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The importance of processing resolution in “ideal
time-frequency segregation” of masked speech and
the implications for predicting speech intelligibility®
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Department of Speech, Language and Hearing Sciences, Boston University, 635 Commonwealth Avenue, Boston, Massachusetts 02215,
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ABSTRACT:

Ideal time-frequency segregation (ITES) is a signal processing technique that may be used to estimate the energetic
and informational components of speech-on-speech masking. A core assumption of ITES is that it roughly emulates
the effects of energetic masking (EM) in a speech mixture. Thus, when speech identification thresholds are measured
for ITFS-processed stimuli and compared to thresholds for unprocessed stimuli, the difference can be attributed to
informational masking (IM). Interpreting this difference as a direct metric of IM, however, is complicated by the fine
time-frequency (T-F) resolution typically used during ITES, which may yield target “glimpses” that are too narrow/
brief to be resolved by the ear in the mixture. Estimates of IM, therefore, may be inflated because the full effects of
EM are not accounted for. Here, T-F resolution was varied during ITFS to determine if/how estimates of IM depend
on processing resolution. Speech identification thresholds were measured for speech and noise maskers after ITFS.
Reduced frequency resolution yielded poorer thresholds for both masker types. Reduced temporal resolution did so
for noise maskers only. Results suggest that processing resolution strongly influences estimates of IM and implies

that current approaches to predicting masked speech intelligibility should be modified to account for IM.
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I. INTRODUCTION

“Ideal time-frequency segregation” (ITFS) is a signal
processing technique that has been used in recent years to
estimate the relative contributions of two different types of
masking in speech-on-speech (SOS) masking experiments
(e.g., Brungart et al., 2006, 2009; Kidd et al., 2016; Kidd
etal.,2019; Buss et al., 2017; Rennies et al., 2019). The first
type, termed “energetic masking” (EM), occurs when a mes-
sage of interest (the “target”) overlaps with another (the
“masker”) in a given time-frequency (T-F) region and the
masker is more intense, limiting the availability of target
information in that region. Because the acoustic overlap of
the two waveforms implies a corresponding overlap in the
representation of the stimulus at the auditory periphery, EM
is defined as masking that results from interactions between
the target and masker at this stage of neural processing.
“Informational masking” (IM), by contrast, is defined as
masking that results from interactions between the target
and masker at higher levels of the auditory system beyond
the periphery (e.g., Lutfi, 1990; Durlach et al., 2003;
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Watson, 2005; Kidd et al., 2008a; Kidd and Colburn, 2017).
IM may occur when the observer is uncertain or confused
about which T-F regions of the target + masker mixture
belong to the target as opposed to the masker, with the con-
sequence being an inability to effectively segregate the tar-
get from the masker and/or selectively attend to the target
over time.

ITES seeks to emulate the effects of EM computation-
ally by eliminating T-F regions of the target + masker mix-
ture in which the masker is more intense than the target, or
where the local signal-to-noise (S/N) ratio is below some
predetermined criterion value. The logic for the parallel
between EM and ITFS is based on the assumption that the
target information contained in these regions would be
“energetically masked” at the ear for a human observer with
normal hearing (Brungart et al., 2006, 2009). Previous stud-
ies have generally concluded that ITFS is sufficient for
achieving this goal. Thus, speech identification thresholds
measured for ITFS-processed (“glimpsed”) stimuli often are
treated as an EM baseline. These baseline thresholds are
then compared to thresholds for unprocessed stimuli, and
the difference has been taken as an indication of the amount
of IM that is present (e.g., Brungart et al., 2006, 2009; Kidd
et al., 2016; Kidd et al., 2019; Buss et al., 2017; Rennies
et al., 2019). Interpreting this difference as a direct metric of
IM, however, is complicated by the fact that, logically, there
are certain situations where such a strong conclusion may
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not be justified. For example, ITFS is typically accom-
plished using fine T-F resolution, which may yield target
“glimpses” (T-F regions of the target + masker mixture that
are not deemed energetically masked and are included in the
glimpsed stimulus) that are too narrow/brief to be resolved
individually by the ear in the unprocessed mixture (see
Brungart et al., 2006; Kidd et al., 2019). One possible con-
sequence of this could be that estimates of IM obtained via
ITFES are inflated because the full effects of EM are not
accounted for at baseline (i.e., glimpsed thresholds are
effectively “too low” with respect to the EM limits imposed
by the ear). More generally, it is possible that thresholds for
glimpsed stimuli and, by extension, estimates of IM
obtained using these thresholds as a baseline depend directly
on the T-F resolution that is employed during ITFS.

ITFS was originally proposed as a tool for separating
EM from IM in SOS masking by Brungart et al. (2006,
2009). However, Brungart and his colleagues were careful
to emphasize that the distinction between EM and IM is by
no means straightforward and it is extremely difficult to
determine precisely the relative contributions of EM and IM
in a situation as complex as SOS masking. This is due, in
part, to the fact that performance in the SOS masking task
depends on a wide range of complex factors that may not be
adequately captured by the simple EM-IM distinction (e.g.,
linguistic and memory-related processes, expectation and a
priori knowledge, the integration of speech information
over multiple overlapping timescales, phonemic restoration
effects, etc.; cf. Warren, 1970; Conway et al., 2001; Mattys
et al., 2012; Carlile, 2014; Bronkhorst, 2015; Kidd and
Colburn, 2017). Nonetheless, Brungart et al. (2006) rea-
soned that observer success in solving the SOS masking task
depends on the completion of a sequence of (at least) two
distinct processes: target detection, followed by target-
masker segregation (see also Cooke, 2006; Li and Loizou,
2007; Healy et al., 2014; Healy and Vasko, 2018). By this
view, the observer must first detect, via peripheral mecha-
nisms, the T-F regions of the target + masker mixture that
are dominated by target energy, and then segregate, via cen-
tral mechanisms, these target-dominated regions from those
that are masker dominated. ITFS ostensibly mimics this
sequence of steps “ideally” via computational means such
that detection is limited only to the extent that it would be
for an ideal observer (i.e., EM limits the input to the
observer; cf. Durlach et al., 2003), whereas segregation is
not limited at all (i.e., IM is not a factor; Brungart et al.,
2006, 2009; see also Kidd et al., 2016; Kidd et al., 2019).

In practice, ITFS is accomplished by passing the target
+ masker mixture through a bank of n bandpass filters (anal-
ogous to auditory frequency filters) and then further subdi-
viding the signal within each band into m-ms time frames
(analogous to auditory temporal windows). This process
yields a grid of acoustically defined T-F regions (“tiles”)
that are assumed to correspond, roughly, to the T-F regions
that are available internally to the human observer. Next,
using a priori knowledge about the target and masker wave-
forms, tiles that are dominated by target energy, or where
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the local S/N ratio is above some predetermined criterion
value, are identified (i.e., detected) and then extracted (seg-
regated) from among the remaining masker-dominated tiles.
The target-dominated T-F tiles (only) are then recombined
to form a new signal for use in speech intelligibility experi-
ments. Importantly, masker-dominated tiles are eliminated
(“discarded”) at this stage of processing, with the assump-
tion being that any target information contained in these
tiles would be irrecoverably lost to EM at the ear. It is in
this sense that ITFS emulates EM because the thresholds for
glimpsed speech are assumed to reflect what the thresholds
would be in the unprocessed mixture if they were limited only
by EM. Implicit in this assumption is the further stipulation
that in emulating EM, ITFS also eliminates IM (Brungart
et al., 2006, 2009; Kidd et al., 2016; Kidd et al., 2019)
because the same masker-dominated tiles that produce
EM—and are discarded during [ITFS—also carry information
about the speech masker. Thus, removal of masker-
dominated tiles during ITFS ostensibly removes the IM that
is present in the original unprocessed mixture.

The benefits obtained from ITFS in terms of improving
speech intelligibility, therefore, are highly dependent on the
extent to which the masker causes IM. For maskers that pre-
dominantly produce EM, the benefits of ITFS should, in the-
ory, be negligible. On the other hand, for maskers that
predominantly produce IM, the benefits should be large.
This general pattern is borne out in the findings of previous
studies. For example, Brungart et al. (2006) found that the
application of ITFS to a low-IM speech-in-noise mixture
yielded only a 2-5 dB improvement in thresholds relative to
thresholds for unprocessed stimuli, a finding confirmed by
Kidd et al. (2019) who found a roughly 4 dB benefit of ITFS
under similar conditions. On the other hand, these same
studies reported that the application of ITFS to a high-IM
SOS mixture (a target message masked by one, two, or three
colocated same-talker/same-sex speech maskers speaking
highly confusable sentences) yielded an improvement in
thresholds of as much as 30dB relative to thresholds for
unprocessed stimuli.

A fundamental assumption of the ITES approach is that
the T-F units used in the analysis are a good analog of the
processing resolution of the human auditory system and
therefore provide a good estimate of EM for a given stimu-
lus configuration. Currently, however, it is not clear how
serious a problem there would be for this application of
ITES if there were a significant mismatch in resolution
between the acoustic T-F analysis performed on the stimulus
and the internal T-F analysis performed by the auditory sys-
tem. Most previous studies of EM and IM have employed
large n and small m, i.e., fine T-F resolution. For example,
Brungart et al. (2006, 2009), Kidd et al. (2016), and Kidd
et al. (2019) used an n, m pair that we will refer to as the
“standard ITFS processing approach™: n =128, m =20. It is
possible, however, that such fine-grained resolution exceeds
the resolution limits of the human auditory system. If this
were true, the application of ITFS to a speech mixture would
fail to accurately emulate EM by extracting target
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glimpses—and including these in the reconstructed stimu-
lus—that would have been energetically masked at the ear.

Motivated by this possible mismatch in processing reso-
lution between ITFS and the human auditory system, we
sought in this study to determine the influence of the proc-
essing parameters n and m on thresholds for glimpsed
speech. Speech identification thresholds were measured for
speech and noise maskers after ITFS. ITFS processing reso-
Iution was degraded systematically across conditions by
varying the parameters n and m relative to the standard ITFS
processing approach. We chose the standard ITFS process-
ing approach as the reference condition because this
approach has been used in previous studies of EM and IM
using ITFS, and because informal pilot listening suggested a
performance plateau as acoustic resolution became more
fine grained. It was expected that, consistent with previous
studies of ITFS processing resolution not explicitly con-
cerned with the EM-IM distinction (e.g., Li and Loizou,
2008; Montazeri and Assmann, 2018), as the processing res-
olution decreased, glimpsed thresholds would increase in
turn. As the empirical results will show, this expectation
was confirmed. The implications of this finding for estimat-
ing IM via ITES are considered, as is the potential role of a
mismatch between acoustic and internal T-F resolution. This
putative mismatch leads to situations in which “large” (in
terms of their T-F extent) tiles created acoustically through
ITFS may be further analyzed in the ear or, conversely, fine-
grained acoustic resolution provides access to target speech
information that would normally be unavailable through
auditory processing.

Consideration of the benefits of ITFS for high-EM and
high-IM maskers also has important implications for models
of masked speech recognition. For example, comparing the
intelligibility benefits yielded by ITFS for speech versus
noise maskers suggests that when speech is masked by com-
peting speech, IM, rather than EM, dominates performance,
a conclusion that is supported by numerous previous studies
(e.g., Freyman et al., 1999; Freyman et al., 2004; Brungart,
2001; Brungart et al., 2001; Arbogast et al., 2002; Kidd
et al., 2005; Calandruccio et al., 2010; Brouwer et al., 2012;
Best et al., 2012; see Kidd and Colburn, 2017, for a review).
Current approaches to predicting speech intelligibility under
masking, however, fail to take account of these findings or
incorporate IM in the predictions. For example, the
Articulation Index (AI; French and Steinberg, 1947; Kryter,
1962a,b; see also Egan and Wiener, 1946) and subsequent
modifications and extensions of that theory and associated
methods [e.g., Speech Intelligibility Index (SII) ANSI,
1997] are based on the computation of S/N ratios in fre-
quency bands originally modeled on the “critical bands”
thought to provide the initial frequency analysis of sounds
in the auditory periphery (cf. Beranek, 1947). Each band
contributes a finite amount of information to overall intelli-
gibility with the contribution depending primarily on the tar-
get energy available within each band after taking into
account the energy of the masker (i.e., the S/N ratio;
although, see the discussion of “remote masking” by Kryter,
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1962b). The worst a given band can do is to contribute zero to
the AI, meaning that no target information is available.
However, the work cited above clearly shows that removing
masker-dominated tiles—even when they contain little or no
target energy—during ITFS dramatically improves intelligibil-
ity contrary to the logic underlying the predictions. That is, the
masker-dominated tiles exert a negative effect on intelligibility
regardless of any target energy present. It is also worth noting
that the removal of tiles during ITFS could exert other negative
effects on performance for reasons unrelated to EM and IM
(at least as defined here). For example, the removal of tiles
could cause the disruption of mechanisms producing phonemic
restoration (e.g., Warren, 1970; Warren and Obusek, 1971;
Bashford er al., 1992). The empirical work described next
aims to help resolve these issues and clarify how ITFS can be
used to determine the various factors underlying the masking
of speech.

II. METHODS
A. Observers

Six observers, including the first author (C.C.), partici-
pated (18-29years of age; mean=22years of age). All
observers had normal pure-tone air-conduction thresholds at
octave frequencies between 250 and 8000 Hz in both ears.
Some had participated in previous experiments using ITFS-
processed stimuli. All observers received compensation.

B. Stimuli

All stimuli were subjected to ITFS. The generation,
processing, and delivery of stimuli were the same as in the
“baseline glimpsed” conditions of Kidd et al. (speech
maskers, Kidd et al., 2016; noise maskers, Kidd et al.,
2019), except for the controlled change in n and/or m in the
present study. A close correspondence between the stimuli
and methods of Kidd et al. (2016), Kidd et al. (2019), and
the present study was maintained to facilitate a direct com-
parison of results.

Speech materials were derived from the Boston
University Corpus, a laboratory designed corpus of 40
monosyllabic words divided into 5 syntactic categories
(name, verb, number, adjective, object), with 8 words in
each category (Kidd et al., 2008b). Only female talkers were
used. For each trial, two signals were generated prior to
ITFS: a target and a masker. The target was a single five-
word sentence, always beginning with the cue word “Sue,”
generated by concatenating one word from each syntactic
category in order. A female talker, selected at random (with
replacement) from a set of 11, was used to construct the tar-
get for each trial. The masker was one of two classes,
depending on condition: a speech masker or a noise masker.
The speech masker consisted of two additional five-word
sentences with the same structure as the target sentence,
spoken by two different female talkers (selected from the
remaining ten talkers in the set from which the target was
drawn). Between the target and masker, all talkers and all
words were mutually exclusive (i.e., each sentence used to
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construct the speech masker always started with a word other
than the cue word “Sue”). The noise masker was speech-spec-
trum-shaped, speech-envelope-modulated noise. The noise
masker was modulated by the single-channel, broadband enve-
lope of a unique, unused speech masker. Envelope extraction
was accomplished by passing the unused speech masker
through a fourth-order Butterworth low-pass filter with a
300Hz cutoff. The resulting waveform was multiplied by a
speech-shaped Gaussian noise having the same long-term
average spectrum as all female talkers in the corpus.

C. Procedures

Observers were tested while seated in a double-walled,
sound-treated Industrial Acoustics Company (IAC, North
Aurora, IL) booth. The booth had a computer monitor, a key-
board, and a mouse. Digital-to-analog (D/A) conversion was
effected on a control computer situated outside of the booth
using an RME (Haimhausen, Germany) HDSP 9632 (ASIO)
24-bit sound card, and stimuli were presented binaurally
through Sennheiser HD280 Pro headphones (Sennheiser
Electronic GmbH and Co. KG, Wedemark, Germany).
Observers were told that on each trial their task was to iden-
tify the words comprising the five-word target, the target
would always be spoken by a female talker, and it would
always begin with the cue word “Sue.” During the presenta-
tion interval of each trial, the computer monitor was blank,
and observers were instructed to listen. During the response
interval, a 40-word matrix (8 x 5; exemplar X syntactic cate-
gory; cf. Kidd et al., 2008b) of the full corpus appeared on
the monitor. Observers were instructed to use the mouse to
click each word of the target in order from left to right, one
word from each column, always beginning with the cue word
“Sue.” Observers were forced to select one word from each
syntactic category in order with no possibility for corrections.
The first word was not scored.

The experiment consisted of 12 total conditions: three
number of bands conditions (where n =38, 32, or 128), two
duration of time windows conditions (where m =20 or 80),
and two masker type conditions (where the masker was
speech or noise). For each trial, the root-mean-square (rms)
level of the target was fixed at 55dB sound pressure level
(SPL), and the rms level of each individual sentence used to
construct the masker was scaled to a predetermined target-
to-masker ratio (T/M). Observer performance in each condi-
tion was evaluated by collecting data at six different T/Ms,
evenly spaced in 5dB steps. The specific range of T/Ms
used to evaluate performance varied with condition and was
chosen after pilot listening but fell in the range from —35 to
+5dB. Note that, in this study, T/M referred to the level of
the target relative to each individual sentence used in the
construction of the masker. For example, a T/M of 0dB
described a situation in which each masker sentence was
scaled to have the same rms energy as the target or, equiva-
lently, the ratio of the target to the combined masker was
roughly —3 dB. S/N ratio was used to describe the latter met-
ric. This convention was adopted to maintain consistency
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with previous studies of EM and IM using ITES (e.g.,
Brungart et al., 2006, 2009; Kidd et al., 2016; Kidd et al.,
2019). More specifically, it was adopted to facilitate a direct
comparison of our results with those of Kidd et al. (2016)
and Kidd et al. (2019). All signal levels were specified before
ITES.

Prior to the beginning of the initial experimental ses-
sion, each observer completed a single training block of 12
trials to become familiar with the stimuli and response pro-
cedure. All 12 conditions were presented during the training
block at a favorable (i.e., > —5dB) T/M. Immediately fol-
lowing the training block, 864 scored trials were completed.
These included 12 trials at each of the 6 T/Ms tested for
each of the 12 conditions. The trials were divided into 108
blocks of 8. The condition and T/M tested on each trial were
randomized across all trials. Feedback was given on all
training and experimental trials. Each observer completed
the experiment in two sessions of roughly two hours each.

D. Signal processing

Stimuli were pre-generated and processed digitally at a
sampling rate of 44100Hz wusing MATLAB software
(MathWorks Inc., Natick, MA). Prior to ITFS, the target and
each individual sentence used in the construction of the
masker were convolved with a 0° azimuth, laboratory
recorded, Knowles Electronic Manikin for Acoustic Research
(KEMAR, G.R.A.S. Sound and Vibration, Holte, Denmark)
head related transfer function (HRTF). While in all condi-
tions each signal had a nominal spatial position of 0° azi-
muth, the convolution of each signal with the KEMAR
HRTF had the effect of introducing slight differences
between the signals at the two ears. Again, this was done pri-
marily to facilitate a direct comparison of our results with
those of Kidd et al. (2016) and Kidd et al. (2019). It is worth
noting, however, that convolution with the KEMAR HRTFs,
followed by presentation over circumaural headphones may
have effectively applied concha/pinna filtering twice and thus
introduced frequency specific effects that may have influ-
enced how observers weighted speech information across fre-
quency. As this would not have influenced the T/M, such
effects were assumed to be negligible with respect to overall
performance. Following convolution, all subsequent process-
ing was carried out on the signal at each ear independently,
and the experimental stimulus was resynthesized, post-
processing, as a two-channel binaural signal before presenta-
tion during the experimental session.

In general, our ITFS processing approach followed
closely the approach used in previous studies (e.g., Wang
and Brown, 1999; Roman et al., 2003; Wang, 2005;
Brungart et al., 2006, 2009; Kidd et al., 2016; Kidd et al.,
2016, 2019; Rennies et al., 2019). Specifically, the algo-
rithm used in the present experiment was the same as that
used by Brungart et al. (2006, 2009), Kidd e? al. (2016), and
Kidd et al. (2019) with a few notable exceptions, described
below. The reader is referred to those studies for a more
thorough discussion of each stage of ITFS processing.
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Briefly, in the present study, T-F decomposition was accom-
plished by passing each signal through a bank of n filters
(where n =8, 32, or 128) with overlapping passbands. The sig-
nal within each band was then subdivided into m-ms time
frames (where m =20 or 80) with 50% overlap. The filters
were linearly spaced on the Equivalent Rectangular Bandwidth
(ERB) scale between 80 and 8000 Hz, and the bandwidth of
each filter was calculated using Eq. (1), an extension of Eq. (3)
from Glasberg and Moore (1990, p. 114). For the present
experiment, the term 7e¢/ncong Was added:

}’le(f) = 247(437F+ 1) x 1.019 x (nref/ncond)-
(1

In Eq. (1), ngw(f) is the bandwidth of each filter in Hz, F is
the filter center frequency in kHz, and 1.019 is the ERB scaling
factor. The ERB scaling factor is meant to scale ERB values—
as computed by the term 24.7(4.37F 4 1) (cf. Glasberg and
Moore, 1990)—to Gammatone filter bandwidths (cf. Patterson
et al., 1992). Because the standard ITFS processing approach
was considered to be the reference condition, when calculating
filter bandwidths, n.¢ was always 128, and 7.o,q Was the num-
ber of frequency bands in the experimental condition under test
(i.e., 8, 32, or 128). Note that this added term meant that as »n
decreased, the bandwidth of the filters increased.

Thus, during ITES, each signal was decomposed into a
two-dimensional matrix of overlapping tiles that varied in
their spectro-temporal extent with condition. The within-tile
S/N ratio was then calculated for each tile. A local criterion

(LC) value of 0dB (Brungart et al., 2006) was adopted. Tiles
in which the S/N ratio > LC were considered to be target
dominated and were assigned a “1.” Tiles in which the S/N
ratio < LC were considered to be masker dominated and
were assigned a “0.” The resultant matrix of Os and 1s
formed a binary-mask (Wang, 2005) that was applied to the
overall mixture (target + masker). The retained tiles for each
ear were resynthesized and stored for presentation as a
glimpsed stimulus (for details of the resynthesis process, see
Brown and Cooke, 1994; Wang and Brown, 1999; Brungart
et al., 2006).

lll. RESULTS

Psychometric functions relating percent correct word
identification to T/M in dB were obtained for each observer
in each condition by fitting the data with a logistic function.
Threshold T/M in dB for a given observer/condition was
defined as the point at which the fitted function crossed 50%
correct. Individual thresholds as well as group means and
the associated standard errors of the means for each condi-
tion are shown in Table I. Also shown in Table I are the
group mean T/Ms at threshold from Kidd er al. (speech
maskers, Kidd et al., 2016; noise maskers, Kidd et al., 2019)
in their “natural baseline” (i.e., unprocessedl) conditions
(conditions that we did not test in the present study) and in
their “baseline glimpsed” conditions (which were equivalent
to our n = 128, m = 20 conditions). Except for differences in
n and/or m and observers, the stimuli, methods, and

TABLE I. Individual and group mean thresholds for all conditions tested. n = the number of frequency analysis bands, and m = the duration of the time
windows (in ms) used during ITFS. Also shown for comparison are data from Kidd er al. (2016) and Kidd et al. (2019) in their unprocessed conditions and
in conditions that were identical to our n = 128, m =20 conditions. See the text for further details.

Threshold T/M (dB)
Observer Unprocessed n8m20 n8m80 n32m20 n32m80 n128m20 n128m80
Speech masker
1 =7.7 —6.6 —17.7 —18.4 -31.9 —29.4
2 —16.2 —16.2 —24.4 —254 —33.3 —36.8
3 —11.9 -9.5 —18.2 —17.7 —28.4 —29.8
4 —19.7 —11.7 —20.0 -20.5 —-32.5 —-32.5
5 —8.6 —4.9 —16.5 —17.5 —28.4 —24.2
6 —4.7 —4.1 —12.6 —12.9 —29.4 —24.5
Mean —11.5 —8.8 —18.2 —18.7 -30.6 —29.5
Standard error 2.3 1.9 1.6 1.7 0.9 2.0
Kidd et al. (2016) mean —-0.4 -30.6
Kidd et al. (2016) standard error 1.1 0.8
Noise masker
1 -7.5 -7.8 —12.1 —12.7 —18.2 —14.2
2 —13.9 —11.7 —15.8 —114 —21.8 —18.2
3 —114 —8.5 —114 -89 —16.7 —13.0
4 —11.5 -9.5 —13.7 —14.0 -20.5 —15.8
5 =5.1 —6.5 —10.7 —5.8 —-17.0 —11.7
6 —-33 —4.2 —-9.4 —-3.8 —13.7 —12.2
Mean —8.8 —8.0 —12.2 —-94 —18.0 —14.2
Standard error 1.7 1.0 0.9 1.6 1.2 1.0
Kidd et al. (2019) mean —13.5 —17.8
Kidd et al. (2019) standard error 1.1 0.7
1652  J. Acoust. Soc. Am. 147 (3), March 2020 Conroy et al.
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procedures used by Kidd et al. (2016) and Kidd et al. (2019)
were identical to those used in the present study, and thus a
direct comparison of our results with theirs is appropriate.
These data are discussed in Sec. IV C.

Group mean T/Ms at threshold and the associated stan-
dard errors of the means from Table I are plotted in Fig. 1
for speech maskers (left) and noise maskers (right). Visual
inspection of Fig. 1 reveals three clear trends. First, thresh-
olds for noise maskers were, on average, higher than those
for speech maskers, in general agreement with previous
studies comparing thresholds for speech and noise maskers
after ITFS (Brungart et al., 2009; Kidd et al., 2019).
Second, as n decreased, thresholds increased, regardless of
the value of m or masker type. This effect was greater for
speech maskers than it was for noise maskers, in general
agreement with previous studies that have examined the role
of frequency resolution during ITFS not explicitly con-
cerned with the EM-IM distinction (e.g., Li and Loizou,
2008; Montazeri and Assmann, 2018). Third, increasing m
at a given n had a relatively minor—yet, consistently nega-
tive—influence on thresholds compared to the more pro-
nounced effect of reduced frequency resolution.

The individual threshold data shown in Table I and
Fig. 1 were subjected to a three-factor [(number of bands)
X (duration of time windows) x (masker type)], within-
subjects analysis of variance. Consistent with the trends
noted above, all three main effects were significant: There
was a significant main effect of the number of bands
[F(2,10)=259.69, p <0.0001], duration of time windows
[F(1,5)=40.48, p<0.01], and masker type [F(1,5)
=227.93, p < 0.001]. The two-way interaction term [(number
of bands) x (masker type)] also was significant [F(2,10)
=84.87, p<0.0001], as was the three-way interaction
between all factors [F(2,10)=4.70, p<0.05]. That is,
changes to n and/or m influenced observer performance dif-
ferently depending on masker type. Therefore, the data for
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FIG. 1. Group mean T/Ms at threshold in dB. Error bars are standard errors
of the means. (Left) speech maskers, (right) noise maskers. The ordinate
gives the T/M at threshold in dB. The abscissa gives the value of n. Black
bars represent conditions in which m =20. Grey bars represent conditions
in which m = 80. Data from Kidd et al. (speech maskers, Kidd et al., 2016:
noise maskers, Kidd et al., 2019) are shown as asterisks for comparison.
Black asterisks mark thresholds obtained in conditions identical to our
n=128, m =20 conditions. Grey asterisks mark thresholds for unprocessed
(yet otherwise identical) stimuli, which we did not test.

J. Acoust. Soc. Am. 147 (3), March 2020

speech and noise maskers were analyzed separately. For
speech maskers, only the main effect of the number of
bands was significant [F(2,10) =239.81, p <0.0001]; for
noise maskers, both main effects were significant [number
of bands, F(2,10)=87.22, p <0.0001; duration of time
windows, F(1,5)=46.91, p < 0.01]. Effect size calculations
(generalized eta-square, 1% Olejnik and Algina, 2003)
indicated that the relative effect of n was greater for speech
maskers than for noise maskers (;7(;2 = 0.81 versus ncz
= 0.56 for speech versus noise maskers, respectively), and
for noise maskers, the effect of m was small compared to the
effect of n (5> = 0.15 versus 5> = 0.56 for m versus n,
respectively).

Because we failed to observe a significant main effect of
m for speech maskers, thresholds at each n were collapsed
across m, and a series of paired-sample r-tests were con-
ducted to explore the effect of n in more detail. All compari-
sons between and among levels of n for speech maskers were
highly significant (p < 0.0001; Holm-Bonferroni correction).
That is, observer performance deteriorated significantly with
each subsequent reduction in frequency resolution relative to
the standard ITES processing approach, and the specific value
of m that was chosen did little either to contribute to or coun-
teract this effect. For noise maskers, the same series of com-
parisons between and among levels of n yielded similar
results (p < 0.01 for all comparisons; Holm-Bonferroni cor-
rection, as above).

IV. DISCUSSION

A. How does ITFS processing resolution influence
thresholds for glimpsed speech?

The two findings that most directly answered this ques-
tion were the following: First, reduced frequency resolution
(lower n) relative to the standard ITFS processing approach
had a significant negative influence on thresholds for both
speech and noise maskers, although the magnitude of the
effect was greater for speech maskers (thresholds increased
by roughly 20dB for n =28 versus n =128, averaged across
m) than it was for noise maskers (a roughly 8 dB increase
for the same comparison). Second, reduced temporal resolu-
tion relative to the standard ITFS processing approach (an
increase in m from 20 to 80 ms) had only a slight negative
influence on thresholds, which was greater for noise maskers
(statistically significant) than it was for speech maskers (not
statistically significant). Taken together, these two broad
findings suggest that n—as opposed to m—is the dominant
ITFS processing parameter in determining thresholds for
glimpsed speech. We did not, however, test values of
m > 80, and it is possible that if we had we would have seen
a larger effect of this parameter. Similarly, the standard
ITES processing approach provided the upper bound on T-F
resolution in the present study, and for both speech and
noise maskers, thresholds for stimuli generated using this
approach were lower than thresholds for stimuli generated
using any other n, m pair. It is possible that processing reso-
lution more fine-grained than the standard ITES processing
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approach would have yielded even lower thresholds still.
While informal pilot listening in our laboratory suggests that
this is not the case, further empirical work is needed to
determine which n, m pair outside of the range of values
tested here yields best performance. It is worth noting, how-
ever, that resolution which is more fine-grained than the
standard ITFS processing approach likely would exceed the
resolution limits of the human auditory system, and thus
would be of little value when ITFS is used to separate EM
from IM in speech masking experiments.

The results reported here are generally consistent with
previous studies of frequency resolution during ITFS. For
example, Li and Loizou (2008) measured percent correct
word identification for both ITFS-processed and unprocessed
stimuli. Speech masked by either multitalker babble or a
steady-state speech-shaped noise was synthesized using a sin-
ewave vocoder with n channels (n =6, 12, 16, 24, or 32), and
ITES was applied to those channels using 4-ms time frames
(m=4). As in the present study, they found that glimpsed
stimuli remained highly intelligible for all n>12. At low
S/N ratios, when n=24 or 32, the intelligibility benefit of
ITFS relative to unprocessed (vocoded) stimuli was large,
particularly when the masker was multitalker babble (roughly
60 percentage points). However, when n <12, a much
smaller benefit was found. Montazeri and Assmann (2018)
also examined the role of frequency resolution during ITFS
using vocoded stimuli and a processing scheme similar to
that used by Li and Loizou (2008). They tested n =6 or 12.
They found that speech recognition suffered significantly as
n decreased from 12 to 6. This effect was particularly pro-
nounced for speech maskers (a single competing talker) ver-
sus noise maskers (steady-state speech-shaped noise). Thus,
the common theme that emerges from these two studies and
ours is that large values of n typically yield better perfor-
mance than small values of 7, and the effects of decreasing n
relative to a large-n reference are typically greater for speech
maskers than they are for noise maskers.

To our knowledge, no previous studies have directly
examined the role of temporal resolution during ITFS in a
manner consistent with the present study, although Li and
Loizou (2007) collected relevant data in this area. Our finding
of a slightly negative influence of reduced temporal resolu-
tion in noise, however, is broadly consistent with previous
studies of “glimpsing” and interrupted speech more generally
(i.e., studies not limited to ITFES), in which it is found that
shorter, more frequent glimpses typically support better intel-
ligibility than longer, less frequent glimpses (e.g., Miller and
Licklider, 1950; Huggins, 1975; Li and Loizou, 2007; Wang
and Humes, 2010; Gibbs and Fogerty, 2018).

B. Possible explanations for the increase in
thresholds with the reduced ITFS processing
resolution

Before addressing this issue, three terms are defined
here. They are “target-dominated tiles-within-tiles” (TD-
TWTs), “masker-dominated tiles-within-tiles” (MD-TWTs),
and “lost tiles” (LTs). Figure 2 illustrates the stimulus
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FIG. 2. Schematic showing possible categories of subtiles within ITES-
processed stimuli. See the text for further details.

categories corresponding to these three terms in schematic
form. Each of these terms refers to a hypothetical class of
subtile that was not directly manipulated in the present study
and pertains only to conditions in which n <128 and/or
m=80. TD-TWTs refers to “smaller” tiles (defined in terms
of their T-F extent by the standard ITFS processing approach)
that were target dominated and fell within a “larger” tile
(defined by any n, m pair other than the standard ITFS proc-
essing approach) that was target dominated overall. MD-
TWTs refers to the complementary phenomenon: smaller
tiles that were masker dominated, yet, fell within a larger tile
that was target dominated overall. Both TD-TWTs and MD-
TWTs were retained after ITFS and included in the recon-
structed glimpsed stimulus when 7n< 128 and/or m =80
regardless of their local (subtile) S/N. Conversely, LTs were
discarded during ITFS. The term LTs refers to smaller tiles
that were target dominated yet fell within a larger tile that
was masker dominated overall. Thus, LTs represent tiles that
were removed during ITFS when n < 128 and/or m = 80, yet,
that would have been retained had the acoustic mixture been
analyzed using the standard ITFS processing approach.

1. Explanation in terms of an increase in IM

One possible explanation for the increase in thresholds
with decreasing » (and for noise, increasing m) is that there
was an effective reintroduction of IM via the MD-TWTs.
That is, it is possible that when the ITFS analysis tile was
large (when n < 128 and/or m = 80), observers were able to
“re-glimpse” the stimulus within each tile internally to
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further separate TD-TWTs from MD-TWTs, thereby isolat-
ing potentially confusable bits of the masker that could
cause IM. Under the framework of ITFS, this would amount
to a failure to eliminate IM via ITFS. Note that this putative
re-glimpsing process assumes that internal resolution was
more fine-grained than acoustic resolution in these condi-
tions. This interpretation did not receive strong support.
While the magnitude of the increase in thresholds with
decreasing n was greater for speech maskers than it was for
noise maskers (cf. Fig. 1), consistent with the prediction of a
reintroduction of IM via the MD-TWTs (i.e., MD-TWTs
from a noise masker presumably would cause little IM
because they are perceptually dissimilar to the TD-TWTs,
e.g., Kidd et al., 2005), this result is not compelling, in part,
because the proportion of all single word identification
errors that were explicit confusions between the target word
and a concurrent masker word never rose significantly above
chance in any speech masker condition tested (p > 0.05; see
Brungart, 2001; Brungart et al., 2006; Ihlefeld and Shinn-
Cunningham, 2008; Iyer et al., 2010; Kidd et al., 2016, for
the logic behind this analysis). Based on this result, our con-
clusion was that the increase in thresholds with reduced
ITFS processing resolution was not attributable to a reintro-
duction of IM. It should be noted, however, that explicit
masker confusions are neither necessary nor sufficient to
indicate the presence of IM in a speech mixture (e.g., Kidd
et al., 2016), and therefore we cannot rule out the possibility
that a reintroduction of IM via MD-TWTs was a factor in
the present study.

2. Explanation in terms of a loss of target information

Another, more straightforward, explanation is that as
the ITFS processing resolution was reduced relative to the
standard ITFS processing approach, there was a decrease in
the amount of target energy that was retained in the
glimpsed stimulus following ITFS, yielding an increase in
thresholds in turn. Under the framework of ITFS, this would
amount to an increase in EM. Acoustic analyses support this
interpretation. Figure 3 shows how two complementary
acoustic metrics varied as a function of T/M in each condi-
tion tested. The top row shows the proportion of target
energy retained in the glimpsed stimulus after ITES (the
proportion of target energy in the glimpsed stimulus relative
to the unprocessed target; cf. Brungart er al., 2009; Kidd
et al., 2016; Kidd et al., 2019), whereas the bottom row
shows the proportion of target energy discarded with the
LTs (the proportion of target energy discarded with the LTs
relative to the unprocessed target?). The lines are functions
fit to estimates of these two metrics,3 calculated using
50 randomly generated exemplars at 9 different T/Ms
(—35-5dB in 5dB steps). The symbols on each line are
located at the behavioral group mean T/M at threshold for
the condition corresponding to that line. In the top row, the
point at which each line crosses the thick, dashed horizontal
line represents “threshold effective T/M” (Brungart et al.,
2009, p. 4015), defined in this study as the T/M at which the
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FIG. 3. Estimated proportion of target energy retained (top row) and target
energy discarded with the LTs (bottom row) after ITFS as a function of T/
M in each condition tested. The ordinate gives the ratio of energy retained/
discarded to the energy of the unprocessed target. Lines show best fitting
functions to the data, fit separately for each condition. The symbols on each
line are located at the behavioral group mean T/M at threshold for the con-
dition corresponding to that line (cf. Table I). The thick, dashed horizontal
line in the top two panels marks the proportion of target energy that was
retained at the group mean behavioral threshold in the reference condition.

same proportion of target energy was retained in the
glimpsed stimulus in each condition as was retained at
threshold in the reference condition.*

Consider first the proportion of target energy retained
functions shown in the top row of Fig. 3. For both speech
and noise maskers, the standard ITFS processing approach
yielded the greatest proportion of target energy retained
across T/Ms. It also yielded the lowest behavioral thresh-
olds. Relative to this energetic baseline, decreasing n—and
increasing m at a given n—resulted in a decrease in the
amount of target energy retained, much like how the same
manipulations often resulted in an increase in behavioral
thresholds. For example, for speech maskers, threshold
effective T/M increased from —29.6dB for n =128 (solid
lines) to —22.0dB for n =32 (dashed lines) and to —17.7dB
for n =8 (dotted lines) (averaged across m), whereas behav-
ioral thresholds increased from —30.0dB to —18.5dB and
to -10.2dB for the same manipulations of n (also averaged
across m). In other words, as n decreased relative to the stan-
dard ITFS processing approach, increasing amounts of tar-
get energy were discarded during processing, and this likely
contributed to the increase in thresholds evident in the
behavioral data. Inspection of these functions makes clear,
however, that differences in energy retained across condi-
tions did not fully explain differences in thresholds. For
example, for n < 128 speech masker conditions, thresholds
were generally poorer than would be predicted by the
“constancy hypothesis” (e.g., Kidd et al., 2019, p. 454),
which predicts that threshold-level speech identification
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performance requires a fixed proportion of target energy
retained in the glimpsed stimulus (i.e., thresholds across con-
ditions would fall along the threshold effective T/M line). By
contrast, thresholds for noise maskers were much closer to
what would be predicted by the constancy hypothesis.

There are many ways in which the speech and noise
maskers differed that may have influenced the distribution of
glimpses across the T-F plane (e.g., the noise maskers were
primarily temporally, rather than spectro-temporally, modu-
lated), and this too likely played a role in performance (e.g.,
Buss et al., 2009; Wang and Humes, 2010; Shafiro et al.,
2011; Gibbs and Fogerty, 2018; Kidd et al., 2019). For exam-
ple, with respect to the thresholds for speech maskers, it is
possible that decreasing n negatively influenced thresholds
by degrading temporal aspects of the stimulus that are crucial
for intelligibility (e.g., the variation in temporal envelopes
within frequency channels; Shannon et al., 1995). More gen-
erally, it is possible that as n decreased, increasingly large
“chunks” of speech information were discarded during ITFS,
making it more difficult for observers to perceptually string
together individual glimpses across time.

3. Importance of LTs

The discussion above indicates that differences in energy
retained across conditions were an important factor in perfor-
mance. Under the framework of ITES, differences in energy
retained suggest differences in EM. Viewed in this way, LTs
are important because they contain target information that is
available when the ITFS processing resolution is sufficiently
fine grained to recover that information from the target
+ masker mixture but that is lost when resolution is more
coarse. As such, the LTs functions, shown in the bottom row
of Fig. 3, indicate the degree to which the standard ITFS
processing approach underestimates EM for a given stimulus
configuration, assuming a perfect match between acoustic
and internal resolution for each other n, m pair. By way of
example, consider the function for the n =32, m =20 speech
masker condition (the dashed line with a black square in the
bottom left panel of Fig. 3) and its associated behavioral
threshold. If we assume a hypothetical observer whose inter-
nal T-F resolution perfectly matches the acoustic T-F resolu-
tion that was used in this condition, this function/threshold
suggests that stimuli generated with the standard ITFS proc-
essing approach contained, on average, roughly 30% more
target energy than would be available to this observer inter-
nally in an unprocessed SOS mixture. That is, the standard
ITES processing approach would underestimate EM by
roughly 30% for this observer, thereby potentially inflating
estimates of IM in turn. To the extent that the standard ITFS
processing approach exceeds the resolution limits of the
human auditory system, it is possible, then, that thresholds
for stimuli generated with this approach reflect the use of
information contained in the LTs, and therefore these tiles
may directly influence estimates of IM.

It is important to keep in mind that LTs are a hypotheti-
cal variable, and we do not, at present, have corresponding
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empirical work to support our speculation about the possible
role/importance of the energy contained in the LTs.
However, Fig. 4 shows a significant, positive correlation
between the proportion of target energy discarded with the
LTs and observer thresholds across conditions (speech
maskers, R? = 0.83, p <0.01; noise maskers, R? = 0.71,
p <0.01), implying that, when LTs were retained (i.e., in
the reference condition), the information contained in those
tiles contributed to intelligibility. This has implications for
characterizing susceptibility to IM in observers with sensori-
neural hearing loss, where a mismatch between acoustic and
internal resolution would likely be an even greater issue due
to the poorer frequency selectivity typically associated with
this observer group (cf. Kidd et al., 2019). As a rough esti-
mate of the possible magnitude of this effect, a reduction by
one-half of the number of available frequency bands (e.g.,
from 32 to 16 bands; cf. Fig. 1 and Table I, for m =20 or
m=80) would elevate glimpsed thresholds by as much as
4-5dB, leading to an overestimate of IM by that amount.

C. Implications for estimates of IM

It may be concluded from scrutiny of the threshold data
that estimates of IM obtained via ITFS strongly depend on
the ITFS processing resolution. That is, under the frame-
work of ITFS, when thresholds for glimpsed stimuli vary—
as they did in the present study with n (and in some cases
m)—so too do estimates of IM. Although we did not mea-
sure thresholds for unprocessed stimuli and therefore cannot
estimate IM directly, we can get a sense of how the ITFS
processing resolution influences estimates of IM by calculat-
ing IM at the group level using thresholds for unprocessed
stimuli obtained by Kidd ez al. (2016) and Kidd et al. (2019)

O Speech
© 74 Noise
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FIG. 4. Behavioral T/Ms at threshold for each observer in each condition
(other than the reference condition; cf. Table I) plotted against the proportion
of target energy that was discarded with the LTs at threshold in the corre-
sponding condition. Speech masker conditions are shown as circles and noise
masker conditions are shown as triangles. The proportion of target energy
discarded values was obtained on a per-observer basis using the functions
shown in the bottom row of Fig. 3. Lines are linear least-squares fits to the
data for speech maskers (solid line) and noise maskers (dashed line).
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using similar methods as a reference. For a given masker
type, this amounts to taking the difference between the
group mean T/M at threshold for unprocessed stimuli from
Kidd et al. (2016) and Kidd et al. (2019) (grey asterisks in
Fig. 1) and the group mean threshold found in each condi-
tion tested here. For speech maskers, this approach yields
29.6dB, 18.1dB, and 9.8 dB of IM for n= 128, n =32, and
n =38, respectively (averaged across m, in keeping with the
behavioral results). Clearly, estimates of IM are highly
dependent on ITFS processing resolution.

The fact that estimates of IM depend on ITFS process-
ing resolution suggests that accurately estimating IM via
ITFES depends on the extent to which acoustic and internal
T-F resolutions match. One clue as to how such a match
might be achieved comes from the noise masker data. For
noise maskers, we found that the standard ITES processing
approach yielded glimpsed thresholds that were, on average,
4 dB lower than thresholds for identical unprocessed stimuli
obtained by Kidd et al. (2019), suggesting that, had we mea-
sured thresholds for unprocessed stimuli here, we would
have found roughly 4 dB of IM in this condition. Assuming
a perfect match between acoustic and internal resolution,
however, no IM should be present at all for a masker that
(1) produced only EM and (2) was independent across tiles.
In fact, the only outcome of ITFS would be a decrease in
intelligibility due to a loss of target information, even if that
information contributed minimally to overall intelligibility.
Thus, positive IM for noise maskers suggests that either
these stimuli violated one or both of these assumptions, or
there was a mismatch between acoustic and internal resolu-
tion when n =128, m =20. With respect to (1), there is cer-
tainly evidence that Gaussian noise maskers, especially
when modulated by speech envelopes, exert a masking
effect not wholly consistent with the narrow definition of
EM adopted here (e.g., Stone et al., 2012; Stone and Moore,
2014; Schubotz et al., 2016; see Culling and Stone, 2017,
for a review), and thus the application of ITFS may reduce
masking effects not typically associated with IM. With
respect to (2), it is possible that adjacent tiles interact such
that masker energy from one tile “spills over” into another,
violating the criterion of independence. By this view, one
way ITFS may improve performance in a speech-in-noise
mixture is by reducing forward and/or backward masking of
target glimpses that are temporally adjacent to masker-
dominated tiles (e.g., Brungart et al., 2006).

Irrespective of the extent to which one or both of these
assumptions was violated, it is possible (indeed likely) that
the standard ITFS processing approach exceeds the resolu-
tion limits of the human auditory system. Whereas positive
IM for noise maskers suggests acoustic resolution that is too
fine grained, negative IM suggests the opposite. For exam-
ple, in some of the noise masker conditions tested (n =32,
m=28; n=8, m=20; and n=28, m=80), thresholds were
poorer than the thresholds for unprocessed stimuli obtained
by Kidd er al. (2019), suggesting negative IM in these con-
ditions. Negative IM for noise is consistent with the expec-
tation of an EM-dominated condition in which acoustic T-F
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resolution is poorer than internal resolution, resulting in a
loss of target energy during ITFS. This suggests that the
point at which ITFS yields no IM for noise, either positive
or negative, can be taken as a crude estimate of internal T-F
resolution, or at least where the best estimates of EM are
obtained within the constraints of the method. Thresholds in
the n =32, m =20 and n =128, m = 80 noise masker condi-
tions were both very close (roughly 1dB) to the Kidd et al.
(2019) thresholds for unprocessed noise-masked stimuli (cf.
Table I and Fig. 1), which suggests that we would have
obtained roughly 0dB of IM in these conditions had we
measured the necessary thresholds. This finding, taken
together with the fact that roughly 30 bandpass filters are
often used to model auditory frequency selectivity across
the speech frequency range (e.g., Zwicker, 1961; Zwicker
and Scharf, 1965; Moore and Glasberg, 1983; Glasberg and
Moore, 1990), suggests that n =32, m =20 may be the most
reasonable choice of parameters for researchers seeking to
estimate IM via ITFS. One caveat here is that, in the present
study, n and bandwidth covaried. That is, as n decreased,
bandwidth increased [cf. Eq. (1)]. When n = 128, the filters
were typical Gammatone filters; when n = 32, the filters had
bandwidths that were wider than typical Gammatone filters.
Thus, the frequency selectivity provided by n =32, m =20
in the present study was not wholly analogous to common
models of the ear.

Another factor to consider is that removing the masker
dominated tiles in the noise masker conditions also reduced
phonemic restoration effects. That is, when the noise was
present in the unprocessed stimulus used by Kidd et al.
(2019), speech intelligibility could have been enhanced
because the noise contributed to phoneme recognition via
the well-known mechanism of perceptual restoration (e.g.,
Warren, 1970). The magnitude of this effect is difficult to
ascertain, however, in the current conditions because we
used ITES to remove the preponderance of the noise masker
in every case. For our data, at least, speech intelligibility
enhancement due to perceptual restoration was likely a fac-
tor only in the comparisons to the full unprocessed noise
masker case used in Kidd et al. (2019). However, a study
specifically intended to examine this potential effect under
the full set of (un)processed conditions appears to be needed
to adequately address this issue.

D. Implications for speech in “noise” prediction

IM poses a particularly difficult challenge for the pre-
diction of speech intelligibility under masking. The classic
approaches based on Al theory (cf. French and Steinberg,
1947; Kryter, 1962a,b), such as the SII (ANSI, 1997) or
modified versions of the SII seeking to account for modula-
tion (e.g., speech transmission index, STI; Steeneken and
Houtgast, 1980), scale the contributions of the individual
units (frequency bands, typically) between zero and some
proportion so that the overall intelligibility maximum is one.
This means that each unit contributes zero or more toward
overall performance. IM inherently means that some units
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make a negative contribution to intelligibility, and this
becomes particularly obvious when one considers the fact
that the removal of masker-dominated tiles during ITFS
often improves intelligibility under high-IM conditions, con-
trary to the predictions of Al-based models. Thus, the prob-
lem for such models is how to take IM into account when
making predictions. Currently, the most feasible approach
would appear to involve incorporating negative weights for
certain T-F units in arriving at the overall prediction. This
work, which relies on estimates of IM obtained using ITFS,
is ongoing.

Finally, it should be reiterated that the EM-IM distinc-
tion is complicated, and there are inherent limitations to an
ITES-based analysis of SOS masking performance. For
example, the framework of ITFS assumes that speech intelli-
gibility under masking is reasonably well described by a
highly simplified two-stage sequence of steps consisting of
(1) detection of target-dominated T-F units in a mixture fol-
lowed by (2) segregation of these units from the interfering
background (cf. the Introduction and Brungart et al., 2006).
Thus, the informational substrate of intelligibility is
assumed to be the individual target-dominated units.
However, speech information (e.g., at the phonemic, word,
and sentence level) is distributed widely across both time
and frequency, and the extent to which the resolution of
ITFS matches the “resolution of speech intelligibility” (i.e.,
the T-F windows over which human observers integrate
speech information) may be an important factor to consider,
one that is completely ignored here. For example, Saberi
and Perrott (1999) showed that intelligibility for sentences
remained near-ceiling when the sentences were time
reversed in 50-ms segments, suggesting a dissociation
between speech information at the level of a T-F unit and
some larger temporal integration window. The fact that
intelligibility is similarly resilient to degradations in the fre-
quency domain (e.g., noise vocoding; Shannon et al., 1995)
further supports such a dissociation.

V. SUMMARY AND CONCLUSIONS

Speech identification thresholds were measured for both
speech and noise maskers after ITFS. The ITES processing
resolution was degraded systematically across conditions by
varying the parameters n (number of frequency analysis
bands) and m (duration of the time windows in ms) relative
to ‘“the standard ITFS processing approach” (n=128,
m =20). The findings can be summarized as follows:

(1) The number of frequency analysis bands applied during
ITFS had a highly significant negative influence on
thresholds for glimpsed speech. For all n < 128, thresh-
olds were poorer than thresholds for stimuli generated
using the standard ITFS processing approach, regardless
of m or masker type. The magnitude of the effect was
substantial, resulting in an increase in thresholds of
roughly 20 dB in the most extreme case (n = 8§ versus n
= 128 for speech maskers, averaged across m). A loss of
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viable target energy appeared to be the primary factor
responsible for this effect.

(2) The duration of the time windows applied during ITFS
had a relatively minor influence on thresholds. An
increase in m from 20 to 80 ms at a given n yielded sig-
nificantly higher thresholds for noise maskers only.
However, the trends in the data, though slight, revealed
a systematic negative influence of this parameter on
thresholds for both speech and noise maskers. As with
changes in n, a loss of target energy likely was a factor
in this performance decrement.

(3) The extent to which ITFS processing resolution matches
the resolution limits of the human auditory system may,
in theory, affect thresholds for glimpsed stimuli and, in
turn, estimates of IM obtained via ITFS. This could be
due to a variety of factors, including usable target infor-
mation that is lost when larger T-F tiles are discarded
during ITFS and usable target energy that is retained
when it normally would be masked.

(4) In support of (3), we observed a slight decrease in
thresholds for stimuli generated using the standard ITFS
processing approach relative to thresholds for identical
unprocessed stimuli measured in a previous study (Kidd
et al., 2019) even in low-IM conditions, suggesting that
the standard ITFS processing approach, with its fine T-F
resolution, may not be a sufficient control for EM in
speech masking experiments. That is, the standard ITFS
processing approach may yield spurious estimates of IM
by failing to fully capture the effects of EM at baseline.
Our results suggest that n = 32, m = 20 may yield more
accurate estimates of IM due to a potentially closer cor-
respondence with auditory frequency selectivity.

(5) The presence and degree of IM—especially in SOS
masking conditions—suggests that models predicting
masked speech intelligibility should be modified to
include negative weights to account for conditions high
in IM. Estimates of IM obtained via ITFS likely will
make an important contribution to this project.
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used here (e.g., 50% temporal overlap of contiguous tiles within a fre-
quency band), this is not a perfect approach and thus these estimates
should, again, be considered rough estimates. Nonetheless, these func-
tions capture the essence of the pattern of energy discarded with the LTs
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