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At high frequencies, interaural time differences (ITDs) are conveyed by the sound envelope.
Sensitivity to envelope ITDs depends crucially on the envelope shape. Reverberation degrades the
envelope shape, reducing the modulation depth of the envelope and the slope of its flanks.
Reverberation also reduces the envelope interaural coherence (i.e., the similarity of the envelopes
at two ears). The current study investigates the extent to which these changes affect sensitivity to
envelope ITDs. The first experiment measured ITD discrimination thresholds at low and high frequencies in a simulated room. The stimulus was either a low-frequency narrowband noise or the
same noise transposed to a higher frequency. The results suggest that the effect of reverberation on
ITD thresholds was multiplicative. Given that the threshold without reverberation was larger for the
transposed than for the low-frequency stimulus, this meant that, in absolute terms, the thresholds
for the transposed stimulus showed a much greater increase due to reverberation than those for the
low-frequency stimulus. Three further experiments indicated that the effect of reverberation on the
envelope ITD thresholds was due to the combined effect of the reduction in the envelope modulation depth and slopes, as well as the decrease in the envelope interaural coherence.
C 2013 Acoustical Society of America. [http://dx.doi.org/10.1121/1.4793270]
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I. INTRODUCTION

At low frequencies, interaural time differences (ITDs)
provide the dominant cue for horizontal sound-source localization in humans (Wightman and Kistler, 1992; Macpherson
and Middlebrooks, 2002). Low-frequency ITDs are conveyed
mainly through phase-locked neural firing to the temporal
fine structure (TFS) of the sound waveform. Phase locking is
lost at high frequencies, so ITDs can only be conveyed
through the sound’s time-varying amplitude or temporal envelope. Perceptual sensitivity to envelope ITDs has been
shown to depend crucially on the envelope shape. Generally,
discrimination thresholds for envelope ITDs tend to be considerably higher than for fine-structure ITDs (Henning, 1974;
Nuetzel and Hafter, 1981). However, envelope ITD thresholds have been shown to decrease as envelopes become
sharper and more highly modulated (Bernstein and Trahiotis,
2009; Klein-Hennig et al., 2011; Laback et al., 2011). For
instance, “transposed” tones (van de Par and Kohlrausch,
1997), which are high-frequency sounds with envelopes
designed to mimic the TFS information in low-frequency
sounds, have been shown to yield similar, or even lower, ITD
thresholds as low-frequency tones (Bernstein and Trahiotis,
2002). The degree of envelope modulation has also been
shown to influence the perceptual weighting of envelope
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ITDs in simulations of free-field listening (Macpherson and
Middlebrooks, 2002; Wiggins and Seeber, 2011). The topic
of envelope ITDs has particular significance for bilateral
cochlear implants (CIs) because most current devices only
restore envelope ITDs and interaural level differences (ILDs;
Wilson and Dorman, 2008).
Ruggles et al. (2012) have suggested that envelope
ITDs might be more useful for every-day listening than laboratory studies using anechoic conditions would imply. They
present an analysis suggesting that reverberation reduces the
interaural coherence (i.e., similarity across the two ears) of
high-frequency envelopes to lesser degree than that of lowfrequency TFS. At low frequencies, reduction in the TFS
interaural coherence has been shown to reduce sensitivity to
fine-structure ITDs (Jeffress et al., 1962; Zimmer and
Macaluso, 2005; Kolarik and Culling, 2009). By analogy,
reduction in the envelope interaural coherence should reduce
envelope ITD sensitivity at high frequencies. While reverberation has a lesser effect on the envelope than the finestructure interaural coherence, Rakerd and Hartmann (2010)
and Devore and Delgutte (2010) found that the effect of
reverberation on the perception and neural representation of
envelope ITDs is more detrimental compared to finestructure ITDs. Using narrowband noises recorded in real
rooms, Rakerd and Hartmann found a greater increase in
ITD discrimination threshold and decrease in the perceptual
weighting of ITDs with increasing amount of reverberation
at high frequencies than at low frequencies. Devore and
Delgutte measured the effect of reverberation on the directional sensitivity of single neurons in the inferior colliculus
(IC) and found a more detrimental effect on high-frequency
neurons sensitive to envelope ITDs than on low-frequency
neurons sensitive to fine-structure ITDs. The reason why
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II. EXPERIMENT 1: EFFECT OF REVERBERATION ON
ITD THRESHOLDS AT HIGH AND LOW FREQUENCIES

The first experiment measured ITD discrimination
thresholds for a low-frequency narrowband noise with simulated reverberation and for the same noise transposed to a
higher frequency (4 kHz). In the transposed stimulus, the
ITD information was only present in the stimulus envelope.
The low-frequency stimulus was centered at 256 Hz because
this frequency has been shown to yield relatively low ITD
thresholds in both the fine-structure and envelope domains
(Bernstein and Trahiotis, 2002).
A. Methods
1. Participants

Six participants (4 female) aged between 23 and 29 yr
took part in Experiment 1. None of the participants had any
history of hearing disorders, and all had absolute thresholds
of 20 dB HL or lower at audiometric frequencies. All but
one participant had previous experience in ITD discrimination and other psychoacoustic tasks. One participant (s04)
was author J.J.M.M., the others were paid at an hourly rate.
2. Procedure

ITD discrimination thresholds were obtained using an
adaptive three-down, one-up procedure, tracking the ITD
that yields 79.4% correct responses (Levitt, 1971). The
tracking algorithm started with an initial ITD of 1000 ls and
used multiplicative steps. The step size was a factor of 1.584
up to the first two reversals in ITD and was decreasing to
1.122 thereafter. Threshold estimates were determined by
averaging over 12 reversals once the smaller step size had
been reached. Three threshold estimates were obtained for
each condition.
A two-interval, two-alternative forced-choice task was
used. In the first interval, the stimulus was lateralized with
half the ITD to the left or right side (equal probability) and
to the opposite side in the second interval. Participants were
J. Acoust. Soc. Am., Vol. 133, No. 4, April 2013

asked to report whether the stimulus moved from left to right
or right to left.
3. Stimuli

The stimuli were generated digitally with a sampling rate
of 44.1 kHz using MATLAB (The Mathworks, Natick, MA),
converted to analogue with a 24-bit converter built into a custom headphone amplifier and presented via headphones
(Sennheiser HD 600, Hannover, Germany) to the participant,
who was seated in a double-walled, sound-attenuating room.
Reflections in an empty, rectangular room were simulated using a custom-made software based on the sourceimage method (Seeber et al., 2010). The room was 4.7 m
wide, 6.8 m long, and 2.5 m high. The absorption coefficients
of the walls, floor, and ceiling were chosen to simulate an
unfurnished, carpeted room with gypsum-cardboard walls.
The reverberation radius of the room was 0.98 m, and the
reverberation time was 0.27 s. The source was located toward one of the corners of the room, 1 m away from the
shorter wall, 0.7 m away from the longer wall, and at a
height of 1.4 m. The source was directed toward the receiver,
and the line connecting the source and receiver was oriented
at an angle of 68 from the shorter wall. The receiver always
faced the source to minimize ITD and ILD cues in the direct
sound and was set at the same elevation as the source to
avoid changes in elevation-related pinna cues with increasing distance from the source. Five different source-receiver
distances ranging from 0.5 to 2.5 m in 0.5-m steps (0.5, 1,
1.5, 2, and 2.5 m) were used. The binaural room impulse
response (BRIR) for each distance was calculated using the
head-related transfer functions (HRTFs) of participant “Bru”
from the AUDIS project (Blauert et al., 1998).
The BRIRs were separated into the part containing the
direct sound (i.e., the sound arriving at the receiver directly
from the source with no reflections) and the part containing
the reverberation. A Gaussian noise with a duration of 1 s
was generated and filtered in the frequency domain around a
center frequency of 256 Hz and with a bandwidth of 105 Hz
(corresponding to two equivalent rectangular bandwidths, or
ERBs; Glasberg and Moore, 1990). The direct sound was calculated by convolving this noise with the direct-sound part of
the BRIRs, which simulates the attenuation and delay of the
sound between the source and receiver, as well as the effect
of the HRTFs. Likewise, the reflections were calculated by
convolving the noise with the reverberant part of the BRIRs.
The ITDs to be discriminated were applied only to the direct
sound. The experiment included a “non-reverberant” condition, where only the direct sound was used. In all other conditions, the reflections were added to the direct sound with no
additional ITD. This allowed us to test sensitivity to ITDs in
the direct sound only while keeping the reflections constant.
For the low-frequency conditions, a 700-ms segment
was extracted from the middle of the BRIR-convolved
noises to allow time for the reverberation to build up. The
stimuli to the left- and the right-ear channels were gated on
and off simultaneously using 50-ms Gaussian ramps, so that
participants had to base their judgments on the ongoing
rather than any onset or offset, ITDs.
Monaghan et al.: Reverberation and interaural time differences
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envelope ITDs are more susceptible to reverberation than
fine-structure ITDs may be because reverberation not only
reduces interaural coherence but also degrades the envelope
shape, reducing the envelope modulation depth and the slope
of the envelope flanks (Houtgast and Steeneken, 1973).
The aim of the current study was to disentangle the effects
of reverberation-induced reduction in interaural coherence
and degradation in envelope shape on sensitivity to envelope
ITDs. The first experiment compared the effect of reverberation on ITD discrimination performance at low and high
frequencies. To avoid confounding the acoustic effects of
reverberation with the perceptual effects, transposition was
used to present the same amount of reverberation in both frequency regions. Three subsequent experiments then assessed
the effects of reduction in interaural coherence and degradation in envelope shape separately using synthetic highfrequency stimuli. The stimuli were designed in such a way as
to allow each envelope property to be varied independently
and a parametric relation with ITD threshold to be established.

For the transposed conditions, the BRIR-convolved
noises were transposed to 4 kHz using the same procedure as
used by Bernstein and Trahiotis (2002) for transposing pure
tones. In particular, the stimulus was half-wave rectified and
low-pass filtered below 2 kHz to restrict the bandwidth
before multiplying with a 4-kHz diotic carrier tone. The
transposed stimuli were gated in the same way as the lowfrequency stimuli. They were presented with a continuous
interaurally uncorrelated noise intended to mask audible distortion products. The continuous noise was equally exciting
and low-pass filtered below 2 kHz in the frequency domain,
and was presented at an overall level of 50 dB SPL. Both the
low-frequency and transposed stimuli were presented at a
level of 60 dB SPL.

Figure 1 shows that the ITD thresholds increased with
increasing source-receiver distance. This was true for both the
low-frequency (filled symbols and solid lines) and transposed
conditions (open symbols and dashed lines) and for all participants (upper panels; the lower panel shows the average).
Participant s05 was excluded from further analysis because
thresholds could not be obtained for all conditions for this participant. The thresholds for the transposed conditions were
generally higher than those for the low-frequency conditions,
and they also increased more strongly with increasing sourcereceiver distance: For the transposed conditions, the average
thresholds increased from 100 ls without reverberation, to
1136 ls at largest source-receiver distance of 2.5 m; for the
low-frequency conditions, the average thresholds increased
from 61 to only 631 ls. The statistical significance of these
results was tested with a two-way repeated-measures (RM)
ANOVA with factors stimulus condition (low-frequency,
transposed) and source-receiver distance (0.5, 1, 1.5, 2 2.5 m).
The analysis revealed significant main effects of stimulus condition [F(1,4) ¼ 64.3, p ¼ 0.001] and distance [F(5,20) ¼ 40.3,
p < 0.001] as well as a significant interaction between these
two factors [F(5,20) ¼ 5.49, p ¼ 0.002].
To assess the relative effect of reverberation on the ITD
thresholds, we normalized the thresholds for each stimulus
condition to the thresholds for the non-reverberant condition.
Figure 3(a) shows that normalization virtually abolished the
differences between the two stimulus conditions. This was
confirmed with an RM ANOVA of the normalized thresholds, which still showed a significant main effect of distance
[F(4,20) ¼ 21.8, p < 0.001] but a non-significant main effect
of stimulus condition [F(1,4) ¼ 1.71, p ¼ 0.261] and a nonsignificant interaction between these two factors [F(5,20)
¼ 0.39, p ¼ 0.852]. This indicates that the effect of reverberation on the ITD thresholds was multiplicative in the sense
that the reverberation-induced threshold detriment was proportional to the non-reverberant threshold.
To determine the extent to which reduction in interaural
coherence accounted for the detrimental effect of reverberation on the ITD thresholds, we calculated the interaural
coherence, k, of each stimulus as the maximum of the normalized cross-correlation (qLR) between the signals at the
two ears, i.e.,
2290
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FIG. 1. Individual (top panels) and average (bottom panel) ITD discrimination thresholds from Experiment 1 as a function of the source-receiver distance; the thresholds for the non-reverberant conditions are shown on the
left of the panels. The filled symbols and solid lines show the results for the
low-frequency conditions and the open symbols and dashed lines show the
results for the transposed conditions. In the top panels, the symbols show the
three individual threshold estimates acquired for each condition and the
lines connect their means; in the bottom panel, the symbols and lines both
show the average thresholds. The error bars represent the standard error of
the mean (SE).
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B. Results

For the low-frequency conditions, SL and SR are the pressure
waveforms of the signals arriving at the left and right ears,
respectively, and for the transposed conditions, SL and SR are
the envelopes of the left- and right-ear signals. The envelopes
were extracted by band pass filtering the transposed stimuli
with an ERB-wide filter centered at 4 kHz, half-wave rectifying, and low-pass filtering below 2 kHz. Figure 2 shows the
data of Fig. 1 re-plotted as a function of interaural coherence.
The figure indicates that as coherence decreased as a result of
increasing reverberation, the ITD thresholds increased approximately linearly in both the low-frequency and transposed conditions. Therefore using a maximum likelihood procedure we
fitted the data with a linear model of the form
thresholdi ¼ a þ b1  coherence
þ ðb2 þ c  coherenceÞ  trans þ ai
(2)

where trans ¼ 0 for the low-frequency and trans ¼ 1 for the
transposed conditions. The fixed effects of coherence, b1,
and of stimulus condition, b2, were included with an interaction term, c, and a fixed intercept, a. Inter-individual differences were modeled by including a random intercept ai
where i indexes participants with a mean of zero and a standard deviation that was estimated from the data. The last term
in Eq. (2), N(0,re), is the measurement error, which was
modeled as a normal distribution with zero mean and standard deviation re. The solid and dashed lines in Fig. 2 show
the model fit for the low-frequency and transposed conditions, respectively.
Despite the fact that the envelope coherence for the
transposed stimuli varied over a much smaller range (0.89-1)
than the waveform coherence for the low-frequency stimuli
(0.66-1), the threshold detriment was much greater for the
transposed than for the low-frequency conditions. The maximum likelihood fit confirmed this result; it showed that the
effect of coherence was about six times greater for the transposed conditions than for the low-frequency conditions
(7240 versus 1160 ls per unit increase in interaural coherence). Comparison of the model’s negative log likelihood
with that of the appropriate “null” model (i.e., no dependence on coherence) indicated that the explanatory power of
the model was significantly increased by including the effect
of coherence only when the effect of stimulus condition, b2,
was also included [v2(1) ¼ 17.4, p < 0.001]. On its own,
coherence was not a good predictor of performance [v2(1)
¼ 1.12, p ¼ 0.291] because the effect of coherence differed
significantly between stimulus conditions [v2(1) ¼ 27.8,
p < 0.001]. The full model accounted for 46% of the variance in the data for the low-frequency conditions, and for
64% in the transposed conditions.
The difference in the effect of coherence between the
low-frequency and transposed conditions remained significant [v2(1) ¼ 13.4, p < 0.001] even when the thresholds were
normalized to the thresholds for the non-reverberant condition [coherence ¼ 1.0; Fig. 3(b)]. This is in contrast to
the interaction with distance that disappeared after normalization. The effect was about four times greater for the
J. Acoust. Soc. Am., Vol. 133, No. 4, April 2013

FIG. 2. Individual (top panels) and average (bottom panel) ITD discrimination thresholds from Experiment 1 as in Fig. 1 but re-plotted as a function of
the interaural coherence of the stimuli at each source-receiver distance. The
data are plotted in a similar way as in Fig. 1, but now the lines show the
maximum likelihood linear fits (see text).

transposed conditions than for the low-frequency conditions
(82.3 versus 21.7 change in normalized threshold per
unit increase in coherence). The explanatory power of the
full model was similar for the normalized as for the unnormalized thresholds, accounting for 50% of the variance in
the data for the low-frequency conditions and 59% for the
transposed conditions.
Monaghan et al.: Reverberation and interaural time differences
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FIG. 3. (a) Average ITD discrimination
thresholds from Experiment 1 normalized
with respect to threshold for the nonreverberant conditions and plotted in the
same way as in Fig. 1. (b) Average ITD discrimination thresholds from Experiment 1
normalized with respect to threshold for the
non-reverberant conditions and plotted in
the same way as in Fig. 2.

The results of Experiment 1 suggest that the effect of
reverberation on ITD discrimination performance is roughly
multiplicative; the ITD discrimination thresholds for both the
low-frequency and transposed conditions increased by factor
of about 12 between the non-reverberant condition and the
largest source-receiver distance used (2.5 m, corresponding to
a direct-to-reverberant ratio of 11 dB). Because the nonreverberant threshold for the transposed stimuli was about
twice as large as that for the low-frequency stimuli, this
meant that the effect of reverberation on the transposed
thresholds was much greater in absolute terms than the effect
on the low-frequency thresholds. This result is consistent
with the psychophysical data of Rakerd and Hartmann (2010)
and the electrophysiological data of Devore and Delgutte
(2010) that also show that reverberation has a greater effect
on ITD sensitivity at high than at low frequencies.
The ITD thresholds were strongly correlated with interaural coherence for both the low-frequency and transposed
conditions. However, the size of the effect of coherence on
the ITD thresholds was much greater for the transposed than
for the low-frequency conditions even when the normalized
thresholds were considered. The envelope coherence for the
transposed stimuli varied over a much smaller range than
the waveform coherence for the low-frequency stimuli. This
is consistent with the finding by Ruggles et al. (2012) and
results from the fact that the envelope is positive, which
generates a positive baseline coherence. van de Par and
Kohlrausch (1998), showed that, for white noise with a
waveform interaural coherence of zero, the envelope coherence never falls below 0.785. The fact that the size of the
effect of coherence on the transposed ITD thresholds was
nevertheless large may be because under reverberant conditions, such as those simulated here, envelope coherence covaries with other factors, namely, the slope of the envelope
flanks and the envelope modulation depth, which would also
be expected to influence ITD discrimination thresholds
(Bernstein and Trahiotis, 2009; Klein-Hennig et al., 2011).
Experiments 2–4 were designed to disentangle the effects of
these factors and establish the parametric relation between
each factor and envelope ITD discrimination performance.
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III. EXPERIMENTS 2–4: EFFECTS OF INTERAURAL
COHERENCE AND ENVELOPE SHAPE ON
ENVELOPE ITD THRESHOLDS

Experiments 2–4 aimed to investigate the parametric
relation between the envelope ITD discrimination threshold
and the three envelope properties that would be expected to
be most affected by reverberation, namely, interaural coherence, slope and modulation depth. As in the studies of
Bernstein and Trahiotis (2009), Klein-Hennig et al. (2011),
and Laback et al. (2011), the stimuli were designed in such a
way that would enable us to vary each factor as independently as possible. In particular, we used synthetic, pulsatile
stimuli, for which we could control the temporal positions of
the pulses to each ear as well as the pulse shape and peak-tobaseline ratio. A detailed description of the stimuli is given
in the following text.
A. General methods
1. Participants

Six female participants aged between 24 and 30 yr took
part in Experiments 2–4. As for Experiment 1, none of the
participants had any history of hearing disorders, and all participants had audiometric thresholds of 20 dB HL or lower.
All but two participants had previous experience in psychoacoustic tasks, but only one participant (s04) had also taken
part in Experiment 1. All participants but s04 (who was
author J.J.M.M.) were paid at an hourly rate.
2. Procedure

Experiments 2–4 measured ITD thresholds using the
same task and a similar three-down, one-up adaptive procedure as used in Experiment 1. Experiments 2–4 were conducted prior to Experiment 1 and used a less efficient linear,
rather than multiplicative, tracking procedure. Each track
started at an initial ITD of 500 ls, and the initial step size
was 200 ls. The step size was decreased to 100 and then
50 ls after the first and second reversals in ITD and was then
decreased further to 30, 20 and, finally, 10 ls after the fifth,
sixth, and seventh ITD reversals. As before, thresholds were
Monaghan et al.: Reverberation and interaural time differences
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C. Discussion

estimated by averaging over 12 further reversals with the
final step size, and three threshold estimates were obtained
for each condition. To avoid spending an inordinate amount
of time on the most difficult conditions, a track was halted
and recorded as “failed” if the ITD increased above 1000 ls
in four consecutive trials. Because the chance probability of
the ITD being increased was 0.5, the probability of erroneously marking a track as failed when the threshold was in
fact below 1000 ls was less than 0.0625 (0.54). Thresholds
from failed tracks were labeled “censored” as opposed to
“observed” thresholds from successful tracks. Censored
thresholds can be assumed to be above 1000 ls, but their
exact value remains unknown.
B. Experiment 2: Effect of envelope interaural
coherence

Experiment 1 showed that reverberation-induced reduction in interaural coherence had a much greater effect on the
discrimination thresholds for envelope than fine-structure
ITDs, but it remains unclear whether the effect was confounded by co-varying changes in envelope shape. The aim
of Experiment 2 was to isolate the effect of interaural coherence by using stimuli for which coherence could be changed
without concomitant changes in envelope shape.

FIG. 4. Schematic explaining the stimulus generation for Experiment 2.
Trains of unit impulses with independent random jitter at the left and right
ears [gray and black lines in (a)] were convolved with a raised-cosine pulse
(b); the resulting pulse train was then multiplied with a 4-kHz diotic carrier
tone (c). (d) shows a segment of the resulting stimulus before filtering to a 1
ERB-wide passband around 4 kHz.

1. Methods

J. Acoust. Soc. Am., Vol. 133, No. 4, April 2013

toward higher rates. This pattern is consistent with previous
results (Hafter and Dye, 1983; Bernstein and Trahiotis,
1994, 2002). The lower pulse rate of 20 pps was chosen as
the lowest rate that would still yield a reasonably low ITD
threshold (i.e., 300 ls), and the higher rate of 80 pps was
chosen to lie within the minimum of the threshold-rate
function.
The stimuli for both the preliminary and main experiments were filtered to an ERB-wide passband centered on
4 kHz using a linear-phase, 512th-order FIR filter. The filtering was performed to ensure that the vast majority of the
stimulus energy would be passed by a single auditory filter

FIG. 5. Average ITD thresholds as a function of pulse rate (preliminary
experiment to Experiment 2). The line and symbols show the average
observed thresholds, and the vertical bars show the proportion of failed
tracks. Error bars show the SE.
Monaghan et al.: Reverberation and interaural time differences
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The envelopes of the stimuli used in Experiment 2 were
created by convolving a raised-cosine pulse with a regular
train of unit impulses. The raised-cosine pulse had was 1 ms
in duration (between the 0 -V points). The unit impulses
determined the temporal positions of the pulses within the
envelope. The envelopes were then multiplied with a 4-kHz
diotic carrier tone (Fig. 4). ITDs were applied by delaying
the unit impulses by half the ITD in one ear and advancing
them by the same amount in the other ear before convolution
with the raised-cosine pulse. No ITD was applied to the first
and final impulses so that participants had to base their judgments on the ITDs in the ongoing envelope rather at than the
stimulus onset or offset. To reduce the envelope interaural
coherence, the temporal position of each but the first and last
unit impulses was jittered before convolution with the
raised-cosine pulse. The amount of jitter was drawn randomly from a uniform distribution, and the jittering was performed independently for each ear. The maximal amount of
jitter was limited to half the inter-impulse interval to minimize the degree to which successive pulses would overlap.
This also limited the lowest coherence that could be
achieved for any given pulse rate. To control for this effect,
we conducted the experiment with two different rates, a
higher rate of 80 pulse/s (pps) and a lower rate of 20 pps.
These rates were chosen based on a preliminary experiment,
which measured envelope ITD thresholds as a function of
pulse rate. The stimuli in the preliminary experiment were
identical to those in the main experiment, apart from the fact
that no jitter was applied in this case. The participants and
procedure were also the same. Figure 5 shows that the ITD
thresholds were lowest for rates from about 50–100 pps, and
increased steeply toward lower rates and more shallowly

and thus minimize the possibility of off-frequency listening
and across-frequency integration of ITDs. The band pass filtering lengthened the pulses somewhat as a result of filter
ringing. For the higher pulse rate (80 pps), this introduced
some degree of overlap between the nearest pulses. In the
most extreme cases, the peak-to-trough ratio between successive pulses was reduced to 25 dB (corresponding to a
modulation index of approximately 0.9). However, this
occurred only rarely, approximately once in each stimulus of
56 pulses for the lowest coherence value used (0.6; see following text).
The envelope interaural coherence was varied from 0.4
to 1.0 for the condition with the lower pulse rate and from
0.6 to 1.0 for the higher-rate condition. The interaural coherence was varied by changing the maximum amount of jitter.
To prevent participants from learning the characteristics of
individual stimuli, 100 unique envelopes were stored for
each desired coherence value, selected with a tolerance of
60.1 from a large number of previously generated envelopes. For the envelope selection procedure, coherence was
calculated using envelopes extracted from the stimuli after
band pass filtering with the ERB-wide filter at 4 kHz. The
process for extracting the envelopes was the same as in
Experiment 1 (i.e., half-wave rectification and low-pass filtering below 2 kHz).
The stimuli were presented at a sound pressure level
(SPL) of 60 dB. The stimulus duration (measured from the
onset of the first to the offset of the final pulse) was 700 ms.
To mask potentially audible distortion products, an uncorrelated, equally exciting noise was low-pass filtered 2.5 ERBs
below the 4-kHz carrier frequency (i.e., at 3003 Hz) and
played continuously at an overall level of 50 dB SPL.

Figure 6 shows the individual (upper panels) and average (lower panel) ITD thresholds as a function of envelope
interaural coherence. The thresholds for the 80-pps conditions (solid lines and closed symbols) were consistently
lower than those for the 20-pps conditions (dotted lines and
open symbols); for a coherence of 1.0 (no jitter), the average
threshold was 230 ls for 80 pps and 370 ls for 20 pps. For
both rates, the observed thresholds increased, and a greater
proportion of tracks failed, as the envelope coherence was
reduced from 1.0. Figure 6 suggests that the effect of coherence was similar for the two rates with the observed threshold functions being parallel up to the point where they reach
an asymptote. Note that the asymptote is misleading as it
occurs for conditions with low coherence, where the majority of tracks were failed. The observed thresholds for these
conditions represent outliers and are thus misleading.
The individual thresholds showed a considerable degree
of inter-individual variability, with the more experienced
participants (s04, s08) generally achieving lower thresholds
than the less experienced participants. High inter-individual
variability in envelope ITD discrimination at high frequencies has been documented previously, for example, by
Bernstein et al. (1998) for narrowband (400-Hz) noise and
by Zhang and Wright (2007) for sinusoidally amplitude
2294
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FIG. 6. Individual (top panels) and average (bottom panel) ITD discrimination thresholds from Experiment 2 as a function of the envelope interaural
coherence. The filled symbols and solid lines show the observed thresholds
for the 80-pps conditions, and the hashed bars show the proportion of failed
tracks for these conditions. Similarly, the open symbols and dotted lines
show the observed thresholds, and the open bars the proportion of failed
tracks, for the 20-pps conditions. As in Fig. 1, the symbols in the top panels
show the individual threshold estimates for each condition, and the lines
connect their means; in the bottom panel, the symbols and lines both show
the average thresholds. The long- and short-dashed lines in the bottom panel
show the maximum likelihood linear fits to the 80- and 20-pps conditions,
respectively. Error bars show the SE.

modulated (SAM) tones (300-Hz rate). Despite the variability, the effect of interaural coherence was highly consistent
across participants.
The large number of failed tracks for the lower coherence
values presents a problem for standard statistical analyses
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2. Results and discussion

thresholdi ¼ a1 þ b1  coherence
þ ða2 þ b2  coherenceÞ  rate
þ ai þ bi  coherence þ Nð0; re Þ;

(3)

where rate ¼ 0 for the higher-rate (80-pps) conditions, and
rate ¼ 1 for the lower-rate (20-pps) conditions. The model
included a fixed intercept (a1) and fixed effects of rate (a2)
and coherence (b1) as well as a fixed interaction between rate
and coherence (b2). Inter-individual differences were modeled
by a random intercept, ai, and a random effect of coherence,
bi, where i indexes the participants. The parameters ai and bi
were described with a two-dimensional normal distribution
with zero mean and covariance matrix, R, which was estimated from the data. The random measurement error was
modeled as a normal distribution, N(0,re), with zero mean
and variance re2. The significance of a given model parameter
was determined by testing whether inclusion of that parameter
in the model significantly increased the model likelihood.
Including b1 and bi produced a significant increase in the
model likelihood [v2(3) ¼ 239.7, p < 0.001], indicating a significant main effect of coherence. Including a2 indicated a significant main effect of rate [v2(1) ¼ 30.4, p < 0.001], but
including b2 showed that the interaction between coherence
and rate was non-significant [v2(1) ¼ 0.2, p ¼ 0.65]. This confirms that coherence had a similar effect at both rates.
The fitted model was used to generate threshold predictions for each condition. The predicted thresholds were censored in the same way as the measured thresholds and
compared with the observed thresholds. This showed that the
predicted and observed thresholds were highly correlated
(r2 ¼ 0.85), indicating that the assumed linear dependence of
the ITD thresholds on coherence was appropriate. The size
of the effect of coherence derived from the maximum likelihood fit, b1, was 1870 ls per unit reduction in coherence.
This is less than a third of the effect found in Experiment 1
(7240 ls per unit reduction in coherence). This is consistent
with our hypothesis that the large effect of coherence in
Experiment 1 was predominantly due to the confounding
effect of envelope shape. The following two experiments
were aimed to investigate the effects of the two aspects of
envelope shape that would be expected to be most affected
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by reverberation, namely the slope of the envelope flanks
and the envelope modulation depth.
C. Experiment 3: Effect of steepness of envelope
flanks

Previous studies suggest that the slope of the envelope
flanks is an important factor in determining envelope ITD
thresholds. Many of the early studies on envelope ITD discrimination have varied the envelope slope as a result of
changing other envelope properties, such as the modulation
rate or the modulation depth in SAM tones (Henning, 1974).
The more recent studies (Bernstein and Trahiotis, 2009;
Klein-Hennig et al., 2011), however, have changed the slope
independently of other envelope properties. Bernstein and
Trahiotis, for instance, have used “raised-sine” envelopes,
which are similar to SAM envelopes but raised to a variable
exponent in order to vary the slope without changing
the modulation rate or depth. However, in both studies, the
envelope slope is not constant across the duration of the
envelope flanks. In the raised-sine envelopes of Bernstein
and Trahiotis, for instance, the slope is zero in the envelope
troughs and at the peaks, and is maximal in between. The
same is true for the sine-squared envelope flanks used by
Klein-Hennig et al. (2011). A change in envelope slope over
the duration of the flanks makes a parametric analysis of the
effects of envelope slope difficult. The current study used
trapezoidal envelopes with linear flanks on a logarithmic intensity scale. Such envelopes are characterized by a constant
slope in dB per ms. Thus under the assumption that the auditory system represents sound intensity in logarithmic units
(see Stevens, 1955), they would be expected to yield a constant rate of change in neural activity. A large range of flank
gradients (2.4–30 dB/ms) was used in order to characterize
the parametric relation between slope and ITD thresholds.
1. Methods

The procedure for generating the stimuli was similar to
that used in Experiment 2. The stimulus envelopes were generated by convolving a pulse with exponential flanks (i.e.,
linear in logarithmic units) with a regular train of unit
impulses (see Fig. 7). The pulse rate was fixed at 20 pps in
this case. The slope of the flanks of the exponential pulse
was varied by changing the flank duration (measured from
the 60-dB point) from 2 to 25 ms. Twenty-five milliseconds was the maximum value that could be used before successive pulses started to overlap. The steady-state portion of
the pulse was adjusted to keep the overall duration of the
pulse at half maximum (i.e., between the 6-dB points) constant at 5 ms. This meant that the pulse energy was also
roughly constant across conditions.
As in Experiment 2, the ITDs were applied to the envelopes, and the envelopes were multiplied with a 4-kHz diotic
carrier tone. No ITD was applied to the first and last pulses.
As before, the stimuli were filtered to an ERB-wide passband
centered on 4 kHz, and the stimulus duration was 700 ms.
The stimulus presentation level varied somewhat with flank
duration, ranging from 63 dB SPL for the 2-ms flanks to
61 dB SPL for the 25-ms flanks.
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because these analyses are unable to deal with censored
thresholds. Nevertheless, censored thresholds contain valid
information in that a greater proportion of failed tracks indicates a reduction in task performance. To take full account of
the censored thresholds, we fitted the data with a linear mixed
model using a modified maximum likelihood procedure
(Dempster et al., 1977). This procedure allowed the censored
thresholds to be taken into account by contributing to the
model likelihood via the cumulative probability of observing
thresholds greater than 1000 ls. In contrast, the model likelihood for the observed thresholds was the probability of those
exact threshold values being observed. The model was implemented in SAS (SAS Institute, Cary, NC) using modified
code from Thiebaut and Jacqmin-Gadda (2004), which
involves the “nlmixed” procedure in SAS. The model was fitted to the data for coherence values of 0.6 and greater. The
model was specified as

FIG. 7. Schematic explaining the stimulus generation for Experiment 3. A
regular train of unit impulses (a) was convolved with an exponential pulse
with variable flank duration to vary the envelope slope [see dashed and solid
lines in (b)]; the resulting pulse train (c) was then multiplied with a 4-kHz
diotic carrier tone to produce the stimulus [shown before filtering to a 1
ERB-wide passband around 4 kHz in (d)].

Figure 8 shows that both the individual (upper panels)
and the average (middle panel) ITD thresholds decreased
with increasing envelope slope. The average threshold was
678 ls for the shallowest slope tested (2.4 dB/ms). It first
decreased sharply with increasing slope, but eventually
reached an asymptote for slopes between 6 and 12 dB/ms.
The asymptotic ITD threshold at the steepest slope tested
(30 dB/ms) was 245 ls.
To fit the thresholds with a linear mixed model, they
were re-plotted as a function of the flank duration because
this made the threshold functions appear approximately linear (see bottom panel in Fig. 8). For the exponential pulses
used here, the flank duration is inversely related to the slope.
The linear relation between the thresholds and the flank duration thus suggests that the relation between the thresholds
and the slope is hyperbolic. As before, the fit was obtained
using a maximum-likelihood procedure. The model was
specified as
thresholdi ¼ a þ b  slope þ ai þ bi  slope þ Nð0; re Þ:
(4)
This is similar to the model used to fit the data from
Experiment 1 [Eq. (2)] except that b and bi are now the fixed
and random effects of the flank duration rather than the coherence. Comparison with the appropriate null model showed
that the effect of flank duration was significant [v2(3) ¼ 137.5,
p < 0.001]. The model fitted the observed thresholds very
2296
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FIG. 8. (Color online) Individual (top panels) and average (middle panel)
ITD discrimination thresholds from Experiment 3 as a function of the slope
of the envelope flanks in dB/ms. The bottom panel shows the average
thresholds re-plotted as a function of the flank duration. In the top panels,
the symbols show the individual observed threshold estimates for each condition, and the lines connect their means. In the middle and bottom panels,
the open triangles and solid lines show the average observed thresholds; the
hashed bars show the proportion of failed tracks. The squares and circles
(connected by lines) show data from Laback et al. (2011) and Klein-Hennig
et al. (2011), respectively. To facilitate comparison, the data from Laback
et al. were normalized to coincide with the current average thresholds for
the 12-dB/ms slope (middle panel) or the 5-ms flank duration (bottom panel);
the data from Klein-Henning et al. were normalized to coincide with the current
average thresholds for the 5-dB/ms slope (middle panel) or the 5-ms flank duration (bottom panel). In the middle panel, Klein-Hennig et al. data were plotted
as a function of the slope in dB/ms at the -6-dB point in their envelopes. The
dotted lines in the middle and bottom panels show the maximum likelihood linear fit to the current data. Error bars show the SE.
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2. Results and discussion

D. Experiment 4: Effect of modulation depth

In previous studies, the effect of modulation depth on
envelope ITD discrimination has often been investigated by
changing the modulation index, m, in SAM tones (e.g.,
Henning, 1974). SAM tones with different values of m differ
not only in the ratio of the envelope maxima and minima but
also in the envelope slope with deeper modulations leading to
steeper slopes. In order to avoid this confound, we used the
same stimuli as in Experiment 3 with exponential pulses, and
we varied the modulation depth by filling in the gaps between
the pulses with a constant DC offset (Fig. 9). This leaves the
slope of the pulse flanks unchanged. Two different values of
the slope were employed to investigate whether there is an
interaction between the slope and the modulation depth.
1. Methods

The stimuli were generated by scaling a similar exponential pulse as used in Experiment 3 to peak amplitude of
1 þ m, convolving the pulse with a regular train of unit
impulses, and then imposing a DC offset of 1  m on (Fig. 9;
m is analogous to the modulation index in SAM tones). The
resulting envelopes had a maximum amplitude of 1 þ m and
a minimum amplitude of 1  m and a constant flank steepness. As in Experiment 3, the pulse rate was 20 pps, and
pulse duration at half maximum was set to 5 ms. The exponential pulse was generated with two different slopes of 2.4
and 30 dB/s (corresponding to flank durations of 25 and
J. Acoust. Soc. Am., Vol. 133, No. 4, April 2013

FIG. 9. Schematic explaining the stimulus generation for Experiment 4. A
regular train of unit impulses (a) was convolved with an exponential pulse
with two different flank durations [dashed and solid lines in (b)]. The interpulse gaps in the resulting pulse train (c) were then filled in with a DC offset
(d) and multiplied with a 4-kHz diotic carrier tone to produce the stimulus
[shown before filtering to a 1 ERB-wide passband around 4 kHz in (e)].

2 ms). As in Experiment 3, ITDs were applied only to the
envelopes, before multiplication with a 4-kHz diotic carrier
tone, and zero ITD was applied to the first and last pulses.
The stimulus duration was 700 ms. The stimulus level varied
somewhat with modulation depth. For the 2.4-dB/ms flanks,
the level ranged from 64 to 67 dB SPL and from 66 to 69 dB
SPL for the 30-dB/ms flanks. As before, the stimuli were filtered to an ERB-wide passband centered on 4 kHz.
2. Results and discussion

Figure 10 shows that the ITD thresholds remained
roughly constant for modulation indices down to between 0.4
and 0.5. The thresholds and the number of failed runs then
increased sharply for lower modulation indices. The asymptotic threshold at high modulation depths was considerably
lower for the steeper than for the shallower envelope flanks
used (279 ls, on average, for the 30-dB/ms flanks compared
to 540 ls for the 2.4-dB/ms flanks). Toward lower modulation depths (i.e., for modulation indices below 0.4), the
thresholds for the two slope conditions appeared to converge.
As for Experiment 2, the data were fitted with a mixed
model using a maximum-likelihood procedure to take
account of the failed tracks. To capture the different patterns
of the data at high and at low modulation depths, a piecewise
linear model was used. The model consisted of two linear
sections, one for the asymptotic threshold range at high modulation depths and one for the sharp increase in the thresholds towards lower modulation depths. The break point
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well, explaining almost 90% of their variance (r2 ¼ 0.89). It
indicated that the ITD thresholds increased by approximately
25 ls per millisecond increase in the flank duration.
The current data are in qualitative agreement with the
data of Bernstein and Trahiotis (2009) in that they too found
a decrease in ITD threshold with increasing envelope slope.
However, the complicated nature of their stimuli (they
increased the slope by increasing the exponent of their
raised-sine stimuli) makes a quantitative comparison in term
of dB/ms difficult. Klein-Hennig et al. (2011) also found a
decrease in the ITD thresholds with increasing slope, and
when their thresholds are plotted as a function of flank duration as for the current data, the relation also appears linear
(see circles in bottom panel of Fig. 8). Under the assumption
that their thresholds were determined by the slope at a particular (e.g., the steepest) point within their envelope flanks,
their thresholds would also appear to be hyperbolically
related to the slope steepness in dB/ms, consistent with the
current data (circles in middle panel of Fig. 8). As in the current study, the stimuli of Laback et al. (2011) were trapezoidal pulses with flanks which were linear on a logarithmic
intensity scale. Our data are consistent with theirs (squares
in Fig. 8) in that they too found that the thresholds decreased
with increasing slope for the steeper slopes and then reached
an asymptote. The asymptote occurred for slopes steeper
than 8 dB/ms which is in the same range of slope steepness
as in our data (between 6 and 12 dB/ms). Taken together,
Klein-Hennig et al., Laback et al., and the current data all
suggest a hyperbolic relation between envelope ITD thresholds and envelope slope in dB/ms.
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FIG. 10. (Color online) Individual (top panels) and average (bottom panel)
ITD discrimination thresholds from Experiment 4 as a function of the modulation index. The filled symbols and solid lines show the observed thresholds
for the steeper (30-dB/ms) slope conditions, and the hashed bars show the
proportion of failed tracks for these conditions. Similarly, the open symbols
and dotted lines show the observed thresholds, and the open bars the proportion of failed tracks, for the shallower (2.4-dB/ms) slope conditions. The
symbols in the top panels show the individual threshold estimates for each
condition, and the lines connect their means; in the bottom panel, the symbols and lines both show the average thresholds. The long- and short-dashed
lines in the bottom panel show the maximum-likelihood piecewise-linear
fits to the steep and shallow slope conditions, respectively. The squares and
lines in the bottom panel show the thresholds from participant LR from
McFadden and Pasanen (1976). The data were normalized to coincide with
the average maximum likelihood threshold for m ¼ 0.18 to facilitate comparison. Error bars show the SE.

between the two sections was a free parameter and was
allowed to vary independently for each slope condition. The
model for each linear section was of a similar form as that
used for Experiment 2 with fixed and random effects of modulation depth and slope and a fixed interaction between these
two factors [see Eq. (3)]. Additional constraints were
imposed by the necessity for the two sections to coincide at
the break point.
As for Experiment 2, the significance of a given model parameter was tested by assessing the influence of that parameter
on the model likelihood. This confirmed that the main effects
of modulation depth and slope were both significant [modulation depth: v2(3) ¼ 132, p < 0.001; flank steepness: v2(3)
¼ 103, p < 0.001]. The model likelihood was not significantly
improved by including an interaction between slope condition
and modulation depth, either below [v2(1) ¼ 0.2, p ¼ 0.6547]
or above the break points [v2(1) ¼ 1.8, p ¼ 0.1797] and so
these terms were not included in the final model.
The final model produced an excellent fit to the
observed thresholds, explaining 85% of their variance. The
fit generated a break point at m ¼ 0.48 (9.1 dB) for the
steeper (30-dB/ms) flanks, and at m ¼ 0.36 (6.5 dB) for the
shallower (2.4-dB/ms) flanks. For modulation indices above
the break points, the effect of modulation depth was not significantly different from zero [t(4) ¼ 0.02, p ¼ 0.9826]. This
is consistent with the impression that the thresholds reached
an asymptote at high modulation depths. The difference
between the asymptotic threshold levels for the two slopes
was significant [t(4) ¼ 12.23, p < 0.001]. For modulation
indices below the break points, the effect of slope was nonsignificant [F(4,1) ¼ 1.77, p ¼ 0.25]. This is consistent with
the impression that the threshold functions for the two slopes
converge at low modulation depths.
The relation between the ITD thresholds and the modulation depth observed in the current study is similar to that found
in two previous studies (McFadden and Pasanen, 1976;
Nuetzel and Hafter, 1981). This is despite the fact that these
studies did not vary modulation depth independently of slope
as is the case in the current study. In both previous studies, the
ITD thresholds also reached an asymptote at high modulation
depths and increased sharply toward lower modulation depths.
Re-plotting McFadden and Pasanen’s data as a function of
modulation index (squares in Fig. 10) suggests that our piecewise linear model does not fully capture the threshold behavior
for the middle range of modulation indices. Both McFadden
and Pasanen’s and Nuetzel and Hafter’s data suggest that a
power-law model may have been more appropriate to fit the
current data. Unfortunately, this alternative model failed to
converge, likely because the data had insufficient power.
Taken together, the current and the previous data suggest that the effect of modulation depth decreases towards
high modulation depths but is strong at low modulation
depths; so strong, in fact, that the effect overrides other factors, such as the effect of slope as tested in the current study.
This dichotomous characteristic might be explained by the
change in the synchrony of neuronal firing as a function of
modulation depth that has been observed in physiological
studies (reviewed in Joris et al., 2004). These studies have
shown that neural firing in the inferior colliculus (IC) in

IV. GENERAL DISCUSSION

The aim of this study was to investigate the effect of
reverberation on ITD discrimination. The results from
Experiment 1 suggest that the effect is multiplicative rather
than additive; the discrimination thresholds for both finestructure ITDs at low frequencies and envelope ITDs at high
frequencies increased by a factor of about 12 as the amount
of reverberation was increased from no reverberation to a
direct-to-reverberant ratio of 11 dB. Given that the envelope ITD threshold for no reverberation was almost twice as
large as that of the fine-structure ITD threshold, this meant
that, in absolute terms, the increase in the envelope ITD
thresholds owing to reverberation was much greater than the
increase in the fine-structure ITD thresholds. This is consistent with the results of Rakerd and Hartmann (2010), who
also found a greater effect of reverberation on ITD discrimination at high than at low frequencies. Rakerd and Hartmann
used free-field stimuli, so the amount of reverberation may
have been different at high and low frequencies. The current
study used transposition to ensure that the amount of reverberation was the same in the two frequency regions tested. A
model fit to the data from Experiment 1 showed that the
increase in the ITD thresholds with increasing reverberation
was strongly correlated with the concomitant reduction in
interaural coherence. Interestingly, the effect of coherence
was much greater for the envelope than for the fine-structure
ITD thresholds; per unit reduction in interaural coherence,
the envelope thresholds increased by 7000 ls, compared to
only 1000 ls for the fine-structure thresholds. The results
of Experiment 2 indicated that this was due to the envelope
ITD thresholds being affected by other, co-varying, factors,
specifically, the reverberation-induced degradation in envelope shape. In Experiment 2, interaural coherence was varied
independently of the envelope shape, and this yielded a
much smaller effect of coherence (less than 2000 ls per unit
reduction in coherence). Reverberation degrades the envelope shape by making the flanks in the envelope shallower
and by filling in the dips, thereby reducing the envelope
modulation depth. Experiments 3 and 4 showed that both of
these effects have a strong influence on the envelope ITD
J. Acoust. Soc. Am., Vol. 133, No. 4, April 2013

thresholds. Experiment 3 showed that when the flanks are
linear on a logarithmic scale, the ITD thresholds increase
approximately linearly with the flank duration (i.e., the
inverse of the slope), with a 25-ls increase in ITD threshold
for every millisecond increase in flank duration. Experiment
4 showed that the effect of slope is overridden by a strong
effect of modulation depth when the modulation depth is
low. The effect of modulation depth decreases toward higher
modulation depths, and the thresholds reach an asymptote.
It is well-known that envelope ITDs are a weaker sound
localization cue than fine-structure ITDs (e.g., Wightman and
Kistler, 1992; Macpherson and Middlebrooks, 2002). The
current results indicate that reverberation makes envelope
ITDs even less useful as a localization cue; even for a moderately reverberant room, and a moderate distance between the
source and the receiver, the average discrimination threshold
for envelope ITDs rose above 1000 ls, which is well beyond
the physiological range of ITDs (i.e., the time taken for sound
to traverse the head). This suggests that in reverberant environments, envelope ITDs would be unlikely to mediate much
more than a mere impression of left or right. This is consistent with the findings of Rakerd and Hartmann (2010) and
runs counter to the hypothesis proposed by Ruggles et al.
(2012) that envelope ITDs might become relatively more useful in reverberant environments. It remains possible, however, that envelope ITDs might be more reliable when the
stimulus contains information across many auditory channels.
Many naturally occurring stimuli, such as speech, cover a
wide range of frequencies, and the envelopes within different
frequency channels tend to be comodulated. Such stimuli provide redundant ITD information across many channels and
promote across-frequency integration of ITD information
(Wenzel, 1976; Hartmann, 1983).
The current results have implications for bilateral CIs
because most current devices only convey envelope ITDs
and ILDs. If anything, envelope ITD discrimination performance would be expected to be worse in electric than in acoustic hearing owing to other factors, such as mismatched
electrode positions between the ears and reduced neural survival. This conjecture is consistent with the results of
Laback et al. (2011), who found considerably larger envelope ITD thresholds in CI than in normal-hearing listeners
under comparable conditions. This may be why CI users rely
mainly on ILDs for sound localization (van Hoesel and
Tyler, 2003; Seeber and Fastl, 2008). Laback et al. found
that despite the large absolute difference in ITD discrimination performance, the relative effects of some aspects of envelope shape were remarkably similar between CI and
normal-hearing listeners. This suggests that enhancing the
envelope shape by using appropriate signal processing strategies might help to improve envelope ITD perception in CI
users. The results of Experiment 3 indicate that algorithms
designed to alter the envelope shape, so as to enhance the
transmission of ITD cues, should ensure that the envelope
flanks are as steep as possible. The results of Experiment 4
indicate that such algorithms should also ensure the modulation depth lies in the range over which ITD thresholds are
fairly constant. For our narrowband stimuli, this required a
modulation depth of 9 dB or larger, although one might
Monaghan et al.: Reverberation and interaural time differences
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response to amplitude modulated stimuli follows the shape
of the modulating envelope at low modulation depths but
becomes more tightly time-locked to a particular point
within the modulation cycle at higher modulation depths.
Contrary to our results, Bernstein and Trahiotis (2009)
did find an effect of flank steepness at low modulation depths.
They increased flank steepness by increasing the exponent in
their raised-sine stimuli. Unlike the current study, Bernstein
and Trahiotis did not restrict the spectral width of their stimuli by band pass filtering. The spectral width of raised-sine
stimuli increases with increasing exponent. This would be
expected to make them more conducive to off-frequency
listening. Bernstein and Trahiotis (2010) showed that raisedsine stimuli can produce a higher modulation depth in offthan on-frequency channels and suggested that off-frequency
listening might explain the apparent sensitivity to flank steepness at low modulation depths in their 2009 study.
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expect this to depend on bandwidth and rate. Our results suggest that any improvements in envelope ITD discrimination
in non-reverberant conditions would be amplified in reverberant conditions. Envelope enhancement might thus help to
make envelope ITDs a more useful localization cue to CI
users. Various monaural envelope-enhancing strategies have
been proposed to improve the perception of speech and
music in CI users. Green et al. (2004) encoded information
about the voice pitch information using very steep envelope
modulations at the fundamental frequency (F0). The benefit
of enhancing F0 information could be increased by synchronizing steep temporal modulation across channels such as in
the algorithms of Milczynski et al. (2009) and Vandali and
van Hoesel (2011). Strategies to improve envelope ITD perception (e.g., Seeber and Monaghan, 2012) might be similar
to these monaural envelope-enhancing strategies but would
first have to identify those portions of the stimulus that are
dominated by the direct sound.

