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Abstract—Formant frequencies are an important parameter in 

speech processing and analysis systems. Hence accurate 

estimation of formants is necessary.  This paper, presents a 

comparison of two formant extraction techniques namely 

cepstral based and Linear Prediction Cepstral Coefficient 

(LPCC) based formant estimation. These two methods have been 

implemented in MATLAB for estimation of lowest three 

formants which is compared with the values of formants obtained 

from PRAAT software. These results have been tabulated

observed that, in general, the LPCC technique is more accurate 

than Cepstral analysis technique.  

 

Index Terms—Formant frequencies, Cepstral Analysis, Linear 

prediction based Cepstral coefficients. 

I. INTRODUCTION 

The estimation of formant frequencies has always received 

considerable attention since it is an important parameter of the 

acoustic model of speech production [1]. In fact the first three 

formants carry considerable information about the speech 

signal. They help in perception of speech sounds, determining 

the phonetic content of speech, and used widely in recognition 

systems [2].For example, the spacing between F2 and F3 help 

to distinguish between glides in the syllable initial position. In 

fact some studies also relate these resonance frequencies to the 

age of speakers and even their heights which can be helpful 

for forensic purposes [3-4]. 

Historical approaches of detecting formant frequencies include 

the analysis-by-synthesis approach and the Linear Predictive 

Coding (LPC) based approach [5]. Various techniques with 

several modifications have emerged from them [6]. In this 

paper the Cepstral and the Linear Prediction Cepstral 

coefficients (LPCC) based techniques for formant estimation 

are implemented in MATLAB software and the res

obtained are compared with the values obtained by PRAAT 

Software. The root mean square error (RMSE) is thus 

computed. 

The following section deals with the two algorithms 

implemented for formant estimation. In section III the results 

of the experiment are described. Section IV highlights the 

conclusion of this study.  

II. IMPLEMENTATION  

A. Cepstral Analysis based formant estimation

According to the source filter theory of speech production, 

speech ���� is composed of the excitation signal 

vocal tract components ����[7]. Cepstral analysis aims to 

make use of this fact for separating the signal into its 
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approach [5]. Various techniques with 

several modifications have emerged from them [6]. In this 

paper the Cepstral and the Linear Prediction Cepstral 

coefficients (LPCC) based techniques for formant estimation 

are implemented in MATLAB software and the results 

obtained are compared with the values obtained by PRAAT 

Software. The root mean square error (RMSE) is thus 
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are described. Section IV highlights the 

Cepstral Analysis based formant estimation 

According to the source filter theory of speech production, 

is composed of the excitation signal ���� and the 

[7]. Cepstral analysis aims to 

make use of this fact for separating the signal into its 

components in a simplistic manner. So signal is viewed as a 

linear combination of  

 

 

these two components [8]. For this purpose, it is required 

transform signal into frequency domain 

perform the log magnitude as given in equation (2). A 

transformation back does not lead to the time domain but to 

what is called as the cepstral domain and the resultant 

spectrum obtained is called as the cep|	�
�| � |��
�| |�
�|
And, ���� � ���� �log|	�
�|
Where, |	�
�|= speech spectrum |��
�|= excitation signal spectrum|�
�|= vocal tract signal spectrum����    = cepstral coefficients 

The implementation algorithm is explained in the following 

Figure 1. Firstly the pre-emphasis operation is carried out on 

the speech signal. The pre-emphasized signal is then 

windowed and framed. For our implementation, a hamming 

window of 10msec duration is used. Next, the 

calculated. As the lower part of the cepstrum corresponds to 

the vocal tract information, this part of the cepstrum is 

retained with a low time liftering window whose cut off 

frequency is chosen to be between 15 to 40 samples. The 

liftering operation is explained in [2]. Cepstral coefficients are 

estimated for each frame. The smoothed spectrum is 

calculated to obtain the vocal tract signal [8]. The 

smoothening is done by the discrete Fourier transform 

operation performed on the signal. The forma

correspond to peaks in the smoothed spectrum are detected by 

a peak picking algorithm [2]. The entire process of estimating 

formants from smoothed spectrum is explained in [9].
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Fig.1. Algorithm for formant estimation using Cepstral 

Analysis [2]. 

B. LPCC based Formant Estimation 

The implemented algorithm is shown in Figure 2. As in the 

previous method, pre-emphasis and windowing is carried out 

on the speech signal. And then the Linear Prediction 

Coefficients (LPC), for lpc order �, is computed. Cepstral 

coefficients from LPC are calculated using equations (3) to 

(5). This method of cepstral coefficients computation avoids 

taking the fourier transforms. So, cepstral coefficients derived 

from linear prediction parameters (LPCC) are calculated by 

the following set of recursive equations, from an 

autoregressive modelling of order � of a signal and estimated 

in a frame of the signal [6].                                 �� � �� !"                          
 

�# �  $%# & '
#∑ )$�* $ +�#,'-.' �#,-%-/, 1

       �# �  01$�* $ +�
*   %- ��#,-�2 ,  � 3

4

-.'
Where, �5 are the linear prediction based cepstral coefficients %- are the linear prediction coefficients  " is the prediction error power � is the number of cepstral coefficients 
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Fig. 2. Algorithm for formant frequencies estimation 

using LPCC Analysis. [2] 

III. RESULTS AND D

A. Speech Material  

Synthesized speech for vowel sounds /a/, /i/ and /u/ at a 

sampling rate of 11025 Hz was used. For natural speech, three 

female and three male within an age group of 19 to 55 were 

chosen. Natural speech was recorded using a microphone and 

sampled at a rate of 11025 Hz, and the vowel sounds /a/, /i/, 

/u/ were recorded by the speakers. 

B. Results 

For formant estimation by cepstral method, a 10

is used. For calculating the cepstrum, FFT length equal to the 

number of samples is used. The obtained formant values were 

compared with the formant values obtained from PRAAT 

software. Formant values are obtained for every frame. And 

hence from this, the average root mean square error (RMSE) 

of the synthesized and natural speech of three male speakers 

this technique is as follows: 
TABLE I 

Root Mean Square Error for synthesized and natural male spee

Cepstral technique 

vowel

s 

    Synthesized speech 

F1 F2 F3 

/a / 19.50 9.74 3.055 

/i / 7.87 4.86 3.652 

/u / 8.01 3.81 4.73 

 

For formant estimation by LPCC 

was chosen to be between 10 and 20, and the number of 

derived cepstral coefficients was chosen to vary between 40 

and 100. For vowels which have close formants (like F1 and 

F2 in /a/), the number of derived cepstral coefficients ha

kept high so as to resolve the formant peaks. Some other 

vowel sounds like /u/, in addition, demand a higher value of 

the lpc order. The average root mean square error (RMSE) of 

the synthesized and natural speech for this technique for three 

male speakers is as follows: 
 

 

 

 

 

TABLE II 

Root Mean Square Error for synthesized and natural male speech for 

LPCC technique 

vowels     Synthesized speech  

F1 F2 F3 

/a / 61.76 6.376 46.101 

   Peak picking algorithm 

 

Formants 
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DISCUSSION 

Synthesized speech for vowel sounds /a/, /i/ and /u/ at a 

used. For natural speech, three 

female and three male within an age group of 19 to 55 were 

chosen. Natural speech was recorded using a microphone and 

sampled at a rate of 11025 Hz, and the vowel sounds /a/, /i/, 

or formant estimation by cepstral method, a 10 msec window 

is used. For calculating the cepstrum, FFT length equal to the 

number of samples is used. The obtained formant values were 

compared with the formant values obtained from PRAAT 

ues are obtained for every frame. And 

hence from this, the average root mean square error (RMSE) 

of the synthesized and natural speech of three male speakers 

 

Root Mean Square Error for synthesized and natural male speech for 

       Natural speech 

F1 F2 F3 

13.09 4.01 3.87 

51.63 8.02 9.85 

24.48 26.76 19.74 

For formant estimation by LPCC technique, the LPC order 

was chosen to be between 10 and 20, and the number of 

derived cepstral coefficients was chosen to vary between 40 

and 100. For vowels which have close formants (like F1 and 

F2 in /a/), the number of derived cepstral coefficients has to be 

kept high so as to resolve the formant peaks. Some other 

vowel sounds like /u/, in addition, demand a higher value of 

the lpc order. The average root mean square error (RMSE) of 

the synthesized and natural speech for this technique for three 

 

Root Mean Square Error for synthesized and natural male speech for 

        Natural speech 

F1 F2 F3 

61.44 18.31 25.02 

Peak picking algorithm  
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/i / 0.953 9.7834 11.2 15.214 

/u / 9.04 50.9 14.41 9.24 
  

For F1, mostly the technique based on Cepstral analysis shows 

more accuracy than that of linear prediction based Cepstral 

analysis. The second formants are more acceptable using 

LPCC technique. For F3, the results obtained by LPCC are 

more accurate than those obtained by Cepstral analysis. We 

can deduce that there is a wide range in the estimated values 

of formant frequencies. However, it is observed that the error 

increases with the order of the formant. In case of synthesized 

speech, as can be observed the error is significantly less and 

more close to the actual values of PRAAT. This is because 

there are more variations in natural speech than in synthesized 

speech and hence there exists more spurious peaks around the 

actual formant value, which makes peak detection process 

difficult. 

CONCLUSION 

Two techniques for the estimation of speech formant 

frequencies based on cepstral analysis and linear prediction 

based cepstral analysis were compared. The purpose of this 

study was to evaluate the performance of the

compared the formant frequencies of natural and synthesized 

vowels detected by the two methods with the values obtained 

from PRAAT software. It was observed that overall LPCC 

based technique showed more accuracy than Cepstral based 

technique. 
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