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Abstract

Before we apply the Time Difference of Arrival (TDOA) to locate sound target, we
should have known arrival time of each sensor node at first, we present two algorithms
based on the cumulative sum to estimate the arrival time. We analysis influences of
location accuracy, caused by five sensors position algorithm and the distance of each
node. Taking these several factors, we find the best distance between sound source and
node and propose a node organizational method-retest measure method. According to the
consequence of first measure, organize node to locate again. The result of simulation
shows that these algorithms are in effect and the retest measure can reduce deviation

effectively.

Keywords: Sound target; sensor, algorithm; location accuracy, retest measure method

1. Introduction

In the field of the Internet of Things, using wireless sensor network to achieve sound
signal of target and localizing the sound source position further. It uses a passive detection
method, so it has a strong concealment .Even if the measured target use the way of stealth
and interference to hide itself, it will also issue a lot of noise. Wireless sensor networks
can just use this feature to locate the target.

It already have three basic measure to locate sound target: Controllable beam forming
technology based on maximum output power, High resolution spectral estimation
technique and Positioning technology based on acoustic time difference(TDOA)!".
Because of the technology of TDOA has low complexity and easy to implement, it was
widely used. In the technology of TDOA, we should estimate the time of arrival. The
known Generalized cross correlation function (GCC)™ is by filtering the received signal,
eliminate the influence of noise and interference, then take correlation calculation for
maximum and estimate the arrival time. Signal through a finite impulse response filter,
arrival time estimation will be converted into filter parameters estimation. By
interpolation filter parameters in real time will be able to estimate arrival time. The above
process is Least mean square adaptive filter (LMS)®). Another way is based on the cross
correlative function which is the signal capture by two sensor node. Searching for the
maximum value of cross-correlation function can found the difference of arrival time, this
is Cross power spectrum phase method /. But because of these algorithm is complex, it
need the node should have much computing resources, this made the cost high.

This paper presents two algorithms to estimate arrival time, these algorithm can
effectively reduce the node costs because of the low complexity. And we also present an
organizational method of nodes, reducing the system's position error.
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2. Mathematical Model of Acoustic Events

2.1. Sound Model

Consider the mathematical model of sound as®
_ (v[n] n<t
xlnl = {as[ t]+v[n] n>t (1)

Where v[n] is an additive sensor noise component, a € R is an attenuation factor, s[n] is
the original source signal, 7 denotes the time at the sensor notices the acoustic event.

2.2. Signal Distribution

According to the model in Eq.(1), x[n] = v[n] when n < 1, i.e. the samples before the
acoustic event belong exclusively to the noise component. We assume that it follows a

normal  distribution ~ with  zero mean  and  variance E[v%[n]] = o¢:
_x*[n]

(x[n], 60)~N(0,03) = e 29 2

p 0 0 mo_o ( )

Wheref, = o, the Eq.(2) is the parameter modeling the Probability Density Function
(PDF) before t.
In this paper, we assume very small time samples also follow Gaussian distribution.
As a result, a Gaussian PDF is selected as a model for the providing a signal samples after
T, having the advantage of providing a more simple solution under this environment.
Then, the PDF after 7 is expressed as:

p(x[n], 0)~N(0,07) = N
1

Where 8; = ¢ is the variance modeling the PDF after 7.

_x%[n]

e 207 (3)

2.3 Statistical Framework

Each node capture the samples can be modeled as a discrete random signal x[n], with
independent and identically distributed signal. Each signal’s PDF is given by p(x[n],9),
where 6 = 0 before the event at n = 7 and § = 6;when n > 7.Thus, we assume:

hy: 6 = 6, Node has capture the signal of sound source, sound event produced.
hy: 6 = 6,, Node has not capture the signal of sound source, no sound event produced.
The PDF of the signal x[n] observed between the initial sample x[n] and the current
ample x[k] can take two forms depending on the above hypotheses. Under the ‘no event’
hypothesis #, the PDF is:

Paing = ]_[p(x ,00) @

On the other hand, under the event hypothems h,, the PDF would be:
-1

Pain, =]_[p(x eo)l_[p<x 6,) 5)

The log-likelihood ratio (LLR) 6]test is useful to decide between the two hypotheses. The

LLR is defined by:
Ax 2 In (p"i) (6)

Px|h,
If user defined a threshold vy, the hypothesis 7, is decide if Ax > y, on the other hand, if
Ax >y, the decision is hy.The Eq.(6) taking into account Eq.(4) and Eq.(5) become:

Ax[k,7] = i In M @)
T LM p Gl 6)
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Depend on the unknown parameter 6,, 6;and T, it is not possible to calculate the above
quantity. But a generalized log-likelihood ratio (GLLR) can be defined by taking the place

of the unknowns by their ML estimates!”:
I'x[k] £ max Ax[k, 7]
151%5
,0
= pas 2 () ®
sTs n=t p(x[n]fgl)

Where 8yand 8, are the ML estimates of parameter. So if [x[k] > y, it can select ;.
The next step is to estimate T from the measured samples x[0], ..., x[k].Using the value
maximizing the likelihood pys, [k, 7] to make the ML estimate for 7:

t £ argmax pys, [k, 7]
1<t<k
= argmax Ax[k, T]

1<t<k
p (x [n], é\1)>
= In|————= 9
orgmax > (P ©
3. Arrival Time Estimation

3.1 Review of Cumulative Sum Algorithm

We define the instantaneous LLR at time n as:

p(x[n], 91))
l[n] 2 Ax[n,n] =In|————= 10
[n] £ Ax[n, 7] (p(x[n]’ 0 (10)
Cumulative Sum (CUSUM) the samples from 0 to k as:
K
skl = ) 1] (11)
n=0
From Eq.(10) and Eq.(11),the Eq.(6) can be expressed as:
Ax|k,t] = s[k] — s[t — 1] (12)
Consider the PDF of samples, take Eq.(2) and Eq.(2) into Eq.(10):
=2 (2 - L) e + 2 (2 13
n_ZagalzanHcrf (13)
Eq.(8) and Eq.(9) can be simply calculated in a recursive manner as:
Ix[k] = s[k] — 1minks[r —1] (14)
<t<
7 = argmin s[t — 1] (15)
1<t<k
The CUSUM can be simply calculated as:
slk] = slk — 1] + l[k] (16)

Because the T'x[k] is compared to a positive threshold vy, so the Eq.(14) can be rewritten
as:
Tx[k] = {Tx[k — 1] + I[k]}* 17
where{z}* 2 max(z,0)
We assume that node has captured & samples, and arrival time is included in these,
i.e. the event must happen. So we can make ML estimate from 7 = 1tot = K — 1, the ML

estimate of 7 is:
K-1

1 = argmax Z In <M> (18)

p(x[n],éo)

1<7<K-1
n=t
The Eq.(18) can simple expressed in CUSUM as :
£ = argmin s[t — 1] (19)
1<t<K-1
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3.2 Parameter Estimates

From the above known, we should know the variances of and ¢ to calculate the ML
estimate value of 7, these parameters can be obtained from the observed data. The
parameters o¢ is estimated from the samples x[0], ..., x[t" — 1],while the parameter o is
estimated from the samples x[7'], ..., x[k]:

-1

~ 1

6" ) = 61 == ) 2] (20)
n=0
1 K-1

AML)r ~ ’

oI = 37 = = ) x*In] @1

n=t

where ky < 7' < ky, T'was the sample time and we assume that the event was produced
between k, and k;, so we can estimate the instantaneous ML estimation values of ¢¢ and

o2, express as:
1
63 = 3 x3In] 22)
1
62 = —x3ln] (23)

Where K is the all sample time, k is the time between ky and k4, x;,[n] is the summation
of the sample before n.

From above, the node need to operate the algorithm for every 7', increase the amount of
calculation, and if the estimation of the statistics at the beginning and at the end of the
observed signals, it will make the estimation not accurate. In order to overcome this
disadvantage, we propose the CUSUM-FT (fixed parameters) to estimate parameters.

CUSUM-FT means determine a constant between k, and k; ,i.e. kg < Ty < kq,under this
condition, the estimates are given by:

1 Ty—1
6 =38 == > ¥*In] (24)
0 n=0
1 K-1
0 =gt = > ¥ (25)
0 nZk-1,

Where the absolute difference between T, and arrival time estimation of ML is less than
& the test determine & = 20%.
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Figure 1. Sampling of Voice Signal
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3.3 Discussion

Let us define the change variance ratio CVR)™ as:
CVR = 10log,o(c?/0?) (26)

CVR is a another way of signal-to-noise ratio(SNR).

By adjusting the distance between the microphone and the sound source to collect
different CVR signals. The waveform of signal as Figure 1. We analysis signal under
different CVR € {18,15,12,9,6,3}, the sampling time is 600,and the event is produced in
half of sampling time. i.e. it happened in T = 301.Figure 2 and 3 is the cumulative sum
curves(CSC) by these two algorithm. While the performance of both methods is very
similar for CVR values above 6dB,the fixed parameters provide better accuracy than ML
at low CVRs
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Figure 2. CSC of CUSUM-ML
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Figure 3. CSC of CUSUM-FT

In table 1,we can see the computational complexity of both algorithms. where we can
see that ,while both have linear complexity. CUSUM-FT saves a considerable amount of

operations.
Table 1. Computational Complexity
Algorithm Additions Multiplications
CUSUM-ML 9K-16k, -1 13K-28k, -1
CUSUM-FT 3KH2T,+2 2K+2T,+9
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3.4 Threshold Selection

In calibration step, selecting adequate threshold is carried out by studying the
probability of observing high amplitude values given the noise power 6¢.Since the nodes
can only store a limited amount of samples, they must detect the event after observing.
The probability of detection P, =1 (1-P,;,,)" ,where P, is the probability of each sample
taking a value higher than y under #,.Similarly , the probability of false alarm is given by
Pra=1-(1="Py,)" . Py, and P, are:

Py, = erfc <V/ 205) 27)
Pyin, = erfc <V/ 2002> (28)

Where erfc() denotes the complementary error function™ Figure 4 show the
probability of false alarm Pr4 given an amplitude threshold normalized with respect to the
noise standard deviation , i.e.y/ay.the corresponding receiver operating characteristic
curves(ROCC) are shown in Figure 5 for different CVRs and T = 400, .As shown in the
Figure 4 and Figure 5 ,we select the threshold is y = 5.844a,, it will make detecting an
event with P, = 1 when CVR > 7dB.

oM,

“oM:

Figure 6. Array of Five Sensors
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4 Sound Source Location and Organizational Process of System

4.1 The Principle of Sound Source Location

We use a array of five sensors'” to locate the sound source. Constructed a Cartesian
coordinate as Figure 6.The coordinate of each nodes
i8(0,0),(x1, v1),(x2, ¥2),(x3,¥3),(x4, v4). We assume S is the sound source and its
coordinate is(x, y).The distance between S and each nodes is Iy,f,1,,1;,1,. The time of
sound source arrive to My is tp. The time difference of M; and M; is 7;;.

From Figure 6 we can see that:

( x2+y?=1¢
| (x—x)? + (v —y)? =1¢
{ (x—x) + (v —y2)? =1 (29)
l(x —x3)*+ (Y —y3)* =13
(x—x)?+ (y—y)> =7f

{ o = Cto
1 = c(to + T10)
{7”2 = c(ty + T20) (30)

lr3 = c(ty + 730)
7 = c(ty + T40)
From Eq.29 we can know that the sound source coordinate is:
(o v2GE+yt+ri —r) =y (3 +yE +18 1)
4 2(x1y2 — x2¥1) 31)
_x (8 +yE 1§ —17) —x(f + yf + 1§ —1f)
Ly - 2(x1y2 — X2)1)

Get Eq.30 into Eq.31:
‘= y2(xf + yf +2c?ti0tg — c1f0) — y1 (x5 + y5 + c?10tg — c?T5)
2(x1y2 — X%2)1)
_x(x3 + y3 + 2¢% 10t — ¢?T30) — X, (% + yi + Pty — c?Tip)
2(x1y2 — %2)1)
So we can use algorithm to calculate the time difference and cooperate with the speed
of sound to locate sound source.

(32)
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4.2. The Principle of System Operation

Before the sound event produced ,each node is in monitoring step ,when the source
make sound , the closest node detect the event produced , then run CUSUM-ML to
calculate the arrival time and broadcast warning signals to sounding node . These node
configure parameter to the node and run CUSUM-FT to calculate the time of sound arrive
to each node , then these node send data about onset time of event to the sink , to locate
the sound source .The Figure 7 and Figure 8 show that procedure.

4.3. Error Analysis

The algorithm has the deviationd,, we assume & and

T10
. 11 .. . ..
independent''! so the deviation in x axis is :

5 s (ax)2+(ax)2+(ax>2 (33)
SR AT 0750 dto

Make the every parameters of Eq.32 to partial derivative.

= 51’20 = 51'30 = 51'40 = 6’-’

(0x  —y,c?(ty + Tq0)

0710 - X1Y2 — X2)1
ax _ ylcz(to + 2T20)

= (34)
070 2(x1y2 — %2)1)
a_x _ c?(y1720 = 2Y2T10)
\dt, 2(x1y2 — %2¥1)
Get Eq.(34) into Eq.(33), and we can also get the deviation in y axis:
c*6; 2 2 2 2 2
X, = 50— .| 4ys (Lo + T10)? + yi (to + 2720)* + (V1720 — 2Y2T10)
2(x1y2 — X2)1) (35)
c?s
Oy, = m\/‘bﬁz (to + T20)? + x5 (to + 2710)? + (x2T10 — 2%1T20)?

So the accuracy of location is effected by 6; and the distance between node and the
sound

3 © CUSUM-ML
o CUSUM-FT
VvV ER-NLS I

loc. MAE[m]

9 12 15 18
CVRI[dB]

Figure 9. Mean Absolute Error of Two Algorithm
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4.4 Emulation
We assume the coordinate of these node is

(0,0),(d/2,0),(0,d/2),(—d/2,0),(0,—d/2) for MyM,M>M;M, we use MATLAB to
programming . Taking sound source in (0,0) and d = 10m.In this condition , measure
accuracy of two algorithm under different CVR . Mean absolute error(MAE) can express

this error precisely. MAE is express as:
Ni Nj

1
MAE = ZZ i 36
W 2 (36)

i=1j=1

where i and j denote the number of node and results from the trial. The error e;; is
defined as e;; = ||psy; — Do l>

The simulations were generated by using a sampling frequency!'” of f, = 16384H,
and the amplitude threshold at each node is set asy = 646,.As shown in Figure 9, we also
comparing these algorithm with ER-NLS algorithm, which also used in the low cost
location system.

We can see that these three algorithms has the same tendency. CUSUM-ML and
CUSUM-FT provide better accuracy than ER-NLS, and CUSUM-FT has better location
accuracy than ML at low CVRs.

In the case without signal attenuation and CVRs. Verify the accuracy affected by array
of five sensors. Adjust the distance of node as 10m,20m,30m,40m,50m.Set the sound
source in S(15,10), S(—20,12),Figure 10 and Figure 11 are the result of two simulation.
We can seen that the location accuracy is better along with the distance increases of the
node.

But due to the distance of node increases, the space of node and the sound source also
addition, so the signal attenuate more severe, and the formula as:

Lp=Ly—0—-Dlm—A, (37)

Where Ly, is the voice signal intensity emitted from the sound source, K is the

Standard attenuation, O = 10log,((10,41) + 20l0og,,(10,r) where r is the distance, DIm

is the directivity factor, if it has reflective surface near the sound source, signal intensity
need add 3dB,and the, A, is the additional factor.
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Since signal attenuation, CVR of the node received signal has dropped, and the
location accuracy is fall. This tendency of result is on the contrary with the result by the
distance between node and the sound source.

After simulation, we find out the optimal distance of node and sound source. Figure 12
show the relation of distance and location error(LE) after consider signal attenuation.

From Figure 12 we can see that error tends to decline by increasing the distance at
first, when the distance increasing to d,,; =26m the error is least.

Then we present a retest method to reduce the location error. After sound source
emitted the signal, the closest node monitored this signal first, soon after, it organize other
four node estimate each arrival time and send the data to central node complete step one
like above. Then the central node find out other four node space with the location result at

step one the closest at d,,, =26m, estimate arrival time and send data to central node

location the sound source again at step two.Figure 13 show the simulation of many
location. We deployed 50 node randomly at simulation, sound source coordinate is (1 51 0) ,

Figure 13 show the result of initial measurement, retest measurement and third
measurement. We can see that location accuracy of retest measurement is improved, but
the third measurement cannot improve the location accuracy further. So we only retest the
sound source once.

5. Conclusion

We present algorithm based cumulative sum in this paper and also find the threshold of
each node. By analyzing the algorithm by array of five sensors find out the factor of effect
location accuracy, then we present the retest method to improve location accuracy. The
simulation show that the algorithm and the way of organization node is effective.
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