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It is known that information contained within the filter skirts can provide cues important to speech
intelligibility. However, the role of filter slope during temporal smoothing has received little
attention. In experiment 1, smoothing filter slope angle was found to have a large effect on the
intelligibility of sentences represented by three amplitude-modulated sinusoids. In experiment 2, the
use of temporal cues above 16 Hz was examined across various regions of the spectrum. When
increases in rate were presented to individual spectral bands, intelligibility only increased when
presented in the higher spectral region. This result suggests a greater reliance on higher-rate cues in
this region. However, intelligibility was greatest when these cues were distributed across the
spectrum, indicating that their effective use is not restricted solely to this region. © 2007 Acoustical
Society of America. �DOI: 10.1121/1.2354019�
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I. INTRODUCTION

Temporal information in speech is often classified ac-
cording to the rate at which the amplitude fluctuations occur.
Envelope fluctuations exist below approximately 50 Hz; pe-
riodicity �voicing� fluctuations occur between approximately
50 and 500 Hz; and fine structure fluctuations exist above
these rates �Rosen, 1992�. The typical method for limiting
temporal information to a maximum rate involves low pass
filtering �smoothing� of the rectified speech signal �Horii et
al., 1971�. It is known that even relatively-steep filter skirts
can contribute substantially to intelligibility when filtering in
the spectral domain �Healy, 1998; Warren and Bashford,
1999; Warren et al., 2004�. Figure 1 shows the long-term
average spectra for everyday sentences filtered to a 1/3-
octave band having increasingly-steep slopes. Despite that
the bands all share the same nominal bandwidth, the result-
ing intelligibility scores ranged from below 20% to over
95%.

However, the influence of filter slope in the temporal
domain �smoothing� has received little attention. A wide va-
riety of smoothing filter slope values has been employed and,
even in studies directly targeting the influence of various
temporal rates, relatively shallow slopes have been em-
ployed. Values employed have included 6 dB/octave �Shan-
non et al., 1995, 1998; Fu et al., 1998�, 12 dB/octave �Dor-
man et al. 1997, 1998; Qin and Oxenham, 2003; Xu et al.,
2005; Nie et al., 2006�, 18 dB/octave �Shannon et al., 2001�,
24 dB/octave �Grant et al., 1991; Lou and Fu, 2004�, and
48 dB/octave �Van Tasell et al., 1987; Faulkner et al., 2000;
Fu and Shannon, 2000; Apoux and Bacon, 2004�. Although
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the slope value employed is typically reported, conclusions
regarding the use of temporal cues have generally been based
only on filter cutoff values without regard to slope. The
availability of information at rates above the cutoff and sys-
tematically attenuated by the slope of the smoothing filter
may make difficult the accurate assessment of temporal in-
formation. The goal of the first experiment was to examine
the influence of the temporal smoothing filter slope on rec-
ognition of sentences represented by a limited number of
temporal patterns, and to establish the slope necessary to
eliminate the contribution of information within the temporal
filter skirt.

Another aspect of processing that has received relatively
little attention involves the use of temporal information in
different regions of the speech spectrum. To the extent that
temporal processing is limited by the auditory periphery, it
may be assumed that the ability to encode higher temporal
rates will improve in higher regions of the speech spectrum
where the critical band is wider �in Hz�. Apoux and Bacon
�2004� examined the relative contribution of temporal cues
across the spectrum by removing each of four spectral bands
in turn and examining consonant identification based upon
the remaining three, and by modifying the signal to noise
ratios of the individual bands. It was found that temporal
information was distributed evenly across spectral bands be-
low approximately 3000 Hz, but that information in the
highest spectral band provided a greater contribution to iden-
tification. This result is in accord with that of Lorenzi et al.
�1999�, who observed that expansion of the temporal enve-
lope improved consonant identification only when applied to
a highest spectral band.

However, because temporal information was extracted
using a single fixed low-pass �LP� cutoff for each spectral
band, these studies do not allow the evaluation of different
temporal rates across different regions of the spectrum.

Silipo et al. �1999� found that limiting the rate of lower
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spectral bands �below approximately 1500 Hz� to 15 Hz had
little effect on sentence intelligibility. However, scores were
reduced by approximately 10% when spectral bands above
1500 Hz were similarly limited, suggesting that rates above
approximately 15–20 Hz may be especially useful in the
higher spectral regions. Whereas the examination of tempo-
ral rates by Silipo et al. was limited to approximately 20 Hz
and below, the use of higher-rate information was examined
in the current study. The goal of experiment 2 was to exam-
ine the use of higher-rate temporal cues across various re-
gions of the speech spectrum by performing temporal
smoothing differently across spectral bands.

II. EXPERIMENT 1: EFFECT OF LOW-PASS
SMOOTHING SLOPE

A. Method

1. Subjects

Thirty-six subjects were recruited from courses at the
University of South Carolina and received money or course
credit for participating. They were native speakers of English

FIG. 1. The upper panel shows overlaid average spectra for 100 CID sen-
tences filtered to a 1/3-octave band centered at 1500 Hz and having filter
slopes of approximately 100, 300, and 1700 dB/octave �digital FIR filters
having orders of 82, 275, and 2000�. The nominal bandwidth is indicated by
arrows. The lower panel shows corresponding mean intelligibility scores and
standard errors from three separate groups of 20 normal-hearing listeners
who each heard all 100 sentences �from Healy, 1998�.
having a mean age of 24 years and audiometric thresholds of
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15 dB HL or better at standard audiometric frequencies from
250 to 8000 Hz �ANSI, 1996�. Care was taken to ensure that
none of the subjects had any prior exposure to the sentences
employed.

2. Stimuli

The stimuli were derived from the 100 Central Institute
for the Deaf �CID� everyday American speech sentences
�Davis and Silverman, 1978�. They were produced by a male
speaker and recorded at 22-kHz sampling and 16-bit resolu-
tion. An additional 10 practice sentences were drawn from
the high-predictability subset of the Speech Perception In
Noise test �SPIN; Kalikow, Stevens, and Elliot, 1977�. The
sentences were first whitened using a high-pass filter at
1000 Hz and 6 dB/octave. This helped ensure that temporal
cues in the higher spectral regions would be audible and not
masked by energy in lower spectral regions. The level of
each sentence was then scaled by equating the peaks of the
slow-response rms average.

The signal was partitioned into three bands using cutoff
frequencies of 100–800, 800–2500, and 2500–8000 Hz. The
use of 2000-order FIR filters allowed sharp partitioning of at
least several hundred dB/octave. Temporal information from
each partition was extracted using half-wave rectification and
LP filtering. Of primary interest in the current experiment
was the slope of the LP smoothing filters. The orders of these
digital Butterworth filters were 1, 2, 4, 8, 16, and 32, pro-
ducing slopes of 6, 12, 24, 48, 96, and 192 dB/octave. Cut-
off frequencies of both 16 and 100 Hz were employed. Tem-
poral envelopes extracted from speech partitions one, two,
and three were used to amplitude modulate pure tones at 450,
1650, and 3250 Hz respectively, and the resulting modulated
tones were mixed. This processing was performed in MAT-
LAB. All three amplitude-modulated tones comprising a
condition shared a common envelope cutoff and slope pa-
rameter. The stimuli were converted to analog form using an
Echo Gina 24 digital to analog converter, set to play back at
a slow-peak level of 65 dBA in a flat-plate coupler �Larson
Davis 800B and AEC101�, and delivered diotically over Sen-
nheiser HD 250II headphones.

3. Procedure

Separate groups of 18 subjects each were assigned to the
two cutoff-frequency conditions. Subjects heard 15 sentences
in each of the six filter slope conditions. The sentence list-
to-condition correspondence was balanced so that each list
was heard in each condition an equal number of times, and
the order in which conditions were heard was randomized for
each subject. Each test sentence was heard only once. Sub-
jects were tested individually in a sound-attenuating booth
seated with the experimenter. They first heard the 10 SPIN
practice sentences broadband, then in the 6 dB/octave con-
dition �the highest intelligibility condition, based on pilot
testing�. The practice list was presented again, processed in
the same manner as each condition, prior to each set of CID
test sentences. Subjects repeated as much of each sentence as
they could and were encouraged to guess if unsure of the

content. The experimenter controlled the delivery of sen-
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tences and recorded the number of standard scoring key-
words correctly. Only exact matches were accepted.

4. Results

Figure 2 shows performance �percent correct keywords�
as a function of smoothing filter slope for the 16- and 100-Hz
cutoffs. Intelligibility was highest with the shallowest slope
employed and dropped precipitously as slope angle
increased.1 Repeated-measures ANOVAs performed on the
16- and 100-Hz cutoffs indicated significant effects of
smoothing filter slope �F�5,85�=20.04 and 12.89, p
�0.001�. Tukey posthoc testing indicated that, for both cut-
offs, scores at 6 dB/octave were different �p�0.05� from
those at all other slopes. Scores at 192 dB/octave were not
different than those at 48 dB/octave or above. The interme-
diate values at 12 and 96 dB/octave were also significantly
different from one another.

III. EXPERIMENT 2: SPECTRAL SPECIFICITY OF
TEMPORAL RATE INFORMATION

A. Method

Thirty-eight additional listeners were recruited using
qualification and compensation procedures employed in the
first experiment. Three-band stimuli were created using pro-
cedures similar to those of experiment 1, except that tempo-
ral extraction and modulation were performed at 400 Hz for
one of the spectral channels, and at 16 Hz for the remaining
two channels. In addition to these three-band conditions,
which provide relatively-low overall intelligibility, four-band
conditions were prepared to confirm the results at higher
overall levels of performance. These latter conditions were
prepared by partitioning the speech at 100–750, 750–1500,
1500–3000, and 3000–8000 Hz and following the same pro-
cedures employed to create the three-band stimuli. Because
the increased temporal rate was applied to each partition in
turn, there were three three-band stimuli and four four-band
stimuli. It was decided to employ noise carriers, rather than

FIG. 2. Intelligibility of CID sentences presented as three amplitude-
modulated carriers, as a function of temporal smoothing filter slope at two
cutoff frequencies. Shown are means and standard errors for two groups of
18 subjects each.
pure tones in this experiment to ensure that spectral density
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remained constant across the carriers as temporal rates were
differentially manipulated. Temporal information was ex-
tracted using half-wave rectification and LP filtering, and
used to modulate broadband white noise carriers.2 The result-
ing modulated noises were postfiltered using the same filters
used to create the corresponding speech partitions. The
amplitude-modulated noise bands were then combined for
presentation to listeners.

The different temporal smoothing cutoffs employed for
the different component bands caused noticeable phase shifts
�time delays� across the constituent bands. To eliminate this
asynchrony across channels, temporal extraction was per-
formed using a pair of cascaded fourth-order Butterworth LP
filters. The first pass was performed on each rectified speech
partition in usual fashion, then a subsequent pass was made
on the time-reversed version of this filtered signal. The com-
bination of cascaded fourth-order smoothing was then simi-
lar to the eigth-order smoothing found to produce asymptotic
performance in experiment 1. It was found that this proce-
dure effectively corrected for the differential filter delays and
eliminated the apparent asynchrony across channels.

One group of 18 subjects heard the three-band condi-
tions and another group of 20 subjects heard the four-band
conditions �different group sizes were required for proper
balancing�. Subjects heard 20 sentences in each condition.
As before, the sentence list-to-condition correspondence was
balanced, conditions were presented in random order, and
test sentences were presented only once. Procedures were the
same as those employed in experiment 1, except that 10 ad-
ditional CID sentences, processed in accord with the first-
heard condition, were presented as additional practice prior
to the first test condition.

B. Results

Figure 3 shows the intelligibility of the three- and four-

FIG. 3. Intelligibility of CID sentences presented as either three �open sym-
bols� or four �filled symbols� amplitude-modulated noise carriers. Points
represent the center frequency of the band having smoothing at 400 Hz,
whereas the other bands in the array had smoothing at 16 Hz. Dotted refer-
ence lines show intelligibility in corresponding three-band conditions pre-
sented to a separate group of listeners in which all channels had smoothing
at 16 Hz �lower line� or 400 Hz �upper line�.
band conditions as a function of the band having the in-
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creased temporal rate. As can be seen, scores in the four-
band conditions were similar when each of the individual
bands was subjected to an increase in rate. A repeated-
measures ANOVA on these conditions was marginally non-
significant �F�3,57�=2.74, p=0.052�. However, scores in the
three-band conditions were higher when the band having the
highest spectral frequency possessed the highest temporal
rate. A repeated-measures ANOVA was significant
�F�2,34�=12.01, p�0.001�, and Tukey posthoc testing indi-
cated that scores were equivalent when either the low- or the
mid-frequency band was raised in rate, but that these scores
were lower than that obtained when the highest spectral band
was raised in rate �p�0.05�.

Additional data were collected for comparison to the
three-band conditions and are also presented in Fig. 3. In
these conditions, all bands were smoothed at 16 Hz �lower
dotted line� or at 400 Hz �upper dotted line�. These data were
produced by an additional group of 18 listeners having the
same characteristics as those employed in the formal experi-
ments. Fifteen sentences were heard in each condition and all
other processing and presentation procedures were the same
as those employed previously. Although obtained from a
separate group of listeners, these comparison data indicate
that the increased temporal rate had little or no effect when
presented to only the low- or middle-frequency bands, but
that it produced a substantial increase in intelligibility when
presented in the higher spectral frequencies. However, it is
equally clear that the use of these cues was not restricted
exclusively to the higher spectral frequencies, as intelligibil-
ity was far higher when all three bands possessed the higher
temporal rate.

IV. GENERAL DISCUSSION

Experiment 1 shows that, as with filtering in the spectral
domain, information contained within the skirt of the tempo-
ral smoothing filter can contribute considerably to the intel-
ligibility of speech signals represented by primarily temporal
cues. A comparison between the curves in Fig. 2 indicates
that the intelligibility obtained using a 16-Hz cutoff at
6 dB/octave was roughly equivalent to that obtained using
an otherwise identical stimulus having a 100-Hz cutoff at
96 dB/octave �trace a horizontal line across curves at ap-
proximately 28% intelligibility�. The inclusion of additional
temporal detail beyond the nominal cutoff is apparent from
the upper two panels of Fig. 4, which show temporal patterns
extracted at 16 Hz and relatively steep versus shallow slopes.
Although not visually identical, the middle and lower panels
show some similarity in temporal patterns obtained using the
different smoothing parameters that yielded similar intelligi-
bility scores.

In the spectral domain, increases in filter slope beyond
several hundred dB/octave can have profound effects on
narrow-band sentence intelligibility �Healy, 1998; Warren et
al., 2004�. For example, the intelligibility reduction shown in
Fig. 1 occurred with increases in slopes beyond 100 or
300 dB/octave. In contrast, Fig. 2 shows that the influence

of filter slope on temporal smoothing may be constrained to
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relatively shallow angles—the largest changes in perfor-
mance were observed between 6 and 48 dB/octave.

In experiment 2, where an increase in temporal rate was
applied to individual spectral bands, performance was simi-
lar across conditions when the spectrum was represented by
four channels. However, when the spectrum was represented
more sparsely, intelligibility was increased only when the
increased rate was applied to the highest spectral frequen-
cies. This result is in accord with those of Silipo et al. �1999�
employing lower temporal rates, and those of Lorenzi et al.
�1999� and Apoux and Bacon �2004� using fixed temporal
rates. The indication that higher temporal rates may be of
particular significance in higher spectral regions may reflect
the larger bandwidths of auditory filters at higher center fre-
quencies.

However, it was also the case that scores were far higher
when all three spectral regions were raised in temporal rate,
than when any individual band was raised. Thus, it is also
apparent that these temporal cues can be effectively pro-
cessed across the spectrum. Potentially interesting is the fact
that a strong synergy appears to exist in which increases in
temporal rate were most effective when distributed across all
spectral regions, rather than when isolated to one.

The current results have implications for experiments
involving vocoder simulations of speech. It is suggested that
the restriction of temporal information requires smoothing
slopes of at least 48 dB/octave. Further, a better understand-
ing of the spectral specificity of temporal cues has the poten-
tial to further our understanding of speech processing and
assist the design of more advanced signal processing strate-
gies.

V. CONCLUSIONS

It was found that the slope of the temporal smoothing

FIG. 4. Temporal patterns corresponding to a pair of CID sentences ex-
tracted using the low-pass smoothing parameters indicated. Time divisions
are 0.2 s /DIV.
filter had a large effect on the intelligibility of sentences
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represented by a small number of temporal patterns. How-
ever, unlike filtering in the spectral domain, the impact on
performance was found to be restricted to rather shallow
slopes. When an increase in temporal rate was presented to
individual regions of the spectrum, performance enhance-
ment was largest in the higher spectral region. However, per-
formance was greatest when these higher-rate cues were dis-
tributed across spectral frequencies, indicating that their
effective use is not constrained to only high spectral regions.
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1Excessively-steep temporal smoothing filters can cause the envelope to
become negative and result in overmodulation �see Drullman et al., 1994�.
To ensure that the current results were not affected in this way, additional
stimuli were prepared in which the envelope signals following rectification
and LP filtering were subjected to an additional half-wave rectification prior
to multiplication with the carriers. This processing left the positive enve-
lope values intact, and so had essentially no effect on these stimuli where
overmodulation was generally absent. However, the procedure served to
ensure that no negative envelope values or overmodulation existed. No
differences were observed for stimuli incorporating this control.

2If temporal rate is assumed to be restricted to half the speech and carrier
bandwidth, then rates for the lowest band in the three-band array was lim-
ited to 350 Hz, rather than the 400 Hz dictated by LP smoothing. Similarly,
the lower two bands in the four-band array were limited to 325 and 375 Hz.
However, in additional measurements using these materials and the current
three noise-band conditions, intelligibility by NH listeners was found to
asymptote at 100 Hz �statistically� or 250 Hz �numerically�. Thus, all
source and presentation bandwidths employed were sufficiently wide to
carry temporal information at rates up to the limits of useful information.
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