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In this short survey, the aumerous pitch determination algorithms (PDAs), devic-
ed, and methods are grouped into two major classes: time-domain PDAs and shore—
-term analysis PDAs., The short-term analysis PDAs leave tne time domain by some
short-term transform specific to the individual merhed applied. They provide a
aequence of average estimates of fundamental frequency FO or fundamental period
TO emerging from the short—term intervals (frames). Opposed to this,the time—do-
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main PDAs extract the inforwation of periodicity from the signal directly or
after filtering; these PDAs are usually able to track individual Ffundamental
periods.

Fig. 1 presents an overview of the prevailing short-term analysis PDAs. These
PDAs are further grouped according to the individual short=term transformation
applied,The sequence of operationa is quite similar for all these PDAs, After am
optional preprocessing step (which can be a moderate low—pasa filter or an adap-
tive center clipper),the signal is subdivided into short segments (frames) whose
typical duration ranges between 30 and 50 ms. This value is chosen because most
of the short-term transforms (with the only exception of the AMDF, see below)
require several pitch periods within a single frame. After the formation of the
frames, the short-term transform is performed on every frame individually. This
transform is intended to perform in a way that it concentrates all the available
information on periodicity into a single principal peak which is then detected
by a peak detector and labeled as the pitch estimate for that frame, For each
trangform, the figure shows a typical example (computed from the 50 ms freme
displayed in the upper part) of the short-term function from which the estimate
of pitch is derived, Wot all the known short-term transformations, hewever, be-
have in the desized way, Among those which do, we find the well-known short-term
autocorrelation technique (Rabiner 1977) whose performance is greatly improved
when the signal is preprocessed by center clipping. Its counterpart, the average
magnitude difference function AMDF (Ross et al. 1974) is defined by

AMDF(1) = | a(n) - aln+l) |

where a(i) represents the signal,The summation is performed over the whele frame
which, in this case, is permitted to be quite short. The AMDF reveals a strong
minimm at a lag equalling the period TO. The well known cepstrum analysis (Noll
1967} as well as harmonic analysis (Schroeder 1968,Terhardt 1979) are frequency-
~domain methods. Both are derived from the logarithmic power Fourier spectrum.
The cepstrum PDA transforms this spectrum back into time domain, thus generating
a large peak at TO. Ome of the several methods of harmonic analysis is spectral
compression. The log-power spectrum is ¢ompressed along the frequency axis by
integer factors k=2, 3, 4 etc. Adding all these compressed spectra causes the
harmonics to contribute coherently to the distinct peak at FO, The maximum like-
lihood PDA (Friedman 1977), finally, represents the mathematical procedure of
detecting a periodic signal with unknown peried TO in a noisy environment.

Shore-term analysis PDAs are unable to track individual periods since the phase

relation between the signal and the short-term function is lost during the

transform. This loas, however, makes these PDAs insensitive to phase distortion -
of the signal. Moreover, since they focus the whole information of pericdicity

into one single peak,they tend to be resistive against noise and signal degrada-

tion. The disadvantage of large computing effort more and wore losas its import-

ance because of the current progress in fast digital circuitry.

For the time-domain methods, the grouping provided in fig. 2 is somewhat more
arbitrary. Leaving aside the multi-chamnel PDAs, however, we find most time-

domain PDAs somewhere between two extremes: analysis of the temporal signal
structure on the one hand and extraction of the Fundamental harmonic on the
other, In the typical single—channel PDA, we find a (linear or nonlinear) filter
as the first atep of signal processing. The effect necessary for this filter
ranges from zere for structural analysis to extreme low—pass filtering for the
PDAs which extract the fundamental waveform from the signal. Contrary to this,
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the subsequent pericd detection alporithms range from a simple zero erossings
analyser for fundamental waveform extraction to the highly complicated proced-
ures for structural analysis.Further details on these analysers are shown in
figs. 3 and 4. ’

The structural analysers use the fact that the speech asignal consists of several
exponentially damped oscillationa (fig. 3).The signal may thus be modeled either
as a sequence of extremes, such as maxima, minima, or zero crossings (Tucker and
Bates 1978), or by its envelope in form of a decaying expenential (Filip 1969).
Just this last concept leacls to a very simple analog circuit consisting of a
dicode,a capacitor, and two resistors, The disadvantage of this concept, however,
ig that it cannot cover the whale range of FO possible for a multitude of speak-
ers {at least 70 to 500 Hz)} without producing significant errors.

At the other end of the scale, we find the PDAs which extract the fundamental
waveform (fig, 4). Among these PDAs there are the ¢ldest realizations, and a
detailled survey of much of this work is presented by MeMimney (1965),The amount
of low=pass filtering necessary to realise this concept depends on the subse-
quent pericdicity extractor: the simple zero crossings analysis extractor needs
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the greatest degree of low-pass filtering,whereas the nonzero threshold analysis
extractor, somewhat more complicated due to the need of level normalization or
threshold adaptation, can tolerate the presence of higher harmonics to a certain
extent. A further step towards tolerating the presence of highar harmonies i=s
tiade when a hysteresis is incorporated into the threshold analyser. A single-
—-channel PDA based on this concept,however, cannct cope with all types of signal
and all ranges of FO. For instance, the concept of fundamental harmonic extrac—
tion requires the first harmonic to be present in the gignal. If this does not
apply, the firat harmonic can be reconstructed by nonlinear distortion of the
signal. 1In deing so, on the other hand, one risks to attenuate this very harmo—
nic when it is strong in the original gignal, The only way out, if one intends
to process arbitrary sipgnals by the relatively simple time-domain concept, is
the implementation of a PDA which contains several channels,and which is provid-
ed with the facility to automatically switch between them. These chamnnels may
process subranges of FO with identical implementation (McKinney 1965), or they
may represent different implementations, such as different ways of nonlinear
distortion covering the whole range of FO in each chamnel (Hesa 1979), These
coneepts, compared to the corresponding single-channel PDAB, give a conasiderable
improvement in performance,

In gpite of the many proposals and different principles, the problem of pitch
determination in speech communication is still unsolved (Rabiner et al, 1976).
Further research has to be done towards answering the question what kind of er-
rore are most annoying from the perceptual point of view, and by what means a
PDA can be optimised in order to produce a minimm numbar of these errors.
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