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ABSTRACT 

Spoken words recognition provides applications like spoken 

commands recognitions in robotics command, speech based 

number dialing for phones and mobiles, etc. It also provides 

applications in railway and banking areas. This work aims at 

designing of optimal Multilayer Perceptron Neural Network 

(MLP NN) based classifiers for speaker dependent spoken 

digits recognition. The classifier attempted as optimal leading 

to less number of computations and few components 

requirement for its future implementation in hardware leading 

to a low cost speech recognition system. Isolated spoken 

digits were used as an input data to the neural networks based 

classifiers. Each spoken word was analyzed for the feature 

like Mel Frequency Cepstral Coefficients (MFCC). The MLP 

NN based classifier was designed meticulously with the 

condition of minimum components and attempting maximum 

classification accuracy. 
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1. INTRODUCTION 
The objective of this work is to design maximize accuracy 

neural network for speaker dependent isolated spoken digits 

recognition under the constraints of minimum network 

dimension. While applying neural network to any application 

there are chances of overloading the system with computation 

time. Therefore, neural networks design attempted with 

optimal network design configuration. The design comprised 

of minimum number of weights and neuron components 

leading to a network with fast speech recognition. Significant 

work has already been done in the neural network and speech 

recognition [1] – [27]. Main advantages of neural networks 

are the ability to generalize results obtained from known 

situations to unforeseen situations, fast response time in 

operational phase due to a high degree of structural 

parallelism, reliability, and efficiency [1]. In the network 

structure if number of neurons in the hidden layer approaches 

to the number of input training vectors, it becomes an 

associative memory and generalization property of such 

neural networks becomes worst [2]-[4]. Moreover, 

computation time of the neural network increases dramatically 

with the number of the hidden neurons [5]. The activation 

functions and the thresholds are defined by a recursive 

optimization procedure [6]. It has been reported in literature 

that three-layer network with sigmoid transfer function in the 

hidden layer and linear transfer function in the output layer 

can virtually approximate any nonlinear function to any 

degree of accuracy provided sufficient number of neurons in 

the hidden layer is available [7], [8]. It is found that the choice 

of learning algorithm and activation function is important to 

improve network performance [9]. The point where the 

validation set starts to decrease in performance, while the 

training set continues to increase is the point that gives the 

maximum training and validation performance [10]. 

Methodology for design of near-optimal MLP NN based 

classifier based stopping point from learning curve for 

training and validation sets is presented by [11]. S V Dudul 

[12] described training procedure of MLP NN. Meng Joo Er 

et al. [13] presented a general design approach using neural 

network based classifier for face recognition to cope with 

small training sets of high-dimensional problem. 

Several researchers have used neural network for speech 

recognition applications. Judith Justin and Ila Vennila [14] 

analyzed the performance of continuous speech recognition of 

a speaker independent system using Artificial Neural Network 

(ANN). Bachu R.G. et al. [15] presented his work on speech 

recognition mentioning Zero Crossing Rate (ZCR) and energy 

of speech signal as important features of speech signal and 

classified voiced and unvoiced signals using Energy and ZCR. 

Bishnu Prasad Das and Ranjan Parekh [16] developed speaker 

independent isolated English words corresponding to digits 

zero to nine classification using ANN with feed-forward back-

propagation architectures. Maruti Limkar et al. [17] presented 

recognition of spoken English words corresponding to digits 

zero to nine in an isolated way by different male and female 

speakers. Md. Ali Hossain et al. [18] developed back-

propagation neural network for Bangla Speech Recognition. 

Geeta Nijhawan and M.K. Soni [19] first gave a brief 

overview of automatic speech recognition (ASR) and then 

described the use of ANN's as statistical estimators, then, 

back-propagation neural network performance as applied to 

the speaker recognition. D. B. Hanchate et al. [20] described 

number recognition system based on ANN. The base system 

employs MFCC. Q. Ibrahim and N. Abdulghani [21] first 

described a complete speech recognition system based on 

Linear Prediction Coefficient (LPC) feature extraction and 

decision based on ANN. Lakshmi Kanaka Venkateswarlu 

Revada, et al. [22] proposed Network that has been tested on 

one digit numbers dataset and produced significantly lower 

recognition error rate in comparison with common pattern 

classifiers. Wouter Gevaert et al. [23] investigated on the 

speech recognition classification performance which is 

performed using two standard neural networks structures as 

the classifier. 
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Fig 1: If necessary, the images can be extended both columns 

Chin Luh Tan and Adznan Jantan [24] investigated the use of 

feed-forward multi-layer perceptrons trained by back-

propagation in speech recognition and approached use of 

neural networks for speaker independent isolated word 

recognition. Mondher Frikha and Ahmed Ben Hamida [25] 

described modeling approach ANN used in state of the art 

speech recognition systems and then provided survey of ANN 

architecture for robust Speech Recognition. Howard Demuth 

and Mark Beale [26], [27] presented ANN models of with 

abbreviated notations. 

This paper work aims at classification and recognition of 

spoken digit from 0 to 9 in a normal minimum noise 

environment. Features of audio signals like MFCC attempted 

as inputs patterns to the neural networks. Designing of MLP 

NN carried out to recognize spoken digits. 
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Fig 2: Block diagram of MFCC 

2. METHODOLOGY 
Ten records of each spoken digit from 0 to 9 were collected as 

a database. Block diagram of Speech Recognition System is 

as shown in Fig. 1. Speech signal from microphone is 

normalized in between the amplitude of -1 to 1. Normalized 

signal is divided into frames. Generally, the amplitude of 

unvoiced speech Segments are much lower than the amplitude 

of voiced segments. The energy of the speech signal provides 

a representation that reflects these amplitude variations. Short-

time energy of signal x(n) can define [15] as: 
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Energy of each frame is calculated. As energy of unvoiced 

signal is low and energy of voiced signal is high, unvoiced 

signal removed from speech signal. Voiced signal envelop is 

detected. As per the literature MFCC is the important features 

of speech signal. MFCC of voiced signal can be calculated as 

shown in Fig. 2. 

First step to calculate MFCC is windowing. Normally 

Hamming Window is used [14], [17]. Hamming window can 

define as: 
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Where, L is window length  

After windowing, second step is to take Discrete Fourier 

Transform to transfer the signal from time domain to 

frequency domain. Discrete Fourier Transform of signal x(n) 

can define as: 
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Where, N is number of samples. 
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Fig 3: Multilayer neural network

Third step is Mel filter banks. Overlapping triangular 

windows for frequency domain analysis is defined. Linear to 

Mel frequency scale conversion can define as: 
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A set of filters with triangular band pass frequency response 

believed to occur in the auditory system. One filter is assigned 

for each desired mel-frequency component. Spacing and 

bandwidth is determined by a constant mel-frequency interval 

[17]. 

Next step is to determine log of the energy of signal within 

each window by summing square of the magnitude of the 

spectrum. 

Final step is to take Discrete Cosine Transform. Discrete 

Cosine Transform of signal x(n) can define as: 
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Where, range of k is from 1 to N and w(k) can be define as: 
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Output of Discrete Cosine Transform is MFCC. Number of 

MFCC for each record was typically chosen as 20. These 

MFCC features are given as training input data sets to ANN.  

ANN is a massively connected structure of artificial neurons 

that has a natural tendency for strong experiential knowledge 

and making it available for use. Neural networks are Data 

Dependent and are suited for non linear applications. An ANN 

is mans crude way of trying to simulate the brain 

electronically by using Hardware or Software. There are two 

aspects. One is knowledge Acquisition through learning and 

another is knowledge is stored in weights i.e. coefficients. 

These are two aspects in which ANN resembles the brain. By 

using ANN it is possible to developed powerful mathematical 

algorithms, which mimic the human brain’s ability to learn. 

ANN is used when first principle equations of system cannot 

easily be developed.  ANNs are used for Non-linear 

Regression, Clustering and Classification. It has a capability 

to learn from examples. For designing neural network data-

collection phase must be carefully planned to ensure that data 

should be sufficient and it should capture the fundamental 

principles at work and data should be free as far as possible 

from noise. There are many features of neural networks. 

Neural network is intrinsically capable of recognizing a 

complex pattern and modeling non-linear system. It also gives 

fast response due to a high degree of structural parallelism. 

Multilayer neural networks are used. Multilayer neural 

network is as shown in Fig. 3. These were adapted by back-

propagation. Usually a fully connected variant is used, so that 

each neuron from the n-th layer is connected to all neurons in 

the (n+1)-th layer, but there are no connections between 

neurons of the same layer. A subset of input units has no input 

connections from other units; their states are fixed by the 

problem. Another subset of units is designated as output units; 

their states are considered the result of the computation. Units 

that are neither input nor output are known as hidden units.  

In MATLAB, coding is done for designing MLP NN to 

classify digits from 0 to 9 based on their features. Here, MLP 

NN consists of 20 inputs and 10 output neurons for 10 digits 

from 0 to 9. Number of hidden layer neurons was estimated 

systematically by using following technique. Single hidden 

layer MLP NN designed by using following technique:  
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Fig 4: Plot of Mean Square Error verses Number of hidden neurons 

 tansigmoidal function for the neurons of MLP NN. 

 No of neurons in hidden layer varied from 2 to 20. 

 Train the network number of times with different 

random initialization of connection weights (small 

values) to avoid biasing. 

 Network trained number of times with different 

random initialization of connection weights (small 

values) to avoid biasing. 

After training, network was validated for testing data sets on 

the basis of classification accuracy. From the Fig. 4 and Fig. 5 

it is found that hidden layer with 12 neurons gave maximum 

accuracy of 100 percent on training data. When number of 

hidden neurons is 12 the Mean Square Error is also reasonably 

low. Therefore, optimal configuration for the isolated spoken 

digits recognition MLP NN is 20-12-10 with tansigmoidal 

activation functions in the hidden layer and the output layer. 

The number of training epochs for the minimal configuration 

was 89. 

3. RESULTS AND CONCLUSION 
Training of neural network was set to maximum of 5000 

epochs. The transfer function of hidden and output neuron 

was set to tansigmoid. The number of hidden layer neurons 

was varied from 2 to 20. Each configuration of neural network 

was trained three times with random initial weights. The best 

network with maximum classification accuracy was 

considered. The plot of Mean Square Error verses number of 

neurons and plot of accuracy verses number of neurons were 

obtained as shown in Fig. 4 and Fig. 5 respectively. Our 

objective is to get maximum accuracy with reasonably low 

Mean Square Error. The optimal configuration thus obtained 

was validated for testing data set of the same size. The 

accuracy on testing data set was found to be 97 percent. 

 

Fig 5: Plot of Accuracy verses Number of neurons on training and testing data sets
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