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Abstract:  Speech recognition technology is a method of computer sound signal processing, which 

determines human behavior by analyzing the characteristics of sound signal. It has a wide range of 

applications in modern science and technology, and is a new frontier science, also is known as 

intelligent language. With the continuous improvement of people's requirements for the quality of life, 

intelligent devices have sprung up in various fields. It is very practical to apply speech recognition 

technology to smart home reasonably to make home life more comfortable, safe and effective. The 

recognition of speech signal is primarily completed by preprocessing, feature extraction, training and 

pattern matching; the user interface is established by using the function of Matlab GUI, and the signal 

lamp image based on speech recognition is simulated and controlled by using the software. 
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I. INTRODUCTION 

 

Ince the 1990s, the research of speech recognition 

has been in-depth, with the introduction of artificial 

intelligence, pattern recognition and other new 

technologies. The research on speech recognition 

technology in China is relatively late compared with that 

in foreign countries, but great achievements have been 

made through the unremitting research of researchers. 

For example, great progress has been made in large 

vocabulary continuous speech recognition and isolated 

word recognition. The research content of this paper is 

based on the background of smart home, the voice signal 

and furniture signal lamp are one-to-one corresponding 

to realize the intelligent control of home equipment. The 

main method is to preprocess the user's voice signal, and 

then extract the characteristic parameters of the 

processed voice signal. Finally, the user's voice is 

automatically recognized combined with pattern 

recognition, and the instruction command is associated 

with the signal lamp image according to the voice 

content, which provides a better experience for the user. 

 

II. SPEECH SIGNAL PREPROCESSING 

A. Pre Emphasis 

 

When people collect voice signals, the end of the 

vocal tract is the lip. Its radiation has a small impact on 

the low-frequency speech, but has a greater impact on 

the high-frequency speech. The vowel energy of speech 

signal is mainly concentrated below 1kHz, and 

decreases at the speed of 6dB per octave. Therefore, 

there is a phenomenon that the energy of low frequency 

is large, and the energy signal of high frequency tends to 

be attenuated. Therefore, the pre emphasis processing 

method can effectively improve the energy of high 

frequency band, increase its resolution and ensure the 

quality of speech signal transmission. In this paper, first-

order fir high pass digital filter is used to realize speech 

signal pre emphasis 

-1H(z)=az ,0.9<a<1
                         (1) 

 

In this paper, the pre weighting coefficient a is 0.98. 

Here, the speech signal in "home mode" is taken as an 

example for pre emphasis processing, which is shown in 

Fig.1. It can be clearly observed from the figure that 

after pre emphasis processing, the high-frequency part 

of the speech signal is weighted and has smooth 

characteristics, which effectively reduces the distortion 

and lays the foundation for subsequent processing. 
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Fig.1 signal change of speech "leaving home mode" 

 

B. Framing and Windowing 

Voice signal itself is not a smooth signal. In a short 

period of time, the voice frequency is not so fast, so it 

can be said that the voice signal has a stable 

characteristic in a short period of time (10 ~ 30ms). In 

this paper, we call the enframe function to process the 

speech signal. Next, we divide a section of speech signal 

into frames (without window function) and select the 

starting frame number as 80, which is shown in Fig.2. 

 

 
Fig.2 speech signal framing processing 

In the process of framing processing, the start and end 

frames of speech signal will appear discontinuous state, 

so that the deviation between it and the original signal is 

larger and larger. In order to effectively solve this 

problem, the signal is windowed to reduce the problem 

of signal discontinuity and prevent the leakage of energy 

spectrum. Next, the voice signal (frame 50) is compared 

with different window functions, and the result is shown 

in Fig.3. 

 
 

Fig.3 voice signal windowing 

 

C. Endpoint Detection 

Using endpoint detection technology is to effectively 

distinguish the effective voice segment and silent 

segment of the voice signal in the complex background, 

and clearly divide the starting and ending points of the 

voice signal, and separate the real voice signal. In this 

paper, we use the power-off detection method based on 

double threshold (as shown in Fig.4) to observe that the 

endpoint detection based on double threshold can 

effectively distinguish the start and end points of speech, 

in which the start and end positions of speech are 

represented by solid dotted lines with different colors. In 

addition, using this method for endpoint detection not 

only reduces the processing time of the system and the 

degree of noise interference, but also effectively 

improves the performance of speech signal processing. 

At the same time, it also lays a good foundation for the 

subsequent speech signal feature extraction. 

 

 
 

Fig.4 endpoint detection of speech signal 
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III. SFETURE EXTRACTION BASED ON 

MELCEPSTRUM PARAMETERS 

 
Each voice has its own characteristics. Therefore, 

selecting appropriate feature parameters can not only 

eliminate and reduce the irrelevant information in 

speech signal, but also improve the effect of speech 

recognition. In this paper, Mel cepstrum parameter 

(MFCC), which is more in line with human auditory 

characteristics, is selected. Firstly, the speech signal is 

read, then the Mel filter coefficients are normalized,and 

then the speech is pre emphasized, Hamming window 

added, enframe called and FFT processed. Finally, the 

characteristic parameters of the first order difference 

MFCC are obtained. The MFCC characteristic diagram 

and its characteristic parameter results are shown in 

Fig.5. This method can effectively extract speech 

features, which not only lays a good foundation for the 

subsequent pattern matching, but also provides a good 

basis for speech recognition. 

 
Fig.5 MFCC characteristic diagram 

 

Ⅳ.  PATTERN MATCHING 

Pattern matching plays a key role in speech 

recognition system. The quality of the algorithm plays a 

decisive role in the result of speech recognition. In the 

process of pattern matching, the test template and 

reference template library are compared and matched, 

and the best matching distance between them is 

calculated by distortion measure. 

A. Pattern Matching Algorithm Based on 

Euclidean Distance. 

 

Euclidean distance can be regarded as the degree of 

similarity of speech signals, and the closer the distance 

between them is, the more similar they are. The 

expression is: 

^( ( 1 2) 2), 1,2,....d sqrt xi xi i n     (2) 

Where xi1 represents the i-dimensional coordinates of 

the first point and xi2 represents the i-dimensional 

coordinates of the second point. In fact, an n-

dimensional Euclidean space is a set of points, and each 

point can be expressed as (x(1), x(2),...,x(n)). Where x(i) 

(i = 1,2... N) is a real number, which is called the ith 

coordinate of x. The distance d(x, y) between two 

points x and y = (y (1), y (2),..,y (n)) is defined as the 

above formula. In the process of speech recognition and 

matching based on the principle, the reference template 

and test template adopt the same feature extraction 

method, and the process of training and matching is the 

same.  

From the results in Fig.6, we can see that this method 

can effectively recognize the speech of the test template, 

and the recognition effect is better (less vocabulary). So 

far, the basic process of speech recognition has been 

realized. 

 
Fig.6 recognition results of DTW algorithm 

 

Ⅴ.  REALIZATION OF MATLAB GUI INTERFACE 

FUNCTION 

A GUI interface for the design of the main program 

system is built. The design diagram of the interface is 

shown in Fig.7. As shown in Fig.7, the analog control 

interface is composed of voice signal processing module, 

voice display module to be tested, analog control 

module, recognition result module and attention module. 

After designing the layout of each module, and then its 

function is improved. Firstly, the speech reference 

template library is established, and then the speech is 

processed in turn. Secondly, the matching and 

recognition of test speech signal are carried out. The 
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final experimental results can correctly recognize the 

speech, and associate the corresponding signal output. In 

this process, the effect of the signal lamp simulated by 

different voice signals is different.  

 

 

 

 

 

 

 

 

 

Fig.7 interface design of simulation control bottom 

layer 

After the completion of speech recognition, it is 

necessary to carry out the signal analog correlation, and 

output the corresponding recognition results. Thus, the 

analog control of signal lamp image of speech 

recognition is realized that is shown in Fig.8. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig.8 simulation results 

 

Ⅵ.  CONCLUSION 

In this paper, the key aspects of speech recognition 

are studied in detail. Firstly, in the process of speech 

signal processing, the read speech signal is unstable, so 

it is preprocessed. By comparing several commonly 

used algorithms of endpoint detection, we finally choose 

the endpoint detection based on double threshold, and 

successfully extract the effective part of the speech 

signal. Secondly, in the process of feature extraction 

based on speech Mel cepstrum, the first-order difference 

parameters are calculated by combining the dynamic 

and static characteristics of speech signal as the key 

parameters of recognition. This algorithm can not only 

accurately extract the feature parameters of speech, but 

also improve the stability of speech recognition system. 

The recognition results are displayed in the Matlab GUI 

interface, and the signal lamp simulation control system 

based on speech recognition is completed by effectively 

combining the basic home control voice command and 

signal lamp image simulation control. 
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