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Let f(n) be asampled voice signal. Our goal isto identify the voiced (V) portions of f
(as opposed to the silence (S) and unvoiced (UV) portions). In the following discussion,
the sampling rate is 22050 Hz, quantized at 8 bits. A window of length of 880 is twice the
maximum period of the minimum frequency of 50 Hz we will track in the time domain.
We use the agorithm described below to provide arobust estimate of the fundamental
period to start our glottal pulse (GP) or pitch tracker described in [1].

We compute R(f), the discrete Fourier transform (DFT) for samplesin the window.
Let T(f) = | R(f) | having eliminated the last half of R because of symmetry. If the
window contains more than one occurrence of the fundamental period of avoiced
utterance, there will be “aliasing” in T, where we define “aiasing” to be any inaccuracies
in the frequency analysis of a periodic signal resulting from a poor choice of window
size. A plot of T(f) in Figure 1 is of voiced speech.
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Figure 1(a) DFT with aliasing. Figure 1(b) DFT w/o diasing

Notice Figure 1(b) isthe envelope of Figure 1(a). The aliasing is seen in Figure 2 by
observing the large area under the DC term and under the first peak.

Thereal Cepstrum c(f) isthe logarithm of the power spectrum, c(f) =2 In | R(f) | .
From the properties of the Cepstrum, we know c(f) consists of two components. aslowly
varying component which corresponds to the spectral envelope and arapidly varying
component which corresponds to the pitch harmonic peaks[2].



Since the logarithm is monotonically increasing, R(f) aso has two components. one
which corresponds to the spectral envelope and another which corresponds to the pitch
harmonic peaks. These components can be separated by filtering, which is the traditional
way to proceed, or by a second Fourier transform, which we have found to be more
resistant to noise.

Y (F) = T(R(F)).

A graph of Y (f) in the case of avoiced utterance is shown asfollows:
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Figure?2
Plot of 2nd DFT of voiced speech, low noise

The cluster of harmonics near the origin (the DC term) is the transform of the spectral
envelope. Hence, the value of this DC term represents the total energy of the spectral
envelope in Figure 1(b). The narrow peak at tO (about 70 in this case.) is the transform of
the harmonic peaks, so its maximum value represents the total energy of the harmonic
peaksin Figure 1(a). Here the separation
between the pitch peak and the envelope transform is always great enough so that the
former can easily be distinguished.

Since unvoiced speech and silence won't produce harmonicsin its DFT, the graphs of
the second DFT will not have a salient peak. (See Figure 3)
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Figure3
Plot of Y (f) for unvoiced speech, low noise

Assume the amplitude of the above DC term is D, and that of the above peak at tO is
P. We compute theratio: P/D. If thisratio islarge, then the energy generated by
harmonicsis an important part of the total energy, indicating the presence of a voiced
utterance. On the contrary, if the energy issmall relative to energy of the envelope, itis
not possible to decide if the utteranceis voiced or not.

The algorithm is as follows:

L isalist of the fundamental periods derived from Y (f) computed from each group of 110
samples. If the samples represent UV or S, the valueis zero.

1. Let the window W contain 880 samples After computing Y (f) for awindow W, we
shift it right 110 samples and begin again. The number of window computations becomes

N = Round[(Length[signal] - 880)/(880 - 770)]
where Length[signal] isthe total number of samplesin the input signal.

2.For each window, compute the absolute value of the DFT of f(t) and keep the first half.
Call this R(f). Thisyields 440 nonnegative real valued samples.

3.Take the absolute value of the DFT of R(f), and keep the first half, giving 220
nonnegative real valued samples. Call this Y (f).

4. Let P be the maximum value of Y (f) between sample 51 and sample 120. If the set of
samplesin W is voiced speech, then the peak occurs at a half of the fundamental period.
Hence, at 22 KHz, the fundamental period must lie between sample 102 and sample 240.



5. Compute theratio of Pto D, the DC term, and compare it to athreshold t. If theratio is
greater than t then the utterance segment is voiced, and we append the tO value at peak of
DFTDFT plot to L. That tO value is the estimate of half of the fundamental period of the
voiced segment. Otherwise, append zeroto L. The value of t is determined by
experiment, which indicates if using a smaller value, unvoiced will be considered as
voiced, and if using alarger value, we will lose information.
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Figure4
Signal containing voiced speech and silence, low noise
"..thevery .."

We used Mathematica 4.0 on a G4 MAC to compute the following results. The
threshold t to determine if awindow isvoiced is0.25.
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Figure5
A plot of L for the signal in Figure 4.
Twice the vertical ordinate isthe period of the fundamental

Conclusion

This algorithm only uses traditional DSP method to detect voiced utterances in speech
signals. The accuracy is also very good. The method is superior to the Cepstrum method,
which is applicable only when no noise is present. It provides arobust estimate of the
period of the glottal pulseif the signal is voiced.
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