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PITCH DETERMINATION BASED ON WAVEFORM SUPERPOSITION 

C. Nadeu, E. Garcia-Melendo and J. Alsina * 

ABSTRACT 

Based on the idea of waveform superpos it ion, three algo­
rithms for pitch determination and voiced/unvoiced decision 
are developed. Although this new approach is intimately 
related with the autocorrelation analysis method, the obtai­
ned results show an improvement with respect to it that is 
more remarkable in the presence of noise. 

INTRODUCTION 

Pitch determination and voiced/unvoiced (v/uv) decision are 
important tasks in speech processing; for this reason, a 
large numbe r of techniques have been developed ( ref. 1). 
However, none of them is reliable and accurate enough for a 
wide variety of working conditions (ref. 2), specially when 
the speech signal is contamined by noise (ref. 3). 

Algorithms based on the autocorrelation function yield good 
performance for both clean (ref. 4) and noisy (ref. 3) 
speech and they are a tradeoff between accuracy and computa­
tional complexity. In this paper we describe some new me­
thods of fundamental frequency extraction based on the idea 
of waveform superposition (ref. 5) and we relate and compare 
them with the autocorrelation method. 

WAVEFORM SUPERPOSITION TECHNIQUES 

Consider a speech frame x(n) consisting of N samples, from 
n=O to n=N-1, and an integer value m that satisfies m~N/2. 
We can build a new sequence S (n) according to 

m 

where 

and 

S (n) 
m 

r 
L x(n+(k-1)m) 
k=1 

n= 0, 1 , •• , m-1 

x(n)=O if n~N 

( 1 ) 

In other words, each frame of the speech signal is divided 
into N/m parts that are added up to obtain a Superposition 
sequence S (n) which is m samples long. If m is very close 
to the ac~ual pitch period M , the addition is performed 
coherently, whereas if M is f

0
ar from it, the superposition 

is not coherent. 
0 
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In order to obtain the pitch estimate we should extract from 
S (n) a parameter for every m which measures the coherence 
d~gree of the waveform Superposition, i.e. the periodicity 
of the signal. A first method (WS1) uses the following dif­
ference of energies 

1 ~m-1 N-1 ~ 
D(m) =- I (Sm(n))

2 - I (x(n))
2 

2 n=O n=O _ 
( 2) 

This expression has an interesting interpretation in terms 
of correlation. Since S (n) results from the addition of r 
segments of signal, them numerator involves the correlation 
of every segment with itself and all the others. Consequen­
tly, if R (n) is the autocorrelation function computed from 
the speec~ frame x(n) and extended with zeroes from N to oo , 

it follows that 

D(m) 
r-1 

I 
k=1 

R (km) 
X 

(3) 

This average suggests that the corresponding algorithm will 
be attractive for the determination of fundamental frequency 
of speech contamined by noise. 

A second way of extracting information about periodicity 
from the superposition sequence S (n) is based on the idea 
of principle cycles. According t~ Miller (ref. 5), if an 
excursion cy.cle consists of that part of the waveform betwe­
e n c o n s e c u t i v e z e r o c r o s s in g s , t he f i r s t e x c u r s io n c y c 1 e 
that occurs in a pitch period (its principle cycle) tends to 
have large amplitude and long duration and, consequently, it 
has cons iderable energy. It is reasonable to expect that, 
for m=M , the principle cycle appears clearly in S (n). 
Therefor~, it makes sense to search for the maximum e~ergy 
excursion cycle and use its energy E(m) to estimate the 
p i t c h p er io d. 

Two different measures are built with the above value. The 
f irst one (method WS2) is the value itself, i.e. E(m), and 
the second one (method WS3) is like expression (2) but per­
forming the two sums only inside the maximum energy excur­
sion cycle, i.e. 

DE {m) 
1 n2 E 2 r -
- I (Sm(n)) - I (x(n+(k-l)m))

2 l 
2 n=n

1 
k=l J 

(4) 

being n
1 

and n
2 

the first and last samples of the maximum 
energy excursion cycle. 

Once D(m), E(m) or DE(m) are computed for all values of m 
belonging to the interval where the pitch period is sear­
ched, a plot of them reveals a significative peak around 
m=M when the current frame is voiced, so that a peak 
det~ctor would suffice to estimate it. However, from ex-
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press ion (3) it is clear that the peak around the harmonics 
M /i, i=2,3, •• , may easily be higher than the peak around 

0 
M ; namely, D(m) favours low values of m in front of high 
vglues because if m decreases, the number r of summands in 
(1) increases. In order to avoid errors due to second or 
h i g h e r h a r m o n i c t r a c k in g , s p e c ia 11 y w h e n t h e s ig n a 1 i s band 
limited, we can divide D(m) by N/m, which is equivalent to 
use mD(m) instead of D(m) as input to the peak detector that 
obtains the fundamental frequency estimate. Another way of 
avoiding harmonic errors consists of computing the peak 
areas, since the peak widths are roughly proportional to m; 
in fact, a shift ~~ from m=M /i produces the summand R (M +i 
~)in (3). However, it will 

0
be suitable to perform ad~pt'ive 

center clipping before the area computation to isolate 
peaks. The choice of the clipping level is very important 
because it controls the relative weight given to harmonics 
and subharmonics. Indeed, all the above considerations about 
octave errors can be extended to E(m) and DE(m) functions. 

Since all three introduced methods belang to the same family 
than the autocorrelation pitch determination algorithm they 
easily allow a v/uv detect ion. The decision threshold is 
made equal to h.R (0), where h is a constant value. 

X 

EXPERIMENTS AND RESULTS 

Some preliminar experiments were carried out. The speech 
material consisted of a sentence M1 uttered by a male spea­
ker and a sentence F2 uttered by a female speaker. The re­
ference pitch contour and v/uv decision were evaluated by 
visual inspection. Signals were sampled at 8KHz and gaussian 
random noise was added to them in order to obtain signal-to­
noise ratios (SNR) from oo to 0 dB. 

We carried out tests with the three above mentioned waveform 
Superposition methods and the autocorrelation with adaptive 
center clipping method (ACC) (ref. 4). Neither low pass fil­
teringnor other kind of preprocessing was employed. 

The algorithms used in the methods WS1, WS2 and WS3 compute 
the areas of peaks after adaptive center clipping of the co­
rresponding D(m), E(m) or DE(m) function. The clipping 
threshold was not optimized; it was made equal to the avera­
ge value of the function at each frame. The frame length was 
40 ms and a pitch value was extracted every 10 ms exploring 
the range from 50Hz to 400Hz. To compare the methods, the 
same approach as Rabiner et al. (ref. 2) was employed. 

Table 1 shows a meaningful subset of results corresponding 
to SNR= and 0. Grass errors (differences from the reference 
value greater than 1ms) as well as Standard deviations (SD) 
o f f in e e r r o r s ( d i f f e r e n c e s s ma 11 e r o r e qua 1 t o 1 m s ) w e r e 
measured in labeled voiced f rames independently from the 
v/uv decision; voiced errors correspond to voiced frames 
were the algorithm decision was unvoiced or a gross pitch 
error took place. Unvoiced errors mean that an v/uv decision 
error occurred in an unvoiced frame. The number of unvoiced 
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frames is 33 for M1 and 30 for M2, and the number of voiced 
frames is, respectively, 186 and 153. 

We can observe that all three algorithms have a relatively 
small standard deviation which does not increases signifi­
cantly with noise. The method WS1 achieves the least amount 
of gross p itch errors, whereas if we take into account the 
global performances, WS2 is prefered, except for F2 and 
SNR=OdB, where WS3 obtains the best results. It is needed to 
mention that the constant h of the v/uv decision was tempo­
rary set to 0.7, 0.7 and 0.2, respectively, in WSl, WS2 and 
WS3 algorithms; when the data base will be enlarged, these 
values may require a readjustment. 

CONCLUSIONS 

Acc~rding to preliminar experiments, waveform superposition 
techniques obtain better results than the ACC method for 
speech signals corrupted by noise. This observation agrees 
with the kind of average that they perform on the autocorre­
lations or related functions. Furthermore, by using the idea 
of principle cycle, they also may improve ACC method in 
clean speech. Nevertheless, the computat ional complexity of 
both methods is comparable. Presently, we are carrying out a 
greater number of tests that will be presented at the confe­
rence. 
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TABLE 1 

Ml SD Cross Voiced Unv. F2 SD Cross Voiced Unv. 
oodß ( ms) oo dB {ms) 

ACC 0.43 32 53 6 ACC 0.25 3 7 

WS1 0.49 23 65 WS1 0.21 3 11 

WS2 0.49 24 33 WS2 0.21 2 6 

WS3 0.46 28 49 5 WS3 0.22 2 2 11 

M1 SD Cross Voiced Unv. F2 SD Cross Voiced Unv. 
OdB (ms) OdB (ms) 

ACC 0.56 48 137 0 ACC 0.30 36 80 0 

WS1 0.44 35 116 0 WSl 0.24 5 32 0 

WS2 0.52 42 80 0 WS2 0.21 6 86 

WS3 0.52 51 87 4 WS3 0.24 6 15 4 


