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1 INTRODUCTION

One of the important properties of a speech signal is pitch whid: is loosely defined as the perception

of a fundamental frequency (F0) of a harmonic component pattern of the speech siyial. During the two

decades a massive amount of research work has been carried out in pitch analysis with the objectives of

both understanding human auditory system and building machines for automatic speech processing

Pitch information has been utilized in many speech analysis tasksranging from normalization, intonation,

through segmentation and segregation, to integration (see e.g. [2] and references therein).

Pitch analysis becomes more complex when the speech signal is a mixture of speech from two different

speakers. Psycholog‘cal studies of human speech perception indicate that people can perceive concurrent

speech more accurately when listening two competing voices with different pitches [3, 4]. Pitch analysis

of concurrent speech is concerned with the determination of the two FUs of the constituent voices. Appli-

cations of pitch analysis of concurrent speech include the I’D-based segregation in which the segregation

is accomplished through the grouping of the elementary acoustic features of concurrent speech signals by

uploiting the F0 diflerence,

Pitch determination is a difficult task, especially when concurrent speech is involved because two harmonic

structures are closely spaced and overlapping in the frequency domain. Existing algorithms [5. 6, 7] fall

into two categories: joint estimation approach and harmonic suppression approach. The joint estimation

approach is based on the estimation of the first two largest peaks in an autocorrelation function or in a

harmonic-sieve pattern. Success of the joint estimation approach depends largely on the reliability of the

peak finding process while two harmonic structures are interacting each other. In the harmonic suppression

approach the pitch of dominant voice is estimated first and then the second pitch is detected from the

remainder signal obtained by suppressing the dominant voice. The harmonic suppression approach also

faca the problem of locating the peak reliably especially when two voices have similar powers.

In this paper a method for joint estimation of pitches of concurrent speech is developed to overcome the

above—mentioned difficulties. The method adopts the sinusoidal model for speech waveform in which the

glottal arcitation waveform is assumed to be composed of sinusoidal components of arbitrary amplitude,

frequencies and phases [8, 9]. A high order linear prediction model is proposed to parameterize these

amplitude and frequencies of the sinusoidal components. The combination of the sinusoidal model and

linear prediction technique leads to a high-resolution linear prediction spectrum in whidi the harmonic

components of speech signals can be identified via a harmonic sieve. The proposed method is tested using

Keele pitch database.

The rat of the paper is organized as follows. Previous work in pitch estimation using linear prediction

models is reviewed in Section 2. A method for estimating pitches of concurrent speech is dacribed in

Section 3. Performance of the method is evaluated in Section 4, followed by conclusions in Section 5.
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2 LINEAR PREDICTION, FORMANT, AND PITCH

Linear prediction techniques [10] have beenused for speech modeling since the early day of speech analysis.

The speech signal can be modeled as the response of a linear system to an excitation sequence. The source of

the excitation sequence is located at the glottis while the linear system comprises the influence of the vocal

tract system, i.e. a linear filter is used to model the frequency property of the vocal tract. An suturegressive

(AR) mode] is usually used to define the linear filter, that is, the current speech sample is predicted from

a linear combination of a finite number of past sample, i.e.

M

z(n)=zg,.z(n—k) n=M+1,M+2,---,N (1)
14:1

in which M is the order of the linear filter, z(n) is the speech sample, N is the number of samples, and

(9;) are the prediction filter coefficients. This set of linear equations can be solved exactly when N = 2M

or solved approximately in least-square sense when N > 2M. After the prediction filter coefficients {9;}

are determined, the formant frequencies can be determined from the zeros of the transfer function of the

linear system

M

He) = 1 — 2 gm" (2)
k=l

or from the peaks in the linear prediction spectrum which is defined as
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Figure 1 plots the Fourier spectrum and linear prediction spectrum of a vowel /er/ in which the order of
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Figure 1. Estimation of formant frequencies from the peaks of linear prediction spectrum. (a) linear prediction

spectrum of vowel /er/ obtained using a linear prediction model of 50 order, and 0:) its Fourier spectrum for

comparison.
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the linear prediction model is 50. We can see from Figure 1 that the peaks in linear prediction spectrum
correspond to the formant frequencies.

Based on the speech production model pitch can be determined by calculating the autocorrelation function
of the excitation signal which canbe recovered through inverse filtering. Since the linear prediction model

is used to capture the formant characteristics the residual corresponds to the glottal property. Thus, inverse

filtering can be used to filter the speech through the inverse of the vocal tract to estimate the excitation
signal. After the excitation signal is reconstructed. the pitch is taken to be the maximum peak in the
autocorrelation time lag function.

Pitch determination based the linear prediction model is not effective for concurrent speech signals. This
is mainly due to the difficulty of finding the two peaks which corrmpond to the two pitches in the au-
tocorrelation of the linear prediction residual. In addition, the linear prediction equations may not give
accurate estimates of the formant frequencies of the mixed speech signals, especially when the formants of

the constituent signals are closely spaced in the frequency domain.

3 OVERMODELED LINEAR PREDICTION AND PITCH

Pitch is usually determined by exploiting the periodicity of the speech signal in the time domain or the
harmonic structure in the frequency domain. The harmonic structure in the frequency domain is essentially
equimlent to the periodicity in the time domain. In what follows we consider a frequency domain based
method to estimate the pitches of concurrent speech signals through two steps. The first step is to obtain
a spectrum which exhibits the two harmonic structures contained in the mixed speech signals. The second
step is to perform a harmonic-sieve operation in the spectrum to find the two pitches.

The motivation of using a linear prediction model comes from the need of a high resolution spectrum which

can resolve the closely spaced frequencies in the two harmonics of concurrent speech. Since pitch varies

with time pitch analysis must be performed within a short analysis window. In these situations the Fourier
spectrum cannot provide the spectrum of sufficient resolution due to to the (Saber-Heisenberg inequality.
To alleviate such a resolution problem we use linear prediction spectrum instead of Fourier spectrum for

the pitch estimation.

We are concerned with the pitch estimation from the linear prediction spectrum which exhibits the her-
monics rather than the formants of speeoh signals. We first model the concurrent speech signal 2(t) as a
sum of sinusoidal signals such that

:(n) = 2hr; cos(errnIcf1) + bk cos(j21rnkf2)] + 'Lu(n) (‘1)
k

in which I, and f; are the two pitches, at and bk are the amplitudes of the kth harmonic frequencies of the
two competing voiced speechI and w(n) is white noise. We then use a high order linear prediction model for
modeling the multiple sinusoidal signals. The idea of estimating the frequencies of multiple sinusoidal signals

based on a high order prediction model is not new. Indeed, during last decade a substantial amount of work
has been devoted to the linear prediction based spectral estimation techniques [11, 12, 13, 14, 15, 16, 17, 18].

In our work the linear prediction technique is applied for attaining a high resolution spectrum of concurrent
speech signals Given N speech signal samples z(n), n = I, 2, r . . , 2(N), we choose the linear prediction

model order to be L(L < N[2). The linear prediction equation can be written in matrix form
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:(L) :(L — l) 2(1)

1(L +1] z(L) ~~ 2(2) 1(L + 1)

. 1 . . z(L+ 2)
91 :

;c(N — 1) z(N — 2) E luv — L) ?’ = '10“ (5)

1(2) 2(3) 2 :(L + l) :u :0).
, . - ; :(2):

. 1(N — L)
:(N—L) z(N—L+1): 12(N)

0"

Ag = b (5)

The prediction coefficient vector can be obtained via thesingular value decomposition (SVD) of the data

matrix A, i.e.

A = UEV‘ (7)

where "t" denotes complex conjugate transpose, E is a diagonal matrix whose diagonal elements oi are

known as singular values, the column vectors of U and V are the eigenvectors corresponding to the signal

subspace and the noise subspace The prediction coefficient vector can be obtained by

g = 2 mm: (s)
k

at

The harmonic frequencies reflect the pealrs in the linear prediction spectrum, The main advantage of using

SVD to determine the prediction coefficients is that the robustness can be improved by the truncation of

the set of singular values [12, 13]. Suppose that there are a total Mo harmonic frequencies contained in

concurrent speech signals Instead of using all eigenvectors we only use the M (2MB < M < L) eigenvectors

corresponding to the M largest singular values for the prediction coefficient estimation, i.e. the prediction

coefficient vector is given by

 

M o

g = 2‘, (“Nut (9)
14:) 0“

It is noted that the predominant harmonic frequencies correspond to the M largest singular values. The

predominant harmonic frequencies remain in the spectrum because the estimate retains the M largat

singular values and associated eigenvectors. Figure 2 (a) shows the linear prediction spectrum of a vowel

/e'r/ obtained using a. linear prediction model in which the model order is 250 and the polynomial coeflicients

are computed using the 50 largest eigenvectors. For comparison, the Fourier spectrum of the vowel is also

given in Figure 2 (b). We can see from Figure 2 that the peaks of the linear prediction spectrum am clearly

the harmonic frequencies of the vowel.

To illustrate the effectiveness of the high order linear prediction model for estimating the pitches of non-

current speech, we give an atarnple in which the concurrent speech signal contains the voice from a male
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Figure 2. Estimation of harmonic frequencim from the peaks of linear predic‘tion spectrum. (a) the linear prediction
spectrum ofa vowel /er/ obtained using a linear prediction model in which the model order is 250 and the polynomial
coefficients are computed using the 50 largest eigenvectors. (1)) its Flourier spectrum {or comparison,

speaker and a female speaker (details of the construction of concurrent SpEEd1 for our study will be dis-
cussed in next section). Figure 3 (a) shows the linear prediction spectrum of the mixed signal with 51.2ms
in duration. The order of the linear prediction model is 250, and the prediction coefficients were computed
using the using the 50 largest eigenveetors of the sample data matrix. it can been seen in Figure 3 (a) that
the two harmonic structurts are clearly visible from the peaks in the spectrum. For comparison we plot
the Fourier spectrum of the mixed signal in Figure 3 (b), in which it can be seen that the two harmonic
structures cannot be resolved by Fourier transform due to the short data record.

4 EXPERIMENTAL RESULTS

in this section we provide some experiments to evaluate the performance of the proposed method using
pitch database [19] developed by Keele University. The Keele pitch database contains simultaneous recorded
speech and laryngograph data. The propagation delay between the glottis and the microphone was found
to be a' negligible amount of two samplm, and thus we assumed that he recorded speech and laryngograph
data are aligned. The laryngograph signal provides a reliable measure of vocal fold contact; a rapid rise
in the laryngograph signal corresponds to the rapid closure of the vocal cords and thus the peaks in the
difl'erentiated laryngograph signal indicate the instants of glottal closure. The derivative of the laryngograph
signal is used as the reference pitch value in our experiments. Voicing decisions can also obtained from the
laryngograph signal. Regions of unvoiced speech were detected by an absence of peaks in the difi'erentiated
laryngograph signal.

Concurrent speech signals were constructed by mixing two voices obtained from the Keele pitch database.
We considered the scenario in which two constituent voices have the same powers in the mixed speech
signal. Two reference pitches obtained from the two constituent voics are used as the reference pitches
of the mixed speech signal Figure 4 (a) shows an example of the reference pitches in which one speaker
is male while the other is female. The sampling frequency is lel-Iz. The speech signal was divided into a
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sequence of overlapping frames at a frame rate of 20ms. Each frame is 51.2ms in duration
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Figure 3. Comparison of the linear prediction spectrum and Fourier spectrum for estimating pitches of concurrent

speech. (a) the linear prediction spectrum obtained using a linear prediction model in which the model order is 250

and the polynomial coeflicients are computed using the 50 largat eigenvectors. (b) the Fourier spectrum.

In all experiments the parameter configuration was as follows: the linear prediction model order was 200;

the polynomial coeflicients were computed using the 50 largest eigenvectors. The linear prediction spectrum

obtained by the polynomial coefficients was used to determine the pitches of the mixed speech signals A

simple harmonicsieve mechanism was used to find the two F05from the peaks in the linear prediction

spectrum. The proposed method has been tested using voiced frames. A frame of mixed signals is said to

be voiced if at least one constituent speech signal is voiced (recall that the voiced decision was made for

each frame of unmixed speech before the mixing procedure). Pitch estimates of the mixed signal are said to

be correct if both estimated F05 are within 20% of the reference values. Figure 4 (b) shows some estimated

pitches of the concurrent speech signal in which one speaker is male and the other is female. For all mixed

speech signals the average rate of correct pitch estimation was found to be 77% for voiced frames By a

close inspection. we found the most errors occur in the following situations:

1. one of the constituent speech signals is in voiced-unvoiced transitions or unvoiced-voiced transitions.

2. one of the constituent speech signals is unvoiced.

at two pitches of the constituent speech signals are harmonically related.

In the first case the error is due to the shortage of voiced signal samples in transitional frames. Note that

the voiced decis is made based on the averaging effect of the differentiated laryngograph signal over the

frame The number of voiced signal samples may be smaller than the frame length in transitional frames.

However, if the number of voiced signal samples is less than twice the model order the high-order linear

prediction equations cannot be solved. One way to alleviate such a problem is to use a lower orderof

the linear prediction model at the cost of decreasing the resolution of the linear prediction spectrum. The
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problem of how to choose the optimal linear prediction model order for transitional frames is currently
being investigated.
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Figure 4. (a) Reference pitch contours of a mixed speechI in which solid contour is male pitch and dashed contour
is female pitch. (1)) the estimated pitches show-n in hladt squares.

In the second case where only one harmonic is present the false pitch estimates are the source of errors.
This is because the algorithm is designed to find two pitches by assuming the existence of two harmonic
structures in the mixed signal, and one of the pitch estimates must be wrong when only one voice is present.
The solution to this problem may be detecting the number of speakers before the pitch analysis or removing
the false pitch estimates by some heuristic strategies.

In the third case it is impossible to find the two pitches correctly using the frame based approach because
the two harmonirs coincide with each other. The only way to overcome this djfi'iculty is to employ a multi-
frame strategy to incorporate the pitch estimates over successive frames. Pitch is a time-varying feature
contained in speech signals and it is rare that two pitches of concurrent speech are harmonically related over
a long period (eg. see Figure 4). Based on the assumption that pitches very slowly within an observation
interval, pitch contours can be constructed via multi-frame integration. Our on-going work is to develop a
multi-frame based method in which candidate peak estimates obtained from each frame are combined to
determine meaningful pitch contours.

5 CONCLUSIONS

A method for estimating the pitches of concurrent speech signals has been proposed in this paper. The
method is based the modeling of speech signals as a sum of sinusoidal waves with frequencies of multiple

Proc.l.0.A. Vol 20 Part 6 (1998) 159



  

Proceedings of the Institute oi Acoustics

PITCH ANALYSlS 0F CONCURRENT SPEECH

times of fundamental frequency. To account for close—spaced overlapping harmonic structures contained

in concurrent speech signals, a set of linear prediction equations are used to construct a high resolution

linear prediction spectrum. The pitchm of concurrent speech are determined from the pealis in the linear

prediction spectrum. Experimental results were provided to evaluate the performance of the method. The

sources causing estimation errors were pointed out and how to improve the estimation perfon-nnnce was

discussed.
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