
 

Pitch determination of speech degraded by additive white
noise
Citation for published version (APA):
Xie, F. (1988). Pitch determination of speech degraded by additive white noise. (IPO rapport; Vol. 674). Instituut
voor Perceptie Onderzoek (IPO).

Document status and date:
Published: 01/01/1988

Document Version:
Publisher’s PDF, also known as Version of Record (includes final page, issue and volume numbers)

Please check the document version of this publication:

• A submitted manuscript is the version of the article upon submission and before peer-review. There can be
important differences between the submitted version and the official published version of record. People
interested in the research are advised to contact the author for the final version of the publication, or visit the
DOI to the publisher's website.
• The final author version and the galley proof are versions of the publication after peer review.
• The final published version features the final layout of the paper including the volume, issue and page
numbers.
Link to publication

General rights
Copyright and moral rights for the publications made accessible in the public portal are retained by the authors and/or other copyright owners
and it is a condition of accessing publications that users recognise and abide by the legal requirements associated with these rights.

            • Users may download and print one copy of any publication from the public portal for the purpose of private study or research.
            • You may not further distribute the material or use it for any profit-making activity or commercial gain
            • You may freely distribute the URL identifying the publication in the public portal.

If the publication is distributed under the terms of Article 25fa of the Dutch Copyright Act, indicated by the “Taverne” license above, please
follow below link for the End User Agreement:
www.tue.nl/taverne

Take down policy
If you believe that this document breaches copyright please contact us at:
openaccess@tue.nl
providing details and we will investigate your claim.

Download date: 27. May. 2023

https://research.tue.nl/en/publications/0e82f2a4-f1c9-403b-9074-b2561ffa5132


Institute for Perception Research 
P.O.Box 513, 5600 MB EINDHOVEN 

Rapport no. 674 

Pitch determination of speech 
degraded by additive white noise 

Xie Fei 



Pitch determination of speech 

degraded by additive white 
• no1se 

Author: Xie Fei 

Coach: Dik Hermes 

Chief: L. F. Willems 

PIi supervisor: P. van der Wurf 

Summer Project 

June-August 1988 



Abstract 

This report is concerned with pitch determination of speech degraded by white 

noise. The method for solving thie problem is baeed on the fact that the pitch of 

speech does not change to quickly and the spectra of two euccessive segments of noise 

are uncorrelated . By calculating crosscorrelation coefficients of successive spectra 

and multiplying them after properly ehifted on a logarithmic frequency absciesa, the 

amplitude of the noise spectrum is surpressed. The test results indecate that the 

proposed procedure bas improved the performance of pitch measurement for noisy 

speech. 
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1 Introduction 

The pitch determination of noisy speech is a practical and difficult problem. 

The goal of this project is to extract pitch from speech degraded by addi

tive white noise based on the pitch-measurement algorithm of subharmonic 

summation(SHS) !Hermes, 1988] . In the SHS algorithm, the pitch is calcu

lated in the frequency domain. First, speech is lowpass filted with 1250 Hz, 

down sampled to 2500 Hz, and then the amplitude spectrum is calculated 

by a 256-points fast Fourier transform (FFT). The amplitude spectrum is 

peak enhanced and the frequency abscissa is transformed from a linear to 

a logarithmic one. Finally, the spectrum is harmonically shifted on the log

arithmic abscissa and the shifted spectra are summed together. The shift of 

the spectrum along the logarithmic abscissa is equivalent to a compression 

along the linear abscissa. The result is the subharmonic sum spectrum. The 

pitch then is estimated as the frequency which gives the maximun value in 

the subharmonic sum spectrum. 

The SHS algorithm also works rather wel! with noisy speech hut the 

error rate increases. The reason is that the presence of noise components in 

the speech spectrum changes the maximum value in the subharmonic sum 

spectrum, and can, therefore, produce an incorrect pitch estimation. We can 

see this effect in figure 1 . 

In order to improve the performance of the pitch measurement with noisy 

speech, we should make use of the different properties of the speech signa} 

and the white noise. From the theory of pitch perception we know that in 

voiced speech segments: 

1. Pitch can not change quickly in a short time; 

2. The spectrum of speech can not change too much in adjacent segments. 

This means that the spectrum of voiced speech in adjacent frames is highly 

correlated. In contrast, the spectrum of white noise between frames is un

correlated. The pitch determination method used here for noisy speech are 

derived from these properties. The idea of this method is that before sum

mation the spectrum of the noisy speech is multiplied by the properly shifted 

spectra of adjacent frames. This shift takes place on a logarithmic scale. As a 

result the spectrum of the voiced speech remains almost unchanged, hut the 

amplitude of the noise spectrum is surpressed due to the Jack of correlation 
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Figure 1: Speech spectrum and subharmonic sum spectrum with 

noise (a) and without noise {b}. 

between these frames. The details of the method are described in section 2. 

Section 3 decribes a test in which this new method is evaluated.The results 

will be discussed in section 4. 
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2 Algorithm 

In SHS, the pitch of speech is determined from the subharmonic sum spec

trum of the speech segment. The difference of the method used in this study 

with SHS is that before summation, the spectrum is multiplied with the 

properly shifted spectra of previous and following segments. These shifts 

take place on a logarithmic frequency abscissa. 

To describe the method we will first define some terms. All the spectra 

are assumed to be represented on a logarithmic abscissa and the resolution 

was 48 points per octave. The spectrum of the processed segment is defined 

as x0 (i), and xi(i) and x_,(i) present the spectra of i frames before and 

i frames after the present segment. P-i(n), Pi(n) are the crosscorrelation 

coefficients of the spectrum x0 (i) with neighboring spectra x1(i), X-i(i). 

The crosscorrelation coefficient, Pi ( n), is calculated according to: 

R:i:0 :i:,(n) = ~ t Xo(i)xi(i - n) - µ:i: 0 µ:i:, 
i=l 

( ) 
R:i:uz ·(n) 

Pin = , 
UzoU:i:, 

where µ:i:, µ 11 are mean values of the adjacent segments: 

1 N . 
µ:i: 11 = N L Xo ( i) 

i=l 

1 N 

µz, = N L xi(i) 
i=l 

and U:i:0 ,u:i:, are mean square roots: 

2 1 ~ 2( ") 
(J:i:o = N LXo i 

i=l 

n ranges from -10 to 10, in this study, which corresponds with -!~ to !~ 
octaves. P-i(n) is calculated in the same way. 

Then, the numbers, n-i,O and ni,o, are determined for which the values 

of P-i(n) and Pi(n) are maximum, i.e. p(n-i,o) = max P-i(n) and p(n,,n) = 
maxp,-(n), n = -10, ... , 10. 

Finally, the previous and following spectra are shifted based on n-,,o and 

n,- ,o and multipiied with the present spectrum: 
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Figure 2: Speech spectrum and sum spectrum in type A analysis. 

x(i) = X-;(i - n-;,o)xo(i)x;(i - n;,o) 

In the case p(n-;,o) or p(n;,o) is smaller than 0.4, x_;(i - n;,o) or x;(i - n;,o) 

is substituted by x0(i) in the above equation. The spectrum for subharmonic 

surnrnation s ( i) is: 

s(i) = ~ 

In software simulation, the pitch is estimated every 10 rns, i.e. frame 

length is 10 ms, and the length of a segment for spectral analysis is 40 ms 

which is factored by a Hamming window. By using different distant segments 

for multiplication, the method described was realized in following types: 

1. type A: 

Two adjacent spectra, one one frame before and the other one frame aftn 

the processed segment, are used for multiplication. This means that there is 

30 ms overlap of samples between segments.The spectrum for subharmonic 

summation is: 
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Figure 3: Speech spectrum and sum spectrum in type B analysis. 

Figure 2 demonstrates the analysis process. 

2. Type B: 

Two spectra, one two frames before and the other two frames after the 

present segment, are used in multiplication. The spectrum for subharmonic 

summation is: 

In this case only 20 ms of the segments overlap. Figure 3 demonstrates the 

analysis process. 

3. Type C: 

In this case the present spectrum is multiplited . by four other shifted 

spectra,two of the two previous frames and two of the two following frames, 

producing s(i): 
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Figure 4: Speech spectrum and sum spectrum in type C analysis. 

Figure 4 demonstrates this analysis process. 

Every type was simulated in two programs. One displays waveform and 

spectra of one frame on the graphic screen and the other determines the 

pitches of all frames in a speech file and stores them in an A/P file 1• 

1 A/P file is a data file which store!! the LPC analysis parameters. 
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3 Performance 

In order to analyze the performance of the new methods in this study, we 

implemented all these three types of pitch-measurement method in PASCAL 

computer programs. 

The speech material in the testing were 7 sentences, 5 in Dutch and 2 in 

English. Six sentences were recorded from male speakers and one sentence 

from a female speaker. The text of these sentences is presented in Appendix 

A. All these speech waveforms were lowpass filtered at 5 kHz and sampled 

at 10 kHz. All samples were quantized in 12 bits and stored on disk. 

To obtain the signa! containing speech and noise, white noise was gener

ated by a simulating program and stored in a data file . By adding the speech 

signa! s(k) with the noise signa! n(k), which was multiplied by a factor a, we 

get the speech corrupted by noise : 

sn(k) = [s(k) + a • n(k)J/(1 + a) 

Varying the factor a gives different signal-to-noise ratio (SNR) speech signa!. 

The SNR is calculated over a segment according to: 

:Ef'::1 s
2 (mN + i) 

SNRaeg(m) = 10 log1o 2 N 2 ( ') 
a Li=l n mN + i 

where N is the number of samples in a segment. The SNR of the total 

sentence is: 

1 M 
SNR = ML SNR,eg(m) 

i=l 

where M is the number of segments in the sentence. 

When speech is degraded by noise, not only wil! the errors of pitch deter

mination increase, the voiced/unvoiced decision wil! also be worse. But as in 

this project the voiced/unvoiced detecting algorithm for noisy speech is not 

investigated due to the limitation of time, this problem wil! only be dealed 

with in the discussion. 

For the purpose of evaluating the pitch meter, the following test was 

carried out. Tenth-order LPC analysis was applied to the speech material to 

yield ten filter coefficients, amplitude parameters as well as voiced/unvoie(d 

parameter. The frame length of LPC analysis was 10 ms. All the parameters 

were stored in an A/P file. Then the pitch measurement program was applied 

to the sarne speech signal corrupted by noise. The results were stored in the 
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SNR=oo SNR=5 SNR=O SNR=-5 

(dB) (dB) (dB) (dB) 

Ml VI Ml VI Ml VI Ml VI 

SHS 13 2 34 4 48 9 64 22 

SHSA 13 1 25 6 41 7 56 21 

SHSB 7 1 19 0 33 6 53 13 

SHSC 7 2 21 1 32 5 46 14 

Table 1: The error numbers in the test sentences Ml,Vl 

SNR=oo SNR=5 SNR=O SNR=-5 

(dB) (dB) (dB) (dB) 

Pl Ul Pl Ul Pl Ul Pl Ul 

SHS 7 9 12 19 13 51 28 86 

SHSA 6 6 8 15 7 43 23 78 

SHSB 5 4 6 15 6 35 13 68 

SHSC 4 5 4 10 5 33 14 63 

Table 2: The error numbers in the test sentences Pl,Ul 

same A/P file. In order to compare the performance of the pitch meters in 

this study and the SHS algorithm, 7 sentences with 4 different SNR's were 

subjected to the 4 programs corresponding to SHS, type A, type B, type C. 

All the pitches in voiced frames 2determined by the a.bove 4 programs were 

compared with hand-corrected pitches and the results are presented in table 

1, table 2 and table 3. Table 4 gives the numbers of voiced frame of all 

sentences, which can be used for cornparing pitch error rates . 

Figure 5 to figure 7 demonstrate a more direct comparison of the four 

methods for three speech sentences. 

From the testing results we note that for different speech sentences the 

error rate is different . But we can see that for the sarne sentence the nurnber 

of pitch errors is reduced by using the new rnethods . Method B and C provide 

a more obvious improvement than method A. Additionally, we found that 

2 The voiced/unvoiced parameters is detected from 11peech 11ignal without noiee . 
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SNR=oo (dB) SNR=5(dB) SNR=0(dB) SNR=-5(dB) 

Ql S1 Tl Ql S1 Tl Ql S1 Tl Ql S1 Tl 

SHS 3 3 1 4 18 2 9 37 5 10 71 10 

SHSA 1 4 3 3 12 2 7 26 6 12 58 8 

SHSB 1 4 0 3 8 0 6 21 2 8 46 7 

SHSC 1 3 0 3 6 0 6 16 4 9 36 6 

Table 3: The error numbers in the test sentences Ql,S1,Tl 

Ml Vl Pl Ul Ql S1 Tl 

Frame number 404 209 265 314 255 250 235 

voiced frame nomber 285 163 141 163 150 199 130 

Table 4: Numbers of frame and voiced frame in all speech sentences 

for the frames with a low amplitude in which noise components become 

dominant, the pitch errors can not be corrected by these new methods. 
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4 Discussion 

The testing results illustrate that the novel method introduced in this study 

has improved the performance of the pitch measurement for speech degraded 

by the presence of white noise. The cost for such improvement is that the 

algorithm becomes more complicated and takes more computation time. In 

method A and B much time is used to calculate the crosscorrelation coef

ficients of the present segment with two adjacent segments, to shift and to 

multiply them. Method C took more time because it needs to process 4 

neighboring segments with the present segment. 

Although method A and B have the same complexity, method B has 

better performance than method A. The reason is that in method A the 

segments from which the spectra are calculated overlap too much. The fact 

that method Cis not much better than method B has the same reason, i.e. the 

close adjacent segment spectra S_ 1, S1, are more correlated and contribute 

less to the suppression of the noise in the sum spectrum. 

An important problem which is not solved in the present study is the 

voiced/unvoiced decision. In SHS, voiced/unvoiced detection is based on 

correlation between two successive pitch periods of the speech waveform. 

The threshold for voiced/unvoiced decision is set to 0.52. For the speech 

with poor SNR, however, many voiced frames were detected as unvoiced by 

SHS. This can be explained as follows. lf speech is degraded by noise, the 

correlation coefficients of the speech signal between connected pitch periods 

are: 

where S1 + N1 , S2 + N2 are two pitch periods speech signal with noise, µ 1 

and µ 2 are mean value of S1 + N1 , S2 + N2; u 1 and u 2 are standard variation 

of S1 + N1, S2 + N2. 

In voiced frames, S1 and S2 are highly correlated hut noise N 1 and N2 are 

uncorrelated with each other as well as with S1 and S2. Pn can be simplified 

as: 
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Comparing to the correlation coefficient without noise p: 

we get Pn < p. This indicates that the presence of noise in speech makes 

the correlation coefficient become smaller and causes V /UV decision errors. 

A possible solution is to find the noise standard deviration On and substract 

it from o 1 and o 2 • The better solution would be to create a new algorithm 

based on the human perception of speech. 
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Appendix A 

Speech sentences used in testing 

• Ml: U luistert naar de sprekende chip, ontwikkeld door IPO, NATLAB 

en ELCOMA. 

• Ql: Het weer is toch eigenlijk altijd mooi. 

• PI: Ze zagen er allemaal opgewekt steriel uit. 

• Sl: Op een dag kwam een vreemdeling het dorp binnenwandelen. 

• Tl: An icy wind raked the beach. 

• UI: Ze zagen er allemaal opgewekt steriel uit. (Spoken by female) 

• VI: All lines from London are engaged. 
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