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Abstract — Based on the Dynamic Time Warping (DTW) algorithm, we propose an improved isolated word speech 
recognition and simulation. In this paper we analyze the traditional endpoint detection algorithm and propose an improved 
version. The recognition algorithm uses the dynamic time regularization technique based on template matching in order to 
improve the traditional algorithm of long search path and search time. We use Matlab software to achieve the training and 
recognition of speech signals. The simulation results show that the improved algorithm has higher recognition rate and 
recognition speed than the traditional algorithm.  
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I. INTRODUCTION 

 
Speech recognition technology makes the use of voice 

communication between human and machine as a possibility. 
Therefore, the study of speech recognition becomes more and 
more attention. Speech recognition is a technique for 
recognizing speech signals by machine recognition into 
corresponding text or commands. It belongs multi-dimensional 
pattern recognition and intelligent interface category [1].Isolated 
words speech recognition is an important research area of 
speech recognition. It is not only more flexible than continuous 
speech recognition but also has a high application value [2]. The 
recognition unit of isolated words speech recognition system is 
isolated pronunciation word. In the training phase, first it can 
familiarize and memorize the speech features of the speaker, 
then it establishes the reference template library. Finally, the 
template with the greatest acoustic similarity is outputted as a 
result of the comparison test in the recognition phase [3]. 

This paper has realized real-time online speech collection 
function with the help of Windows Multimedia API provided 
by Microsoft. It has accomplished the speech signal training 
and recognition through the Matlab software. The 
recognition algorithm of the system applies dynamic time 
regularization algorithm which based on the template 
matching method. In order to overcome the shortcomings of 
traditional search paths and search time is relative long, an 
improved algorithm is proposed. The simulation results show 
that the improved algorithm improves with higher 
performance in recognition rate and recognition speed rate. 

II. BASIC PRINCIPLES OF SPEECH RECOGNITION 

A. Speech Recognition Process 

Speech recognition system can be divided into two parts 
with training and recognition. Training is usually off-line. It 
processes signal and database knowledge mining of the pre-
collected speech in order to obtain the required acoustic 
model. Recognition is usually online and real-time 
recognizes the speaker's speech. Recognition process is 
divided into two modules with the front-end and back-end. 

The "front-end" module is mainly used for pre-processing 
and character extraction. The main function of the "back-
end" module uses the trained acoustic model to recognize the 
speaker's character statistically and get the language 
information it contains [4]. The basic diagram of the speech 
recognition system is shown in figure 1[5]. 

 

 
Figure 1.   basic  diagram of speech recognition process 

B. Speech Recognition Algorithm 

In the speech recognition algorithm, the main research 
algorithms are Hidden Markov Model (HMM), Artificial 
Neural Network (ANN) and Dynamic Time Warping (DTW) 
algorithm.. 

Hidden Markov Model (HMM) uses a statistical method 
to describe the whole process of time-varying signal. In this 
model, it applies hidden Markov chain with state transition. 
Whether the state transfer depends on the statistical 
properties of the state at this time and not a fixed sequence. 
At the same time, the state generating probability constrains 
the observed values generated in a certain state, so this is a 
doubly stochastic process [6]. However, the process of 
HMM model is very complex, and it is not easy to find the 
best conditions and solutions in the process of setting the 
parameters. 

Artificial Neural Network is an abstract mathematical 
model.  Through the mathematical model it has realized the 
On the structure and function of the human brain the function 
of the human wants to achieve through math model mode. 
Artificial neural network is a kind of parallel and distributed 
information processing network. It consists of a large 
number of neurons. Each neuron input is connected with the 
output of other neurons. Its output is linked to other neurons 
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as input[7]. But the artificial neural network has the 
disadvantage of too long recognition time. 

DTW is an early model matching and model training 
technique. DTW is based on Dynamic Programming 
algorithm. Dynamic programming is used to convert the 
complicated global optimization problem into multiple local 
optimization problems to solve [8]. Based on the idea of 
dynamic programming, this paper has solved the template 
matching problem with different pronunciation lengths. 
Compared with the HMM model algorithm, DTW algorithm 
training almost has no additional calculations. The DTW 
algorithm is still widely used in isolated word speech 
recognition because it can be used to identify some specific 
instructions. 

The system is mainly for small vocabulary of speech 
signals and has a higher demand to real-time and faster 
computing speed. So the speech recognition algorithm which 
used in the system is dynamic time regularization algorithm 
based on pattern recognition. 

 

III. ANALYSIS OF ISOLATED WORD SPEECH 

RECOGNITION PROCESS 

A. Speech Signal Preprocess  

 
The analog speech signal is processed into a digital 

speech signal when the sound signal is stored in the 
computer in order to facilitate the subsequent processing. 
This process is divided into two steps with sampling and 
quantification. It is shown in figure 2. 

 

 
Figure 2.   speech signal digital process 

1) Sampling Analysis 
Sampling makes the analog signal of the time domain 

extract at regular intervals. Thereby it obtains sequence 
analog audio and converts to digital audio. The mathematical 
expression of the sampling is as (1): 

  nnTxnx a )()( 

Where, n is an integer and T is the sampling period. 
The original signal information can be relatively 

complete retained after digital signal sampling. In other 
words, It can accurately reconstruct the original waveform 
from the x(n). That is xa(t) can be reconstructed from the 
unique sequence of samples. 
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2) Quantitative Analysis 

Discrete time and amplitude is still continuous 
waveform, the process of amplitude discretization is called 
qualification [9]. First all the amplitude values are divided 

into a finite number of interval range. Secondly the samples 
in the same interval are set to the same amplitude value. The 
precision of the sampling is higher, the corresponding error 
is smaller. In the sampling process, the sampling frequency 
and sampling accuracy are necessary for two factors. 

 

B. Time Domain Processing of Speech Signal  

 
Characteristic of speech signal is short and stable to the 

time. that is, it has a transient stability. So the speech signal 
generally use short-term processing technology. In the short 
time range of 10-20 ms, the speech signal can be regarded as 
a smooth and non-time-varying signal. The classical smooth 
signal processing method can be used to deal with it [10]. 

1) Short-term energy 
The speech signal is changes over time. The speech is 

divided into voiced and unvoiced. The pitch period and 
amplitude of the voiced speech vary with time, but the vary 
is relatively slow. The speech signal can be approximated as 
unchanged within 10 milliseconds to 20 milliseconds. 
Therefore, the speech signal can be divided into several short 
segments (or frames) for processing. These short segments 
(or frames) have fixed characteristics and there are some 
overlapping short segments that are combined into one 
speech [11]. With such a processing method is called a 
processing method. It is expressed as (3) : 
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The short-term energy is usually defined as (4): 

 


k
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2) Short-term average amplitude 
As the short-term energy En depend much to he value of 

the speech signal . Short-term average amplitude function 
can solute this shortcoming. Its definition formula is as (5): 

       


k
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The range of variation in the range of the unvoiced 

response Mn is more advantageous than En. And Mn is better 
than En int the amplitude range of the reflected dynamic 
range. 

3) Short-term average zero-crossing rate 
Zero-crossing rate is transition the number between 

positive and negative values of the amplitude to short-time 
mean zero-crossing rate of speech signal in 1s. Short-time 
mean zero-crossing rate divide speech signal according to 
window. And zero-crossing rate of signal pairs within the 
average window is counted [12]. 

For a narrow band speech signal, the zero-crossing rate is 
the frequency of the speech signal. For example: a sinusoidal 
signal whose sampling frequency is Fs and the frequency is 
F0. There are Fs/F0 sampling point in one per cycle and twice 
zero within one cycle of the sine function. So that it can 
calculate the average zero-crossing rate is (6): 
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For a broadband speech signal, the zero-crossing rate is 
vary along with time, the above method can not reflect the 
zero-crossing rate change, so it need use short-term average 
zero rate [13]. The expression is as follows: 
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C. Endpoint Detection Method 

 
For the continuous speech recognition process, the 

recognition unit division can be used in the speech database 
training process. In the isolated word speech recognition 
system, a large number of calculation processes can be 
reduced in the non-real-time system when the end point and 
the start point of the speech signal of a single word can be 
determined [14]. 

 

D. Speech Signal Parameter Extraction 

 
Speech signal character extraction’s purpose is to get rid 

of the redundant information independent to speech 
recognition, so it can get valuable and important information 
of speech recognition. The extraction of character parameters 
also plays an important role in improving the performance of 
the speech recognition system. How to extract the 
characteristic parameters and extract the characteristic 
parameters will have a great impact on the recognition rate 
and real-time performance of the speech recognition system. 

At present, the more characteristic parameters are linear 
prediction cepstrum coefficient and Mel Frequency Cepstral 
Coefficient. Where the linear prediction cepstrum 
coefficients are derived from the linear prediction 
coefficients (LPC)[15]. The speech characteristic parameters 
can be divided into two types with time domain and 
transformation domain. The first kind is  time-domain 
characteristic parameters. The samples value in different 
time domain directly constitute the characteristic vector 
sequence. The second kind is transform domain 
characteristic parameters. The converted speech signal 
frames form a set of  characteristic vector. There are 
advantages and disadvantages of two kinds of speech signal 
characteristic parameters. The advantage of time-domain 
characteristic extraction is easy to calculate and the 
characteristic extraction of transform domain is relatively 
complex. But the extraction of the time-domain characteristic 
parameters can not be compressed, and the characteristics of 
the amplitude spectrum of the speech signal are inconvenient. 
And transform domain just make up for its shortcomings, it 
can reflect the signal amplitude spectrum characteristics 
from multiple angles.  

 

IV. DESIGN OF IMPROVED ISOLATED WORDS SPEECH 

RECOGNITION 

A. Improved Endpoint Detection Method 

 
Common endpoint detection algorithms, such as the word 

"scientific paper" are used to say in the microphone. Because 
there is a certain amount of time between "technology" and 
"paper". The short-term zero-crossing rate and energy are 
lower than threshold value in the pause. The detection 
algorithm considers this time is the end of the word and thus 
can not identify the word "paper" after pause. In order to 
solve this problem, the system has made improvements. 
When the detection algorithm detects that the short-term 
zero-crossing rate and energy are lower than threshold value, 
it does not judge temporarily, but continue to wait. This 
system is set within 10 to 30 ms time range, it see the short-
term zero-crossing rate and energy is more than the 
minimum threshold. If it is not exceeded, it judges that the 
speech signal has ended. If it is exceeded again, it is 
determined that the speech signal and the detection is 
continued. The block diagram of the specific algorithm is 
shown in figure 3. 

 

 
Figure 3.   block diagram of endpoint detection method 

 
The specific algorithm steps are as follows: 

1) Determine the threshold K1,K2,K3 and K4. (The 
experience values are K1=2,K2=10,K3=5 and K4=10). 

2) The detection signal includes energy pulse. The 
values of K1 and K2 determines the starting point A1 and A2. 
If the distance of A1 and A2  is too large, the pulse starting 
point Pb is A2 , otherwise the pulse starting point Pb is A1. 
Similarly, The values of K3 and K4 determines the value A3 
and A4.. Which it can be selected Pe is A3  ( or A4 ) .  Finally 
if the maximum energy between Pb and Pe is less than K4,  
the energy pulse should not be considered.  

3) It determine possible pairs of start endpoints. Step 2 
convert the speech to energy pulse train which shown in 
figure 4. Then the possible initial endpoint should satisfy the 
following two conditions: 

 Each group of endpoints should contain at least one 
pulse with maximum energy pulse.  

 It must exclude some impossible endpoints. When 
the pulse is separated from a certain value to the 
maximum energy pulse. The pulse may not be 
included in the starting point.  

4) The final endpoint is determined. Identifying the pair 
of each endpoint pair found in step 3. Identifying the best 
pair will determine the final result. Figure 4 is the detection 
simulation diagram to the word of "Jiangsu Nanjing". 
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Figure 4.  Simulation of "Jiangsu Nanjing" endpoint detection 

B. Improved Dynamic Time Warping Algorithm 

 
For calculating the distance of each coordinate point 

(n+1,m), it is necessary to calculate the distance between 
three points coordinates on n column and the coordinates of 
(n+1,m) , thus it can get minimum distance coordinates for 
comparing. As shown in figure 5, the original DTW 
algorithm searches in the entire coordinate plane. When the 
test template and the reference template is relatively long, the 
amount of speech training and recognition will be greatly 
increased. It is difficult to meet the requirements of real-time 
online. We can reasonably narrow the scope of the search 
path According to the search path constraints. It can improve 
the recognition rate of the system without affecting the 
recognition rate of the system. An improved DTW algorithm 
is proposed to reasonably optimize the search of the path . 
The searching range is limited to the area of the shaded area 
in the boundary of the parallelogram as shown in Fig. 5 and 
the area beyond the distance will not be longer calculate. 

  

 
Figure 5.  optimize search path graph 

The equations for the four sides of the parallelogram in 
figure 5 are: 
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Simultaneous equations y1, y2, y3 and y4 can obtain 
intersection abscissa xa of equation y2 and equation y4 and 
obtain intersection abscissa xb of equation y1 and equation y3 
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     It can get xa which is greater than 1 and xb which is less 
than N from figure 5. Then it is substituted in (12) ： 
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    It can be drawn the relationship between the expression N 
and M： 
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We only need to perform the matching calculation the 
frame on the x-axis and the y-axis in figure 5 shaded parts. 
Combine the above equation, it can calculate the interval of 
 maxmin , yy  as follows: 
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The cumulative minimum distance for matching is as 
follows: 

)]2,1(),1,1(),,1(min[),(),(  yxDyxDyxDyxdyxD

 (17) 
 
From the above equation it can be drawn that it add one 

frame in the x-axis , as long as it gets the cumulative distance 
from the previous column. Thus, the cumulative distance 
calculation requires only two sequences: one stores 
cumulative distance vector d of the current column and the 
other stores cumulative distance vector D of the previous 
column. Compared with the preservation of the entire 
distance vector matrix, this will not only greatly reduce the 
time overhead and greatly reduce the amount of computing 
but also reduces the system's storage space. Figure 6 shows 
the optimal DTW search path for the word "Beijing". 
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Figure 6.   "Beijing" optimal DTW search path graph. 

Figure 7.   

V. SYSTEM DESIGN AND SIMULATION 

 
The system uses the software VC ++ 6.0 to realize the 

online real-time acquisition of the speech signal and generate 
the dynamic link library file named MatWave.dll for Matlab 
call. It  is simulated by the software Matlab. 

 

A. Speech Signal Pre-process Simulation  

 
This process mainly pre-emphasis, sub-frame, endpoint 

detect and other process to speech signal. The system uses a 
Hamming window. Its frame length equals to 256 and frame 
shift equals to 80. This system improves the key technology 
endpoint detection of the pre-processing procedure. Take the 
word "Beijing" as an example, the pre-processing simulation 
comparison diagram of the speech signal is shown in figure 7 
and figure 8. 

 

 
Figure 8.  pre-process simulation  original speech signal "Beijing" 

 

Figure 9.  pre-process simulation  improved speech signal "Beijing". 

 

B.  Speech Signal Character  Extraction  Simulation  

 
After pre-processing, the speech signal is extracted by the 

characteristic parameters, which prepares for the training and 
recognition, This design uses the number of band-pass filter 
equals to 24. The extraction simulation comparison diagram 
to different person with the same word characteristic 
parameters is shown in Figure 9. Figure 10 shows extraction 
simulation comparison to same person with the different 
word characteristic parameters 

 
Figure 10.   simulation comparison  to different person with  “Beijing” 

 
Figure 11.  simulation comparison to same person with   “Beijing” and 

“march” 
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C. Simulating of Speech Signal Training and Recognition 

Before the speech recognition, it is necessary to train the 
reference template speech. Because the training takes some 
time, the more number of training template has, the longer it 
takes. So the system use 8 words and each words trains for 
five groups. To these 8 words, every speech characteristic  
parameters are extracted for five groups of each vocabulary 
and stored in the reference template database. Figure 11 
shows the template training procedure to each vocabulary. 

 

 
Figure 12.  Template training phase 

Speech recognition stage can be carried after the speech 
template training phase. The recognition process is shown in 
figure 12. First through the microphone input detects speech, 
such as  the word “beijing” and then wait for the program to 
template match. It displays the minimum distortion measure 
value and the recognition result value and the time spent in 
the speech recognition process of the speech to be tested. 

 

 
Figure 13.  Speech recognition phase 

D. Simulation Results and Analysis 

 
It respectively calculates the minimum matching distance 

by using the eight words: ‘happy’, ‘anger’, ‘sorrow’, ‘glad’, 
‘fast’, ‘slow’, ‘good’ and ‘bad’. It  is shown in Tables I and 
Tables II. The first row of the table represents the reference 
template and the first column represents the test template. 

TABLE I.  THE MATCHING DISTANCE OBTAINED BY THE TRADITIONAL ALGORITHM 

 happy anger anger glad fast slow good bad 
happy 0.2517 0.5981 0.6231 0.2913 0.9241 1.7850 0.6312 1.0263
anger 0.7156 0.1918 0.9872 1.0234 0.5219 0.5214 0.9642 1.2034
anger 0.5624 0.2589 0.1534 0.2874 0.9514 1.0257 0.7852 0.5872
glad 0.9587 0.4215 0.4852 0.2678 1.6258 1.0233 0.6122 0.7017
fast 0.5896 0.7815 0.9512 1.0245 0.2912 0.5246 0.8741 0.6892
slow 1.5842 0.4496 0.5512 0.4186 0.7107 0.2013 0.4126 0.8524
good 0.8652 1.0025 0.2654 0.9987 0.2987 1.2350 0.2145 0.6271
bad 0.9875 0.9423 1.3562 0.8264 0.5249 0.7515 1.1763 0.3010

TABLE II.  THE MATCHING DISTANCE OBTAINED BY THE IMPROVED ALGORITHM 

 happy anger anger glad fast slow good bad
happy 0.2202 0.4578 0.5219 0.2854 0.8547 1.6548 0.5298 0.9588
anger 0.6245 0.1563 0.8569 0.9658 0.5112 0.5147 0.7459 1.0147
anger 0.5234 0.2149 0.1205 0.2654 0.8892 0.9824 0.6548 0.5629
glad 0.8645 0.3158 0.4256 0.2239 1.3248 0.8459 0.2569 0.6222
fast 0.4628 0.6598 0.8547 0.9562 0.2512 0.3547 0.7841 0.7899
slow 1.3245 0.4129 0.4598 0.3874 0.6928 0.1619 0.3254 0.5247
good 0.7658 0.6578 0.2149 0.9547 0.2364 1.0354 0.1342 0.4587
bad 0.8129 0.8254 1.0235 0.7548 0.4876 0.6578 1.0244 0.2296

 
It can be conclude from the above two tables that the 

diagonal value is the smallest in the table  in rows and 
columns of the table. the smallest value on the diagonal, That 
is the diagonal value is the minimum matching distance and 
verify the correctness of the algorithm. Compare the values 
of the matching matrices on diagonal lines in Tables I and 
Tables II. It can get value in Table III. 

 
 
 
 

TABLE III.  MINIMUM MATCHING DISTANCE COMPARISON BETWEEN 
TRADITIONAL ALGORITHM AND IMPROVED ALGORITHM 

Test 
Speech 

Minimum Matching Distance 
of Traditional Algorithm 

Minimum Matching Distance 
of Improved Algorithm 

happy 0.2517 0.2202 
anger 0.1918 0.1563 

sorrow 0.1534 0.1205 
glad 0.2678 0.2239 
fast 0.2912 0.2512 
slow 0.2013 0.1619 

good 0.2145 0.1342 
bad 0.3010 0.2296 
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From Table III , we can get that the matching distance 
obtained from the improved algorithm is smaller than then 
traditional algorithm. It has proved the feasibility of path 
optimization. Theoretically the improved algorithm has more 
advantages than the traditional algorithm.  

A comparison experiment is conducted for the 
recognition rate and the  recognition time. The experiment is 
still used these eight word with "happy", "anger", "sorrow", 
"glad", "fast", "slow", "good" and "bad". Each group has 5 
persons and every person respectively carries out 10 tests. 
The group tests are 8 times. So the total of the tests are 400 
times. The experiments respectively do with the traditional 
algorithm and improved algorithm. The contrast statistics of 
correct recognition rate are shown in table IV and the 
recognition speed rate are shown in table V. 

 
TABLE IV.  CORRECT RECOGNITION RATE COMPARISON BETWEEN 

TRADITIONAL ALGORITHM AND IMPROVED ALGORITHM 
  Traditional 

DTW Algorithm 
Improved 

 DTW Algorithm 
correct recognition 

number 
340 351 

Recognition rate 85% 87.75% 

 
TABLE V.  RECOGNITION TIME COMPARISON BETWEEN TRADITIONAL 

ALGORITHM AND IMPROVED ALGORITHM 
  Traditional 

DTW Algorithm 
Improved 

 DTW Algorithm 
recognition average 

time(s) 
4.512305 2.582490 

 
It can be seen from Table IV and Table V that the 

improved DTW algorithm has a little improvement on the 
recognition rate than the traditional algorithm. But the 
recognition speed rate is greatly improved. The average time 
of each word can save 1.93s and the increase is nearly 
42.77%. The reason is that the improved algorithm mainly 
optimize the path search. The search matching area  is shown 
in Table VI. 

 
TABLE VI.  SEARCH  MATCHING AREA COMPARISON BETWEEN 

TRADITIONAL ALGORITHM AND IMPROVED ALGORITHM 
  Traditional 

DTW Algorithm 
Improved 

 DTW Algorithm 
match 
area M×N )2)(

2

1
(

27

38
MNNM   

 

VI. CONCLUSION 

 
The system identification is speech recognition based on 

the dynamic time regularization algorithm . Recognition 
system performance dependent on endpoint detection. So it 
does a detailed study and effective improvement to the 
endpoint detection technology of the pre-process stage. It  
use dual-threshold adaptive endpoint detection algorithm, the 
recognition rate of the improvement has a good effect. At the 

same time, it need spend a lot of unnecessary time to 
calculate the minimum matching distance because of the 
traditional DTW algorithm,. Therefore, the system optimizes 
the path search efficiently and greatly improves the 
recognition rate. It has greatly enhanced the recognition time 
without affecting the recognition rate.  
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