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Abstract

The current paper discusses two approaches to enhanced
speech in reverberation/noise: machine signal processing and
human speech production. We reviewed the speech
enhancement techniques, including steady-state suppression
and compared the modulation spectra of speech signals before
and after processing. We also introduced the Lombard-like
effect of speech in reverberation, and compared the
characteristics of speech signals, including the modulation
spectra between speech signals uttered in quiet and
reverberation. We found that the enhanced speech signals

have distinct characteristics that yield higher speech
intelligibility.
Index Terms: speech enhancement, steady-state

suppression, modulation spectrum, intelligibility of speech,
reverberation, Lombard effect

1. Introduction

In the past, researchers have explored speech enhancement
techniques to improve the intelligibility of speech in different
listening conditions. Many studies have focused on signal
processing after speech signals were degraded by
environmental noise and/or reverberation. In such studies, the
main goal of the signal processing is to recreate a signal that is
as close as possible to the original signal, that is, “speech
restoration”. Other techniques have focused on signal
processing to “enhance” speech signals, so that the processed
signal is more intelligible than the original one, that is,
“speech feature exaggeration.”

There are several types of speech feature exaggeration in
both the spectral and temporal domains. One technique in the
spectral domain is formant enhancement (e.g., [1]). This
technique emphasizes spectral peaks, such as formants, that
are important for speech perception, and it is reported that
formant enhancement yields better intelligibility especially for
elderly and/or hearing-impaired listeners. “Frequency
compression” is another spectral domain enhancement
technique (e.g., [2]). Frequency compression can be useful for
listeners who do not have flat audiograms. Another frequency
compression technique is called “critical-band compression”
[3]. Critical-band compression improves the intelligibility of
speech for hearing-impaired listeners by compressing
frequency components within each critical band towards the
center frequency [3, 4].

There are also several speech enhancement techniques that
operate in the temporal domain. One temporal domain
technique is “time-scale modification” (TSM; e.g., [4]), where
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an input speech signal is elongated without lowering the
fundamental frequency. This technique changes the length of
the utterance, so special treatment is needed for real-time
processing.  Another temporal domain technique is
“modulation filtering” (e.g., [5]). In our previous studies [6],
we conducted perceptual experiments where the intelligibility
of processed speech by modulation filtering was tested in
simulated reverberant environments. In these studies, the
speech signal processed with modulation filtering was more
intelligible for normal and hearing-impaired listeners.

Arai et al. [7, 8] further proposed steady-state suppression
(SSS) to improve speech intelligibility. This technique
deemphasizes steady-state portions of speech that are less
important for speech perception. It is believed that SSS
reduces temporal masking, and it has been reported that
speech processed with SSS has higher intelligibility than the
original signal for elderly listeners [9, 10]. It is also pointed
out that SSS reduces so-called ‘“overlap-masking” in
reverberation, which is known to be one of the main factors
degrading the intelligibility of speech [11]. Hodoshima ef al.
[12] showed that SSS significantly improved the intelligibility
of speech in reverberant environments.

Combining TSM and SSS turns out to be synergistic. Arai
et al. [13] pointed out that a simple time-scale elongation is
not the best way to reduce overlap-masking, because vowel
portions are usually elongated in slow speech but have more
speech energy. The combination of TSM and SSS yielded
better performance in reverberant speech.

We have found it useful to take into account the nature of
speech production when researching how to improve speech
intelligibility in severe environments. This is because when
people speak, they adapt their speech to compensate for noise
and reverberation. Many studies have looked at noisy speech
and shown that the acoustic characteristics in the temporal and
spectral domains (e.g., intensity, duration, FO, F1 and F2) are
different than those of speech spoken in quiet [14, 15]. This is
known as the Lombard effect (e.g., [16]). It has also been
discussed that speech uttered in noise is more often intelligible
than that uttered in quiet. However, the same scrutiny has not
been applied to reverberant speech. Precisely how people
modify the acoustic characteristics of their speech in
reverberant environments has not been clarified. [14-16].

One of our goals is to provide intelligible speech
announcements in noisy and/or reverberant public spaces,
such as train stations. In this paper, we discuss “enhanced
speech” with two approaches (machine signal processing and
human speech production) that focus on yielding higher
speech intelligibility. In the current paper, we review the SSS
technique, comparing the modulation spectra of the original
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and processed speech signals. Then, we compare the
enhanced speech signals in noise/reverberation with ones in
quiet. Finally, we use listening tests for young and elderly
participants to show that the enhanced speech sounds are
intelligible in reverberation as well as in noise. We show that
steady state suppression yields intelligible speech for all
listeners (from young through elderly) and all environments
(in noise and reverberation).

2. Steady-state suppression

2.1. Background

Speech sounds reflect the static as well as dynamic aspects of
speech production. Speech may be seen as the sequence of
syllables where the onset and coda of each syllable are
dynamically changing in time, because of co-articulation,
while the nucleus, although it does contain some information,
is more steady and has more energy. It has been shown that
the information in steady-state portions of a speech signal,
such as syllable nuclei, is relatively insignificant compared
with the information in transient portions, like the syllable
onset and coda [17]. RelAtive SpecTrAl (RASTA) processing,
which relies on this observation, enhances transitions of
speech to improve performance of automatic speech
recognition (ASR) [18]. Like RASTA, modulation filtering
also enhances the modulation frequency components between
1 and 16 Hz, that are important for both human speech
perception [19] and ASR [20].

As in RASTA processing, SSS enhances the transitions,
while the steady-state parts are suppressed or attenuated.
While RASTA and modulation filtering apply a linear filter on
the temporal envelope domain, SSS detects steady-state
portions by using Furui’s measure [21] and suppresses them
by directly manipulating the temporal envelopes.

2.2. Comparison of the modulation spectra

Figures 1 and 2 show the modulation spectra of the original
speech and speech processed by SSS, respectively. The
modulation spectrum is used because it is reported that this
measure reflects speech dynamics and is well correlated with
the intelligibility of speech [22]. In this figure, 32 sentences
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Figure 1: Modulation spectra of the original speech
signals.
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were used to compute the modulation spectra. For each
sentence, band pass filters were used to divide a speech signal
into four frequency bands (Band 1: 0-800 Hz; Band 2: 800-
1600 Hz; Band 3: 1600-3200 Hz; and Band 4: 3200-8000 Hz).
For each band-passed signal, the temporal envelope was
extracted and the modulation indices were computed based on
Houtgast and Steeneken’s definition [23]. Finally, all the
modulation spectra among 32 sentences were averaged within
each frequency band.

As shown in Fig. 1, the main peak in the modulation
frequency is located around 4 Hz, which reflects the syllabic
rate of speech. For the processed speech, the strong increase in
the modulation index around 10 Hz, which reflects phonemic
rate of speech, is observed, as discussed in [12].

3. Lombard-like effect in reverberation

3.1. Acoustic analysis of in

noise/reverberation

speech produced

In this section, we show how a Lombard-like effect was
observed in speech spoken in reverberant environments as
reported in noise [14-16]. This section references Hodoshima
et al. [24] for its acoustic analysis of speech. We recorded ten
words (4 morae each) in a carrier sentence spoken by four
young native speakers of Japanese in a sound-proof room. The
recording conditions were quiet (Q), with white noise (N) and
reverberation (R1 and R2) provided to the speakers through
their headphones. Reverberation time (T60) of the impulse
responses were 3.6 s (R1) and 12.3 s (R2). The impulse
responses were recorded at a church and a tunnel, respectively.
Figure 3 shows the mean acoustic characteristics of speech
produced in Q, N, R1 and R2. The results showed that (1)
modification in speech production was observed in
reverberation (i.e., an increase in word duration, overall
intensity, FO, F1, and a decrease in consonant-vowel intensity
ratio), (2) a similar modification was observed both in
reverberant and noisy environments, although the changes are
not exactly the same, and (3) reverberation time slightly
affected the degree of the modification. The results suggest
that speakers modify their speech production in specific ways
depending on the acoustic environment (i.e., noise and
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Figure 2: Modulation spectra of the speech signals
after steady-state suppression.
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Figure 3: Mean acoustic characteristics of speech spoken in quiet (Q), noise (N) and reverberation (RI1 and
R2). An asterisk shows a significant difference at p<0.01. (Data are replotted from [24].)

reverberation). A larger inter-speaker difference in reverberant
environment (not shown in the figure) indicates that different
speakers use different strategies of speech enhancement to
cope with reverberant sounds than they use to cope with
relatively stationary white noise.

3.2. Intelligibility
noise/reverberation

of speech spoken in

The intelligibility of the speech spoken in reverberation/noise
was compared with quiet speech by means of listening tests
carried out in reverberant/noisy listening environments. The
recording conditions were essentially the same as in Section
3.1 except that 32 new words in a different carrier sentence, 2
new speakers, and 1 reverberation condition (R1) were used.
Participants were 32 young (4 males and 28 females, 23 years
old on average) and 32 elderly (11 males and 21 females, 72
years old on average). All were native speakers of Japanese.
For the listening condition, either white noise was added or an
impulse response (Ra, Rb) was convolved with the speech
spoken in each of Q, N or R. This yields 6 listening
conditions: Q N, N N, Q Ra, Q Rb, Rl Ra, and R1 Rb. For
example, Q N refers to when the recording was in quiet (Q)
and the listening test was conducted in noise (N); the other
abbreviations are interpreted in the same way. Signal-to-noise
ratio was -2 dB for the young participants and 2 dB for the
elderly participants. Reverberation times were 2.6 s (Ra) and
3.6 s (Rb) for the young participants and 1.5 s (Ra) and 2.5 s
(RD) for the elderly participants.

Figure 4 shows the mean percent correct of mora of the
young participants. The results showed that N N, R1_Ra and
R1_Rb had significantly higher mora identification scores
than Q N, Q Ra and Q_Rb, respectively. This indicates that
speech spoken not only in noise but in reverberation was more
intelligible than speech spoken in a quiet environment.
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Figure 4: Mean percent correct of mora of young participants
(left: listening test in noise, right: listening test in
reverberation). An asterisk shows a significant
difference at p<0.01. (Data are replotted from the
partof [25].)

The results of the elderly participants showed similar
tendencies. Since elderly people generally have more
difficulty understanding speech with noise/reverberation as
compared to quiet, the results imply that speech enhanced in
this way will help the elderly understand speech in
noisy/reverberant public spaces.

3.3. Comparison of the modulation spectra

Figure 5 shows the modulation spectra of the speech signals in
quiet and in reverberation. In this figure, again, the same 32
sentences were used to compute the modulation spectra as in
Section 2.2. As shown in this figure, the main peak in the
modulation frequency is located around 4 Hz as observed in
Fig. 1. The slight increase in the modulation index around 4
Hz of the speech in reverberation (especially in the 4th band)
is also observed.
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Figure 5: Modulation spectra of speech signals uttered
in reverberation.

4. Conclusions

In this paper, we reviewed steady-state suppression and
compared the modulation spectra of speech signals before and
after processing. We also discussed the Lombard-like effect of
speech in reverberation from both the speech production and
speech perception perspective. We showed that speakers
talking in reverberant environments changed the acoustic
characteristics of their speech and were more intelligible as
compared to speech produced in quiet. In the future, we would
like to discuss distinct characteristics of enhanced speech
signals and compare them with the results of perceptual
experiments. A possible application of these studies would be
to develop signal processing of announcements or instructions
in all environments, and specifically in public spaces, where
relatively higher speech intelligibility is required.
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