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ABSTRACT

A method for estimating number of speakers of
mixed speech signals was proposed. The algorithm
was based on the modulation characteristics of
speech, specifically that a single speech utterance
typically has a distinct modulation pattern with a
peak around 4-5 Hz. Having observed that the
modulation peak decreases as number of speakers
increases, our estimation algorithm used the region
of the modulation frequency between 2 and 8 Hz.
We obtained a novel parameter we called
“equivalent number of speakers” to estimate the
number of simultaneous speakers when speech
signals contain multiple speakers.

1. INTRODUCTION

A speech signal is often modeled as an amplitude-
modulated signal, where the resonator acts as a
modulator and the sound source acts as a carrier.
Usually, the frequency characteristics of the
resonator vary as a function of time. Thus, the
modulator dynamically changes in time, and
therefore, it is important to consider the modulation
characteristics when we describe speech signals. It
has been reported by many researchers that the 4-5
Hz components of the modulation frequency are
typically dominant when temporal dynamics of
speech features are analyzed (Houtgast and
Steeneken, 1985; Greenberg, 1995; Arai and
Greenberg, 1997).

On the other hand, the human auditory system has
band-limited characteristics for the temporal
dynamics of speech, such that speech intelligibility
declines once the 1-16 Hz modulation components
of the speech signal are lost (Drullman et al., 1994;

Arai et al., 1999). Thus, modulation characteristics
are crucial in speech perception.

The modulation pattern is also useful when
discriminating speech from other signals, such as
noise and music (e.g., Karneback, 2001). In this
study, we first analyze the modulation characteristics
of mixed speech signals uttered by multiple speakers
at a time. Second, we propose a novel parameter
called “equivalent number of speakers” to estimate
the number of speakers talking simultaneously.

2. CHANGE OF THE MODULATION
SPECTRUM VS. NUMBER OF SPEAKERS

When a speaker is talking, the speech signal
typically has a distinct modulation spectrum with a
peak around 4-5 Hz. When more than one speaker is
talking at the same time, the mixed speech signal has
a more complex modulation pattern. In fact, each
modulation pattern is out of phase relative to the
others. As a result, the modulation spectrum
becomes less distinct.

To see the change in shape of the modulation
spectrum, we conducted a simple analysis
experiment. First, eight TIMIT sentences were
chosen randomly. Then, mixed speech signals were
obtained by adding time signals after normalizing
the signals with their root-mean-square values. All
combinations were calculated; Table 1 shows the
number of combinations versus the number of
speakers.

Table 1: Number of combinations vs. number of
speakers for the analysis experiment.

#speaker   1   2   3   4   5   6   7  8
#combinations   8 28 56 70 56 28   8  1
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Figure 1 shows the spectrograms of mixed speech
signals from one (a) to eight (h) speakers.  As you
can see from Fig. 1, the patterns are smeared as the
number of mixtures increases.

The process used to obtain the eight lines of data in
Fig. 2 is as follows:

Eight (TIMIT) sentences were used, s1 to s8.

For 1 speaker, s1 to s8 were used to compute the
modulation spectrum for each sentence.  Eight
modulation spectra were obtained, the results were
averaged, and one line was obtained.

For 2 speakers, all combinations were made:
1) s1+s2, 2) s1+s3, 3) s1+s4, 4) s1+s5, 5) s1+s6, 6)
s1+s7, 7) s1+s8, 8) s2+s3, 9) s2+s4, 10) s2+s5, 11)
s2+s6, 12)s2+s7, 13) s2+s8, 14) s3+s4, 15) s3+s5,
16) s3+s6, 17) s3+s7, 18) s3+s8, 19) s4+s5,
20) s4+s6, 21) s4+s7, 22) s4+s8, 23) s5+s6, 24)
s5+s7, 25) s5+s8, 26) s6+s7, 27) s6+s8, 28) s7+s8.
Twenty-eight modulation spectra were computed for
all 28 mixtures (each mixture contains two-speaker's
speech sounds), and averaged, and one line was
obtained.

For 3 speakers, all 56 combinations were made.
The 56 modulation spectra from all 56 mixtures
were computed, averaged, and one line was obtained.

The process continued similarly for 4-8 speakers.
For 4 speakers, 70 combinations were made and
averaged and one line was obtained. For 5 speakers,
56 combinations were made and averaged and one
line was obtained.  For 6 speakers, 28 combinations
were made and averaged and one line was obtained.
For 7 speakers, 8 combinations were made and
averaged and one line was obtained. For 8 speakers,
only one combination was made, and one line was
obtained.

Fig. 1: Spectrograms of mixed speech from one (a)
to eight (h) speakers.
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Fig. 2: Average modulation spectra of the eight
TIMIT sentences. Each line corresponds to the
average modulation spectrum for each number of
speakers.

Figure 2 shows the average modulation spectra of
the eight TIMIT sentences. To compute this figure,
500-2000 Hz region was used. This is because this
frequency region has more energy, so that the
modulation characteristics can be more stable
(Greenberg and Arai, 1998). Each line corresponds
to the average modulation spectrum for each number
of speakers. The average was taken among all
combinations for each mixture. This figure shows
the change of the modulation spectrum as the
number of speakers increases. Modulation indices in
the range between 2 and 8 Hz of the modulation
frequency decrease as a function of the number of
speakers.

Fig. 3: Modulation index vs. number of speakers.

Fig. 4: Block diagram of the proposed estimation
procedure of the number of speakers.

3. EQUIVALENT NUMBER OF SPEAKERS

In Fig. 2, we saw that the modulation indices
between 2 and 8 Hz decreased as the number of
speakers increased. This, in fact, suggests that we
can compute a curve for estimating the number of
speakers of unknown speech signals. In other words,
we can define a curve of “equivalent number of
speakers” and used it to estimate number of speakers
by analyzing the average modulation indices in the
range of 2-8 Hz of the modulation frequency.

Figure 3 shows the modulation index vs. the
number of speakers. This curve was computed by
averaging the modulation indices between 2-8 Hz of
the modulation frequency and plotted as a function
of the number of speakers. From this figure, we
confirmed the declining tendency in an explicit way.

Figure 3 can be modeled based on the minimum-
square-error criterion as follows:

,1734.0
8697.0

1 +
+

=
sN

MI (1)

where MI  is the modulation index and sN  is the
number of speakers. The curve of the “equivalent
number of speakers” is defined as the inverse
function of Equation (1).

By using this curve, we are able to estimate the
number of speakers in a mixed signal. Figure 4
shows the block diagram of this proposed estimation
procedure. A speech signal was first input to the
bandpass filter between 500-2000 Hz. Then, the
envelope of the band-limited signal was computed.
The modulation indices between the modulation
frequencies of 2 and 8 Hz were computed. Finally,
an estimation of the number of speakers was
obtained by looking up the “equivalent number of
speakers” curve with the averaged modulation
indices. For example, let us suppose an average
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modulation index of a signal is 0.5. The curve
indicates that there can be two speakers talking at
the same time, because the estimation from the curve
is 2.2.

4. CONCLUSIONS

We proposed a novel method for estimating
number of speakers of mixed speech signals. The
algorithm was based on the modulation
characteristics of speech. We first analyzed TIMIT
sentences and observed that the modulation peak
decreases as the number of speakers increases.
Finally, we established the estimation algorithm by
using the region of the modulation frequency
between 2 and 8 Hz. The curve of “equivalent
number of speakers” allowed us to estimate the
number of simultaneous speakers when speech
signals are mixed by multiple speakers.
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