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Abstract: Speech translation is a process of both speech recognition and equivalent phonemic to word 

translation. Accent is a pattern which differentiates the pronunciation and acoustic features based on the specific 

language group. The recognition and classification of words with different accent is also challenging problem in 

speech recognition research. There are many issues which limit the performance of such systems since a word 

spoken by different persons can have different acoustic properties due to variation in physiological 

characteristics, emotional status, and cultural background.  Speech recognition is a process of identifying 

phonemes from the speech segment which is affected by the accent of the speaker. Some of the English words 

spoken by South Indian people whose native language being other than English like Telugu, Kannada, Tamil, 

Malayalam and Marathi, etc., will have a typical accent pronounced under the influence of their mother-tongue 

are incorrectly recognized by most of the translating systems. In this paper, an illustrative attempt has been 

made to effectively increase the efficiency of the system adopting a robust speech and accent recognition 

methodology. The focus is on automatically identifying the dialect or accent of a speaker given a sample of their 

speech, and demonstrates how Syllable MFCC, HMM and FO-ANN algorithm, a stratified approach through 

MATLAB tool can be employed to improve Automatic Speech and Accent Recognition (ASAR). 
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I. INTRODUCTION 
Every human has his/her own dialect and perception of his/her accent matters in day to day life right 

from infant to old age as rightly said by Mangner et al (1974) that “Language is a dialect with an army and 

navy”. With the advent of human-machine interaction, life along with communication has become easier for free 

to roam world population. Development of speaker recognition system began in early 1960‟s with the 

exploration into voiceprint analysis. The ensuing years found that detection efficiency of speaker recognition 

systems gets severely affected by methods applied towards acoustic analysis and acoustic modelling which 

ensured the development of more robust and reliable method. Added to the problem is Accent Recognition. 

Speech speak about linguistic information and about the speaker himself. Techniques have been developed by 

using which the speakers nativity, age, gender etc., are technically determined. The accent analysis techniques 

incorporate Pre-processing, feature extraction, optimization and classification algorithms to overcome space, 

bandwidth, transmission rate limitations and retrieval. For classification any of the following techniques are 

incorporated viz., support vector machine, K-NN approach, Naïve Bayes classification, Decision trees, Genetic 

algorithms and Neural Networks etc. The performance criteria of speech processing tools are its robust 

classification accuracy which results in accurate human accent recognition. The approaches so far used and 

implemented still have some loop holes and needed to be worked minutely. Accent variation does not only 

stretch out in phonetic characteristics but, also in prosodic characteristics. The robustness of the algorithmic 

system software is judged by their adaptability to changing environs of age, emotions, speech storing aspect, 

dimension aspect, training of dataset, various metrics of classification etc. Speech signals largely suffer due to 

high individual speaker differences, emotion variations and noise disturbances and thus a robust invariant 

approach is needed for accurate classification. Classification narratives such as signal intermediate 

representation, minimal feature selection, maximum compression and optimized weights are some of the 

hierarchical bench marks set for this research work which ultimately help in for exact accent retrieval and 

classification.  

 

II. PROBLEM AND OBJECTIVE SOLUTION 
Around 6,500 languages are spoken in the world but, its diversity makes the world beautiful place to 

live in.  As per Ethnologue„s 2019 edition, published by SIL International of United States, the world is 

diversified in 90 most spoken languages in which at least 10 million are first language speakers and as far as 

India is concerned and according to Swedish encyclopedia, National encyklopedin, there are 365 million native 
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speakers in English, 310 million native speakers in Hindi, 76 million speakers in Telugu, 73 million native 

speakers in Marathi, 70 million in Tamil, 38 million in Kannada and 38 million in Malayalam. The most 

challenging aspect of Automatic Speech Recognition (ASR) system is to handle the acoustic differences and 

accent differences among speakers which are geographically based. In era of globalization, every human is 

allowed to roam freely and there comes the need for accent recognition since after gender accent is seen as a 

major factor which reduces accuracy of speaker dependent recognition system. Natural language of any region 

has hundreds of accents which create difference in pronunciation and intonation of speech as a result of which 

the system accuracy comes down heavily. The major challenge is to understand speech by non-native speakers 

and vice-versa. Accent is seen as basic source of within world and outside world speaker variability. Accented 

speech results in phonemes that are not typical of a language which makes speech recognition difficult. Other 

problem is variation caused due to differences in individual speaker characteristics, emotion variation, age factor 

variations, noise and physical noise cord disturbances. The solution of the problem lies with designing accent 

recognition of various language speakers by taking care of inter and intra speaker variability problem. A four-

pronged objective strategy is laid down in order to arrive at the solution: 

 Pre-processing using DC component removal, Pre-emphasis and framing. 

 A novel feature extraction technique using Syllable Mel-Frequency Cepstrum Coefficient (SMFCC) with 

energy, zero crossing and formant frequency. 

 Coding of these features by Hidden Marko Model (HMM) for spoken word recognition. 

 A Firefly optimized Artificial neural network classifier (FO-ANN) to evaluate accented word recognition 

system performance. 

III. DESIGN APPROACH 
The below figures outline the basic flow, Neural Network with its functions and simulated MLP-NN. 

 
Figure 1: Basic Flow Diagram 

 

 
Figure 2: Neural Network with its functions 
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Figure 3: Typical Simulated NN Architecture 

 

The methodology initially involves, pre-processing of the speech signals using pre-emphasis, 

windowing and syllable segmentation algorithm. MFCC features are then extracted along with the energy, 

formants and zero crossing rate. The features so gathered are subjected to optimization using Firefly algorithm 

(FO). These optimized feature patterns are subjected to classification and recognition using artificial Neural 

Network (ANN). In ANN, the required weights are updated using firefly optimization. The performance of the 

proposed FO-ANN is evaluated with the performance measures such as Execution time, Precision, Recall, F-

measure, Recognition rate and Accuracy.  

 

IV. SYSTEM VALIDATION AND ANALYSIS 
For this paper, the suggested approach is considered for validation for 740 words with 50 samples of 

different languages namely Telugu, Kannada, Tamil, Malayalam and Marathi. 30 Speakers with different age 

group. Different features like frequency, energy, zero-crossing rate and FFT magnitude variance are only used 

to evaluate the system performance. The Syllable MFCC features are extracted and are then applied to Firefly 

Optimized Neural Network for classification employing 25 number of fireflies, absorption coefficient of 0.1, 

learning rate of 1.2 (up) and 0.5 (down). A typical simulated NN is shown in figure 3 above with one hidden 

layer and various parameters such as number of epochs 100, number of inputs 13, number of target outputs 15, 

number of hidden neurons 100 with Rosenbrock error backpropagation algorithm which is given by:    

                                                    f (x, y) = (1-x) ^2 + 100(y-x^2) ^2 
where, x and y are two functions and it has a global minimum at (x, y) = (1, 1) where f (x, y) =0. Validations 

and performance are subjected to Execution time, Recognition rate, Recall, F-Measure, Precision and Accuracy 

but, for this paper only execution time and accuracy as considered for system performance validations. The 

Accuracy parameter is mathematically expressed as:      

                                

               (1) 

where TP and TN denote true positive and true negatives whereas FP and FN denote false positive and false 

negatives. Accuracy describes percentage of correct recognition. To validate the system performance critical 

parameters such as background noise, pronunciation under stress, rate of utterances is only considered as they 

dominate the criteria in assessing system performances.  

CASE 1: Evaluation and validation with and without background noise.  

         1A: Input Word: “Nearest” with no background noise in Telugu Accent. 

 

                                              
 

Figure 4: Accented word display 
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Figure 5: Execution Time and Accuracy Simulated Plots 

 

As can be seen from the simulated plots the execution time without noise for the accented word is 66 sec and 

accuracy rate is 96 %. The accuracy can be validated as per the simulated data for accented word “Nearest” 

which shows: TP= 97, TN= 74, FN= 2 and FP= 6. By substituting the above simulated values in the equation 1 

for accuracy, the value comes out to be 95.5 %. (≈96 %).  

1B: Input Word: “Nearest” with background noise in Kannada Accent. 

 
Figure 6: Execution Time and Accuracy Simulated Plots 

 

As can be seen from the plots the execution time for the accented word with noise is 69 sec and 

accuracy rate is almost same at 96 %. The accuracy can be validated as per the simulated data for accented word 

“Nearest” which shows: TP= 97, TN= 74, FN= 2 and FP= 6. By substituting the above simulated values in the 

equation 1 for accuracy, the value comes out to be 96.47 %. (≈96 %). Other than accuracy the other parameters 

of performance are: Precision 96 %, Recall Rate 97.95%, F-Measure 96.96%. 

 

CASE 2: Evaluation and validation with Stressed accent. 

         2A: Input Word: “Assume” in Malayalam Accent. 

 

 
Figure 7: Accented word display 
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Figure 8: Execution Time and Accuracy Simulated Plots 

 

The execution time with stressed accented word is 67 sec and accuracy rate is 95 %. The accuracy can 

be validated as per the simulated data for accented word “Assume”, TP= 96, TN= 65, FN= 2 and FP= 6 and by 

substituting the above simulated values in the equation 1 for accuracy, the value comes out to be   95.26 % (≈95 

%). Other than accuracy the other parameters of performance are: Precision 94.11 %, Recall Rate 97.95%, F-

Measure 96%. 

2B: Input Word: “Assume” in Marathi Accent. 

 

 
Figure 9: Execution Time and Accuracy Simulated Plots 

 

The plots demonstrate the execution time with stressed accented word in Marathi accent is 68 sec and 

accuracy rate is 96 %. The accuracy can be validated as per the simulated data for accented word “Assume, TP= 

98, TN= 72, FN= 4 and FP= 4. By substituting the above simulated values in the equation 1 for accuracy, the 

value comes out to be 95.50 %. (≈96 %). Other than accuracy the other parameters of performance are: 

Precision 96.07 %, Recall Rate 96.07%, F-Measure 96.07%. 

CASE 3: Evaluation and validation with Rate of Speech. 

         3A: Input Word: “Node” in Telugu Accent at 30/min. 

 

 
Figure 10: Accented word display 
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Figure 11: Execution Time and Accuracy Simulated Plots 

 

The execution time with 30/min rate of speech in Telugu accent. is 78 sec and accuracy rate is 97 %. 

The accuracy can be validated as per the simulated data, TP= 98, TN= 70, FN= 2 and FP= 4. for the accented 

word “Node”. By substituting the above simulated values in the equation 1 for accuracy, the value comes out to 

be 96.55 %. (≈97 %). Other than accuracy the other parameters of performance are: Precision 96.07 %, Recall 

Rate 98%, F-Measure 97.02%. 

3B: Input Word: “Node” in Tamil Accent with 90/min rate of speech. 

 

  
Figure 12: Execution Time and Accuracy Simulated Plots 

 

The execution time with 90/min rate of speech in Tamil accent is 78 sec and accuracy rate is 95 %. The 

accuracy can be validated as per the simulated data, TP= 98, TN= 66, FN= 4 and FP= 5 for accented word 

“Node”. By substituting the above simulated values in the equation 1 for accuracy, the value comes out to be 

94.79 %. (≈95 %). Other than accuracy the other parameters of performance are: Precision 95.14 %, Recall Rate 

96.07%, F-Measure 95.60%. 

The table below compares the findings and shows accuracy is at or above 95%.  

 

Table I: Finding Comparisons 
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V. CONCLUSION 
 In present day scenario, human machine interactive systems facilitate communication between the 

people in real world situations. Natural language of any region has hundreds of accents which creates 

differences in pronunciations and intonations of speech. The conflict of interest comes when people of native 

and non-native come together for a cause face to face. For the realization of suggested automated speech 

recognition and text generation a progressive coding scheme based on Syllable MFCC along with ZCR, & 

integrated model of HMM speech coding is suggested. The implementation of the suggested work is evaluated 

over various speech samples with the approach of MFCC & Hidden Markov modeling thereby making the 

signal stable so as to get accurate features such as frequency, Amplitude, zero crossing rate, peak values etc. 

This research successfully developed an algorithm for accurate accent recognition using firefly optimized neural 

network (FO-NN) for accurate system evaluation by considering many parameters of interest. The accuracy 

evaluated is at or above 95% as compared to other conventional systems. 
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