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(57) Abstract: A method of generating a set of filters for a touch sensitive device comprising a touch-sensitive member and a plu-
rality of transducers mounted to the member. The method comprises: determining an initial estimate of a filter to be applied to a
respective signal associated with each transducer; defining a model of the system whereby the relationship of vibration of the
member to the respective signals can be calculated, the model having a plurality of parameters, calculating the vibration of the
member as an output of the model of the system; calculating the output of the model by comparing the output of the model with a
measured value; determining changed parameter values of the parameters of the model; recalculating the error value for the output
of the model by comparing the output of the model with the changed parameter values with the measured value; comparing the re-
calculated error value with the reference error value; if the compared recalculated error value is less than the reference error value,
setting the recalculated error value as the reference error value, setting the changed parameter values as the model parameters, and
repeating the above steps, or, if the compared recalculated error value is greater than the reference error value, outputting the mod-
el parameters; generating a set of new filters each using respective output model parameters.
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Touch sensitive device

TECHNICAL FIELD

The invention relates to touch sensitive devices including touch sensitive screens or

panels.

BACKGROUND ART
US 4,885,565, US 5,638,060, US 5,977,867, US2002/0075135 describe touch-operated

apparatus.

DISCLOSURE OF INVENTION

According to a first aspect of the invention, there is provided a method of generating a
set of filters for a touch sensitive device comprising a touch-sensitive member and a
plurality of transducers mounted to the member, the method comprising:

a) determining an initial estimate of a filter to be applied to a respective signal
associated with each transducer;

b) defining a model of the system whereby the relationship of vibration of the
member to the respective signals can be calculated, the model having a plurality of
parameters;

¢) calculating the output of the model of the system;

d) calculating a reference error value for the output of the model by comparing
the output of the model with a measured value;

¢) determining changed parameter values of the parameters of the model,;

f) recalculating the error value for the output of the model by comparing the
output of the model with the changed parameter values with the measured value;

g) comparing the recalculated error value with the reference error value;

h) if the compared recalculated error value is less than the reference error value,
setting the recalculated error value as the reference error value, setting the changed
parameter values as the model parameters, and repeating the steps c) to h), or

if the compared recalculated error value is greater than the reference error value,

outputting the model parameters;
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generating a set of new filters each using respective output model parameters.

According to a second aspect of the invention, there is provided a method of generating
a desired touch sensitivity in a touch sensitive device comprising a touch-sensitive
member and a plurality of transducers mounted to the member, the method comprising:
generating a set of filters by carrying out the method of the first aspect;
applying the set of filters to an output signal from each transducer to generate
filtered output signals; and

using the filtered output signals to provide the desired touch sensitivity.

The filter may have a plurality of coefficients, the number of filter coefficients being

equal to the number of model parameters.

The initial estimate of the filter to be applied to a signal output from each transducer,
may be an estimate of the required filter. The initial estimate of the filter to be applied
to a signal output from each transducer, may be any initial estimate of the filter because
the reference error minimisation procedure of the above method will determine the
required output model parameters. In some examples the initial estimate of the filter
may be a standard, or default, filter, or even a random filter. In some examples the
initial estimate of the filter may be a close estimate of the required filter. This may
provide the advantage of reducing the number of iterations of the method required to

arrive at a filter giving acceptable performance.

The above method models the filter in the time domain and applies an iterative
refinement algorithm (repeating changing, recalculating and comparing steps), to
improve the performance of the filter. The initial filter may be a time-reversal (TR)
filter, a simultaneous multi-region (SMR) filter or an infinite impulse response filter.
SMR filters obtained analytically are exact in the frequency domain but seldom achieve
a good separation in the time domain. In some examples the application of the
refinement algorithm may provide double the separation. The model may comprise an

inverse of the filter.
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The initial filter may be very complex in the temporal domain. However, in the
frequency domain there may be one or more key or pole frequencies that are more
important than other frequencies across the frequency range of interest. These one or
more key or pole frequencies may be transformed into separate initial filter components
in the temporal domain. A less complex initial filter may be represented by the

combination of these separate initial filter components.

According to a third aspect of the invention, there is provided a method of generating a
set of filters for a touch sensitive device comprising a touch-sensitive member and a
plurality of transducers mounted to the member, the method comprising:
choosing a set of frequencies for use in the filters;
determining an impulse response of a filter for each respective transducer to be
applied to a signal associated with each transducer;
calculating the transfer function of each filter, wherein each filter has a transfer
function with at least one pole and at least one zero, and calculating the transfer
function of each said filter comprises,
determining at least one pole coefficient which determines at least one
pole;
determining, using said at least one pole coefficient, a pole
representation of the transfer function which filters said input signal using said
at least one pole;
using said respective impulse response, calculating at least one zero
cocfficient which determines at least one zero; and
combining said pole representation of the transfer function with said at
least one zero cocfficient to calculate said transfer function of said filter; and

generating a set of filters comprising said calculated filters.

According to a fourth aspect of the invention, there is provided a method of generating a

desired touch sensitivity in a touch sensitive device comprising a touch-sensitive

member and a plurality of transducers mounted to the member, the method comprising:
generating a set of filters by carrying out the method of the third aspect;
applying the set of filters to an output signal from each transducer to generate

filtered output signals; and
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using the filtered output signals to provide the desired touch sensitivity.

The impulse response of each filter may be derived from a desired value of touch

sensitivity of the member.

The filter may be an infinite impulse response filter and may have a transfer function of

the form:

Where dio di; dk» are zero coefficients which determine the zeros, axo a1 ak, are

pole coefficients which determine the poles and k is the number of poles.

The pole coefficients may be expressed as
|2

Qo= —2Re(p,) and a,., = |pk

and the transfer function may be written as

s
[ ]

Determining said pole representation of the transfer function may comprise

determining:

Ly g oo Uy oo Ltk ol k) Miez o 1 ol kv 8Ky Ukl

The pole coefficients may be determined from the chosen set of frequencies.

If the output signal for ecach transducer is known, the zero coefficients may be

determined from
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The method may further comprise calculating zero coefficients for zeros which are not
paired with said determined pole coefficients.

According to a fifth aspect of the invention, there is provided a methed of generating a
set of filters for a touch sensitive device comprising a touch-sensitive member and a
plurality of transducers mounted to the member, the method comprising:
choosing a set of frequencies for use in the filters;
calculating a set of transfer functions of respective filters for each transducer to
be applied to a signal assaciated with each transducer,
wherein each filter has a transfer function with at least one pole and at least one
zero and calculating the transfer function of each said filter comprises,
determining at Jeast ope pole coefficient which determines said at least
one pole;
determining, using said at least ome pole coefficient, a pole
representation of the transfer function which filters said input signal using said
at least one pole;
using an eigenvector method to determine at least one zero coefficient
which determines said at least one zero; and
combining said pole representation of the transfer function with said at
least one zero coefficient to determine said transfer function for said filter; and
generating a set of filters comprising said calculated filters.

According to a sixth aspect of the invention, there is provided a mcthod of generating a
desired touch sengitivity in a touch sepsitive device comprising a touch-sensitive
member and a pluzality of transducers mounted to the member, the methad comprising:

generating a set of filters by carrying out the method of the sixth aspect;

RECTIFIED SHEET (RULE 91) ISA/EP
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applying the set of filters to an ontput signal from each transducer to gemerate
filtered output signals; and

using the filtered output signals to provide the desired touch sensitivity.
5 The filier may be an infinite impulse response filter.

The method may further comprise calculating zero coefficients for zetos which are not

paired with said determined pole coefficients.
10 The following features may apply to all aspects.

The imitial reference error value may be calculated wsing a sum squarsd error, for

example from:

SSE{a.b,..)=3 |¥{n,a,b, . \=X{n}f
®»

15 where X(n) is the measured value which is measured in response to a touch at n test
points and Y(n) is the output of a system maodel where a, b are the model parameter

values. The model parameter values may correspond to the filter coefficients.

The SSE is used as an exemplar method for detcrmining a measwe of error between a
20 measured value or values and modelled value or vajues. Other methods such as the

variance, standard deviation, mean squared error, root mean square error or other

techniques as would be appreciated by the parson skilled in the art. The SSE is an

example of a suitable rnethod only, the present claimed Method and Device employ any

or all of the methods described above, including those appreciated by the person skilled
25 in the art but not explicitly mentioned herein.

The SSE may be minimised by any suitable minimisation routine, A number of known
nainimisation routines may be used such as Gradient Search or Gradiemt Decent,
-Synthetic Annealing, Newton and Quasi-Newton methods, Interior point methods,
30 linear least squares methods (a regression model comprising a linear combination of the
paramcters), functional analysis methods (approximating to a sum of other functions),

non-linear least squares methods (approximate to a linear model and refine the

RECTIFIED SHEET (RULE 91) ISA/EP
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parameters by successive iterations) and other methods that would be appreciated by the

skilled person in the art.

A Gradient Search method is described below for the minimisation of the SSE. This is
an example of a suitable method only, the present claimed Method and Device may
employ any or all of the methods described above, including those appreciated by the

person skilled in the art but not explicitly mentioned herein.

Changing the values of the parameters of the model may comprise selecting parameters

to reduce the value of SSE by finding the value of t that minimises F(t) where

Pt it B ?'55235 . f" : % Fx!

[l

e

N f £OSSE  n8SSE N .1
Fi =) Wimat+—— b +——, . | —d{n}
£ . da e ;

1

k)

Finding the value of t may comprise estimating the vector gradient of error (grad
(SSE)), changing all the model parameters proportionally to the estimated vector
gradient of error, estimating the first and second derivatives F’(t = 0) and F’’(t =0) of
F(t=0) for the value of t equal to zero and determining t from the estimated derivatives

of F(t) where

and

The derivative D’(x) of a function D(x) may be calculated from

- By +=} — B{x}
itiey = dim =
L83 X8 =

S g
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Estimating the vector gradient of error with respect to each of the parameters may
therefore comprise changing each parameter by a small amount, recalculating SSE and
estimating the vector gradient of error using the difference between the reference value

for SSE and the recalculated value of SSE.

Estimating F’(t) = 0 and F’’(t) =0 may therefore comprise determining two new
parameter sets, the first parameter set being changed proportionally to the estimated
vector gradient of error by addition and the second parameter set being changed
proportionally to the estimated vector gradient of error by subtraction, calculating SSE
values for each of the two new parameter sets and calculating estimates for F’(t) = 0 and

F”’(t) =0 from the new SSE values.

The desired touch sensitivity may be a maximum at a first test point and a minimum at a
second test point. Alternatively, the desired touch sensitivity may be a response which
is between the minimum or maximum at a given test position, for example, where the

responses at multiple test positions are to be taken into account.

The desired touch sensitivity may provide the sensation of a button click to a user.
Alternatively, a touch sensitivity (in terms of produced displacement and/or acceleration
of the touch sensitive member) may be generated to provide additional information to
the user. The filtered output signal may be associated with a user action or gesture etc.
Alternatively, or additionally, the filtered output may be associated with the response of

the touch-sensitive surface in terms of display action or reaction.

The vibration may include any type of vibration, including bending wave vibration,

more specifically resonant bending wave vibration.

The transducer may be an electromagnetic transducer. Such transducer are well known
in the art,. Alternatively, the exciter may be a piezoelectric transducer or a bender or
torsional transducer. A plurality of transducer (perhaps of different types) may be

selected to operate in a co-ordinated fashion.
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The touch surface may be a panel-form member which is a bending wave device, for
example, a resonant bending wave device. The touch screen may also be a loudspeaker
wherein a second vibration exciter excites vibration which produces an acoustic output.
For example, the touch screen may be a resonant bending wave mode loudspeaker as
described in International Patent Application W(097/09842 which is incorporated by

reference.

Contact on the surface may be detected and/or tracked as described in International
patent applications WO 01/48684, WO 03/005292 and/or WO 04/053781 to the present
applicant. These International patent applications are here incorporated by reference.
Alternatively, other known methods may be used to receive and record or sense such

contacts.

According to a seventh aspect of the invention, there is provided a touch sensitive
device comprising

a touch-sensitive member,

a plurality of transducers mounted to the member, and

a processor configured to carry out the method of any one of the preceding

aspects.

According to a eigth aspect of the invention, there is provided a computer program
comprising program code which, when executed on a processor of a touch sensitive
device, will cause the touch sensitive device to carry out the method of any one of the

first to sixth aspects.

The invention further provides processor control code to implement the above-described
methods, in particular on a data carrier such as a disk, CD- or DVD-ROM, programmed
memory such as read-only memory (firmware), or on a data carrier such as an optical or
electrical signal carrier. Code (and/or data) to implement embodiments of the invention
may comprise source, object or executable code in a conventional programming
language (interpreted or compiled) such as C, or assembly code, code for setting up or
controlling an ASIC (Application Specific Integrated Circuit) or FPGA (Field

Programmable Gate Array), or code for a hardware description language such as
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Verilog (Trade Mark) or VHDL (Very High speed integrated circuit Hardware
Description Language). As the skilled person will appreciate such code and/or data
may be distributed between a plurality of coupled components in communication with

one another.

BRIEF DESCRIPTION OF DRAWINGS

The invention is diagrammatically illustrated, by way of example, in the accompanying

drawings in which: -

Fig. la is a flowchart showing the steps for improving an estimate for a filter;

Fig. 1b is a flowchart showing the steps for an alternative method of improving an
estimate for a filter;

Fig. 2a is a graph showing the initial filter set varying against time;

Fig. 2b is a graph of time variation of the filter set of Fig. 2a after iteration according to
the method shown in Fig 1;

Fig. 2¢ is a graph of signal level (dB) against time for the filtered response of Fig. 2a;
Fig. 2d is a graph of signal level (dB) against time for the filtered response of Fig. 2a;
Fig. 3a is a graph of signal level (dB) against frequency for a second initial filter set;
Fig. 3b is a graph of signal level (dB) against frequency for the filter set of Fig. 3a after
iteration according to the method shown in Fig 1;

Fig. 4 is a flowchart showing the steps for creating an initial filter set;

Fig. 5a shows a log-log plot of | force | vs frequency for each channel F and the
arithmetic sum FA;

Fig. 5b shows a log-lin plot of each channel of Fig 5a divided by FA (i.e. normalised);
Figs. 6a to 6d show the impulse response as it varies with time for each of the signal of
Fig 5a;

Fig. 7a shows the time reversal filters for each of Figs. 6a to 6d;

Fig. 7b shows the time reversal filters of Fig 7a convolved with each respective signal
of Fig 6a to 6d;

Fig.8 is a schematic illustration of a touch sensitive device;

Fig. 9a is a flow chart of an alternative method for creating an initial filter set;

Fig. 9b is a graph plotting the imaginary part against the real part for px and —sin(6y)

against cos(6x);
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Fig. 9c and 94 plot the eight variations of u with time;
Fig. 9e shows the variation with time of the trapsfer functions for each of the four
exciters, and

Figs. 10a and 10b plot the variation in time of the quiet and loud signals.

DETAILED DESCRIPTION OF DRAWINGS

Fig 1. shows a flow diagram of a first example of a method used to create an improved
filter. This method involves minimising a Summed Squared Error (SSE) value, with the

10 SSE being used as in example only. Fig. 1. Shows use of the gradient Search method
for the minimisation of SSE, but this is used as an exemplar method only.

Fig. 1 shows the steps of a first method used to create an improved filter. 'The filter may
be a simultaneous multi-region filter (SMR) filter or-a time-reversed filter (TR) filter

15 creaied ay described in co-pending International application PCT/GB2010/050540 (the
entire contents of which are incorporated herein by reference). The first step' $100isto
create an jnitial estimate of the filter 10 be applied to a signal output from each
transducer whereby the filtered output signal is derived from vibration of the member in
response o a touch, so that the filtered output signals from all of the transducers provide

20 a touch sensitivity. This signal from 2 transducer will be referred to as an ocutput signal,
although it is of course an input signal from the point of view of the filter. The output
time response for the filter is the convolution of the output signal input to the filter and
the time impulse response of the filter.

25 The output signal from the transducer is considered as the output of a system model
Y(n,ab, ...) where 2, b are the mode} parameters (there may be m parameters) and n is
the number of test points at which the real output X(n) produced in response to a touch
of known magnitude is measured. Thus, as recorded at step $102, the mode] is created
using the model parameters, corresponding to the taps, i.e. the coefficients on the digital

30 filter. As discussed above the coefficients of the filter may correspond to the model

parameters. The system model may comprise an inverse of the filter. The ijnitial

estimate of the filter may be used to create the model.

RECTIFIED SHEET (RULE 91) ISA/EP
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The next step is to measure the effectiveness of the model by using the sum-squared
error (SSE) which is defined as the energy of the difference between the model and the

real system. This is calculated from

In other words the difference between the model output and the real output at each test
point is calculated, each difference is squared and the squared differences are summed
together. The real output may be determined by measurement. For example, using
contact methods such as using a stylus in contact with the touch sensitive member to
cause vibration of the member by applying a touch force of known magnitude and/ or

other contact methods as would be appreciated by a person skilled in the art.

At step S104, a value for SSE is calculated that is termed the reference SSE value (or
reference value for SSE). The reference value for SSE is calculated making use of the
initial filter estimate. This means that the reference value for SSE may be calculated for
the output of the model by comparing the output of the model with a measured value of

output signal.

At step S106, the parameters of the model are changed in order to obtain a modelled
output that tends towards the real output. This means that the parameters of the model
are changed in order that the calculated output signals generated in response to the
touch tends towards the measured output signals generated in response to the touch.
Accordingly, each model parameter (that may correspond to each tap or coefficient of
the filter) is adjusted by a small amount (i.e. by less than 10%, preferably less than 1%)

and a new value for SSE is calculated.

In order to obtain a model output that tends towards the real output the aim or
requirement is to minimise the SSE value. The SSE may be minimised by any suitable
minimisation routine. Using a Gradient Search method, minimisation of SSE is

achieved by setting the gradient to zero or substantially close to zero.
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For a model containing m parameters, there are m gradient equations. Thus at step
S108, the vector gradient of error is calculated with respect to each of the parameters

using

The vector gradient represents the magnitude and direction of the slope of the error

function, which in this example is the SSE.

At step S110, two new models are created by changing the model parameters by a value
which is proportional to the calculated vector gradient. One model output is determined
by adding the value to each of the model parameters and calculating a model output and
the second model output is determined by subtracting this value from each of the model
parameters and calculating a model output. Using these two model outputs, two new
SSEs are calculated; one called SSE p (from the new model where the value is added to
model parameters) and one called SSE m (from the new model where the value is

subtracted from model parameters).
The next step S112 is to obtain a set of parameters which aims to reduce the value of

SSE. Using a Gradient Search method, the value of SSE may be minimised by
attempting to find the value of t that minimises F(t), where F(t) is defined as:

e X ;" "
B I
\.-i Rt

At the value of t where F(t) is minimised, the gradient of F is zero, i.e. for F(t) the
derivative, F’(t) = 0. The Newton-Raphson method is used to solve for t, starting with
to=0. Other equivalent known methods may be used to solve for t.

For the Newton Raphson method a new value for t (tx+1) can be calculated from a

present or start value for t (tx) from



10

15

20

25

WO 2012/010912 PCT/GB2011/051417

14

Starting with t = 0, a first solution is
FROY

TN
& \\_ﬁ'}}

&=

The first and second derivatives of F(t) may be found using finite difference methods.
Two-sided estimates of F’(0) and F’’(0) are used to determine t, using the standard

equations:

df (x) _ f(x+dx)—f(x—dx) and
dx 2dx

d’ f(x) _SGtdo)+ f(x—dx) =21 (x)
dx’ dx’

Once a value for t is calculated, this is used to generate a new set of model parameters
and hence a new SSE value. If this value is less than the reference value calculated in
step S104, the new SSE value is set as the reference value (step S116) and steps S106 to
S112 are repeated. If this new value is greater than the reference value (either the value
calculated in step S104 or a previous value of SSE calculated using steps S106 to S110),
the model parameters for the improved filter are output. If the new value is greater than
the reference value, then no further improvement can be achieved by this methodology
and an optimum solution has been achieved by the previous set of model parameter

values.

Fig 1b shows an alternative iterative method for calculating an improved filter. The
filter may be a simultancous multi-region filter (SMR) filter or a time-reversed filter
(TR) filter. The method may show computational efficiencies as only one parameter of
the model need be varied within a calculation step. Consider the general situation
where we have the multi-channel impulse responses measured at two target locations, Q

is desired to be “insensitive” and L is desired to be ’sensitive”.
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At step S200, we define a set of filter impulse responses, h, which represent an estimate
of the filters needed to achieve the separation of the Q and L target sensitivities. These
may be an estimate of the simultanecous multi-region filter (SMR) filter or time-reversed

filter (TR) filter.

At step S202, we calculate a reference value to be used in calculating an improved filter,
using the sum over all channels of the convolution product of the filter impulse response
at each channel and the response measured for that channel for a touch at the quiet
location and the sum over all channels of the convolution product of the filter impulse
response at each channel and the response measured for that channel for a touch at at
the loud location. The reference value is termed SSE. Thus the reference value for SSE

i

where the star signifies the convolution product, Qcpan is the measured value for the

quict location, and L,y is the measured value for the loud location.

At step S204, we “perturb” the set of filter impulse responses h by adjusting a tap (i.c. a

digital coefficient) by a small amount o in only one filter channel j. So

B i =3 Iy o=t Flf—=h im. Bif _w Tl sham—y T —ponneis mowdad
=R, CRRNT . RISHF- AT R L OMIEE L TGRS BToG

where 9 is the delta (sampling) function and where
13

e b S e— Fo ey g
Sixi=1if v =0 Gotharmwize

At step S206, we calculate a new value for SSE for the perturbed value from:
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Where z is the unit delay operator
d;; 1s the Kronecker delta which is 1 if i = j, and 0 otherwise (i.e a discrete version of the

delta function)

At step S206, we define the gradient vector exactly as follows;

Now as the numerator and denominator for SSE(a) are identical in form, lets consider

just one term for now.

Where R represents either Q or L.

Expanding this explicitly, assuming that the second order term is vanishingly small will

give:

Using this result, we may define the exact gradient of SSE as follows;

_ . SSETm—S3E
SE Y shm{————————
nd ﬁ_;ﬂ \?(

Now we have only 2 convolutions and some shifts and dot products, and the result is
exact. Thus at Step S210 we calculate the value at which the gradient vector and follow

the same final steps as in the previously described method.
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Figs 2a to 2d show the method of Fig. 1 applied to a specific example, namely a TR
filter (see Figs 4 to 8). The TR filter produces a simultaneous minimum and maximum,
the said Quiet and Loud signals produced by touches at two separate points having
respective lower and higher relative sensitivities for a touch sensitive device having four
transducers in this specific example, however as appreciated by the person skilled in the
art the claimed method and device may operate with other numbers of transducers, such
as 2 or more transducers. Fig. 2a shows the filter for each of the four transducers which
is essentially a time-reversed impulse response. Fig. 2¢ shows the output time response
of the filters of Fig. 2a (i.e. shows the convolution of the impulse responses of the filter
with the input signals). The maximum signal is shown as testABLy and the minimum
signal as testABQy. The SSE for this filter set is -2.6dB which is better than creating a

filter at random but not significantly so.

Fig. 2b shows the filter for each of the four transducers after application of ten iterations
of the optimisation method of Fig. 1. Fig. 2d shows the output time response of the
filters of Fig. 2c. The SSE for this filter set is -17.9dB. This translates in to a clearly
visible difference between the maximum output of the maximum signal (testABLy) and
the maximum output of the minimum signal (testABQx). The difference is considerably
greater than the same difference for the original filters and renders the optimised filters

effective whereas the original filters were not very effective.

Figs. 3a and 3b show the application of the optimisation method of Fig. 1 to an SMR
filter which has been obtained analytically using the eigenvector method. These show
two traces for output signals produced by touches at the loud position and two traces for
output signals produced by touches at the quiet position, both before and after

application of the optimisation method.

One set of filters is created for a net-book portable computer with a touch-screen by
dividing the touch screen into a grid having three rows and five columns.
Measurements are taken for touches at the “2,2” target (i.e. second row, second column)
and the “3,1” target to generate two sets of SMR filters with the goal of minimising the
response at one target and maximising it at the other, that is, minimising the sensitivity

at one target and maximising the sensitivity at the other. The filtered output signals



10

15

20

25

30

WO 2012/010912 PCT/GB2011/051417

18

resulting from applying the calculated filters to an output signal were measured and are
shown in Fig 3a. For both filter sets, the intendedly loud signals (50, 52) are stronger
than the intendedly quiet signals (60, 62). However, at some frequencies the difference
is less than desired. Moreover, such SMR filters are exact in the frequency domain but
seldom achieve a theoretical separation better than 20dB in the time-domain. This can
be improved somewhat by improving the frequency resolution of the measurement data
and by adjusting the delay of the filters. However, there still seems to be a fundamental
limit to the effectiveness of the filters in the time-domain. One explanation may be the
Heisenberg uncertainty relationship between frequency and time means that without an
infinitely long filter and an infinitely fine frequency resolution, the time-domain filters

obtained this way will never be exact.

Fig. 3b shows the result of iteratively refining the initial filter set according to the
method of Fig. 1. In real use, the filters still have to contend with system non-linearity
and time variation but the measured responses still show a very useful improvement in
performance. The output filtered signals resulting from applying the optimised filters to
an input signal were measured and are shown in Fig 3b. The separation between
responses to touches at the loud and quiet locations is more marked with the refined
filter set than with the original set. The refinement process has effectively doubled the
dB separation of the analytically derived filters. In real use, the filters still have to
contend with system non-linearity and time variation but the measured responses still

show a very useful improvement in performance.

Moreover, it can be shown that the process makes empirically derived SMR filters

effective.

The “exact” solutions, i.e. the analytically calculated SMR filters, result in filter delays
of about 1/10™ of the delays from the time-reversal solution and may be preferable.

Time reversal filters may intrinsically incur temporal delays, as shown in Fig 2a.

Figs 4 to 7b illustrate one method for creating an initial filter set, in this case using a
time-reversed impulse response. As explained in more detail below, time-reversed

impulse response (TR) shows how to create a single maximum sensitivity. With a
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minimum amount of effort, it can also give a single minimum sensitivity. To get
simultancously min and max sensitivities at different locations would probably use the
minimising set, and could either rely on there being some sensitivity at the other
location, or require extra "empirical”" combining of the minimising and maximising
filters. Thus, it is possible to empirically derive an SMR using the TR process. The
method of improving the filter set described in relation to Figs 1 to 3b could be used in
relation to any filter set, including conceptually a blind guess. However, the better the

initial estimate, the better the result.

As shown in Fig 4, the first step S200 in creating a filter set is to physically touch the
screen with a known force at test positions and to measure the resulting output signal at
this plurality of locations (S202). As explained with reference to Fig 5a, each measured
response is optionally whitened (S204) and then transformed into the time domain
(S206). As explained in Figs 6a to 6d, the filter is formed by taking a snapshot of each
impulse response (S208) and reversing this snapshot (S210).

The spectrum of the time-reversed signal is the complex conjugate of the original

original:  x(t) -> X(f)

filter: y(©) = x(-t);  Y(f) = conj(X(f))

This is approximated by adding a fixed delay, so

2(t) =x(T-t) ift <= T, or z(t) = 0 if t > T

When the filter is applied to the signal (ignoring the approximation for now), the phase

information is removed, but the amplitude information is reinforced.

y® *x@® -> X(OxY(H) = [X(H"2

(In fact, the resulting time response is the autocorrelation function).
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Fig 5a is a log-log plot of power vs frequency for each channel (F) (i.e. for signals from
four vibration transducers) and the arithmetic sum (FA) of these four power signals. Fig
5b is a log-lin plot of each of the 4 channel responses divided by FA (FN), i.ec.
normalised. Dividing each response by FA renders them more spectrally white, which
improves the effectiveness of the method. This is because the response is squared in the

filtering process and thus it is beneficial if the signal is spectrally "white", or flat.

Figs 6a to 6d show each of the four normalised responses transformed into the time

<>

domain to give the individual impulse responses (GYtime ). These impulse responses

have also been normalised by dividing by the peak for each response.

The time reversal filters, TR, are formed by taking a finite snapshot of the impulse
responses of Figs 6a to 6d and then reversing them in time. The TR have built into them
a delay equal to the length of the sample, as shown in Fig 2a. Fig 7a shows the time

reveral filter for each channel (0, 1, 2 and 3)

if{k > kmax . 0, GYtimekmax—k-1. j+ | Winlkmax—k— ]

TRy j o=
h poakiy

where kmax = samples (length)

Fig 7b shows the results of convolved the filters with the appropriate impulse responses
in the time domain (GYtime) to give the filtered response GYresp. The convolution is

expressed as:

k , .
GYrespy = 5 (GYtimey i =1 TR |} amp: = maxiGYresp” |
E »"_ " . b

f =1
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As shown in Fig. 7b, all the responses share a common maximum, but exhibit some
noging. The common maximum occurs because the phase / time information has been

corrected. The ringing occurs because the amplitude information is exagperated.

5 As shown at step 5212 in Fig 4, the filter amplitudes may be adjusted to maximise or
minimise the sum of the four signals produced from the touch location, The filter is then
applied to each impulse response to generate a filtered ontput signal derived from each
location (S214).

10 Fig. 8 shows a touch-sensitive haptics device 10 with four haptics-input and touch
sensing vibration transducers 12 mounted to a touch-sensitive screen 14 (in this specific
example there are four transducers, however as appreciated by the person skilled in the
art there may be any number of input transducers on the screen). The transducers 12 are
each coupled to a system processor 20 via a two-way amplifier 22. A stylus 16 is also

15 connected to the processor 20 via a two-way amplificr 24.

The touch-sensitive device shown in Fig. 8 may be used 10 create an initial filter set as
set out in Fig. 4 and may then be used to apply the improved filter set created as
desctibed in Fig. 1. The device has two operational modes, normal use and training
20 mode. In normal use, ie. When a user is using the screen 14 of the touch-sensitive
device 10, the transducers 12 produce output signals in response to touches on the
surface. These output signals can then be used to determine proj)erties of the touches
such as location and force of touch, The method of determining these properties is nat
critical to the operation of the device and may be as described in any known techniques.
25 The outpit signals can be processed to control touch sensitivity of the device. The touch
sensitivity may be simple, for example detecting touches only in specific locations, or
may be more complex to identify complex touch activity, i.c. associated with sliding
movements, increasing/ decreasing intensity of touch etc. The more complex sensations

may be associated with gestures such as sliding, pitching or rotating fingers on the
30 SCIEEI.

The transducers 12 also produce any required localized haptic force feedback.

RECTIFIED SHEET (RULE 91) ISA/EP
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The transducers are thus reciprocal transducers able to work as both output devices to
generate excitation signals which create vibration in the screen and as input devices to
sense vibration in the screen and convert the vibration into signals to be analysed. It is
preferable for all the transducer to be reciprocal devices but it is possible to have a

device in which not all transducers are reciprocal; such a device is more complicated.

In training mode, the stylus 16 is used to inject vibrational signals at specified test
points; thus the stylus 16 may be considered to be a “force pencil”. The system
processor 20 generates the signals which are sent to the stylus 16 via the two-way
amplifier 24 and receives the signals from the transducers 12. The two-way amplifiers
22 are also connected between the system processor 20 and each transducer 12; one
amplifier for each channel, i.e. one amplifier for each transducer. The stylus 16 is also
arranged to sense haptic feedback signals in the screen originating from the transducers

12 and to feed the sensed signals to the processor 20 via the two-way amplifier 24.

Figs 9a to 10b illustrate an alternative method for creating an initial filter set, in this
case a simultanecous multi-region filter (SMR) having a maximum touch sensitivity at
one location on the touch sensitive screen and a minimum touch sensitivity at another
discrete location on the screen. Four transducers are used in the filter so there are four
channels with j:== 0 ... chan-l. In this specific example there are four transducers,
however as appreciated by the person skilled in the art the claimed method and device

may operate with 2 or more transducers.

The alternative method for creating an initial filter set may be carried in two ways.

A first way may be used when the filter impulse response is known. This means that the
required theoretical filter impulse response to give the desired member touch sensitivity
output may be known, It will be understood that even if the desired impulse response is
known, the implementation of the required filter in practice may be difficult, as will be
appreciated by the person skilled in the art. The solution may be to make use of Quiet
and Loud measurements made by applying a touch to different points on the member or
panel, and a generalised inverse matrix technique (also known as the Moore-Penrose

technique) may be used to determine recursive filters, the output from which may be
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used to provide a filtered impulse response tending towards the required theoretical

impulse response to give the desired touch sensitivity response.

The second way may be used even when the filter impulse response is not known. The
solution may be to use to make use of Quiet and Loud measurements made by applying
a touch to different points on the member or panel, and a solving an eigenvalue problem
may be used to determine recursive filters, the output from which may be used to
provide a filtered impulse response tending towards the required theoretical impulse

response to give the desired vibration output.

The two ways of creating an initial filter set using an alternative method have a number
of common steps, before the generalised inverse matrix technique or solution of an

eigenvalue problem are undertaken.

It should be understood that although the terms quiet and loud are used to refer to
locations having relatively less and more sensitivity to a touch, producing a desired
touch sensitivity profile, this wording is used only to assist understanding. It is not

necessary that the touch produces an audible sound.

As set out in Fig. 9a, the first step S300 is to choose a set of frequencies spanning the
frequency range of interest. The set of frequencies may be linearly, logarithmically or
otherwise nonlinearly distributed across the frequency range of interest. For example,
the frequency range of the filter may be from 150Hz (bot) to 600Hz (top). Q (and q) is
an abbreviation for quiet (i.e. the minimum touch sensitivity and response) and L (and 1)
is an abbreviation for loud (i.e. the maximum touch sensitivity and response). Thus the

initial variables are defined as:

Time= Qdata™"”
chans=cols(Qdata)-1
q<j>:Q data<j+ 1>
[¥"=Ldata¥""

length(time) —1

tlmelast(time) - tlmeO

F =
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F=5512.5 (the sampling frequency)

An IIR filter is used to create the desired effect. An IIR is an infinite impulse response
filter. Such filters use feedback since the output and next internal state are determined
5 from a linear combination of the previous inputs and outputs. A second order IIR filter
is often termed a biquad because its transfer function is the ratio of two quadratic

functions, i.e.

N
=
Hz

{

]
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10
The transfer function of such a filter has two poles and two zeros. A pole of a function
f(z) is a point a such that f{z) approaches infinity as z approaches a and a zero is a point
b such that f{z) equals zero when z equals b. Thus, the dxo di1 dio co-efficients
determine the zeros and the pi coefficients determines the poles. The set of frequencies
15 within the frequency range of interest is associated with a corresponding pole, where k

may equal the number of frequencies within the set, equal to the number of poles.

The pole coefficients px may be written as:

Pl B B

20
As shown in Fig. 9a, the next step S302 of the method is to calculate 8y and ABx which

may be derived from the initial variables as follows:

Kol per-log!

S8R By - B Sl By - B
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Where K is the number of poles, fi is the frequency of the k™ pole, F; is the sampling

frequency, Oy is an angle related to the frequency of the k™ pole

Fig 9b plots the value of the imaginary part of the pole coefficient px against the real
part of px. Fig 9b also plots the value of —sin(8x) against cos(8x) and shows the locus of

pole positions px plotted along with an arc of the unit circle in the z-plane.

The px values are complex. If we wish to consider real coefficient values, the transfer

function may be written as:

ie.
|2

Qo= —2Re(p,) and a,., = |pk

At this step we also solve for the poles by considering:

— = YA+ 8kz " <31 TiaX ¥aXolgbz  satz 0¥

For input X(z), the result of filtering with only the poles is Y(z), hence the transfer
function is Y(z)/X(z). This is then algebraically manipulated to get a result without
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division, which can be directly converted to the time-domain representation u(i,k) which

are defined as follows:

g g BEE oo 18|\ SRETEY ba g 18 oty ko Bl vl i
5
The variations in these functions with time are plotted in Figs 9¢ and 9d.
The next step is to solve for the zeros, i.c. to determine the coefficients dio dk; etc.
The zeros may be paired with the poles or they may be a different set of zeros. The
10 zeros are determined from:
If the impulse response X(z) is known as shown in Fig 9a at step S304,, the unique
15 solution may be found at step S306, ¢.g. by using the generalised inverse matrix which
is defined as follows:
Biss, v Wk Biac aka o Bk Miasz ahez= Uk M xKemos 8iom
RE - siabmsatein (R, O lastitime O cols (MY - 1) KA gerim (M)
20

8 MenY
The zero coefficients are then

The calculated matrix 1s shown below:
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3 ;s 3
3572 32 362 15,453
2 2495 -3R36S| -18.147
3 7.81% 50,85 0,5
4 .437 -3.615 7.214 13873
5 -5 73 -§.985 G 5,514
& 3,208 13 693
A 7 -1, 587 -2.455 -1L574
S -Laos| 3587 5,337
3 10,381 5574 -a0342
19 -5.355 11.312 5,183
11 17,597 35,148
17 17, 3,562
13 -5, -15.278 {3,295
14 3693 17388 -R4.94S 75,935
15 -3,55 §.57 32,181

Rows(p) = 8 with
Max (p) = 09.67 — 0.167j and min (p) = 0.729 — 0.594;

The pairs of zeros associated with the corresponding d values are thus:

fa
sy
a3

Ty g

10 The pairs of zeros relates to the zero coefficients d in the same way that the poles p
relate to the pole coefficients a except that the zeros cannot be asserted to appear as

complex conjugate pairs.
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The synthesised transfer function (hs) for each filter to be applied to the output signal
from each transducer to give the required sensitivity profile to touches of the member

may then be determined from:

Bfs 1= N { st k‘G;Lj s W PR Sy e M 2 #ad:k:]'

R
k
As set out above, there may be zeros which are not paired with poles. In this case, the

transfer function may be written as:

- Clop e B 0@ ey 2 E
wizd -2z TN
; S

k

S R VRO S I T
i iob Ry vl R -t R } -
1S I8y °“1‘-. 1 A it

o,

Where the b terms are coefficients which define additional zeros with no associated
poles. Such an additional term may be implemented as an additional filter which may
typically be used to deal with excess-phase problems such as delay. In other words,
cach filter may comprise at least two separate filters which may be of different types.

The individual transfer functions for each filter may be expressed as:

by o 11y o N L9 e | S MY

(EH]

Where the first term for hs sums all the contributions from the first type of filter (e.g.
biquad) and the second term adds in the additional contributions from a second filter

(c.g. a discrete-time filter such as a finite impulse response (FIR)).

Alternatively, if the impulse response is not known, a solution may be derived as

follows.

Consider Quiet and Loud impulse responses to be determined for touches at two

locations on the member. If the Quiet response is minimal or zero (this means no
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response to touching the member at the Quiet location) and the Loud response is the
loudest possible response (this means the largest possible response to touching of the
member at the Loud location), then there are a large number of possible impulse
response filters for ecach transducer channel that can be used to obtain the Quiet
response, whilst there is only one set of impulse response filters that gives the loudest
possible response. Each set of filters that gives the minimal or zero quiet response to a
touch at the quiet location will also give some response (which may be minimal or zero
or may be non-zero) to a touch at the loud location. However, the set of filters yielding
the loudest possible response to a touch at the loud position may not, and probably will

not, yield minimal or zero output to a touch at the quiet location.

There is a non-unique set of solutions relating to sets of filters that yields a minimal or
zero quite response to a touch at the quiet location, whilst responding to touching of the
member at the loud location. There may be no solution relating to sets of filters that
yields a minimal or zero quiet response to a touch at the quiet location whilst yielding a

maximum response signal to a touch at the loud location.

The problem of finding an improved set of filters relates to finding the set of filters that
maximises the loud signal in response to a touch at the loud location and at the same
time minimises the quiet signal in response to a touch at the quiet location. The problem
may be solved by considering the ratio between the quiet and loud response signals, and
choosing a set of filters that yields a minimal or zero response at the quiet location,
determine the response at the quiet location, determine the associated response at the
loud location for the same set of filters, and determine the ratio between the signals at
the quiet and loud locations. By considering one, all or any of the sets of filters that
yields a minimal or zero response at the quiet location the set of filters that minimises
the ratio between the quiet response at the quiet location and the loud response at the
loud location may be selected. These sets of filters may be considered as the improved

set of filters.

Further, linear combinations of the sets of filters that individually yield a minimal or
zero response to a touch at the quiet location will also yield a minimal or zero response

to a touch at the quiet location. Accordingly, the problem may be solved by selecting a
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linear combination of different ones of the sets of filters that yield a minimal or zero
response to a touch at the quiet location, the linear combination being selected to

maximise the response to a touch at the loud location.

5 Mathematically, a non-unique solution may be derived, for example by solving the
eigenvalue problem as set out below at Step S308. Where we are deriving the non-
unique solution, additional requirements may be imposed and only the combination of

solutions that satisfies the additional requirements is generated (step S310).

10 Firstly we consider the quiet response:
Bl e P‘""I{a:'rw“'l"=‘t"m;:4}+!.,‘ +K-shans-§
for

last] gy
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A3
75

SRR

j e 92

MG

NI comvelli® o) sub v, Ry R 8,0, vl

and

Where g7 are the determined quiet responses for the j channels.

15 Simultaneously we consider the loud response:
Mipe oo Rl Bl

Where

bl = N7 i:-(}rTml[{hﬂm
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Fig 10a plots the quiet and loud responses against time which are produced using these

10 transfer functions. They are calculated from:

oy
Y]
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The maximum response has a magnitude which is approximate 4000 times greater than

15 the minimum response.

Fig. 10b shows the results showing the filtered output signal from each transducer.
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Again the quiet and loud responses are plotted against time and they are calculated

from:

2 sonvel{TE , &G Lo 20eal{TE., L} T o 2

The maximum response has a magnitude which is approximate 2000 times greater than

the minimum response.

The apparatus described above may be implemented at least in part in software. Those
skilled in the art will appreciate that the apparatus described above may be implemented

using general purpose computer equipment or using bespoke equipment.

The hardware elements, operating systems and programming languages of such
computers are conventional in nature, and it is presumed that those skilled in the art are
adequately familiar therewith. Of course, the computing functions may be implemented
in a distributed fashion on a number of similar platforms, to distribute the processing

load.

Here, aspects of the methods and apparatuses described herein can be executed on a
mobile device and on a computing device such as a server. Program aspects of the
technology can be thought of as “products” or “articles of manufacture” typically in the
form of executable code and/or associated data that is carried on or embodied in a type
of machine readable medium. “Storage” type media include any or all of the memory of
the mobile stations, computers, processors or the like, or associated modules thereof,
such as various semiconductor memories, tape drives, disk drives, and the like, which
may provide storage at any time for the software programming. All or portions of the
software may at times be communicated through the Internet or various other
telecommunications networks. Such communications, for example, may enable loading
of the software from one computer or processor into another computer or processor.
Thus, another type of media that may bear the software elements includes optical,

electrical and electromagnetic waves, such as used across physical interfaces between
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local devices, through wired and optical landline networks and over various air-links.
The physical elements that carry such waves, such as wired or wireless links, optical
links or the like, also may be considered as media bearing the software. As used herein,
unless restricted to tangible non-transitory “storage” media, terms such as computer or
machine “readable medium” refer to any medium that participates in providing

instructions to a processor for execution.

Hence, a machine readable medium may take many forms, including but not limited to,
a tangible storage carrier, a carrier wave medium or physical transaction medium. Non-
volatile storage media include, for example, optical or magnetic disks, such as any of
the storage devices in computer(s) or the like, such as may be used to implement the
encoder, the decoder, etc. shown in the drawings. Volatile storage media include
dynamic memory, such as the main memory of a computer platform. Tangible
transmission media include coaxial cables; copper wire and fiber optics, including the
wires that comprise the bus within a computer system. Carrier-wave transmission media
can take the form of electric or electromagnetic signals, or acoustic or light waves such
as those generated during radio frequency (RF) and infrared (IR) data communications.
Common forms of computer-readable media therefore include for example: a floppy
disk, a flexible disk, hard disk, magnetic tape, any other magnetic medium, a CD-ROM,
DVD or DVD-ROM, any other optical medium, punch cards, paper tape, any other
physical storage medium with patterns of holes, a RAM, a PROM and EPROM, a
FLASH-EPROM, any other memory chip or cartridge, a carrier wave transporting data
or instructions, cables or links transporting such a carrier wave, or any other medium
from which a computer can read programming code and/or data. Many of these forms of
computer readable media may be involved in carrying one or more sequences of one or

more instructions to a processor for execution.

Those skilled in the art will appreciate that while the foregoing has described what are
considered to be the best mode and, where appropriate, other modes of performing the
invention, the invention should not be limited to specific apparatus configurations or
method steps disclosed in this description of the preferred embodiment. It is understood
that various modifications may be made therein and that the subject matter disclosed

herein may be implemented in various forms and examples, and that the teachings may
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be applied in numerous applications, only some of which have been described herein. It
is intended by the following claims to claim any and all applications, modifications and
variations that fall within the true scope of the present teachings. Those skilled in the art
will recognize that the invention has a broad range of applications, and that the
embodiments may take a wide range of modifications without departing from the

inventive concept as defined in the appended claims.

Although the present invention has been described in terms of specific exemplary
embodiments, it will be appreciated that various modifications, alterations and/or
combinations of features disclosed herein will be apparent to those skilled in the art
without departing from the spirit and scope of the invention as set forth in the following

claims.
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CLAIMS:

1. A method of generating a set of filters for a touch sensitive device comprising a
touch-sensitive member and a plurality of transducers mounted to the member, the
method comprising:

a) determining an initial estimate of a filter to be applied to a respective signal
associated with each transducer;

b) defining a model of the system whereby the relationship of vibration of the
member to the respective signals can be calculated, the model having a plurality of
parameters;

¢) calculating the output of the model of the system;

d) calculating a reference error value for the output of the model by comparing
the output of the model with a measured value;

¢) determining changed parameter values of the parameters of the model,;

f) recalculating the error value for the output of the model by comparing the
output of the model with the changed parameter values with the measured value;

g) comparing the recalculated error value with the reference error value;

h) if the compared recalculated error value is less than the reference error value,
setting the recalculated error value as the reference error value, setting the changed
parameter values as the model parameters, and repeating the steps c) to h), or

if the compared recalculated error value is greater than the reference error value,
outputting the model parameters;

generating a set of new filters each using respective output model parameters.

2. The method according to claim 1, wherein the filter has a plurality of
coefficients, the number of filter coefficients being equal to the number of model

parameters.

3. The method according to claim 1 or claim 2, wherein the model comprises an

inverse of the filter.

4. The method according to preceding claim, wherein the reference error value is

calculated using:
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where X(n) is the measured value which is measured at n test points and Y(n) is the

output of the system model where a, b are the parameter values.

5. The method according to claim 4, wherein determining changed parameter
values of the parameters of the model comprises selecting parameters to reduce the

value of SSE by finding the value of t that minimises F(t) where

6. The method according to claim 5, comprising finding the value of t by
estimating the vector gradient of error (grad (SSE)), changing all the model parameters
proportionally to the estimated vector gradient of error, estimating F’(t) = 0 and F’’(t)

=0 and determining t from the estimated derivatives of F(t) where

and

7. The method according to claim 6, comprising estimating the vector gradient of
error with respect to each of the parameters by changing each parameter by a small
amount, recalculating SSE and estimating the vector gradient of error using the

difference between the reference value for SSE and the recalculated value of SSE.

8. The method according to claim 6 or claim 7, comprising estimating F’(t = 0) and
F”’(t =0) by determining two new parameter sets, the first parameter set being changed
proportionally to the estimated vector gradient of error by addition and the second
parameter set being changed proportionally to the estimated vector gradient of error by
addition, calculating SSE values for each of the two new parameter sets and calculating

estimates for F’(t = 0) and F’’(t =0) from the new SSE values.
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9. A method of generating a desired touch sensitivity in a touch sensitive device
comprising a touch-sensitive member and a plurality of transducers mounted to the
member, the method comprising:
generating a set of filters by carrying out the method of any preceding claim;
applying the set of filters to an output signal from each transducer to generate
filtered output signals; and

using the filtered output signals to provide the desired touch sensitivity.

10.  The method according to claim 9, wherein:

said determining an initial estimate comprises determining an initial estimate of
a filter to be applied to a respective signal output from each transducer, whereby the
filtered signal is generated by vibration of the member resulting from a physical touch
on the member;

the model of the system is defined whereby the output signal can be calculated
as a function of vibration of the member;

said calculating the output of the model comprises calculating the output signal
as an output of the model of the system;

said calculating a reference error value comprises calculating a reference error
value for the output of the model by comparing the output of the model with a measured
value of the output signal when a known touch is applied to the member; and

said recalculating the error value comprises recalculating the error value for the
output of the model by comparing the output of the model with a measured value of the

output signal when a known touch is applied to the member.

11.  The method according to claim 1, wherein the reference error value is calculated

using:
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where the star signifies the convolution product, hepan 15 the time impulse response for
the filtered output signal at each transducer, Qcnan 1S the output produced by each
transducer at a relatively touch insensitive location and Lcpan 1 the output produced by

cach transducer at a relatively touch sensitive location.

12.  The method according to claim 11, wherein recalculating the error value
comprises perturbing cach time impulse response h by a small amount o at cach

transducer and calculating a new error value from

X
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Where z is the unit delay operator
d 1s the delta (sampling) function and
d;; 1s the Kronecker delta.

13.  The method according to claim 12, wherein recalculating the error value

comprises defining the gradient vector as follows;
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and solving to find an exact value for the gradient vector.

14.  The method according to claim 13, wherein recalculating the error value
comprises determining the value at which the gradient vector is zero and recalculating

the error value for this value.

15.  The method according to any one of the preceding claims, comprising

determining the initial filter as a time-reversal filter.
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16.  The method according to any one of claims 1 to 14, comprising determining the

initial filter as a simultaneous multi-region filter.

17.  The method according to claim 2, comprising determining the initial estimate

using arbitrary filter coefficients.

18.  The method according to any one of claims 1 to 14, comprising determining the

initial estimate using an infinite impulse response filter.

19.  The method according to any one of the preceding claims, wherein the desired
touch sensitivity is to produce a maximum response to a touch at one location on the
touch sensitive member and a minimum response to a touch at a second location on the

touch sensitive member.

20. A touch sensitive device comprising
a touch-sensitive member,
a plurality of transducers mounted to the member, and
a processor configured to carry out the method according to any preceding

claim.

21. A method of generating a set of filters for a touch sensitive device comprising a
touch-sensitive member and a plurality of transducers mounted to the member, the
method comprising:

choosing a set of frequencies for use in the filters;

determining an impulse response of a filter for each respective transducer to be
applied to a signal associated with each transducer;

calculating the transfer function of each filter, wherein each filter has a transfer
function with at least one pole and at least one zero, and calculating the transfer
function of each said filter comprises,

determining at least one pole coefficient which determines at least one

pole;
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determining, using said at least one pole coefficient, a pole
representation of the transfer function which filters said input signal using said
at least one pole;

using said respective impulse response, calculating at least one zero
cocfficient which determines at least one zero; and

combining said pole representation of the transfer function with said at
least one zero coefficient to calculate said transfer function of said filter; and

generating a set of filters comprising said calculated filters.

22.  The method according to claim 21 wherein each said filter is an infinite impulse

response filter.

23. The method according to claim 22 wherein said infinite impulse response filter

has a transfer function of the form:

Where dixo di1 dio are zero coefficients which determine the zeros, axo ax1 ax, are

pole coefficients which determine the poles and k is the number of poles.

24.  The method according to claim 23, wherein the pole coefficients are expressed

as

a,,=—2Re(p,) and a,, = | D |2 and the transfer function is written as

Hziz. dia™N_" — - - ——
Heiz. ¢ “— gy -~ 13
ot epkpz Y eprz

25.  The method according to claim 23 or claim 24, comprising determining said

pole representation of the transfer function from:
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26.  The method according to any one of claims 19 to 25, comprising determining

the pole coefficients from the chosen set of frequencies.

27.  The method according to any one of claims 19 to 26, comprising calculating the

zero coefficients using a generalised inverse matrix with the zeros being defined by:

L
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28.  The method according to any one of claims 19 to 27, comprising calculating

zero coefficients for zeros which are not paired with said determined pole coefficients.

29. A method of generating a desired touch sensitivity in a touch sensitive device
comprising a touch-sensitive member and a plurality of transducers mounted to the
member, the method comprising:

generating a set of filters by carrying out the method of any one of claims 21 to
28;

applying the set of filters to an output signal from each transducer to generate
filtered output signals; and

using the filtered output signals to provide the desired touch sensitivity.

30.  The method according to claim 29, wherein:

said determining an impulse response of the filter comprises determining
an impulse response of the filter for each respective transducer to be applied to a signal
output by said transducer, wherein the output signal is generated by vibration of the

member resulting from a physical touch on the member.
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31.  The method according to any one of claims 21 to 30 wherein the impulse

response of each filter is derived from a measured value of vibration of the member.

32. A touch sensitive device comprising
a touch-sensitive member,
a plurality of transducers mounted to the member, and
a processor configured to carry out the method according to any one of claims

21 to 31.

33. A method of generating a set of filters for a touch sensitive device comprising a
touch-sensitive member and a plurality of transducers mounted to the member, the
method comprising:
choosing a set of frequencies for use in the filters;
calculating a set of transfer functions of respective filters for each transducer to
be applied to a signal associated with each transducer;
wherein each filter has a transfer function with at least one pole and at least one
zero and calculating the transfer function of each said filter comprises,
determining at least one pole coefficient which determines said at least
one pole;
determining, using said at least one pole coefficient, a pole
representation of the transfer function which filters said input signal using said
at least one pole;
using an eigenvector method to determine at least one zero coefficient
which determines said at least one zero; and
combining said pole representation of the transfer function with said at
least one zero cocfficient to determine said transfer function for said filter; and

generating a set off filters comprising said calculated filters.

34.  The method according to claim 33 wherein said filter is an infinite impulse

response filter.

35.  The method according to claim 33 or 34, further comprising determining zero

coefficients for zeros which are not paired with said determined pole coefficients.
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36. A method of generating a desired touch sensitivity in a touch sensitive device
comprising a touch-sensitive member and a plurality of transducers mounted to the
member, the method comprising:

generating a set of filters by carrying out the method of any one of claims 33 to
35;

applying the set of filters to an output signal from each transducer to generate
filtered output signals; and

using the filtered output signals to provide the desired touch sensitivity.

37.  The method according to claim 36, wherein:

said calculating a set of transfer functions of respective filters for each
transducer comprises calculating a set of transfer functions of respective filters for each
transducer to be applied to a signal output by each transducer, wherein the output signal

is generated by vibration of the member resulting from a physical touch on the member.

38.  The method of claim 37 wherein the eigenvector method comprises:

defining a first parameter of the desired touch sensitivity;

using an eigenvector method to identify sets of possible filter transfer functions
which satisfy the first parameter;

defining a second parameter of the desired touch sensitivity;

using an eigenvector method to select from the identified sets of possible filter
transfer functions which satisfy the first parameter, sets of possible filter transfer

functions which satisfy the second parameter.

39.  The method of claim 38 wherein the eigenvector method further comprises:
defining at least one further parameter of the desired touch sensitivity; and
using an eigenvector method to select from the previously selected sets of
possible filter transfer functions which satisfy the first parameter and second parameter,
sets of possible filter transfer functions which best satisfy the at least one further

parameter.
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40, The method of claim 38 or claim 39 wherein the selection selects a combination

of possible filter transfer functions.

41, The method of claim 40 wherein the selection selects a linear combination of

possible filter transfer functions.

42. A touch sensitive device comprising
a touch-sensitive member,
a plurality of transducers mounted to the member, and

a processor configured to carry out the method according to any one of claims

33to 41.

43. A computer program comprising program code which, when executed on a
processor of a touch sensitive device, will cause the touch sensitive device to carry out

the method of any one of claims 1 to 19, 21 to 31 or 33 to 41.
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