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(57) Abstract: A first array of M speaker elements is disposed in a cylindri-
cal configuration about an axis and configured to play back audio at a first
range of frequencies. A second array of N speaker elements is disposed in
a cylindrical configuration about the axis and configured to play back au-
dio at a second range of frequencies. A digital signal processor generates a
first plurality of output channels from an input channel for the first range
of frequencies, apply the first plurality of output channels to the first array
of speaker elements using a first rotation matrix to generate a first beam of
audio content at a target angle about the axis, generate a second plurality
of output channels from the input channel for the second range of frequen-
cies, and apply the second plurality of output channels to the second array of
speaker elements using a second rotation matrix to generate a second beam
of audio content at the target angle.
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VARIABLE ACOUSTICS LOUDSPEAKER

TECHNICAL FIELD

[0001] The contemplated embodiments relate generally to digital signal processing and, more
specifically, to a variable acoustics loudspeaker, including all aspects of the systems, hardware,
software, and algorithms relevant to implementing all functions and operations associated with such

techniques.

BACKGROUND

[0002] Conventional loudspeakers that employ single drivers per frequency band (typically
two-way, up to five-way) exhibit a directivity pattern, which varies with driver sizes, loudspeaker
enclosure depth, baffle width and shape, and crossover filter design. The directivity pattern is, in
general, strongly frequency-dependent and difficult to control. In particular, vertical lobing may occur
because drivers are non-coincident with respect to the radiated wavelength, and directivity widens
considerably towards mid- and low frequencies, thus emitting sound energy into all room directions,
rather than to the listener, as intended. Normally, acoustic treatment is necessary to dampen unwanted

reflections and to assure precise stereo imaging.

SUMMARY

[0003] In one or more illustrative embodiments, a first array of speaker elements is disposed
in a cylindrical configuration about an axis and configured to play back audio at a first range of
frequencies. A second array of speaker elements is disposed in a cylindrical configuration about the
axis and configured to play back audio at a second range of frequencies. A digital signal processor is
programmed to generate a first plurality of output channels from an input channel for the first range
of frequencies, apply the first plurality of output channels to the first array of speaker elements using
a first rotation matrix to generate a first beam of audio content at a target angle about the axis, generate

a second plurality of output channels from the input channel for the second range of frequencies, and
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apply the second plurality of output channels to the second array of speaker elements using a second

rotation matrix to generate a second beam of audio content at the target angle about the axis.

[0004] In one or more illustrative embodiments, a first plurality of output channels are
generated from an input channel for a first range of frequencies. The first plurality of output channels
are applied, to a first array of M speaker elements disposed in a cylindrical configuration about an axis
and handling a first range of frequencies, using a first rotation matrix to generate a first beam of audio
content at a target angle about the axis. A second plurality of output channels are generated from the
input channel for the second range of frequencies. The second plurality of output channels are applied,
to a second array of N speaker elements disposed in a cylindrical configuration about the axis and
handling a second range of frequencies, using a second rotation matrix to generate a second beam of

audio content at the target angle about the axis.

BRIEF DESCRIPTION OF THE DRAWINGS

[0005] So that the manner in which the recited features of the one or more embodiments set
forth above can be understood in detail, a more particular description of the one or more embodiments,
briefly summarized above, may be had by reference to certain specific embodiments, some of which
are illustrated in the appended drawings. It is to be noted, however, that the appended drawings
illustrate only typical embodiments and are, therefore, not to be considered limiting of its scope in any

manner, for the scope of the various embodiments subsumes other embodiments as well.

[0006] FIG. 1 illustrates example variable acoustics loudspeakers;

[0007] FIG. 2 illustrates example transducer layouts for example variable acoustics
loudspeakers;

[0008] FIG. 3 illustrates a system block diagram for an example variable acoustics
loudspeaker;

[0009] FIG. 3B illustrates an example of four finite input response filters to be used for high-

frequency beamforming;
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[0010] FIG. 3C illustrates an example routing of outputs of the four high-frequency filters to

twelve tweeter channels;
[0011] FIG. 3D illustrates an example redirection of the beam to a target angle;

[0012] FIG. 3E illustrates an example of five finite input response filters to be used for mid-

frequency beamforming;

[0013] FIG. 3F illustrates an example routing of outputs of the five mid-frequency filters to

eight midrange channels;

[0014] FIG. 3G illustrates signal flow of low-frequency beamforming filters;

[0015] FIG. 3H illustrates an example tweeter rotation matrix for an angle of 0°;

[0016] FIG. 31 illustrates an example tweeter rotation matrix for an angle of 90°;

[0017] FIG. 3] illustrates an example tweeter rotation matrix for an angle between 90° and
120°:

[0018] FIG 4 illustrates an example vertical crossover filter and passive tweeter filter for an

example variable acoustics loudspeaker;

[0019] FIG. 5 illustrates an example of crossover frequency responses for an example variable

acoustics loudspeaker;

[0020] FIG. 6 illustrates example vertical responses for example variable acoustics

loudspeakers having one or two tweeter rows;

[0021] FIG. 7 illustrates an example cardioid woofer functional block diagram for an example

variable acoustics loudspeaker;

[0022] FIG. 8 illustrates an example of phase differences between two beamforming filters for

an example variable acoustics loudspeaker;
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[0023] FIG. 9 illustrates example filter magnitude functions and resulting acoustic responses

for the cardioid woofer section of an example variable acoustics loudspeaker;

[0024] FIG. 10 illustrates example computed polar responses of a cylindrical enclosure of an

example variable acoustics loudspeaker;

[0025] FIG. 11 illustrates example prescribed spatial filters for 60° and 120° coverage for an

example variable acoustics loudspeaker;

[0026] FIG. 12 illustrates example prescribed spatial filters for 180° and 240° coverage for an

example variable acoustics loudspeaker;

[0027] FIG. 13 illustrates example measured midrange frequency responses under various

horizontal angles, both raw and smoothed,;

[0028] FIG. 14 illustrates an example comparison of modeled and measured midrange

frequency responses for an example variable acoustics loudspeaker;

[0029] FIG. 15 illustrates an example midrange driver layout with filters BO-B3 for an example

variable acoustics loudspeaker;

[0030] FIG. 16 illustrates example 180° coverage midrange filter frequency responses as well

as resulting horizontal off-axis acoustic responses for an example variable acoustics loudspeaker;

[0031] FIG. 17 illustrates example phase responses of normalized beamforming filters for

midrange 180° beaming for an example variable acoustics loudspeaker;

[0032] FIG. 18 illustrates example 60° coverage midrange filter frequency responses as well

as resulting horizontal off-axis acoustic responses for an example variable acoustics loudspeaker;

[0033] FIG. 19 illustrates example phase responses of normalized beamforming filters for

midrange 60° beaming for an example variable acoustics loudspeaker;

[0034] FIG. 20 illustrates an example tweeter driver layout with filters BO-B6 for an example

variable acoustics loudspeaker;
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[0035] FIG. 21 illustrates example 180° coverage tweeter frequency responses as well as

resulting horizontal off-axis acoustic responses for an example variable acoustics loudspeaker;

[0036] FIG. 22 illustrates example phase responses of normalized beamforming filters for

tweeter 180° beaming for an example variable acoustics loudspeaker

[0037] FIG. 23 illustrates example 60° coverage tweeter filter frequency responses as well as

resulting horizontal off-axis acoustic responses for an example variable acoustics loudspeaker;

[0038] FIG. 24 illustrates example phase responses of normalized beamforming filters for

tweeter 60° beaming for an example variable acoustics loudspeaker;

[0039] FIG. 25 illustrates example combined midrange filter responses including

beamforming, equalization, and crossover for an example variable acoustics loudspeaker;

[0040] FIG. 26 illustrates example combined tweeter responses including beamforming,

equalization, and crossover for an example variable acoustics loudspeaker;

[0041] FIG. 27 illustrates example combined system acoustic responses for an example

variable acoustics loudspeaker;

[0042] FIG. 28 illustrates example 3D system radiation plots for narrow beam +/- 30° for an

example variable acoustics loudspeaker;

[0043] FIG. 29 illustrates example 3D system radiation plots for wide beam +/- 60° for an

example variable acoustics loudspeaker;

[0044] FIG. 30 illustrates an example process for beamforming for an example variable

acoustics loudspeaker; and

[0045] FIG. 31 is a conceptual block diagram of a computing system configured to implement

one or more aspects of the various embodiments.

DETAILED DESCRIPTION
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[0046] As required, detailed embodiments of the present invention are disclosed herein;
however, it is to be understood that the disclosed embodiments are merely exemplary of the invention
that may be embodied in various and alternative forms. The figures are not necessarily to scale; some
features may be exaggerated or minimized to show details of particular components. Therefore,
specific structural and functional details disclosed herein are not to be interpreted as limiting, but
merely as a representative basis for teaching one skilled in the art to variously employ the present

invention.

[0047] The contemplated embodiments relate generally to digital signal processing for use in
driving a variable acoustics loudspeaker (VAL) having an array of drivers. In some embodiments,
the array of drivers may be disposed in a cylindrical configuration to enable sound beams to be shaped
and steered in a variety of different directions. The array of drivers may include, for example and
without limitation, tweeters, midranges, woofers, and/or subwoofers. It should be noted that while

many examples are roughly cylindrical, different arrangements or axes of driver arrays may be used.

[0048] Digital beamforming filters may be implemented in conjunction with the loudspeaker
array. For instance, by concentrating the acoustic energy in a preferred direction, a beam is formed.
The beam can be steered in a selectable target direction or angle. By forming a beam of both the left
and right channels and suitably directing the beams, the intersection of the two beams may form a
sweet spot for imaging. In an example, different beam widths may be selected by the user, permitting
different sweet spot sizes. Thus, by using the array of drivers, the VAL may be designed to have a
precisely-controllable directivity at vertical, horizontal and oblique angles that works in arbitrary

rooms, and without room treatment.

[0049] The VAL may implement independent control of spatial directivity functions and their
frequency dependency. As discussed in detail herein, the VAL may provide for an adjustable size of
listening area with a focused sweet spot versus diffuse sound (party mode); natural sound of voices
and musical instruments by adapting the correct directivity pattern; natural image of audio objects in
a stereo panorama without distraction by unwanted room reflections; a full 360° spherical control of
the sound field; an ability to create separate sound zones in a room by assigning different channels to
different beams; multichannel playback with a single speaker (using side wall reflections); suppression
of rear energy by at least 20 dB down to low frequencies without side lobes (e.g. within 40 Hz to

6
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20 KHz); and a compact size, highly scalable beam control at wavelengths larger than the enclosure

dimensions due to super-directive beamforming techniques.

[0050] As compared to previous loudspeakers, in the present disclosure an iterative method is
applied to beamforming based on measurement data, as opposed to analytical methods based on spatial
Fourier analysis as discussed in U.S. Patent Publication No. 2013/0058505, titled “Circular
Loudspeaker Array With Controllable Directivity,” which is incorporated herein by reference in its
entirety. Advantages of the method are higher accuracy, wider bandwidth, direct control over the filter
frequency responses, and arbitrary shapes in space and frequency can be prescribed. Additionally, the
loudspeaker may provide full-sphere control as opposed to horizontal control only, by combining a
cylindrical beamforming array with a vertical array using digital crossover filters. Digital crossover
filters are discussed in detail in U.S. Patent No. 7,991,170, titled, “Loudspeaker Crossover Filter,”

which is also incorporated herein by reference in its entirety.

[0051] FIG. 1 displays an example 100 of variable acoustic loudspeakers 102. A first VAL
102A is shown in a working prototype, and a second VAL 102B as a product realization (collectively
VAL 102). The overall shape of the VAL 102 is approximately cylindrical, with arrays of transducers
uniformly distributed around it. A central tweeter section with one or two rows of high frequency
drivers 104 (e.g., 12 tweeters each), is flanked by one or two pairs of midrange rows 106 (e.g., 6 or 8
drivers), and an optional subwoofer section 108 using two pairs of low-frequency transducers,
radiating to the front and rear respectively. Each section (e.g., the tweeter 104, midrange 106, and low-
frequency 108 sections) provides individual horizontal beam control in a dedicated frequency band.
Vertical control is achieved by optimal crossover design and can be varied by choice of crossover

frequencies.

[0052] Beamforming is a technique that may be used to direct acoustic energy in a preferred
direction. The VAL 102, such as the examples shown in FIG. 1, may use acoustic beamforming to

shape a sound field for the VAL 102.

[0053] As explained below, a processor (e.g., a digital signal processor / CODEC component)
provides the signal processing for beamforming. Input to the signal processor may include mono or

left and right stereo channels. Output from the signal processor may include a plurality of channels,
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the outputs including content based on various filtering and mixing operations to direct the beams

from each driver.

[0054] For the purpose of beamforming, the frequency bands may be handled separately. In
an example, the loudspeaker may separately handle high-frequency, midrange and bass frequencies.
As a specific possibility, the high-frequencies may be output from the signal processor in 12 channels
to 24 tweeters; the midrange may be output from the signal processor in 8 channels to 8 midrange
drivers; and the bass may be output from the signal processor in two channels to 4 bass drivers. In
another example, the loudspeaker may be two-way and may separately handle high and low

frequencies.

[0055] FIG. 2 provides an example 200 of further details of arrangement and distances of
transducers. As shown in the example 200, the center line of the tweeter array 104 is 71 millimeters
(mm) from the center line of the midrange arrays 106, and the center line of the midrange arrays 106
is 160 mm from the centerline of the low-frequency array 108. Additionally, in the example 200 the

diameter of the tweeter array 104 is 170 mm, and the spacing between tweeter centers is 43 mm.

[0056] FIG. 3 provides a system block diagram 300 of the processing performed by a control
digital signal processor (DSP) of the system. As shown in the diagram 300, an input may be provided
to a sub-sampler for the subwoofer section to be sub-sampled by a factor of eight, in order to reduce
filter lengths and save processing power. The sub-sampler is followed by a low-pass crossover filter
HC LOW, then by a pair of beamforming filters 7/ and H2 that feed the front subwoofers and rear
subwoofers, respectively. Upper and lower transducers are, in general, connected in parallel and to the

same filter respective amplifier output.

[0057] The midrange and tweeter sections operate similarly, except that there are larger
numbers of beamforming filters needed, corresponding to the number of transducers. As shown, the
input may also be provided to a sub-sampler for the midrange section to be sub-sampled by a factor
of two. The sub-sampler is followed by a band-pass crossover filter HC MID, then by a set of
beamforming filters B0 ... BN that feed the drivers of the midrange array 106. The input may also
be provided to a high-pass crossover filter HC H, then to a set of beamforming filters B0 . .. BM that

feed the drivers of the tweeter array 104. It should be noted that pairs of transducers may be connected
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to the same filter if a horizontally symmetric beam is desired, and if transducer tolerances can be

neglected.

[0058] Beamforming is accomplished by selectively filtering different audio frequencies. By
applying different filters to the input channel, distinct output channels are generated and routed to
different drivers in the cylindrical array. The “rotational matrices” at the outputs allow re-assigning
the beamforming filter outputs to different transducers, in order to rotate the beam to a desired angle.
For instance, to redirect the beam, the filter outputs to the drivers of the arrays are simply shifted by
the appropriate number of positions. To obtain this flexibility, instead of directly connecting the filter
outputs to each driver, a rotation matrix or mixing matrix is used to adjust the outputs of the filters

before connection to the drivers of the array.

[0059] FIG. 3B illustrates an example 300B of four finite impulse response (FIR) filters (F1-
F4) of length 256 to be used for high-frequency beamforming. The illustrated filters includes four
banks of filters, where each one of the filter banks corresponds to a different beam width. One of the
four-filter banks may be selected for the tweeter array based on a beam width parameter € {1,2,3,4}.

Beam width is discussed in further detail below.

[0060] FIG. 3C illustrates an example 300C routing of outputs of the four high-frequency
filters to twelve tweeter channels. The example twelve tweeter drivers are arranged and numbered as
in the diagram. The beam angle is 0°, directed down in the diagram. The boxes show the filter outputs

routed to each driver for this configuration. In this case, Node 1 is said to be the head.

[0061] In the example, to generate the beam at 0°, the outputs of the four filters are routed to
12 channels as shown in the example 300C. The speaker unit is assumed to be aligned with driver
number 1 facing forward. Filter F1 is directed to driver #1; filter F2 is routed to the channels adjacent

to driver #1, to drivers #12 and #2; filters F3 and F4 are similarly symmetrically routed.

[0062] FIG. 3D illustrates an example redirection 300D of the beam to a target angle. In the
example 300D, angle of redirection of the beam is shown as being counterclockwise to front-facing,
but this is arbitrary and other standards could be used. As the example illustration includes twelve
equidistant drivers in the array, each driver in the array is 30° offset from the previous driver. It

follows that to rotate the signal 30°, the filter outputs are shifted by one position. If the beam is rotated
9



WO 2018/045133 PCT/US2017/049543

by n x 30°, then the head and the filter mappings advance by n nodes. In an example, to rotate the
signal 90°, the filter outputs are shifted by three positions. To do so, the F1 output may be rotated to
drive tweeter #4, and the F2 output may be rotated to drive tweeters #3 and #5, etc. (The driver
containing the output of F1 may be referred to as the head driver). Angles that are not multiples of
30° are achieved by mixing the surrounding filters using a scheme of linear interpolation. In an
example, the residual angle that is less than an offset amount between the drivers, (in this example,

30° offset), may be computed and then adjusted for via interpolation.

[0063] FIG. 3E illustrates an example 300E of five FIR filters (F1-F5) of length 256 to be used
for mid-frequency beamforming. Similar to as discussed with the high-frequency filters, the illustrated
mid-frequency filters includes four banks of filters, where each one of the filter banks corresponds to

a different beam width.

[0064] FIG. 3F illustrates an example 300F routing of outputs of the five mid-frequency filters
to eight midrange channels. As shown, the eight midrange drivers are arranged and numbered as in
the diagram. The default beam angle is 0°, directed down in the diagram. The boxes show the filter
outputs routed to each driver for this configuration. In this case, Node 1 is said to be the head. The
example 300F also uses the example counterclockwise convention for angle. Here, as there are eight
drivers, shifting by one node results in a change of 45°. Also similar to as discussed above, angles

that are not multiples of 45° are achieved by mixing surrounding filters by linear interpolation.

[0065] As mentioned above with respect to selection of one of the filter banks, the VAL 102
supports four different beam sizes. For the tweeter and midrange frequencies, there is a different set
of filters for each size. For bass processing, however, a different scheme is used. There are only two
bass channels. One is sent to 2 woofers facing front (beam #1), the other is sent to 2 woofers facing
the rear (beam #2). There are two 512 tap FIR filters that remain fixed. The output of each channel

is determined by a linear mix whose coefficients are a function of the beam angle and the beam width.

[0066] FIG. 3G illustrates H1 and H2 which represent the transfer functions of the respective
512 tap filters (after passing through two biquads). The algorithm, as described, permits some

directionality to be imposed on audio frequencies down to about 85 Hz. Mathematically, b0(6) =

10
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e | Cast + 1] and b1(0) = L [e-vs + a], where a is one of 0, 0.15, 0.3, or 0.75 depending on
1+a 180 1+a 180

beam width and 6 is the beam angle in degrees.

[0067] The circular arrangement of tweeter and midrange drivers permits the beam to be
steered in a coarse manner by a circular shuffle of the filter outputs. In the example of twelve tweeters
and eight midranges, the tweeter beam can be moved in this manner by increments of 30°, and the
midrange by increments of 45°. To obtain this flexibility, instead of directly connecting the filter
outputs to each driver, a mixing or rotating matrix is used. Rotating matrices may be seen in FIG. 3

between the outputs of the filters and the inputs to the drivers.

[0068] FIG. 3H illustrates an example tweeter rotation matrix 300H for an angle of 0°.
Corresponding to FIG. 3C, as can be seen in the matrix 300H, driver 1 is the head driver receiving the
output from filter F1, while the drivers flanking the head driver receive the outputs from the next

consecutive filters.

[0069] FIG. 31 illustrates an example tweeter rotation matrix 3001 for an angle of 90°. As can
be seen in the matrix 3001, driver 4 is the head driver receiving the output from filter F1, while the

drivers flanking the head driver receive the outputs from the next consecutive filters.

[0070] FIG. 3] illustrates an example tweeter rotation matrix 300J for an angle between 90°
and 120°. In order to effect finer control, linear interpolation may be used based on the fractional

relationship of the “in-between” angles to the neighboring drivers.

[0071] Referring back to FIG. 3D, an angle ang is shown that is in between 90° and 120° for
a tweeter beam. The residual angle © may, accordingly, be defined as (ang modulo 30). The weighting
factors a and P are defined from ©. To explain mathematically, head = 1 + ang div 30, where 0 =
ang modulo 30, f = 0 /30, and a = [ - f. In the illustrated example, the head = 4 for the pictured
beam angle, where the lower indices are weighed by a, and the higher indices are weighted by f. Thus,
as compared to the rotation matrix 3001, in the rotation matrix 300J the 1s have been replaced by «,

and their successor node entries have been changed from 0 to f.

[0072] FIG 4 illustrates an example 400 vertical crossover filter and passive tweeter filter for

an example variable acoustics loudspeaker. Regarding vertical beam control, the VAR 102 may
11
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achieve approximately constant directivity in vertical off-axis angles by applying a symmetric array
of tweeters, midranges, and woofers, as shown in FIGS. 2 and 4. Further aspects of the design of the

crossover filters may be found in U.S. Patent No. 7,991,170, as mentioned above.

[0073] An attenuation factor a can be prescribed for an acoustic response H at a vertical oft-

axis angle « as follows:

H{fy=a, (1)

where for example a = 0.25; and a. = 45°. With a crossover function w(f):

H ) =w(f 3 GO+ A=n(f NGO @
Co(Fy=2-cos(2a-d,,, 7 A) ®)
di s =%, sine )

where (7 /, are models for pairs of point sources, the acoustic wavelength is 4 = %, ¢ = 346 m/sec (the

speed of sound), and x; ,, models the distances between midrange and tweeter pairs, respectively.

[0074] From Equation (1), the crossover function w(f) can be computed as follows:
. a-C{H ®)

Co(f)-Ci(f)

[0075] FIG. 5 shows an example 500 of the three-way crossover as depicted in FIG. 4,
designed using the above formula. The crossover filters have been derived from the crossover transfer
functions w(f), further aspects of which are discussed in U.S. Patent No. 7,991,170, as mentioned

above.

12
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[0076] FIG. 6 illustrates example vertical responses 600 for example variable acoustics
loudspeakers having one or two tweeter rows. As the trace 602 shows, the VAL 102 may only achieve
constant directivity up to about 3 KHz, which is the point where the tweeters take over. This can be
improved by adding a second row of tweeters close to the first row, as shown in the VAL 102A of
FIG. 1 and in FIG. 4. The second tweeter row is fed by a low pass filtered signal, using a first order
crossover H Lp. This filter can simply be realized with a serial connection and a bypass capacitor C
(typically 5-10uF), as modeled in the schematic 404 of FIG. 4. The trace 604 demonstrates that by
adding a second tweeter row at a vertical distance of about 30 mm, constant directivity can be extended

up to 10 KHz.

[0077] Regarding horizontal beam control at low frequencies, in order to keep enclosure size
small and limit the number of transducers, a fixed, cardioid-like beam pattern with prescribed rear
attenuation above a certain frequency point may be utilized, instead of the more complex patterns in

mid and high frequency bands.

[0078] FIG. 7 illustrates an example cardioid woofer functional block diagram 700 for an
example variable acoustics loudspeaker 102. In an example, the woofer pair of FIG. 2 as shown in
FIG. 7 is built into a shared, sealed enclosure with a defined distance d between the woofers. A test
microphone in an anechoic chamber may be used to measure the transducer response of the woofer
that faces the microphone Hs», then the response from the opposite woofer Hs;. A pair of woofer
filters H; and H> may therefore be designed, with a goal to minimize sound pressure at one side, while

maximizing sound pressure at the other side. With these conditions:

] § I b — ¥ 6
H 1 g‘?i + H 2 Hgy = H raar ©)
, L. . 7
H'E. HSE + H & ﬁ% i h_fi‘@?‘i‘f ™
[0079] Equations (6) and (7) yield filter transfer functions as follows:
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H. = Hf ronti s ~HeagrfH e (8)
PEF T X I
- Hgy —Hgy
" r IF 9)
_ Hegar—Ha85z (
Iy
[0080] For instance, values of Hyeqr = 0.05 (-20 dB), and Hpone = 1 may be set. Further, in order

to limit gain and pre-condition the filters, band-limiting frequency points f; = 80 Hz, /> =300 Hz may

be introduced, and it may be set that:

H f)=H{L) T <h (19)
Hi(fY=Hi k) F=h (D
[0081] Finite impulse response (FIR) filters can then be obtained by inverse Fourier transform

and time-domain windowing. Filter orders are typically below 1K for a small sized woofer enclosure

and (80...300) Hz bandwidth.

[0082] FIG. 8 shows the frequency response 800 of the phase difference between the two
woofer filters. FIG. 9 shows log-magnitude frequency responses 4;2 = 20 log |H;,2|, and below the
resulting acoustic responses at front and rear. Using such a design, 20 dB attenuation above about 100
Hz may be achieved, while keeping the necessary gain low and identical at low frequencies, thereby
maintaining full dynamic range. Below 100 Hz, there is a smooth transition towards omni-directional

radiation.

[0083] With regard to horizontal beam control at mid and high frequencies, the far field sound
pressure P at horizontal angles ¢ around a long cylinder of radius a, with a short, rectangular membrane
of angular radius « built in as sound source, can be computed as follows (as discussed in Earl. G.

Williams, Fourier Acoustics, Academic Press 1999.)
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(12)

is the derivative of the Hankel function of the first kind

K is the number of terms to be computed for sufficient accuracy (K = 30 in one typical

WO 2018/045133
. 5 — Psincing) ..
Floyx Y¥s = A £
\S‘* F rpy=— H)‘;{;ﬁ\}}
Where:
sinc{x = sinx/Sx;
P nHuy{z} 7 L
Hﬂ E\-’—’} - > _' hﬁ-i-l{:g :
Hy,
Jo — R £
— & $ i:‘ .
" nf is the wave number; and
example).
[0084]

FIG. 10 illustrates example computed polar responses 1000 of a cylindrical enclosure

of an example variable acoustics loudspeaker 102. More specifically, FIG. 10 shows resulting

responses for a transducer of radius /12 and a cylinder of radius @ = 0.084m at f = 2 KHz and f =

8 KHz, respectively. It can be seen that, in the illustrated example, sufficient rear attenuation (for

instance 20 dB) to support beamforming can only be achieved at very high frequencies. At lower

frequencies, an array of transducers needs to be employed with optimal beamforming filters, which is

the scope of this disclosure.

[0085]
at;=[0 -2.5 -6 -10 -15 -20 =25
at; = [0 0-1.5 -3 -5 -10 -15
ats = [0 0 0 0 -3 -6 -10
aty = [0 0 0 0 0 0 -3

15

-25
-25
-15

-6

-25]
-25]
-20]

-8]

As an example, four beam patterns af; — at, may be defined as follows:
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specifying attenuation in decibels at discrete angles ox =[0 15 39 45 60 90 120 150 180]
degrees, k = 1-9. The patterns can be interpreted as “spatial filters”, with coverage angles 60°; 120°;

180°; 240°, respectively as illustrated in FIGS. 11 - 12.

[0086] FIG. 11 illustrates example prescribed spatial filters 1100 for 60° and 120° coverage
for an example variable acoustics loudspeaker 102. FIG. 12 illustrates example prescribed spatial

filters 1200 for 180° and 240° coverage for an example variable acoustics loudspeaker 102.

[0087] FIG. 13 illustrates example measured midrange frequency responses 1300 under
various horizontal angles, both raw and smoothed. The disclosed beamforming filter design is based
on data captured by acoustic measurements in an anechoic chamber. The trace 1302 shows a set of
measurements for one of the six midrange transducer pairs of the VAL 102A of FIG. 1, at angles
(15...180°) in 15° steps. The lower and upper transducers are pair-wise connected. The results are
obtained by measuring one transducer pair and rotating the loudspeaker on a software-controlled

turntable.

[0088] The data shows strong fluctuations due to reflections on the surface of the cylinder, in
particular, at angles at the opposite (shadowed) side of the sound source > 120°. The reflections are
caused by neighboring transducers that act as secondary sources on the surface, causing acoustic
diffraction. In order to prepare the data for further processing, a smoothing algorithm is applied, which
smooths the data while preserving phase information. Starting with a discrete, complex frequency
response H(wy), k = /... N, magnitude |H| and unwrapped phase ¢ = arg[H] is computed, and then
each magnitude and phase value is replaced by its mean over a window of variable length:

; o g — S 14
Hoplopg il = ———2. 0 H{wl (9

. F—-
gy iy —1 TR

o)
i
=
A

LN W .
myFm—1

with:
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(15)
& i fod
o f LKA o { ls]
my (k) = 11,5« ,a{i) = g‘*\, ks> N
S 5

with block length N = 2048, and s = (1.01. .. 1.20) a factor depending on the desired amount of
smoothing (typically s = /.7);

The smoothed frequency response can be reconstructed as Hg,,, = |Hgp|e /5™,
[0089] The trace 1304 shows a plot of the magnitude after smoothing.

[0090] FIG. 14 illustrates an example comparison 1400 of modeled and measured midrange
frequency responses for an example variable acoustics loudspeaker. Accordingly, it can be seen that

there is a good match between smoothed, measured, and, according to equation (12), predicted

responses.
[0091] The beam filters are designed iteratively, as outlined in the following section.
[0092] FIG. 15 illustrates an example midrange driver layout 1500 with filters BO-B3 for an

example variable acoustics loudspeaker. In the midrange driver layout 1500, one front driver is
connected to a filter BO, a pair of drivers at +/- 60° are both fed by a filter B1, another pair of drivers

at +/- 120° are connected to B2, and a rear driver is connected to B3.

[0093] The following general procedure may apply to any symmetric driver layout with at

least four drivers. Any number of driver pairs can be added to increase spatial resolution.

[0094] The measured, smoothed complex frequency responses (14) can be written in matrix
form:
T . B o g ® (16)
HojL, i=1..N, j=1. M
[0095] The frequency index is i, N is the FFT length, and M the number of angular

measurements in the interval [0...180]°. In practice, N=512 for tweeters and N=2048 for midranges;

M=13 in case 15° steps are chosen.
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[0096] An array of R drivers (where R is an even number) comprises one frontal driver at 0°,

one rear driver at 180°, and P = (R — 2 )/ 2 driver pairs located at the angles a, = r%,r =

1, ..., P . Goal is the design of P beamforming filters C, to be connected to the driver pairs, and an

additional filter Cp,; for the rear driver.

[0097] First, the measured frequency responses are normalized at angles greater than zero with
respect to the frontal response to eliminate the driver frequency response. This normalization will be

factored back in later when designing the final filter in form of driver equalization.

T e vy s g 17
H&{E $= Hop L 1) {17
Huorm (L)) = Han (L) /Ho(D), i=1..N, j=1..M
[0098] The following filter design iteration works for each frequency point separately. The
frequency index may be eliminated for convenience to define:

Hi\{?ﬁ } = H‘R.G?“}’R “T* ‘Ef} (17-1)
as the measured and normalized frequency response at discrete angle a,.
[0099] Assuming a radial-symmetric, cylindrical enclosure, and identical drivers, the

frequency responses U (k) of the array can be computed at angles a; by applying the same offset angle

to all drivers:

Utk = Hm ) + Bioy O {H e + oo} + H{lag — o, 01 + Gogy  Hli + 18073, (18)

el —180° « o = 1B0®

{@y =1 5 an .
{a; 3600 — o, o > 180°
[0100] The spectral filter values C, can be obtained iteratively by minimizing the quadratic

error function:
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- P (19)
e = [0, wi) (UG al - tk)?
[0101] t(k) may be one of the target functions (13) to specify beam shape or coverage, for

example t(k) = 10%¢1(K)/20  TInstead, other target functions may be chosen or different target

functions for different frequency bands, in which case 7 becomes frequency dependent t = t(i, k).

[0102] The parameter a in (19) is an input parameter to be chosen. It specifies the array gain
as follows:

again = 20 - log(a) (20)
[0103] This is one of the target conditions for the design. The array gain specifies how much

louder the array plays compared to one single transducer. It should be higher than one, but cannot be
higher than the total transducer number R. In order to allow some sound cancellation that is necessary

for super-directive beamforming, the array gain will be less than R but should be much higher than

one.
[0104] Q is the number of angular target points (for example J=9 in equation (13)).
[0105] w(k) is a weighting function that can be used if higher precision is required in a

particular approximation point versus another (usually 0.1 < w < 1).

[0106] The variables to be optimized are the P + 1 complex filter values per frequency index,
[,C.(i),r =1..(P+1). We start at the first frequency point in the band of interest i = i; = % : NJ
g

for example f; =300 Hz, f; = 24 KHz, N = 2048 => i; = 25), set C, = 1V r as start solution, then

subsequently compute the filter values by incrementing the index each time until we reach the last

point i =i, = [j:— Nl (e.g f, = 3KHz=> i, = 256).
g

[0107] Instead of real and imaginary part, magnitude |C,(i)|and phase arg(Cr(i)) =

arctan (IGO0 RelC(OH
et iy et iy . T . .
can be used for the nonlinear optimization routine as variables.
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[0108] This bounded, nonlinear optimization problem can be solved with standard software,
for example the function “fmincon”, which is part of the Matlab optimization toolbox. The following

bounds can be applied:

Gmax = 20 * log(max(|C,]) @D

as the maximum allowed filter gain, and lower and upper limits for the magnitude values from one

calculated frequency point to the next to be calculated point, specified by an input parameter §:

CD]- (1= &) < 6.0+ DI <601 A +6) -

in order to control smoothness of the resulting frequency response.

[0109] In a midrange example, FIGS. 16-18 show results for the midrange drivers of the

example of FIG. 1. The parameters for the midrange example are:

Beam pattern, (see equation 13) at; (FIGS. 16-17); at, (FIGS. 18-19)

Number of drivers R=28

Number of driver pairs P=3

Calculated beamforming filters C;, C,, C5 (per side consecutively)

Array gain (see equation 20) again = 10dB

Max. filter gain (see equation 21) Gmax = 3dB

Smoothing bound (see equation 22) 6 = 0.2 (FIGS. 16-17); 6 = 2 (FIGS. 18-19)
[0110] The filters B; ... B3 in the FIGS are the beamforming filters, but normalized to the on-

axis response Bo:
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B, = {0} {a, = 0% in equ. 18] (23)
f:; ;’:,.‘, tﬁ-s
S% :_A; S”& :_H; Sg — - .
LB TY BT 7 B
[0111] FIG. 16 illustrates example 1600 of 180° coverage midrange frequency responses as

well as resulting horizontal off-axis acoustic responses for an example variable acoustics loudspeaker

102. As indicated in the example 1600, very smooth off-axis responses can be realized.

[0112] FIG. 17 illustrates example 1700 of a phase response of normalized beamforming filters
for midrange 180° beaming for an example variable acoustics loudspeaker 102. FIG. 18 illustrates an
example 1800 of a 60° coverage midrange frequency responses as well as resulting horizontal off-axis
acoustic responses for an example variable acoustics loudspeaker 102. The examples 1900 document
a typical, widely frequency-independent phase offset between the beamforming filters. The narrow
beam in the example 1800 confirms that a rear attenuation of about 20dB is achieved, without apparent

side lobes.

[0113] FIG. 19 illustrates example phase responses 1900 of normalized beamforming filters

for midrange 60° beaming for an example variable acoustics loudspeaker 102.

[0114] FIG. 20 illustrates an example 2000 tweeter driver layout with filters BO-B6 for an
example variable acoustics loudspeaker 102. There are two deviations from the previously outlined
general procedure. First, the system is only using the frontal seven out of total twelve tweeters. The
rear tweeters are only used for beam rotation purposes (see FIG. 3). Second, separate filters are

calculated for the right side (B1 ... Bs), versus the left side (Bs ... Be).

[0115] FIGS. 21-24 show the results. FIG. 21 illustrates example 180° coverage tweeter
frequency responses as well as resulting horizontal off-axis acoustic responses for an example variable
acoustics loudspeaker 102. FIG. 22 illustrates example phase responses 2200 of normalized
beamforming filters for tweeter 180° beaming for an example variable acoustics loudspeaker 102.

FIG. 23 illustrates example 60° coverage tweeter frequency responses 2300, as well as resulting
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horizontal off-axis acoustic responses for an example variable acoustics loudspeaker 102. FIG. 24
illustrates example phase responses 2400 of normalized beamforming filters for tweeter 60° beaming

for an example variable acoustics loudspeaker 102. The parameters for the tweeter example are:

Beam pattern, (see equation 13) at; (FIGS. 21-22); at, (FIGS. 23-24)
Number of drivers R=12

Number of driver pairs P=3

Calculated beamforming filters C;, C,, C5 (per side consecutively)

Array gain (see equation 20) again = 12dB

Max. filter gain (see equation 21) Gmax = 6dB

Smoothing bound (see equation 22) 6 = 0.2 (FIGS. 21-22); 6 = 2 (FIGS. 23-24)
[0116] The graph again shows that a very smooth, controlled directivity can be achieved

throughout the entire audible frequency range.

[0117] Regarding system integration and results, crossover filter, beamforming filter and

driver equalization can be combined into one filter /-

H By (24)
F.o=—
Hy
where:

B, is a beamforming filter normalized according to equation (23);
H. is one of the crossover filters of FIG. 3 and FIG 4 (see equation 5); and

Hy is the acoustic frequency response of the driver.
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The advantage of integrating the crossover filter is its band-limiting property. The combined filter
becomes more stable (the impulse responses converge quicker to zero), thereby reducing overall filter

lengths and complexity.

[0118] FIG. 25 illustrates example combined midrange filter responses 2500 including
beamforming, equalization, and crossover for an example variable acoustics loudspeaker 102. FIG. 26
illustrates example combined tweeter responses 2600 including beamforming, equalization, and

crossover for an example variable acoustics loudspeaker 102.

[0119] FIG. 27 shows combined acoustic responses 2700 for the example variable acoustic

loudspeaker of FIG. 1 at 0°, 60°, and 120° horizontally off-axis.

[0120] FIG. 28 and FIG. 29 display a series of full sphere acoustic measurements 2800, 2900
for the example variable acoustic loudspeaker of FIG. 1 for a narrow beam with +/-30° coverage (at;

in 13), and a wider beam with +/- 60° coverage (ats).

[0121] FIG. 30 illustrates an example process 3000 for beamforming for an example variable
acoustics loudspeaker 102. In an example, the process may be performed by the variable acoustics
loudspeaker 102 using the concepts discussed in detail above. At 3002, the variable acoustics
loudspeaker 102 receives an input channel. In an example, the input may be provided to the variable
acoustics loudspeaker 102 to be processed by the digital signal processor. In some examples, the input
may include a mono channel, while in some examples stereo channel or more channels may be

provided to the variable acoustics loudspeaker 102.

[0122] At operation 3004, the variable acoustics loudspeaker 102 generates a first plurality of
output channels for a first range of frequencies. In an example, as discussed at least with respect to
FIGS. 3 and 3B, a set of finite input response filters may be used by the digital signal processor to
generate a plurality of output channels to be used for high-frequency beamforming. At 3006, the
variable acoustics loudspeaker 102 generates a first beam of audio content at a target angle using a
first rotation matrix. In an example, as discussed at least with respect to FIGS. 3, 3C, 3D, 3H, 31, and
3J, outputs of the four high-frequency filters may be routed to twelve tweeter channels at a target

angle. The variable acoustics loudspeaker 102 applies the first beam of audio content to a first array
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of speaker elements at 3008, e.g., as shown in FIG. 3. In an example, the first array of speaker elements

are the drivers of the tweeter array 104 as shown in FIGS. 1 and 2.

[0123] At operation 3010, the variable acoustics loudspeaker 102 generates a second plurality
of output channels for a second range of frequencies. In an example, as discussed at least with respect
to FIGS. 3 and 3E, a set of finite input response filters may be used by the digital signal processor to
generate a plurality of output channels to be used for mid-frequency beamforming. At 3012, the
variable acoustics loudspeaker 102 generates a second beam of audio content at a target angle using a
second rotation matrix. In an example, as discussed at least with respect to FIGS. 3, 3F, 3H, 31, and
3J, outputs of the five mid-frequency filters may be routed to eight midrange channels at the target
angle. The variable acoustics loudspeaker 102 applies the second beam of audio content to a second
array of speaker elements at 3008, e.g., as shown in FIG. 3. In an example, the first array of speaker

elements are the drivers of the midrange arrays 106 as shown in FIGS. 1 and 2.

[0124] FIG. 31 is a conceptual block diagram of an audio system 3100 configured to
implement one or more aspects of the various embodiments. As shown, the audio system 3100 includes
a computing device 3101, one or more speakers 3120, and one or more microphones 3130. The
computing device 3101 includes a processor 3102, input/output (I/O) devices 3104, and a memory
3110. The memory 3110 includes an audio processing application 3112 configured to interact with a

database 3114.

[0125] The processor 3102 may be any technically feasible form of processing device
configured to process data and/or execute program code. The processor 102 could include, for
example, and without limitation, a system-on-chip (SoC), a central processing unit (CPU), a graphics
processing unit (GPU), an application-specific integrated circuit (ASIC), a digital signal processor
(DSP), a field-programmable gate array (FPGA), and so forth. Processor 3102 includes one or more
processing cores. In operation, processor 3102 is the master processor of computing device 3101,

controlling and coordinating operations of other system components.

[0126] I/O devices 3104 may include input devices, output devices, and devices capable of
both receiving input and providing output. For example, and without limitation, I/O devices 3104

could include wired and/or wireless communication devices that send data to and/or receive data from
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the speaker(s) 3120, the microphone(s) 3130, remote databases, other audio devices, other computing

devices, etc.

[0127] Memory 3110 may include a memory module or a collection of memory modules. The
audio processing application 3112 within memory 3110 is executed by the processor 3102 to
implement the overall functionality of the computing device 3101 and, thus, to coordinate the
operation of the audio system 3100 as a whole. For example, and without limitation, data acquired via
one or more microphones 3130 may be processed by the audio processing application 3112 to generate
sound parameters and/or audio signals that are transmitted to one or more speakers 3120. The
processing performed by the audio processing application 3112 may include, for example, and without
limitation, filtering, statistical analysis, heuristic processing, acoustic processing, and/or other types

of data processing and analysis.

[0128] The speaker(s) 3120 are configured to generate sound based on one or more audio
signals received from the computing system 3000 and/or an audio device (e.g., a power amplifier)
associated with the computing system 3000. The microphone(s) 3130 are configured to acquire
acoustic data from the surrounding environment and transmit signals associated with the acoustic data
to the computing device 3101. The acoustic data acquired by the microphone(s) 3130 could then be
processed by the computing device 3101 to determine and/or filter the audio signals being reproduced
by the speaker(s) 3120. In various embodiments, the microphone(s) 3130 may include any type of
transducer capable of acquiring acoustic data including, for example and without limitation, a

differential microphone, a piezoelectric microphone, an optical microphone, etc.

[0129] Generally, computing device 3101 is configured to coordinate the overall operation of
the audio system 3000. In other embodiments, the computing device 3101 may be coupled to, but
separate from, other components of the audio system 3000. In such embodiments, the audio system
3000 may include a separate processor that receives data acquired from the surrounding environment
and transmits data to the computing device 3101, which may be included in a separate device, such as
a personal computer, an audio-video receiver, a power amplifier, a smartphone, a portable media
player, a wearable device, etc. However, the embodiments disclosed herein contemplate any

technically feasible system configured to implement the functionality of the audio system 3000.
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[0130] The descriptions of the various embodiments have been presented for purposes of
illustration, but are not intended to be exhaustive or limited to the embodiments disclosed. Many
modifications and variations will be apparent to those of ordinary skill in the art without departing

from the scope and spirit of the described embodiments.

[0131] Aspects of the present embodiments may be embodied as a system, method or computer
program product. Accordingly, aspects of the present disclosure may take the form of an entirely
hardware embodiment, an entirely software embodiment (including firmware, resident software,
micro-code, etc.) or an embodiment combining software and hardware aspects that may all generally

(4494

be referred to herein as a ““module” or “system.” Furthermore, aspects of the present disclosure may
take the form of a computer program product embodied in one or more computer readable medium(s)

having computer readable program code embodied thereon.

[0132] Any combination of one or more computer readable medium(s) may be utilized. The
computer readable medium may be a computer readable signal medium or a computer readable storage
medium. A computer readable storage medium may be, for example, but not limited to, an electronic,
magnetic, optical, electromagnetic, infrared, or semiconductor system, apparatus, or device, or any
suitable combination of the foregoing. More specific examples (a non-exhaustive list) of the computer
readable storage medium would include the following: an electrical connection having one or more
wires, a portable computer diskette, a hard disk, a random access memory (RAM), a read-only memory
(ROM), an erasable programmable read-only memory (EPROM or Flash memory), an optical fiber, a
portable compact disc read-only memory (CD-ROM), an optical storage device, a magnetic storage
device, or any suitable combination of the foregoing. In the context of this document, a computer
readable storage medium may be any tangible medium that can contain, or store a program for use by

or in connection with an instruction execution system, apparatus, or device.

[0133] Aspects of the present disclosure are described above with reference to flowchart
illustrations and/or block diagrams of methods, apparatus (systems) and computer program products
according to embodiments of the disclosure. It will be understood that each block of the flowchart
illustrations and/or block diagrams, and combinations of blocks in the flowchart illustrations and/or
block diagrams, can be implemented by computer program instructions. These computer program

instructions may be provided to a processor of a general purpose computer, special purpose computer,

26



WO 2018/045133 PCT/US2017/049543

or other programmable data processing apparatus to produce a machine, such that the instructions,
which execute via the processor of the computer or other programmable data processing apparatus,
enable the implementation of the functions/acts specified in the flowchart and/or block diagram block
or blocks. Such processors may be, without limitation, general purpose processors, special-purpose

processors, application-specific processors, or field-programmable.

[0134] The flowchart and block diagrams in the Figures illustrate the architecture,
functionality, and operation of possible implementations of systems, methods and computer program
products according to various embodiments of the present disclosure. In this regard, each block in the
flowchart or block diagrams may represent a module, segment, or portion of code, which comprises
one or more executable instructions for implementing the specified logical function(s). It should also
be noted that, in some alternative implementations, the functions noted in the block may occur out of
the order noted in the figures. For example, two blocks shown in succession may, in fact, be executed
substantially concurrently, or the blocks may sometimes be executed in the reverse order, depending
upon the functionality involved. It will also be noted that each block of the block diagrams and/or
flowchart illustration, and combinations of blocks in the block diagrams and/or flowchart illustration,
can be implemented by special purpose hardware-based systems that perform the specified functions

or acts, or combinations of special purpose hardware and computer instructions.

[0135] While exemplary embodiments are described above, it is not intended that these
embodiments describe all possible forms of the invention. Rather, the words used in the specification
are words of description rather than limitation, and it is understood that various changes may be made
without departing from the spirit and scope of the invention. Additionally, the features of various

implementing embodiments may be combined to form further embodiments of the invention.
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WHAT IS CLAIMED IS:

1. A system comprising;
a first array of M speaker elements disposed in a cylindrical configuration about an axis and
configured to play back audio at a first range of frequencies;
a second array of &V speaker elements disposed in a cylindrical configuration about the axis and
configured to play back audio at a second range of frequencies; and
a digital signal processor, programmed to
generate a first plurality of output channels from an input channel for the first range of
frequencies,
apply the first plurality of output channels to the first array of speaker elements using
a first rotation matrix to generate a first beam of audio content at a target angle about the axis,
generate a second plurality of output channels from the input channel for the second
range of frequencies, and
apply the second plurality of output channels to the second array of speaker elements
using a second rotation matrix to generate a second beam of audio content at the target angle about the

axis.

2. The system of claim 1, wherein the first rotation matrix includes weighting
factors of each of the first plurality of output channels to each of the M speaker elements, and the
second rotation matrix includes weighting factors of each of the second plurality of output channels to

each of the N speaker elements.

3. The system of claim 2, wherein a head element of the first array is defined
according to the formula head = 1 + ang div M/360, where 0 = ang modulo M/360, f = 0/ (M/360),
and a = [ — f, such that

the head element receives output weighted by « from a first output channel of the first
plurality of output channels and output weighted by £ from a second output channel of the first

plurality of output channels, and
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elements of the first array adjacent to the head element receive output weighted by «
from a second output channel of the first plurality of output channels and output weighted by f from

a third output channel of the first plurality of output channels.

4. The system of claim 2, wherein, in response to a change in the target angle to a
new target angle about the axis, the digital signal processor is programmed to:

update the weighting factors of the first rotation matrix to apply the first plurality of
output channels to the first array of speaker elements to generate the first beam of audio content at the
new target angle about the axis, and

update the weighting factors of the second rotation matrix to apply the second plurality
of output channels to the second array of speaker elements to generate the second beam of audio

content at the new target angle about the axis.

5. The system of claim 1, wherein A and N are positive integers and have different

values from one another.

6. The system of claim 1, wherein the first plurality of distinct output channels is
generated using a first set of finite input response filters, and the second plurality of distinct output

channels is generated using a second set of finite input response filters.

7. The system of claim 6, wherein the first set of finite input response filters
includes a first subset of finite input response filters corresponding to a first beam width and a second
subset of finite input response filters corresponding to a second beam width, the second set of finite
input response filters includes a third subset of finite input response filters corresponding to the first
beam width and a fourth subset of finite input response filters corresponding to the second beam width,

the digital signal processor is programmed to select the first and third subsets of finite
input response filters responsive to selection of the first beam width, and

the digital signal processor is programmed to select the second and fourth subsets of

finite input response filters responsive to selection of the second beam width.
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8. The system of claim 6, wherein a first of the first set of finite input response
filters is configured to generate a first output channel for a first speaker element of the first array of
speaker elements at the target angle, a second of the first set of finite input response filters is configured
to generate a second output channel for second and third speaker elements of the first array of speaker
elements adjacent to the first speaker element, and a third of the first set of finite input response filters
is configured to generate a third output channel for fourth and fifth speaker elements of the first array

of speaker elements adjacent to the second and third speaker elements.

9. The system of claim 8, wherein a first of the second set of finite input response
filters is configured to generate a first output channel for a first speaker element of the second array of
speaker elements at the target angle, a second of the second set of finite input response filters is
configured to generate a second output channel for second and third speaker elements of the second
array of speaker elements adjacent to the first speaker element, and a third of the second set of finite
input response filters is configured to generate a third output channel for fourth and fifth speaker

elements of the second array of speaker elements adjacent to the second and third speaker elements.

10. A method comprising:

generating a first plurality of output channels from an input channel for a first range of
frequencies;

applying the first plurality of output channels, to a first array of M speaker elements
disposed in a cylindrical configuration about an axis and playing back audio at a first range of
frequencies, using a first rotation matrix to generate a first beam of audio content at a target angle
about the axis;

generating a second plurality of output channels from the input channel for the second
range of frequencies; and

applying the second plurality of output channels, to a second array of N speaker
elements disposed in a cylindrical configuration about the axis and playing back audio at a second
range of frequencies, using a second rotation matrix to generate a second beam of audio content at the

target angle about the axis.
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11.  The method of claim 10, wherein the first rotation matrix includes weighting
factors of each of the first plurality of output channels to each of the M speaker elements, and the
second rotation matrix includes weighting factors of each of the second plurality of output channels to

each of the N speaker elements.

12.  The method of claim 11, wherein a head element of the first array is defined
according to the formula head = 1 + ang div M/360, where 0 = ang modulo M/360, f = 0/ (M/360),
and a = [ — f, such that

the head element receives output weighted by « from a first output channel of the first
plurality of output channels and output weighted by £ from a second output channel of the first
plurality of output channels, and

elements of the first array adjacent to the head element receive output weighted by «
from a second output channel of the first plurality of output channels and output weighted by f from

a third output channel of the first plurality of output channels.

13. The method of claim 11, further comprising, in response to a change in the
target angle to a new target angle about the axis:

updating the weighting factors of the first rotation matrix to apply the first plurality of
output channels to the first array of speaker elements to generate the first beam of audio content at the
new target angle about the axis, and

updating the weighting factors of the second rotation matrix to apply the second
plurality of output channels to the second array of speaker elements to generate the second beam of

audio content at the new target angle about the axis.

14. The method of claim 11, wherein M and N are positive integers and have

different values from one another.

15. The method of claim 11, wherein the first plurality of distinct output channels
is generated using a first set of finite input response filters, and the second plurality of distinct output

channels is generated using a second set of finite input response filters.
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16. The method of claim 15, wherein the first set of finite input response filters
includes a first subset of finite input response filters corresponding to a first beam width and a second
subset of finite input response filters corresponding to a second beam width, the second set of finite
input response filters includes a third subset of finite input response filters corresponding to the first
beam width and a fourth subset of finite input response filters corresponding to the second beam width,
and further comprising

selecting the first and third subsets of finite input response filters responsive to selection
of the first beam width; and

selecting the second and fourth subsets of finite input response filters responsive to

selection of the second beam width.

17. The method of claim 15, wherein a first of the first set of finite input response
filters is configured to generate a first output channel for a first speaker element of the first array of
speaker elements at the target angle, a second of the first set of finite input response filters is configured
to generate a second output channel for second and third speaker elements of the first array of speaker
elements adjacent to the first speaker element, and a third of the first set of finite input response filters
is configured to generate a third output channel for fourth and fifth speaker elements of the first array

of speaker elements adjacent to the second and third speaker elements.

18. The method of claim 17, wherein a first of the second set of finite input response
filters is configured to generate a first output channel for a first speaker element of the second array of
speaker elements at the target angle, a second of the second set of finite input response filters is
configured to generate a second output channel for second and third speaker elements of the second
array of speaker elements adjacent to the first speaker element, and a third of the second set of finite
input response filters is configured to generate a third output channel for fourth and fifth speaker

elements of the second array of speaker elements adjacent to the second and third speaker elements.
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