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ABSTRACT 

 
To provide new technological benefits to the mass people, nowadays, regional and local language 

recognition draws attention to the researchers. Similarly to other languages, Bangla speech recognition 

scheme is demandable. A formant is considered as the resonance frequency of vocal tract. Formant 

frequencies play an important role for the purpose of automatic speech recognition, due to its noise robust 

characteristics. In this paper, Bangla vowels are investigated to acquire formant frequencies and its 

corresponding bandwidth from continuous Bangla sentences, which are considered as potential parameters 

for wide voice applications. For the purpose of formant analysis, cepstrum based formant estimation and 

Linear Predictive Coding (LPC) techniques are used. In order to acquire formant characteristics, enrich 

continuous sentences and widely available Bangla language corpus namely “SHRUTI” is considered. 

Intensive experimentation is carried out to determine formant characteristics (frequency and bandwidth) of 

Bangla vowels for both male and female speakers. Finally, vowel recognition accuracy of Bangla language 

is reported considering first three formants.. 
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1. INTRODUCTION 

 
Automatic speech recognition (ACR) is considered as a challenging task in the field of speech 

and sound engineering. Accurate recognition technique demands highly separable features of the 

phoneme, but due to acoustic similarity, it becomes very difficult. A formant is one of the 

acoustic features that are proven to become a well representative of vowels. Both Bangla and 

English languages are from Indo-European family, having many similarities as well as 

differences in the phonemic system. Bangla language is different from English due to it 

pronunciation and alphabet arrangement in a word. Apart from English, formant characteristic of 

Bangla vowels needs to be investigated. 

 

Bangla is the seventh most spoken language in the world, around 300 million people speaks in 

Bengali [1]. Most of the Bengali native people prefer to use their mother language in recent 

technologies such as mobile phone, computer application etc. As a result Bangla speech 
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recognition, speech to text and text to speech conversion are highly demandable. However, very 

few attempts are taken to address Bangla speech recognition. Now a day, to provide technological 

benefit to the mass people, Bangla speech recognition technique draws attention to the 

researchers. Feature extraction for the purpose of Bangla speech recognition is presented in [2], 

where word base Bangla speech recognition is reported using mel-frequency cepstral coefficients 

(MFCCs). The major drawback of this approach is in real world application, speech is generated 

using continuous sentences. In [3], similarly Bangla word is recognized by MFCCs, and LPC but 

the simulation is performed in very few words, which does not ensure its reliability. Bangla 

vowel characterization is presented in [4], where Bangla vowel synthesis is used. In [5], dynamic 

time warping (DTW) and K-nearest neighbour (KNN) is considered for Bangla speech analysis 

for the purpose of recognition. Auto Correlation Function (ACF) based formant frequency 

estimation is presented in [6]. All the research works are done by the limited database, mainly 

recorded in their own environment and discrete words are used as an input voice. As a result, 

each method has its own limitation of the self-made dataset, but nowadays standard continuous 

sentences database (also called corpus) has been developed, considering both male and female 

speaker, which is publicly available. Formant characteristics determination in standard Bangla 

database is highly demandable. 

 

In this paper, Bangla vowels are investigated to determine formant frequency and bandwidth. At 

first vowel signal is extracted from continuous sentences, which are collected from standard 

Bangla database. To enhance vowel formant characteristic, pre-processing steps are performed. 

Two widely used formant estimation technique: 1) cepstrum based, and 2) LPC based methods 

are used to calculate formant frequency and its corresponding bandwidth. 

 

 

2. ANALYSIS PROCEDURE 
 

The human voice is produced from the vocal cord which is referred to be the primary sound 

source. Vocal cord is a vibrating valve, generates audible pulses from the lung airflow or air 

pressure, and composes the laryngeal sound source. In general, the acoustic resonance of the 

human vocal tract is called a formant. However, in signal processing point of view, formant is a 

range of frequency in the sound spectrum, where there is an absolute or relative maximum 

occurred [7]. Thus, formant can be defined as either a resonance of vocal tract or the spectrum 

maximum that the resonance produces and it can be measured from amplitude peak in the sound 

frequency spectrum. Another approach to determining the formant frequencies and its bandwidth 

is by vocal tract modelling. There are 14 vowels and 28 consonants in Bangla language [8]. 

Bangla vowels are classified with it originating position in vocal tract and it is expected that 

vowels in same class show similar characteristics and, on the other hand, different classes show 

distinguishable natures. 14 Bangla vowels are listed in Table 1 with classification. 
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Table 1. Vowels in Bangla Language. 

 

 
 

2.1. Bangla Language Corpus 
 

One of the essential element to doing research in Bangla language is database or corpus of Bangla 

language. There is very limited number of Bangla language corpus available. A standard Bangla 

language data plays an important role in Bangla speech recognition, Bangla text to speech and 

Bangla speech to text operations. Mainly there is two established corpus namely: 1) SHRUTI 

Bengali Continuous ASR Speech Corpus, created by Indian Institute of Technology, Kharagpur 

(IITKGP), [9] and 2) The EMILLE Corpus, created by Lancaster University, UK [10]. 

“EMILLE” corpus is developed for a minority language, as a result, there are very limited 

number of words and sentences available, and most of the sentences are not marked by phoneme, 

thus this corpus is not considered in this paper. “SHRUTI” is a dedicated Bangla language 

corpus, containing a total 7383 unique sentences. Sentences are spoken by 34 speakers, collected 

from different parts of the Indian state of West Bengal, where 75% speakers are male and rest of 

them are female. This corpus is well established and available in online [11]. But one of the 

drawbacks of this corpus is that phoneme information of uttering sentences is not available. In 

this paper, for the purpose of formant analysis of Bangla vowels “SHRUTI” corpus is considered, 

due to its wide variation and availability. Both Male and Female speakers and different sentences 

are considered. 

 

2.2. Pre-processing of speech signal 
 

In order to acquire desired vowel speech signal from the continuous sentences, it is essential to do 

some pre-requisite steps as vowel tracking, resample, windowing, band limiting and pre-

emphasis. At first from a given sentence, vowels are tracked manually for the purpose of formant 

estimation. After taking the vowel portion from a given sample, it is resampled to 8 KHz signal, 

due to human voice maximum frequency is considered as 4 KHz, thus according to the Nyquist–

Shannon sampling theorem, 8 KHz sampling rate is enough to represent human Bangla voice. 

Windowing operation is performed to remove ripples of that given speech signal. For the purpose 

of windowing, Hamming windowing is considered. Hamming windowing represents as 
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The human voice signal is a band limiting signal with the highest frequency of 3600 Hz, to limit 

given vowel signal, a low pass filter is designed with a cutoff frequency of 3600 Hz. From the 

nature of formant, it can be referred, that first formant shows the highest level of energy and level 

of energy is gradually decreased from second to third and so on. As a result, it is very difficult to 

trace the third or higher formant frequencies. To overcome this problem a preemphasis filter is 

implemented to that band limited signal. This pre-emphasis filter not only increases higher 

formant frequencies energy label, but also mitigates DC component of a given speech signal. The 

pre-processing steps are shown in Fig. 1. 

 

 

2.3. Formant Estimation Methods 
 

2.3.1 Cepstrum Based formant Estimation 

 

Peak picking methods of formant estimation is an ancient but very effective method. According 

to the definition of formants, the absolute or relative maximum in sound spectrum is consider as 

formant frequency. In cepstrum based analysis, vocal tract shape is considered as a filter and its 

spectral peaks are considered as resonance and are commonly referred as formants. Here speech 

signal is represented as. 

 

 

 
 

 

where the speech signal is a convolution product of excitation g(t) and vocal tract filter h(t). The 

cepstrum is computed by power spectrum, which is calculated using Fourier transformation, 

followed by an inverse Fourier transformation of the logarithm of that power spectrum. formants 

are estimated with the help of the range of formant frequencies and spectrum peaks. 

 

 

 
 

 

In the cepstrum equation, excitation (g(n)) and vocal tract filter (h(n)) are superimposed, and can 

be separated by filtering. As a result, low order terms of cepstrum contain vocal tract information. 

After calculating cepstrum, extract amplitudes corresponding to the vocal tract resonances, and at 

resonance point local maxima is found. Finally from the local maxima of cepstrum spectral 

formant frequencies are estimated. 
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2.3.2 Linear Predictive Coding (LPC) Technique 
 

From the previous discussion, it can be referred that, vocal tract can be modeled as a linear filter 

with resonances. And formant frequencies can be obtained from the resonance frequencies of the 

vocal tract. Graphically, the peaks of the vocal tract response correspond roughly to its formant 

frequencies. Therefore, a voice speech signal and vocal cords the system can be assumed as 

causal, stable, linear time-invariant and stationary autoregressive (AR) system. In short, vocal 

tract is all-pole linear system and its each pair of conjugate pole correspond to the formant 

frequency. So a voice speech signals given by 
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The first absolute or relative maximum in sound frequency spectrum is defined as the first 

formant and called F1, the second one is defined as the second formant and called F2, and 

similarly third formant as F3, and so on. It is observed that generally, the first formant exhibits 

the highest energy, and the second formant exhibits lower energy than the first formant and so on. 

The first three formants show comparatively higher energy than the other formants, which can be 

detected with high precision. In most of the cases, it is quite enough to represent a voice sound or 

vowel phoneme by first three formants [13]. LPC power spectrum is shown in Fig 2. of  

vowel, here peaks are considered as formant frequency. 

 

 
 

3. SIMULATION RESULT 
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Different Bangla vowels exhibit different formant frequencies with variation of bandwidth is 

shown in spectrogram plot, which is considered one of the important characteristic for Bangla 

speech recognition technique. 

 

 
 

In this paper, formant frequency is computed by two different methods, which are described in 

subsection 2.3. At first, cepstrum based peak picking method is applied followed by LPC based 

formant estimation method. After that average formant value is calculated for a given vowel for 

25 (5 speakers, 5 utterances each) samples of male and 25 samples of a female speaker. Formant 

bandwidth is computed using LPC method for all the sample vowels and taking average to 

represent final result. Order in LPC method is considered as 12, that ensure getting at least 3 pairs 

of poles. Using equation (5), formant frequencies and bandwidth are calculated from the 

estimated pair of poles. 

 
Table 2. Average formant frequency and bandwidth for male. 

 

 
 

 

 

 

 

 

 



Signal & Image Processing : An International Journal (SIPIJ) Vol.7, No.5, October 2016 

8 

Table 3. Average formant frequency and bandwidth for female 

 

 
 

Table 4: Bangla vowel recognition accuracy using first three formats 

 

 
 

 
 

4. CONCLUSION 
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