Real Time Fundamental Frequency Analysis Using the
Spectral Comb Method

P.J. Martin
Toronto, Canada

1. Introduction

Although reasonably good real-time fundamental frequency visualizers are
now commercially available, it is difficult to conduct a phonetic analysis of
prosodic parameters when speech material is recorded in a noisy environ-
n}Cnt. Indeed, most Fo analyzers are designed to work with a relatively high
signal to noise ratio, which rules out their use in certain cases such as the
analysis of spontaneous speech recorded in a noisy street. This is due to the
fact that these instruments rely on methods of analysis which take into
account fundamental frequency as the only parameter.

More reliable methods based on the analysis of the short-time spectrum of

tl}e speech signal are now available due to the development of inexpensive
highspeed hardware.

2. The Spectral Comb Method

Most rpethods of pitch extraction from the short- time spectrum are based on
detecting the periodicity of F, harmonics in the spectrum. The cepstrum
(Noll, 1969), for instance, computes the Fourier transform of the logarithm
of t_he power spectrum. Other methods are based on a more direct search for
p?rlodnqnty in the spectrum. Schroeder (1968) uses a histogram of subharmo-
nics derived frf)m spectral peaks, and F, is considered as being the smallest
common multiple of the periods of its harmonic components. Harris and
Weiss (1963) examine a high resolution Fourier spectrum and retain as
funda.mental frequency the most numerous equal spacings of adjacent peaks.
Sre_emvas an.d Rao (1972) use only selected high quality peaks, and compute
their approximate highest common factor to obtain the pitch value. Sluyter,
K'otma'ns and Leuwaarden (1980), in order to account for possible phase
d1§tor.tlon of the pf:ak harmonics in the spectrum, use a minimum distance
;:::;12: to recognize harmonic patterns, and derive pitch value from these

The spectral comb method (Martin, 1981) is also based on short-time

spectral 'fma_l).lsis_. Although it is similar to other spectral compression techni-
ques, reliability is due essentially to the fact that bo

: . th the frequency and the
amplitude of each harmonic component are consid o cvale

ered in the evaluation of
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Fo. More precisely, the comb method uses the cross correlation between the
short-time spectrum /F (0)/ and a spectral comb function P (0,,0), with
teeth of decreasing amplitude and variable intervals. The maximtl;m of this
crosscorrelation function is obtained when the comb’s teeth coincide with
the harmonic peaks of the spectrum, i.e. to the harmonic pattern which has
the largest sum of its harmonic amplitude.

Although presenting some similarities with the method based on Gold-
stein’s work (Goldstein, 1973), by Duifhuis et al. (1978), the spectral comb
method differs from the harmonic sieve approach by using information
pertaining to the amplitudes of the harmonics rather than using a minimum
distance criterion in order to select the appropriate Fo.

3. Hardware Implementation

After analog-to-digital conversion, (4 kHz sampling frequency), the speech
signal is split up into overlapping segments of 32 ms duration (128 samples).
The speech samples of each segment are multiplied by 64 X 128 complex
Fourier coefficients stored in a 16 k byte PROM, and accumulated intoa 125
ns cycle time 12 X 12 multiplier-accumulator chip. (Gaussian windowing is
performed on the trigonometric functions themselves, rather than on the
speech signal). The module of the real and imaginary frequency values is
computed from a table, and the logarithm of the module stored in. the
memory of a small microprocessor system (8085). These values range from 0
to 1024 Hz, with a 16 Hz resolution. An algorithm determines the spectral
peaks above a threshold situated 40 dB below the maximum amplitude of the
spectrum. These spectral peaks are ‘rewritten’ as parabolas whose peaks
coincide exactly with the interpolated spectral peaks in order to obtain a
modified power spectrum /F’ (w)/ with reduced energy between the harmo-
nic components. The modified spectrum is then crosscorrelated witha comb
function with teeth of decreasing amplitude (law n-%)

C (0,,0) = £ n4 (no, - v)
the crosscorrelation function
I (wp) =Xnh/F (mp)/

is thus the sum of equally sampled values of the modified power spectrum /F
(w)/ which are weighted according to the amplitude of the comb’s teeth.

The computation of 1 (cop) is performed by the microprocessor using a
large table of coefficients containing all the possible parabola sampled values
of 128 possible amplitude levels. Fast computation can thus be realized
performing only sums and no multiplications. The final F, value is obtained
by looking at the maximum of the crosscorrelation function I (u)p).

The voiced-unvoiced distinction conducted by using an index compares
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the maximum value of I () to th i 1 i

bified by .72, Thi (' p)‘ ‘ e value obta}ned with a comb function

N ‘ o/ 2. This ratio indicates the relative energy of the detected
armonic structure compared to the weighted sum of noise components.

4, Visualization

The F,q va!ucs. are displayed on a color monitor, together woth the intensity
curve (\{vhlch }s measured independently). The display converter generates a
°°1°r_V_‘d50 signal containing both curves and alphanumeric information
zlerltqammg to display duration and frequency scale. Two cursors allow
pginir;‘;g;‘eg“:h?:g&: of frequency, intensity and duration values at any
Segz;hif\’:;‘;ar;artlon would be of even greater usefulness in phonetic re-
identify each se m‘:etre zlble to segment the speech signal on the screen and
ted by simply 1% okin : thou'gh the sp.eech §lgnal can sometimes be segmen-
mental § ng at the information given by the intensity and funda-
requency curves, one needs still more information in order to

perlgorm an accurate segmentation,
tionS(l)lfa 332 g;lsspizfo(rzrgzt;on is provided by the speech wave. Since the resolu-
speech wave its elfy the otls horizontally) does not allow for displaying the
1s pertormed in real tinve ope of the signal is displayed, instead. Fo analysis
displayed on the scre meT, and any length of speech (up to 9 s.) may be
order to segment th:n' WO cursors can be moved along the time axis in
envelope. Numerical i:x;eech signal acc‘or.ding to the cues provided by the
two cursors includes thormatxgn pertaining to the segment defined by the
variations. the time d ¢ amplitude of F, (in Hz), and intensity (in dB)
standard deviation of\:)r;lttllloi of the segment, as well as the average and the
is also possible to obtai tt> e pitch and the intensity between the cursors. It
the curves. With this em absolute values of F, and intensity at any point of
quipment, an accurate analysis of speech data can be

realized quite rapidl
y, and can even be i i i
sence of an informant if desired. performed interactively in the PFE

5. Conclusion

A new reli -ti i s tals
resistanl; ;at?:; r;?l time pitch-visualizer has been presented, using a noise
both inten soi by ailc;l}g a(;gonthn. The instrument allows real-t’ime display of
speech signal Nu:xx;rii:;e: t:(lifreq\,ency’ together with the envelope of the
1al.. eadout of F, and i o . .
m 0 intensity is which
akes the instrument easy to use for practical phonefic agzgjslged,
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