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Abstract gg

A sound source localization method is presented herei r und the with the
sound signal for device fault diagnosis. Firstly, Butter velet a filter banks
were designed aimed at the background noise sep %the |nd environment, it
is proved that the Butterworth wavelet filter can e the w features in source
signals without frequency aliasing phenomenon the a s of sound source
localization was studied in depth, the gene d cross%elatlon(GCC) based time
delay estimation(TDE) was presented. Elr@JI e coordl of sound source location
was obtained in the quaternion micr rra I. The experiment results show
that in the industrial environment, Qor v sitioning accuracy is less than
4cm within an appropriate djst it can he needs of practical application,
meanwhile the reliability an% tlme,p@mance is satisfactory.

Keywords: Fault SiS; urce Localization; Butterworth Wavelet;
Generalized Cross- COQ@Jn

T|§ y Estimation
1. Introductl

With th’ of 5|gnal processing technology, the utilization with the
sound signal~if device iagnosis is becoming a research hotspot [1]. Fault feature
extraction and sour% ce localization algorithm are the key problems in practical
engineering ap . Sound source localization technology is a new kind of
non-contact d@ technology [2], it can be used to confirm the origins and the
intensity Qfgthe tevice fault sounds, speculate the fault positions, analyze the failure
modes @Me the maintenance of devices.

H , in the industrial environment, there are scattering and reverberation in sound

i 0 the accuracy of sound source positioning is seriously affected, and this is the
%reason that why the technology is not widely used in the area of fault diagnosis.

kind of sound source localization method for device fault diagnosis is proposed

herein. And the content is as follows. Firstly, in Section 2, the filter combined with
Butterworth filter and wavelet denoising is constructed to solve the aliasing and
reverberation of source signals in the industrial environment. In Section 3, the method of
generalized cross correlation algorithm based time delay estimation is presented. Next in
Section 4, the coordinates of fault location in the microphone quaternion matrix model are
obtained. In Section 5, it is proved that the proposed method is feasible through an
example. Finally in Section 6, the results are summarized.
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2. Butterworth-wavelet Filter Banks

Butterworth filter is a kind of common IIR filter with the characteristic of steep
frequency cut-off, and its performance is better with the degree increases [3], it is widely
used in conventional signal denoising processing. However, in the industrial environment,
the spectral analyses of the sound signals of running devices show that the source signal
frequencies of the devices and the background noises are overlapping, and accompany by
reverberations and scattering normally, make the conventional Butterworth filter difficult
to achieve the ideal effect. So a kind of Butterworth and wavelet combined filter is
designed in this paper to solve the above-mentioned problems. The wavelet transform has
good effect in denoising, it can extract the weak characteristic in source signals, and
meanwhile using the frequency cut-off characteristic of Butterworth filter suppresses the
frequency aliasing phenomenon in wavelet transform [4].

Set P(x) as wavelet function, and its scale function is &(x). The low pass filter related
to &(x) is represented with Ho (z), while the high pass filter related to ¥(x) is re re
with Hi (2), if Ho (z) and Hi (z) meet the formula below, V

Ho (z) Ho(z*) +Ho (-2) Ho (-z*) =1 1)

Hi(2) =2V Ho (-27) ()
The wavelet function ¥(x) is the orthogonal wavel %el @\e a pair of

conjugate quadrature mirror filter banks (CQMFB)[5
So the orthogonal wavelet design is the const oces r of orthogonal
wavelet filter banks. Its core lies in design of ) in fo . Once Ho (2) is
established, Hi (z) can be got according to eq n (2). A nto equation (1),
it is expressed as
Ho (e'W>|2+1 (= @

@).

In the field of mechanical\f en extract fault characteristics, DB
wavelet series belong to are generally chosen[6, 7], but the
amplitude-frequency characteristics o elet series are not ideal enough. After the
transformation, there e@mderabl rlaps among each sub-band spectrum, it will

bring more noise te ub-ban %d plus interferences among the fault features. So a

agno i

And the orthogonal wavelet fllterg an b%h cted by the filters meet formula
i
ter

pair of orthogona et fi based on Butterworth filter herein, and a kind of
orthogonal (NS given, t cific processes are described as follows][8],

1) Desi tterworihfilter Ho (z2) which meet equation (3), the analog N-rank
Butterwort -pass \% the amplitude square function is expressed as
IHo(€2) =1/ 1€V Qc) ] 4
Plug the biline ping relation Q=2tan(w/2)/Ts into equation(4), and it is expressed
as
[Ho(e") P=1/{1+[tan(w/2)tan(wc/2)] (5)
If wC . then
[Ho(e)=1/{1+[tan(w/2)]" and [Ho(e™ ™) [P=1/{1+[tan(w/2)] ™" (6)
@ ollowing equation is obtained as

[Ho(e")+{Ho(e" ™) =1 ™

So for meeting the equation (7), the cut-off frequency is 0.5m.

2) In formula (2), for N=2, so Hi (z) =z'Ho (-Z%). Because of that Hi (z) is the
Butterworth filter, and its cut-off frequency is 0.57. So Hi(z) and Ho () constitute a pair
of orthogonal wavelet filter banks.

3) Butterworth function ¥(x) and its scaling function &(x) can be iteratively calculated
[9] by the follow formulas as
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l'-"| ::I
v = LOms =2
A (8)

P(z) =

=
2

-

But the analytical solutions of Wavelet function and its scaling function can’t be
obtained normally, so the approximate solution is got by iterative numerical convolution
of unit impulsion response hg (n) of Ho(z). In order to ensure convergence of the iterative
process, the low-pass filter needs some null points when z=-1, and according to formula
(7), there are N null points. So the Butterworth wavelet function and its scaling function
can be obtained by iterative operation of ho (n) [10].

3. The Generalized Cross-correlation Based Time Delay Estimation

Steered beam former, high resolution spectrum estimation, sound pressure am
ratio based positioning and time delay estimation (TDE) is the common method
source localization. Each method has its advantages and disadvantages, s

uld be

chosen flexibly in accordance with different application Electro device
condition monitoring needs conduct real-timely, and the faj alway@ serially. So
TDE based method is chosen herein because its small tihg W nd superiority

for single near field single sound source.

The distance between the any two microphones crophcx y is very short, and
the time delay is measured in the microsecongmange. So its difficult to get the accurate
calculation, but is estimated in some certai ys [1 %ound source positioning,

Time-delay estimation (TDE) is exti por nd its value is positively
correlation with the location result. In% evic e, it’s generally believed sound
signal propagates in the form of al wa ed to simplify the algorithm, the

sound source and the mlcroph e arep |n the same plane, so the model can
be transformed to two-dime | surface’;@w in Figure 1.

Sound source

@ Figure 1. The Schematic of Time Delay Estimation

In the two-dimensional plane model, the surface of sound vibration wave has certain
acoustic path difference between the two microphones, and the time delay is generated.
Set the time delay between the two microphones is 712, and the ideal formula is expressed
as

x,(£) = is(t} + 1y (8) (9)

x,(t) = im:r — 7y0) + v, (8) (10)
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Where, the signals that received by different microphones are represented with x,(t) and
X2(t), s(t) is the signal from the sound source, di and d, are the attenuation coefficients of
the sound wave, vi(t) and va(t) are two irrelevant noises, assuming that the sound source
and the noises are independent of each other, according to equation(9) and equation(10),
the cross correlation function can be expressed as

Ria(ta) = Elxa (9x(8)] = E dllsm +2,0)]

st = ) + (0]

= E[7s() 35t ~ 1) + B[ 25t~ m2)ua (9] + E [ sz (0] + Elvy (v (0] (10)

Because s(t), vi(t) and vo(t) are irrelevant, the values of the last three terms of
equation(11) are all zero, then

Rya2(112) = T Els(t)s(t — 142)] (12)

According to the nature of cross- correlatlon function, when Rz (z12) has th
value, t=r12. And it is the time delay value between the two mlcropho is the
method of basic cross correlation, it can fast calculate the value of tim iently.
However, it is sensitive to sound reflection and rev en S mdustrral
environment, it is difficult to ensure the estimated acc problems a

developed method based on generalized cross corpete nctron | osed to reduce
the noisy impact and inhibit the reverberation phe @ on. \/

The process of generalized cross correlation_ metfigd can be&c bed as follows [12].
Firstly, the two sound signals is pre—filtered@on mu wer spectrum function is
calculated and weighted. Finally, inverse 1er transfor used to the above results

and the generalized cross-correlation f Wil b ained. Among them, weighting
can suppress the noise and reverberﬂt he ti i{ference value of the two signals is
ion

got at the peak of cross-correlatjo ion.
According to equation (12), t erali.ze@)ss-correlation function is expressed as

@ V¢ e (@)™ 2dw (13)
Where, ¥12(w),is r@ba powe%ctrum function, @y (w) is the power spectrum of

the both two sign
Generalized -correla&method can reduce the calculation, if the prior
knowledge oise was known, the noise and reverberation can be
suppressed gh th ed function of mutual power spectrum [13]. Accuracy can
be ensured in the (@& high signal noise ratio (SNR), and it can also be improved
weighted function if the SNR is low. In general, the method can

through condition
satisfy the reques real-time computation for acquisition of electromechanical device
sound si

4. C@@nates Calculation of Sound Source Position
@ esearch is based on microphone quaternion array mode herein, and it is shown in
e2:
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Figure 2. A Kind of Microphone Quaternion Array Model

L 4

In the microphone array coordinate system, S is the acoustic source , and its ¢ irate
is S(x, Y, z), while the four microphones are M; (0, 0, 0), M2 (0, 0, b), M3(0 4(0, a,
0). Set M; is the standard microphone, and the time d Ia S b er three
microphones and M are 721, 731 and z41. The distances betigen! he sou ce S and the
four microphones are r, d;, ds, ds, and the sound source g device conS|dered as
a point source in near field, so sound wave is sphe ave, se he spe€d of sound in air
is ¢, and the following equations can be obtained,

i:iizf*’e@’;i\ @.\9
daq
\@‘? N

'[?“ +daq)?

. e:}z = +d)? -
a}z +z2=(r+dy)?
Solve the ets |t ise ssed as
2—21'21{:?"—1'21 c?—h?
é@} — 2bz — 21316r = T3, %¢? — b* —a? (16)
—2ay — 2T4167 = T4y 2 — a2
The eq set(16) can be transformed to up the form triangular matrix,
0 2(131 — Tz )| ¥ (121" = Ta12)e? +a?
—2b —2tc||z| = T3,%c?—b? a7
@ 0 2731 — 721 —Tagdellr (Tzl +Tgg® — T317)c?
For presentation purpose, equation (17) can be expressed as follows,
Lll L12 LlE ' Ull
0 Lys Laa||z| = |Un (18)

0 0 L33 T Uﬂi

Equation(18) can be transformed to algebraic form,
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Lyyy+Lpz +Lyzr=Uygy

ng Z+L23r: Ugl (19)
Lagr = Ugy
Solve the equations above,
W Lol
= Ly Lyslgs
er‘_ LZEUE‘_
Fg=_t=_2E7E 20
Lgg  Lgglgs ( )
Uy
Lgg

The value of x is obtained by equation (15),
0

x==xr y
The sound source points are all in the X-axis positive direction of the m o Ee array
coordinate system, so the negative parts can be gave up, the tarms of eq ) are put
in the corresponding term of equation (20) and equation &%}d the ate value of

the sound source in microphone array coordinate syste

5. Experimental Testing and Analysis

A vertical milling machine in a Workshop hosen erimental subject, and the
fault sound signals were from work pie ssm counter rotating cut. The
sound source location is stationary, te the positioning of different
points, the experiments was operate form g the microphone array.

Coordinates of Point1:  €0,0,0 )\ Coordinates of Point4 :  (0.8,0.9,0.7)
T T T : T T T T T T T

Figure 3. Coordinates Traces of the Measured Results (Unit: M)

Refer to the coordinate system of Figure 3, fifty groups of experiments was done to
different positions, and six typical coordinate points as (0, 0, 0), (0.1, 0.2, 0.1), (0.5, 0.6,
0.4), (0.8,0.9,0.7), (1.2, 1.2, 1.1), (1.4, 1.6, 1.3) were chosen to present. The acquisition
time was ten seconds at each points, the system calculated the position coordinate per
second, so there are ten groups data at each point. The result is shown in Figure3.

In Figure 3, the x, y and z position traces of estimated locations are described with full
line, imaginary line and chain line. Calculate the root mean square error and standard
deviation separately of the data. Where, the root mean square error is expressed as
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formula (24), it represent the deviation value of the experimental result; The standard
deviation is expressed as formula(25), it shows the discrete degree of the experimental
data itself.

[
MSE = ﬂli.E?:l(xi —x¢)? (24)

0 = S — 57 (25)

Where, X; is the successive measurement of the sound source, Xois the real coordinate

value, and x is the average value of xi.

When the sound source position moves relative to the microphone array, it shows that
when the distance of them is in a certain range, the stability and the accuracy of the
location could maintain at a high level relatively. Meanwhile, the stability and accuracy
both declines slowly with the increase of the distance. But when the distance is ou%fvt%eo
range, the location accuracy and stability begin to decrease significantly, unt f
them can’t be identified. Through a large amount of tests, the critical value e\distance
is obtained as 1.7m. Q

The root mean square errors of the six groups of data véaled i b

Table 1. The Values of Root Mean’&q@ Err rsw M)
E%\Sv z

Sound Sources | Error of x | Bxsai/of y

(0,0,0) 0.0112 N, 0.0103 A 0.0130
(0.1,0.2,0.1) 0.0127% 0.0109% 170.0102
(05,0.6,0.2) 0 0.0467 | 0.0239
(0.8, 0.9, 0.3) 0096 0.0433
(1.2,1.2,-0.2) A Q.0216 0471 0.0307
(1.4, 1.6, -0. 31 ‘oJo. osoec .0527 0.4597

The standard deviation the SiX @data were listed in Table 2.

N 2. The%ndard Deviations (Unit: m)
nd Sourc Error of x | Error of y | Error of z

C (0, 040, 0.0157 | 0.0281 | 0.0036
(0.1M2%/1) | 00172 | 00299 | 0.0165
( ;0.2) | 00219 | 00213 | 0.0179

.9, 0.3) 0.0232 0.0331 0.0289
JdNL2,1.2,-0.2) 0.0322 0.0317 0.0372
[V (1.4,16,-0.3) 0.0385 0.0395 0.0406

Ac @g to the results of the experiments, it’s concluded that the accuracy and the
can only be guaranteed in a certain distance of the sound source and the pickup,
%values are also discrepant with different localization algorithms. Meanwhile, the
locélization accuracy of sound source is also contained of hardware conditions just like
the number of the microphone, the array form, the acoustic field environment, and so on.
In the experiment, if the distance between spot S and the origin is less than 1.7m, the
value of root mean square error can be controlled within 5cm, and the value of standard
deviation can be controlled within 4cm, the location accuracy and stability are both
satisfactory, it can meet the needs of practical application.

Copyright © 2016 SERSC 217



International Journal of Multimedia and Ubiquitous Engineering
Vol.11, No.9 (2016)

6. Conclusion

This paper mainly put forward a method of sound source positioning for device fault
diagnosis. Focus on the sound signals aliasing problem, the Butterworth-wavelet filter
was designed to separate the background noise of source signals. Meanwhile, the
guaternion microphone array model was established, and the developed algorithm based
on generalized cross-correlation was proposed. The trial data demonstrate that in the
industrial environment, within proper range in acoustic field, the localization accuracy
error of the proposed method is less than 5¢cm for the abnormal sound of device, and the
value of standard deviation is less than 4cm, it can realize the accurate positioning of the
fault device sound source, and meanwhile the reliability and real-time performance are
guaranteed. Thus, the method is feasible and worth popularizing.
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