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Description

BACKGROUND OF THE INVENTION.

[0001] Many machines, such as internal combustion engines, generate unwanted noise and vibration. The vibration
typically comprises a fundamental component whose frequency is, for example, the rotation frequency of the machine
(this is called the first harmonic), plus one or more additional harmonics at frequencies that are integer multiples of the
first.

[0002] Occasionally, the speed of a machine is more-or-less constant and it is then possible to reduce vibration
caused by the machine with a "tuned damper”, or "resonator" (the two terms are used interchangeably here). A tuned
damper is a resonant system that is attached to a point where vibration is to be reduced, and it is built to resonate at
or close to the frequency of the vibration. Purely passive tuned dampers have fixed characteristics, and will work only
close to the frequency for which they are designed. At the resonance frequency, the input impedance of the resonator
(defined as the ratio of a generalized force applied by the resonator at the point of attachment to a generalized velocity
at the same point) will be exceptionally high (or in some cases, such as a Helmholtz resonator in a duct, exceptionally
low: see the description in L E Kinsler, AR Frey, A B Coppens, J V Sanders "Fundamentals of Acoustics" 3rd ed. Wiley
and Sons 1982 pp 241-242).

[0003] As an example of a tuned damper, a mass suspended on a spring will resonate at a characteristic resonance
frequency. If the spring is attached to a structure vibrating at this resonance frequency, the amplitude of vibration of
the structure at that point will be reduced (and as a consequence, the suspended mass will vibrate strongly). Similar
effects can be described for acoustic resonators (eg. Helmholtz resonators; L E Kinsler, A R Frey, A B Coppens, J V
Sanders "Fundamentals of Acoustics" 3rd ed. Wiley and Sons 1982. pp 225-228) where sound pressure is the vibration
to be reduced.

[0004] The disadvantage with passive tuned dampers is that they will work only close to one frequency, and if the
frequency of the vibration drifts, the damper will cease to be effective. It is obvious that a damper whose characteristics
can be adjusted with the frequency of vibration to be reduced would be an advantage. Implicit here is the concept that
the period of the vibration varies only slowly, so that it takes many cycles of the vibration for the period of the vibration
to change significantly (ie. a "quasi-periodic" system).

[0005] There have been many schemes for the adjustment of tuned dampers. Typically, the resonance frequency of
the damper is changed by mechanically altering a stiffness or mass. The mechanism adjusting the damper senses the
current frequency of the vibration and tries to adjust the damper resonance frequency to be the same. The main problem
with such systems is that any error in the tuning of the damper can be extremely detrimental to performance, and there
is no way of detecting this in a simple "open-loop" control system.

[0006] In more complicated systems, a "closed-loop" feedback control system is used to ensure that the damper is
always kept close to resonance at the frequency of the unwanted vibration. These systems require additional sensors
to make them work, but the performance is improved.

[0007] There is an important distinction between the systems described here, with resonators whose properties can
be adjusted (called "adaptive-passive" systems) and so-called "active control systems". In an active control system,
the outputs from the controller change on a timescale characteristic of the vibration itself, and these outputs usually
drive actuators vibrating at the same frequency as the vibration (see, for example, P A Nelson and S J Elliott "Active
Control of Sound" Academic Press 1992 and G B B Chaplin and R A Smith, US patent no. 4566118, 1986). In the
adaptive-passive system of the invention, the outputs of the controller vary on the much slower timescale characteristic
of changes in the frequency of vibration. This reduces the computational requirements of the controller considerably.
Furthermore, the power required to drive the actuators of an active control system is usually considerable, whereas in
an adaptive-passive system, the power used to adjust the resonator characteristics is usually negligible.

[0008] An ideal adaptive-passive system would be able to control components of vibration at several different fre-
quencies (usually the first and subsequent harmonics of a quasi-periodic vibration), whilst maintaining the performance
of the system as the frequencies change.

DISCUSSION OF THE SELECTED PRIOR ART.

[0009] Sato and Matsuhisa (Internoise '90 proceedings, pp 1305-1308, "Semi-active noise control by a Resonator
with Variable Parameters" published by the Noise Control Foundation) and |zumi, Takami and Narikiyo (International
Symposium on Active Control of Sound and Vibration April 91, pp 261-266 "Muffler System Controlling an Aperture
Neck of a Resonator" published by the Acoustical Society of Japan) describe feedback control systems for a single
tuned damper of variable characteristics.

[0010] Both of these papers describe the control of a single tuned damper only. The damper is a Helmholtz resonator,
and the control systems use the sound pressure level inside the resonator, and just outside it, as inputs. Both control
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systems aim to adjust the resonators such that the phase shift between the two inputs is 90°, when the resonator will
be at resonance.

[0011] Sato and Matsuhisa use a two-stage control system that estimates the frequency of the sound from the inputs
and uses an open-loop control system initially to tune the damper close to that frequency. A second stage of closed-
loop control then iterates to tune the damper precisely to the correct frequency, although there is no description of the
control algorithm. This system must derive the vibration frequency initially from one of the inputs, which can be difficult
if the fundamental period of vibration is changing and the vibration comprises several harmonics all of which will be
changing differently. Also, the control system does not allow several tuned dampers to be tuned to reduce several
different frequencies in the sound simultaneously.

[0012] I|zumi, Takami and Narikiyo describe a different control system. However, if, for example, the vibration com-
prises several harmonics, there is no guarantee that the system they describe will work in general, because their phase-
detection system makes the fundamental assumption that the vibration comprises only the frequency to be controlled.
It also does not allow several tuned dampers to be tuned simultaneously to different components of the vibration.
[0013] Vibration control via controllable resonators is also known from EP-A-0 300 445 and DE-A-2 905 973.

SUMMARY OF THE INVENTION.

[0014] The invention provides for a noise or vibration control system as defined by the appended claim 1. Advanta-
geous embodiments are defined by the dependent claims 2-9.

[0015] Accordingly, it is an object of this invention to provide a vibration control system having one or more resonators
of variable characteristics that can be tuned by control signals to the same or different resonance frequencies.
[0016] It is another object of this invention to provide a vibration control means having sensors attached to parts of
the resonators and the structure to which the resonators are attached in order to monitor the tuning of the resonators
[0017] A still further object is to have a vibration control system with sensors attached to the source or the structure
(or any other suitable location) that can be used to determine the frequencies of the noise or vibration

[0018] Astill further object is the provision of vibration control with optional additional sensors that are used to monitor
other factors that affect the resonators' performances (such as temperature)

[0019] Finally, it is an object to provide a control system that has as inputs the sensors, and as outputs, signals to
change the resonance frequencies of the resonators wherein the control system incorporates an algorithm to tune the
resonators close to selected frequencies in the noise or vibration, and to keep them tuned as those frequencies drift.
[0020] Preferably, the control system incorporates mathematical models of the resonators that are used to enhance
the performance of the control system. Preferably, these models are continuously updated and refined by the control
system as it operates.

[0021] Reference is had to the accompanying drawings in which Figure 1 illustrates the overall structure of the in-
vention, and Figure 2 illustrates a particular structure of the invention.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS.

[0022] A very simple example of the invention will be used to illustrate the important features. In figure 2, a structure
1 is excited by a source 2 vibrating at a variable fundamental frequency of f;. The spectrum of the vibration contains
harmonics at f,, 2f,, 3f;.... etc. At a point on the structure where it is desired to reduce the vibration, a spring-mass-
damper resonator 3 is attached. It is assumed in this example that the nth harmonic of the fundamental component of
the vibration is to be reduced by the damper, so that the aim is to tune the resonator close to nf;, and to keep it tuned
as f, drifts. The "structure" bears the vibration from the source to the resonator, and may be a solid, fluid or gas de-
pending on the application. "Vibration" includes any disturbance in the "structure", including electromagnetic, as the
techniques described here can be equally well applied to mechanical or electrical systems.

[0023] An accelerometer 4 is attached to the mass of the resonator, and another accelerometer 5 is attached to the
structure close to the resonator. The displacement of the mass (as monitored via the accelerometer 4) is denoted x,,,,
and the displacement of the structure (as monitored via the accelerometer 5) is denoted x;. Obviously other types of
sensor could be used to measure these displacements. It is immaterial where, in fact, these sensors are mounted
provided the resonator's input impedance could be derived from sensors mounted at those points. For example, a
force guage mounted on the structure between the structure and the resonator, and an accelerometer also mounted
on the structure would also be an acceptable pair of sensors. Note that the choice of example here, with linear motions,
does not preclude application of the system to resonators with rotary motion - the principles of operation are the same.
[0024] It is assumed that the frequency responses of the sensors are known so that x,, and xg can be derived from
the sensor outputs. The frequency response of the sensor can usefully include any other additional filtering (eg analogue
bandpass filtering and gain adjustment to improve signal to noise ratios or anti-aliasing). This compensation for the
sensor responses can be applied at different points in the system, but it is most efficient to apply the compensation to
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the coefficients X, and X described below. Typically, the control system will store necessary information about the
calibration of the sensors to enable any corrections that are required to be made. In the description below, these
corrections are not explicitly stated as it will be obvious to anyone skilled in the art how to compensate for sensor
characteristics to derive the quantities needed by the control system.

[0025] The aim is to maximize the modulus of the input impedance of the resonator at the nth harmonic of the fun-
damental of vibration, so that the structure will vibrate less at that frequency at the point of attachment of the resonator.
The input impedance is defined here to be the ratio of the force applied by the structure to the resonator and the
corresponding velocity of the point of attachment, and it is a function of frequency.

[0026] Elementary mechanics will show that the input impedance of the resonator is proportional to the ratio X,,/X,
where Re(X,,e'®t and Re(X el®l) are the components in x,, and x, at angular frequency o. (Re denotes the real part,
X, and X, are complex numbers, t denotes time and i=V-1). X, and X are themselves functions of . For the simple
spring-mass-damper model of the resonator,

X 1
s ] 0)2/ c)f
io/(o Q)

[0027] Here, o, is the undamped resonance (angular) frequency of the resonator, and Q is the "quality factor". For
the spring-mass-damper model the relations ®2=k/m and Qo,=k/c apply, where k is the spring stiffness, m the mass
and ¢ the damping rate of the damper.

[0028] When Q>>1 (whichis usually true) the modulus of X,,/X, at an angular frequency of m=2xnf; willbe a maximum
if m=2rnnf;. (This is not exactly true, but the errors are negligible if Q is large enough). Also, there will then be a 90°
phase difference between X, and X; at this frequency.

[0029] A frequency sensor 6 in figure 2 is provided to detect the fundamental frequency of vibration, f;. The location
and type of sensor is preferably chosen to be reasonably immune to the effects of changing the tuning of the resonator.
Forexample, it could be a tachometer signal from a part of the source of vibration such that the output of the tachometer
can be used to determine the current fundamental frequency of the source. In some cases, it may be sufficient to use
one or more of the sensors mounted on the structure and resonators to derive fundamental frequencies, but it is better
if the sensor is insensitive to the effects of tuning the resonators.

[0030] The signal from sensor 6 is used by the control system 7 to help to discriminate those components of x,, and
X4 at the frequency nf; in the presence of components at other harmonics of f; or any other "noise". This discrimination
is crucial if the control system is to be able to alter the resonance frequency of the resonator to coincide with nf; and
to maintain this condition as f; varies. For example, x,, and xg will normally contain components at all harmonics of f;
up to the highest harmonic below the current resonance frequency of the resonator. Unless the unwanted components
can be rejected, there is no guarantee that the resonator will be adjusted to the correct frequency.

[0031] The signal from sensor 6 can be used in several different ways to process the inputs from accelerometers 4
and 5. Three examples are given below.

1. Tracking Filter

[0032] Itis possible to set up a tracking bandpass filter whose centre frequency is adjusted by the signal from sensor
6 to be close to nf, (eg. see K Martin and A S Sedra, IEEE Transactions on Acoutics, Speech and Signal Processing
Vol ASSP-29 no. 3 June 1981 pp 736-744). The bandwidth of the filter is chosen to reject all unwanted components
in the accelerometer signals. Each accelerometer signal is then filtered through a tracking filter (desirably, these filters
would be identical) to leave only the signals at a frequency of nf;. One problem with this implementation is that the
bandwidth of the filter (expressed in octaves) will have to vary with the number, n, of the harmonic to be controlled.
This is because harmonics become more closely spaced (in terms of octaves) as n is increased.

[0033] The accuracy with which sensor 6 must detect f; depends upon the required bandwidth of the filter. If the filter
bandwidth must be narrow to remove an unwanted noise component close to nf;, then the accuracy with which the
filter's centre frequency is set (by the signal from sensor 6) must clearly be such that the pass-band still includes the
frequency nfy. It is immaterial whether the tracking filter is implemented digitally or with analogue electronics.

[0034] The output of the bandpass filters will be signals that contain information only at the frequency nf;, as required.
In order to extract the values of the complex coefficients X,,, and X,, it is convenient to process these signals in one of
the two ways described below. Since unwanted components of x,, and x have already been removed by filtering, the
low-pass filters described for the harmonic filter can have a bandwidth of up to 2f,. For the same reason, a single FFT
or DFT is all that should be required to calculate X, and X as signal averaging will be unnecessary.

[0035] The outputs of identical bandpass filters are expected to be AlX, Isin(2rnf;t+y,,) and AlXlIsin(2rnf,t+y,) where
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Ym @nd v, are phase angles and A is the gain of the filter. Therefore, it would also be possible to estimate IX,/X;| and/
or YmYs (Which is the phase difference between the original components at frequency nf; when the filters are identical)
directly from the filter outputs. For example, peak value and zero-crossing detection could be used, and such a scheme
might be computationally more efficient than other methods.

[0036] The ratio of peak values gives X, I/IX,| directly, and zero-crossings with a positive slope will occur at times
ty = kinfy+y,, /2nnf; and t' = k/nf,+y/2rnf, (k is an integer). Therefore, the value of y,,-y, can be deduced from meas-
urement of -t

2. Harmonic Filters

[0037] Fromthe sensor 6 it is possible to derive auxiliary signals sin(2rnf,t) and cos(2nnf,t). For example, this could
be done with voltage-controlled oscillators whose inputs would be a signal derived from sensor 6 to generate outputs
close to frequency nfy. The signals x,,, and x4 are then multiplied by sin(2rnf;t) and cos(2rnf;t) (giving four signals in
total), and each of the results is low-pass filtered by filters whose bandwidths are adjusted to reject all the unwanted
components in X,, and X5. For example, if other harmonics in x,,, and x, must be rejected, the bandwidths of the low-
pass filters should be less than f;. Just as with the tracking filter, the low-pass filters should have bandwidths that are
ideally adjusted by the control system as f; changes in order to maintain rejection of unwanted components in the
signals (see G P Eatwell, "Control System Using Harmonic Filters". Copending patent application). Also, the accuracy
with which the frequency of the auxiliary signals must match nf; depends upon the required bandwidth of the low-pass
filters: the difference between the true value of nf; and the frequency of the auxiliary signals derived from sensor 6
must be less than the bandwidth of the low-pass filters.

[0038] To see how the magnitude and phase of X,/X; (evaluated at a frequency of nfy) are calculated from the four
demodulated signals, define y,,. and y,, to be the outputs from the process of multiplying x,,, by cos(2nnf,t) and sin
(2nnf 1) respectively and then low-pass filtering the results. Similarly, define y,, and y, for the results of operating on
Xg. The modulus of X,,/Xg can then be calculated as

2 2 2 2 2
XX ™= Vino + Yins) Vo + Vo)
and the phase difference by
Arg(X,/X,) = arctan{y .. fy ) - arctan(y_/y..).

[0039] These results are much easier to compute if the control system is implemented digitally, and the whole har-
monic filtering scheme is also ideally implemented digitally.

[0040] If the bandpass filtering described in (1. Tracking Filter) above has been performed, it is possible to take some
short-cuts to computing Arg(X,/Xs). For example, the phase-detection scheme of |zumi, Takami and Narikiyo (Inter-
national Symposium on Active Control of Sound and Vibration April 91, pp 261-266 "Muffler System Controlling an
Aperture Neck of a Resonator" published by the Acoustical Society of Japan) which uses balanced synchronous de-
modulation will work because only one harmonic now appears in the filter outputs, although it is undesirable that the
magnitude of one of the signals appears in the result.

[0041] The use of the filtered signals to implement a closed-loop control system is described below.

3. Fourier Transform

[0042] Another method of using the auxiliary signal from sensor 6 to discriminate against unwanted components in
Xy and X, is to use a Fourier transform (D E Newland "An Introduction to Random Vibrations and Spectral Analysis"
Longman 1975 pp 33-40). As this would normally be implemented digitally, it is described here in those terms. From
the sensor 6 signal, a pulse-train of N pulses per fundamental period of the vibration is derived. (This would be done
directly if, for example, sensor 6 were a shaft-encoder giving N pulses per revolution of a shaft in the source rotating
at the same frequency as the fundamental frequency of the vibration). This pulse-train is used to trigger analog-to-
digital converters (ADC's) sampling x,, and x, (after such anti-alias filtering as is necessary). Alternatively, the pulse-
train can be used to select samples from ADC's triggered by a fixed clock running at a frequency considerably higher
than Nfy (using interpolation/extrapolation if necessary to get the sample value at the occurrence of a pulse, which
may lie between two successive samples of the ADC's). In either case, the result of this process is a sequence of
samples of x,,, and x,, with N samples per fundamental period of the vibration.

[0043] To discriminate against noise in x,, and x, that is not correlated to the pulse-train, successive blocks of N
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samples of can be averaged. This is synchronous time-domain averaging, and it is only one example of the standard
techniques for removing uncorrelated noise from a signal that could be used.

[0044] To perform the Fourier transform, one of the standard algorithms can be used if N is a suitable number. (For
example, if N is a power of 2, the "Fast Fourier Transform" algorithm can be used; see D E Newland "An Introduction
to Random Vibrations and Spectral Analysis" Longman 1975 pp 150-166). It is also possible to perform a Discrete
Fourier Transform (see 6. D E Newland "An Introduction to Random Vibrations and Spectral Analysis" Longman 1975
pp 113-124). The result of this process is one or more "Fourier Coefficients", representing the real and imaginary parts
of X, and Xg at one or more of the frequencies f;, 2f;...nf;... Nf;/2. (Clearly, the coefficient at nf; will have to be calculated
when this is the harmonic of the vibration that is to be reduced).

[0045] Noise in X, and X4 that is not correlated to the pulse-train can also be reduced by averaging corresponding
Fourier coefficients from successive blocks of data (this is frequency-domain averaging, another example of a standard
technique).

[0046] The use of the Fourier coefficients to implement a closed-loop control system is now described.

The Control System

[0047] Oncethe values of X, and X, at the frequency nf; have been discriminated from other unwanted components,
the control system must arrange to adjust the tuning of the resonator accordingly. In the example given above, the
modulus of the ratio X,,/X, is 1o be maximized, or the phase difference between X, and X, is to be kept at 90° as f,
varies. One way of achieving this goal with a model-based digital control system is described below. In the controller,
a gradient-descent algorithm incorporating a model of the resonator is used. The purpose of the model is to permit
rapid and accurate estimation of the derivatives of an error function that determines the current performance of the
system. The controller can be configured continuously to update its model of the resonator, and to account for additional
variables (such as temperature) that affect the system performance.

[0048] Equation 1 is a result based on a simple model of the resonator. In practice, this model should be a good
approximation at least reasonably close to resonance. If r is defined to be the ratio X/X,, evaluated at a frequency of
nfy, then equation 1 gives

Xs ] 0)2/0)f @
X, B T+io/(o,Q)

r

[0049] The aim of the control system is to adjust w, to minimize Irl @, will be a function of a control parameter A. For
example, A may be the position of an actuator that changes the stiffness of the spring in the spring-mass-damper
resonator. From the current value of A, denoted A, the improved value of A to be set by the controller (,, ) can be
calculated by the following equation

-

A =Ak-pRer~6r (3)

k+1 —_—
aA K

where L is a scalar multiplier determined by the control system, and an asterisk indicates the complex conjugate. This
is the update equation for a gradient-descent algorithm. As it stands, equation 3 is of limited use because the derivative
of r with respect to A is not measured (whereas r is). It would be possible to determine the value of this derivative by
making small perturbations in A and observing the results, but it is better to use the model of the resonator to estimate
this derivative.

[0050] Inthe current example, equation 2 gives the value of r in terms of the current values of ®, and Q. Therefore,
an estimate of the derivative is given by
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2 .
ar w . é)wr 6 + iw aQ 1wwr
dA 4 r

W (1+iw/w Q)2 oA Q a2
r r Q

(4)

[0051] Now all of the quantities on the right hand side of equation 4 are either measured, or can be estimated from
amodel of the resonator. The current value of o can be estimated from the auxiliary sensor 6 signal; o, can be estimated
from the current value of A and a model of the function relating o, to A stored in the controller. Q can be estimated in
a similar fashion. The derivatives with respect to A can also be estimated from the model relationships between o, Q
and A. The important aspect of equation 4 is that errors in the estimates of the quantities do not become critical around
the condition m=0wm. This is very different from r itself which is sensitive to errors around the condition m=w: it would be
inadvisable to estimate r in the same way as dr/dA, because errors could lead to the wrong sign in the second term on
the right hand side of equation 3, and this would prevent the control system converging correcily.

[0052] As another example, consider a variable Helmholtz resonator mounted in a duct to prevent transmission of
noise at a frequency of nfy. This system is very similar to the spring-mass-damper described above, but here the aim
is to minimize the input impedance (defined as the ratio of sound pressure in the duct outside the neck of the resonator
and the particle velocity of the fluid in the neck) at the frequency nf;. It is not difficult to show that this amounts to the
minimization of a new error function, Irl, defined by

r=1- +—= (5)

0
2
o o Q

r can be derived from measurements of the sound pressure in the duct just outside the neck of the resonator, and
inside the cavity of the resonator. As before, r itself should be measured rather than estimated in view of its sensitivity
to errors when o,~®. However, the derivative required in equation 3 can safely be estimated in the manner described
above via the relation

ar ow w 2w iw aQ . ‘ (6)

i
2

dA w r Q wQ oA

2 w 2
r r

[0053] It should be noted that in some circumstances it may be acceptable to ignore or approximate some of the
terms in equations 4 and 6. For example, the last term in equation 6 would normally be very small, and it might be
neglected.

[0054] It is most appropriate to apply the gradient-descent algorithm when the resonator is already close to reso-
nance. The step-size, |, should then be scaled approximately as follows

= o (o/Q)|ow /0N

where o is a constant independent of ® and the resonator performance, and the derivative is evaluated at the current
value of A. The best value for o can be selected by experiment.

[0055] Initially, it may happen that the resonator is far from resonance. Two schemes can then be applied to bring
the resonator close enough to resonance to apply the gradient-descent algorithm. First, ® is known from the sensor 6
signal, and an estimate of w is known from the current value of A and the relation between A and o, which is stored by
the controller. Therefore, it is simple to adjust A in one step to bring ®, much closer to ®. However, the relation between
o, and A will in general not be known very accurately since, for example, the relation may depend upon unobserved
variables such as temperature.

[0056] The second scheme, a measurement-based one-step algorithm, estimates w, directly by solving equation 2
for o', given the current (measured) values of m and r, and an estimate of Q. This determines the required change in
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®,, and an update of A can be computed via

do,
}\'k+1 = }\'k + B(O) 'O)r)/ﬁ

for example. The derivative is evaluated at a value of A corresponding to a frequency somewhere between o and ,,
and P is a positive control parameter that would usually be somewhat less than 1. A value of 1 tries to converge to the
correct value of A in one step. This method relies on the assumption that the gradient dm /02 is less sensitive to error
than the resonance frequency itself. This update equation can be applied iteratively, if necessary, to bring the resonator
close enough to resonance for the gradient-descent algorithm to be applied.

[0057] The relationships between ®, Q and A can be continually refined and updated by the control system as it
operates. For example, when the controller detects that o and ®, coincide (through a small value of r and/or a small
value the second term on the RHS of equation 3) it will be able to update its relationship between o, and A, because
o will be known from the sensor 6 signal and A is a control parameter. Likewise, the minimum value of Irl, from equation
2 will then be 1/Q (if Q>>1, but it is not difficult to derive an exact relation if required) so Q at the current value of A is
also found. As the frequency o=2nnf, changes, the relationships between ®,, Q and A can be continuously updated
for the range of A explored by the change in .

[0058] It is a fact that ®, and Q may also be functions of parameters other than A. For example, temperature may
affect the resonance frequency. In this case, it may be advantageous to have other inputs (8 in figure 2) to the control
system that monitor such additional variables. The effect of these variables can then be built into the model relationships
for o, and Q to enable better estimates to be obtained. The control system can still update these relationships as
described above, the only difference being that these relationships now involve A and the additional variables instead
of just A.

[0059] In practical implementations of the system, more than one harmonic of the vibration will usually be controlled.
This is easily performed with the addition of one resonator per harmonic to be controlled, plus at least one additional
sensor on each of the resonators. (The sensor 5 on the structure can be used to determine the vibration at all of the
harmonics to be controlled, whereas a separate sensor is needed on each of the resonators). With the processing of
the signals described above, the control of each resonator is largely independent.

[0060] Itmay be possible to have a single mechanical device that resonates at two or more independently controllable
frequencies. As far as the control scheme is concerned, no modifications are required provided each control variable
can independently control each frequency.

[0061] There is no difficulty in controlling more than one resonator attached to different points on the structure, tuned
to the same or different frequencies, provided that sensors on the resonators and structure are provided for each
mounting point.

[0062] Itis also possible that the source generates more than one harmonic sequence of vibration. In this case, the
set of fundamental frequencies, f;, f»....f, should be resolved either from a single sensor 6, or preferably from several
sensors that measure separately the different fundamentals. The overall control scheme is unchanged, as each addi-
tional harmonic sequence can be handled independently by a separate bank of harmonic filters.

[0063] There is sometimes an advantage to combining an active control system with the adaptive resonator system
described here. It often happens that one or two harmonics of a vibration are particularly strong, or are at an incon-
veniently low frequency. Fully active control of these harmonics may then be costly in terms of actuator size, and power
consumption. Itis therefore beneficial to tackle such awkward vibration components with an adaptive resonator system,
and to clear up the remaining problems actively. It is easy to modify the performance of an active control algorithm
such as those described in G B B Chaplin and R A Smith, US patent no 4566118, 1986 and S A Tretter, US patent no.
5091953, 1992 to ignore particular harmonics, if desired, and to combine the two types of control system into a single
controller.

Claims

1. Anoise orvibration control system for controlling noise or vibration from one or more noise sources (2), comprising:

- one or more adaptive resonator means (3), attached to one or more points on a structure (1), the resonance
frequencies of the resonator means being adjustable by control signals,

- one or more sensor means (6) on the source of vibration (2), the structure (1) or both said source of vibration
(2) and said structure (1) that can be used to derive frequencies of various components of the vibration;
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characterized by

- sensor means (4, 5) on said resonator means (3), the structure (1) or both said resonator means (3) and said
structure (1) that are used to determine tuning of the resonator means (3),

- acontrol system (7), that has as inputs output signals from the sensor means (4, 5, 6) used to determine tuning
of the resonatcr means and used to derive frequencies of various components of vibration, and as outputs
control signals to change the resonance frequencies of the resonator means (3),

whereby control system (7) incorporates a control algorithm to tune the resonator means (3) close to selected
frequencies in the noise or vibration and to keep them tuned as those frequencies drift or as other factors affecting
the resonator means (3) performances change.

2. A system as in claim 1, characterized by including a combination of tracking filters, harmonic filters or Fourier
transformation filters in order to discriminate against unwanted components in the sensor means (6) inputs to the
control system.

3. Asystem as in claim 1, characterized by that the control system (7) uses models of the resonator means (3) in the
control algorithm.

4. Asystemas in claim 3, characterized by that the control system (7) updates and refines the models of the resonator
means (3) as it operates.

5. Asystemasinclaim 1, characterized by that the control system (7) aims either to minimize or to maximize quantities
that are proportional to a modulus of the input impedances of the resonator means (3).

6. A system as in claim 5, characterized by that the control system (7) uses a gradient descent algorithm.

7. Asystemasinclaim 3, characterized by that the control system (7) uses a measurement-based one-step algorithm.

8. A system as in claim 3, characterized by additional sensor means (8) that monitor other parameters affecting
performance of the resonator means (3) from inputs to the control system (7).

9. A system as in one of the preceding claims, characterized by that it further comprises an active control system
(plus its sensors and actuators) whose performance is designed to complement the resonator means (3) in reducing
noise or vibration in the structure (1).

10. A system as in one of the preceding claims, characterized by that the tuning of said one or more resonators (3)
has reasonably no effect on the one or more sensor means (6) used to derive the frequencies of various compo-
nents of the vibration.

Patentanspriiche

1. Gerdusch- oder Vibrationssteuersystem zum Beherrschen von Ger&dusch oder Vibration aus einer oder mehreren

Gerauschquellen (2), mit

- einem oder mehreren abstimmbaren Resonator-Mitteln (3), die an einem oder mehreren Punkten auf einer
Tragerstrukiur (1) festgelegt sind, wobei die Resonanzfrequenzen der Resonator-Mittel mittels Steuersignalen
einstellbar sind,

- einem oder mehreren Sensor-Mitteln (6) auf der Quelle flr Vibration (2), der Tragerstruktur (1) oder sowohl
der Quelle fur Vibration (2) und der Tragerstruktur (1), die dazu verwendet werden kénnen, Frequenzen ver-
schiedener Vibrationskomponenten zu bestimmen,

gekennzeichnet durch

- Sensor-Mittel (4, 5) auf den Resonator-Mitteln (3), der Tragerstrukiur (1), oder sowohl den Resonator-Mitteln
(3) und der Tragerstruktur (1), die dazu verwendet werden, die Anpassung der Resonator-Mittel (3) zu be-
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stimmen,

- eine Steuer- und Regelvorrichtung (7), die als Eingangssignale von den Sensor-Mitteln (4, 5, 6) herrlhrende
Ausgangssignale hat, die dazu verwendet werden, die Apassung der Resonator-Mittel zu bestimmen, und
dazu verwendet werden, die Frequenzen verschiedener Vibrationskomponenten zu bestimmen, und als Aus-
gangssignale Steuersignale, die dazu dienen, die Resonanzfrequenzen der Resonator-Mittel (3) zu verandern,

- wobei die Steuer- und Regelvorrichtung (7) einen Regelalgorithmus enthalt, um die Resonator-Mittel (3) eng
an ausgewahlte Frequenzen von Gerausch oder Vibration anzupassen und um diese angepaft zu halten,
wenn diese Frequenzen driften oder wenn andere Faktoren, die die Funktionen der Resonator-Mittel (3) be-
einflussen, sich andern.

System nach Anspruch 1, dadurch gekennzeichnet, daf3 es eine Kombination von Nachlauffiltern, harmonischen
Filtern oder Fourier-Transformations-Filtern enthalt, um unerwiinschte Bestandteile in den von den Sensor-Mitteln
(6) herriihrenden Eingangssignalen flr die Steuer- und Regelvorrichtung auszufiltern.

System nach Anspruch 1, dadurch gekennzeichnet, daf3 die Steuer- und Regelvorrichtung (7) in dem Regel-Al-
gorithmus Modelle der Resonator-Mittel (3) verwendet.

System nach Anspruch 3, dadurch gekennzeichnet, da3 die Steuer- und Regelvorrichtung (7) die Modelle der
Resonator-Mittel (3) im laufenden Betrieb aktualisiert und verfeinert.

System nach Anspruch 1, dadurch gekennzeichnet, daf die Steuer- und Regelvorrichtung (7) bestrebt ist, GréBen,
die einem Absolutbetrag der Eingangs-Impedanzen der Resonator-Mittel (3) proportional sind, entweder zu mini-
mieren oder zu maximieren.

System nach Anspruch 5, dadurch gekennzeichnet, dafB die Steuer- und Regelvorrichtung (7) einen Gradienten-
Abstiegs-Algorithmus (gradient descent algorithm) verwendet.

System nach Anspruch 3, dadurch gekennzeichnet, daB die Steuer- und Regelvorrichtung (7) einen messungs-
gestitzten Ein-Schritt-Algorithmus (measurement-based one-step algorithm) verwendet.

System nach Anspruch 3, gekennzeichnet durch zusétzliche Sensor-Mittel (8), die weitere Parameter berwachen,
die die Funktionen der Resonator-Mittel (3) beeinflussen.

System nach einem der vorherigen Anspriiche, dadurch gekennzeichnet, daf3 es weiter eine aktive Steuer- und
Regelvorrichtung (und ihrer Sensoren und Geber) umfaBt, die derart ausgelegt ist, dal3 sie die Resonator-Mittel
(3) beim Verringern von Gerausch oder Vibration in der Tragerstruktur (1) ergénzt.

System nach einem der vorherigen Anspriiche, dadurch gekennzeichnet, daf3 die Anpassung der einen oder meh-
reren Resonatoren (3) keine wesentliche Wirkung auf die einen oder mehreren Sensor-Mittel (6) hat, die dazu
verwendet werden, die Frequenzen der verschiedenen Vibrationskomponenten zu bestimmen.

Revendications

1.

Systéme de régulation de bruit ou de vibration destiné & réguler un bruit ou une vibration provenant d'une ou
plusieurs sources de bruit (2), comprenant :

- un ou plusieurs moyens de résonateur adaptatif (3), fixés a un ou plusieurs points sur une structure (1), les
fréquences de résonance des moyens de résonateur pouvant étre ajustées par des signaux de commande,

- unou plusieurs moyens de capteur (6) sur la source de vibration (2), la structure (1) ou & la fois ladite source
de vibration (2) et ladite structure (1), qui peuvent étre utilisés pour obtenir les fréquences des diverses com-
posantes de la vibration,

caractérisé par
- des moyens de capteur (4, 5) sur ledit moyen de résonateur (3), la structure (1) ou a la fois ledit moyen de

résonateur (3) et ladite structure (1) qui sont utilisés pour déterminer I'accord du moyen de résonateur (3),
- un systéme de régulation (7), qui comporte en tant qu'entrées les signaux de sortie provenant des moyens

10
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de capteur (4, 5, 6) utilisés pour déterminer l'accord du moyen de résonateur et utilisés pour obtenir les fré-
quences des diverses composantes de vibration, et en tant que sorties les signaux de commande destinés a
modifier les fréquences de résonance du moyen de résonateur (3),

dans lequel le systéme de régulation (7) incorpore un algorithme de commande destiné & accorder les moyens
de résonateur (3) & proximité de fréquences choisies du bruit ou de la vibration et a les maintenir accordées lorsque
ces fréquences dérivent ou lorsque d'autres facteurs affectant les performances du moyen de résonateur (3) va-
rient.

Systéme selon la revendication 1, caractérisé par l'incorporation d'une combinaison de filtres suiveurs, de filtres
d'harmonique ou de filtres a transformation de Fourier dans le but de réaliser une discrimination vis-a-vis de com-
posantes indésirables dans les entrées du moyen de capteur (6) vers le systéme de régulation.

Systéme selon la revendication 1, caractérisé en ce que le systéme de régulation (7) utilise des modéles du moyen
de résonateur (3) dans l'algorithme de régulation.

Systéme selon la revendication 3, caractérisé en ce que le systéme de régulation (7) met a jour et affine les
modéles du moyen de résonateur (3) lorsqu'il fonctionne.

Systéme selon la revendication 1, caractérisé en ce que le systéme de régulation (7) vise soit & minimiser soit &
maximiser des quantités qui sont proportionnelles & un module des impédances d'entrée du moyen de résonateur

(3).

Systéme selon la revendication 5, caractérisé en ce que le systéme de régulation (7) utilise un algorithme de
descente par gradients.

Systéme selon la revendication 3, caractérisé en ce que le systéme de régulation (7) utilise un algorithme en une
étape fondée sur des mesures.

Systéme selon la revendication 3, caractérisé par des moyens de capteur supplémentaires (8) qui surveillent
d'autres paramétres affectant les performances du moyen de résonateur (3) & partir des entrées vers le systéme
de régulation (7).

Systéme selon I'une des revendications précédentes, caractérisé en ce qu'il comprend en outre un systéme de
régulation actif (plus ses capteurs et ses actionneurs) dont les performances sont congues pour venir en complé-
ment du moyen de résonateur (3) pour la réduction du bruit ou de la vibration dans la structure (1).

Systéme selon I'une des revendications précédentes, caractérisé en ce que l'accord desdits un ou plusieurs ré-

sonateurs (3) n'a raisonnablement aucun effet sur les un ou plusieurs moyens de capteur (6) utilisés pour obtenir
les fréquences des diverses composantes de la vibration.

11
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