is interesting to note that the performance in the IBM∞ con-
dition is significantly worse than the UNP-R condition. This
indicates that poor performance of the IBM∞ masks cannot
be explained by the distortion due to reverberation in T-F units
retained by the IBM, but may be due to either less effective
suppression of the interfering signal or perceptual artifacts
caused by the masking process.

A two-way ANOVA across data from all conditions re-
vealed that the two main effects of reflection boundary and
RC value were significant [F(2, 126) = 102.17, p < 0.001;
F(6, 126) = 48.29, p < 0.001] and a significant inter-
action between the reflection boundary and the RC value
[F(12, 126) = 3.83, p < 0.001].

4.2. Experiment II

This experiment applies ideal binary masking to reverberant
speech only and thus explores the potential use of binary
masking for dereverberation. Additionally, the case without
interfering noise serves to highlight differences due to the
reflection boundary and therefore this experiment explores
the plausible range for the reflection boundary. Fig. 2 shows
the percentage of correctly recognized sentences for each
test condition in this experiment. The results are given as
functions of RC for four reflection boundaries: 0 ms (direct
sound based mask), 50 ms, 100 ms and 200 ms. As before,
each dot on the graph corresponds to the average score of
seven listeners. The unprocessed condition (UNP) resulted in
a 51% accuracy level, which agrees with the predicted 50%
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Fig. 2. Percentage of correctly recognized sentences for ideal
binary masked mixtures of reverberant speech. The reverber-
ation time is T60 = 2 s. IBM0 corresponds to the direct sound
based mask. IBMs with reflection boundaries of 50, 100 and
200 ms are also presented.

accuracy level (see [17]).
A post-hoc protected Fisher’s LSD test across all pair-

wise data points was run to analyze the data. The analysis
shows that the IBMs for all reflection boundaries perform
significantly better than the unprocessed condition. While
the peak performances for IBMs corresponding to reflection
boundaries up to 100 ms have no statistically significant dif-
ferences and show ceiling performances, the performance for
the IBM200 degrades considerably.

A two-way ANOVA across data from all conditions re-
vealed that the two main effects of reflection boundary and
RC value were significant [F(2, 142) = 10.02, p < 0.001;
F(6, 142) = 24.38, p < 0.001].

5. CONCLUSION

The ideal binary mask has been proposed as a performance
upper bound for binary time-frequency masking methods that
seek to improve speech intelligibility in noisy conditions and
has been shown to improve intelligibility for both normal-
hearing and hearing-impaired listeners. Recently, the study
in [9] considered how to extend the ideal binary mask to re-
verberant signals. The current paper provides a more detailed
analysis of the problem by considering how both the reflec-
tion boundary and signal-to-noise ratio threshold affect intel-
ligibility of masked signals.

Results show that IBM processing can improve intelligi-
bility of a target speech signal in reverberant and noisy con-
ditions. This establishes that binary masking can be effec-
tive for both noise reduction in reverberant environments and
for speech dereverberation, which is crucial for algorithms
that seek to improve speech intelligibility based on binary T-
F masking.

Experiment I shows that IBM0 and IBM50 produce ceil-
ing intelligibility scores, whereas IBM∞ does not. The per-
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formance of the IBM∞ masks is consistent with [9]. A key
finding in this experiment is that the intelligibility of mixtures
processed using IBM∞ is significantly lower than the intel-
ligibility of unprocessed reverberant speech without additive
noise. This suggests that binary masking may not be capable
of restoring the perception of a reverberant target signal by re-
moving additive noise. Experiment II shows that intelligibil-
ity begins to deteriorate for reflections boundaries of 100 ms,
which indicates that target reflections beyond 100 ms should
be characterized as noise.

The high intelligibility scores achieved using the IBM0

masks show that the reason for the poor performance reported
in [9] was due to setting LC equal to −6 dB. The perfor-
mance obtained by the IBM0 mask in the experiments pre-
sented here may seem to suggest that early reflections need
not be included in the IBM definition. However, both IBM0

and IBM50 retain direct sound and early reflections and atten-
uate late reflections and additive interference. Each definition
accomplishes this in a different way. For IBM50, early reflec-
tions are directly included in the definition of the desired sig-
nal. For IBM0, the shift to lower LC values due to the lower
effective SNR (relative to IBM50) indirectly captures the en-
ergy of early target reflections. We then contend that directly
accounting for early reflections in the definition of the desired
signal using a reflection boundary motivated by existing work
is the more appealing of the two alternatives.
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