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Abstract

To solve the problem that the location accurate is hard to hold under the environment of noise and interfere when
using Generalized cross correlation algorithm in microphone array, the paper approaches a delay estimation
arithmetic based on multi domain fusions fuzzy recognize. Cross correlation or generalized cross correlation
algorithm cannot eliminate the delay calculation error in principle, so the paper combines with characteristics of
the time-frequency fault signal and fisher information matrix, adopts the location arithmetic of multi domain fuzzy
recognize and phase lock cross correlation, then improves the robustness and accurate of location calculation in
Spherical microphone array, and the Numerical simulation results prove the validation of arithmetic.

Introduction

The location technology often uses microphone array to receive the faults signal. For example, the wide aperture
array is applied in [1][2]. Currently, there are five kinds of Time Difference of Arrival location algorithms[3]:
Independent variable analysis method based on multi-source signals, it obtains the time difference of arrival
(TDOA) information in frequency domain[4] [5] [6] ;

Short-time sparsity spectrum analysis method based on audio signal TDOA estimation , it uses an approximate
assumption that the energy of a single source is dominant in each time-frequency support domain[7] [8];
Spectral subtraction is used to suppress additive noise before delay estimation[9][10];

Noise reduction method based on the subspace technology, for example, the optimal filtering method based on
generalized singular value decomposition[11][12];

The analysis techniques based on human ear auditory characteristics, etc13][14].

The methods of 1) and 2) have the assumption that the power of single sound source is dominant, it is difficult
applied in the complicate noise environment and the vary location source. And the methods of 3) and 4) is the
pro-filter location technology, it should work together with other technology to obtain the location information.
The method of 5) should establish head-related transfer function based on auricular effect, it is complicate in the
theory and technology. In multi sound sources, large noise, and large interfere environment, the theory and
technology of location is difficult to realize.

The contributions of paper are : A fusion localization algorithm based on multi-domain fuzzy recognition and
phase-locked filtering is proposed in the paper based on the characteristics of signal and noise in different
processing domains.

The paper is arranged as follow: Section | introduces the accuracy theory of fault location, Section Il establish
multi domain fusion theory and method based on Fuzzy Mathematics, Section 111 present the numeral simulation
and analysis, the Conclusion is given in Section V.

The accuracy theory of fault location

In order to make the measurement accuracy meet the system requirements, microphone array location algorithm
proposes the appropriate processing methods based on utilizing a variety of information (prior and posterior
information, time-frequency, time-frequency, space-frequency domain related information).

Quantitative measurement of time delay localization is described that the Cramo-Rao limit CRB(z;;) of time

delay estimation is the reciprocal of fisher information matrix ](r”). For example, the certain the mathematical
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expectation of the relationship between various conditional probability functions of delay estimation and the
second derivative of delay is, the lower value of the Cramo-Rao limit is; the higher the noise-signal ratio is, the
lower value of the Cramo-Rao limit is.

Table.1 shows the processing domain and its key problem to be solved.

Table 1. Application range of classic algorithms
algorithms Processing domain Key technology and problem

Sound intensity , Key technology: Vector sound intensity,

Time-frequency acoustical holography, Equal intensity line

sound pressure,

domain
location Problem: Synchronization and vibration fusion
Cepstrum and .
cErrelation frequency domain Key technology: Spectral array analysis
d y Problem: Prediction and filtering
spectrum
subjective . . Key technology: experts’ database
JeeH Multi domain Y gYy: &xp .
evaluation index Problem: Fuzzy logic
Beamforming, . . Key technology: Reverse composition, sound
& Spatial, Time- Y 8Y: . P -
controllable . field reconstruction, auditory characteristics
frequency domain ..
response Problem:relativity;

Theory and method of multi domain fusion

In this paper, Fisher information matrix is used to improve the accuracy, reliability and robustness of sound source
recognition.

From the point of view of sound source localization, if a specific sound source is assumed to be a 'signal’, the
other objects are 'noise’, there are two assumptions.

Assumption 1,(it comes from Signal-noise ratio): The accuracy of positioning is a function of the definiteness of
the target and the certainty of its position, or, the smaller the uncertainty of measurement under conditional
probability is, the higher the accuracy is.

Assumption 2, Sound source signal information characteristics are determined by its characteristics in multiple
domains.

The Assumption 2 can be retrieved from the location methods of Table 1, for example,using the method of proof
by contradiction.

The two assumptions shows: it is not consistent with the actual situation and application satisfaction that studying
location accuracy in isolation without considering sound source and noise characteristics.

In order to study the characteristics of sound source and noise, the paper discussed fuzzy set to introduce the
technology of multi-domain fusion.

2.1 Definition of multi domain fuzzy signal and fuzzy set

Definition 1 : Sound source signal set, it is used to locate sound source in the environment. For example {Noise,
Large Noise, Faults sound source, Interfere sound}, and so on. It come from sound frame contain special context.
Here gives an example, a system consists of two microphones, every microphone has one signal condition circuit,
its membership function is u, (x) , its fuzzy setis A = {us(x;) x;}, another microphone’s membership function
is ug(x) , its fuzzy setis B = {up(x;) x;}.

The fusion similarity computation method of two voices signal uses the equation of the relationship calculation
between fuzzy sets A and B. And the relationship calculation is represented by the Related operators.

Definition 2 Frequency domain signal feature fuzzy sets : it consists of signal have obverses frequency feature.
for example,{ Gauss white noise spectrum signal, Separate spectrum signal, Local continuous spectrum signal,
Full continuous spectrum signal , irregular spectrum signal }.

Definition 3 Temporal signal feature fuzzy sets: it consists of signal have obverses time domain feature. for
example,{ Gauss white noise signal, Large impulse impact signal, Periodic positive rotation signals with fixed
(less than 3 main frequency combinations), LFM signal, random signal, coloured noise}.
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Definition 4 Characteristic fuzzy sets of time-frequency signals: the signal in this set has obverse time-frequency
feature. For example, {Discrete time frequency, LFM signal, time-frequency domain noise}.
The definition 2 to definition 4 is based on the subspace of ‘signal subspace’ and ‘noise subspace’, it has two
characteristics: one is the signals in different processing domains are interconnected and not completely
corresponding, the other is that there are many kinds of signals and the definition of ambiguity is incomplete, that
is to say, the signal characteristics of each fuzzy set are incomplete.

Table 2. normal fuzzy operating subset in multi domain fusion

Related operators Meaning

Cartesian product UXV = {(ry)xeUye V)

set
Absolute n
Hamming d(AB) = ) la(x) — 15 (50
distance =

Relative Hamming S(A.B) = 1 d(A.B)
) = ; )

distance
inner product AcB =V [1a(x) A pp(x)]
Outer product ABB = A [pa(x) V pp(x)]

2.2. Membership of multi domain fuzzy fusion recognition
(1) Membership degree calculation of different microphone based on their similarity
In general, the time-frequency domain signal has good performance representative feature. For example, the
membership function of STFT (Short time Fourier transform signal) is described as its effective value vs max
effective value, it is shown in equation 1.

u;(X) = STFT;JMAX_STFT )
Inequation (1) , #: () s its membership function, STFT; is its effective value of STFT, MAX_STFT is max
effective value in its transfer domain.
(2) Membership degree calculation based on signal characteristic
One kind of this method is based on statistics, the membership degree of a time domain signal is calculated by its
one to four center moment and its feature in different window( different scale fixed window, moving window,
changing window) . For example, the Gauss noise signal, the reciprocal of mean (first moment) deviation (ratio
greater than 1) under a fixed window of a certain size is its membership degree. The definition of other signals is
similar.
Another kind of this method is to calculate data based on data transformation, and the definition of the membership
degree is the same as the former method.
When membership degree function is determined. Fuzzy Model Recognition Based on "Parallel" Fuzzy Sets The
method based on maximum membership degree and closeness degree is often adopted. There is a correlation
between multi domain signals, and the weight of membership function of different domain signals is normally the
function of the membership value of its processing domain. And so, the membership of multi domain fusion is a
functional in defining signal and noise space.
Definition 3: closeness of fuzzy numbers. If T'(U) is fuzzy power set of domain U, map

o:T(U) xT(U - [0,1]
(A,B) »a(A,B) € [0,1],

Satisfy:
1)
0(4,4)=1,vAeT)
2)
0(A,B) =ad(B,A),VA,BeT(l)
3)

ASBCSC=0(AC)<So(4,B)Aa(B,C)
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Then a(A4, B) is closeness of fuzzy numbers A and B.

2.3. Hierarchical fuzzy rules with fusion recognition
Multi domain fuzzy fusion needs to be divided into two steps, the first step is identifying characteristic signals,
the second step is determining the parameters of the signal.
To judge the characteristic signal, it is necessary to recognize the location signal according to its characteristics.
That is to say, whether the feature signal exists or not in different feature fuzzy sets. Often uses the rule of
“if....then....”. Multi domain judgment is conducive to analyzing signal and aliasing signals with internal
causality.
To determine the parameter of signal, the direct way is using "if...Then... "Rule to build the construction equation
and regard the heuristic rules as an input linear function. This is shown in equation(2).

fi(X1, Xz, o Xp) = @i2; + 5%, + o+ ahxy + apig 2)
The other way is to make full use of system information, for example,(1) store the last time value, and determine
the feature of this time using the last time and now time value;(2) identify using the correlation of multi signal.

2.4. Defuzzy method using fusion recognition
The hierarchical defuzzied method is described as : in a fuzzy system f(x), using N; x N, rule, Mamdami minimal
influence rule equation (3), defuzzied method are separate hierarchical and center hierarchical defuzzied methods.

up(y) = max(sup min(pa; (x), az (x)))
vy _ (Lif(x=x7) ®

Ha(x) = {O; otherwise
2.5. Phase-locked correlation delay algorithm
Phase-locked correlation delay algorithm is based on signal-correlation technology, it obtains the delay difference
between the reference signal source and every microphone circuit though calculating the correlation to get delay
time of every microphone. Their theory scheme diagram is shown in Fig.1.
Correlation between the reference signal source and first microphone is shown in (4):

1 (T
WAIR(D]w = Wi [ 17 (6 fou (£ — r)dt]iw ()
signal
Vi feature identify
» relative
> circuit > delay1
feature signal Phase difference
_'V_F adjustment
|::> delay
signal
iz_, feature identify
| relative
l—l p| circuit *| delay 2
Phase diffe
feature signal Ase cierence
— 5 adjustment
Vv,

Figure. 1 Diagram plot of delay accurate using phase lock correlation
And
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fiw(t) is test signal,

fow(t) is feature reference signal though fuzzy identity,

w is the length of signal, it is same with calculation signal,

WI...]iwrepresent their correlation value, its start point is ‘i’,its width is w.

Correlation between the reference signal source and second microphone is shown in (5):

Wo[R@lay = W, |37 77 fou (O fou(t =Dt (5)

Then calculating their extreme value function, using equation (6) and (7) obtain their delay time value, Tiand b2

v = f(max(Wy [ 17, fu(Ofan(t = Ddt] ) (6)
v = f(max(W, |37 ) fou(Ofou(t = D)dt] ) @
Without loss of generality, here using the average value as their delay time value. As equation (8).
XT1 XT2
=20 L7 (8)

n is the length of sequence.

Numerical simulation and results
3.1. Identification and location of signal feature sources

Choice two time-frequency domain signal (equation (9)) to identify their location.

x(i) = s(@) +n(@) +d@);i=1,...,N (9)

Their time-frequency domain signal is s(i), additive random noise is n(i), interfere signal is d(i),the number of
acquire pointis N.

s@i) = a- ef@oi3ki®) (10)

In equation (10), the amplitude is ‘a’, the Tuning slope is ‘k’, the initial frequency is @

The relationship between Tuning slope and frequency bandwidth B is shown in equation (11).
2m-B

k= (11)

Fs'tmax

In equation (11), the sample frequency is F;, the longest sample time length is tmax ,for example, the initial
frequency is 500Hz,the bandwidth is 1000Hz. The STFT of signal is shown in Fig.(2).

The left of Fig.2 shows the no interfere signal, the noise amplitude in first plot is 0.5 times of signal, and the third
plot is 0.3 times of the signal. The right of Fig.2 shows there is 112Hz and 331Hz interfere signal with same
amplitude of s(i), and the noise amplitude in second plot is 1.5 times of signal, and the forth plot is 1.8 times of
the signal.
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Figure. 2 STFT plot of two signal with certain delay under different noise
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Considering signal feature and its random performance, here adopt the method of feature identify, hierarchical
solution. The procedure is in following:

calculate the closeness and membership degree of determine domain; and calculate the relative Hamming distance;
Owing the fuzzy expert rules, fusion in multi domain, judge the performance of characteristics attitude.

Step 1, judge the global closeness, for example, the Hamming distance is one scale of closeness.

Step 2, identify the type of signal. The fuzzy identify process is in the following procedure.

A The base signal fuzzy set in the time domain expert identify knowledge base include: { Gauss white noise
signal, Large impulse impact signal, Periodic positive rotation signals with fixed (less than 3 main frequency
combinations), LFM signal, random signal, coloured noise}

B the base signal fuzzy set in the frequency domain expert identify knowledge base include:

{ Gauss white noise spectrum signal, Separate spectrum signal, Local continuous spectrum signal, Full continuous
spectrum signal , irregular spectrum signal }

C There is relationship between the time domain and frequency domain, for example, they are all influenced by
the definition of test data, the fuzzy feature of machine judgement, and the uncertain measurement data.

D The knowledge database in time-frequency domain is built based on the window time and frequency transform.
E the results of simulation is described in the following:

a time-frequency signal; Surf plog of b time-frequency signal; Surf plog of c :
first order moment in moving window second order moment in moving window time-frequency signal; Surf plog of
S/N:]_Z S/N=12 third order tin ing windl
S/N=1.2

ime-frequency signal; Surf plog of € time- 3 . 51
d time-frequency signal; pleg time-frequency signal; Surf plog of sonol i
first order moment in moving window second order itin ing wind t.l G sngn‘al, Surf. plog.of
S/N=2.5 third order tin g wind
2o S/N=2.5 S/N=2.5

Figure. 3 Time domain statistic plot of two signal under different noise

The two channels signal in moving time domain, their first order, second order, third order moment is shown in
Fig.3. It is obverse that there is pulse interfere signal in first order moment plot, and there is no uniform signal in
second order moment plot for it can be less influenced by noise, and there is similar trend in third order moment
plot.

The noise feature is defined by its plot, for example, in first order moment plot, the noise is 0.1-0.5 times of signal;
in second order moment plot, the noise is 3-4 times of signal; in third order moment plot, the noise is -0.2-0.4
times of signal. The sin signal feature is also defined by its plot, , in first order moment plot, the sin signal is 0.01-
0.05 times of signal; in second order moment plot, the sin signal is 0.4 times of signal; in third order moment plot,
the sin signal is -0.04 times of signal; The LHF signal feature is also defined by its plot, , in first order moment
plot, the LHF signal is 0.01-0.03 times of signal; in second order moment plot, the LHF signal is 0.02 times of
signal; in third order moment plot, the LHF signal is 3 to -0.0004 times of signal.

Analyses from the theory, there is high credibility judgement from frequency domain to identity the sin signal,
noise, and LHF signal.
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Step 3, the relationship of signal; similarity judgement between adjacent frame and continue frame using feature
distance with short time window technology. First identity sin signal, then calculate signal autocorrelation, then
judge the signal is random signal, random sin signal, and judge its Stationarity and power spectrum density and
ergodic nature, for example using the STFT windows.

Step 4, judge the real signal feature and its style from the results of step 2 and step 3 using Hierarchical fuzzy
rules.

Select filter and feature extraction method owing it performance.

For example, the LHF signal, experiments and simulations show that the accuracy of detection if the
characteristics of signal should be predicted and extracted, and if the noise should be decreased.

Calculation the delay time value and the location of sound source, for example, calculating the delay with
correlation or phase lock technology.

3.2. The comparision of tradition alogrithm with the alogrithm of paper

Using the second signal of Figure(2), paper use autocorrelation, GCC-PHAT, and the algorithm of paper to

calculate the delay time value, they are shown in Figure.4.

In figure.4, calculate the results of 100 tests. The results show the algorithm has the good robustness and stability,

even if in large noise and interfere signal.
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Figure. 4 Comparisons of delay circulation using different methods

Conclusions

To solve the problem of LHF sound source location in rotation machine, paper researches the traditional filter
correlation methods, GCC-PHAT, and multi domain fusion location methods. The results shows

1)The membership degree of relation signal should calculate using hierarchical fuzzy rules

2)The accuracy of positioning is a function of the definiteness of the target and the certainty of its position, or, the
smaller the uncertainty of measurement under conditional probability is, the higher the accuracy is.
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