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1. Introduction
Speech signals can be represented as a sum of amplitude

modulated frequency bands. This sum can also be regarded
as a temporal amplitude envelope with carrier (temporal fine
structure). A study using noise-vocoded speech showed that
the temporal amplitude envelope of speech plays an important
role in the perception of linguistic information [1]. Human
speech includes not only linguistic information, but also
nonlinguistic information such as speaker individuality.
Kazama et al. [2] reported that it is possible to express
speaker individuality information in connection with the dif-
ference in narrow-band temporal envelope correlation ma-
trices. They confirmed that the temporal amplitude envelope
of speech contains not only linguistic information, but also
speaker individuality information.

Modern psychophysical models of temporal modulation
processing suggest that the temporal amplitude envelope is
processed by a modulation filterbank [3]. Therefore, in the
auditory system, modulation frequency analysis should be
used to extract the linguistic and nonlinguistic information
from the temporal amplitude envelope of speech. The
modulation frequency bands in the range between 4 and
8 Hz are reported to be important for the perception of
linguistic information in noise-vocoded speech [4]. For
speaker individuality, the modulation frequency bands rang-
ing from 3 to 15 Hz have been shown to be robust enough for
a machine to identify the speaker [5]. However, whether these
modulation frequency bands account for the perception of
speaker individuality remains unknown.

The purpose of the present study is to clarify which modu-
lation frequency bands can contribute to the perception of
linguistic and speaker individuality information in the tempo-
ral amplitude envelope of speech. Two separate experiments
were conducted to investigate the effect of controlling the
highest modulation frequency of the speech signal on the
recognition of words and speaker by using noise-vocoded
speech. The originality of this study is that it investigated im-
portant cues for perception of linguistic and speaker individ-
uality information by systematically controlling the modula-
tion component of the temporal amplitude envelope of speech.

2. Experiment 1: Word intelligibility tests
Two experiments were carried out in this paper. In the

first experiment, accurate modulation frequency bands related
to speech perception were confirmed. In order to focus on
temporal envelope cues, noise-vocoded speech was used as
the stimuli. Noise-vocoded speech was generated by trans-
forming the temporal fine structure of speech to noise.
2.1. Test materials

The test materials in this experiment were chosen from
the Familiarity-controlled Word-lists (FW03) [6]. The speech
signal of the word list had a sampling frequency of 48 kHz.
The words were composed of four morae. To eliminate the
effect of familiarity on recognizing linguistic information, the
familiarities of all words was at the lowest rate, i.e. between
1.0 and 2.5.
2.2. Signal generation

Figure 1 illustrates a schematic diagram of the noise-
vocoder method used to generate the stimuli. Speech signal
was first divided into several frequency bands. The bandwidth
and boundary frequencies of the band-pass filter (sixth-order
Butterworth IIR filter) were defined using ERBN (equivalent
rectangular bandwidth) and ERBN-number scale [7]. The
ERBN-number scale is comparable to a scale of distance along
the basilar membrane so that the frequency resolution of the
auditory system can be faithfully replicated by dividing
frequency bands according to the ERBN-number. However, if
the bandwidth is narrow such as only 1 ERBN, the linguistic
information contained in the frequency domain may be used
as robust cues rather than the temporal envelope. To provide
suitable temporal envelopes as robust cues, the relative
wide-bands according to ERBN-numbers were used under
the assumption that the signal of adjacent channels should be
co-modulated. Thus, the boundary frequencies of the band-
pass filter were defined from 2 to 32 ERBN-number with 3
ERBN.

The temporal envelope of the signal was extracted by
making the Hilbert transformation and performing low-pass
filtering (second-order Butterworth IIR filter). To investigate
the upper limit of modulation frequency band relating to
speech perception, the cut-off frequency of the low-pass filter
was varied from 1 to 30 Hz in increments of 1 Hz. The
temporal amplitude envelope of the signal in each channel
served to amplitude modulate (AM) the band-limited noise
which was generated by band-pass filtering white noise with
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the same boundary frequency. Finally, all AM band-limited
noises were summed to generate the noise-vocoded speech.
2.3. Procedure

Four male native Japanese speakers participated in this
experiment. All participants had normal hearing (hearing
losses of the participants were below 12 dB in the frequency
range from 125 to 8,000 Hz).

There were 180 trials in a session (30 cut-off frequen-
cies � 6 words). The words for all trials were different. The
trials were conducted in random order. Participants could
replay the words as any time as they wanted. The task of the
participants was to input a word of four morae as they
understood it by using a keyboard. The participants had a
break once every 45 trials. 45 practice trials were carried out
before the actual trials.

The experiment was conducted while the participants
were in a sound-proof room. The sound pressure level of
background noise was lower than 25.8 dB. The stimuli were
simultaneously presented to both ears of a participant through
a PC, audio interface (RME, Fireface UCX), and a headphone
(SENNHEISER HDA 200). The sound pressure levels were
calibrated to be the same among participants by using a head
and torso simulator (B&K, type 4128) and sound level meter
(B&K type 2231).
2.4. Results

The number of correct mora was counted at each cut-off
frequency of the low-pass filter. As only four-mora words
were used, the upper limit of the number of correct mora
should be four. Figure 2 shows the results of averaged correct
number of mora related to the cutoff frequency of the low-
pass filter. The results of the ANOVA (analysis of variance)
indicated there was a significant main effect of the cut-off
frequency of the low-pass filter (Fð29; 87Þ ¼ 18:98, p <
0:05). Moreover, as a result of a post hoc Turkey’s HSD
(honestly significant different) test, there were significant
differences between the conditions of 1 and 3–30 Hz. There
were also significant differences between the conditions of
2–4 Hz and 5–30 Hz. When the cut-off frequency was more
than or equal to 5 Hz, the results of averaged correct number
of mora were almost the same. However, when the cut-off
frequency was less than 5 Hz, the average correct number of
mora suddenly decreased and was almost 0 at 1 Hz. This result
indicates that the modulation frequency components of less

than 5 Hz are important for accurately recognizing linguistic
information.

3. Experiment 2: Speaker identification
The second experiment investigated the effect of control-

ling the highest modulation frequency of the speech signal on
speaker identification.
3.1. Test materials

The test materials in this experiment were chosen from
the Advanced Telecommunications Research (ATR) speech
database set C. Speech data of 10 female speakers, wherein
each speaker spoke 10 sentences were used. The length of
each sentence ranged from 4 to 7 seconds. All speech signals
had a sampling frequency of 20 kHz.
3.2. Signal generation

The signal generation method was the same as in
Experiment 1, with the exception that the boundary frequen-
cies of the band-pass filter and low-pass filter were changed.
In the experiment 1, it was found that if the bandwidth is too
narrow, the frequency domain may be used as robust cues
rather than the temporal envelope. For the same reason, to
provide suitable temporal envelopes as robust cues for speaker
identification, the bandwidth was set to 2 ERBN. Moreover, it

Fig. 1 Schematic diagram of the noise-vocoder method used to generate the stimuli (BPF: band-pass filter, LPF: low-pass
filter, and NBN: narrow-band noise).
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Fig. 2 Average correct number of mora related to cutoff
frequency of low-pass filter.
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is known that speaker individuality information exists mainly
in the frequency bands higher than 22 ERBN-number [8].
Therefore, in this experiment, the upper limit of the frequency
band extended to 35 ERBN-number. The boundary frequen-
cies of the band-pass filter were defined from 1 to 35 ERBN-
number with 2 ERBN. To investigated the modulation
frequency bands accounting for the speaker identification,
the cut-off frequency of the low-pass filter was set to 1, 2, 4, 8,
16, 32, or 64 Hz.
3.3. Procedure

Six native Japanese speakers (five males and one female)
participated in this experiment. All participants had normal
hearing (the hearing losses of the participants were below
12 dB in the octave frequency range from 125 to 8,000 Hz).

This experiment was carried out by using XAB test
procedure, which is illustrated in Fig. 3. One trial consisted of
three different speech signals (X, A, and B). The contents of
stimuli X, A, and B are shown below.

X: Original speech signal
A: Noise-vocoded speech with the same speaker of X
B: Noise-vocoded speech with a different speaker of X

Participants were asked to select which speaker, A or B, was
similar to the speaker of X. Stimuli were presented in both
XAB and XBA orders to counterbalance any effects due to
the order of presentation. The number of stimuli was 140, and
the participants were allowed to listen to each stimulus only
once. The equipment of this experiment was the same as the
experiment 1.
3.4. Results

Figure 4 shows the mean value and standard deviation of
the speaker identification rate. The speaker identification rate
increased as the cut-off frequency of the low-pass filter
increased from 1 to 16 Hz. The results of the ANOVA
indicated that there was a significant effect of the cut-off
frequency (Fð6; 30Þ ¼ 8:309, p < 0:05) on the speaker iden-
tification. In addition, as a result of a post hoc Turkey’s test,
there were significant differences between the conditions of
1 Hz and 8–64 Hz. The results suggest that the modulation
frequency components less than about 16 Hz should be
important for speaker identification. The upper limit of the
modulation frequency band that contains individuality in-
formation should be between 8 to 16 Hz.

4. Discussion
The prosodic structure of Japanese is based on mora.

Mora is repeated with a steady rhythm. This means that the
cycle of morae is important for Japanese. The total length of
the speech signals of four morae used in the experiment was
about 1,000 ms; thus, the duration of one mora was about
250 ms. If this duration is one cycle of morae repetition, the

outline of the primary shape of the amplitude modulation
based on the moraic syllable structure should be represented
by 4 Hz modulation. Therefore, the moraic syllable structure
will be destroyed when the cut-off frequency of the low-pass
is lower than 5 Hz. The results of experiment 1 showed that
the linguistic information decreased when the maximum
modulation frequency was less than 5 Hz. This suggests that
the shape of the temporal envelope of the moraic syllable
structure is an important factor in recognizing linguistic
information.

The results of the speaker identification experiment in
Fig. 4 showed that it is difficult to recognize the speaker when
the cut-off frequency of the low-pass filter is 1 Hz. It is
confirmed that the modulation components at least beyond
1 Hz does contribute to the perception of speaker individuality
information. Previous work showed that the modulation
frequency band ranging from 3 to 15 Hz can be used by a
machine to identify the speaker [5]. That means there is
speaker individuality information in that modulation frequen-
cy band. The results in the experiment 2 suggest that this
speaker individuality information may also be used by
humans in speaker identification. Different from the percep-
tion of linguistic information, higher variations of temporal
envelope are important for speaker identification.

5. Conclusions
In this study, the effect of controlling the highest modu-

lation frequency of noise-vocoded speech on the recognition
of words and speaker were investigated to clarity the modu-
lation frequency bands related to the perception of linguistic
and speaker individuality information. The highest modula-
tion frequency of the speech signal was controlled by low-
pass filtering the temporal amplitude envelope of the speech.
The results of word intelligibility tests showed that the
average correct number of morae decreased when the highest
modulation frequency was less than 5 Hz. This suggests that
the shape of the temporal envelope of the moraic syllable
structure is an important factor in recognizing linguistic
information. The results of the speaker identification experi-

Fig. 3 XAB test procedure in experiment 2.
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Fig. 4 Results of speaker recognition rate in the experi-
ment 2.
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ment showed that the modulation components less than
about 8 or 16 Hz should contribute to the perception of
speaker individuality information. Different from the percep-
tion of linguistic information, higher variations of the
temporal amplitude envelope are important for speaker
identification.
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