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Abstract: Aiming at the problem of inadequate positioning accuracy of sound endpoints by the dual-element single-threshold endpoint 

detection algorithm and the single-element dual-threshold endpoint detection algorithm in the process of locating the sound source of 

weather modification bombs at high altitudes during artificial weather modification, a multi-element dual threshold endpoint detection 

algorithm. First, according to the characteristics of high-altitude explosion of weather modification bombs and ground reception, the 

sound signal is filtered and denoised, divided into frames, and windowed. Then, the time-domain feature short-term energy, short-term 

zero-crossing rate and frequency domain feature short-term information entropy of each frame of the sound signal are calculated, and 

double thresholds are set for detection. In this way, the start and end points of the explosion sound in the collected sound signal are 

found, and the data is imported into the positioning algorithm for processing, and then the explosion point of the weather modification 

bombs in the high air is located. The test results show that the method can accurately distinguish the end point of effective explosion 

sound, and has practical application value for the location of the sound source of the high-altitude explosion point of the weather 

modification bombs. 
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1. INTRODUCTION 
Artificial weather influencing is to artificially influence the 

physical process of the local atmosphere through anti-aircraft 

artillery operations under appropriate conditions to achieve 

the purpose of increasing rain and snow, preventing hail, 

eliminating rain, eliminating fog, and preventing frost [1]. The 

use of sound source localization technology can effectively 

measure the high-altitude explosion location information of 

human shadow bombs, and at the same time effectively 

evaluate the effect of human shadow operations. When the 

sound source positioning system is used to locate the 

explosion point of the shadow bomb, only a small part of the 

large amount of sound data collected by the system belongs to 

the sound information of the shadow bomb explosion. A large 

amount of other redundant information makes the positioning 

system unable to transmit or process the data in real time. 

Reduce the performance of the system [2]. 

Voice endpoint detection algorithm is a common method of 

voice signal preprocessing [3]. Literature [4] proposed an 

advanced quantum-based endpoint detection algorithm to 

process audio data in a quantum computer, but it is 

temporarily not suitable for embedded audio processing. 

Literature [5-7] starts with time domain features, and 

literature [8] starts with frequency domain features. They 

study detection algorithms based on short-term energy, 

detection algorithms based on short-term zero-crossing rate, 

and short-term energy and short-term energy. Zero-crossing 

rate detection algorithm and detection algorithm based on 

spectral entropy. Literature [9-11] combined frequency 

domain features and time domain features, and studied 

detection algorithms based on short-term energy and 

information entropy and detection algorithms based on Mel 

frequency cepstrum coefficients. Literature [12] uses wavelet 

transform convolution method to detect. These algorithms 

have achieved certain results in voice endpoint detection. 

Aiming at practical application requirements, this paper 

proposes a multi-element double-threshold voice endpoint 

detection algorithm based on the time-domain and frequency-

domain features of high-altitude explosion sounds. First, filter 

a segment of speech signal, divide it into frames, and 

preprocess it with windows, and then calculate the short-term 

average energy, short-term average zero-crossing rate and 

short-term information entropy of each frame of speech. Each 

element is set with dual thresholds. The start point and end 

point of the collected explosive voice information are 

determined. The multi-element dual-threshold voice endpoint 

detection algorithm is convenient for dynamic real-time 

processing or transmission of effective voice data, and it can 

also improve the timeliness of the positioning algorithm [13]. 

2. POSITIONING ALGORITHM  
Aiming at the problem of estimating the position of the high-

altitude bombing point of human shadow bombs in order to 

adjust the launch angle and improve the operation effect, a 

time-delay-based sound source positioning system with low 

computational complexity and strong real-time performance is 

designed. The system uses a four-element cross pickup array 

to collect sound signals in real time. And processing. 

2.1 Time Difference Of Arrival 

The sound source localization algorithm based on time delay 

calculates the time delay between the sound source reaching 

each sensor, and then uses the minimum distance mean square 

error criterion to solve the azimuth angle, pitch angle and 

distance of the sound source [14]. 
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Figure 1.  Four-element cross localization model diagram 

The construction of the four-element cross sound source 

localization model is shown in Figure 1. The four high-

precision capacitive pickups are located at M1(d,0,0), M2(0,-

d,0), M3(-d,0,0). ),M4(0,d,0). The origin coordinate is 

O(0,0,0), and the sound source is located at S(x,y,z). The 

projection of point S on the XY plane is S'. The azimuth angle 

of the sound source point S is φ, and the pitch angle is θ. The 

azimuth angle is the angle between the positive semi-axis of 

the X axis and the counterclockwise, and the pitch angle is the 

angle between the positive semi-axis of the Z axis. 

Establish a system of equations, and then according to the 

minimum distance mean square error criterion, we can get: 

distance:     
      

     
     

  

               
    (1) 

Azimuth:           
        

   
      (2) 

Pitch angle:          
      

           
 

   
    (3) 

Among them,            are the time delays of the sound 

source reaching sensor 1 and reaching sensors 2, 3, 4, c is the 

speed of sound, and d is the distance between the sensors. 

2.2Time Delay Estimation Method 

When the sound source is located         , the sound 

source is considered to be in the far field position, and the 

sound source is a plane wave when it reaches the sensor, 

which is the maximum wavelength of the sound source. 

Ignoring the amplitude difference between the received 

signals of each array element, it is approximately considered 

that there is a simple time delay relationship between the 

received signals. Suppose any two sensors and the received 

signals are respectively 

                       (4) 

                        (5) 

They are N-point discrete signals sampled by ADC. Among 

them      are the sound source signal,      and      white 

noise,   and   the time that the sound propagates to the sensor 

  and   ,the time delay between the sensor    and     is 

         . The cross-correlation function of the received 

signal can be expressed as: 

                         (6) 

Because                  are not related to each other, we 

can get equations (4) and (5) into equation (6) and simplify 

                                        (7) 

It can be known from the nature of the autocorrelation 

function that at that time      , the cross-correlation 

function has the largest peak. However, in the actual 

environment, the cross-correlation function will produce 

many peaks due to non-Gaussian white noise. When the 

reflected wave is too strong, the cross-correlation peak of the 

direct signal will be overwhelmed, resulting in inaccurate 

experimental estimation. In order to suppress the influence of 

noise, the generalized cross-correlation method can be used to 

weight the cross-correlation function in the frequency domain 

to make the peak of the cross-correlation function more 

obvious [15]. 

3. SIGNAL PREPROCESSING 
When the sound signal is used for positioning, the final 

sample value matrix of the sound signal imported into the 

positioning algorithm should be the sound fragment of the 

human shadow bomb explosion in the air. The proportion of 

the effective sound segment in this sound has a great influence 

on the positioning accuracy. Therefore, it is necessary to 

distinguish between a section of sound containing noise 

(unused sound section) and explosive sound (effective sound 

section), and extract the effective sound section containing 

only explosive sound or as little noise sound section as 

possible. The preprocessing of sound signals mainly includes 

filtering, framing, windowing. [16]. 

3.1 Filter 
The signal contains various noises that will cause interference 

with short-term energy, short-term zero-crossing rate, and 

short-term information entropy. Therefore, it is necessary to 

use a filter to filter out some noise. According to the sound 

attenuation, the sound of the explosion can be known from the 

sound attenuation after being spread over a long distance in 

the air.The energy of the explosion wave reaching the 

acquisition system is mainly concentrated below 1000 Hz. 

Therefore, the filter is a Butterworth bandpass filter with a 

passband frequency of 50Hz~1000Hz. As shown in the band-

pass filter diagram in Figure 2, the upper half is the original 

signal collected by the first sensor, and the lower half is the 

original signal after the band-pass filter. The filtering effect is 

ideal. 

 

Figure 2.  Bandpass filter diagram 
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3.2  Framing and Windowing 

Fourier transform is to study the relationship between the 

entire time domain and the frequency domain. When 

processing sound signals, it is impossible to measure and 

calculate infinitely long signals. Therefore, the sound signal is 

divided into frames, and the long sound signal in a period of 

time is divided into multiple shorter frames, and then the 

short-term energy, short-term zero-crossing rate and short-

term information entropy can be calculated for each frame. . 

After an infinite signal is truncated, its spectrum is distorted, 

which is also called spectral energy leakage. In order to 

reduce spectrum leakage, different interception functions can 

be used to intercept the signal. The interception function is 

called a window function, and the sound signal is windowed. 

More stable [17]. The sound signal is a random signal. 

According to the recommendation in [18], the Hanning 

window is selected to process the sound signal, the frame 

length is set to 1024 sampling points, and the frame shift is 

512 sampling points.  

4. ENDPOINT DETECTION  

4.1 Short-term Energy 

The difference between the sound segment and the noise 

segment is particularly obvious in terms of energy. The 

energy of the sound segment is obviously higher than the 

energy of the noise segment. At the same time, the energy of 

the sound segment is the sum of the noise energy 

superimposed on the sound energy [18]. As shown in Figure 

3, when the signal-to-noise ratio is very high, only the short-

term average energy can effectively distinguish the sound 

segment from the background noise segment. Within the error 

allowed by the positioning algorithm. 

The short-term energy is defined as: 

                    
      (8) 

It can also use the short-term average amplitude to replace the 

short-term energy. The short-term average amplitude is 

defined as: 

                   
    (9) 

Among them,      is the window function. 

 

Figure 3. The effect of noise on short-term energy 

 

4.2  Short-term Zero crossing Rate 

The number of times a frame of sound crosses the zero point, 

that is, the horizontal axis, is defined as a short-term zero 

crossing. For continuous sound signals, zero crossing means 

that the time-domain waveform crosses the time axis. For 

discrete signals, if the sign of adjacent sampling points 

changes and the product of two adjacent sampling points is 

less than zero, it means zero crossing. The zero-crossing rate 

is the number of sign changes. 

The short-term average zero-crossing rate is defined as: 

   
 

 
                                   

    (10) 

Among them,        is the symbolic function. 

From the definition of the zero-crossing rate, it can be seen 

that the zero-crossing rate is easily interfered by low-

frequency signals, and part of the noise is concentrated in the 

low-frequency part. Therefore, before calculating the short-

term zero-crossing rate, a high-pass filter can be used to filter 

out the low-frequency noise, and then the zero-crossing rate 

can be calculated. You can also perform median filtering on 

the data, then modify the traditional zero point and set the 

zero point threshold T, so that zero crossing means crossing 

the positive and negative threshold T[19]. It can effectively 

reduce the false zero-crossing rate caused by noise and 

improve the efficiency of endpoint detection. 

This article chooses the second method, and through research, 

it is found that if the DC component is not removed during the 

filtering process, or a small DC component is added after 

removing the DC component of the original signal, its effect 

is the same as setting the zero threshold. . As shown in Figure 

4, the DC component is very small, and not using the average 

filter is equivalent to setting the zero threshold T. However, as 

the signal-to-noise ratio decreases, the false zero-crossing rate 

caused by noise will make it impossible to distinguish the start 

and end points of the sound. 

 

Figure 4. The effect of noise on the short-term zero-crossing rate 

4.3 Information Entropy 

For a discrete source, when it is composed of several random 

events, the uncertainty of the occurrence of a random event is 

described by the probability of its occurrence. The smaller the 

probability of an event, the smaller the probability and the 

greater the amount of information contained. On the contrary, 

the greater the likelihood of an event, the greater the 

probability and the smaller the amount of information 
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contained. Therefore, the short-term average amount of 

information provided by the source is expressed as: 

               
 
                 (11) 

Since the amplitude of the sound signal has a large dynamic 

range relative to the amplitude of the background noise, it can 

be considered that the random event of the sound signal in the 

range (-M, M) is large, that is, the information entropy is 

large, and the invalid sound segment only contains the 

amplitude of the background noise Small, the distribution is 

relatively concentrated, so the information entropy is small. 

As shown in Figure 5, as the signal-to-noise ratio decreases, 

the short-term information entropy fluctuates to a certain 

extent, but the start and end points of the sound can still be 

distinguished. According to the above principles, after 

constructing the entropy function, the information entropy of 

each frame of signal can be calculated. 

 

Figure .5 The effect of noise on short-term information entropy 

4.4 Multi-element and Double threshold 

Detection 

The multi-element double-threshold method is used to locate 

the sound source of the explosion point of the shadow bomb 

to find out the part of the speech that contains the explosion 

sound. The multi-element double-threshold method is realized 

by using the three-level judgment of the short-term energy of 

the sound, the short-term zero-crossing rate and the short-term 

information entropy. 

The first level of judgment, as shown in Figure 6, a higher 

threshold TH1 is selected on the short-term energy envelope 

of the sound, and the one higher than the TH1 gate, that is, 

between the AB segments must be speech, and the start and 

end points of the speech should be located at this threshold 

Outside the time point corresponding to the point of 

intersection with the short-term energy envelope. Determine a 

lower threshold TH2 on the average energy, and search from 

point A to the left and from point B to the right to find the two 

points C and D where the short-term energy envelope 

intersects the threshold TH2, so the CD segment is used The 

double-threshold method determines the start and end 

positions of the sound segment based on the short-term energy. 

The second level of judgment is based on short-term 

information entropy. Two thresholds TH3 and TH4 are set on 

the short-term information entropy envelope. Using the same 

judgment method as the short-term energy, the double-

threshold method of short-term information entropy can be 

obtained. The starting and ending point positions of the 

obtained voice. The start and end points obtained by the short-

term energy and short-term information entropy are weighted 

and averaged to obtain the dual-element dual-threshold speech 

start and end points. 

The third level of judgment is based on the short-term average 

zero-crossing rate. From the weighted average starting and 

ending points, search from point C to the left and from point 

D to the right, and find two short-term average zero-crossing 

rates lower than the threshold TH5. Points M and N are the 

starting and ending points of the sound segment determined 

by the multi-element double-threshold algorithm. 

 

Figure .6 Voice endpoint detection diagram 

5. EXPERIMENT ANALYSIS 

5.1  Experimental Environment  
The experimental environment was chosen in an empty 

playground to reduce the reflection and reverberation of 

sound. The sound source chooses cowhide drums to replace 

the explosion sound, the sound frequency is 200Hz~300Hz, 

and the sound source is 10m away from the center of the 

pickup array. Start at 0° and collect twice every 45°. In the 

first collection, hit the cowhide drum twice, and in the second 

collection, hit the cowhide drum once. 

5.2 Data Collection and Analysis 
The sampling rate of the data acquisition system is set to 

100kHz, and the four channels are collected simultaneously. 

A total of sixteen sets of data are obtained, and each set of 

data has four channels. 

Using a multi-element double-threshold sound endpoint 

detection algorithm in MATLAB, each set of data can be used 

to obtain the sound starting point and ending point of the 

signals received by the four sensors. The starting point is used 

as the starting point for the sensor array to receive the sound 

signal, and the largest ending point is used as the ending point 

of the sound. The starting point and ending point of the sound 

signal received by the sensor array can be obtained. 

Table 1 compares the results of single-sound four-channel 

sound endpoint detection and manual marking of the start and 

end points of the sound, and the error is within one frame. 

When locating the sound source, you only need to know the 

starting point of the sound, and then take 5-10 frames of data 

from the starting point backwards, and then you can use 

generalized cross-correlation to get the time delay between 

each sensor for positioning. Moreover, the sound has a certain 

length of tail, and it is difficult to manually mark the end 

point, so the end point of the sound is not manually marked. 
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Table 1 Starting and ending point test results table 

 Detection algorithm Manual marking 

 Starting 

point 

End point Starting 

point 

Error 

Ch.1 123905 135680 123960 -55 

Ch.2 123905 134656 123990 -90 

Ch.3 123905 133632 124290 -385 

Ch.4 123905 134656 124000 -95 

Ch_All 123905 135680 123960 -55 

 

 

Figure 7. Voice endpoint detection diagram 

 

Figure 8.  Sixteen data sets of sound starting point errors 

 

Figure 7 Voice endpoint detection The picture shows the 

voice endpoint detection including two voices.It can be seen 

that the algorithm accurately marked the start and end points 

of the two speech signals. Figure 8 shows the error between 

the 16 sets of data voice endpoints detecting the start and end 

points of the marked voice and the start point of the manual 

marking. It can be seen that the multi-element double-

threshold algorithm effectively marks the starting point of the 

speech, and the detection error meets the needs of the 

positioning algorithm. 

6. CONCLUSIONS 
This paper uses the short-term stability characteristics of the 

sound signal and proposes a multi-element double-threshold 

algorithm using short-term energy, short-term zero-crossing 

rate and short-term information entropy to determine the start 

and end points of the sound. Experimental results show that 

the algorithm can effectively mark the start and end points of 

the sound, and can provide effective speech fragments for the 

sound source localization algorithm. In this paper, the 

algorithm processing of adaptive threshold is not 

implemented. The threshold is only derived from a large 

amount of experimental data, and when the signal-to-noise 

ratio drops below 5dB, a large number of misjudgments will 

occur in the short-term zero-crossing rate and lead to errors in 

the results. In the next step, the adaptive threshold sound 

endpoint detection will be studied to achieve more accurate 

sound endpoint detection. 
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