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Abstract--   In response to the Wheel-rail noise for the audio 

processing made use of the microphone array setup delay 

coordinates and coordinates equations solved by Newton 

iteration method. Under this method for analyzing the 

accuracy of the optimal lower bound of time delay estimation, 

and the actual wheel and rail noise model needs to compare the 

experimental results show that the method proposed to meet 

the wheel-rail noise, the practical application of the system 

requirements. 
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I. PREFACE  

Accompanied by the railway construction development 

of human, Wheel-rail noise detection become more and 

more important field, traditional detection 

methods have a long time, the shortcomings of 

poor accuracy. Therefore, in the 20th century in Europe 

and North America, 80, represented by 

Professor Remington began to study the field 

of wheel-rail noise. As of 2004, have been held for eight 

times International workshop Railway and Tracked Transit 

System Noise. Research on the wheel-rail noise has lasted for 

almost 30 years. Attached great importance to railway 

noise research, mainly through the establishment 

of theoretical models, using computer software to analyze the 

contribution of the principal amount of noise source. 

specific guidance for railway noise source control 

measures
[1]

.  

China's railway construction is moving into the 

rapid development stage, China is also increasing emphasis 

on wheel-rail noise research in the field. Southwest Jiaotong 

University, State Key Laboratory of Traction Power, 

Professor Zhai Wan ming and long-term commitment to 

the research breakthrough
[2]

. He first proposed and the 

system established a "vehicle - track coupling dynamics" 

theory. This theory has long break separating the vehicle and 

track to study the situation, the railway opened up new areas 

of large system dynamics subject new areas, go to the 

international frontier of wheel-rail dynamics system, It 

provided a powerful tool to start wheel-rail noise for 

our research, Wheel-rail noise is built on on the basis of 

the interactions wheel and rail, Vehicle - track 

coupling dynamics is currently the world research on 

the interactions wheel and rail developments. 

2009 China Natural Science Foundation has set up a 

special support for the wheel-rail noise  to study the 

audio signals. 

In the audio signal processing, single-microphone without 

noise without case of reverberation from the sound 

source very close to the sound quality can be obtained when 

the source signal, but this requires sound source 

and microphone position between the relatively stable. If 

the sound source  is in outside of  the choice of microphone, 

will  create a lot of noise, leading to decline in the quality 

of the signal. In order to solve these problems, 

Microphone array systems have been proposed
[3]

. 

Microphone array in reality has extensive applications, 

such as speech recognition and coding, hearing aids, 

remote video conferencing etc., voice control system
[4]

. 

Therefore, based on microphone array speech processing 

algorithms are becoming anew research topic. 

In the existing microphone array of sound source 

localization method,  based on the time delay 

estimation method the positioning accuracy of is relatively 

high, This article is proposed traditional basis of time delay 

estimation method based 

on delay coordinate equations established by calculation. 

 

II.  TIME DELAY ESTIMATION 

Time delay, is the different  element of microphone 

array receives the same signal as the signal transmission 

distance between the time difference. Sound location, sound 

localization method is based on the time delay estimation  , 

the first sound source is estimated to reach the 

microphone array element of the array relative time 
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difference. To the static sound source ,the value is a constant, 

finally, using the geometric search algorithm to determine 

the source position. The method consists of two steps Delay 

estimation and position estimation can be seen. 

Delay estimates can be drawn by the sound 

source distance to reach the difference between the 

two microphones. That is the sound source in order to 

receive the microphone as the focus of two 

hyperbolic surfaces, time delay estimation is a 

prerequisite for sound source localization. As the 

relative velocity of sound greater microphone spacing, Time 

delay value is generally very small in the microsecond level. 

Coupled with the error propagation effect, later direct to the 

search location algorithm is the Time delay input variable
[5]

. 

Later direct to the search location algorithm is the input 

variable Time delay. Therefore, relationship between time 

delay estimation accuracy of the performance of the 

whole positioning system, and thus become the focus of 

attention. Position estimation is mainly based on the 

spatial arrangement of the microphone array geometry to 

determine the appropriate search algorithm for 

solving method or to determine the location of the sound 

source
[6]

. 

  time delay estimation based on sound 

localization technology and the largest beam 

forming techniques are sound localization in a single sound 

source in the presence of better, if there are 

multiple dying when the sound source. Nearly 

three decades, on the multiple sound source 

localization problem, many methods developed by 

scholars at home and abroad, of which the "maximum 

likelihood (ML) ","Linear Prediction (LP) "
[7]

,"multiple 

signal classification Method (MUSIC) "
[8-10]

," rotation 

invariant subspace method (ESPRIT) "as the representative 

of the maximum likelihood estimation method has the 

best performance, but large computation; multiple signal 

classification method and belong to high-resolution linear 

prediction method Rate subspace method, and its excellent 

performance, and the calculation is not, the existing 

multi-source position estimation methods are the basis 

of their evolved. 

 

 

III.  CONVENTIONAL BEAM FORMING 

As the sound source to reach the distance of each array 

element is different from the sound source and thus reach 

the microphone signals generated when the phase 

difference array element, if the rules can be compared with 

a microphone array, such as the linear microphone 

array sound source to receiving waves, making Each array 

element to receive incoming wave is also there is a pattern of 

phase, so it can receive for 

each array element to man-made wave signal phase 

compensation, so that the array element to receive the 

same sound source there is no phase difference wave. If 

the received signal for each array element are summed to 

form a beam, due to the elimination phase, the beam is bound 

to the maximum, the beam and there is a correspondence 

between phase compensation, and phase compensation on 

behalf of the DOA information, you can turn 

the microphone Array to achieve, so that the phase 

compensation value by changing the size of the 

microphone array that is normal to change the 

angle, maximum amplitude of the beam when the angle 

of the direction that the existence of the target 

signal source. This is the conventional beam forming source 

localization technology, the basic ideas. Shown in Figure 1, 

assume that the microphone array in the far field sound 

source, so that the microphone receives a signal from the 

same sound source is not only the phase 

difference between the amplitude
[11]

; figure representative 

of the black microphone arrayorigin location of each array 

element , array element spacing is 
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In order to make up the beam position corresponds with 

the microphone, you can receive signals for each array 

element phase compensation, making the signal phase of 

each array element receives consistent. If the array 

element 1 as a reference to an array element needs to 

be compensation for the first phase, so that by the amplitude 

of the output beam will reach the maximum value. In this 

way, the array elements can be weighted by the received 

signal, equivalent to phase compensation, the first array 

element a weighting factor is set to change the value, if 

a series of weighting coefficients to make 

the maximum amplitude of the beam can be considered to 

exist in that direction Signal source, this 

time receiving array beam as: 
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After the time delay estimation has been, you have 

to reach the microphone of the sound source by the time 

difference, which gives the sound source and the distance 

between the microphone on the poor, so that the sound 

source is located to the microphone as the focus of 

the hyperbolic plane, and more A microphone that can 

determine the number of double-curved surface, the sound 

source is the commoninter section of these two-surfaces in 

the coordinates of the known conditions of the 

microphone so that you can use the geometric search 

algorithm only to determine the source location. 

A. The establishment of Time delay equations 

Figure 1 is my fourth course of the 

study design element array microphone array model, in 

which the origin, axis distribution 

of the four microphones, respectively, that the source is, 

through the time delay estimation algorithm described 

above can be Get map geometric relationship between 

the segments, according to the geometric relationship can 

list the relevant equations, then solve the sound 

source can be the location of coordinates. 

 

Fig. 1. four elements array microphone model 

Geometric positioning principle. Let the coordinates 

of four microphones were  0 0 0 0M ,

 1 1 1 1M x y z ,  2 2 2 2M x y z ,

 3 3 3 3M x y z , The coordinates of the source S is 

 s s sx y z , microphone  1,2,3 and  the sound 

source, the corresponding diameters were 1r 、 2r 、 3r 、

sr ,
 The model were 1R 、 2R 、 3R 、 sR

,
 distance of 

Sound source to microphone 0,1,2,3  were 0d 、 1d 、 2d

、 3d
,
 Sound source S to the microphone to 

the microphone 1,2,3 0, distances and distance 

differences were 10d 、 20d 、 30d
,
Figure 2 Sound 
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source the sound waves reach 

the microphone 1,2,3 delay relative to microphone 0 

were 10t 、 20t 、 30t
,
 Sound velocity is v . Then the 

following relations: 

2 2

1 10 10 1 1 1

2 2

2 20 20 2 2 2

2 2
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2 2 0
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                              (6) 

Solutions to these equations can be an unknown 

quantity sx 、 sy 、 sz of the solution, which is the 

source of the coordinates. 

IV. ALGORITHM VERIFICATION 

In order to verify above algorithm The 

practical feasibility of chapters, I conducted the 

experiment under laboratory conditions. 

A. Experimental conditions 

Location: 6.0m (length) × 3.0m (width) × 3.3m 

(height) room, the walls with debris, the house has tables and 

chairs, Temperature: 27.2 ℃. 

Acoustic conditions: a reverb, a slight interference 

noise outside the window, the room has its own computer 

running acquisition system noise. 

Microphone array: 7 array element linear 

array, MEMS microphones with integrated circuits, has 

been corrected, differential amplifier circuit shown in 

Figure 2. 

Capture Card: NI acquisition card USB-6251, the 

maximum sampling rate of single1.25MS / s, 16 analog 

inputs, two outputs, as shown in Figure 2. 

 

Fig. 2. more sound localization sound physical map collection system 

B. Experiment process 

This experiment two 

groups were gathering experiment, the collected 3 times. 

The far field localization experiments: fixed microphone 

array, define the first sub-array element for the 

space Mike origin (0,0,0), representing two of the distance to 

make analog sound source, one to 

speak, one percussion sound, twice the source Angle of 

incidence was 1.5 ° and 20.3 °, a distance 

of 3.69m and 4.94m, collecting data as shown in Figure 3. 

 

Fig. 3. Experimental data collection The far field orientation 
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The near 

field localization experiments: fixed microphone 

array, define the first sub-array element for the 

space Mike origin (0,0,0), two people were made near the 

sound source simulation, one to 

speak, one percussion sound, twice the source incident Angle 

is about 0.8 ° angle of incidence, respectively, and 48.2 °, a 

distance of 1.04m and 1.64m,collecting data in Figure 4 

 

Fig. 4. Experimental data collection The near field localization 

C. Data Analysis 

1) verify the positioning algorithm 

First, the experimental data carried out by 

wavelet thresholding denoising preprocessing, then use 

the paper discusses the three positioning methods are to be 

location, location in the use of spatial smoothing 

technique to improve the positioning gaccuracy. 

The The far field and The near field recording 

and mapping results to strike, on average ,as shown in 

Table 1. Can be seen from the table, the lower the 

overall positioning error, MUSIC method for the 

highest accuracy, MVDR second, conventional 

beam positioning the worst. The simulation results 

and previous results, and failure to meet the requirements 

of the final system testing. 

TABLE I 

COMPARISON OF DATA ANALYSIS 

Location 

model 

Location method Actual sound 

source point（°） 

Location results（°） Average Location error

（°） 

Remote Field 

Conventional beam 

forming 
1.5，20.3 

-4.1，24.5 4.8 

MVDR -0.6，26.1 3.0 

MUSIC -0.5，23.2 2.4 

Near-field 

Conventional beam 

forming 
-1.2，-48.1 

-6.1，-53.5 5.2 

MVDR -4.5，-52.7 4.0 

MUSIC -3.5，-53.2 3.7 

 

2) Verify the wavelet threshold 

denoising effect on sound localization 

 Raw data collected on the laboratory, 

using conventional beam forming, MVDR beam forming 

and MUSIC are three methods of multi-source 
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localization analysis and comparison of denoising the 

original data and not the positioning results of denoising,as 

shown in Table 2. We can see from 

the table after denoising were improved positioning 

accuracy, especially where the denoised MUSIC method to 

improve positioning accuracy, followed 

by MVDR, MUSIC method which proved most sensitive to 

noise, robustness minimum. 

TABLE II 

 RESULTS OF DENOISING ON THE POSITIONING 

Whether 

denoising 

Location method Actual sound 

source point（°） 

Location results（°

） 

Average Location error（°） 

Not 

denoising 

Conventional beam 

forming 

1.5，20.3 

-2，26.5 4.9 

MVDR -2，26.5 4.9 

MUSIC 0.5，29.5 5.1 

denoising 

Conventional beam 

forming 

-4.1，24.5 4.8 

MVDR -0.6，26.1 3.0 

MUSIC -0.5，23.2 2.4 

3) MVDR beam forming Aligned source 

On the far-field measured far-field experimental 

data directed enhanced MVDR experiment, the first of the 

experimental data analysis of MVDR beam forming 

directional spectrum, the sound source 1 and 2 correspond to 

the sound source, talking to people and percussion sound 

source, its location information, respectively MVDR To-1 

° and 24.5 °, as shown in Figure 6. Respectively, and then 

use their enhanced MVDR Figure 5 - Figure 

7. Although there is 

still another source of sound residues, but the sound 

of human voice and 

percussion can be better enhanced. Because experiments 

were done in the room, and twice the source close to 

the wall, when another source of energy is high, the 

reflection will easily through the walls of the microphone is 

then accepted, the source for this miscarriage of justice. 

 

Fig. 5. MVDR spectrum of the beam positioning direction 

 

Fig. 6. Experimental raw data collected 
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Fig. 7. Aligned voice source 

V. CONCLUSION 

Based on microphone array setup delay equations method 

was successfully solved the source coordinates. The solution 

of the results and the actual wheel-rail noise system for 

comparison, experimental results show that: The method to 

meet the actual wheel-rail noise system applications. 

(1).Before denoising pre-positioning, positioning using sp

atial smoothing technique scan effectively improve the 

accuracy of multiple sound source localization. 

(2) conventional beam forming, MVDR and 

the MUSIC algorithm can complete multiple sound source 

localization, MUSIC method in which the best accuracy, 

but susceptible to noise and the impact of coherent sound 

source, but also easy to produce the extra peak, 

it also needs rest Two methods to assist positioning. 

(3) MVDR has good directional sound 

source, enhanced functions, spatial filtering can 

be done better or more sound source signal separation. 
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