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ABSTRACT 
This paper focuses on recognising voice corresponding to English alphabets using Mel-frequency cepstral coefficients 
(MFCCs) and Dynamic Time Warping (DTW) introduced by Sakoe Chiba. MFCC are the coefficients that collectively represent 
the short-term power spectrum of a sound, based on a linear cosine transform of a log power spectrum on a nonlinear mel 
scale of frequency. For recognition samples, voice corresponding to numeric 1 to 5 is taken. The endpoint detection, framing, 
normalization, MFCC and DTW algorithm are then used to process these speech samples to accomplish the recognition. A test 
sample of any numeric in 1 to 5 is again recorded and then the algorithm is applied to recognise the same with recorded voices 
corresponding digits. It has been found that a higher percentage (>90%) of recognition is reported when the threshold level is 
set to 0.25.  
Keywords- Speech Recognition, Feature Extraction, Feature Matching, MFCC, DTW. 
 
 
I. INTRODUCTION 
Speech recognition is very famous and active area of research for last many years. It is because of the wide range of its 
potential applications. The process of speech recognition involves the translation of the words spoken by humans in a 
way that the same can be understandable and recognizable by computer [1-4]. But, the speech is a random phenomenon 
and even a same word can be spoken in many ways depending upon speaking styles, accents, regional and social 
dialects, gender, voice patterns etc. Therefore, speech recognition with precision is difficult to perform. Therefore, it is 
normally preferred to do speech recognition using letters, alphabets and/or words; rather than the whole sentences. In 
this paper, the numeric letters (1 to 5) is therefore used for the purpose of speech recognition. The speech associated 
with these numeric letters is digitally stored. The process of speech recognition then involves extraction of patterns 
from these digitized speech samples. These patterns are then compared to each other using various mathematical 
operations to determine their contents. The key mathematical operation of almost all speech recognition systems is the 
detection of the beginning and end of a word to be recognised. This problem of detecting the endpoints can be easily 
done by human; but, is a very complicated process for the machine. Therefore for the last several years, a number of 
endpoint detection methods have been developed, aiming to improve the speed and accuracy of a speech recognition 
system.  In addition, the background noises (especially those with closely matching the frequency of speech signals) and 
random properties of speech pose major problems in speech recognition [5-6].  This paper, therefore, presents a speech 
recognition algorithm based on numeric letters (1 to 5) spoken in English. The recognition process uses Mel Frequency 
Cepstral Coefficients (MFCC) vectors to provide an estimate of the vocal tract filter; whereas, dynamic time warping 
(DTW) to detect the nearest recorded voice.  The details are presented below.  
 
II. SYSTEM MODEL 
This paper uses the speech signals corresponding to numeric letters (1 to 5) for developing the speech recognition 
system. It uses a combination of features based on MFCC and DTW; and the overall speech recognition process is 
shown in Figure 1 and explained below. 
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Figure 1: Block diagram of speech recognition process using MFCC and DTW. 
 

The steps involved in block diagram of speech recognition process shown in Figure 1 are discussed below.  
 
Step 1: Pre-Emphasis & Thresholding: This is done to emphasize the higher frequencies in order to increase the 
energy of signals at higher frequencies. For this purpose, a first order FIR filter is used with the characteristics given 
by: 

 (1) 
In this paper, the value of a is set to 0.95 which means >20dB gain for high frequency. A threshold of 0.25 is also set to 
input signal so that a good higher level of signal can be obtained. This will help easily calculating the MFCC 
coefficients. 
Step 2: Framing: Framing refers to the process of segmenting the speech samples obtained from analog-to-digital 
conversion (ADC) into a small frame with the length within the range of 20 to 40 msec.  
Step 3: Windowing: The next step is to do the windowing. In this paper, hamming window is used; whereby, its 
analytical representation is given by: 

 

(2) 

Where, w(n) is the window operation, n is the samples and L is the total length of signal.  
Step 4: Discrete Fourier Transform: It is used to convert samples from time domain into frequency domain, using  

 

(3) 

Where, x[n] is signal in time domain and the value of N is taken as 512 and k=0,1,..., N-1.  
Step 5: MEL Filter Banks: Because of the peculiar shape of the human ear, it is not equally sensitive to all frequency 
bands. It is less sensitive at higher frequencies, roughly greater than 1000Hz. This means human perception of 
frequency is non-linear. Therefore for better perception, a set of filters is used, which are called MEL filter banks. 
Mathematically, it is represented by: 

 
 

Where, f is frequency in Hz. These are usually triangular in shape and are used to compute a weighted sum of filter 
spectral components so that the output of process approximates to a MEL scale. Each filter’s magnitude frequency 
response is triangular in shape and equal to unity at the centre frequency and decrease linearly to zero at centre 
frequency of two adjacent filters. Then, each filter output is the sum of its filtered spectral components.  
Step 6: Discrete Cosine Transform: This is the process to convert the log Mel spectrum into time domain using 
Discrete Cosine Transform. The result of the conversion is called Mel Frequency Cepstrum Coefficient. The set of 
coefficient is called acoustic vectors. Therefore, each input utterance is transformed into a sequence of acoustic vector. 
Step 7: Energy and Spectrum: As speech signals are random, so there is a need to add features related to the change 
in cepstral features over time. For this purpose, in this paper, energy and spectrum features are computed over small 
interval of frame of speech signals. Mathematically, the energy in a frame for a signal x in a window from time sample 
t1 to time sample t2, is represented as: 

 
(5) 

Step 7: Feature Matching (DTW): DTW algorithm is based on measuring similarity between two time series which 
may vary in time or speed. The similarity is measured in terms of alignment between two times series if one time series 
may be “warped” non-linearly by stretching or shrinking it along its time axis [7-9]. This warping between two time 
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series can then be used to find corresponding regions between two time series or to determine similarity between the 
two time series.  Mathematically, the DTW compares two dynamic patterns and measure similarity by calculating a 
minimum distance between them. To understand this, consider two time series Q and C, of length n and m respectively, 
where 

 
 

(6) 

To align two sequences using DTW, an n-by-m matrix where the (ith, jth) element of the matrix contains the distance d 
(qi, cj) between the two points qi and cj is constructed. Then, the absolute distance between the values of two sequences 
is calculated using the Euclidean distance computation: 

 (7) 
Each matrix element (i, j) corresponds to the alignment between the points qi and cj. Then, accumulated distance is 
measured by: 

 (8) 
To compute this distance, a set of boundary conditions is also defined as: 
 
 Monotonic condition: The path will not turn back on itself, i.e., both i and j indexes either stay the same or increase, 

but never decreases.  
 Continuity condition: The path advances one step at a time. Both i and j can only increase by 1 on each step along 

the path. 
 Boundary condition: The path starts at the bottom left and ends at the top right. 
For speech recognition purposes, the n-by-m matrix is created by extracting features from the voices of the speaker in a 
database. After extraction of the feature vectors from the speech signal, matching of the templates is required to be 
carried out for speaker recognition. This process could either be manual (comparison of spectrograms visually) or 
automatic [7-8].  This is done as follows in this paper: 
1. Start with the calculation of g(1,1)=d(1,1), i.e., first element of n x m matrix. Calculate the first row g(i,1)=g(i-

1,1)+d(i,1). 
2. Calculate the first column g(1, j) =g(1, j) + d(1, j). 
3. Move to the second row g(i, 2) = min(g(i, 1), g(i–1,1), g(i – 1, 2)) + d(i, 2). Record the index of this neighbouring 

cell, which contributes the minimum score (red arrows). 
4. Carry on from left to right and from bottom to top with the rest of the grid g(i, j) = min(g(i, j–1),                 g(i–1,j–

1), g(i – 1, j)) + d(i, j). 
5. Trace back the best path through the grid starting from g(n, m) and moving towards g(1,1) by following the red 

arrows. This path which gives minimum distance after testing with the feature vectors stored in the database is the 
identified speaker. 

 
III. RESULTS & DISCUSSION 
The above designed system is tested for voices of different persons. The results obtained are mentioned in percentage of 
accuracy of voice recognition. A database is created for each person voices corresponding to numeric 1 to 5. The recorded 
signals are shown in Figure 2. Then the above mentioned algorithm is applied with the threshold set to 0.25, when the voice 
signal is normalized on a scale of +1. After creating the database, then the user is asked to record the test sample, i.e., any 
number between 1 to 5. The recognition process in then implemented using DTW (Figures 3 & 4) where the distance 
calculation is done between the tested speech and the reference database. The recognition algorithm is then tested for accuracy 
by taking 50 numbers of samples and then calculated the accuracy in percentage (Table 1). The average accuracy obtained is 
92%, which is very high compared to other algorithms working on same principle. Thus, thresholding can significantly improve 
the percentage of accuracy of recognizing the voice.  
 

Table 1: Accuracy test results. 
Word Accuracy 
One 87 
Two 92 

Three 88 
Four 98 
Five 95 
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Figure 2: Signals recorded for digits 1 to 5 spoken by a male person of age group 30 to 40 years, with Asian Dialect. 

 

 
Figure 3: DTW path taken for recognition of voice of 

numeric ‘1’ with respect to other digits. 
       Figure 4: DTW path taken for recognition of voice 

of numeric ‘1’. 
 

 
IV. CONCLUSIONS 
This paper has shown a speech recognition algorithm using MFCC and DTW coefficients. The voice signals are 
recorded for numerics 1 to 5 in English language. The MFCC vectors are used to provide an estimate of the vocal tract 
filter; whereas, DTW is used to detect the nearest recorded voice with appropriate constraint. The accuracy is measured 
in terms of percentage and a good percentage of 92% accuracy is obtained for a threshold limit of 0.25.  
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