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Abstract— This paper presents speaker verification using combination of MFCC features and MFCC features extracted from 

discrete wavelet transform and GMM used on Marathi database. MFCC is a feature extraction scheme and GMM is 

modelling method. Many researchers have used MFCC method for feature extraction and showed their novel techniques and 

results on improving the acceptance ratio. Optimum MFCC filters needs to be selected for speaker verification performance. 

In this paper, Combining the MFCC features and MFCC features extracted from DWT scheme are used on Marathi 

database and compared results with Conventional English database. The equal error rate is measured and compared it with 

the equal error rate on English database evaluated by author in [1]. By improving equal error rate, speaker verification can 

be used in different applications such as security, user authentication etc. Speaker verification application can also be used in 

the automotive domain for user/operator Authentication. 
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I. INTRODUCTION 

Speaker recognition is mainly comprises of two different 

types- speaker identification and Speaker verification. 

Process of recognizing a person’s voice from multiple pre-

recorded voice database is a Speaker identification, 

whereas process of ensuring persons voice from his/her 

pre-recorded voice features is a speaker verification. 

Generally, speaker identification/verification system 

consists of two phases: first step of verification is training 

phase, and second phase is authentication/testing phase. In 

the training phase, person’s few voice/phrases are 

recorded using microphone which is attached to the 

system and saved in the system. After that, system fetches 

speaker-specific data (which can be called as features) 

from the recorded voice signals. This process is called 

feature extraction process. With the help of these features, 

models are built for each and every speaker during the 

training process. For the process of Speaker verification, it 

is necessary to extract features from every frame that 

consist of needed characteristics [12]. There are many 

different model types that can be utilized in speaker 

identification/verification, which includes Euclidean 

distance(ED), artificial neural network (ANN), Hidden 

Markov Models (HMM), Gaussian Mixture Models 

(GMMs), Support vector machine (SVM), and vector 

quantization (VQ). However, GMM (Gaussian mixture 

models) is one of the most widely used method/classifier 

for modelling process [12]. In this paper GMM used as a 

classifier to MFCC features. Objective of the testing phase 

is to verify audio samples features is matching with 

recorded voice features or not. In the training phase, signal 

features are fetched from the speech signal used. In the 

testing phase, speech signal is compared with previously 

saved speaker models. The speaker is verified by 

searching the speaker model which gives the closer 

probable for input feature/model. The process of 

converting speech signal in to acoustic vectors which 

characterize/specifies speaker-specific data is called 

Feature extraction. Semantic, phonetic, phonologic, and 

acoustic are different levels of speech creation process 

used for complex transformations for speaker-specific 

data. Mel Frequency Cepstral Coefficients (MFCC) is one 

of the most widely used scheme for speaker recognition as 

well as speech recognition [7]. Testing phase of speaker 

verification could be divided in to two steps. A feature 

extraction step, and other is classification step. Feature 

extraction step in testing phase is the same as that of in 

training phase. The classification module could be 

partitioned into two different components and those two 

are pattern matching [8] and the decision of whether to 

accept or reject. Comparison of the estimated features to 

the speaker models is taken care by pattern matching. To 

take the decision, the decision component analyses the 

similar score, which can be statistical or deterministic. 

The decision action is based on the system task. The 

decision can be taken to select the identity associated with 

the model which is closer to the sample being tested. 

Because of the robustness, MFCC feature extraction 

scheme is usually preferred. To obtain MFCC, the 

windowed speech signal spectrum is added with mel filter 

bank followed by log and discrete cosine transform. To 

overcome the problem of channel variation and Additive 

background noise, It is necessary to have effective and 

efficient speech feature extraction. In this paper, MFCC 

scheme and DWT based MFCC scheme combined and 

GMM as a classifier used for feature extraction method on 

Marathi database to see the equal error rate results on 

speaker verification. 

The process for fetching the features is based on the 

Multiresolution property of the discrete wavelet transform. 

In this paper, the results of MFCC scheme, DWT based 

MFCC scheme and combining MFCC and DWT based 

MFCC scheme are observed and verified that which 

scheme gives better results for speaker verification. 

Combination of discrete wavelet transform (DWT) and 

MFCC scheme is used for speaker verification.  

Speaker verification system can be utilized in security 

systems, military application & automobile applications.  
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II. LITERATURE SURVEY 

 

Overview of automatic speaker recognition from features 

to super vectors is presented in [1]. They have studied that 

recognition accuracy of current speaker system is high 

under controlled conditions. NIST evaluations has 

overcome the challenges like text/language dependency, 

crosstalk, speech time etc. 

 

Main paradigms for speaker identification has been 

presented in [2]. Speaker identification performance 

evaluation is depend on environmental noise are also 

presented [2]. Bottom-up estimation and top-down 

processing are reviewed & their significance discussed. 

 

Features from Radon transform (RT) and discrete cosine 

transforms (DCT) are used in speaker identification in [3]. 

They have used image processing to pattern available in 

spectrum. DCT is applied on radon projections which 

gave low dimensional feature vector and got recognition 

rate of 96.69% on TIMIT database. 

 

Fractional Fourier transform based features and SVM used 

for speaker recognition in [4]. They calculated mean 

square error with the help of FrFT which makes this 

process robust against additive noise. 

 

Impact of varying MFCC filters for speaker recognition 

presented that for better speaker recognition performance, 

optimum number of MFCC filter selection is needed [5]. 

They have shown that as MFCC filters are increased, 

identification rate is increased, but computational time 

increased. Identification rate is achieved is around 96% in 

case of 30 MFCC filters but it has increased the 

computational time. Identification rate decided by the 

number of feature vectors, their dimensionality, and 

number of speakers. The optimum number of MFCC 

filters for speaker recognition system with limited 

computational time can be selected between 20 to 30. 

 

MFCC scheme is combined with Delta derivatives and 

Log energy in [6]. With these combination, they have 

achieved average recognition rate of 99.58%.  

 

Speaker information which contains in high frequency 

also important for identification [7]. This paper presented 

the Admissible wavelet packet based filter structure for 

speaker identification. Admissible wavelet packet based 

filter structure is better than other commonly used MFCC 

and Mel filter bank using WPT as filter structure is fine 

tuned to high frequency bands. 

 

Wavelet packet transform which is extension of DWT has 

been studied to see impact on performance in terms of 

accuracy and efficiency [8]. They compared the 

performance of the Discrete Fourier transform with the 

Wavelet packet transform by using the MFCC for feature 

extraction in speaker identification, when the wavelet and 

decomposition are used as the parameters. Speech features 

inherited through the WPT shown their efficient 

representation, in terms of order, for the Gaussian mixture 

model. Their WPT results on accuracy did not show as 

much consistency in performance on its best level of 

performance as the DWT in terms of average performance 

and the number of wavelets that doesn’t give error.  

 

Hybridization of MFCC and Higher Order Spectral 

features used for the classification of musical instruments 

to provide instrument specific information [9]. They have 

used 19 musical instruments & shown that classification 

accuracy has marginally improved. 

 

Wavelet analysis and neural network used for text 

independent multimodal speaker identification in [10]. 

They have achieved identification time reduction by 40%. 

Compared with GMM.  

 

Speaker identification system performance analysis done 

using speaker specific features fetched by applying 

techniques of image processing [11]. Speech is converted 

in to spectrogram. Radon transform and Discrete Cosine 

Transform are applied on the spectrogram to extract the 

features. Identification rate of this analysis is 96% on BCS 

database. 

 

Speaker recognition system has been widely studied and 

implemented by many researchers [7, 8] and showed their 

results on improving the recognition ratio. Enhanced 

Forensic Speaker Verification Using a Combination of 

DWT and MFCC Feature Warping in the Presence of 

Noise and Reverberation Conditions has been presented 

by author [12] and investigated the effectiveness of 

combining the features of MFCC and DWT based MFCC 

features of speech signal with and without feature warping 

for improving i-vector speaker verification performance 

under noisy and reverberation conditions. Even though 

DWT and MFCC features is not new and used earlier, but 

effectiveness of combining DWT and MFCC features 

have investigated by Ahmed and David. Ahmed and 

David have evaluated Performance of Speaker verification 

system using equal error rate under different noises. They 

have evaluated EER on MFCC, DWT based MFCC and 

combining MFCC and DWT based MFCC with & without 

feature warpage.  

They have used AFVC database [12] which consists of 

552 speakers and QUT NOISE database which consist of 

20 noise sessions. AFVC database which consists of clean 

signals combined with QUT database which consist of 

noise and made QUT-NOISE-AFVC database.  They have 

used 200 speakers’ extracted features for experiments. 

 

Histogram Transform Model is used to estimate 

probability density function (PDF) of super MFCC 

features [13]. They proposed probabilistic method for the 

task of text-independent speaker identification (SI). They 

designed super-mel-frequency cepstral coefficients 

(MFCCs) features to capture the dynamic information 

during SI by cascading three neighbouring MFCCs frames 

together. The accuracy of speaker identification is 

improved by using synthesized features generated through 

the random transform method. By selecting a reasonable 

number of transforms, more train features were generated 

to estimate the histogram. Their experimental results show 

that, the HT model make marginal improvement for 

speaker identification comparing with the traditional 

GMM model.  
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Admissible wavelet packet analysis is done with new filter 

structure for Hindi language [14]. They compared the 

Performance of phoneme recognition with standard 

baseline features using HMM based classifier. 

 

In this paper, the performance of MFCC, DWT based 

MFCC and combination of both is reviewed. Combination 

of discrete wavelet transform and MFCC features is used 

for speaker verification by using Euclidean distance and 

GMM as a classifier and compared results for speaker 

verification. Speaker verification system can be used in 

security systems, military application and automobile 

applications. 
 

 
 

 

 

 

III. METHODOLOGY 

 Experiments of speaker verification on the 

Marathi database [15] is done in this paper. To do the 

experiment on combining MFCC and DWT based MFCC 

and see Equal error rate, Marathi Agriculture database 

from Aurangabad is used. It consist of 349 different 

speakers. It has 12 samples recorded from each speaker, 

10 samples are used for training purpose and 1 sample is 

used for testing/verification purpose. For this below 

experiment 100 speakers are used and check the EER 

results. 

To emphasize on speaker specific properties for speaker 

recognition, it is needed to fetch effective and efficient but 

all needed features. The quality of further steps based on 

feature extraction as it is first step of the speaker 

verification. We discussed the MFCC scheme. Below 

block diagram [5] describes the MFCC scheme in detail. 

 

 

 
 

Fig. 1 MFCC SCHEME Block Diagram [5]  
 
 

Speech signal is given to the pre-emphasis block. Pre-

emphasis is a very first step of the MFCC scheme. Pre-

emphasis is conducted to enhance high frequencies which 

are diminished during speech creation mechanism. For 

pre-emphasis of speech signal, High-pass filter is 

generally preferred. This filter is given by, H(z) = 1-az-1 

where, 0.9≤a≤1. In second step of MFCC (framing), the 

speech signal is then partitioned into frames of duration 

10-30 mSec with 50% overlap in the step called as 

framing. In this small time frame, the speech signal is 

considered to be in stationary state. To prevent any kind of 

information loss, we do overlapping. After framing of the 

signal is done, next step is windowing, in this step, where 

a window whose size in time frame is much smaller than 

the whole speech signal. Each and every frame is 

multiplied with window function which smoothen the 

signal. Hamming window is given by, w(n) = 0.54 - 0.46 

cos(2πn/(T-1)) is choosed as it provides very good side 

lobes suppression. Width of the window and the shift 

between consecutive windows must be set. The windowed 

signal FFT is computed in order to get the spectrum. The 

windowed spectrum is multiplied with mel-filter bank. 

The mel scale is dependent on how human ear perceives 

the sound. It is generally linear till frequency of 1 kHz and 

logarithmic over the frequency of 1 kHz. The log 

operation is conducted to separate the vocal tract response 

from excitation signal followed by discrete cosine 

transform which compacts the signal. To decorrelate the 

features, Discrete Cosine Transform is performed on these 

log values. The Hamming and Hanning windows are 

widely utilized in speaker identification. Next, for each of 

the windowed signals generating from the windowing 

process, an N-point DFT is calculated. Specifically, N is 

selected as a power of 2 and is classically 512 points, 

which is bigger than the number of window points. 

Thereafter, we get the DFT modulus for each of the 

spectral vectors.  

In, Discrete wavelet transform (DWT) wavelets are 

sampled discretely. With the help of DWT, frequency and 

location of information can be captured. DWT can be used 

to extract more features from low frequency sub-bands 

[12]. Wavelet transform has varying window size which 

gives more time to lower frequencies and less time for 

higher frequencies [7] hence, With help of DWT, more 

features can be derived from lower frequency bands. 

 

 
 
 

 
IV. EXPERIMENTS 

 

Experiments are performed on MFCC, DWT based 

MFCC and method of combining the MFCC and DWT 

based MFCC features and GMM used as a classifier to see 

the Equal error rate. Agriculture Marathi database has 

been used and added noise over it to make noisy signal. 

False acceptance ratio (FAR) and false rejection ratio 

(FRR) are calculated and plotted the graph of the same. 

Equal error rate is nothing but rate at which False 

acceptance ratio and false rejection ratio are same. Equal 

error rate is generally used to determine the threshold 

values for its false acceptance ratio and false rejection 

ratio. Lesser the EER, better the accuracy of the system. 

Figure 2 shows the graph of false acceptance ratio and 

false rejection ratio for MFCC feature extraction scheme. 

Figure 3 shows graph of FAR and FRR for DWT based 

MFCC feature extraction scheme. For all schemes 

(MFCC, DWT based MFCC and combination of MFCC, 

DWT based MFCC schemes) Euclidean distance used as a 

classifier whereas for combination of MFCC and DWT 

based MFCC scheme performed also with GMM used as a 

classifier. Figure 5 shows the graph of FAR, FRR for 

combined MFCC and DWT based MFCC scheme. 
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V. RESULTS 

 

From Agriculture Marathi database, 100 speakers used for 

speaker verification and GMM used as a classifier, the 

equal error rate (EER) is achieved about 8%. Figure 2 

gives the graphical representation of FAR and FRR for 

MFCC scheme. Figure 3 shows FAR and FRR graph for 

DWT based MFCC scheme. Figure 4 shows FAR and 

FRR graph for combination of MFCC and DWT based 

MFCC scheme and EER at intersection point. In Figure 2, 

3 and 4, Euclidean distance is used as a classifier. Figure 5 

gives the graphical representation of FAR and FRR curves 

for combination of MFCC and DWT based MFCC 

scheme with GMM as a classifier.  

 

Method EER (at intersection 

of FAR/FRR)% 

MFCC with ED ~ 24% 

DWT based MFCC with ED ~ 28% 

Combination of MFCC & DWT 

based MFCC with ED 

~ 26% 

Combination of MFCC & DWT 

based MFCC with GMM 

~ 8% 

 

 

 
Fig. 2.  MFCC: FAR/FRR  

 

 
Fig. 3.  DWT based MFCC: FAR/FRR 

 

 
Fig. 4.  MFCC & DWT based MFCC: FAR/FRR 

  

 
Fig. 5.  MFCC & DWT based MFCC with GMM: 

FAR/FRR, EER% at intersection 

 

 

VI. CONCLUSION 

In this paper, Speaker verification process is 

demonstrated. In this paper, the performance of the 

combination of MFCC and DWT based MFCC feature 

extraction and GMM modelling method in speaker 

verification compared on Marathi database and English 

database. Combination of DWT based MFCC and MFCC 

features with GMM helped improving the Equal error rate. 

It has been seen an improvement in the Equal error rate 

(EER). In future, feature warping can be done and see the 

results of EER on Marathi database.  
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