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Abstract: Through analyzing the characteristic of shock vibration control and the limitation of former algorithm, a method of shock vi-
bration control based on adaptive inverse control is raised to improve the accuracy and robust of the system. It can adjust the parameter
of the controller according to the different load and can solve the problems of low resolution at low frequencies and overflow. In order to

decrease the computation complexity and shorten the convergence time of the filter-X LMS algorithm, a fast block filter-X LMS algo-

rithm is put forward. The practical result shows the algorithm performance is better than former algorithm.
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Shock testing is one of environment vibration tes-
ting. It is to assess the reliability and the adaptability of
the specimen after the occurrence shock condition
which is expected to encounter during operation or
transport.

Shock vibration usually exhibits by the shock
pulse, shock duration and peak accelerations of the
pulse and the typical shock pulse contain half-sine,
square, triangular, trapezoidal and etc. in form. Shock
vibration control system which is based on vibration ob-
ject (including specimen, electromagnetic vibration ac-
tuator, PA,
- generate control signals through the algorithms accord-

acceleration sensor, etc. ) properties, to
ing to the seiting parameters of shock pulse, encourages
the electromagnetic actuator to get the reproduction of
set-shaped shock pulse. Because of the big differences
in the structure and weight of the specimen, the system
. model changed significantly, it is difficult to realize the
shock pulse accurately. Based on this reason, the con-
trol algorithms are required to be adaptive to the load-
varying system.

Traditional control method of Shock testing adopt-
ed the Frequency Domain Seif—tuning Algorithm ( FD-
SA). Tt begins by driving the controller with typical
shock pulse that set previously. The difference between
response spectrum and driving spectrum which compu-
ted in real time is feedback to revise the driving spec-

« TS EHR. 2008 —03 - 28
ESWH: BERARPHELKYIE (60605009)

1EEWEIT: XNE (1972 484), B, L,

adaptive filtering; filter-X LMS algorithm;
Article ID; 0529-6579 (2008) 05-0049-05

shock vibration control

trum of the shock pulse, and then the time domain sig-
nal transformed from the driving spectrum is used to

the re-

sponse vibration waveform will converge to the reference

control the actuator. By continuous iterations,
shock waveform finally.

The frequency domain self-tuning algorithm
serves well in random vibration conirol system, but it
has obvious shortcomings in the shock vibration con-
trol. Figure 1 is the spectrum of a half sine with a pulse
width 7 =2ms, it shows that:
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Fig. 1 Spectrum of a half sine

1) The energy of shocking signal mainly concen-
trates in the low-frequency band, and the frequency do-
main self-tuning algorithm is based on the FFT algo-
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rithm, so there is a contradiction between the relatively
lower resolution of Fourier transform of a signal in low-
frequency band and the general concentration of energy
of a shocking signal in low-frequency band;

2) At the frequency of (0.5 + n)/7(n > 0),
Spectrum value tends to be zero, this brings to the FD-
SA a mathematical problem: the computing result of
driving spectrum could be overflowed or very easy to be
zeros, resulting in poor control accuracy.

Through analyzing the characteristic of shock vi-
bration control and the limitation of FDSA, a method of
shock vibration control based on adaptive inverse con-
trol is raised to improve the daccuracy and robust of the

" system. It can adjust the parameter of the controller ac-
cording to the different load and it can solve the prob-
lems about low resolution at low frequencies and over-
flow. In order to decrease the computational complexity
and shorten convergence time of the filter-X LMS algo-
rithm, a fast block filter-X LMS algorithm is put for-

ward.

1 Adaptive Inverse Control of Shock
Vibration Control

Adaptive control is a novel approach to the design
of control system. The ideas that have been evolved
suggest open-loop control of system dynamics by using a
series controller whose transfer function characteristics
are inverse to those of the object to be conirolled. The
controller is adaptive, and adjusts itself to optimize the
overall dynamic response of the object and its control-
ler. The system dynamic performance can control sepa-
rately with the disturbance attenuating. Feedback is on-
ly used in the adaptive process.

M(z) in Fig.2 is the reference model which rea-
ches the desired performance of the control system. The
controller C(z) can be seen as optimal filter with tap
weights w(n) . The taps w(n) is adjusted by the a-
daptive algorithms in order to minimize the errore(n).
After the inverse coniroller C(z) converges the dynamic
characteristics of it cascaded with the object transfer
function P(z) will equal to the reference model M(z) ,
that is:
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Fig.2  Schematic of adaptive inverse control

Y(z)/8(z) = C(z)P(z) = M(z) (1)
Although Shannon-Bode method in evaluating opti-
mal adaptive filter is for IR filter, FIR filter has no
poles and there are no stability problems, then it could
be proved, that the pulse response of optimal FIR mod-
el for the IIR object can match the characteristics of the.
object in the duration of its response, because once the
limited duration of model impulse response covers one
point of the object impulse response, then behind this
point the object impulse response would attenuate to a
negligible level. So in general the adaptive inverse con-
troller C(z) can be realized by the FIR model.
In inverse object modeling, when the target is the
non-minimum phase system, some of its poles‘ which

- are outside the unit circle cause the inverse controller

instability. To resolve this problem, the Wiener optimal
solution is obtained by adapting the inverse model to
the delayed input signal. This will bring some error,
but it can achieve adequate control accuracy as the sys-
tem.

1.1 Filter-X LMS Algorithm

The block diagram of filter-X LMS adaptive in-
verse control algorithm is shown in Fig, 3, in which P
(z), P(z) and C(z) are the vibration system, the
transfer function of the vibration systém and the inverse
controller model respectively. Tests show that the elec-
tromagnetic vibration systems are non-minimum phase
systems, so the inverse controller model C(z) feed by
the time ‘delay A of the input signal.

The filter-X LMS algorithms have a good charac-
teristic that the error of the system model P(z) has no
effect on the Wiener solution of the inverse controller
model C(z) , that means the system is insensitive to
the error of controller model. Even if the system model
has errors, the system can satisfy Eq. 1, the only pur-
pose of P(z) which get similar to the P(z) is to ensure
the €(z) to be converged.
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Fig. 3 Filter-X LMS algorithm

However the convergence performances of LMS al-
gorithms are not satisfactory. First, it has a slow con-
wvergence rate because the shocking signal is a colored



%5

X/NBBEE T A LA il B o o R B4 8T 5 vk 51

signal, and the convergence rate is sirongly dependent
on the correlation of the shocking signal; second, it is
so complex in computation to process in real time. So a
fast block filter-X LMS algorithm is put forward to satis-
fy the shocking vibration system performances.

1.2 Fast Block Filter-X LMS Algorithm

In the Filter-X LMS algorithm, when the impact
response has a long duration, the computation complex-
ity will increase significantly, and this brings difficul-
ties to the shock vibration control in real-time. The per-
formance of the filter-X LMS algorithm is strongly de-
pendent on the auto-correlation of the input signal. So
it has a slow convergence rate for the application when
the eigenvalue spread of the correlation matrix of the in-
put signal dispersed considerably. In order to overcome
the above drawbacks, a fast block Filter-X LMS adap-
tive inverse control algorithm is raised which is shown
in Fig. 4. It uses block computing and the FFT algo-
rithm to improve the real-time character; Fist it reduces
the relativity by transforming the input signal to fre-
quency domain by discrete Fourier transform, and then
normalizes the signal’ s energy to force the eigenvalue
of auto-correlation matrix concentrated in the vicinity of
1. All of the improvements accelerate the convergence
rate of the adaptive filter.

As shown in Fig. 4, the inverse controller is struc-
tured by the FIR filter with tap weights w(n) forn =1,
++, M. In the new shock vibration conirol algorithm
the data to be processed sectioned into block by the
number M. S, and S, are the linear convolution with
50% overlap-save method. S;, is 2M length of data
blocks, in which the former M data are preserved from
the last data block and the data After M is current data
block. However S, in has a slightly different that the
former M data are zeros, caused by removing of the for-
mer M data of S,,,. The Fourier transform of w(n) add-
ed by M zeros is:

Fig. 4 Fast block filter-X LMS algorithm

This realized y(n) is the A —delay one of the s(n).

W'(k) = FFT[w(0),... ,w(M -1),0,...,0]
(2)

Supposing the jth block data is processed current-
ly, U(k) is the diagonal matrix of the Fourier transform
of u(n) composed by (j—1) th and jth block data. It
is written as follows:

U(j) = diag| FFT[u(GM = M) ,... ,u(GM - 1),

w(GM) ,... ,u(GM + M - 1) ]} - (3)

The system error signal of jth block data is pro-
duced by comparing the reference model output ‘against
the object output, its Fourier transform is

E(j) = FFT[O,...,0,e(jM),...,

eGM + M -1)]" (4)

Then the correlation coefficients of u(n) and e(n)

for the jth block data are the first M elements of

¢;(n) = IFFT[U" (HDE()) ] (5)
Finally, the equation to update tap-weights vector of
the inverse controller in frequency domain is

WG +1) = W) +2u()

FFT[¢;(0),... ,¢;(M -1),0,...,0]" (6)

Where .

lu‘(]) =“Xdiag{U0(j)"" ’UZM-l(J‘)EA. (7)

Where U, (j) is the ith diagonal element of the ma-
trix U(j), w is the step-size parameter of the tap-
weights vector, which satisfies: '

0<uc<l1 (8)

In Fig. 4, the linear convolution of the inverse con-

troller tap weights w(n) and the input signal s(n) ap-

plies 50% overlap-save method by fast Fourier transfor-

ming algorithm. When the inverse controller is con-
verged it yields ‘

C(2)P(z) =~ M(z) =2z (9)

That is :

[C()P(2)|=1 (10)

In Eq. (6) the tap weights of the inverse conirol-
ler update once every a block data time, and remain
unchanged in a block data, so it can see that the block
LMS algorithm uses a more accurate estimate ‘of the gra-
dient vector because the time averaging, with the ‘esti-
mation accuracy increasing as the block size M is in-
creased.

It can be seen that the fast block filter-X LMS al-
gorithm accelerates the convergence rate of the adaptive
inverse controller with the following method: first, con-
trasting to the standard method which computing in time
domain, it computes the convolution and correlation op-
erations in frequency domain by orthogonal transform,
so the correlation of the input signal of adaptive algo-

rithm is reduced; second, by using the block mecha-
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nism and the FFT algorithm it greatly reduced an opera-
tion complexity.

2 Practical Results

A multi-processor based vibration control system,
powered by the digital signal processor TMS320C6713
and industrial PC, has been developed to realize the
FDSA and the fast block filter-X LMS adaptive inverse
control algorithm. Both half-sinusoidal and rectangular
shock pulse are selected to check the performances of
the two algorithms.

In the shocking vibration control system, in order
to truly reflect the shock pulse shape, the system sam-
pling rate is adjusted by the shocking-pulse width to en-
sure 100 sampling points in the effective shocking dura-
tion, so to process different shocking pulse the amount
of sampled data is almost same. Here the width and the
acceleration of the shock pulse are 10 ms and 3 g re-
spectively. In practical, in order to ensure the consecu-
tive of the acceleration, velocity and displacement, it is
requested all of them to be zeros at the beginning and
the end. This will maximally power the dynamic per-
formance of the electromagnetic vibration actuator, so it
needs to compensate the pulse. The compensated
shocking pulse is shown in Figure 5.
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Fig. 5 Compensated shock pulse

Through analyzing the system model?(z) , the vi-
bration system P(z) is non-minimum phase system. To
ensure the inverse controller C(z) stability, the time

delay A of the reference model can be selected by the
' rule, that the impulse response of the inverse controller
has attenuated negligible levels outside the w(n) cover-
age. In the inverse controller the M, length of the FIR
filter is 1024 and the reference model delay A is 800.
Fig. 6 is the system response in frequency domain by
applying random signal after the inverse controller has
been converged and Fig. 7 is the one that achieved by
HP35670A using sweep-frequency method, it can be
seen that the effect of the adaptive convergence is ex-
cellent.

To compare the performance of the fast block fil-
ter-X LMS adaptive inverse control algorithm with the
conventional FDSA, here the half-sine and rectangular
shock pulse with the width and the acceleration are
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Fig. 6 Frequency response of inverse controller
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Fig. 7 Frequency response of electrodynamic actuator

10 ms and 3 g respectively applied to the vibration sys-
tem, the vibration-control result are shown in Fig. 8 and
Fig. 9. The results illustrate that the performance of fast
block filter-X LMS adaptive inverse conirol algorithm at
the low-frequency domain is greatly improved and the
smoothness property of response shock wave is en-
hanced markedly.
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Fig. 8 Comparision of practical result of half-sine pulse

3 Conclusions

The adaptive inverse vibration control algorithm is
a novel method to design the shocking vibration control-
ler. To reduce the computational complexity and im-
prove the convergence rate in the conventional filter-X
LMS algorithm, a new shock vibration control method
based on the fast block filter-X LMS adaptive inverse

control algorithm is raised. It can adjust the parameter
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