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FIELD OF THE DISCLOSURE

[0008] The present disclosure relates generally to an improved algorithm

processing techniques in haptic-based systems.

BACKGROUND

[0009] It is known to use a continuous distribution of sound energy, which will be
referred to herein as an “acoustic field”, for a range of applications, including

haptic feedback.

[0010] It is known to control an acoustic field by defining one or more control
points in a space within which the acoustic field may exist. Each control point is
assigned an amplitude value equating to a desired amplitude of the acoustic field
at the control point. Transducers are then controlled to create an acoustic field
exhibiting the desired amplitude at each of the control points. When human skin

interacts with the acoustic field, vibrations of the skin are interpreted by
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mechanoreceptors being excited and sending signals to the brain via the nervous

system.

[0011] When used in mid-air, haptic technology works by focusing sound at an
ultrasonic carrier frequency to a point or points in the space above the transducers.
Then this is modulated by a low frequency wave that generates the haptic

sensation.

[0012] Nonetheless, real-world implementation of haptic feedback systems may
require processing improvements in order to better simulate desired haptic
feedback characteristics in real time. Known systems suffer from limitations, in
that it is difficult to account for many control points at once while achieving fast
update rates for the state of the transducers, acoustic field and therefore control

points. Fast and efficient updates are required for a commercially viable system.

[0013] Accordingly, a system that provides various improved processing

techniques for haptic feedback is desirable.

BRIEF DESCRIPTION OF THE FIGURES

[0014] The accompanying figures, where like reference numerals refer to identical
or functionally similar elements throughout the separate views, together with the
detailed description below, are incorporated in and form part of the specification,
and serve to further illustrate embodiments of concepts that include the claimed

invention, and explain various principles and advantages of those embodiments.

[0015] Figure 1 is a snapshot of a series of devices producing a single carrier
frequency.

[0016] Figure 2 is a snapshot of a series of devices illustrating the disruptive
effect on the focus shown in Figure 1.

[0017] Figure 3 is a snapshot of a series of devices showing the creation of a focal

area where the modulation frequency is focused.

[0018] Figure 4 is a montage of rows of the same shapes produced by taking

slices of a simulation of the acoustic field.
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[0019] Figure 5 shows the amplitude of a star shape used to demonstrate haptic

feedback in an acoustic field.

[0020] Figure 6 shows the phase of a star shape used to demonstrate haptic

feedback in an acoustic field.

[0021] Figure 7 shows the amplitude of the star shape used to demonstrate haptic

feedback in an acoustic field after the disclosed method has been applied.

[0022] Figure 8 shows the phase of the star shape used to demonstrate haptic

feedback in an acoustic field after the disclosed method has been applied.

[0023] Figure 9 is a diagram of the output of a single transducer from the

perspective of a single focus point.

[0024] Figures 10 and 11 show the interpolation for a single transducer between

two states.

[0025] Skilled artisans will appreciate that elements in the figures are illustrated
for simplicity and clarity and have not necessarily been drawn to scale. For
example, the dimensions of some of the elements in the figures may be
exaggerated relative to other elements to help to improve understanding of

embodiments of the present invention.

[0026] The apparatus and method components have been represented where
appropriate by conventional symbols in the drawings, showing only those specific
details that are pertinent to understanding the embodiments of the present
invention so as not to obscure the disclosure with details that will be readily
apparent to those of ordinary skill in the art having the benefit of the description

herein.

DETAILED DESCRIPTION

[0027] 1. Focusing With Multiple Frequencies In A Haptic System

[0028] A simple example with a single focus can be obtained by calculating the
distance from the point where the focus is to be created to each transducer. Then

this distance is divided by the wavelength and the fractional part multiplied by the
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period to find the delay such that all the waves arrive together. For small devices,
the ultrasonic carrier frequency implies a wavelength that is small compared to the
variation in transducer to desired focus point distances. Focusing is thus required
to ensure a strong signal at a point. For small devices, this is not the case for the
wavelength of the modulation frequency. The wavelength of the modulation
frequency is large compared to the variation in transducer to desired focus point

distance, so the modulation frequency can be simply synchronized.

[0029] For some larger form factors, such as, for example, a TV sound bar, this is
not the case. The modulation frequency will fall out of phase in the haptic region,
mixing the acoustic field states and weakening the feedback. The problem can be
solved by applying a multipoint focusing scheme to both the carrier and
modulated wave allows multiple sets of strong feedback points are produced at

large separations at a large distance from the device.

[0030] The first step is to segment the system of focal points in the carrier
frequency into regions, which can fit within the focal areas of the modulation
frequency. These are necessarily in the order of half a wavelength of the
modulation frequency in diameter. Since the aim is to ensure that the modulation
frequency is in-phase in the feedback area, both phase and anti-phase two-sided

modulations must fit inside the modulation frequency focal area.

[0031] Next, the system is applied to produce modulation frequency phase offsets
for all modulation frequency focal areas. It is now possible to solve for the
ultrasonic phase offsets for the multi-point focus system at the carrier frequency
as normal. Because the modulation is in phase, the modulation will behave

normally just as in a smaller array.

[0032] In the accompanying Figures 1-3, simulation snapshots of acoustic fields
have been chosen to comparably evaluate the strength of three focusing
approaches. The small filled black circles along the edge of each figure represent
transducer elements that have been configured to reproduce a control point. The
diameter of the inset circle in each snapshot is the wavelength of the modulation

frequency.
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[0033] Figure 1 illustrates a snapshot of a device producing a single carrier
frequency, focusing to a point (shown in the inset circle). The device has been
configured to produce a focus at the center of the circle using the simple example

above.

[0034] Figure 2 is a snapshot that illustrates the disruptive effect on the focus
(shown in the inset circle) based on Figure 1 when a lower frequency modulation
is applied synchronously to all transducers. This is the usual approach for small
constellations of transducers. In this case however, the modulation frequency
wavelength is similar to or smaller than the difference in line of sight length from
a control point to each emitting device. This results in reduced contrast in the

wave at the focus, revealing a weaker haptic response.

[0035] Figure 3 shows the proposed solution: a snapshot showing the creation of a
focal area (shown in the inset circle) where the modulation frequency is focused.
This is accomplished by applying both the proposed modulation focusing and the
focusing of the carrier frequency to the device in parallel, which restores strength

to the control point at the focus.

[0036] The technique as shown in Figure 3 is not limited to ensuring that the
carrier and modulated frequencies behave correctly. An input audible sound can
be filtered to make it suitable for ultrasonic projection before being split into its
component frequencies such as when a Fourier transform is employed. These
individual frequencies can be focused at a point to generate a non-linear
breakdown causing sound to be generated at the point. If the component
frequencies are shared, they may be generated in different configurations in
different places allowing multiple sounds to be created in different and discrete
positions. As the human ear is not sensitive to phase, the phase solver can be
applied and the relative phase randomized without degradation of the system.
There may be a discrimination condition between frequencies containing phase
information that encodes structure that should not be modified and phase

information that can be modified.
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[0037] II. Amplitude Multiplexing With Dominant Eigenvectors In A Haptic

System
[0038] It is useful to provide a system and method for providing improved haptic

feedback using amplitude multiplexing with a dominant eigenvector.

[0039] A. Optimal single control point solution

[0040] The optimal solution for a single control point can be derived from first
principles by algebraically solving a linear system Ax = b, where Aisthe 1 x n
linear system of wave function superpositions (essentially a row vector). This
system reflects a system with a single control point at the position y. with the
intended behavior of the acoustic field (amplitude and phase) at that point

represented by the complex coefficient Y,:

Y1
[Zl( c) "'Z”( c)] P |= Ye
Yn
[Equation 1]
where Z1 (¥c )...Zn (yc ) are the acoustic field wave functions created by single
frequency sound emissions from emitters 1,...,n and Y1,...,Y, (the vector x) are
the complex activation coefficients that solve the linear system. Y. (the vector b)

is the intended wave function behavior (amplitude and phase) at the control point.

[0041] The minimum norm solution to a linear system, in this case the solution
with the lowest required activation amplitudes, can be found by pre-multiplying
the matrix with the Moore-Penrose pseudoinverse. The complex linear system
Ax = b then has a solution with lowest activation amplitudes given by x =
AH(AA")™1b. The activation coefficient for a given emitter g can then be
written as:

V. = Zq(XC)YC
1 Zl(Xc)Zl(Xc) + ot Zn(Xc)Zn(Xc)

[Equation 2]

where the overline denotes complex conjugation.
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[0042] B. Generic emitter to specific transducer

[0043] Rather than using a separate function for each emitter, if the transducers
are emitting into {ree space a single template wave function can be created to
represent each transducer by using a 4 x 4 matrix transform T into the space of
the template transducer (denoted *). The transducer function for a zero phase

offset and unit amplitude may be written as:
Yq0)= Z.(Tqx)
[Equation 3]

so that changes to the amplitudes and phases of the transducers can be represented

by multiplying this wave function by a complex constant.

[0044] C. Finding localized effects

[0045] A control point has both amplitude and phase. For haptic applications, the
phase is immaterial, and so it can be used to find the best way to create the desired

amplitudes at the control points in space.

[0046] The control point activation Y, is represented as a complex value A e*®¢.
To find the effect that the activation of a control point has on its neighbors, the
amplitude and phase offset must be set to a reference point, such as a unit
amplitude on the real line. As the control point has unit amplitude and zero phase
offset, this control point will be denoted C0O. Defining &(cq=

[W.(xc), .., ¥r(xc)]. the vector of transducer activation coefficients Y for the

control point €0 can be written as:

[Equation 4]
[0047] Given an activation coefficient for a transducer Yq the effect that
activating transducer g with the coefficient calculated from control point C0O has

on another given point y,, may be found as q’q;co (Xo0) = Yg:c0¥q(X0). Using
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this, the total effect that ‘activating’ a control point of amplitude A, has on any

other control point, as the summed effect at the point y, would then be:

. oc—coA '0(0
lPﬂ;co()(o) = =

Ko " Xeo
[Equation 5]

[0048] D. Control point relations matrix

[0049] To create many control points at the same time, it must be considered how
they impact each other and find a solution in which they cause beneficial and not

unwanted, detrimental interference.
[0050] Sets of simple unit amplitude and zero offset activation coefficients for
each of the m control points under consideration were established. They are

written X¢g_, ..., X¢g . The amplitude for the individual control points is defined

) ) 1 1
as A¢,, ..., A¢ . If a vector k is defined as k = | ) ey ], the
m X0, %coq XCom Xcom
control point relations matrix is:
A, e A k(KXo Keo,) o A, km(Xeo,, Xco,)
R = | Ac k(Ko %co,) - A, v A ke (Xeo,, X co,)
A k1 (Xco, Xeo,,) o Ao kr(Keo, Xco,,) o A,
[Equation 6]

[0051] This matrix is a very small square matrix which has m X m entries when
m control points are considered, so the eigensystem evaluation does not involve
many computations. Then the eigensystem Rx = Ax has eigenvectors X.
Eigenvectors of this matrix represent control point activation coefficients that
result in interference such that the set of control points activation coefficients
remain steady and do not effect relative changes in the acoustic field. When the
eigenvalue A is large, this represents a set of points with increased gain, and when

it is small, the strength of these control points is reduced.
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[0052] A simple algorithm for determining eigenvalues is the power iteration,
wherein an arbitrary non-zero sample vector is multiplied and then normalized
iteratively. As there is a primary interest in the eigenvector with the largest

eigenvalue, the most simple iteration available suffices:

— % — i s
X = xbigr xbig - ;I_)IgR Xrandom
[Equation 7]

[0053] Having achieved this x by normalizing and multiplying by the matrix R
many times, each complex number is normalized so that the eigenvector weights
do not affect the control point strength unnecessarily. This generates:

Xr

Jr%

X, =

[Equation 8]

[0054] E. Amplitude multiplexing with the dominant eigenvector

[0055] The activation coefficients for each transducer g can be expressed by

linearly multiplexing in amplitude the control power activation coefficients:

Yq;QC x z ocCOr,q Acrxrkr

r=1

[Equation 9]
[0056] To achieve real transducer activation coefficients, the power levels must
be normalized to those producible by real hardware. This can be achieved by
dividing through by the maximum intensity to produce correctly weighted control
points:

-~ Zr_1°(C0r chrxrkr

Y,
a:0c = maX”Zr 1% Acrkr”

[Equation 10]

[0057] Or, if it is acceptable to accept some error in the relative strengths of

control points the transducer coefficients may be normalized more simply as:
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m e 7
~ Zr:l ocCOr,q Acrxrkr

q;Qc = m
||Zr=1 ocCOr,q Acrkr

[Equation 11]

Using these solutions, the physical transducers can be actuated such that the

desired control points exist in the field at the desired amplitude.

[0058] These solutions for the effect of a single control point on another are
optimal for the situation in which the control point contributions are summed and
normalized. Even though the plain linear combination of control points does not
perform well when the set of control points is large, by solving the eigensystem
and using the combinations of complex coefficients large sets of control points
may generate many hundreds of times faster than before. Further, the
eigensystem solution eliminates the drawbacks to the linear combination that

prevented these solutions being useful previously.
[0059] F. Testing

[0060] To ascertain the differences in speed and effectiveness for complex shapes,

the following provides runtime analysis and simulated acoustic fields.

[0061] The computational speed tests given in Table 1 were produced using a
stress testing application that runs control point solutions for a set of points
randomly generated in a plane above the array.

[0062] The left column of Table 1 shows the number of control points used for the
computational speed tests.

[0063] The center column of Table 1 labeled “new’ shows the number of
milliseconds it took to find a set of complex transducer inputs to generate an
acoustic field containing the given number of control points using the linear
control point amplitude multiplexing with the dominant eigenvector as described
herein. This computation took place using a 2.5 GHz Intel Core i7-4870HQ CPU

in a single-threaded mode.

10
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[0064] The right column of Table 1 labeled “old” shows the number of
milliseconds it took find a set of complex transducer inputs to generate an
acoustic field containing the given number of control points using the older full

linear system with the dominant eigenvector. This computation took place using a

2.5 GHz Intel Core 17-4870HQ CPU using the whole CPU.
[0065] TABLE 1

Control points  INew (ms) |0Old (ms)
1 0.00822 4.30
2 0.0110 6.28
3 0.0136 0.27
4 0.0159 10.9
5 0.0195 12.5
6 0.0226 13.7
7 0.0254 154
3 0.0286 16.2
0 0.0337 17.7
10 0.0372 18.6
11 0.0407 20.1
13 0.0607 22.0
14 0.0536 23.1
16 0.0766 25.9
18 0.0850 28.3
20 0.0886 30.6
22 0.106 33.4
25 0.135 36.8
28 0.146 42.0
32 0.179 47.1
35 0.211 52.4
40 0.263 59.9
45 0.343 70.1
50 0.507 79.6

[0066] Further testing is shown at Figure 4, which is a montage of rows 10, 20,

30, 40, 50, 60, 70 of the same shapes produced by taking slices of a simulation of
the acoustic field. The level of gray corresponds to the amplitude. High points in
amplitude are highlighted in white instead of gray. Column A 80 shows the result

of the linear system solution “old” method that produces accurate shapes.

11
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Column B 90 shows the result of the amplitude multiplexing “old” method
without weighting by the dominant eigenvector. As can be seen, this produces
bad quality results in many cases. Column C 100 shows the result of the
amplitude multiplexing method with weighting by the dominant eigenvector (the

new method disclosed herein).

[0067] G. Resource constrained scenarios

[0068] The algorithm discussed above may be split into three stages. The first
stage (the “single point stage”) computes the optimal unit amplitude and zero
phase offset control points for the given control point locations and stores the
appropriate optimal transducer activation vectors for each single point. The
second stage (the “eigensystem stage™) uses dot products to generate the
eigensystem matrix and multiplies it with an arbitrary non-zero vector until an
approximation to the eigenvector is obtained. The third stage (the “combination
stage”) sums up the dominant eigenvector weighted contributions from each of
the single points into the final transducer activation coefficient vector needed to

create the desired acoustic field with the physical transducers.

[0069] The computational operations required must be understood before the
algorithm can be moved to low cost devices. The first stage requires many square
root, sine and cosine evaluations to build a model of the acoustic waves emitted
from the transducers. The second stage requires many matrix multiplications, but
also many small but resource-costly vector normalizations. The third stage also

requires normalization.

[0070] Transducer inputs calculated in the first stage can be precomputed in some
instances to remove the computational cost of building the acoustic model for
each control point. Particular combinations of control points can be precomputed
so that their dominant eigenvectors are already available to the later combination
stage. Either precomputation or caching can be done at determined or designed
“hotspots.” This can be achieved for pair or groups, depending on the design of
the interactions involved. When the final contributions of the transducers inputs

are cached, they can be made close enough together that an interpolation in the

12
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space of transducer activation coefficients can be perceived as a spatial linear

motion of the control points from one precomputed setting to another.

[0071] III. Reducing Requirements For Machines Solving For Control Points In

Haptic Svystems

[0072] In order to create a commercially viable system, the methods for
calculating the transducer output to produce many control points must be
streamlined so that they may be implementable on smaller microcontrollers and
are able achieve a more responsive update rate to enhance interactivity and the

user experience.

[0073] A. Merged Eigensystem Calculation

[0074] It is known that an eigensystem that encodes the influence of control
points on each other can be used to determine control point phase configurations
that reinforce each other, relatively boosting their output and increasing the

efficiency of the transducer array.

[0075] It has been previously shown that this eigensystem can be described by

the matrix:
R
Acl ACrkT( OCCOr'OCCOI) Acmkm( OCCOm'OCCOI)
= Aclkl(OCCOI'OCCOr) ACr Acmkm( OCCOm.oCCOr)
A k1 (Xco, %co,,) - A K (Xgo,"Xco,,) - Ac,

[Equation 12]

where X¢q, ..., X¢g,, are zero offset activation coefficients, A, , ..., A, are

amplitudes for the individual control points and a vector k is shorthand for

1 1

Xcoq'%coq T X0 ' X0y '
[0076] The linear system algorithm can be used as a subsequent calculation step

as a method to solve a system of linear equations that describe the vector of

transducer activation coefficients of least norm (lowest power requirements) that

13
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produce a set of control points with a given amplitude and phase offset. This

phase offset may have been previously computed by the eigensystem.

[0077] A known method of achieving this linear system solution is via a Cholesky
decomposition of a matrix. But to transform the matrix into the appropriate form
for a Cholesky decomposition, it must be multiplied by its conjugate transpose to

put it into a positive semi-definite form prior to taking the decomposition.

[0078] For the matrix of individual transducer output samples to calculate the

final transducer activation coefficients, the result of taking it to this form can be

described by:
«601:«601 °<col:°<cor occol-occom
C = «COT:«601 OCCOT:OCCOT occor-occom )
Xco,, " Xco, - %co,, Kco, - Xco,, Kco,,

[Equation 13]
[0079] It can be recognized that the previous eigensystem matrix R can be easily
derived from this matrix C by post-multiplying by a diagonal matrix with trace
[A¢, K1,y A, Km]. Since this is a small matrix compared to the length of the
zero offset activation coefficients vectors X¢g_, ..., X¢g, , cOmputing this only
once results in a large speed improvement to the linear system based technique
that once again makes it competitive with amplitude multiplexing for systems in

which the matrix C is small.

[0080] B. Computation sharing for reduced bandwidth and latency.

[0081] In the known amplitude multiplexing technique, the final step is to
reconstitute the eigenvector length outputs into transducer activation coefficients
by multiplying each coefficient by the optimal solution, which is a reweighting of
the conjugated evaluation of the wave function representing the output of all
individual transducers at that point in space. By considering the least norm
solution of the transducer activation coefficients via the Cholesky decomposition,

all possible optimal solutions lie within a readily predictable and linear m-

14
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dimensional space. Further, this shows a method to use this fact to broadcast low
bandwidth and thus low latency solutions to a set of devices that control known
transducer constellations. As direct information regarding the transducer
constellations does not need to be transmitted, this can result in multiple orders of
magnitude increase in available bandwidth. In this way, large sets of synchronized
devices are created that do not need to communicate but can co-operate to
produce an acoustic field that can update at high frequency. If the update rate
frequency is greater than an audible frequency, this presents an alternative
mechanism to producing reduced audible output, which is desirable in a

commercial system.

[0082] This can be achieved because the production of the focal points is by
virtue of being soluble by a linear system linearly related to the output of the
transducer elements. This means that the sinusoidal transducer input signal
approach to making an array exhibit reduced noise can also be implemented by
creating sinusoid-modulated control points and updating them at a rate faster than
twice the frequency. This method has the advantage that multiple frequencies can
be used together but has the drawback that it requires a much faster solving speed,
tighter timing requirements and more available bandwidth than the other

approach. This technique makes this approach viable on embedded systems.

[0083] The linear system solution of minimum norm is a method to obtain the
lowest power transducer activation coefficient vector that reproduces a set of
control points within the acoustic field. Using the least norm Cholesky
decomposition method, to solve a linear system Ax = b, the substitution

Az = x is applied to produce the equation AA¥z = b which is amenable to
solution. This new solution vector z is a complex vector in an m-dimensional
space is far smaller, and yet fully describes the solution. It is known that the
rows of the matrix A" correspond to transducer activation vectors proportional
to the optimal single control point solutions and so the output from the
eigensystem and amplitude multiplexing technique can be also interpreted as a

vector belonging to this vector space. The result vector from any solution

15
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system can also be projected into this smaller vector space and benefit from

this solution.

[0084] This smaller vector is more suitable for transmission across a bandwidth-
constrained link. On the far end of the link, a further less-flexible pipeline can
decompress this reduced vector into the relevant portion of the x solution,

then convert and output it to the transducer elements.

[0085] This can be achieved by, for example, transmitting the co-ordinates of
the control point in order to recreate on the inflexible part of the pipeline the
appropriate block of the matrix A”. This could then imply a transmission of a
3D co-ordinate followed by a real and imaginary component for the
corresponding element of the solution vector z. From this, the block of the
matrix A" could be reconstructed and the complex activation coefficient for

each transducer computed and output.

[0086] C. Reduced dimensionality of transducer vectors.

[0087] As described in the previous sections the number of transducers and
thus the length of the zero offset activation coefficients vectors

Ko, s Ko, €an be large. Both the eigensystem and the semi-positive definite
C matrix described above are the result of vastly reducing the number of

dimensions from the transducer count to m.

[0088] As the Cholesky decomposition takes the equation Ax = b and produces a
solution z where AA"z = b, followed by a reconstruction of the x vector as

x = A"z due to the dimensionality, the first step to compute z can be constructed
assuming a decimated or simplified transducer set. The two steps would then be
(AN (ANPz = b followed by x = A¥ z using the full A matrix. This simplified A’
can, for example, contain information about every second transducer or can be

computed to model transducers grouped together and actuated as a single unit.

[0089] Thus, the number of transducers can be lowered in order to provide a
speed up in exchange for some small degradation in performance. The full count

of transducers can be calculated and added back in later in the solution

16
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procedure, after the coefficient data has been moved onto the parallel disparate

processing on the less flexible pipeline closer to the transducer output.

[0090] IV. Modulated Pattern Focusing And Grouped Transducers In Haptic

Systems

[0091] The optimal conditions for producing an acoustic field of a single
frequency may be realized by assigning activation coefficients to represent the
initial state of each transducer. As the field is monochromatic, these complex-
valued activation coefficients uniquely define the acoustic field of the carrier
frequency for “all time”. However, in order to create haptic feedback, the field
must be modulated with a signal of a potentially lower frequency. For example, an
acoustic field of 40 kHz may be modulated with a 200 Hz frequency in order to
achieve a 200 Hz vibrotactile effect. This complicates the model, as the
assumptions that the patterns of transducer activations will hold for “all time” is
violated. The result is that when the path length between each transducer and a
given control point sufficiently differs, the waves will not coincide correctly at the
control point; they will instead reach the control point at different times and not
interfere as intended. This is not a serious problem when the change in path length
is small or the modulation wave is of very low frequency. But this results in
spatial-temporal aliasing that will reduce the power and definition of the control

points as they are felt haptically.

[0092] It is known that to remedy this, a second focusing solution can be used to
create a double focusing of both the carrier and the modulated wave. However,
there is no simple way to apply the second focusing to the field that does not
cause discontinuities in the form of audible clicks and pops. This also does not
easily extend to the situation in which the modulated wave has no discernable

frequency.

[0093] The second focusing ‘activation coefficient’ for the modulation frequency
can be used to compute an offset in time from the resulting complex value. This
offset can be smoothly interpolated for each transducer, resulting in an output that

can take advantage of the second focusing and be free from audible artefacts.

17
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[0094] Due to relatively low frequency nature of the modulated content, using
groupings of transducers that have small differences in path length can lead to a
useful trade-off, reducing both the computation and implementation complexity of
the second focusing. If these transducers are mounted on separate devices that
share a common base clock for producing the carrier frequency, a pattern clock
for outputting the modulation wave can be produced. The time offset that is
computed for each group can be added as a smooth warping function to the

pattern clock for each grouping.

[0095] Since there are per-control point position data in the device on a per-
pattern basis as has been previously disclosed (the “reduced representation”), this
position information can be used to compute simple time of flight to each
individual control point in real time. The result is that the interpolation nodes of
the transducer activation patterns implied by each reduced control point
representation are flexibly rescheduled in time slots on the device in order to
arrive at the control points at the right time. This rescheduling can be achieved

either per transducer or per grouping.

[0096] Each control point then has the capacity to float backwards and forward
along the time line to find the position that is most suitable. Therefore, patterns
that contain many control points can become split in time as different control
points in the same pattern are emitted at slightly different times. The control
points are then combined again in this new arrangement, resulting in sets of
carrier frequency transducer activation coefficients that differ from those
originally solved for. Counter-intuitively, this better preserves the “all time”
assumption required by the solution for the initial transducer activation
coefficients as the effects of the time coordinate for spatially localized groupings
of control points has been removed. It is known that presenting spatially localized
control point groupings is beneficial in that it generates a solution which provides
more self-reinforcing gain than groupings that are spread out, so the validity of the
control point compatibility calculations is both more important and better

preserved in this case.
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[0097] An important consequence of this approach is that it is then possible to
employ any modulating envelope and have smooth second focusing. A pure
frequency is no longer required. This may be used to create more defined
parametric audio with multiple spatial targets, as well as provide clearer and more

textured haptic cues with less distortion.

[0098] V. Pre-Processing Of Fourier Domain Solutions In Haptic Systems

[0099] As an alternative to defining one or more control points in space, a shape
defined in a 2-dimensional (2D) slice may instead be constructed in the acoustic
field. This is accomplished by treating the transducer array as a holographic plate.
The standard model of a holographic plate may be made to behave as an
equivalent to an infinite plane of infinitesimally sized transducers. There is then a
known simple solution for any given 2D complex pressure distribution that lies in
a plane parallel to the plate. Building such a shape defined by complex pressure
values, and convolving it with the inverted transducer diffraction integral at the
given plane distance achieves this. This solution can be obtained efficiently with a
2D fast Fourier transform (FFT). Finally, using the complex-valued solution for
the infinite plane, the closest real transducers in each case can be activated with a
similar complex coefficient that strives to produce the same result. In this way, a
physical set of transducers can then be controlled to create an acoustic field

exhibiting the shape at the given distance.

[00100] One large drawback of this approach is that producing a shape instead of
a set of points produces weak output and requires an infinite array. Being able to
modify this technique to produce stronger output and use more realistic
constraints allows this approach to bring acoustic activation of whole shapes

closer to commercial viability.

[00101] A. Control regions relations matrix

[00102] Prior to generating shapes using the Fourier method, a given shape nay be
divided into regions. The optimal method to create “regions” of feedback is to

determine when activated mutually enhance adjacent regions simultaneously can
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be pursued. To do so, it is imperative to consider how each region impacts the
others and find a solution where they cause beneficial—and not unwanted—

detrimental interference.

[00103] Similar to the control points, there are sets of simple-unit amplitude and
zero-offset activation coefficients for each of the m control regions under
consideration. An important difference between these activation coefficients and
those involved in a discrete transducer model is that the transducers are now

infinitesimal, and so the dot product sum becomes an integral.

[00104] Complex valued pressure within each region can be pre-defined to within
an arbitrary reference to remove it from consideration in the solution. While there
are many possible choices for this pre-definition of regions, it may be defined as
real-valued or constant phase in order to function most effectively (although it
may not and instead exhibit local phase variations). This pre-definition may
involve defining each region as tessellating shapes, pixels, blobs, interpolation

kernels or more complex shapes.

[00105] Having defined these regions (similar to control points), sets of simple
unit amplitude and zero offset activation coefficients are established for each of
the m control regions under consideration. To find the simple unit amplitude and
zero offset activation coefficients, the next step is to solve the Fourier 2D plane
shape problem for each of the m control regions. This yields a 2D function
describing the holographic plate (an infinite plane of infinitesimal transducers),
which in turn describes the similarities between the effects of activating each
control region. The goal is then to find a configuration such that each region
mutually reinforces those nearby. These “transducer activation coefficients” for

each region with unit coefficient are now written as complex-valued functions:
%co, (6 ¥), ) Xeo,, (X,Y)
[Equation 14]
[00106] The amplitude for the individual control regions are:

Agyoer A

» A,
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[Equation 15]

[00107] If vector £ is defined as:

1 1

T T ———— v TFR TR ——
Il Joo Xcos ) oo, Ceyydy dx” " [1 0 [T oo (%.9) Koy, @¥) dy dx

k=]

1.

[Equation 16]

[00108] then, in a similar manner as the control point relations matrix, the control

regions relations matrix may be written as:

Ac, o Ac Ky F(Xco,, %Xco,) - Ac, kmF(Xco,,, Xco,)
R =|Ac k1F(Xco,, Xco,) - A, o Ac, kmF(Xco,,, Xco,)
Ac k1F(xXco,, %co,,) - A krF(Xco,, Xco,,) - A,

[Equation 17]

+00 00 ——————
where F((xcop, (xcoq) = f_oo f_oo occop (x; }7) 'ocCOq (x) Y) dy dx.

[00109] It may be necessary to approximate some of these integrals, by for
example restricting their domain. These integrals may also be performed in the
space of a real transducer grid, effectively reducing the definition of R to the usual
eigensystem. This R then becomes the eigensystem for determining the optimal
coefficients to pre-multiply each region with before attempting a Fourier solution
of the full shape. This matrix is a square matrix having m x m entries when m
control regions are considered, so the computational time of the eigensystem
evaluation depends on how many regions have been defined. Eigenvectors of this
matrix then represent control region activation coefficients that result in
interference such that the point amplitudes within each control region remains
steady and does not create relative changes in the acoustic field. When the
eigenvalue 4 is large this represents a set of coefficients that promote increased
gain. This is especially important when control regions are used with the Fourier

solution technique.

[00110] B. Results
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[00111] To evaluate this technique, a large star shape with each region occupying
a pixel square was constructed by creating a bitmapped black and white image
and converting white pixels into unit amplitude and phase regions. This star
assumes the transducers are arranged in an infinite plane and are infinitesimal in

size.

[00112] The amplitude of the star is shown in Figure 5. The phase of the star is
shown in Figure 6. The known 2D FFT method has been used to produce this

output with no preprocessing.

[00113] Next, taking into account the effects of focusing to one region has on
focusing to another, the next step is to search the space using the eigensystem for
a region arrangement for a more realistic candidate for reproduction in the
acoustic field. After several iterations of the eigensystem and by virtue of being
informed with the local effects of each regional solution, the 2D FFT solution
looks quite different. The amplitude of the star using this solution is shown in

Figure 7. The phase of the star is shown in Figure 8.

[00114] While the star has lost definition at the edges, this solution takes into
account the way adjacent regions affect each other. This solution will exhibit
much higher fidelity when applied to a real transducer system than the constant
phase solution or a solution that has not been chosen in this way. This is because
the structure of the transducer array and the interactions between the acoustic
fields produced by each individual transducer as well as the effect adjacent

regions have on each other have all been accounted for in the matrix formulation.

[00115] VI. Dynamic Solution Space Sampling

[00116] In an acoustic field, one or more control points can be defined. These
control points can be amplitude-modulated with a signal and as a result produce
vibrotactile feedback in mid-air. An alternative method to produce feedback is to
create control points that are not modulated in amplitude and instead move them
around spatially to create spatio-temporal modulation that can be felt. In either

event, the acoustic field changes in space and time must be smooth in order to
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prevent audible noise. Since this constrains the behavior of valid states of the
system, high-resource direct calculation techniques can be replaced by
perturbations from the previous state to drive down the resources need for
calculations. This is especially important in embedded systems, where computer

pI‘OCGSSil’lg resources arc a scarce resource.

[00117] A. Control point paths as perturbed solutions

[00118] Creating a point and moving it without modulating in amplitude may
haptically actuate a path in the air. If moving this point is to be made quiet, the
point has to change the acoustic field by a small delta each time. The implication
is that to do so, the point must make small enough distance increments when it
moves in order to make the apparent motion smooth. This means that the phase
and amplitude from any one transducer must also approximate a smooth curve,

which implies a number of possibilities regarding perturbative techniques.

[00119] B. Perturbed distance, amplitude and sampling calculations

[00120] When calculating the simple time-of-flight from a transducer midpoint at
p. to a focus point at y, at sample time ¢, the distance must be calculated if the
phase and amplitude will not be determined via look up table. Defining the vector
between these asA; = p — x.. there are two quantities to determine to obtain the
phase and angle-dependent amplitude. The phase can be determined as a multiple
of \/A; - A, which contains a square root. Square roots are difficult to calculate
in embedded hardware, as there is no direct approach for evaluation. As an
alternative to using a more direct approach to obtain the solution such as
polynomial evaluation, a Newton-Raphson or other iterative approach can be used

instead. However, due to the perturbative nature of the solution, the result of the
previous calculation \/A;_s - A;_g, can be used to seed the next square root

approximation. Assuming that the movement is continuous in time, the quantity

\/ A A — \/ A,_s - A,_s will be small enough for it to converge quickly,
needing only a small fraction of the iterations required by an unseeded

calculation. This saves compute time, enabling the decompression of the reduced
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representation states to proceed much more quickly than before. Equivalently,
similar methods can be used to avoid other instances of resource-consuming
operations. Other such calculations can similarly benefit so long as these

quantities are connected to the continuity of the phase space. This allows

. . . . 1 .
evaluations such as required to determine amplitude or — required to

t'B¢ St
describe sampling delta to be refined using other less resource-intensive
arithmetic operations. In many of these cases, the full iterative procedure would
have previously been uneconomical, involving more computing power than

simply committing to the expensive but supported operation.

[00121] C. Dynamic Sampling,

[00122] Figure 9 shows a diagram of the output of a single transducer (shown as a
large dot on the bottom of the figure) from the perspective of a single focus point.
Moving a focus point a fraction of a wavelength in any direction will only
produce a known upper bound on distance change. This also implies a upper

bound on phase change required to focus to the point.

[00123] Focus points which are moved in the air modify the activation
coefficients at the transducers. If the focus point is moved away or towards the
transducer by half a wavelength, roughly speaking = is added to or subtracted
from the phase exhibited by that transducer. If the focus point stays at a constant
distance or is moving parallel to the acoustic wave front, then that phase will
barely change upon movement. When interpolating between known points in the
solution space in the complex plane representing two stages in the temporal
evolution of a focus point a small distance spatially apart (say ¢ and 7+0), a worst-
case focusing error can be estimated that reveals how far the interpolation is from
the linear travel of the focus point. This error decreases quickly as the distance
between the adjacent focal point snapshots shrinks to less than half a wavelength.
Taking this further, if reduced representation samples of the solution space to the
device are sent, an acoustic field CFL-like stability condition may be defined

based on increments of the spatial distance a focus point has travelled and not on
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temporal behavior. (In mathematics, the Courant—Friedrichs—Lewy (CFL)
condition is a necessary condition for convergence while solving certain partial
differential equations (usually hyperbolic partial different equations) numerically

by the method of finite differences.)

[00124] The CFL-condition essentially describes how fast the system can be
moved: a hyperbolic PDE system cannot be moved in a single step faster than a
speed defined by the grid spacing or the errors can propagate and become
potentially infinite. Thus, if a control point is moving along a path, an error-bound
condition that is similar to the CFL condition may be calculated representing the
maximum distance (typically this will be less than a wavelength) that can be
moved in a single step while keeping the worst-case error below a threshold. It is
then possible to compute (any or all of) the solver results (z vector)/eigensystem
result/transducer activations (x vector) for the control points at these step points
along the trajectory and interpolate between the results for each step to get the
control points at any points in between, safe in the knowledge from the outset that
worst case error bound is known for any of the transducer coefficients that are

produced at the end of the process.

[00125] Then, using the condition that states sent to the device must be focusing
to points that are not more than a certain distance apart, it is ensured that the
requirements for the perturbed solutions of the distance and other arithmetic
quantities are met while reducing the necessity to sample the solution space
periodically in time.

[00126] D. Polynomial Sampling,

[00127] Figures 10 and 11 show the interpolation for a single transducer (shown
as a large dot on the bottom of each figure) between two states, where the dashed
line is the linear interpolation in distance. The acoustic field lines from each
transducer affect the dashed line. Curvature changes between transducers for the
dashed line causes defocusing in intermediate interpolated states. Using a high
order polynomial can make the state follow the solid line, which preserves the

focusing effect.
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[00128] This approach can be taken still further. The limiting part of the
previously described stability condition is that the state interpolation is conducted
in the complex space. If this were to be relocated to a distance/amplitude space,
while less accessible due to space conversions, the amount of defocusing would
be reduced. However, relocating to a distance/amplitude space can be further
augmented by creating higher order polynomial curves that described the change
of the amplitude and distance of the transducer as the focus point moves through
the field on some linear or polynomial trajectory. As the distance value is readily
translated into a phase, creating linear or polynomial segments between the states
in reduced representation becomes possible with very little defocusing along the
path. This in turn enables further reductions in the device state update rate
required to describe complex shapes. This can be achieved by, for instance,
calculating gradients or performing a series expansion that converges on the
correct path in the limit. It may also be helpful to use a weighted blending of two
functions, one that represents the starting point exactly and approximates the
interval and one that represents the end point exactly and approximates the
interval. In this way, a function that gives a good approximation for the central

interval may be created while still being exact on the beginning and ending points.
[00129] VII. Conclusion

[00130] The various features of the foregoing embodiments may be selected and

combined to produce numerous variations of improved haptic systems.

[00131] In the foregoing specification, specific embodiments have been
described. However, one of ordinary skill in the art appreciates that various
modifications and changes can be made without departing from the scope of the
invention as set forth in the claims below. Accordingly, the specification and
figures are to be regarded in an illustrative rather than a restrictive sense, and all
such modifications are intended to be included within the scope of present

teachings.

[00132] The benefits, advantages, solutions to problems, and any element(s) that

may cause any benefit, advantage, or solution to occur or become more
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pronounced are not to be construed as a critical, required, or essential features or
elements of any or all the claims. The invention is defined solely by the appended
claims including any amendments made during the pendency of this application

and all equivalents of those claims as issued.

[00133] Moreover in this document, relational terms such as first and second, top
and bottom, and the like may be used solely to distinguish one entity or action
from another entity or action without necessarily requiring or implying any actual

such relationship or order between such entities or actions. The terms

EEINT3 9 el EEINNT3

comprising,” “has”, “having,” “includes”, “including,

EEINT3

“comprises, contains”,
“containing” or any other variation thereof, are intended to cover a non-exclusive
inclusion, such that a process, method, article, or apparatus that comprises, has,
includes, contains a list of elements does not include only those elements but may
include other elements not expressly listed or inherent to such process, method,
article, or apparatus. An element proceeded by “comprises ...a”, “has ...a”,
“includes ...a”, “contains ...a” does not, without more constraints, preclude the
existence of additional identical elements in the process, method, article, or
apparatus that comprises, has, includes, contains the element. The terms “a” and
“an” are defined as one or more unless explicitly stated otherwise herein. The
terms “substantially”, “essentially”, “approximately”, “about” or any other
version thereof, are defined as being close to as understood by one of ordinary
skill in the art. The term “coupled” as used herein is defined as connected,
although not necessarily directly and not necessarily mechanically. A device or
structure that is “configured” in a certain way is configured in at least that way,

but may also be configured in ways that are not listed.

[00134] The Abstract of the Disclosure is provided to allow the reader to quickly
ascertain the nature of the technical disclosure. It is submitted with the
understanding that it will not be used to interpret or limit the scope or meaning of
the claims. In addition, in the foregoing Detailed Description, it can be seen that
various features are grouped together in various embodiments for the purpose of

streamlining the disclosure. This method of disclosure is not to be interpreted as
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reflecting an intention that the claimed embodiments require more features than
are expressly recited in each claim. Rather, as the following claims reflect,
inventive subject matter lies in less than all features of a single disclosed
embodiment. Thus the following claims are hereby incorporated into the Detailed
Description, with each claim standing on its own as a separately claimed subject

matter.
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CLAIMS

We claim:
1. A method comprising:
)} a mid-air haptic feedback system producing an acoustic field from a

transducer array having known relative positions and orientations;

i) the mid-air haptic feedback system defining a plurality of control points
wherein each of the plurality of control points has a known spatial relationship relative
to the transducer array and has a control point activation coefficient;

iii) the mid-air haptic feedback system calculating a complex wave field
sample matrix at a plurality of control point positions of a first index;

iv) the mid-air haptic feedback system actuating at control point positions
of a second index preset amplitude and zero phase offset control points;

V) the mid-air haptic feedback system calculating an eigenvector based on
the complex wave field sample matrix; and

Vi) the mid-air haptic feedback system adjusting the eigenvector to

represent a plurality of control point activation coefficients.

2. The method as in claim 1, wherein the elements of the complex wave field
sample matrix are calculated by the mid-air haptic feedback system through scaled

products of stored optimal transducer activation vectors.

3. The method as in claim 1, wherein the eigenvector is weighted by the mid-air
haptic feedback system to substantially reproduce the amplitude of each of the plurality

of control points.

4. The method as in claim 3, wherein adjusting the eigenvector to represent a
plurality of control point activation coefficients comprises the mid-air haptic feedback
system using a power iteration where an arbitrary non-zero sample vector is multiplied

and then normalized iteratively.
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5. The method as in claim 3, wherein adjusting the eigenvector to represent a
plurality of control point activation coefficients by the mid-air haptic feedback system

is based on the power levels producible by the transducer array.

6. The method as in claim 3, wherein the eigenvector associated with the plurality
of control points is calculated by the mid-air haptic feedback system prior to producing
an acoustic field from a transducer array having known relative positions and

orientations.

7. The method as in claim 1, wherein calculating an eigenvector by the mid-air
haptic feedback system based on the complex wave field sample matrix uses a Cholesky
decomposition.

8. The method as in claim 7, wherein the transducer array comprises a plurality of
transducers and wherein the step of calculating an amplitude for each of the plurality of
control points is made by the mid-air haptic feedback system with fewer than all of the

plurality of transducers.

9. A method comprising:

) a mid-air haptic feedback system producing an acoustic field from a
transducer array having a plurality of transducers, wherein each of the plurality of
transducers has known relative positions and orientations and wherein the acoustic field
contains a carrier wave and a modulated signal;

i) wherein each of the plurality of transducers is assigned an activation
coefficient by the mid-air haptic feedback system in the complex space to define the
frequency of the carrier wave;

iii)  defining a plurality of control points by the mid-air haptic feedback
system wherein each of the plurality of control points has a known spatial relationship
relative to the transducer array; and

iv) focusing the carrier wave and the modulated signal at the plurality of
control points by the mid-air haptic feedback system by smooth interpolation of the
activation coefficient assigned to each of the plurality of transducers.
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10.  The method as in claim 9, wherein the focusing the carrier wave and each
frequency of the modulated signal by the mid-air haptic feedback system results in a

region of the haptic field with less audible noise than a preset threshold.

11.  The method as in claim 9 wherein the focusing the carrier wave and each
frequency of the modulated signal by the mid-air haptic feedback system results in a

region containing haptic feedback greater than a preset threshold.

12.  The method as in claim 9, further comprising a base clock for outputting the
carrier wave and a pattern clock for outputting the modulated signal and wherein the
focusing the carrier wave and the modulated signal by the mid-air haptic feedback
system occurs by adjusting the pattern clock with respect to the base clock.

13.  The method as in claim 9 further comprising a preprocessing step to produce an
eigenvector solution for the complex pressure value for each region by the mid-air
haptic feedback system given an arbitrary transducer array having discrete transducer

elements.
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