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Abstract: Boiler tube burst is the main reason for the unplanned shutdown of thermal power plants. The time difference can
be estimated and analyzed by the acoustic signal generated when the boiler tube leaks, and the time difference can be
converted into a distance difference to locate the leakage point. The accuracy of positioning depends on the accuracy of the
time difference estimation, and the various background noises produced by the complex production environment of the boiler
and the impulse noise generated by the uncertain factors in the signal acquisition circuit have a non-negligible effect on the
accuracy of the time difference estimation. Aiming at the problem that the signal does not have obvious second-order statistics
in the environment of impulse noise, a Wiener weighted adaptive time difference estimation method based on median filtering
is proposed. First, the median filter is used to remove the impulse points in the noise to make it obey the normal distribution
and have second-order statistics; Next, select the generalized correlation method based on the Wiener weighting function of
linear minimum mean square error to eliminate the influence of noise; Finally, according to the characteristics of the
generalized correlation method that relies on the prior knowledge of the signal but the ability to suppress noise and the
characteristics of the adaptive method that the ability to suppress noise is weak but does not rely on the prior knowledge of the
signal, the two methods are combined to form a Wiener-weighted generalized correlation and its adaptive method. Simulation
experiments prove that the Wiener weighted adaptive time difference estimation method based on median filtering has better
estimation performance under impulsive noise than the adaptive minimum average p-norm method based on fractional
low-order statistics.
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1. Introduction

However, the noise here refers to Gaussian noise, which
obeys a normal distribution. The noise should have
second-order statistics such as variance and correlation
function. This is the premise of using the weighted

At present, most signal processing models follow a normal
distribution, so the signal processing methods used are
mostly based on second-order moments or second-order [1]
statistics, such as the mean, variance, and correlation

function of random signals. And power spectral density
analysis. Among the time delay estimation methods, the
correlation method is the most widely studied. It is a typical
time difference estimation method based on second-order
statistics [2]. Aiming at the impact of environmental noise,
the concept of weighting function is introduced, namely the
generalized weighted correlation method [3], which can
compare the correlation function the peaks in play the role of
sharpening, reducing the impact of noise on time estimation.

generalized correlation method.

Although signal processing methods based on Gaussian
assumptions and second-order statistics [4] have been widely
used, in actual situations, such as underwater sound, signal
transmission in the circuit, etc., may not obey the normal
distribution and do not have second-order statistics,
correlation methods based on second-order statistics will fail.
The literature [5] proposes a series of estimation methods
based on fractional low-order statistics, such as covariation
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method, adaptive minimum average P-norm, etc. These
methods can solve the signal of non-Gaussian model well
and introduce the concept of alpha stable distribution. Since
the correlation method is based on second-order statistics, its
moment order is a fixed constant of 2. The method based on
fractional low-order statistics has a moment order of p and is
limited to (0, a), so the value of p The determination of
depends on the prior knowledge or estimation of the random
variable a [6].

In order to avoid the estimation of the p value, and for the
impulse noise, that is, the noise that does not obey the
Gaussian distribution, a median filtering method [7] is
proposed. The impulse points are removed to make the noise
obey the Gaussian distribution. Then the current mature
generalized correlation method is selected, and according to
the generalized correlation method The characteristics of
relying on the prior knowledge of the signal but the ability to
suppress noise [8] and the characteristics of the adaptive
method that the ability to suppress noise is weak but not
relying on the prior knowledge [9] of the signal combine the
two methods. Through simulation, the generalized weighted
adaptive correlation method based on median filter and the
time difference method based on fractional low-order
statistics are compared in the impulse environment with
different signal-to-noise ratios. The results prove that the
generalized weighted adaptive correlation method based on
median filtering has good toughness under this noise
condition.

2. Generalized Adaptive Correlation
Method Based on Median Filter

2.1. Alpha Stable Distribution Model

The alpha stable distribution [10] is a generalized normal
distribution, or the normal distribution is a special
distribution of the alpha stable distribution. Compared with
the normal distribution, the alpha stable distribution is
characterized by impulsive noise, which is expressed in the
time domain of noise. It has a spike, which is expressed as an
extreme point of a set of data in mathematics. Equation (1) is
used as a characteristic function to describe this distribution
process:

¢(u) = exp{jau — y|u|"[1+ jBsgn(W)w(u,a)]} (1)

Where:

~J tan(me/2), a#1
w(y,a) = {(2/77)log|u|, a=1 )

1; u>0
sgn(u)< 0, u=0 3)
-1, <0

and ae R, 0<a<2, v=20, —1<pg<1,

2.2. Weighted Median Filtering with Double Threshold

Median filtering refers to non-linear filtering to obtain the
median of a set of data. It has a good ability to suppress
impulsive noise, but the effect of median filtering is easily
affected by the size of the filtering window. If the window
size is too small, the impulse noise suppression effect is not
good and cannot meet the requirements of signal processing;
if the window size is too large, although the impulse noise is
suppressed, the original signal details are also lost a lot,
making the signal distortion. Therefore, it is necessary to
select an appropriate filter window from the filtered
signal-to-noise ratio and the root mean square error at the
same time.

In response to these contradictions, many scholars have
successively proposed different median filtering methods
[11]. The more common ones are multiple median filtering,
switching median filtering, weighted median filtering and so
on. The median filtering method used in this article is based
on the improvement of weighted median filtering, mainly for
the improvement of the weighted median filtering to
determine the signal noise points and signal points. Since the
impulse points are mainly some extreme points, the double
Threshold to determine whether the signal point is a noise
point. The specific method is: suppose the filter window is M,
and the data sample is Xy, X,...x,. Use the average difference
between each sample point and the maximum and minimum
values as the first-level threshold of median filtering, T, as
shown in formula (4):

imaxxi+2ximin )

n

T

The specific steps of improvement are mainly divided into
two steps: the first step is to find the maximum and minimum
values in the sample, and compare them with the current
sample value, if max-T<x<max or min<x<min+T, then this
point is a possible impulse point, go to step 2. Calculate the
average gray value ave of all pixels in the filter window. If
|x-ave|-T;>0, the point is confirmed as an impulse point, it
will be weighted so that it is arranged at both ends of the
sample, and the median output is performed. The flowchart is
shown in Figure 1:
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Input 2.3. WP Weighted Correlation Method and Its Adaptive
signal Realization

The principle of Wiener weighting is to use the Wiener
filter [12] to make an optimal estimation of the processed
Set the filter window, set signal under the criterion of minimum mean square error, and
the size of the weight w then calculate the correlation function for the noisy signal.
Figure 2 is a schematic diagram of Wiener weighting.

s(n)

Find the highest value in

the sample and calculate
the threshold T1

max-T1<X<max or
min<X<min+T

ya(n)

Y Figure 2. Wiener weighting diagram.

l Where s(n) is the signal to be processed, v1(n) and v2(n)
Calculate the average value ave of are noise, H1(f) and H2(f) are the weighting functions of the
the samples in the window, and Wiener filter, and its function is to combine x1(n) and The
calculate the seconchey treshokd 12 source signal s(n) in x2(n) is separated, that is, the influence
of noise is suppressed, thereby improving the signal-to-noise
ratio and improving the accuracy of time difference
estimation. The specific process is:
The estimated value of x1(n) is 5(n), and the estimated

value of x2(n) is 8(n— D). The minimum mean square
criterion can be expressed as:

Y E[$(n) —s(n)?] = min (5)
l E[3(n— D) —s(n—D)?] =min (6)
Weight the pulse points so that they are
arranged at both ends of the window Where:
5(n) =z, (n)*hy (n) (7)
4(n— D) = z,(n)*hy(n) 8)

Among them, * represents the convolution operation, and
h1(n) and h2(n) respectively represent the time-domain form
of Wiener filtering. So the weighting function of Wiener
filtering can be expressed as:

Traverse the next sampling
point, whether the
condition is met

_ G
B =+ enld ©)
 a.(BYP
B =G B G (10)

Among them G (f) , Go...(f) , G....(f) , and are the

Figure 1. Improved median filtering flow chart. self-power spectra of the source signal s(n), the noise signal
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vl(n) and v2(n), respectively. AndG...,(f) = B(f)G,,(f),
therefore, formula (11) and formula (12) can be further
simplified as:

L
B =3tha.. @ (n

So we can finally deduce the weighting function of Wiener
as:

|G, ()]

B =B D) =G e B

(13)

The process of realizing self-adaptation is actually the
process of decomposing the Wiener weighting function into
two Roth weighting functions, and then using the relationship
between the Roth [13] function and the adaptive filter to
realize the self-adaptation of the weighting function. The
specific process is as follows:

Write the Wiener weighting function represented by
formula (14) as:

4

I

x2(n) = + N
— O

D =6 (6. D (9

Then decompose formula (15) into two Roth functions as:
Hyy (f )= % (15)
() = 220 (16)

According to the previous statement, the Roth function is
equal to the weight vector of the adaptive filter, so

H(f,n) = Wi (f,n) Way (f,m) (17)

Among them, H (f,n)represents the estimation of the

weighting function at time n. Wi (f,n) And Wa (f,n)
can be expressed as two adaptive filters of Roth weighting
function respectively. Figure 3 is a block diagram of the
Wiener weighted correlation method and its adaptive
implementation.

Wi2(n)

- E—l
(n)

- N\
\z)

S/

yz(n) J_W‘

<«
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(n)

\
—

ei(n)

Figure 3. Wiener weighting and its adaptive time difference estimation.

In Figure 3, the right side is the basic block diagram of the
LMS adaptive time difference estimation method [14], the left
x1(n) and x2(n) are input to two Wiener adaptive filters, and
the output y1(n) and y2(n), and then input to the LMS adaptive
time difference estimation on the right and estimate it.

3. Adaptive Minimum Average p-norm Estimation Method

The noise model studied in this chapter obeys the alpha
stable distribution, and it does not have second-order statistics.
Therefore, if the generalized correlation method and the
adaptive time difference estimation method (LMSTDE) are
directly used without processing, the algorithm will not
converge or get an incorrect estimate. result. Section 2.2 of
this chapter is to first process the median filtering of the noise
to restore it to a normal distribution, and then use a
combination of generalized correlation method and adaptive
filter; if the median filter is not used, only score-based Time
difference estimation method based on low-level statistics.
The self-adaptive minimum average P-norm time difference
estimation method [16] is an improvement on the LMSTDE

for the noise characteristics of the fractional low-order
statistics [15].

LMSTDE is based on the minimum mean square error
criterion, and its cost function is the mean square error
function, as shown in formula (18):

J[w(n)] = Ele*(n)]

18
=E[(z;(n) —w” (n)z,(n))?] (19

Among them, e(n) represents the error function, w(n)

and z; (n) are respectively equations 19 and 20:

- wop (n),wopr 41 (0., 7
wln) = {wo(n)7w1(n)"-7wkl (’n)} (19)
B onn+M),z,(n+M—1), T
nn) = L..,xl(n),wl(nf1),...,w1(nfM)} (20)

In an impulsive environment, due to the existence of
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abnormal data such as extreme values in the sample, the
square error is very sensitive to these abnormal data, which
may cause the algorithm to fail to converge. Therefore, the
improvement of LMPTDE over LMSTDE is mainly to replace
the cost function based on the least mean square with the
average P-norm function, as shown in equation (21):

Jw(n)] = Ele(n)|”]

— Bllo () — 0" () (w)]7) @D
It can be seen from equation (21) that the error functions of
LMPTDE and LMSTDE are the same, but the order of the
moments are different. The second-order moment in
LMSTDE and the fractional lower-order moment in LMPTDE.
The order p of the moment in LMPTDE is usually limited
within the range of, so the determination of p value depends
on the understanding and estimation of the prior knowledge of
the value of random variable, so the choice of p value will still
affect the final estimation result.
Both LMPTDE and LMSTDE use the steepest descent
method to find the minimum value of the cost function, and
the iterative formula is generally:

win+1) =w(n) — pV(n) (22)

In Equation 22, the descent gradient V(n) of the cost
function at time n is:

_oJ (w)

V() ow(n)

(23)

Substituting formula (21) into formula (23), using a single
sample of the error function to replace its statistical
expectation under the criterion of minimum mean square error,
there are:

V(n) =ple(n)|" ' signle(n)]z: (n) 24

Therefore, the adaptive iterative formula of LMPTDE can
be derived:

w(n+1) =w(n) +

25
e (m) |~ signle(n) )z, (n) @)
The final estimate of the time difference D is:
D= arg max [w) (26)

m

4. Simulation Experiment

Through simulation experiments, the WP generalized
adaptive correlation method based on median filtering
proposed in this paper and the LMP algorithm are compared in
the impulse noise environment with different signal-to-noise
ratios. Construct two received signals according to the signal
and noise model. The noise-free signal s(n) is generated by a
6th-order Butterworth low-pass filter with a bandwidth of 0.1,
and s(nD) is shifted to the right by the sequence of s(n) by D-
One point is generated, the length of the signal is 10000 points,
the sampling frequency is I0MHZ, S2(n) is 1000 sampling
points later than s1(n), and the instant difference is 100us.

Experiment 1, perform median filtering on signals
containing impulse noise.

Figure 4 is the comparison of the input signal before and after
adding noise. The upper part is the signal before noise is added,
and the lower part is the signal after noise is added. After the
noise is added, it is obviously impulsive and no longer obey the
normal distribution. Through the median filtering method
introduced in section 2.2, the input signal is processed by
median filtering. The processed signal is shown in Figure 5.
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Figure 4. Input signal before and after noise addition.
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Figure 5. Median filtered signal.
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It can be observed from Figures 4 and 5 that the pulse points of the signal are well eliminated. In order to judge whether it
obeys the normal distribution, use the QQ chart in the SPSS statistical tool to analyze, as shown in Figure 6, the signal points are
Basically all fall on the diagonal line, indicating that it approximately obeys the normal distribution.

0.

Measured value

T
-0.5

T T
0.0 0.5 1.0 1.5

Expected normal value

Figure 6. Normal Q-Q diagram.

Experiment 2, the WP weighted correlation method and its
adaptive minimum average p-norm to compare the estimation
performance of the time delay after its adaptation.

The minimum average p-norm algorithm is directly aimed
at the environment with impulsive noise, and does not need to
be processed with median filtering; while the generalized
correlation adaptive time delay estimation method has been
explained in the previous section, first, the impulsive noise is
done. The processing of value filtering makes the processed
noise obey the normal distribution, and then uses the
generalized correlation adaptive method to process. This
experiment compares the estimation performance of these two
methods in a noise environment with a signal-to-noise ratio of

10db and 0db.

Figures 7 and 8 are respectively the simulation diagrams of
the estimation effect of LMS-WP and LMP algorithms when
the signal-to-noise ratio is 10db. The abscissa of the weight
vector distribution curve is the delay point, and the ordinate is
the normalized weight vector., The maximum value of the
weight vector corresponds to the point of time delay; the
convergence curve represents the number of algorithm
iterations in the entire estimation process. From Figures 7 and
8, it can be observed that when the signal-to-noise ratio is high,
the two algorithms have higher estimation accuracy and good
convergence, but the estimation effect of LMS-WP is better.
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Figure 8. Adaptive minimum average p-norm estimation performance (LMP).

Figures 9 and 10 are respectively the simulation diagrams
of the estimation effect of LMS-WP and LMP algorithm
under the environment of 0db SNR. It can be observed that
even if LMS-WP is under the environment of low SNR, its
estimation The effect is not much different from the effect
estimated in the 10db environment, and still has high
estimation accuracy and good convergence; while the weight

vector distribution curve of the LMP algorithm has been
unable to observe the point corresponding to the maximum
value of the weight vector, in the convergence curve Even if
the maximum number of iterations is reached, it cannot
converge to an accurate peak, indicating that the LMP
algorithm has lost its estimation performance in Odb
environment.
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Figure 10. Adaptive minimum average p-norm estimation performance (LMP).

Table 1. LMS-WP and LMP estimation results.

and Table 1 that the LMS-WP based on the median filter has
better performance than the LMP algorithm, no matter in the

Performance SNR=10db SNR=0db high signal-to-noise ratio or the low signal-to-noise ratio
Sample mean 1.0018¢+03 1.0024¢+03 impulsive noise environment. Better estimation performance.
LMS-WP Sample variance 0.6429 1.2872
Number of iterations 93 238 R
Sample mean 1.0018¢+03 1.777e+03 5. Conclusion
LMP Sample variance 0.6647 3.4589¢+05
Nutmiber o demitens 612 Although the estimation method based on fractional

As shown in Table 1, the data of the mean, variance, and
number of iterations estimated by the LMS-WP and LMP
algorithms are given. In the environment of high SNR and low
SNR, the variance of LMS-WP is smaller than that of LMP,
Which shows that the estimation accuracy and estimation
results of the LMS-WP algorithm are more stable; and the
number of iterations of the LMS-WP algorithm is also one
order of magnitude smaller than that of the LMP algorithm.
Therefore, it can be observed from the data in Experiment 3

low-order statistics (such as LMP) has a good estimation
effect on impulse noise, the parameter p of its fractional
low-order moment is an uncertain value, and poor selection
will reduce the estimation effect; and this article The
proposed generalized correlation method based on median
filtering can filter impulse noise first, and then use
correlation method, which can avoid the selection of p-value.
Secondly, in view of the generalized method has good ability
to suppress noise but requires prior knowledge of the signal,
while the adaptive method does not require prior knowledge
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of the signal but is susceptible to noise interference, this
paper adopts the weighted generalized correlation method
and adaptive filter. The combination (such as LMS-WP) can
complement each other. Therefore, the LMS-WP is less
affected by noise in the experiment, and the estimated result

Acknowledgements

This work was partly supported by the Shanghai Dianji
University Research Projects (No. 20B074, 19B283, 17B56
and 16B141), and Shanghai Dianji University Key English
Course Project (Signals and Systems) and Shanghai
Municipal Government Key Online-to-Offline Hybrid Course
Project (Signals and Systems).

References

[1] WANG Hongyan, WANG Hongyan, PEI Bingnan, “Matrix
Completion Based Second Order Statistic Reconstruction DOA
Estimation Method,” Journal of Electronics & Information
Technology. DaLian vol. 2018, 40 (6), pp. 1383-1389.

[2] LilJL, Zou SY, Gu B, Fang JC, “Adaptive two-filter smoothing
based on second-order divided difference filter for distributed
position and orientation system,” Science China-Information
Sciences. Vol. 2019, 62 (9).

[3] Meng L, li XH, Zhang WG, Liu DZ, “The generalized
cross-correlation Method for time delay estimation of
infrasound signal,” IMCCC. Qinghuangdao. VOL. 2015, pp.
1320-1323.

[4] Han Zheng Xing, Qiao Yao Hua, LI Bing Bing, and Chen Da
Hao, Wang Xin. De-noising method of transmission line laser
ranging signal based on median filtering and improved lifting
wavelet [J]. Power System & Automation, 2019, 41 (2): 45-48.

[S] Qiu Tian Shuang, Zhuang Xu Xiu and Li Xiao Bing, Y. M. Sun.
Statistical signal process—non gaussian signal processing and
its application [M]. Beijing: Publishing House of Electronics
Industry, 2004.

[6] LIU Ye, “Research on Modeling non-Gaussian Reverberation
Using SaS Distribution and its Application,” Changsha:

(8]

9]

[10]

[11]

[12]

[14]

[15]

[16]

Graduate School of National University of Defense Technology,
2013. 4.

Ishikawa A, Tajima H, Fukushima N, “Hailde implementation
of weighted median filter,” Jan, IWAIT 2020, vol, 11515.

Hu Xiaofeng, Liu Weidong, Wang Lei, Wei Ming, Zhang Yue,
“Time-delay estimation of corona discharge radiation signal
based on generalized cross correlation,” High Power Laser and
Particle Beams. Shijiazhuang. Vol. 2018, 30 (1), pp. 50-54.

Huo Yuan-Lian, Wang Dan-Feng, Long Xiao-Qiang, Lian
Pei-Jun, “Kernel adaptive filtering algorithm based on Softplus
function under non-Gaussian impulse interference,” Acta
Physica Sinica. Lanzhou, Vol. 2020, 70 (2), pp. 409-415.

WANG Bin, HOU Yuesheng, “Extraction of Target Propeller
Features in Alpha Distribution Noise,” Journal of Electronics &
Information Technology. Zhengzhou. Vol. 2020, 42 (10), pp.
2478-2484.

Zhang Wen Bo, Liang Chen, and Gao Xin. A median filtering
algorithm design based on multi-level thresholds [J]. Computer
Age, 2020, vol. 5: 9-12.

WANG Zhendong, GUI Yuchen, SUN Wei, MA Hongliang.
“Improved Wavelet Domain Wiener Filter Based on
Multi-direction Weighted,” Journal of China West Normal
University (Natural Science). Vol. 2017, 38 (2), pp. 222-226.

ZHU Chao, QU Xiao-xu, LOU lJing-yi. “Time-Delay
Estimation Algorithm based on Generalized Cross-Correlation,”
Communications Technology. Vol. 2018, 51 (5), pp.
1030-1035.

WEI Wenliang, MAO Yulong. “Cross-correlation Time Delay
Estimation Optimization Algorithm Based on LMS Adaptive
Filtering,” Electronic Science and Technology. Vol. 2020, 33
(6), pp. 29-34.

TANG Li-han, XIE Xian-zhong, LEI Wei-jia. “New Time
Delay Estimation Method Based on the Fractional Lower Order
Statistics and Function Transformation in Spike Impulsive
Noise Environment,” Science Technology and Engineering.
Vol. 2015, 15 (20), pp. 58-65.

CHEN Si-jia, ZHAO Zhi-jin. “Variable step-size reweighted
zero attracting least mean p-norm algorithm for sparse system
identification,” Control Theory & Applications. Vol. 2020, 37
(5), pp. 1103-1108.



