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Abstract - Pitch can be considered to be an important tool for much speech processing application and its estimation can 

be considered vital to many systems. Many methods exist for estimation of pitch with its advantages and disadvantages. In 

this paper, we have given a comparison between pulse modelling approach for estimation of pitch along with the 

traditional method and found that estimation of pitch with pulse modelling approach is more accurate with respect to the 

noise in the signal. 

 

Index Terms – Pitch estimation, Real-time processing, Speech processing. 
________________________________________________________________________________________________________  

I. INTRODUCTION 

In Speech processing, pitch defines the degree of the highness and lowness of a tone. Speaker identification and verification is 

done by pitch estimation and it is used as a very essential tool, it has  various applications, for example  speech synthesis, speech 

coding and speech instructions. Pitch Estimation is nothing  but accurate estimation of the fundamental frequency of the signal. It 

is a very challenging task to estimate the pitch of a speech signal because of  the mixed nature of excitation and quasi-periodic 

nature of speech. There are different methods of pitch estimation developed by researchers  and all those  methods are  

categorized in time domain and frequency domain [1]. 

The methods that operate directly on the given speech waveform are in time domain behavior. Auto-correlation, zero-crossing, 

valley and peak measurements are the algorithms used in pitch estimation. As speech signal is a quasi-periodic waveform so time 

domain measurement provides better estimation of the period [2]. 

There are many methods in time domain to calculate pitch estimation such as Parallel processing method, average magnitude 

difference function (AMDF), auto-correlation and threshold-crossing analysis. All these methods use complex mathematical 

calculation. This paper presents a better way of pitch estimation of the given speech signal in time-domain as compared to existing 

methods in a straightforward way. 

II. BACKGROUND 

A. Pitch Estimation using Auto-correlation 

Autocorrelation will give lots  of information of the speech signal. Information is the pitch period (the fundamental frequency). 

To make the speech signal Closely approximate a periodic impulse train, we must use some kind of spectrum flattening. “Center 

clipping spectrum flattener” is used to do this [2]. After the this  the fundamental frequency is extracted and the autocorrelation is 

calculated. An overview of the system is shown in Fig. 1. 

B. Pitch Estimation using Cepstrum 

The Fourier transform of a pitched signal usually have a number of regularly peaks, and it is representing the harmonic 

spectrum. These peaks are reduced when log magnitude of a spectrum is taken [1]. This gives a result which is a periodic 

waveform in the frequency domain, where the period of pitched signal is related to the fundamental frequency of the original 

signal. It means that a Fourier transformation of this waveform has a peak representative of the fundamental frequency [2]. 

III.  PULSE MODELLING APPROACH 

Block diagram of the pulse Modelling system system is shown  in Fig. 2. To estimate pitch,  the input must be a speech signal. 

The main blocks are explained as follows. 

A. Pulse Converter 

Block diagram of the pulse converter is shown in Fig. 3. The switch requires a threshold, which is a speech signal  passed 

through the low pass filter [6]. 
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Fig.1 Overview of the autocorrelation pitch detector 

Fig. 2 Overview of Pulse modeling Approach 

The threshold is detected by the switch and it changes its value between ground potential and the pulse generator. X (n) is the 

number of pulses and these pulses are passed through the switch. The frequency of the speech signal is directly proportional to the 

number of pulses. Switching will be less if the speech signal frequency is low and hence the number of  pulses are  allowed to be 

passed[1]. 

Switching time is directly proportional to frequency, hence if switching time increases the frequency of the signal will also 

increase and vice versa. Switching time is not directly proportional to the number of pulses. If switching time is 0.001 seconds a 

number of pulses will be generated that helps to eliminate the possibility of unwanted high frequency signals [5]. The system will 

sample only formant frequencies. Higher frequencies are not converted to the required pulse train [1].  

Threshold in the Switch controls the switching action. 0.03 is set to be the threshold value and it is the normalized amplitude 

other than interference. Pickup of low energy signals and noise  will also be eliminated. To get the pitch of speech signals the 

threshold can be varied. It helps in detecting the pitch of an  attenuated speech signal [2]. 

 

 

 

 

 

Speech Frame x(n) 

LPF 

Fc = 900 Hz 

Cl = 30% of max{x(n)} 

Center clip x(n) 

Compare AC 

Rn(k) for 

Fs/350 <= K <= Fs/80 

Compute 

R = max{Rn(k)} 

Compute 

R = Rn(0) 

Frame unvoiced 

output = 0 

Test 

R >= 30% of Rn(0) 
Pitch period 

f0 = K + Fs/350 



© 2014 IJEDR | Volume 3, Issue 1 | ISSN: 2321-9939 

IJEDR1501017 International Journal of Engineering Development and Research (www.ijedr.org) 82 

 

 
Fig. 3 Block Diagram of Pulse converter 

B. Filter 

A low pass filter is used and its stop-band frequency is 1 KHz. High frequency signals and noise are filtered, because High 

frequency signals and noise  interfere the speech signal.  

C. Window Function 

After  multiplying  with a Rectangular window  frame of time period W(n)=0.05ms, the pulse stream is extracted. It allows  

pitch estimation over a fixed time duration, and it also helps to extract short time pitch effectively . 

D. Counter 

Up counter is used to count the pulses within specified window length  and counter will be reset at the end of the window time 

period. The pitch of the waveform can be plotted in that time instant[4]. We can calculate the  pitch by the formula shown below: 

 

      
                                               

                    
  

IV. RESULT 

The signal whose pitch has to be estimated is the vowel /e/. Fig. 4  below shows the waveform of the speech signal with respect to 

time. The auto correlation waveform is shown in Fig. 5. The pitch is then calculated using by taking its peak and the time at which 

the peak occurs. The Fig. 6 shows the cepstrum waveform which is the frequency conversion of the speech signal in time domain 

[1]. The waveform in the Fig. 7 is the waveform of the pitch by using pulse modelling approach. As you can see the pitch is the 

peak that occurs at 138 Hz. 

 

 

 
 

Fig. 4 Waveform of Speech Signal /e/ 
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Fig. 5.  Auto – Correlation of Speeh waveform 

 

 
 

Fig. 6. Cepstrum Frequency Waveform 

 

 

 
 

 

Fig. 7 Pitch using Pulse modeling 

 

The table below shows the calculated pitch with noise added to the speech waveform. The table shows that the effect of noise is 

relatively low in the pulse modelled approach [3].  

Table 1. Effect of  noise in PMA 

Method Pitch (/e/) 

Without noise 

Pitch(/e/) with 

noise 

Auto Correlation 139.13 145.45 

Cepstrum 137.93 130 

Pulse Modelling 138 136 

                                   

V. CONCLUSION 

The Pulse Modelling approach depends on the time period for which the fundamental frequency in the time domain signal is high, 

hence it is immune to white noise. Also, due to its approach it can be used in real time application where as auto correlation 

cannot be used and the speed of the cepstrum depends on the hardware available. 
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