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Abstract 

Machine-Human interaction plays an important role for many users in order to access the information. The interactions could be 

in the combination of text, speech, facial expressions etc., or separately. The objective of the proposed work is to develop a speech 

based agricultural commodity prices accessing system in which recognition of user queries is implemented using i-vector approach. 

In the proposed work, i-vector based approach is adopted for speech recognition. The recognition tasks can be conducted for both 

speaker dependent and speaker independent case. The experimental results show that the Equal Error rate (EER) obtained for the 

proposed system is improved and the performance of the system is improved when increasing the number of Gaussian mixture 

components and also number of i-vector components.  
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I. INTRODUCTION 

Speech recognition is the process in which the system can understand and respond to the sound produced by the human speech. 

Studies of speech recognition have been performed for decades. Speech is the low frequency, aperiodic one dimensional signal 

which composed of sequence of sounds which have the transformation that reveal the information. It consists of 3 important parts: 

Pre-processing, Feature extraction, and pattern recognition. Pre-processing is the process of conversion of speech input into the 

form in which the speech recognizer can process. Feature extraction is the process to extract the features from the input speech 

signal that help the system in identifying speaker. Speech recognition is the process in which identification of what has been said 

at the input side. Various methods have been proposed for efficient extraction of speech parameter for recognition of speech. 

Among them, MFCC (Mel-Frequency Cepstral Coefficients) [1] [2] plays an important role. Along with the MFCC, the recognition 

such as HMM is mostly used. In the proposed work GMM-UBM [3] is used as a model for the speech data and the performance 

of the speech recognition system is analyzed. Similar to speech recognition, speaker identification, speaker verification also plays 

an important role. In the field of biometric identification, various studies have been performed. Mostly speaker identification 

systems use the model called Gaussian Mixture Model (GMM) [5]. Many approaches have been proposed in order to improve the 

discriminative qualities of GMM. Among them, Gaussian mixture model-universal background model (GMM-UBM) is a popular 

method. In UBM, the speaker models are adapted by using Bayesian adaptation [6].This model is the global model. A UBM is 

formed from the speech data set containing all the words. During training, by using Maximum a posterior adaptation (MAP), GMM 

model is adapted from the UBM [6]. The state-of-the-art method for speaker recognition systems uses i-vector along with GMM-

UBM model [7]. i-vector is the low dimensional fixed length vector which can be used as the compact representations of speaker 

utterances  which is the modified version of Joint factor analysis (JFA) [8].   

II. RELATED WORKS 

This section provides various work done in the field of speech recognition and speaker recognition. Speech recognition is the 

process in which the speech sound produced by the human can be identified and responds by the system. Speaker recognition 

involves two tasks namely speaker verification and speaker identification [9]. Identification of sound produced by the human from 

the known speakers is called speaker identification. Speaker verification is the process of reject or accepts the identity claim of the 

speaker who uttered the sound. For speech recognition, along with the MFCC, HMM is predominantly used. In the proposed work, 

GMM-UBM is used as a model of speech and the performance of the system is analyzed. The research is going on in speech 

recognition for many years in order to accomplish the agricultural task domain. In [10], Speech Based Interaction system (SBC) 

system was proposed in Telugu language by IIT Hyderabad which is implemented using sphinx recognition system. They have 

used the method called context dependent tri-phone HMM with the eight Gaussian mixtures per state to model a speech data. 96 

speakers are used for recording the data where each speaker uttered 500 words (lists of commodity, markets and district). Total 

number of words recorded is 9600. The accuracy as 77.7% is obtained. In [11], the authors used the models called CDHMM and 

SGMM with the sixteen Gaussian mixtures per state in order to investigate the problem of ASR acoustic modelling for agricultural 

tasks domain. They have developed ASR in four Indian languages namely Assamese, Bengali, Marathi and Hindi and compares 



Speech Based Access for Agricultural Commodity Prices in Tamil  
(IJSTE/ Volume 4 / Issue 7 / 014) 

 

 All rights reserved by www.ijste.org 
 

76 

the performance of the ASR modeled using SGMM and CDHMM. They concluded that for the languages assamese and Bengali, 

the performance of ASR system using both CDHMM based acoustic modeling and SGMM methods is comparable due to small 

vocabulary size. Similarly for Hindi and Marathi due to large vocabulary size, SGMM provides the better performance. They have 

implemented using HTK toolkit. 

In [12], six consortium members are involved in developing a speech based automated commodity price helpline in six Indian 

languages namely Assamese, Bengali, Hindi, Marathi, Telugu and Tamil. They have used CDHMM for acoustic modelling 

configuration for 10 commodity and 10 district names in each languages. Still the research is going on. In [13], the author developed 

the telephony based automatic speech recognition system for Bodo language implemented using asterisk server and sphinx 

recognition toolkit. Total number of words collected are 31(4 digits (0, 1, 2, 3)), 25 commodity names and yes/no word from 100 

different speakers (70 male speakers and 30 female speakers). ASR can be modelled using tied state tri-phone model with sixteen 

Gaussian mixtures per state. They have obtained the accuracy of 77.24% in training phase and 72.12% in testing phase. Similarly 

various research works are being done in speaker recognition. 

In [14], speaker verification task is implemented using i-vector based approach and GMM based approach in order to reduce the 

confusion errors. For this, the speech data collected from 50 speakers in a laboratory environment. The performance can be obtained 

in the form of Equal Error Rate (EER). EER can be decreased by 4 and 4.5%. In [14], the authors, proposes a speaker identification 

system which provides 2 important parts namely feature extraction and sparse representation classifier (SRC). For classification 

purpose sparse representation classifier is used. The databases like NIST2005, NIST2006, and NIST2008 are used. Total number 

of speakers is 136 and the Gaussian mixture component of 512. The length of the i-vector is 400. Here the author tries to enhance 

the performance of SRC which compensates variations of session and channel in order to make the dictionary discriminative. In 

[15], the author proposed i-vector based method for signature verification using the database of SigWiComp2013. i-vector is 

extracted and used for template making. In order to reduce the within class variance WCCN is used and cosine similarity used for 

scoring performance. The author analyzes the performance by varying the number of mixture component and dimension. As a 

result the better performance obtained for larger mixture component with i-vector of larger dimension. 

In the proposed work, by considering small account of work in agricultural domain, the speech recognition is performed using 

i-vector based approach and the performance of the system is analyzed. EER obtained for proposed method is compared with state 

of art method GMM-UBM for various i-vector dimensions. 

III. METHODOLOGY 

 Speech Recognition through i-vector Approach 

In the proposed work, i-vector approach can be adopted for speech recognition. The proposed recognition system consists of three 

parts namely, feature extraction, modelling using GMM-UBM and i-vector extraction. Fig.1 shows the block diagram of proposed 

speech recognition system. 

 
Fig. 1: Block Diagram of Proposed Recognition System 

The description of the block of i-vector based approach is given as follows: 

The isolated Tamil words which are recorded through normal microphone and saved as a wave (.wav) file using audio editing 

software/tool named Audacity. These recorded wave files are stored in a particular directory which is collectively called speech 

database. The speech signal from the database is pre-processed and the MFCC features from the speech signal are extracted. After 

that, i-vector is extracted for extracting the features which compensates the variations due to channel, speaker or source. After that, 

score of i-vector based models are obtained log-likelihood ratio between corresponding model and test data. Performance of the 

recognition system is analyzed in the form of detection error trade off (DET) curve. DET curve which shows the relation between 

false positive rate and false negative rate. 

 Feature Extraction Process 

Feature extraction is the important part in speech recognition system. It is the representation of original input speech signal by 

calculating the series of feature vectors. It helps to identify the corresponding word uttered by extracting the features from the input 

speech signal. There are various feature extraction technique are available [16], namely Linear Predictive Cepstral Coefficients 
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(LPCC), Perceptual Linear Prediction Coefficients (PLPC) and Mel-Frequency Cepstral Coefficients (MFCC). Among these 

features, MFCC is used in the proposed work. 

 Mel-Frequency Cepstral Coefficients 

From the input speech signal, MFCC (Mel-frequency cepstral coefficients) technique is used to extract the useful information. The 

MFCC consists of important feature called Mel filter bank. The important characteristics of Mel filter bank is, at low frequency it 

can be spaced linearly and at high frequency it can be spaced logarithmically in order to capture the useful characteristics in the 

input speech signal. Fig.2 shows the process of MFCC Extraction. 

 
Fig. 2: MFCC Extraction Process 

The first step in feature extraction is pre-processing. The steps involved in pre-processing are: pre-emphasis, Framing and 

windowing. Frequency normalization is performed through pre-emphasis. Then frame blocking is performed on pre-emphasized 

signal. The frames are windowed in order to maintain the signal continuity. Usually hamming window is used for this purpose. In 

order to obtain the power spectrum of the signal, Fast Fourier Transform (FFT) is applied to the each frame. After that the spectrum 

of the signal is passed to the Mel-filter bank. The Mel frequency can be calculated using the following formula (1), 
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Similar to the frequency scale of human ear Mel filter is an auditory scale. After that, logarithmic operation is performed. Finally, 

discrete cosine transform is used to calculate the cepstrum coefficients. Table 1 shows the parameters used for feature extraction. 
Table – 1 

Parameters of MFCC Extraction 

Parameter Value 

Sampling Rate 8000 Hz 

Frame Rate 100 f/s 

Window Size 256 

Dimensions of the Features 12 

Total Number of Filters in the Mel Filter Bank 40 

 i-vector Formation 

i-vector was proposed initially For automatic speaker recognition [18], and after that it was adopted for other applications such as 

emotion recognition [21], language identification [18][19] etc. In order to overcome the session and channel variabilities in speaker 

recognition joint factor analysis (JFA) [8] is used. When compared to JFA, i-vector performs better [6][14][18]. i-vector makes the 

speech signal as fixed length. In speaker recognition, i-vector is extracted from the input speech signal. By using this extracted 

vector, scores can be computed and then recognized. Same approach is applied to the proposed recognition of speech. There are 

two reasons for adopting this i-vector for speech recognition. The first reason is each input word uttered has variable lengths. 

Hence by using i-vector, variable length of the input signal can be converted into fixed length features. The second reason is the 

speech signal of a person is slightly different in each time. These variations lead to increase in false rejection rate (FRR). These 

variations can be reduced by LDA. Fig. 3 shows the block diagram of steps involved in the recognition of i-vector approach. After 

extracting feature from the speech signal using MFCC, a model called universal background model (UBM) [22][23][24]is 

developed. There are different models have been used as UBM. Normally for text independent speaker verification task GMM is 

used [17] [21] and for text dependent speaker verification task HMM is used [22] [23]. In this proposed speech recognition system, 

in order to analyze the performance of the recognition system, GMM is used. 
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Fig. 3: i-vector Based Recognition System 

The process of extraction of i-vector for speech recognition is given as follows: 

 Initially GMM is created for the extracted speech vectors by using Expected Maximization algorithm. 

 By using maximum a posteriori adaptation (MAP), adaptation of specific speech GMM model from the UBM model. [Here 

UBM is nothing but mean, covariance matrix and weights of the entire feature vector]. 

 Then, by using Baum Welch Method statistics can be created for entire feature vectors. 

 Total variability subspace is obtained from the extracted vectors through EM algorithm. 

 i-vector are extracted from the extracted feature vectors of training set. 

 In order to minimize the within class variances and maximizes the between class variances, linear transformation i.e. , linear 

discriminant analysis (LDA) is performed. 

 Again, using EM algorithm Gaussian PLDA model is developed from the extracted i-vector set (i.e., trained i-vector). 

 Similarly for testing set, MFCC features are extracted and this extracted feature set are used for the computation of statistics. 

 By using the statistics, i-vector for the test speech set is extracted. 

 Scoring Performance is obtained by taking the log-likelihood between the model and test data which is given in the form of 

detection error trade off (DET) curve. 

Based on Baum Welch method [21], statistics can be created using UBM for each features of each signal. 

Consider 
i
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Where,   denotes the normal distribution. 

Total variability subspace can be created using EM algorithm [24]. For this, assume factor analysis model of the form, 

XTmM .                                                                      (5) 

Where, M -adapted mean super vector, 
m -UBM mean super vector, 

T -total variability matrix with low rank, 

X -i-vector. 



Speech Based Access for Agricultural Commodity Prices in Tamil  
(IJSTE/ Volume 4 / Issue 7 / 014) 

 

 All rights reserved by www.ijste.org 
 

79 

i-vector compensate the variations due to session and speaker , by creating the total variability subspace ‘T’. To reduce the 

session variability which is unwanted in i-vector space, inter class compensation methods like LDA followed by PLDA is used. 

From [26] the separation of speaker class defined by the linear discriminant analysis in the direction of B which is given by the 

following equation (6), 

BSB

BSB

w

T

b

T

                                                                         (6) 

Where, B is the projection matrix which contains k  Eigon vectors.  

b
S  and 

w
S  are the within and between class covariance matrix. 

IV. EXPERIMENTAL SETUP AND PERFORMANCE ANALYSIS 

In the proposed work, experiment is conducted for both speaker dependent and speaker independent case. For speaker dependent 

case, the words collected from a single speaker is used. Total number of utterance collected from the single speaker is 4725. Among 

them 4200 utterances can be used for training and 525 utterance used for testing. For speaker independent case, the speech is 

collected from 3 different speakers. Total number of utterance collected from each speaker is 675. Among them, 450 utterances 

are used for training and 225 utterances are used for testing. For a single speaker, the number of words used for recording purpose 

is 35 which include agricultural commodity names. For speaker independent, number of uttered words are 17. The sampling rate 

of each speech signal is 8 kHz which can be digitized at 16 bits per sample. Each utterances remains the duration of 1 second. Each 

input speech signal is converted into the feature vectors called Mel-frequency cepstral coefficients which have the dimensions of 

12 with the frames of 96.  After that, universal background model can be created by using speech data which produce the weight, 

mean and covariance of the training speech data can be obtained. Then first and the second order statistics can be obtained. The 

length or i-vector dimension must be varied between 50 and 200 and the mixture component must be varies between 32 and 1024, 

the performance can be analyzed. The LDA and PLDA dimension must be 16 and 34 for speaker independent and speaker 

dependent case. After that features extracted from the speech data for testing, these features can be compared to the PLDA Gaussian 

model which is developed for train speech data. Finally scoring verifications can be obtained in the form of equal error rate. The 

performance of the i-vector based approach can be analyzed by varying the number of Gaussian mixture components and dimension 

of the i-vector. For each mixture component various equal error rate (EER) can be obtained. The following table 2 represents the 

various equal error rate (EER) by varying different number of mixture components and number of dimensions for a different 

speakers (speaker independent case) who uttered the commodity names. 
Table – 2 

EER for Speaker Independent Case (Different speakers) for Different Mixture components and Dimensions 

Dimension 
Various Mixture Component 

32 64 128 256 512 1024 

40 37.50 35.43 31.61 30.14 37.50 30.88 

50 34.55 34.55 33.04 32.12 34.55 33.82 

60 41.91 38.23 34.46 31.61 32.26 30.56 

70 38.97 39.70 36.53 34.55 33.08 31.43 

80 35.47 37.77 37.50 35.38 29.36 34.55 

90 40.34 36.02 35.43 35.43 33.08 34.55 

100 41.63 43.38 38.97 37.40 35.29 34.88 

From the table 2 it is observed that the performance of difference speaker (speaker independent case) must be achieved better 

when increasing number of mixture components .Here larger mixture component provides the less EER. For different speakers 

(speaker independent case), i-vector dimension of 80 with the mixture component of 512 provides the less equal error rate of 29.36. 

The implementation of the i-vector based approach can be done in the Matlab R2013a by using the MSR identity toolbox. Similarly 

the following table 3 represents the various equal error rate (EER) by varying different number of mixture components and number 

of dimensions for a single speaker who uttered the commodity names. 
Table – 3 

EER for Speaker Dependent Case (Single Speaker) for Different Mixture Components and Dimensions 

Dimension 
Various Mixture Component 

32 64 128 256 512 

50 35.35 37.85 34.33 35.00 35.7 

60 32.50 34.46 34.28 34.45 33.62 

70 33.17 33.92 32.84 32.85 35.35 

80 36.23 36.09 33.57 31.92 35.12 

90 33.50 33.35 33.29 34.39 31.20 

100 38.21 34.64 33.21 32.50 30.86 

110 37.72 36.05 36.42 33.47 33.43 

120 37.85 34.64 35.99 33.21 31.42 

130 40.35 36.42 34.28 35.35 32.89 
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150 42.50 40.94 37.14 34.45 32.55 

200 41.15 40.71 41.07 37.46 34.03 

From the table 3 it is observed that for the i-vector dimension of 100 with the mixture component of 512 achieves the better 

performance. Therefore performance must be achieved better when increasing number of mixture components.  When increasing 

the number of mixture components EER can be reduced. In the proposed work, for speaker dependent case, obtained lowest EER 

is 30.86 with the dimension of 100.  

Fig 4 shows the detection error trade off curve for both single speaker (speaker dependent) and different speakers (speaker 

independent) and it is observed that increasing the mixture component reduces equal error rate. Fig 4 and 5 shows the detection 

error trade off curve for both single speaker (speaker dependent) and different speaker (speaker independent) with the i-vector 

dimension of 100 and 80 and it is observed that increasing the mixture component reduces equal error rate. In this curve ‘X’ axis 

represents the false positive rate (FPR) and the ‘Y’ axis represents the false negative rate (FNR). The linear line which cuts the 

curve in the graph which gives the rate called equal error rate (EER). 

 
Fig. 4: DET Curve for both Speaker Dependent Case (Single Speaker) and Speaker Independent Case (Different Speakers) 

V. CONCLUSION 

In this proposed method, for the applications of speech recognition the author adopting this i-vector method. As a result, we have 

observed that increasing number of training data will increase the performance of the system. And also by increasing the number 

of Gaussian mixture component performance must be improved. One of the disadvantages of proposed method is it consumes time 

for larger mixture component and larger dimensions. In the future work, instead of using LDA we have an idea to use within class 

covariance (WCCN) and cosine similarity methods in order to improve the performance. 
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