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1. Introduction

It is known that strong reverberation affects speech
intelligibility. Although early reflections often help speech
intelligibility (the Haas effect, e.g., [1]) late reflections
degrade speech intelligibility [2]. Overlap-masking in rever-
berant environments is the main source of degradation in
speech intelligibility [3-5]. Because of overlap-masking,
reverberant components of prior speech segments mask
successive segments. As a result, speech segments following
reverberating segments are more difficult to understand. As
the energy of the prior segments increases, the effect of
overlap-masking also increases. This fact is particularly
important when the reverberating segment is a vowel (which
has more power) and the subsequent segments are consonants
(which have less power) [6,7].

To reduce overlap-masking, Arai et al. [6,7] proposed
“steady-state suppression” as a preprocess for speech signals
in reverberant environments. Strange er al. [8] showed that
the information in steady-state portions of a speech signal was
relatively insignificant compared with the information in
transient portions. Additionally, steady-state portions usually
have more energy compared to transients. The “steady-state
suppression” technique reduces overlap-masking by estimat-
ing and suppressing the more powerful yet less significant
steady-state portions of speech, such as the nuclei of syllables.

From the results of several experiments in simulated
and actual sound fields, we have already confirmed that when
we apply this process between a microphone and loud-
speaker, it significantly improves speech intelligibility in
reverberant environments (reverberation times of 0.8-1.35s)
[e.g.,6,7,9-12].

On the other hand, we know empirically that speaking
slowly helps to increase speech intelligibility, particularly in a
large hall with a long reverberation time. In the literature, Bolt
and MacDonald [4] reported that speech intelligibility was
greatly increased by speaking slowly in a reverberant room.
This fact can be explained in terms of overlap-masking. In
faster speech, many syllables are preceding a transient part
within a short time period, and therefore, the reverberation
tails of the preceding syllables mask the transient part. In slow
speech, on the other hand, the preceding syllables are far
apart, and the number of syllables that affect the following
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transient part is less, so that the intelligibility of speech
increases.

However, Arai [13] pointed out that stretching a speech
signal is not the best way to reduce overlap-masking and
improve speech intelligibility in reverberant environments.
This is because when we speak slowly the steady-state
portions get longer and we even tend to elongate such portions
in slow speech. Since the steady-state portions, such as
syllable nuclei, usually contain more energy than others, the
elongated preceding steady-state portions still affect the
subsequent transient part in terms of overlap-masking.

Slowing speech by isolating each syllable would be more
effective for improving speech intelligibility, because, in
theory, it would significantly reduce the amount of overlap-
masking [13]. Alternatively, suppressing steady-state portions
of speech while decreasing the speaking rate may be effective.
Therefore, in the present study, we tried an approach to
improve speech intelligibility by applying steady-state sup-
pression in addition to slowing the speaking rate, so that the
amount of overlap-masking from the previous syllable can be
reduced. We conduct here a perceptual experiment using
speech samples processed by speaking-rate slowing with and
without steady-state suppression under three reverberant
conditions.

2. Steady-state suppression

In this study, we adopted the same algorithm for the
steady-state suppression method as used in the previous
studies [6,7,9—12]. This technique first splits an original signal
into 1/3-octave bands and then extracts the envelope in each
band. After down-sampling, the regression coefficients are
calculated from the five adjacent values of the time trajectory
of the logarithmic envelope of each band. Then the mean
square for the regression coefficients, D, is calculated. This
parameter D is similar to what Furui proposed to measure
spectral transition [14]. After up-sampling, we define a
portion of speech as steady-state when D is less than a given
threshold (that is the median in this study). Once a speech
portion is considered steady state, the amplitude of the portion
is suppressed. In this study, the speech portion is suppressed
to 40% of the original amplitude, as in previous studies
[6,7,9-12].

Figure 1 shows the original speech and the processed
speech signals. The original speech sample “He advised
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Fig.1 Original and processed waveforms: (a) original
speech sample; (b) slowed speech sample; (c) original
speech sample with steady-state suppression; and (d)
speech sample processed by steady-state suppression
after slowing the speaking rate.

immediate hospitalization.” was uttered by a male speaker,
taken from the TIMIT corpus [15]. Figure 1(a) is the
waveform of the original speech sample, whereas (b) is the
waveform of the slowed speech sample by the technique
described in Section 3.1 (the expansion rate was 1.3). The
waveforms of Fig. 1(c) and (d) are the speech samples
processed by steady-state suppression of the speech samples
in Fig. 1(a) and (b), respectively.

3. Perceptual experiment
3.1. Speaking-rate slowing

We compared the intelligibilities of with and without
steady-state suppression for speech samples with different
speaking rates under three reverberant conditions. For speak-
ing-rate slowing, we changed the original speaking rate (SR1:
6 morae/s) to 5 (SR2) and 4 (SR3) morae/s. To decrease the
speaking rate, we used Praat [16], which applies the pitch-
synchronous overlap and add (PSOLA) method for time-scale
modification. The PSOLA method can modify speaking rate
without changing the fundamental or formant frequencies of
the original speech signal [17].
3.2. Reverberant conditions

We conducted a perceptual experiment under artificial
reverberant environments achieved by convolving speech
samples with impulse responses. The reverberation times (T's)
of the three impulse responses we used were 1.5s (Revl),
2.0s (Rev2) and 2.5s (Rev3). These impulse responses were
created from a single impulse response (measured at a lecture
hall from the database by Sub Working Group on Research in
Speech Transmission Quality of the Architectural Institute of
Japan) by multiplying an exponential decay as in a previous
study [18]. We defined the reverberation time, T, as the time
taken for the first 10 dB drop of the decay curve of an impulse
response multiplied by six. In our case, an impulse response
was first split into octave bands and the mean Ts were
calculated for each band having a center frequency of 500,
1,000, 2,000 Hz, respectively.
3.3. Speech samples

The original speech samples consisted of 14 nonsense

consonant-vowel (CV) syllables embedded in a Japanese
carrier phrase, “Daimoku to shite wa __ to iimasu” (It is
called __ as atitle). The vowel was /a/ and the consonants
were /p, t, k, b, d, g, s, [, h, dz, d3, t[, m, n/. The speech
samples were obtained from the ATR Speech Database of
Japanese. The ratio of the root-mean square (RMS) in the
carrier phrase to that in the CVs was 1:0.7. Finally, we
prepared original speech samples, processed speech samples
by steady-state suppression, processed speech samples by
speaking-rate slowing, and processed speech samples first by
speaking-rate slowing and then by steady-state suppression.
All were convolved with each of the three impulse responses
used in this study.
3.4. Participants

Twenty-five young participants with normal-hearing (14
males and 11 females, aged 18 to 37 years) participated in the
experiment. All were native speakers of Japanese.
3.5. Procedure

The experiment was conducted in a soundproof room.
Stimuli were presented diotically through headphones (STAX
SR-303) connected to a computer via the digital-to-analog
(D/A) converter of a digital audio amplifier (MA-500U,
Onkyo) that was connected to the computer via the USB
interface. The sound level was adjusted to each listener’s
comfort level during the training session prior to the experi-
ment. A stimulus was presented in each trial and the listeners
were instructed to select one of the 16 options, including 14
CVs, vowel /a/, and ‘others,” displayed on the computer
screen. The experiment was carried out at each listener’s
pace. For each listener, 252 stimuli were presented randomly
(3 reverberation conditions x 14 CVs x 6 processing con-
ditions).
3.6. Results and discussions

Figure 2 shows the mean percent of correct responses of
the perceptual experiment for the three reverberant conditions
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Fig.2 Mean percent of correct responses of the percep-
tual experiment for the three reverberant conditions
(Revl: T=1.5s, Rev2: T =2.0s, and Rev3: T =
2.5s) and the three speaking rates (SR1: 6 morae/s,
SR2: 5 morae/s, and SR3: 4 morae/s). The dark parts
of the bars show the improvements in speech intelli-
gibility due to steady-state suppression. The asterisks
‘x%” denote significant improvement (p < 0.01) by
steady-state suppression.
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and the three speaking rates. The dark parts of the bars show
the improvements in speech intelligibility due to steady-state
suppression. We can see that steady-state suppression im-
proved speech intelligibility under all experimental condi-
tions.

As expected, although the intelligibility of speech
decreased as T got longer, it was improved by speaking-rate
slowing under each of three reverberant conditions. An
ANOVA was carried out with speaking rate (SR1, SR2 and
SR3), reverberation (Revl, Rev2 and Rev3) and processing
(unprocessed and processed) as repeated variables, and the
mean percent of correct responses as the dependent variable.
Results showed that the mean percent of correct responses
significantly differed across reverberation [F(2,48) = 124.51,
p < 0.01] and across speaking rate [F(2,48) = 168.49,
p < 0.01]. The mean percent of correct responses was also
significantly higher for processed condition than for unpro-
cessed condition [F(1,24) = 75.57, p < 0.01].

Pairwise comparison showed significant differences be-
tween all speaking-rate pairs [p < 0.01] both for unprocessed
and processed conditions at Revl. Significant differences
were also obtained between SR1 and SR2 [p < 0.05], SR2
and SR3 [p < 0.01] and SRI and SR3 [p < 0.01] both for
unprocessed and processed conditions at Rev2. At Rev3, there
were significant differences between SR2 and SR3 [p < 0.01]
and SR1 and SR3 [p < 0.01] both for unprocessed and
processed conditions.

The pairwise comparison also showed significant im-
provements by steady-state suppression for Revl with SR3,
for Rev2 with SR3, and for Rev3 with SR2 and SR3
[p < 0.01]. As the speaking rate decreased, the degree of
improvement by steady-state suppression was increased. The
improvements by steady-state suppression were statistically
significant for all of the slowest conditions (SR3). Moreover,
for SR3, we observed higher improvements by steady-state
suppression, as the T gets longer. Speech intelligibility was
particularly improved by steady-state suppression after speak-
ing-rate slowing under longer reverberant conditions (Ts of
2.0 and 2.55).

4. Conclusions
In this study, we investigated the effect of steady-state
suppression after slowing the speaking rate of a speech signal.
From the results of the perceptual experiment, we confirmed
that
(1) slowing the speaking rate improves speech intelligibility
in a reverberant environment.
The reason why (1) found is that it separates the adjacent
syllables well, and thus, overlap-masking was reduced from
the previous syllables. However, it is generally thought that
(2) a simple time-scale elongation of the steady-state
portions of speech by slowing the speaking rate cannot
effectively reduce overlap-masking.
This might be suggested that the steady-state portions usually
contain more energy, so elongating such portions might result
in the extra masking effect. In other words, there is a trade-off
between (1) decreased overlap-masking due to separating
syllables and (2) increased overlap-masking due to elongating
steady-state portions. The effect of (1) is larger than that of (2)

284

Acoust. Sci. & Tech. 28, 4 (2007)

when the speaking rate is slow enough, so that the simple
speaking-rate slowing in the perceptual experiment of this
study also showed a certain degree of improvements in terms
of speech intelligibility. However, the improvements were not
the best, and those with steady-state suppression were even
higher. Therefore, we can concluded that
(3) in addition to slowing the speaking rate, it is preferable
to suppress the steady-state portions of speech, so that
the amount of overlap-masking from the previous
syllable can be effectively reduced.
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