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Abstract

In this paper, an efficient algorithm for pitch determination of
speech signals is presented. Pitch curves of speech signals do
not exhibit sudden changes in time in voiced and voiced-
unvoiced transition regions of speech. Depending on this 
property, Kalman Filter has been used for pitch determination 
of speech similar to the way it is used in target tracking 
problems. The measurement for the Kalman Filter is obtained 
by using the integer pitch calculation based on autocorrelation 
method, which is used as the first step of pitch determination 
in MELP speech coding algorithm. Kalman Filter makes an a 
priori estimate, which depends on the general behaviour of the 
pitch period in time and this estimate is updated using the
measurement to obtain an a posteriori estimate. The proposed 
method provides a reduction in the computational complexity 
of pitch determination since the autocorrelation search is made 
only inside the gating volume of the Kalman Filter and hence 
no pitch doubling check is required. It also does not need any
fractional pitch computations. The pitch periods obtained 
using this method have been compared to those determined in 
MELP algorithm and it has been observed that comparable
results have been obtained. 

1. Introduction

In this paper, an efficient algorithm for pitch determination of 
speech signals is presented. Depending on the quasi-stationary 
behaviour of speech signals, pitch period is modelled as the 
output of a dynamical system and it is estimated by Kalman 
Filtering method. 

Correct determination of the pitch period is quite critical in 
terms of speech quality in both speech coding and speech 
synthesis systems. Therefore pitch determination has always 
been an important research area and various methods had been 
proposed for correct and efficient determination of the pitch 
[1, 2, 3]. However, many of the methods suffer from some 
common problems such as determination of multiples of the 
pitch period or integer pitch determination due to the sampling 
process of the speech signal. Methods proposed to overcome 
these problems usually increase the computational complexity. 
For example, the autocorrelation method, which is a widely 
used pitch determination method in the literature [1], has been 
used in the MELP coding algorithm [4]. Autocorrelation
method in MELP is supported by fractional pitch calculation 
and pitch doubling check procedures. This work aims to 
develop a pitch determination method, which has low 
computational complexity and which is also as reliable as 
pitch determination algorithm in MELP. The proposed method 
depends on the fact that the speech signal is quasi-stationary, 

and hence its pitch period usually changes slowly in a 
continuous manner. An a priori pitch estimate which depends 
on the general behaviour of the pitch curve is made by the 
Kalman filter in the proposed method. Then this estimate is 
updated using the autocorrelation based pitch measurement to 
obtain the a posteriori pitch estimate. This method reduces the 
computational complexity of the autocorrelation based pitch 
detection method; moreover, it provides correct pitch 
estimates when compared to the autocorrelation method.  

The proposed method is presented in detail in Section 2. In 
Section 3, improvements made on the proposed algorithm are 
described. Examples, evaluations and comparisons with the 
pitch detection algorithm used in MELP speech coding 
algorithm are also presented in Section 3. In the 4th Section, 
results and conclusions are given and future work is proposed. 

2. Method

When the pitch curve changes in time are examined, it is 
usually observed that pitch curves present smooth changes in 
time in voiced speech regions and they do not exhibit sudden 
changes or jumps.  In Figure 1, an example utterance and the
corresponding pitch frequency curve are given. In voiced 
regions of the speech signal, where the signal is quasi-
periodic, pitch curve is continuous and it seems that the pitch 
in those regions can be predicted using the previous samples 
of the pitch curve. Pitch is not computed in the unvoiced 
regions of speech; however, most of the time an intuition can 
be made to complete the pitch curve to a smooth, continuous 
curve at those regions. This observation probably depends on 
the physiological limitations of the human vocal tract to 
change the frequency of the vocal fold vibrations.  Depending 
on those observations, a discrete-time Kalman Filter has been 
proposed to estimate the pitch curve of the speech signals. 

Figure-1. Speech signal sampled at 8 kHz and the 
corresponding pitch frequency curve in Hz.

Kalman Filter tries to estimate the state vector, 
nx  , of a 

discrete-time controlled process using the measurement vector, 
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mz  [5]. The process is governed by a difference 
equation given in (1): 

111   kkkk wBuAxx (1)

The measurement equation is given by:

kkk vHxz  (2)

Random variables kw  ve kv represent the process and 

measurement noise respectively. They are assumed to be 
independent of each other, white, and with normal probability 

distributions ),0(~)( QNwp  and ),0(~)( RNvp . 

Q is the process noise covariance and R is the measurement 
noise covariance matrices and they are usually assumed to be 
constant, although they might change at each time step. 

Discrete Kalman Filter makes estimation in two separate steps 
following each other: time update (prediction) and 
measurement update (correction) [5]. Time update equations 
are as given below:
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In (3)

kx


, is the a priori state estimate at time (time samples 

are speech frames in this work) k, computed using the state 

estimate, 1kx


, and the input, 1ku , at frame k-1.  1kP is

the a posteriori error covariance (error between 1kx and 

1kx


). 


kP is the a priori error covariance (error between

kx and the a priori state estimate 


kx


). 

The below equations given in (4) are the measurement update 
(correction) equations: 
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In (4) kK is the Kalman gain matrix. In the proposed 

method, the measurement at frame k, kz ,  is computed using 

the autocorrelation method within a gate, which is in the 

neighbourhood of 
  kk xHz ˆˆ , which is computed using the 

previous estimations. Autocorrelation method is the first step 
of the pitch computation in MELP speech coding algorithm. 
Before applying the autocorrelation pitch computation, the 
speech signal is filtered by a 6th order low-pass Butterworth 
filter with cut-off frequency 1 kHz.  The integer pitch period 

measurement, kz ,  is the τ  which maximizes the below given 

autocorrelation function in (5):
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In (5),  2/ represents truncation to the nearest integer 

value. ts is the low-pass filtered speech signal at frame k, and 

t shows the sample index inside the frame. MELP algorithm 
searches all integer τ values between 20 and 160 for a speech 
signal sampled at 8 kHz [4]. This interval covers a wide range 
of pitch period values from a kid’s voice to a bass male voice.
In MELP algorithm, pitch doubling check is applied on the 
integer pitch computed using (5), since the search inside a 
wide interval may cause estimation of double of the actual
pitch. MELP algorithm also applies fractional pitch update 
after this step.

In the proposed method, τ ranges are searched for values 
inside the Kalman gate interval only during the computation of 

the measurement, kz ,  and the gate interval is forced to stay 

between the maximum and minimum pitch values of the 
speaker, which are determined previously. This reduces the 
number of autocorrelation computations in (5) based on the 
pitch behaviour of the speaker around the current speech 
frame. 

In the proposed method, pitch period curve is modelled as a 
dynamical system with a constant velocity. In this model 

parameters are given as: 0ku , 
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 01H . For the measurement update given in (2), the 

initial value for x


 is given as 
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z
. 0z and 1z  are 

the measurement values computed using (5) in the first and 
second frames respectively. τ range for these initial pitch value 
computations is the pitch interval of the speaker. 

In the proposed model, it has been determined that best results 

are obtained with 4R  and 









12/1

2/14/1
1.0Q . The 

resultant pitch period is obtained by
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3. Algorithm Improvements and Evaluations

Successful pitch period estimates are obtained using the 
proposed method in the voiced regions of speech. However, in 
unvoiced regions wrong pitch values are obtained, since 
autocorrelation computation is not meaningful and there is no 
periodicity in speech in those regions. When a new voiced 
region comes after the unvoiced region, the initial value of the 
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pitch for the voiced region is an incorrect value which is 
computed in the unvoiced region. This causes incorrect 
measurements and estimates in the new voiced region of 
speech.  This is illustrated with an example in Figure 2. 
Speech is sampled at 8 kHz and frames are 180 samples long 
and shifted by 10 samples (170 samples overlapping). X-axis 
shows frames and samples for the upper and the lower plots 
respectively. In the figure, the green curves show the Kalman 
gate interval, the red curve shows the Kalman pitch estimation, 
and the black curve shows the pitch period computed by the 
autocorrelation method, which is the first step of the MELP

pitch prediction algorithm. As seen in the figure, in the first 
unvoiced region (frames between 1600 and 1750), Kalman 
estimation starts finding erroneous pitch results, which is the 
doubled form of the actual pitch value. In the second voiced 
region after frame 1750, the error cannot be corrected. 
Another observation on this figure is that, the autocorrelation 
method (represented by the black curve) finds the doubles of 
the pitch period from time to time, when no pitch doubling 
check is applied after. 

Figure-2. Speech signal and the corresponding pitch period computations above. Green curves are the Kalman gate interval, red 
curve is the Kalman pitch estimate, and black curve is the autocorrelation based pitch computation (first step of pitch computation in 
MELP algorithm). Speech is sampled at 8 kHz and frames are 180 samples long and shifted by 10 samples (170 samples 
overlapping). X-axis shows frames and samples for the upper and the lower plots respectively. 

In order to solve the problem stated above, the voiced-
unvoiced information carried in the autocorrelation value
given in (5) is used. In the MELP pitch detection algorithm, if 
the normalized autocorrelation value obtained from the 0-500 
Hz band of the speech signal is smaller than 0.6, then that 
frame is assumed to be unvoiced. Using this information, a 

different method is used to obtain the measurement kz for the 

frames with autocorrelation values less than 0.6. When the 
autocorrelation value is less than 0.6, the Kalman correction 
equations given in (4) are not used, but the measurement pitch 

value is equated to 

kxH


 and the correction equations are 

updated as given below in (6): 
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As can be observed in (4), when the covariance of the 

measurement error, kv , in (2) (which is R), decreases, kK

gets larger and plays a more effective role in the computation 

of kx


.  When R gets larger, in other words when more 

erroneous measurements are made, kK becomes less 

effective in the computation of kx


. This means less 

measurement error makes the measurement more reliable and 
the estimation depends on measurement more than it does on 
the previous estimations. With the improvement given in (6), 
when the pitch measurements are meaningless in unvoiced 

regions, kK  is equated to zero and the effect of measurement 

update is given away. So the Kalman filter uses the estimation 
value it has at the end of the voiced region until it reaches the 
end of the unvoiced region. The gate interval stays the same 
and estimations cannot get unrealistic pitch values. In Figure 
3, the improved estimations are given. When compared to the 
pitch estimations given in Figure 2, it is observed that in the 
unvoiced region estimation cannot reach to the doubled pitch 
value, and hence the estimation starts with correct initial 
values in the voiced region (which starts around frame 1750). 
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Figure-3. Speech signal and the corresponding pitch period computations above. Green curves are the Kalman gate interval, red 
curve is the Kalman pitch estimate, and black curve is the autocorrelation based pitch computation (first step of pitch computation in 
MELP algorithm). Speech is sampled at 8 kHz and frames are 180 samples long and shifted by 10 samples (170 samples 
overlapping).

The pitch estimates obtained with the proposed algorithm are 
compared with the pitch estimations obtained with the MELP 
algorithm, with all the steps (pitch doubling and fractional 
pitch calculation) included. It has been observed that in the 
voiced regions, the pitch estimates found by the proposed 
method are as reliable as those found by MELP algorithm. In 
Figure 4, an example of this comparison is illustrated. Note 
that since Kalman estimates generate rational numbers, there is 
no need for fractional pitch refinement in the proposed 
method. 

Figure-4. Speech signal and the corresponding pitch periods 
in samples for a sampling frequency of 8 kHz. Red curve 
represents the Kalman estimate, the blue curve represents the 
MELP pitch period estimate. 

4. Results and Conclusion

In this paper, an efficient algorithm for pitch determination of 
speech signals is presented. In this work, pitch periods are 
estimated based on Kalman Filtering, which is very commonly 
used for target tracking problems. It is observed that the 
proposed method estimates pitch periods as reliable as the 
pitch periods estimated by the MELP speech coding 
algorithm. The advantage of this method is that it reduces the 
computational complexity involved in many of the advanced 
pitch estimation algorithms. There is also no need for a pitch 

doubling check. Moreover, since the Kalman pitch estimations 
are rational numbers, there is no need for fractional pitch 
computations. The proposed method makes use of the fact that 
pitch curves do not exhibit sudden changes in time and they 
are quite predictable. 

This work is a preliminary step to demonstrate the idea of 
using Kalman filtering for pitch detection. As future work, we 
are aiming to support the idea with quantitative evaluations on 
a large corpus and comparisons with other algorithms. We will 
also consider the use of Interactive Multiple Model (IMM) 
application with Kalman Filtering. The algorithm will also be 
tested for its robustness to noise. 
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