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SOUND REPRODUCTION SYSTEM

TECHNICAL FIELD

[0001] The present invention relates generally directed to
audio and sound reproduction systems, and in particular,
although not exclusively, to the generation of 3D sound
which is adaptive to the listeners’ position.

BACKGROUND

[0002] The reproduction of 3D audio has seen significant
changes in its delivery to the user. This started with the
introduction of multichannel reproduction devices such as
the 5.1 loudspeaker systems, which have become only
partially popular mainly due to their limited practicality
(multiple loudspeakers and cables arranged in the room).
Nowadays, the audio consumer market is heading towards
the use of more compact solutions such as sound-bars.
Evidence of that is provided by the sales figures of these
devices, which have increased considerably in the last
couple of years. Recently, the home audio market has also
seen the introduction of new sound reproduction platforms,
such as mobile phones or tablets. Attempts have been made
by some manufacturers to produce accessories for these
devices to reproduce 3D audio.

[0003] Loudspeaker array technology for the reproduction
of 3D audio is becoming very attractive, especially because
of the decreasing cost of the processing electronics. This
allows for the creation of personalized sound zones, in
which different users can listen to different audio material
without interfering with each other. Additionally, binaural
audio reproduced by arrays is likely to become increasingly
important in the field of sound reproduction. Binaural audio,
initially designed for headphones, is the object of an intense
research work carried out by many academic groups, com-
panies, and broadcasters, which are currently developing
new solutions and investing in this technology. The repro-
duction of this audio material with loudspeaker arrays brings
the reproduction of 3D audio to another dimension, allowing
high audio realism to the consumer.

[0004] A number of solutions and proposed ideas for the
reproduction of binaural audio through loudspeakers (some-
times also referred to as Transaural audio) are available, as
referenced in more detail below. All these systems rely on
the use of two or more loudspeakers and of a signal
processing apparatus for generating the loudspeaker signals,
usually including a network of digital filters to process the
input audio signal. Some approaches have been proposed for
the adaptive reproduction of binaural audio material, which
means that the digital signal processing (DSP) algorithm is
adapted depending on the position of the listener(s). These
adaptive systems make use of a database of digital filters for
a number of predefined listening positions and then select
the filters that best match the position of the listener. The
drawback of these approaches is that the database of digital
filters needs to be pre-calculated and also a carefully tuned
signal processing scheme is required to change between the
filters associated to different listener positions without com-
promising the delivered audio quality. Therefore, these sys-
tems have a limited operational range, which is given by the
size of the grid for which the filters have been created, and
their application is limited by the high computational load
required for their implementation.
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[0005] To overcome this limitation in operation range and
provide a personal localised; and or binaural reproduction,
improved DSP strategies, such as the one disclosed herein,
may be implemented.

[0006] The concept of a loudspeaker array has existed
since the 1940s; however its use for audio applications has
not become spread until the 1990s, introducing a paradigm
change in PA applications, as much less power was needed
to obtain a better distribution of audio over a large audience.
In the field of home audio, it has not been until very recently
that the use of sound-bars for home cinema applications has
become popular. Many of the sound-bars that are now
available in the market use traditional array technologies,
and although they do provide a higher quality than built-in
speakers which are part of many television sets nowadays,
their spatial performance is limited.

[0007] In order to provide a better spatial audio perfor-
mance, it is possible to use cross-talk cancellation tech-
niques. A concept firstly introduced by Atal and Schroeder
in 1966 [1], cross-talk cancellation for audio reproduction
showed itself as an effective idea, however practically
limited by the technology available at the time. This was
further developed in the 1990s to lead to optimum loud-
speaker arrangements as the stereo dipole [2]. In the early
2000s Takeuchi and Nelson presented the concept of the
OPSODIS [3], a three way stereo dipole system which
ensured to maximise the spatial performance as well as the
audio quality.

[0008] The use of loudspeaker arrays for cross-talk can-
cellation has been previously considered by various inven-
tors including Bauck [4], Kuhn et al. [5], Li [6] and Hooley
et al. [7], using the same principle as the previously cited
patents but with a larger number of loudspeakers.

[0009] A drawback of the known cross-talk cancellation
reproduction devices however is that they are not adaptive to
the position of the listener and constrain the listener to be in
the sweet-spot of the sound field. So as to allow the listener
to move freely whilst listening to the audio, some systems
employ listener tracking, as this for example by Hooley et al.
[9]. Another example was presented by Mannerheim et al.
[10]. This latter approach works by creating a database of
various cross-talk cancellation filters and switching the
different (stored and predetermined) filters according to the
listener position. Therefore, these filters have to be pre-
calculated to account for a large number of potential listener
positions, and hence large memory requirements are needed.
Apart from this, their performance is constrained by the size
of the grid used to calculate the filters and they do not
provide an efficient cross-talk cancellation when the listener
head is between two grid positions.

[0010] We have devised an improved sound reproduction
system.

SUMMARY
[0011] According to the first aspect of the invention there

is provided a sound reproduction system comprising:
[0012] an array of loudspeakers,

[0013] a signal processor arranged to determine input
signals to the loudspeaker array,

[0014] a listener position tracker arranged to sense a
listener’s or various listeners’ instantaneous position relative
to the loudspeaker array,

[0015] the signal processor configured to apply a filter set
to a sound recording to be output by the loudspeaker array,
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s0 as to determine the loudspeaker input signals, wherein the
signal processor further configured to determine updated
operational control parameters of the filter set, based at least
in part on the instantaneous position of a listener as deter-
mined by the listener position tracker, and to adaptively
tailor the operational control parameters of the filter set
accordingly.

[0016] Inembodiments of the invention, a reduction in the
required signal processing load may be achieved, since it is
not required to generate filter elements afresh for each
instance of a new listener position, rather it required to
calculate updates to the required changes in the operational
parameters. This may advantageously result in a reduction in
processing load and time.

[0017] The invention may be viewed as comprising a
loudspeaker array which is controlled by a network of digital
filters that are created and adjusted ‘on-the-fly’ (i.e. in
real-time) according to the instantaneous position of one or
multiple listeners.

[0018] The filter set and the signal processor may be
(collectively) implemented by a digital signal processor.
[0019] Differently to existing approaches, the signal pro-
cessing requirements of embodiments of the sound repro-
duction system may advantageously lower and the underly-
ing processing steps, for example as may be expressed in
algorithmic form, are not constrained by the size and reso-
Iution of a listener position grid used for the creation of a
pre-computed filter database.

[0020] The filter set may be viewed as being a substan-
tially fixed or non-variable logical underlying structure or
functional architecture, and wherein the signal processor is
arranged to be capable of adaptively controlling the control
parameters of that logical structure. By logical structure we
include reference to the types of filter elements, their func-
tionalities and their arrangement with respect to each other
and the loudspeaker array. Preferably, in that context, only or
principally, the way in which the filter set acts on the sound
recording is varied by way of calculating and implementing
the control parameters. In simplified terms this may be
thought of as a processor implementing an equation or
formula on incoming data, such as sound recording data, and
the equation includes a variable, such as a coefficient. The
underlying equation/formula remains the same, however, the
coeflicient is varied during processing of the input data, and
therefore the output varies in accordance with the changes
made to the coefficient.

[0021] The signal processor is preferably arranged to
implement changes in operational control parameters of the
filter set in real-time. Alternatively, the filter set may be
non-adaptive, in that the characteristics (such as the filter
coeflicients, or other control parameter(s)) are predeter-
mined, for example for a sound reproduction system where
the listener or listeners are unlikely to move position relative
to the loudspeaker array. However, such an arrangement,
although not an (automatic) adaptive through listener posi-
tion tracking, could be arranged or configured to allow for
the filter characters to be updated otherwise, such as by
manual intervention, during a calibration or set-up proce-
dure, or otherwise in situations as required.

[0022] Implementation of the updated control parameters
is preferably arranged to control the operational character-
istics of the filter set in respect of the effect of the filter set
as applied to the sound recording in generating the loud-
speaker input signals.
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[0023] The signal processor may be arranged to determine
a value or a set of values which are used to update the
operational parameters of the filter set. The signal processor
may be arranged to directly or indirectly determine the
updated operational control parameters. The operational
control parameters may be viewed as being or comprising
filter coefficients. The signal processor may comprise a filter
coeflicient calculator.

[0024] The signal processor may be arranged to determine
a measure of new operational parameter or a required
change in an operational parameter.

[0025] The signal processor may viewed as implementing
a sequence of two processing stages or iterations, the first
comprising determining updated operational parameters (or
measures or values which suitably alter them) of the filter in
relation to a sensed change in listener position, and a second
being the adaptive control of the filter elements by imple-
mentation of the updated operational parameters.

[0026] The filter set may comprise or constitute a number
of acoustic beam generators, each arranged to control the
speakers to output multiple acoustic beams.

[0027] It will be appreciated that where the filters may
advantageously be realised in the digital domain, in that
instance reference to ‘filter set’ and ‘filter elements’ may be
considered as representing functionalities and processing
operations performed by a data processor acting on digitised
data. The filter elements of a filter set may be represented
and thought of as a logical arrangement or network of
functional blocks.

[0028] The filter set may comprise a plurality of delay-
gain filter elements. The filter set may, in broad terms, be
arranged to selectively control the amplitude and/or the
phase of sound components output by the respective indi-
vidual speakers or collective subsets of the speakers of the
loudspeaker array. One or more filter elements may be
viewed as comprising a gain element and/or a delay element.
Adjustable control parameters may include a variable for
determining a gain, and/or a variable for determining delay
or phase, for the, or each, filter element.

[0029] The signal processing operations performed by the
filter set may be considered as being divided into speaker
specific and speaker non-specific (i.e. common to some or
all speakers). This signal processing structure could be
viewed as splitting the processing into two stages: a first
stage includes a small set of more complex loudspeaker-
independent filters, the number of which depends on the
number of listeners and not on the number of loudspeakers.
A second stage includes as set of simple loudspeaker-
dependent filters, which could be as simple as a set of digital
delays (and gains). The number of these second-stage filters
depends on the number of loudspeakers. An advantage of
this approach is that the complexity of the DSP does not
increase significantly with the number of loudspeakers
because the number of complex loudspeaker-independent
filters does not depend on the number of loudspeakers. Put
another way, if the number of speakers of a loudspeaker
array is increased, the number of speaker-independent filter
elements does not increase. This is particular technical
advantage since it is the speaker independent filter elements
which are more complex as compared to the speaker-
dependent filter elements.

[0030] The filter set may comprise a plurality of speaker-
specific filter elements, each of which may be arranged to be
used in control of the input signal for a particular respective
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speaker. Preferably, the number of speaker-specific filter
elements depends on the number of speakers and the number
of listeners.

[0031] The filter set may comprise a plurality of speaker-
independent filter elements, each of which may be arranged
to be used in control of the input signal for a subset, or all,
of the speakers of the array. Preferably, the number of
speaker-independent filter elements is not dependent on the
number of speakers, but is dependent on the number listen-
ers.

[0032] The filter set may comprise a plurality of speaker-
specific filter elements as well as a plurality of speaker
non-specific filter elements.

[0033] The filter elements may be viewed as forming a
distributed filter architecture.

[0034] Multiple speaker-specific filter elements may be
associated with at least one speaker.

[0035] The filter set, or particular filter elements thereof,
may be arranged to operate on a frequency dependent basis.
[0036] The sound recording may be considered as data
representative of audio material.

[0037] To highlight advantages of embodiments of the
invention, a digital filter can be considered as a sum of; say,
N digital operations. This means that an audio digital signal
is filtered in blocks of N digital samples. In the context of an
adaptive system, this implies that it is not possible to
immediately change the control filters, and it is needed to
wait until the N samples of one filter are outputted in order
to perform any adaptive filter change. In the case of the
loudspeaker array, this implies that if a set of control filters
are used to control the reproduction in a given listener
position and the listener moves to a different position, it will
not be possible to adapt the response of the array until the
processing of the current filter is completed, which will lead
to an inaccurate reproduction for a brief period of time
which may be perceptible to the listener. The system may be
viewed as avoiding this issue by its decomposition of filter
elements into a parallel bank of variable time delay and/or
gain filter elements, where previously the required sum in
serial fashion of N digital operations this is now effected by
a parallel bank of delays. This implies that there is no added
time between switching the output of the filter from one
listener position to a different listener position, as the
gain-delay elements are switched on real-time depending on
the listener’s or listeners’ position. Advantageously, this
means that the sound reproduction system is not only able to
adapt to changes in listener position, but is able to do so in
a highly responsive manner.

[0038] The signal processor may be arranged to determine
distances from the loudspeakers to the pressure control
points at a listener’s head.

[0039] The loudspeaker array may generally comprise a
plurality of individually controllable, or subset controllable,
loudspeakers. The loudspeaker array preferably comprises
electro-acoustic transducers. The loudspeaker array may
comprise a plurality of spatial distributed speakers, which
may be distributed along an azimuth. The speakers may be
arranged in a side-by-side or adjacent relationship, occupy-
ing arranged on a plane.

[0040] The sound reproduction system may be viewed as
a sound reproduction system which may automatically adapt
to changes in listener position.

[0041] The system preferably allows for two different
modes of operation: one is the reproduction of binaural
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audio and the second is the reproduction of personalised
multi-zone audio, and both modes allowing listeners to
move in space and the output of the loudspeaker array is
updated to maximise the quality of the reproduction (in the
new listener position).

[0042] The signal processor may be configured to be
operable in a binaural sound reproduction mode. In this
mode of operation, in which for the, or each, listener a left
listener ear sound beam and a right listener ear beam is
caused to be output by the loudspeaker array. This mode may
be termed a cross-talk cancellation mode. The respective left
and right ear beams may be generated using a filtering
approach in which the beam for one ear contributes sub-
stantially no or negligible energy at the listener’s other ear.
In a binaural mode, acoustic beam generators may comprise
a set of loudspeaker-independent filters (such as IFs, 10) for
example as defined in Eq. 5 and/or a set of loudspeaker-
dependent filters per loudspeaker (for example DFs, 12) as
defined by Eq. 6.

[0043] The signal processor may be configured to be
operable in a personalised mode in which for each of
multiple listeners acoustic beams are generated which direct
different audio to each listener (one beam for each listener)
in a respective personalised zone of the sound field. In this
mode, acoustic beam generators may be implemented using
a set of N speaker-independent filters (such as IFs, 10) as
defined by Eq. 5 and/or N loudspeaker-dependent filters per
loudspeaker (such as DFs, 12) as defined by Eq. 6. For the
case when there is a single listener for the binaural audio
mode or two listeners for the personalised audio mode, the
loudspeaker-independent filters (such as filters IF10, IF11,
1F12, 1F21 and 1F22, as shown the Figures of this applica-
tion) may be implemented using equations 7, 8, 9 and 10.
The signal processor may be (further) simplified by using a
total of NxL loudspeaker-dependent filters. Each of the
loudspeaker-dependent filters may conveniently be provided
by a single delay or delay and gain filter element.

[0044] The signal processor may be arranged to imple-
ment any or all of the equations included in the Detailed
Description below.

[0045] The system may be user-settable to allow a user to
select either a binaural mode or a personalised mode of
sound reproduction. The system may comprise a user inter-
face to allow mode selection, as well as certain parameters
of each mode, such as number of listeners.

[0046] The system may also automatically detect the num-
ber of listeners and adapt the required reproduction accord-
ing to the number of listeners.

[0047] According to a second aspect of the invention there
is provided machine-readable instructions, which, when
executed by a data processor, are arranged to implement
signal processing of a sound reproduction system such that
it is configured to apply a filter set to a sound recording, to
be output by a loudspeaker array, so as to determine the
loudspeaker input signals, wherein the instructions further
configured to determine updated operational control param-
eters of the filter, based at least in part on the instantaneous
position of a listener, or various listeners, as determined by
listener position tracking data, and to adaptively tailor the
operational control parameters of the filter set accordingly.
[0048] The instructions may be stored on a data carrier to
be run by a computer (for example a processor chip) or
embedded DSP board and/or may be realised as software or
firmware.
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[0049] The invention may include one or features
described in the description and/or as shown in the drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

[0050] Various embodiments of the invention will now be
described, by way of example only, with reference to the
following drawings in which:

[0051] FIG. 1 is a schematic representation of a sound
reproduction system operating in a personal audio mode for
multiple listeners, in which an audio system capable of
generating various audio beams are generated to reproduce
various, localised, different audio signals that adjust to the
listeners” position,

[0052] FIG. 2 is a schematic representation of a sound
reproduction system operating in a personal audio mode for
two listeners which shows an audio system capable of
generating two audio beams to reproduce two, localised,
different audio signals, that adjusts automatically to listener
position,

[0053] FIG. 3 is a schematic representation of a sound
reproduction system operating in a binaural audio mode for
multiple listeners which shows an audio system capable of
generating multiple pairs of binaural beams to reproduce
binaural material to various multiple listeners which auto-
matically adjusts to the listener position,

[0054] FIG. 4 is a schematic representation of a sound
reproduction system operating in a binaural audio mode for
a single listener. The Figure illustrates an audio system
capable of generating in which two binaural beams are
generated to reproduce binaural material for a single system,
and the system arranged to adjust automatically to listener
position,

[0055] FIG. 5 illustrates the selection of control points
depending on the “personal audio” mode or a “binaural”
reproduction modes and how the listener tracking device
estimates listener position,

[0056] FIG. 6a shows a block diagram of digital signal
processor (DSP) illustrates the DSP scheme to generate the
different audio beams shown in FIGS. 1 and 3, in which.
each beam generator (BG) block contains the digital signal
processing for creating one of the beams, and the operational
parameters of which are modified according to the listener’s
position provided by a listener tracking device,

[0057] FIG. 6b illustrates the digital signal processing
scheme contained in one of the beam generator (BG) blocks
shown in FIG. 6a, wherein each block contains a set of
loudspeaker-independent filters; and a set of loudspeaker-
dependent filters (DFs) needed for each of the loudspeakers
of the array,

[0058] FIG. 7a illustrates the process to generate the two
audio beams shown in FIGS. 2 and 4. Each beam generator
(BG) block contains the digital signal processing for creat-
ing one of the beams, and is modified according to the
listener position provided by a listener tracking device.
(Note that this is a special case of the DSP scheme illustrated
in FIG. 6a.),

[0059] FIG. 7b illustrates the digital signal processing
contained in one of the BG blocks shown in FIG. 7a, in
which each block contains a set of loudspeaker-independent
filters; these are an equalisation filter (EQ) and a set of two
loudspeaker-independent filters (IFs), and additionally two
loudspeaker-dependent filters (DFs) are also needed for each
loudspeaker. (Note that this is a special case of the DSP
scheme illustrated in FIG. 6a.),
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[0060] FIG. 8a illustrates the structure of one of the
loudspeaker-independent filters (IFs) as those shown in
FIGS. 65 and 7b, which is constituted by a bank of parallel
delay and gain elements,

[0061] FIG. 84 illustrates the structure of one of the
loudspeaker-dependent filters (DFs) as those shown in
FIGS. 65 and 7b, which comprises a gain and a delay
element,

[0062] FIG. 9 illustrates a generalised schematic filter set
of the invention in which a block diagram of digital signal
processor (DSP) illustrates the DSP scheme to generate the
different audio beams shown in FIGS. 1 and 3, wherein a set
of loudspeaker-independent filters is included for each
beam; and a single set of LxN loudspeaker-dependent filters
(DFs) is used that is common to all beams; and

[0063] FIG. 10 illustrates a specific implementation of the
embodiment of FIG. 9 in which a DSP is illustrated arranged
to generate the two audio beams shown in FIGS. 2 and 4, and
wherein the total number of loudspeaker-independent filters
is here 2L.

DETAILED DESCRIPTION

[0064] A sound reproduction system is now described
which is operative in two primary modes. In what may be
termed a ‘personal audio’ mode, shown in FIGS. 1 and 2, a
loudspeaker array 1 provides a set of targeted beams 2
towards the different users 3. In this mode the beams are
created using an inverse filtering approach so that the beam
for one listener delivers almost no acoustic energy to the
other listener, which is critical to provide convincing audio
separation and multi-zone sound reproduction.

[0065] The system also works in a second, ‘binaural’, or
cross-talk cancellation mode, which is shown in FIGS. 3 and
4. In this mode the loudspeaker array 1 provides various
pairs of targeted beams 2 aimed towards the different
listeners’ ears 3; a pair of beams for each listener, one beam
for the left ear and one beam for the right ear. The beams are
created using an inverse filtering approach so that the beam
for one ear contributes almost no energy at the user’s other
ear. This is critical to provide convincing virtual surround
sound via binaural signals.

[0066] The sound reproduction system comprises a signal
processor, such as a data processor, and processing being
effected in accordance with machine-readable instructions
stored a memory associated with the processor. The signal
processor effects this processing in the digital domain.
[0067] As will be described below, the sound reproduction
system is an adaptive system in which the input signals to
the loudspeaker array are controlled in response to a change
in a listener’s instantaneous position relative to the loud-
speaker array.

[0068] The sound reproduction disclosed herein is oper-
able with loudspeaker arrays with an arbitrary number of
speaker units, [, and in the same way is able to generate an
arbitrary number of beams N for a given number M of
listeners in either the ‘personal audio’ or the ‘binaural’ mode.
The principal difference between the two reproduction
modes is how the control points for the creation of the beams
are chosen; for the ‘personal audio’ mode these control
points are the centre of the listener’s head (or listeners’
heads), whilst that for the ‘binaural’ mode the control points
are the listener’s (or listeners’) ears, as shown in FIG. 5.
[0069] For both reproduction modes the control param-
eters of filters used to control the output of the loudspeaker
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array are updated in real-time according to the listeners’
positions. The listener positional information is obtained in
real-time by a listener tracking device 4, which provides the
Cartesian coordinates of the listeners’ positions 5 for the
personal audio mode or of the listener’s ears positions for the
binaural mode, as shown in FIG. 5. This device can be any
kind of suitable device, e.g., a magnetic tracker, a video
tracker, a Microsoft Kinect, a mobile phone with GPS, an
infra-red tracker, or a remote control held by the listener. The
listener position information is fed in real-time to a filter
coeflicient calculator 6. This block takes the x, y, z position
information of each listener 3 and outputs a set of filter
coefficients 7. This information is afterwards fed to the
different beam generators, BGs, 8), as shown in FIGS. 6a
and 7a, which comprise the array control filters and generate
acoustic beams to reproduce the various personalised or
binaural signals, as required.

[0070] The logical structure of the digital signal process-
ing occurring in each beam generator ((BGs, 8) shown in
FIGS. 64 and 7a) can be observed in FIGS. 65 and 7b. The
instantaneous operational parameters of the beam generators
are controlled in real-time by the filter coefficients 7 and
comprises a set of loudspeaker-independent filters and a set
of loudspeaker-dependent filters. The loudspeaker-indepen-
dent filters are termed this way because they are common for
all the loudspeakers and are formed by an equalisation filter,
EQ, 9 and a set of independent filters, IFs, 10. The loud-
speaker-dependent filters, DF, 12 are different for each of the
array loudspeakers 13.

[0071] Reference is made to FIGS. 9 and 10 which shows
an alternative embodiment, but encompassing substantially
the same underlying concept. In the filter set shown in FIG.
9, which shows the generalised case in which the signal
processing is further simplified by using a set of loud-
speaker-dependent filters that is common to all beam gen-
erators. This highly advantageously allows a significant
reduction in the number of speaker-dependent filter elements
required. In FIG. 10, the filter arrangement relates to the
specific case of two generated beams, but similarly all
loudspeaker-dependent filters are common to both beams.

[0072] One aspect of the system is based on the decom-
position of a given filter into a set of sparse gain and delay
elements. The filters may be created based on pressure-
matching or least square inversion, as for example shown in
[11, 12], but may also be created following any inverse
procedure for sound reproduction. Differently from previous
techniques, however, the system can produce in real-time the
time-domain coefficients of the filters. This is achieved with
determining instantaneous analytical solutions of the under-
lying inverse problem.

[0073] Based on the information provided by the listener
tracking device, the filter coefficient calculator 6 estimates
the distances 14, r,,, from each loudspeaker of the array to
the pressure control points, as shown in FIG. 5. The pressure
control points are defined by the centre of the listeners” head
15 or by the listeners’ ears 16, depending on the sound
reproduction mode, either ‘personal audio’ or ‘binaural’,
respectively.

[0074] These distances are afterwards used to form the
electro-acoustical transfer functions of the loudspeaker
array. These are contained in the matrix C, which has a
dimension NxL, where N is the number of control points and
L is the number of loudspeakers.
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[0075] This is written as:
C1 (1)
[
C=
CN
[0076] Each element of this matrix is formed assuming a

monopole like behaviour of each of the loudspeakers of the
array

Cu=len e, L, e e, ()]

[0077] where k=w/c,is the wavenumber, being w2nf the
pulsating frequency in rad/s and c, the speed of sound in air,
and j=V-1. In this case c,, =1/r,, is an attenuation factor.
[0078] The filters, given as a vector H, are defined by an
equation of the form

1
" det(CCH + BI)

ctadj (cc? + pnpr. ®

[0079] where ‘det’ represents the determinant of the
matrix |ICC#+B1l and ‘adj’ represents the adjugate matrix.
More particularly,

[0080] the adjugate matrix (CC*+

speaker-independent filters

[0081] the transpose matrix C¥ represents the loud-
speaker-dependent filters

[0082] the 1/det(CC#+pD)represents the equalisation filter
[0083] Splitting the signal processing into these three
separate (logical) groups or elements, corresponding to
separate filtering stages, enables a significant simplification
of' the signal processing, as described above. The magnitude
[ represents a regularisation parameter used to control the
amount of electrical energy used by the filters. The vector p,
is the target pressure vector, used to control the reproduced
pressure at the different pressure control points for each of
the beams, with a size Nx1. The selection of the pressure
target vectors is performed according to the control points
depicted in FIG. 5. For the personal audio mode this is 1 at
the listener positions where the sound pressure level is to be
maximised and O at the listener positions where the audio
signal is to be minimised. For the binaural audio mode this
is 1 at the listeners’ ear where the pressure is to be maxi-
mised and O at the listeners’ ears where the pressure is to be
minimised. The adjugate matrix can be written as

pDrepresents the loud-

an+p  an ay “)
o @ aptf :
adj(CC™ + ) = . .
ayy ..oanw +f

[0084] where each a,,,, are the adjugate elements of the
matrix.
[0085] The adjugate clements, expressed as a summatory

of N-I!LA™"1) delays, serve to create the loudspeaker-
independent filters, IFs, 10 shown in FIGS. 65 and 754, and
their impulse responses are defined as



US 2019/0090060 A1

(N—1pLN=1) (5)

IFm®= 3" 8oumOlt = dypm =T,
b=1

[0086] with a total of N loudspeaker-independent filters
required per beam, where T is a modelling delay introduced
to ensure that the filters are causal. Each filter element
expressed in Eq. 5 can be implemented in real-time by a
parallel bank of variable delay-gain elements (17, FIG. 8a)
the coeflicients of which, g, , ,,and d,, .. may be calculated
from the adjugate matrix and updated in real-time based on
the filter coefficient information (7, FIGS. 6a and 7a).
Alternatively, the filters expressed in Eq. 5 can be imple-
mented as FIR or IIR filters.

[0087] The system may include an equalization filter, (EQ,
9), shown in FIGS. 65 and 76. This filter can be implemented
as an FIR or an IIR. The coefficients of the equalisation filter
may be calculated from the determinant, det (CCZ+pI), and
can be updated in real-time depending on the listener
position.

[0088] The loudspeaker-dependent filters are expressed as
DF =g, A1+~ T), 6
[0089] where g,, may be chosen as ¢,,; and T,,,=,,,/C, These

are implemented by a single gain-delay element 17, as that
illustrated in FIG. 85, which is controlled in real-time by the
filter coefficients information 7. It is possible to have a set of
NL loudspeaker-dependent filters for each beam generator,
as shown in FIG. 7. However, since the loudspeaker-depen-
dent filters are the same for each beam generator, it is
possible to simplify the signal processing by using a set of
loudspeaker-independent filters that is common to all beam
generators, thus having a total of NL loudspeaker dependent
filters. This is shown in FIGS. 9 and 10. In FIG. 9 the
generalised case is shown, and in FIG. 10 the case of a two
beam scenario is shown. In each case a single set of
speaker-independent filter elements is advantageously pro-
vided for all beams.

[0090] For the specific case in which the loudspeaker array
operates in ‘personal audio’ mode with 2 listeners or in
‘binaural’ mode with a single listener, as in the DSP scheme
of FIG. 7b, the time domain expression for the loudspeaker-
independent filters, IFs, 10 and the loudspeaker-dependent
filters 12 can be obtained in a simpler, direct, way. This is
desirable, because it can be used to program the filter
coeflicient calculator block 6 in a very efficient manner. The
impulse responses of the loudspeaker-independent filters 10
can be expressed in the time domain as:

IF | =0,8(-1), @]
IF 150500t~ 1=~ T1), (8)
IF 51015, 8(t- [0~ 1), )
and
IF 5,=0,50 (= T). (10)
[0091] where T is a modelling delay.
[0092] It is possible to choose the following quantities to

be
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o :(|02|+ﬁ)’ (1D

(12

a3

and
_lel+ B 14
azz—( Ar ),
[0093] where A,=lc,llc,l+B(Ic,l+Ic,)+fB> These expres-

sions, which are updated in real-time by the filter coefficient
calculator 6, give the filter coefficients 7 used to populate the
different delay-gain elements for the delay-gain elements 17
of the independent filters shown in FIG. 8a.

[0094] For the DSP diagram shown in FIG. 75 the equali-
sation filter, EQ, 9 can be implemented as an FIR or an IIR
filter. The coeflicients of the equalisation filter can be
calculated from the determinant, det (CC#+pI), and can be
updated in real-time depending on the listener position.
[0095] The impulse responses of the loudspeaker-depen-
dent filters are expressed in the time domain as

DF;=b,d(t+7,~T), 15)
and
DF 5=byd(t+75-T), (16)

[0096] where it is possible to choose b,,=c,; and b,;=c,,.
These impulse responses are implemented using loud-
speaker-dependent filter arrangements as shown in FIG. 86
constituted by a gain-delay element 17.

[0097] In contrast to the known approaches, the above
sound production techniques advantageously calculate the
filters for the loudspeaker arrays using a time domain
approach, which can obtain the filter coefficients in real-time
for each listener position. This requires a simpler, less-
demanding signal processing scheme and does not limit the
range of movements of the listener to the size of the
measurement grid.
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1. A sound reproduction system comprising:

an array of loudspeakers,

a signal processor which determines input signals to the

loudspeaker array,
a listener position tracker arranged to sense a listener’s
instantaneous position relative to the loudspeaker array,

wherein the signal processor is configured to apply a filter
set to a sound recording to be output by the loudspeaker
array, so as to determine the loudspeaker input signals,
wherein the signal processor is further configured to
determine updated operational control parameters of
the filter, based at least in part on the instantaneous
position of a listener as determined by the listener
position tracker, and to adaptively tailor the operational
control parameters of the filter set accordingly, and
wherein the filter set comprises a plurality of delay-gain
filter elements, and further wherein the filter set com-
prises a plurality of loudspeaker-specific filter elements
which are each associated with different respective
speakers of the loudspeaker array, and further compris-
ing a plurality of loudspeaker-independent filter ele-
ments which are each common to a plurality of the
loudspeakers of the array.

2. The sound reproduction system of claim 1, wherein the
sound reproduction system is arranged to determine a value
or a set of values which are used to update the operational
parameters of the filter set.

3. The sound reproduction system of claim 1, wherein the
filter set comprises or constitutes a number of acoustic beam
generators, each arranged to control the speakers to output
multiple acoustic beams.

4. The sound reproduction system of claim 3, wherein the
steering direction of the acoustic beams produced is
arranged to be varied in response to sensed listener posi-
tioning relative to the loudspeaker array.

5. The sound reproduction system of claim 3, wherein the
beam generators are arranged to generate acoustic beams
which deliver binaural audio signals to one or more listeners.

6. The sound reproduction system of claim 3, wherein the
beam generators are arranged to control reproduced pressure
at the ears of at least one listener taking account of sensed
listener positioning.
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7. A filter set signal processing apparatus for providing
input signals to a loudspeaker array that includes a filter set
comprising a plurality of delay-gain filter elements, wherein
the filter set comprises a plurality of loudspeaker-specific
filter elements which are each associated with different
respective speakers of the loudspeaker array, and further
comprising a plurality of loudspeaker-independent filter
elements which are each common to a plurality of the
loudspeakers of the array.

8. The filter set signal processing apparatus of claim 7,
wherein the filter set comprises or constitutes a number of
acoustic beam generators, each arranged to control the
speakers to output multiple acoustic beams.

9. The filter set signal processing apparatus of claim 8,
wherein the beam generators are arranged to generate acous-
tic beams which deliver binaural audio signals to one or
more listeners.

10. The filter set signal processing apparatus of claim 8,
wherein the beam generators are arranged to deliver differ-
ent audio to different respective listeners.

11. The filter set signal processing apparatus of claim 7,
wherein the filter set comprises an equalisation filter com-
prising at least one of a non-adaptive Finite Impulse
Response, FIR, filter or an Infinite Impulse Response, I1IR,
filter.

12. The filter set signal processing apparatus of claim 7,
wherein the filter set comprises an equalization filter com-
prising at least one of an adaptive Finite Impulse Response,
FIR, filter or an Infinite Impulse Response, IIR, filter.

13. The filter set signal processing apparatus of claim 7,
wherein the filter set comprises Head Related Transfer
Function, HRTF, compensation Finite Impulse Response,
FIR, filters arranged to flatten the reproduced pressure at
listeners’ ears.

14. The filter set signal processing apparatus of claim 7,
wherein the processor is arranged to determine instanta-
neous solutions of the underlying inverse problem.

15. The filter set signal processing apparatus of claim 7,
wherein each of the loudspeaker-specific filters comprises of
a delay and gain element.

16. The filter set signal processing apparatus of claim 7,
wherein a group of loudspeaker-specific filter elements are
arranged to be common to least two or all generated audio
beams.

17. The filter set signal processing apparatus of claim 16,
wherein the number of loudspeaker-specific filters is LN,
where L is the number of speakers, and N is the number of
audio beams.

18. A sound reproduction system comprising the filter set
signal processing apparatus of claim 7.

19. Machine-readable instructions, which, when executed
by a data processor, are arranged to implement signal
processing of a sound reproduction system such that it is
configured to apply a filter set to a sound recording, to be
output by a loudspeaker array, so as to determine the
loudspeaker input signals, wherein the instructions are fur-
ther configured to determine updated operational control
parameters of the filter, based at least in part on the instan-
taneous position of a listener as determined by listener
position tracking data, and to adaptively tailor the opera-
tional control parameters of the filter set accordingly,
wherein the filter set comprises a plurality of delay-gain
filter elements, and further wherein the filter set comprises
a plurality of loudspeaker-specific filter elements which are



US 2019/0090060 A1 Mar. 21, 2019

each associated with different respective speakers of the
loudspeaker array, and further comprising a plurality of
loudspeaker-independent filter elements which are each
common to a plurality of the loudspeakers of the array.
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