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a b s t r a c t
In a previous study, we demonstrated that word recognition performance was reduced when the low-frequency components of speech (0–1.2 kHz) were distorted by temporal jittering, but not when they were distorted by spectral smearing (Pichora-Fuller et al., 2007). Temporal jittering distorts the ﬁne structure of the
speech signal with negligible alteration of either its long-term spectral or amplitude envelope characteristics. Spectral smearing simulates the effects of broadened auditory ﬁlters that occur with cochlear hearing
loss (Baer and Moore, 1993). In the present study, the high-frequency components of speech (1.2–7 kHz)
were distorted with jittering and smearing. Word recognition in noise for both distortion conditions was
poorer than in the intact condition. However, unlike our previous study, no signiﬁcant difference was found
in word recognition performance in the two distorted conditions. Whereas temporal distortion seems to
have a deleterious effect that cannot be attributed to spectral distortion when only the lower frequencies
are distorted, when the higher frequencies are distorted both temporal and spectral distortion reduce
speech intelligibility.
Ó 2010 Elsevier B.V. All rights reserved.

1. Introduction
A speech signal carries information in both the time and frequency domain. Thus a listener may use both temporal and spectral
processing to recover the speech information depending on the listening environment. Traditionally, research into the effects of hearing loss on temporal processing has focussed on segmental and
supra-segmental processing such as gap-detection, gap-duration
discrimination, and temporal-masking paradigms (see Reed et al.,
2009 for a review). Recently, much work has been done investigating
the role of temporal ﬁne structure, sub-segmental temporal cues, in
speech processing (see Moore, 2008 for a review). Processing of temporal ﬁne structure is adversely affected by cochlear hearing loss
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(Lorenzi et al., 2006; Hopkins et al., 2008) and by age-related losses
in synchrony coding (for a review see Pichora-Fuller and MacDonald,
2008) and can disrupt speech intelligibility in noise (Pichora-Fuller
et al., 2007). These ﬁne-structure temporal processing deﬁcits have
been linked to speech perception in auditory neuropathy (Zeng
et al., 1999, 2005b) and linked to temporal and spectral cue tradeoffs as well as their relative contributions to speech perception
(Drullman, 1995; Smith et al., 2002; Zeng et al., 2004, 2005a).
In a previous study, we explored the effect on speech intelligibility of temporal jittering (Pichora-Fuller et al., 2007). Temporal
jittering was chosen in an attempt to simulate the effects on
speech intelligibility that might arise from an age-related loss of
synchrony coding in the auditory system. The jittering algorithm
disrupts the temporal ﬁne structure of a signal by applying a small
random temporal jitter to a signal. As an unintended consequence,
the jittering algorithm also introduces spectral distortion (i.e., a
change in the power spectrum). Insofar as this unintended spectral
distortion may have an effect on speech intelligibility in noise, we
created a control condition with a similar degree of spectral distortion using a slightly modiﬁed version of the smearing algorithm of
Baer and Moore (1993, 1994). The results of the speech intelligibility experiments using the smearing algorithm conducted by Baer
and Moore (1993, 1994) showed a decrease in word identiﬁcation
when speech was smeared. Their results are similar to previously
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published results using similar algorithms (Summers, 1991; ter
Keurs et al., 1992, 1993; Gnansia et al., 2009). However, in our previous study (Pichora-Fuller et al., 2007), no decrease in word identiﬁcation was found for the smearing condition. A potential
explanation for this discrepancy is that the spectral distortion
introduced by the smearing algorithm used in our previous experiments was limited to a low-frequency band (0–1.2 kHz). It is likely
that the contributions of temporal and spectral coding may vary
across frequency.
The purpose of the present study was to examine the relative
contributions of temporal and spectral processing in a frequency
range higher than that tested by Pichora-Fuller et al. (2007). In
the present study, the smearing and jittering algorithms were
applied only to a high-frequency band of speech. As in our previous
study (Pichora-Fuller et al., 2007), three speech conditions were
tested: an intact (i.e., undistorted) set of sentences, a jittered set
of sentences, and a smeared set of sentences. While smaller parameter values for the jittering and smearing algorithms were used
than in the previous study, we adopted the same strategy by
selecting values such that both manipulations produced the same
degree of spectral distortion, but differing amounts of temporal
distortion. Thus, any difference in word recognition in noise between the two distorted conditions would be attributable to the
reduction in temporal ﬁne structure cues.
2. Materials and methods
2.1. Participants
The participants in this experiment were sixteen young adult
paid volunteers (M = 22.6 years, SD = 2.0). All spoke English from
at least the age of 5 years and had normal hearing thresholds
(pure-tone air-conducted thresholds from 250 to 4000 Hz < 20 dB
HL). All participants provided informed consent and their rights
as participants were protected. The protocol for the study was approved by the institutional ethics review board.
2.2. Apparatus and stimuli
For the intact condition, the sentences of the Revised Speech
Perception in Noise Test (SPIN-R; Bilger et al., 1984) were used.
The SPIN-R test consists of eight recorded lists of 50 sentences
on one channel and accompanying multi-talker babble on a second
channel. The sentences and background babble of the SPIN-R test
were digitized at a rate of 20 kHz, and presented monaurally (right
ear) over TDH-39P earphones using a Tucker-Davis Technologies
System II for D-to-A conversion and to control sentence and background levels. Sentences were presented at 70 dB SPL and the babble level was adjusted to achieve the desired SNR conditions of +8
and 0 dB.
2.2.1. Jittering algorithm
With the exception of parameter values and the frequency band
to which it was applied, the jittering algorithm used in the present
study was identical to that used previously (Pichora-Fuller et al.,
2007). Speciﬁcally, if x(t) is the intact waveform, the jittered waveform, y(t), is a time-delayed version of x(t) in which the time delay,
d, varies over time such that yðtÞ ¼ x½t  dðtÞ. There are two factors
contributing to the degree of jitter. The ﬁrst is the distributions of
delays that might occur over a long period of time. The second is
the rate at which the delay changes with time. The delay, d(t), is
generated from the amplitude of a low-pass noise. Thus, the standard deviation of d(t) is the root mean square (RMS) amplitude of
the low-pass noise. The rate at which the delay changes with time
is determined by the bandwidth (BW) of the noise which is limited

by the high-frequency cut-off. A lower bandwidth results in a
slower rate of change in d(t).
In the jittering condition, only the high-frequency components
of the SPIN-R speech sentences were jittered. To create the jittered
stimuli, a Fast Fourier Transform (FFT) was used to separate the
speech signal into its component frequencies. The signal was divided into two bands, a lower band (0–1.2 kHz) and an upper band
(1.2–7 kHz). Each band was converted back to the time domain
using an Inverse Fast Fourier Transform (IFFT). The upper band
was jittered (RMS = 0.07 ms and BW = 500 Hz) and the lower band
was left intact. Finally, the two bands were recombined. The average RMS amplitudes of the jittered speech signals were normalized
to the same level as the intact signals.
2.2.2. Smearing algorithm
The smearing algorithm used in the present study and in our
previous study (Pichora-Fuller et al., 2007) is a slightly modiﬁed
version of the smearing algorithm developed by Baer and Moore
(1993, 1994). The time-domain signal is windowed into overlapping frames and the power spectrum of each frame is calculated.
The power vector is then smeared by multiplying it with a smearing matrix. Using the smeared power vector and the unmodiﬁed
phase vector, an IFFT is calculated to create a frame of the smeared
time-domain signal. The frames are then combined using an overlap-add method (Allen, 1977). The smearing matrix is based on
models of human auditory ﬁlters and requires a single parameter,
the smearing factor, to simulate broadened auditory ﬁlters with
various widths. A smearing factor of 3 simulates a tripling in the
bandwidth of the auditory ﬁlters. In this study, the smearing was
applied only to frequencies greater than 1.2 kHz. Thus, the power
components were not smeared for frequencies from 0 to
1187.5 Hz; instead, that portion of the smearing matrix was replaced by an equivalent portion of an identity matrix. Other than
restricting the frequency band that was distorted (1.2–7 kHz), the
procedure of Baer and Moore (1993) was followed. The smeared
sentences were then rescaled to have the same average RMS amplitudes as the intact and jittered sentences.
2.2.3. Matching spectral distortion
As in our previous study (Pichora-Fuller et al., 2007), spectral
distortion was evaluated using a pixel-to-pixel comparison of spectrograms and Spectro-Temporal Excitation Patterns (STEPs; e.g.,
Moore, 2003a,b). The absolute value of the pixel-to-pixel difference
in power (using linear units) between the spectrograms of a
smeared and intact version of a sentence was calculated and then
averaged over time. This resulted in the mean absolute power difference between the smeared and intact versions of each sentence
as a function of frequency. Likewise spectral distortion introduced
by jittering was similarly quantiﬁed. The comparisons were repeated using STEPs instead of spectrograms.
The spectral distortion due to jittering and smearing was quantiﬁed as described above using both spectrograms and STEPs for all
400 sentences of the Revised Speech Perception in Noise Test
(SPIN-R; Bilger et al., 1984). Unfortunately, the windowing and
overlap-add operations used in the smearing algorithm added a
small amount of spectral distortion at 125 Hz and higher harmonics. Thus, it was not possible to exactly match the spectral distortion in the jittering and smearing conditions. However, with the
exception of the distortion at 125 Hz and higher harmonics, the
degree and frequency distribution of spectral distortion was well
matched using a smearing factor of 3 for smearing and an RMS
of 0.07 ms and BW of 500 Hz for jittering. When limiting the analysis to frequencies greater than 1.2 kHz, the ratio of the spectral
distortion for smearing vs. jittering was found to be 1.3 dB using
spectrograms, and 2.4 dB using STEPs, indicating that smearing
introduced slightly more spectral distortion than jittering.
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2.3. Procedure
The listener was asked to report the last word of the sentence
immediately following its presentation. In half of the sentences
in each list, the last word is predictable from the sentence context
(e.g., The wedding banquet was a feast) and in the other half it is not
predictable (e.g., We could consider the feast). Each listener was
tested at +8 and 0 dB SNR levels for each of the intact, jittered,
and smeared speech conditions. All participants completed the
conditions in a ﬁxed order during three sessions, with each session
lasting 30–45 min. In session one, they heard intact sentences. In
session two, half of the participants heard the jittered sentences
and the other half heard the smeared sentences. In session three,
the participants heard the other type of distorted sentences. The
selection of SPIN-R lists differed for each participant such that lists
were counterbalanced over conditions.
3. Results
As in our previous study (Pichora-Fuller et al., 2007), word identiﬁcation was signiﬁcantly better in high-context than in low-context sentences and it was better in more favorable SNR conditions
(see Fig. 1). The effect of SNR was more pronounced when the context was low. Word recognition in the high-frequency smearing
and jittering conditions was signiﬁcantly reduced compared to
performance in the intact condition. For the more favorable SNR
condition (+8 dB), word recognition was the same in the high-frequency smearing and jittering conditions. However, for the more
adverse SNR (0 dB), word recognition scores were worse in the
high-frequency jittering condition compared to performance in
the high-frequency smearing condition.
This description was conﬁrmed by a repeated measures analysis
of variance (ANOVA) conducted after transforming the data into rational arcsine units (RAU; Studebaker, 1985) with context (high,
low), SNR (+8, 0), and distortion condition (intact, jittered, and
smeared) as within-subjects factors, and presentation order (jittering ﬁrst and smearing ﬁrst) as a between-subjects factor. There were
signiﬁcant main effects of context (F(1, 14) = 851.91, p < 0.001), SNR
(F(1, 14) = 1088.16, p < 0.001), and distortion condition (F(2, 28) =
16.331, p < 0.001). There was also a signiﬁcant two-way interaction
between distortion condition  SNR (F(2, 28) = 5.34, p = 0.011).
While a signiﬁcant between-subjects main effect of presentation order was found (F(1, 14) = 9.99, p = 0.007), no interaction with
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Fig. 1. Word recognition for intact (circles), high-frequency smearing (triangles),
and high-frequency jittering (squares) conditions for high- (ﬁlled symbols) and
low- (open symbols) context SPIN-R sentences. For the high-frequency smearing
condition, smearing was applied to the 1.2–7 kHz frequency band using a smearing
factor of 3. For the high-frequency jittering condition, jittering was applied to the
1.2–7 kHz frequency band using an RMS of 0.07 ms and BW of 500 Hz.
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presentation order was signiﬁcant. Multiple pair-wise t-test comparisons using Bonferroni correction conﬁrmed that word recognition was better in the intact condition compared to the smearing
and jittering conditions (p < 0.05). Although the trend in the difference in performance between the smearing and jittering conditions
was not signiﬁcant, the interaction between distortion condition and
SNR was signiﬁcant. This analysis supports the description that for
adverse SNR, word recognition is reduced more in high-frequency
jittered than in the high-frequency smeared condition.
4. Discussion
The parameters used in the jittering and smearing algorithms in
this experiment were different from those used in our previous
study (Pichora-Fuller et al., 2007). Speciﬁcally, in our previous study,
a smearing factor of 6 was used to distort the low-frequency components of speech while in the present study a smearing factor of 3 was
used to distort the high-frequency components of speech. Similarly,
in our previous study, an RMS of 0.25 ms was used to distort the lowfrequency components of speech, while an RMS of 0.07 ms was used
in the present experiment to distort the high-frequency components
of speech. The reason for choosing a smaller RMS is because the unintended spectral distortion introduced by the jitter algorithm increases with the frequency band of the signal that is being jittered.
Thus, for the high-frequency band distorted in the current experiment, the added spectral distortion from the jittering algorithm
using an RMS of 0.25 ms (as used in Pichora-Fuller et al., 2007) would
be greater than the spectral distortion introduced by the smearing
algorithm using a smearing factor of 6. To equate the spectral distortion resulting from jittering and smearing the high-frequency components of speech, either a greater amount of smearing or a lesser
amount of jittering had to be chosen. For instance, if the RMS for
the jittering were to remain the same then a larger smearing factor
would have been required to match the spectral distortion produced
by the jittering. Since a smearing factor of 6 was used by Baer and
Moore (1993, 1994) to simulate a severe hearing loss, it seemed
more appropriate to use a smaller smearing factor because we did
not wish to simulate the effects of audiometrically signiﬁcant hearing loss. We opted to use a smearing factor of 3, used by Baer and
Moore to simulate mild to moderate hearing loss, and to reduce
the jitter RMS to 0.07 ms so that the amount of spectral distortion
would be decreased to a level that would be comparable to that produced by the smearing algorithm. This decision regarding the manner in which to match the distortions, however, makes it difﬁcult to
compare the word recognition results of the current experiment to
those of our previous study. Nevertheless, the decision allows us to
use the results of the present experiment as a bridge between the results of the smearing condition in our previous study, and the results
reported from experiments using similar smearing algorithms applied to all speech frequencies (Summers, 1991; ter Keurs et al.,
1992, 1993; Baer and Moore, 1993, 1994; Gnansia et al., 2009).
One remaining difﬁculty in directly comparing the recognition
scores in the high-frequency smearing condition in the present
study to performance in the experiments reported by Baer and
Moore (1993, 1994) is that different maskers and speech materials
were used across each experiment.
Importantly, unlike the low-frequency smearing condition in
our previous study (Pichora-Fuller et al., 2007), a signiﬁcant decrease in word identiﬁcation was observed in the present study
when smearing was used to distort the high-frequency components of speech. This decrease is also in line with previous published results using similar algorithms (Summers, 1991; ter
Keurs et al., 1992, 1993; Baer and Moore, 1993, 1994; Gnansia
et al., 2009). When taken together, this combination of results suggests a likelihood that the decrease in word recognition reported in
studies using smearing or similar algorithms are mostly due to the
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spectral distortion these algorithms introduce in high- rather than
low-frequency bands.
For the more favorable SNR, the performance in both
high-frequency distortion conditions was similar. For adverse
SNR, performance in the high-frequency jittering condition was
worse than that of the high-frequency smearing condition. This
suggests that there may be differential effects with SNR due to
the type of distortion. In easier listening conditions, the main factor
contributing to the decrease in performance is the spectral distortion that is common to both high-frequency smearing and jittering.
However, as SNR is decreased, the additional temporal distortion in
jittering begins to have a signiﬁcant effect.
For a listener with hearing loss, the processing of both signal and
noise is impaired. However, in both the current and the previous
study by Pichora-Fuller et al. (2007), the distortions were applied
only to the speech signal and not to the babble masker. It is possible
that distorting the mixture of speech and noise would lead to further
reduction in speech intelligibility beyond that reported here.
In an alternative analysis, psychometric functions were ﬁtted to
the low-context results from both the current experiment and the
results of our previous study (Pichora-Fuller et al., 2007). The functions ﬁtted were assumed to be cumulative Gaussian distributions
with common variance across the conditions of both experiments.
Thus, only the threshold, deﬁned as the SNR required for 50% word
recognition, was assumed to vary across all the conditions. The
thresholds for the intact condition were found to be 1.9 and
0.7 dB in previous and present studies, respectively. Because different listeners participated in each experiment, this small difference
is not necessarily surprising. For the low-frequency smearing and
jittering conditions, the group thresholds were found to be 0.4
and 4.3 dB below that for the intact condition. For the high-frequency smearing and jittering conditions, the thresholds were
found to be 2.3 and 2.8 dB below that of the intact condition. Thus,
in comparing the results between the present and previous studies,
applying smearing to a high-frequency band of speech is more deleterious to word recognition than applying it to a low-frequency
band of speech. This was true even though the smearing factor
used in the present study (and applied to a high-frequency band)
was half that used in the previous study. This suggests that the decline in speech intelligibility in noise due to broadened auditory ﬁlters is associated with difﬁculty processing higher rather than
lower-frequency portions of speech. Nevertheless, the possibility
remains that the reduced intelligibility due to distortions affecting
primarily the high-frequency components of speech in cochlear
pathologies associated with outer hair cell damage may be differentiated from age-related reductions in speech intelligibility in
older adults with clinically normal audiograms who may have neural pathologies that primarily affect the temporal processing of the
lower-frequency components of speech (e.g., Mills et al., 2006;
Caspary et al., 2008).
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