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(57) Abstract: The invention relates to an audio signal processing apparatus (100) for processing an input audio signal (101), com-
prising a filter unit (103) comprising a plurality of filters (103a-u), each filter (103a-u) contigured to filter the input audio signal
(101) to obtain a plurality of filtered audio signals (105), each filter (103a-u) designed according to an extended mode matching
beamforming applied to a surtace of a half revolution, the surface partially characterizing a loudspeaker enclosure shape, a plurality
of scaling units (107a-v), each scaling unit (107a-v) configured to scale the plurality of filtered audio signals (105) using a plurality
of gain coefficients to obtain a plurality of scaled filtered audio signals (108), and a plurality of adders (109a-w), each adder (109a-
w) configured to combine the plurality of scaled filtered audio signals (108), thereby providing an output audio signal (111) for pro -
ducing a sound field having a beam directivity pattern defined by the plurality of gain coefficients. Moreover, the invention relates to
a sound emission apparatus (120).
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AN AUDIO SIGNAL PROCESSING APPARATUS AND A SOUND EMISSION
APPARATUS

TECHNICAL FIELD

The present invention relates to the field of audio signal processing. In particular, the
present invention relates to an audio signal processing apparatus and a sound emission

apparatus comprising a transducer array.

BACKGROUND

Different configurations and shapes of transducer or loudspeaker arrays for outputting one
or more audio signals are known from the prior art. WO2011/144499 A1, for instance,
discloses a circular loudspeaker array mounted on a cylindrical body. By processing the
audio signal in a suitable manner the directivity of the circular loudspeaker array disclosed

in WO2011/144499 A1 can be controlled. This process is usually called beamforming.

In the majority of cases, for circular and spherical loudspeaker arrays, beamforming is
based on the so-called "mode-matching" approach. The objective is to generate a sound
beam with a circular loudspeaker array mounted on a cylindrical body. The array consists
of L loudspeakers flush-mounted on the surface of a rigid (ideally infinite) cylinder at the
same height. The angular spacing between loudspeakers is assumed to be uniform. The
signal gq,(w) driving the I-th loudspeaker at angular coordinate ¢,, that is required to
generate a sound beam steered towards direction ¢,, is given by the following expression

(in the frequency domain):

q1(0) = X(0) IN__y e™MPr=t)C, (w), (1)

where X(w) is the mono audio input signal associated with the sound beam, N is a
parameter that controls the width of the beam, i is the imaginary unit and C,,(w) is a
frequency dependent function that depends on the radius of the cylinder and on the
characteristic of the loudspeakers. The coefficients C,,(w) are generally obtained from the
analytical expression of the sound field radiated by a rectangular piston on an infinite and
rigid cylindrical baffle (M. Kolundzija, C. Faller, and M. Vetterli, "Design of a Compact
Cylindrical Loudspeaker Array for Spatial Sound Reproduction”, AES 130th Conv., 2011;
M. Moller, M. Olsen, F. Agerkvist, J. Dyreby, and G. Munch, "Circular loudspeaker array
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with controllable directivity”, in Audio Engineering Society Convention 128, 2010). A more
advanced but similar expression was derived that accounts also for the finite height of the
rigid cylinder (H. Teutsch and W. Kellermann, "Acoustic source detection and localization
based on wavefield decomposition using circular microphone arrays", Journal of the
Acoustical Society of America, vol. 120, pp. 2724-2736, Nov 2006).

SUMMARY

It is an object of the invention to provide an innovative audio signal processing apparatus

fitting an innovative sound emission apparatus.

The foregoing and other objects are achieved by the subject matter of the independent
claims. Further implementation forms are apparent from the dependent claims, the

description and the figures.

According to a first aspect, an audio signal processing apparatus for processing an input
audio signal is provided, comprising a filter unit comprising a plurality of filters, each filter
configured to filter the input audio signal to obtain a plurality of filtered audio signals, each
filter designed according to an extended mode matching beamforming applied to a
surface of a half revolution, the surface partially characterizing a loudspeaker enclosure
shape, a plurality of scaling units, each scaling unit configured to scale the plurality of
filtered audio signals using a plurality of gain coefficients to obtain a plurality of scaled
filtered audio signals, and a plurality of adders, each adder configured to combine the
plurality of scaled filtered audio signals, thereby providing an output audio signal for
producing a sound field having a beam directivity pattern defined by the plurality of gain
coefficients. A surface of a half revolution is defined by rotating a generatrix by 180°
around a straight line, i.e. an axis, in the plane of the generatrix. In case of a generatrix in
the form of a straight line running parallel to the axis the surface of a half revolution is the
outer surface of a half cylinder. Herein extended mode matching beamforming is defined
as an extension of conventional mode matching beamforming to such a surface of a half

revolution.

Thus, an innovative audio signal processing apparatus is provided.
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In a first possible implementation form of the audio signal processing apparatus according
to the first aspect, the impulse response of an n-th filter of the plurality of filters is defined

by the following equation or an equation derived therefrom:

Ry(t) = F [Fn(:,w) ]

wherein F! denotes the inverse Fourier transformation, I',,characterizes, as a function of
radial distance r and frequency w, an n-th order coefficient of a Fourier series describing a
radiation polar pattern of a transducer array conforming to the curvature of a surface of full
revolution comprising the surface of the half revolution, the n-th order coefficient is

dependent on the loudspeaker enclosure shape, and R, (t) denotes the impulse response

of the n-th filter as a function of time.

In a second possible implementation form of the audio signal processing apparatus
according to the first implementation form the impulse response of the n-th filter is defined

by the following equation or an equation derived therefrom:

— -1 _Taw)y
R,(6) =F [|rn(r,w)|2+ﬁn(w)]’

wherein ,, denotes a definable regularization parameter (which is generally frequency

dependent).

In a third possible implementation form of the audio signal processing apparatus
according to the first or the second implementation form of the first aspect of the invention,

T, is defined by the following equation or an equation derived therefrom:

T, = 2i""b, (kR),

wherein the function b, (kR) is defined by the following equation or an equation derived

therefrom:

2i

bn(§) =
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wherein & denotes the product kR, k denotes the wave number, R denotes the radius of
the surface of the half revolution and H,," denotes a derivative of the n-th order Hankel

function.

In a fourth possible implementation form of the audio signal processing apparatus
according to any one of the first to third implementation form of the first aspect of the
invention, the output audio signal for the I-th transducer of the transducer array is defined

by the following equation or an equation derived therefrom:
z/(t) = TpZblx (@R, ()] Gry,

wherein z;(t) denotes the output signal as a function of time, x(t) denotes the input audio
signal as a function of time, ® denotes the convolution operator, where n can range from
0 to N and N depends on the beam directivity pattern, and G,,; denotes the n-th gain

coefficient for the [-th transducer.

In a fifth possible implementation form of the audio signal processing apparatus according
to the fourth implementation form of the first aspect, the n-th gain coefficient for the I-th
transducer of the transducer array is defined by the following equation or an equation

derived therefrom:

Gy = Y52 cos(ne))f,

wherein 6,, denotes the Kronecker delta being equal to 1 if n=0 and equal to 0 otherwise,
L denotes the number transducers of the transducer array, ¢; denotes the angular

coordinate that identifies the position of the [-th transducer of the transducer array and f,
characterizes the n-th coefficient of the Fourier series or Fourier cosine series describing

a desired beam directivity pattern as a function of the radiation angle.

In a sixth possible implementation form of the audio signal processing apparatus
according to the fifth implementation form of the first aspect of the invention, the beam
directivity pattern is a single beam in a direction defined by an angle ¢, and wherein the
n-th directivity coefficient f,, is defined by the following equation or an equation derived

therefrom:
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fa = /2 — 8y (¢o) cOS(ngy),

wherein y(¢,) is an angular dependent factor given by the following equation or an

equation derived therefrom:

1
Ti=0(2—8n) cos(ng)?’

Y(do) =

In a seventh possible implementation form of the audio signal processing apparatus
according to any one of the fourth to sixth implementation form of the first aspect of the
invention, the beam directivity pattern is defined by multiple beams in respective directions
defined by a respective angle ¢; and wherein the output audio signal z;(t) for the I-th
transducer of the transducer array is given by the following equation or an equation

derived therefrom:
2/(t) = S5 X [x(O®R, (DS (t — 1)K;] Gy i (0,

wherein | denotes the total number of beams of the beam directivity pattern, 7; denotes

the time delay for the j-th beam and K;denotes the gain for the j-th beam.

In an eighth possible implementation form of the audio signal processing apparatus
according to the first aspect as such or according to any one of the preceding
implementation forms, the filter unit, the plurality of scaling units and the plurality of adders
are configured to process at least two audio input audio signals, thereby providing a
stereo output audio signal for producing a stereo sound field having the beam directivity

pattern defined by the plurality of gain coefficients.

In a ninth possible implementation form of the audio signal processing apparatus
according to the first aspect as such or according to any one of the preceding
implementation forms, the filter unit, the plurality of scaling units and the plurality of adders
are further configured to provide a further output audio signal for producing a further
sound field, via a half axisymmetric loudspeaker array, having a further beam directivity

pattern defined by the plurality of gain coefficients.

In a tenth possible implementation form of the audio signal processing apparatus

according to the first aspect as such or according to any one of the preceding
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implementation forms, the audio signal processing apparatus further comprises a bass
enhancement unit, wherein the bass enhancement unit is configured to process each
audio input signal individually upstream of the filter unit, the plurality of scaling units, and

the plurality of adders.

In an eleventh possible implementation form of the audio signal processing apparatus
according to the first aspect as such or according to any one of the preceding
implementation forms, the audio signal processing apparatus further comprises a filter
network for dividing the input audio signal into two or more divided input audio signals of
differing frequency bandwidths, thereby providing at least a first and second input audio
signal, and a further filter unit, a further plurality of scaling units, and a further plurality of
adders for processing the second input audio signal, thereby providing a second output
audio signal for producing the sound field having the beam directivity pattern defined by

the plurality of gain coefficients.

According to a second aspect, a sound emission apparatus is provided comprising a
loudspeaker enclosure comprising a sound emission section and a rear section, wherein
the sound emission section is coupled to or integral with the rear section and the sound
emission section generally defines a surface of a half revolution about an axis extending
along a length of the loudspeaker enclosure, and at least one transducer array mounted
on the sound emission section of the loudspeaker enclosure, wherein a plane passing
through the transducer array is orthogonal to the axis, the at least one transducer array
being curved such that the at least one transducer array conforms to the curvature of the
surface of the half revolution. Alternatively, the sound emission apparatus comprises a
loudspeaker enclosure comprising a sound emission section and a rear section, wherein
the sound emission section is coupled to or integral with the rear section and the sound
emission section generally defines a surface of a half revolution about an axis extending
along a length of the loudspeaker enclosure, and at least one transducer array mounted
within the loudspeaker enclosure and connected to an array of waveguides defining an
array of sound emission ports in the sound emission section of the loudspeaker enclosure,
wherein a plane passing through the array of sound emission ports is orthogonal to the
axis, the array of sound emission ports being curved such that the array of sound

emission ports conforms to the curvature of the surface of the half revolution.

Thus, an innovative sound emission apparatus is provided.
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In a first possible implementation form of the sound emission apparatus according to the
second aspect of the invention, the at least one transducer array substantially spans the

width of the sound emission section.

In a second possible implementation form of the sound emission apparatus according to
the second aspect of the invention as such or according to the first implementation form
thereof, the sound emission section defines an aperture for mounting the at least one

transducer array.

In a third possible implementation form of the sound emission apparatus according to the
second aspect of the invention as such or according to the first or second implementation

form thereof, the loudspeaker enclosure generally defines a half axis-symmetric shape.

In a fourth possible implementation form of the sound emission apparatus according to the
second aspect of the invention as such or according to any one of the first to third
implementation form thereof, the loudspeaker enclosure generally defines one of a half-

cylindrical shape or a half-conical shape.

In a fifth possible implementation form of the sound emission apparatus according to the
third or fourth implementation form of the second aspect of the invention, the sound
emission apparatus comprises a further loudspeaker enclosure that generally defines the
half axis-symmetric shape, the further loudspeaker enclosure comprising a sound
emission section and a rear section, wherein the sound emission section is coupled to or
integral with the rear section and the sound emission section generally defines a further
surface of the half revolution about a further axis extending along a length of the further
loudspeaker enclosure, and at least one further transducer array mounted on the sound
emission section of the further loudspeaker enclosure, wherein a further plane passing
through the further transducer array is orthogonal to the further axis, the at least one
further transducer array being curved such that the at least one further transducer array
conforms to the curvature of the further surface of the half revolution, wherein the rear
section of the further loudspeaker enclosure is configured to be coupled to the rear
section of the loudspeaker enclosure thereby generally defining an axis-symmetric shape
or at least one further transducer array mounted within the further loudspeaker enclosure
and connected to a further array of waveguides defining a further array of sound emission
ports in the sound emission section of the further loudspeaker enclosure, wherein a

further plane passing through the further array of sound emission ports is orthogonal to
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the further axis, the further array of sound emission ports being curved such that the
further array of sound emission ports conforms to the curvature of the further surface of

the half revolution.

In a sixth possible implementation form of the sound emission apparatus according to the
second aspect as such or according to any one of the first to fifth implementation form
thereof, the at least one transducer array comprises a first transducer array and a second
transducer array, wherein a first plane passing through the first transducer array is
orthogonal to the axis, a second plane passing through the second transducer array is

orthogonal to the axis, and the first and second planes are parallel to each other.

In a seventh possible implementation form of the sound emission apparatus according to
the sixth implementation form of the second aspect of the invention, the positions of the
transducers of the first transducer array have an angular offset relative to the positions of

the transducers of the second transducer array.

In an eighth possible implementation form of the sound emission apparatus according to
the seventh implementation form of the second aspect of the invention, the angular offset
is about half of the angular spacing between neighboring transducers of the first

transducer array.

In a ninth possible implementation form of the sound emission apparatus according to the
second aspect of the invention as such or according to any one of the first to eighth
implementation form thereof, the sound emission apparatus further comprises an audio
signal processing apparatus according to the first aspect of the invention as such or

according to any one of the first to eleventh implementation form thereof.

BRIEF DESCRIPTION OF THE DRAWINGS

Further embodiments of the invention will be described with respect to the following

figures, in which:

Fig. 1 shows a schematic diagram illustrating an audio signal processing apparatus
according to an embodiment and a sound emission apparatus according to an

embodiment;
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Fig. 2 shows a perspective view of a sound emission apparatus according to an

embodiment in a first configuration and in a second configuration;

Fig. 3 shows a perspective view of a sound emission apparatus according to an

embodiment in a second configuration;

Fig. 4 shows a perspective view of a sound emission apparatus according to an

embodiment in a first configuration;

Fig. 5 shows a perspective view of a sound emission apparatus according to an

embodiment in a first configuration;

Fig. 6 shows a schematic top view of an implementation scenario for a sound emission

apparatus according to an embodiment in a first configuration;

Fig. 7 shows a schematic top view of an implementation scenario for a sound emission

apparatus according to an embodiment in a second configuration;

Fig. 8 shows a schematic top view of an implementation scenario for a sound emission

apparatus according to an embodiment in a second configuration;

Fig. 9 shows a schematic top view of a sound emission apparatus according to an

embodiment in a first configuration and in a second configuration;

Fig. 10 shows a schematic diagram illustrating an audio signal processing apparatus

according to an embodiment;

Fig. 11 shows a schematic diagram illustrating an audio signal processing apparatus

according to an embodiment; and

Fig. 12 shows a schematic diagram illustrating an audio signal processing apparatus

according to an embodiment.

As far as possible, identical reference signs have been used in the different figures for

identical or at least functionally equivalent features.
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DETAILED DESCRIPTION OF EMBODIMENTS

In the following detailed description, reference is made to the accompanying drawings,
which form a part of the disclosure, and in which are shown, by way of illustration, specific
aspects in which the present invention may be practiced. It is understood that other
aspects may be utilized and structural or logical changes may be made without departing
from the scope of the present invention. The following detailed description, therefore, is
not to be taken in a limiting sense, as the scope of the present invention is defined by the
appended claims. For instance, it is understood that the features of the various exemplary
aspects described herein may be combined with each other, unless specifically noted

otherwise.

Figure 1 shows schematically an audio signal processing apparatus 100 according to an

embodiment.

The audio signal processing apparatus 100 is configured to process an input audio
signal 101. As indicated in figure 1, the input audio signal 101 can comprise more than
one input audio signal or channel, for instance, the left channel and the right channel of a

stereo input audio signal.

The audio signal processing apparatus 100 comprises a filter unit 103 having a plurality of
filters 103a-u. The filters 103a-u of the filter unit 103 are configured to filter the input audio
signal 101 to obtain a plurality of filtered audio signals 105 and are designed according to
an extended mode matching beamforming applied to a surface of a half revolution,
wherein the surface partially characterizes the shape of a loudspeaker enclosure, such as
the loudspeaker enclosure 121 shown in figure 1. A surface of a half revolution is defined
by rotating a generatrix by 180° around a straight line, i.e. an axis, in the plane of the
generatrix. In case of a generatrix in the form of a straight line running parallel to the axis
the surface of a half revolution is the outer surface of a half cylinder. Herein extended
mode matching beamforming is defined as an extension of conventional mode matching

beamforming to such a surface of a half revolution.

The audio signal processing apparatus 100 further comprises a plurality of scaling
units 107a-v, wherein each scaling unit 107a-v is configured to scale the plurality of
filtered audio signals 105 (provided by the filter unit 103) using a plurality of gain

coefficients to obtain a plurality of scaled filtered audio signals 108.

10
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The audio signal processing apparatus 100 further comprises a plurality of adders 109a-
w, wherein each adder 109a-w is configured to combine the plurality of scaled filtered
audio signals 108, thereby providing an output audio signal 111 for producing a sound
field having a beam directivity pattern defined by the plurality of gain coefficients. As
indicated in figure 1, the output audio signal 111 can generally comprise a plurality of
output audio signals. In an embodiment, each adder 109a-w can be configured to add the
plurality of scaled filtered audio signals 108. In an embodiment, each adder 109a-w can
be configured to combine the plurality of scaled filtered audio signals 108 for providing a
respective output signal 111 to each transducer of a transducer array, for instance, the
transducer array 123 shown in figure 1. Generally, the number of transducers corresponds

to the numbers of adders 109a-w.

Figure 1, furthermore, shows schematically a sound emission apparatus 120 in
communication with the audio signal processing apparatus 100. Although shown as a
separate component in figure 1, in an embodiment the audio signal processing apparatus

100 can be part of the sound emission apparatus 120.

The sound emission apparatus 120 comprises a loudspeaker enclosure 121 having a
sound emission section 121a and a rear section 121b, wherein the sound emission
section 121a is coupled to or integral with the rear section 121b. Generally, the sound
emission section 121a defines a surface of a half revolution about an axis extending along
a length of the loudspeaker enclosure 121. In the schematic diagram of figure 1 this axis

runs normal to the plane defined by figure 1.

Moreover, the sound emission apparatus 120 comprises at least one transducer

array 123a comprising a plurality of transducers or loudspeakers that can be mounted on
the sound emission section 121a of the loudspeaker enclosure 121, wherein a plane
passing through the transducer array 123a is orthogonal to the axis. In the schematic
diagram of figure 1, the plane passing through the transducer array 123a coincides with
the plane defined by figure 1. As indicated in figure 1, the transducer array 123a is curved
such that the transducer array 123a conforms to the curvature of the surface of the half

revolution.
In an embodiment, the transducers of the transducer array 123a can be flush-mounted on

the surface of the sound emission section 121a of the loudspeaker enclosure 121. To this

end, in an embodiment one or more apertures can be provided in the sound emission

11
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section 121a of the loudspeaker enclosure 121 for accommodating the transducer
array 123a. In an embodiment of the sound emission apparatus 120, further apertures can

be provided in the loudspeaker enclosure 121 providing, for instance, for acoustic vents.

In an embodiment, the transducers of the transducer array 123a can be combined with
waveguides integrated in the sound emission apparatus 120. In this embodiment, each
transducer of the transducer array 123a can be mounted in the interior of the loudspeaker
enclosure 121 and a waveguide can connect a diaphragm of each transducer with a
sound emission port on the sound emission section 121a, i.e. with the exterior of the

sound emission apparatus 120.

In the following, further implementation forms, embodiments and aspects of the audio

signal processing apparatus 100 and the sound emission apparatus 120 will be described.

Figure 2 shows a perspective view of the sound emission apparatus 120 according to an
embodiment in a first configuration and in a second configuration. In comparison to the
sound emission apparatus 120 shown in figure 1, the sound emission apparatus 120
shown in figure 2 comprises in addition to the loudspeaker enclosure 121 a further

loudspeaker enclosure 221 comprising a further transducer array 223a.

In an embodiment, the further loudspeaker enclosure 221 that generally can have a half
axisymmetric shape comprises a sound emission section 221a and a rear section 221b. In
an embodiment the sound emission section 221a is coupled to or integral with the rear
section 221b and generally defines a further surface of the half revolution about a further
axis extending along a length of the further loudspeaker enclosure 221. In an
embodiment, the further transducer array 223a is mounted on the sound emission section
221a of the further loudspeaker enclosure 221, wherein a further plane passing through
the further transducer array 223a is orthogonal to the further axis. In an embodiment, the
further transducer array 223a is curved such that the further transducer array 223a
conforms to the curvature of the further surface of the half revolution. In an alternative
embodiment, the further transducer array can be mounted within the further loudspeaker
enclosure 221 and connected to a further array of waveguides defining a further array of
sound emission ports in the sound emission section 221a of the further loudspeaker
enclosure 221, wherein a further plane passing through the further array of sound

emission ports is orthogonal to the further axis and the further array of sound emission

12
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ports being curved such that the further array of sound emission ports conforms to the

curvature of the further surface of the half revolution.

In an embodiment, the rear section 221b of the further loudspeaker enclosure 221 is
configured to be coupled to the rear section 121b of the loudspeaker enclosure 121
thereby generally defining an axis-symmetric shape. This is shown on the left hand side of
figure 2, wherein the rear section 221b of the further loudspeaker enclosure 221 is
coupled to the rear section 121b of the loudspeaker enclosure 121, thereby defining a first
configuration of the sound emission apparatus 120. On the right hand side of figure 2, the
loudspeaker enclosure 121 containing the transducer array 123a and the further
loudspeaker enclosure 221 containing the further transducer array 223a are separated
from each other, thereby defining a second configuration of the sound emission

apparatus 120.

As illustrated in figure 2, in an embodiment the transducer array 123a substantially spans
the width of the sound emission section 121a of the loudspeaker enclosure 121 and the
further transducer array 223a substantially spans the width of the sound emission section

221a of the further loudspeaker enclosure 221.

As can be taken from figure 2, the loudspeaker enclosure 121 and the further loudspeaker
enclosure 221 have the shape of a half cylinder. Generally, the loudspeaker

enclosure 121 and the further loudspeaker enclosure 221 can define one half of an axis-
symmetric shape, i.e. one half of a surface or solid of revolution, for instance, one half of a

cone.

In an embodiment, the first transducer array 123a can be arranged on the sound emission
section 121a of the loudspeaker enclosure 121 at the same height as the further
transducer array 223a on the sound emission section 221a of the further loudspeaker
enclosure 221. In an embodiment, the angular spacing A¢ between neighboring
transducers of the transducer array 123a and the further transducer array 223a can be
uniform. This means that if the transducer array 123a and the further transducer array
223a comprise in an embodiment 2L transducers, wherein the angular spacing A¢

between neighboring transducers is given by the following equation:

Ap = rad (2)

13
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For the first configuration of the sound emission apparatus 120 shown on the left hand
side of figure 2, where the rear section 121b of the loudspeaker enclosure 121 is coupled
to the rear section of the further loudspeaker enclosure 221, the angular coordinate ¢,

that identifies the position of the [-th transducer is given by:
¢, =1A¢, 1=01,..,2L—-1 (3)

For the second configuration of the sound emission apparatus 120 shown on the right
hand side of figure 2, the angular coordinate of the I-th transducer for a given transducer

array is given by:
¢r=(1+2)ap, 1=01,..,L-1 4)

Figure 3 shows a perspective view of the sound emission apparatus 120 according to an
embodiment in a second configuration, i.e. in a configuration, where the loudspeaker
enclosure 121 including the transducer array 123a and the loudspeaker enclosure 221
including the transducer array 223a are physically separated from another. In the
exemplary embodiment shown in figure 3, the loudspeaker enclosure 121 including the
transducer array 123a and the loudspeaker enclosure 221 including the transducer array
223a are mounted on a wall 340 with their respective rear sections. In an embodiment, the
sound emission apparatus 120 can be used together with a display 330, which in the
exemplary embodiment shown in figure 3 is arranged between the loudspeaker enclosure
121 including the transducer array 123a and the loudspeaker enclosure 221 including the

transducer array 223a.

Figure 4 shows a perspective view of the sound emission apparatus 120 according to an
embodiment in a first configuration, i.e. in a configuration, where the loudspeaker
enclosure 121 including the transducer array 123a and the loudspeaker enclosure 221
including the transducer array 223a are coupled together by means of their respective
rear sections. The sound emission apparatus 120 shown in figure 4 differs from the sound
emission apparatus 120 shown in figures 2 and 3 primarily in two aspects. Firstly, the
loudspeaker enclosure 121 and the loudspeaker enclosure 221 of the sound emission
apparatus 120 shown in figure 4 together do not define the shape of a cylinder, as in the
case of the embodiment shown in figure 2, but an axis-symmetric bottle-like shape.
Secondly, the loudspeaker enclosure 121 and the loudspeaker enclosure 221 of the

sound emission apparatus 120 shown in figure 4 each contain two transducer arrays at
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different heights, namely the transducer arrays 123a and 123b as well as the transducer
arrays 223a and 223b. In an embodiment, a first plane passing through the first
transducer array 123a, 223a is orthogonal to the symmetry axis of the sound emission
apparatus 120 and a second plane passing through the second transducer array 123b,
223b is also orthogonal to the symmetry axis, such that the first and second planes are

parallel to each other.

In an embodiment, the transducer arrays 123a, 223a and the transducer arrays 123b,
223b can be used either independently to generate different sound beams or can be used
in combination to generate the same beam (or beams). It is possible, for example, to use
the different transducer arrays (with different transducer characteristic or arrangement) to
reproduce different frequency portions of the spectral content of the sound beam (or

beams) to be generated.

An ideal configuration would include an infinite number of circular transducer arrays, such
that each combination of transducer arrays of radius r(w) is used for a single frequency w.
The radius is chosen such that the product w-r(w) is kept constant. It can be shown that in
this ideal case the impulse response of the filters R, is constant. However, such an ideal
configuration is clearly not practical and in practice generally a finite number of transducer
arrays should be chosen. For instance, in the embodiment shown in figure 4 the first
transducer arrays 123a and 223a define a first circle having a radius ri and the second
transducer arrays 123b and 223b define a second circle having a larger radius r2. In an
embodiment, the sound emission apparatus 120 is configured to provide a first band-
limited audio signal with a first frequency range approximately in the vicinity of an angular
frequency w1, and provide a second band-limited audio signal with a second frequency
range approximately in the vicinity of an angular frequency w2, wherein the angular
frequencies w1 and w; are given by the following equation or an equation derived

therefrom:

nc

Wy = —— (5)

a Tahdg’

wherein the index a can take on the values 1 or 2, ¢ denotes the speed of sound and A¢,
denotes the angular separation of the transducers of the first and second transducer

arrays.
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Thus, by means of the present invention it is possible to design different transducer arrays
optimized for different frequency ranges. In this case, the input signal to a given beam can
be separated into a number of frequency bands (using for example a multi-band crossover
network), each of which corresponds to the input signal to a given combination of
transducer arrays. Thus, in an embodiment of the audio signal processing apparatus 100,
the audio signal processing apparatus 100 further comprises a filter network for dividing
the input audio signal 101 into two or more divided input audio signals of differing
frequency bandwidths, thereby providing at least a first and second input audio signal, and
a further filter unit, a further plurality of scaling units, and a further plurality of adders for
processing the second input audio signal, thereby providing a second output audio signal
for producing the sound field having the beam directivity pattern defined by the plurality of

gain coefficients.

Figure 5 shows a perspective view of the sound emission apparatus 120 according to an
embodiment in a first configuration, i.e. in a configuration, where the loudspeaker
enclosure 121 including the transducer array 123a and the loudspeaker enclosure 221
including the transducer array 223a are coupled together by means of their respective
rear sections. The sound emission apparatus 120 shown in figure 5 differs from the sound
emission apparatus 120 shown in the previous figures primarily in that the first transducer
arrays 123a and 223a have an angular offset relative to the second transducer arrays
123b and 223b, which in the embodiment shown in figure 5 are arranged immediately
below the first transducer arrays 123a and 223a. In other words, the positions of the
transducers of the first transducer arrays 123a and 223a can have an angular offset
relative to the positions of the transducers of the second transducer arrays 123b and
223b. In an embodiment of the sound emission apparatus 120, the angular offset can be
about half of the angular spacing between neighboring transducers of the first transducer
arrays 123a and 223a. This approach allows increasing the operational frequency range
of the sound emission apparatus 120 by increasing the frequency limit above which the

beam directional pattern is corrupted by spatial aliasing.

In an embodiment, the audio signal processing apparatus 100 and the below described
further embodiments thereof implement a signal processing strategy to produce the input
signals for the transducers of the transducer array(s) 123a,b, 223a,b of the sound
emission apparatus 120 for generating one or more directed sound beams. Figures 6 to 8

show exemplary implementation scenarios of the sound emission apparatus 120, which
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can be achieved by different signal processing strategies implemented in the audio signal

processing apparatus 100, as will be described in more detail further below.

Figure 6 shows an embodiment of the sound emission apparatus 120 in the first
configuration, wherein the audio signal processing apparatus 100 is configured such that
the sound emission apparatus 120 emits a first sound beam in a first direction defined by
a first listener and a second sound beam in a second direction defined by a second

listener.

Figure 7 shows an embodiment of the sound emission apparatus 120 in the second
configuration, wherein the audio signal processing apparatus 100 is configured such that
one transducer array of the sound emission apparatus 120 emits a left channel sound
beam in a first direction and the other transducer array of the sound emission apparatus
120 emits a right channel sound beam in a second direction, wherein the first and the

second direction are defined by the position of a listener.

Figure 8 shows an embodiment of the sound emission apparatus 120 in the second
configuration, wherein the audio signal processing apparatus 100 is configured such that
one transducer array of the sound emission apparatus 120 emits a first left channel sound
beam in a first direction and a second left channel sound beam in a second direction and
the other transducer array of the sound emission apparatus 120 emits a first right channel
sound beam in a first direction and a second right channel sound beam in a second

direction. This could be used, for example, to provide multisport stereo.

In the following reference will be made primarily to the transducer array 123a with the
understanding that embodiments of the audio signal processing apparatus 100 can be
configured to produce the input signals for the transducers of the transducer arrays
123a,b, 223a,b of the embodiments of the sound emission apparatus 120 described

above.

Typically, a sound beam is characterized by a given directivity pattern f(r, ¢, ®), which
defines the acoustic sound pressure generated by the transducer array 123a of the sound
emission apparatus 120 on a circumference of a circle with a given radius r, whose center
can coincide with the center of the transducer array 123a and which can lie on the
equatorial plane. The radiation pattern is a function of the angle ¢ (which identifies a given

point on the circumference) and of the frequency w of the sound to be reproduced. Also
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each transducer of the transducer array 123a, wherein the [-th transducer is located at an
angular position ¢,, is associated with a given directivity pattern Gy (7, ¢;, $, ), defined in

the same manner as the directivity pattern of a sound beam.

Each sound beam is associated with a given single-channel audio signal x(t), hereafter
referred to as "input signal” of the given beam. Each beam is associated with a "steering
angle" (or beam direction) ¢4, which identifies the angular coordinate corresponding to the

maximum of the absolute value of the radiation pattern associated with that beam.

For the following mathematical derivation it is assumed that the loudspeaker
enclosure 121 and the transducer array 123a are arranged on a flat (and ideally infinite)
acoustically reflecting wall 340, as shown on the right hand side of figure 9. The directivity

pattern of the I-th transducer located at ¢; can be expressed using the following equation:

Gnr(r, @1, ¢, w) = Lrlo(2 = 6,) cos(ng,) cos(ne)ly (r, w), (6)

wherein 6,, denotes the Kronecker delta being equal to 1 if n=0 and equal to 0 otherwise
and the coefficients [, (r, ) depend primarily on the geometry of the transducer array
123a. An analytical expression for the coefficients [}, (r, w) is derived in the mathematical
appendix further below for the case of the transducers of the transducer array 123a being
flush-mounted on the surface of the sound emission section 121a, which is configured as

a rigid hemi-cylinder.

The directivity pattern of a sound beam (also referred to as beam directivity pattern) can

be expressed using the following equation:

f(@) = Enzoy/2 — Sy cos(n@) fo. (7)

Typically, the directivity coefficients f,, depend on the steering direction and characteristics
of the beam. In an embodiment, the directivity coefficients f,, can be independent of the
frequency w. In an embodiment, the directivity coefficients f,, can be chosen to be

frequency dependent.

In an embodiment of the audio signal processing apparatus 100, the beam directivity

pattern is a single beam in a direction defined by an angle ¢, (also referred to as steering
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angle), wherein the n-th directivity coefficient f, is defined by the following equation or an

equation derived therefrom:

fa = /2 — 8y (¢o) cOS(ngy), (8)

wherein y(¢,) is an angular dependent factor given by the following equation or an

equation derived therefrom:

1
Ti=0(2—8n) cos(ng)?’

V(do) = (9)

The angular dependent factor y(¢,) advantageously ensures that the pressure level in the
steering direction does not vary as a function of the steering angle ¢,. The parameter N
controls the width of the beam (the larger N the higher is the beam directivity). Other

choices than equation (8) for the directivity coefficient f,, are possible.

Above equations (7) and (8) are the Fourier series representation of symmetric directivity
patterns. Indeed, the sound radiated by the sound emission apparatus 120 mounted on a
rigid wall can be interpreted as the sound radiated by a full axisymmetric array, wherein

each pair of transducers located at ¢, and at —¢;, respectively, are driven with the same

input signals (hence the symmetry of the directivity pattern with respect to the rigid wall).

Note that the angular coordinate ¢ in all equations above varies from 0 to = radians,
because the directivity pattern is defined over a hemi-circumference (as opposed to a
circumference for the first configuration of the sound emission apparatus). Also the
transducers of the transducer array 123a are arranged on a hemi-circumference. This
implies that conventional beamforming methods for circular arrays cannot be applied in

this case.

The mathematical derivation of the new approach proposed by the present invention is
described in detail in the mathematical appendix further below and can be regarded as a
reformulation of the mode-matching approach specifically derived for a hemi-circular
arrangement of transducers. As will become clear from the below, the derivation no longer
involves the Fourier series, as in above equation (1), but the Discrete Cosine Transform,

as defined in equation (A.23).
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It should be also emphasized that, as opposed to the case of a circular array, the sound
beam directivity pattern is not rotationally invariant. This means that the shape of the
directivity pattern depends on the steering angle ¢,. This is caused by the presence of the
reflective wall 340. For this reason, it is advantageous to include the factor y(¢,), in order

to ensure that the value of the directivity pattern at ¢, is unitary.

The signal processing scheme is based on a pre-knowledge of the Green function

Gyr(r, @1, ¢, w) (already referred to above as directivity pattern). In an embodiment, the
Green function Gyp(r, ¢;, ¢, w) can be computed by means of numerical methods or
measurements. An analytical expression of the Green function Gyp(r, ¢;, d, w) for the
embodiment, where the transducers of the transducer array 123s are flush-mounted on
the surface of the sound emission section 121a, which for the analytical derivation is
assumed to have the shape of the surface of an infinite and rigid hemi-cylinder, and where
the apparatus 120 itself is mounted on an infinite rigid wall is disclosed in the

mathematical appendix further below.

A schematic diagram of a signal processing scheme implemented in an embodiment of
the audio signal processing apparatus 100 for generating a single beam with a single
transducer array is shown in figure 10. In an embodiment, the sound beam has the
directivity pattern given by equation (8). The signal x(t) is input to a filter unit or filter bank
103 of N filters. For the sake of clarity only two of those N filters have been identified by

reference signs in figure 10, namely the filter 103a and the filter 103u.

In an embodiment of the audio signal processing apparatus 100, the impulse response of
the n-th filter of the filters of the filter unit 103 is defined by the following equation or an

equation derived therefrom:

Ru(®) =F'|——], (10)

Th(r,w)

wherein F' denotes the inverse Fourier transformation, T,, characterizes, as a function of
radial distance r and frequency w, an n-th order coefficient of a Fourier series describing a
radiation polar pattern of the transducer array 123a conforming to the curvature of a
surface of a full revolution comprising the surface of the half revolution, the n-th order
coefficient is dependent on the shape of the sound emission region 121a of the

loudspeaker enclosure 121, and R, (t) denotes the impulse response of the n-th filter of
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the filter unit 103 as a function of time. As the person skilled in the art will appreciate,

equation (10) is a simplified version of the following equation:

R(£) = F1 [ el ], (11)

[Ty (r,@)|?
wherein * denotes the complex conjugate.

In a further embodiment, the impulse response of the n-th filter of the filters of the filter
unit 103 can comprise a definable regularization parameter g,, (which is generally
frequency dependent). Thus, in an embodiment of the audio signal processing apparatus
100, the impulse response of the n-th filter of the filter unit 103 is defined by the following

equation or an equation derived therefrom:

-1 Tp(rw)”
Rn(t) =F [|rn<r,w)|2+ﬁn<w)]' (12)

As will be described in more detail in the mathematical appendix further below, in an
embodiment of the audio signal processing apparatus 100, [}, is defined by the following

equation or an equation derived therefrom:
T, = 2i "b, (kR), (13)

wherein the function b, (kR) is defined by the following equation or an equation derived

therefrom:

bn ) = mmrcey (14)

wherein & denotes the product kR, k denotes the wave number, R denotes the radius of
the surface of a half revolution and H,, denotes the derivative of the n-th order Hankel

function.

The filtered audio signals yx(t) are defined as the output of the filter with impulse response
Riu(t). The signals ya(t), n=0,1,...,N are input to L banks of gains or scaling units (one bank
of gains for each source of the sub-array). For the sake of clarity only two scaling units or

gains have been identified by reference signs in figure 10, namely the scaling units 107a
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and the scaling unit 107v. Each bank of scaling units includes N scaling units, each of

which applies a gain coefficient to the corresponding signal filtered audio signal ya(t).

In an embodiment, the n-th gain coefficient, i.e. the gain coefficient provided by the n-th
scaling unit, for the I-th transducer of the transducer array 123a is defined by the following

equation or an equation derived therefrom:

Gy = Y52 cos(ng))f, (15)

wherein 6,, denotes the Kronecker delta being equal to 1 if n=0 and equal to 0 otherwise,
L denotes the number transducers of the transducer array 123a, and f,, characterizes the
n-th coefficient of the Fourier series or Fourier cosine series describing a desired beam
directivity pattern as a function of the radiation angle. As the person skilled in the art will
appreciate, the gain coefficient depends on the parameters of the desired beam directivity
pattern, on the index n, and on the angular coordinate of the given transducer. The output
signals of a single bank of scaling units are summed by an adder, for instance, the adders
109a and 109w identified in figure 10, thus generating the output audio signal z;(t) that is

the input to the {-th transducer of the transducer array 123a.

Thus, in an embodiment of the audio signal processing apparatus 100, the output audio
signal z;(t) for the I-th transducer of the transducer array 123a is defined by the following

equation or an equation derived therefrom:
z)(t) = NpZolx(O®R, ()] Gy, (16)

wherein z;(t) denotes the output signal as a function of time, x(t) denotes the input audio
signal as a function of time, ® denotes the convolution operator, where n can range from
0 to N and N depends on the beam directivity pattern, and G, ;(¢,) denotes the n-th gain

coefficient for the I-th transducer of the transducer array 123a.

In an embodiment, the sound emission apparatus 120 including the audio signal
processing apparatus 100 can also generate multiple sound beams using only a single
transducer array, for instance, the transducer array 123a. To this end, in an embodiment
the linear superposition principle can be applied. A number of input signals equal to the
number of beams should be provided. Each of these signals is processed using the signal

processing strategy described in the context of figure 10 and the signals z,(t) are summed
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before being fed to the transducers. In an embodiment, it is possible to generate multiple
beams that are associated with the same input signal x(t), but are steered to different
directions (or, more generally, have different characteristics). In this case only one filter
unit 103 comprising a plurality of filters with in impulse response Rx(t), such as the filter

103a and the filter 103u, is sufficient, as shown in figure 11.

Thus, in an embodiment of the audio signal processing apparatus 100, the beam
directivity pattern is defined by multiple beams in respective directions defined by a

respective angle ¢; and the output audio signal z;(t) for the [-th transducer of the

transducer array 123a is given by the following equation or an equation derived therefrom:
2() = T2 T [x (@R (@St — )K;] G (8)), (17)

wherein | denotes the total number of beams of the beam directivity pattern, 7; denotes

the time delay for the j-th beam and K;denotes the gain for the j-th beam.

Figure 12 shows an embodiment for the case when two transducer arrays are used, for
instance, the transducer array 123a and the transducer array 223a. In an embodiment,
each transducer array 123a, 223a can generate an arbitrary number of beams, each of
which can be directed to a given target location, for example the region of space occupied
by a listener, as illustrated in figure 8. As already described above, figure 7 represents the
case of two beams directed towards a single listener and each beam is generated by one
transducer array 123a, 223a. The input signals of the two beams can be, for example, the
left and right channel of a stereo signal. If the two transducer arrays 123a, 223a shown in
figure 12 generate beams by means of the same input signal, it is sufficient to have one
filter unit 103 comprising a plurality of filters, such as the filters 103a and 103u identified in

figure 12.

A use case for the embodiment shown in figure 12 is shown in figure 7, namely the case
when the left transducer array 123a generates two (or more) beams associated with the
left channels of two (or more) different stereo signals and steered towards two (or more)
listeners and the right transducer array 223a does the same but for the right channels of
the considered stereo signals. Another use case for the embodiment shown in figure 12,
which is also shown in figure 8, is given by the same stereo or binaural signal being

delivered to two listeners located at two different positions. In this case each transducer
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array 123a, 223a generates two beams associated with the same signal (left or right

channel of a stereo signal) but steered towards different directions.

The directivity of a sound beam at low frequencies is generally limited by the physical size
of the transducer array. For instance, the generation of a highly directive low-frequency
bream with a small transducer array requires that the transducers a driven by signals with
very large amplitude, which may degrade the performance of the sound emission
apparatus 120 when this departs form ideal conditions. Thus, in an embodiment of the
audio signal processing apparatus 100, the audio signal processing apparatus 100 further
comprises a bass enhancement unit, wherein the bass enhancement unit is configured to
process each audio input signal 101 individually upstream of the filter unit 103, the
plurality of scaling units 107a-v, and the plurality of adders 109a-w. A psychoacoustical
bass-enhancement unit in combination with the signal processing strategies described
above allow a listener to perceive the low-frequency component of a given audio signal,
without the sound emission apparatus 100 physically reproducing the lower part of the
signal spectrum (or generating little energy in that frequency range). With this approach
the transducer array can generate a band-limited (i.e. without low frequencies) but highly
directive beam, but a listener in the sweet-spot of the sound beam will (ideally) perceive a
full-range audio signal. In an embodiment, the processing by the bass enhancement unit

is applied to each input signal individually.

In the following mathematical appendix, some of the equations used above will be derived
and/or explained in more detail. Firstly, the analytical expression is derived for the
radiation pattern of an ideal omnidirectional transducer or loudspeaker (ideal monopole)
flush-mounted on the surface of an infinite rigid hemi-cylinder arranged on a rigid, infinite
wall, as shown on the right hand side of figure 9. To that end, an equivalent scattering
approach is used. More specifically, the far-field approximation in the direction ¢, 6, of
the field generated by a point source on the rigid hemi-cylinder at location ¢, z on the
hemi-cylinder is identical to the sound field generated by a plane wave impinging from
direction ¢,, 6, scattered by the hemi-cylinder and by the hard wall, and measured on the

surface of the hemi-cylinder at position ¢, z.
It is assumed that the sound field of interest is defined in the hemispace with y > 0 and is

bounded by a rigid wall on the xz-plane. This imposes the following Neumann boundary

condition on the field:
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Ip(x,y.2) _ _
T = O,y =0 (A1)

The field due to a plane wave impinging from an angle ¢,, 6, and reflected by a rigid wall
located at ¢ = 0, w (this corresponds to a wall on the plane y=0). This is given by the linear
9  summation of two plane waves from ¢,, 8, and from —¢,, 6., respectively, in the half-

space defined by 0 < ¢ < 7. In polar coordinates and for z = 0 this is given by:

P 0)= 3 &, (ki (& +¢™)]

n=—00

- i el'”"’.]n(kr)z"”2cos(n¢q)
— (A.2)

10  where J,,(¢) is the Bessel function of order n and the Jacobi-Anger expansion has been
used, as disclosed, for instance, in D. L. Colton and R. Kress, "Inverse Acoustic and
Electromagnetic Scattering Theory", Applied Mathematical Sciences, Springer, Berlin,
1992. Considering the Bessel function relation J_, (&) = (—1)"/,,(¢) it follows that:

. eimpi—an (krl") i e—ind)l-n']% (krr) =2 COS(n¢)i7”Jn (k,,l") (A.3)

This implies that the field is symmetric with respect to the plane defined by the wall. The

Fourier series in equation (A.2) can therefore be substituted by the following cosine

series:
20
p(r,$,0)=2J,(kr)+ 2 cos(np)J, (kr) i "2 cos(ng,)
n=1
=Y €. cos(nd)J, (kr) 2i™" cos(np,)
n=0 (A.4)
where
s {1, ifn=0,
6n = Vs = .
\/5, otherwise (A5)
25

More generally, any sound field due to waves impinging from directions 0 < ¢ < 7 (and

that satisfies the homogeneous Helmholtz equation in the half-space y>0) and the
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corresponding scattered and total field in the presence of a rigid plane y=0 can be

represented as:

prg,z2)=> & 2i j " g (k,r)C, (k. )dk,
n=-00 T

(A.6)
po(rd,z)=> ™ 1 j et (kr)C, (k. )dk,
2 (A7)
S in —in L opo .
PO$.2)=ppy= Y€+ e[ AT, (G, (k. )dk,
=3, cos(np)—— [ &, (k,r)D, (k. k.
= 2 (A.8)
where
D, (k) =¢,[C,(k)+ (-1 C_ (k)] (A9)
For a plane wave impinging from ¢, 6, this is given by:
D, (k.)=¢,2r8(k, —kcosf,)[i "e " +(~1)"i"e"" ]
=¢,27m0 (k, —kcosB, )i "2 cos(ng,) (A.10)

Now, the problem of scattering of a field due to waves impinging from directions 0 < ¢ <
7 is studied for a half rigid infinite cylinder being placed on a rigid wall, as in figure 9. To
that end a modified Green function is used. The Green function of the Helmholtz equation
that satisfies the Neumann boundary condition (A.1) is given by a free field Green function
plus its image source, that is:

ikir'—r| ik|r'—1y|

e e

G, (r',r)=

! +R !
4r v’ —r| 4 |r' —ry, (A11)

where R = V1 — a is the reflection factor (a is the absorption coefficient), hereafter

assumed to be unitary (perfectly reflecting wall), and
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r =[rcos¢, rsing, z]

r, =[rcos¢,—rsing, z] (A.12)

In the presence of a scatterer with boundary S, the scattered field can be represented by

a modified single layer potential:

9)
P.(0) = [ Gy (6,0 Yu(r)dS () A13)
with
P __op) | g
10 on on - (A14)

For the case under consideration S = {r: [r| = R,0 < ¢ < n}, that is the surface of the

rigid hemi-cylinder. In this case the scattered field can be regarded as the field generated

by a radiating cylinder with a vibration pattern symmetrical with respect to the plane y=0
15  and can be therefore expressed by means of the following series of cosines and Hankel

functions:

P, )=, costm)s [ € H, ()4, ()l
= (A.15)

20  Applying the Neumann boundary condition on the surface of the rigid hemi-cylinder one

obtains:

0 :ag[pl-(w,z)ﬂ’s(“d”z)]
r

r=R

a C 1 « ik, z
= 1 Deicos(ng) [ o [, Gk RD, (K.) - H (h RO, 5.k e

25  which yields:

_ Jn’(krR) D (k )

A (k)=
n( z) Hn,(krR) (A17)
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If the field is evaluated on the boundary of the scatterer, that is at r=R, the Wronskian
relation H,,/ (6)],(§) — H,(&)] (&) = i2/(w&) can be used, thus obtaining the following

expression for the total (incident+scattered) field:

< 1 = i2
P(R,$,2)=> ¢ cos(np)—| &** ——"———D (k.)dk,
nz::; 2n LO nk R H (kR) (A.18)
The function b, (&) is defined as follows:
i2
b, (&)= —H (&)
e H,(S) (A.19)

For a plane wave impinging from ¢, 6,, combining the results above with equation (A.10)

the following final result is obtained:

P(R.$,2)= Gy (Ro§,2,0,.,) =" 3" [ "4 4" |17, (kRsin6),)

GO

= &S 2 cos(n) cos(n, )i b, (kRsin),)

n=0

(A.20)

This is the radiation pattern of a transducer located on the rigid hemi-cylinder at location
R, ¢, z. Evaluating this result for z=0 (i.e. for 6, = /2) and comparing with equation (7)
one obtains:

T =2i"b (kR) (A21)

Secondly, the mathematical formulae defining the signal processing blocks for
synthesizing a far-field radiation pattern f(¢), as given by equation (8) with a sub-array of

L uniformly spaced transducers are derived.

The spatial spectrum of the target radiation pattern is chosen to be frequency independent

and limited to the order N=L-1. Recalling that ¢, = (l + %) /L, one obtains that:
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F6)=3 G (R$.0.7 1 2.6.0)4,(0)

€, cos(nd))l“n(a))i e, cos[n({+1/2)x / L)q,(®)

0 =0

¢, cos(nd)T’, (0)Q, (@)

o~
(=4

s

n

Il
s

=
I
(=4

(A.22)

where q;(w) is the signal of the I-th transducer represented in the frequency domain and
for unitary input signal, i.e. x(t) = §(¢t), and Q,,(w) are the coefficients of its discrete

5  cosine transform. The two following relations hold true:

q,(®)= %inen cos[n({+1/2)r / L]O,(®)

0 (w)= Liien cos[n({+1/2) / L]q,(®)
=0 (A.23)

Both sides of equation (A.22) are multiplied by o, cos(m¢)/m and integrated between 0

10  and =, thus obtaining:

%J.:f (9)e,, cos(mp)d¢ = i r, (a))Qn(a))%J.Zen cos(ng)e,, cos(mp)de

(A.24)
which yields:
15
£, =T (00, (), m<L "2s)
and
q,(0) = lien cos[n({+1/2)r /L]L
20 e F(@) (A.26)

This approach provides an exact result only if the contribution of the order n<<L in

equation (7) is negligible. Otherwise, the reproduced radiation pattern will be affected by
spatial aliasing. The regularized version of equation (A.26) is computed using

25  equation (15) and is given by:
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q,(®)= lien cos[n({+1/2)yw / L1R (®) f,
L% (A27)

Applying the inverse Fourier transform to this result and convolving it with x(¢t) yields
equation (16). A possible choice for the radiation pattern is given by equations (8) and (9).
This pattern corresponds to an order-truncated spatial Dirac delta function. The constant
v(¢o) may be chosen so that f(¢,) = 1 and is therefore given by equation (10).

Combining all results above we obtain:

0,(@) =15 ¢ costn(£ +1/ 2 | LIR (@) (dy) cos(ndy)
LS (A.28)

whose inverse Fourier transform and convolution by x(t) yields an equation, which can be

rewritten as:

(6= [xO® R ()]G, (4,)
pari (A.29)

This is the mathematical representation of the signal processing scheme illustrated in

figures 10 to 12.

While a particular feature or aspect of the disclosure may have been disclosed with
respect to only one of several implementations or embodiments, such feature or aspect
may be combined with one or more other features or aspects of the other implementations
or embodiments as may be desired and advantageous for any given or particular
application. Furthermore, to the extent that the terms "include", "have", "with", or other
variants thereof are used in either the detailed description or the claims, such terms are
intended to be inclusive in a manner similar to the term "comprise”. Also, the terms
"exemplary", "for example" and "e.g." are merely meant as an example, rather than the
best or optimal. The terms “coupled” and “connected”, along with derivatives may have
been used. It should be understood that these terms may have been used to indicate that
two elements cooperate or interact with each other regardless whether they are in direct

physical or electrical contact, or they are not in direct contact with each other.

Although specific aspects have been illustrated and described herein, it will be

appreciated by those of ordinary skill in the art that a variety of alternate and/or equivalent
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implementations may be substituted for the specific aspects shown and described without
departing from the scope of the present disclosure. This application is intended to cover

any adaptations or variations of the specific aspects discussed herein.

Although the elements in the following claims are recited in a particular sequence with
corresponding labeling, unless the claim recitations otherwise imply a particular sequence
for implementing some or all of those elements, those elements are not necessarily

intended to be limited to being implemented in that particular sequence.

Many alternatives, modifications, and variations will be apparent to those skilled in the art
in light of the above teachings. Of course, those skilled in the art readily recognize that
there are numerous applications of the invention beyond those described herein. While
the present invention has been described with reference to one or more particular
embodiments, those skilled in the art recognize that many changes may be made thereto
without departing from the scope of the present invention. It is therefore to be understood
that within the scope of the appended claims and their equivalents, the invention may be

practiced otherwise than as specifically described herein.

31



10

15

20

25

30

35

WO 2017/025151 PCT/EP2015/068706

CLAIMS

1. An audio signal processing apparatus (100) for processing an input audio

signal (101), the audio signal processing apparatus (100) comprising:

a filter unit (103) comprising a plurality of filters (103a-u), each filter (103a-u)
configured to filter the input audio signal (101) to obtain a plurality of filtered audio signals
(105), each filter (103a-u) designed according to an extended mode matching
beamforming applied to a surface of a half revolution, the surface partially characterizing a

loudspeaker enclosure shape;

a plurality of scaling units (107a-v), each scaling unit (107a-v) configured to scale
the plurality of filtered audio signals (105) using a plurality of gain coefficients to obtain a

plurality of scaled filtered audio signals (108); and

a plurality of adders (109a-w), each adder (109a-w) configured to combine the
plurality of scaled filtered audio signals (108), thereby providing an output audio signal
(111) for producing a sound field having a beam directivity pattern defined by the plurality

of gain coefficients.

2. The audio signal processing apparatus (100) of claim 1,
wherein the impulse response of an n-th filter of the plurality of filters (103a-u) is

defined by the following equation or an equation derived therefrom:

Ra(®) = F ],
wherein F' denotes the inverse Fourier transformation, T,, characterizes, as a
function of radial distance r and frequency w, an n-th order coefficient of a Fourier series
describing a radiation polar pattern of a transducer array (123a,b, 223a,b) conforming to
the curvature of a surface of a full revolution comprising the surface of the half revolution,
the n-th order coefficient is dependent on the loudspeaker enclosure shape, and R, (t)

denotes the impulse response of the n-th filter as a function of time.

3. The audio signal processing apparatus (100) of claim 2, wherein the impulse
response of the n-th filter (103a-i) is defined by the following equation or an equation

derived therefrom:
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— -1 _Taw)y
R,(6) =F [|rn(r,w)|2+ﬁn(w)]’

wherein ,, denotes a definable regularization parameter.

4. The audio signal processing apparatus (100) of claim 2 or 3, wherein [, is defined

by the following equation or an equation derived therefrom:
[, = 2i7"b,,(kR),

wherein the function b, (kR) is defined by the following equation or an equation

derived therefrom:

2i

= e

wherein & denotes the product kR , k denotes the wave number, R denotes the
radius of the surface of the half revolution and H,,’ denotes a derivative of the n-th order

Hankel function.

5. The audio signal processing apparatus (100) of any one of claims 2 to 4, wherein
the output audio signal (111) for the I-th transducer of the transducer array (123a,b,

223a,b) is defined by the following equation or an equation derived therefrom:
z/(t) = TpZblx (@R, ()] Gry,

wherein z;(t) denotes the output signal as a function of time, x(t) denotes the
input audio signal as a function of time, ® denotes the convolution operator, where n can
range from O to N and N depends on the beam directivity pattern, and G,,; denotes the n-

th gain coefficient for the I-th transducer.

6. The audio signal processing apparatus (100) of claim 5, wherein the n-th gain
coefficient for the I-th transducer of the transducer array (123a,b, 223a,b) is defined by the

following equation or an equation derived therefrom:

J2=5,
Gn,l = — Cos(n(pl)fn:
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wherein 6,,denotes the Kronecker delta being equal to 1 if n=0 and equal to 0
otherwise, L denotes the number of transducers of the transducer array (123a,b, 223a,b),
¢; denotes the angular coordinate that identifies the position of the I-th transducer of the
transducer array (123a,b, 223a,b) and f,, characterizes the n-th coefficient of the Fourier
series or Fourier cosine series describing a desired beam directivity pattern as a function

of the radiation angle.

7. The audio signal processing apparatus (100) of claim 6, wherein the beam
directivity pattern is a single beam in a direction defined by an angle ¢, and wherein the
n-th directivity coefficient f,, is defined by the following equation or an equation derived

therefrom:

fa = /2 — 8y (¢o) cOS(ngy),

wherein y(¢,) is an angular dependent factor given by the following equation or an

equation derived therefrom:

1
Ti=0(2—8n) cos(ngg)?’

Y(do) =

8. The audio signal processing apparatus (100) of any one of claims 5 to 7, wherein
the beam directivity pattern is defined by multiple beams in respective directions defined
by a respective angle ¢; and wherein the output audio signal z;(¢t) for the I-th transducer
of the transducer array (123a,b, 223a,b) is given by the following equation or an equation

derived therefrom:
2/(t) = S5 X [x(O®R, (DS (t — 1)K;] Gy i (0,

wherein | denotes the total number of beams of the beam directivity pattern, z;

denotes the time delay for the j-th beam and K;denotes the gain for the j-th beam.

9. The audio signal processing apparatus (100) of any of the above claims, wherein
the filter unit (103), the plurality of scaling units (107a-v) and the plurality of adders (109a-
w) are configured to process at least two audio input audio signals (101), thereby
providing a stereo output audio signal (111) for producing a stereo sound field having the

beam directivity pattern defined by the plurality of gain coefficients.
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10. The audio signal processing apparatus (100) of any of the above claims, wherein
the filter unit (103), the plurality of scaling units (107a-v) and the plurality of adders (109a-
w) are further configured to provide a further output audio signal for producing a further
sound field, via a half axisymmetric loudspeaker array, having a further beam directivity
pattern defined by the plurality of gain coefficients.

11. The audio signal processing apparatus (100) of any of the above claims, wherein
the audio signal processing apparatus (100) further comprises a bass enhancement unit,
wherein the bass enhancement unit is configured to process each audio input signal (101)
individually upstream of the filter unit (103), the plurality of scaling units (107a-v), and the
plurality of adders (109a-w).

12. The audio signal processing apparatus (100) of any of the above claims, further
comprising a filter network for dividing the input audio signal (101) into two or more
divided input audio signals of differing frequency bandwidths, thereby providing at least a
first and second input audio signal, and

a further filter unit, a further plurality of scaling units, and a further plurality of
adders for processing the second input audio signal, thereby providing a second output
audio signal for producing the sound field having the beam directivity pattern defined by
the plurality of gain coefficients.

13. A sound emission apparatus (120) comprising:

a loudspeaker enclosure (121) comprising a sound emission section (121a) and a
rear section (121b), wherein the sound emission section (121a) is coupled to or integral
with the rear section (121b) and the sound emission section (121a) generally defines a
surface of a half revolution about an axis extending along a length of the loudspeaker
enclosure (121); and

at least one transducer array (123a,b) mounted on the sound emission
section (121a) of the loudspeaker enclosure (121), wherein a plane passing through the
transducer array (123a,b) is orthogonal to the axis, the at least one transducer
array (123a,b) being curved such that the at least one transducer array (123a,b) conforms

to the curvature of the surface of the half revolution or
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at least one transducer array mounted within the loudspeaker enclosure (121) and
connected to an array of waveguides defining an array of sound emission ports in the
sound emission section (121a) of the loudspeaker enclosure (121), wherein a plane
passing through the array of sound emission ports is orthogonal to the axis, the array of
sound emission ports being curved such that the array of sound emission ports conforms

to the curvature of the surface of the half revolution.

14. The sound emission apparatus (120) of claim 13, wherein the at least one
transducer array (123a,b) substantially spans the width of the sound emission

section (121a).

15. The sound emission apparatus (120) of claim 13 or 14, wherein the sound
emission section (121a) defines an aperture for mounting the at least one transducer
array (123a,b).

16. The sound emission apparatus (120) of any of claims 13 to 15, wherein the

loudspeaker enclosure (121) generally defines a half axis-symmetric shape.

17. The sound emission apparatus (120) of any of claims 13 to 16, wherein the
loudspeaker enclosure (121) generally defines one of a half-cylindrical shape or a half-

conical shape.

18. The sound emission apparatus (120) of claim 16 or 17, wherein the sound

emission apparatus (120) comprises:

a further loudspeaker enclosure (221) that generally defines the half axis-
symmetric shape, the further loudspeaker enclosure comprising a sound emission section
(221a) and a rear section, wherein the sound emission section (221a) is coupled to or
integral with the rear section and the sound emission section (221a) generally defines a
further surface of the half revolution about a further axis extending along a length of the

further loudspeaker enclosure (221); and

at least one further transducer array (223a,b) mounted on the sound emission
section (221a) of the further loudspeaker enclosure (221), wherein a further plane passing
through the further transducer array (223a,b) is orthogonal to the further axis, the at least

one further transducer array (223a,b) being curved such that the at least one further
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transducer array (223a,b) conforms to the curvature of the further surface of the half

revolution or

at least one further transducer array mounted within the further loudspeaker
enclosure (221) and connected to a further array of waveguides defining a further array of
sound emission ports in the sound emission section (221a) of the further loudspeaker
enclosure (221), wherein a further plane passing through the further array of sound
emission ports is orthogonal to the further axis, the further array of sound emission ports
being curved such that the further array of sound emission ports conforms to the curvature

of the further surface of the half revolution,

wherein the rear section (221b) of the further loudspeaker enclosure (221) is
configured to be coupled to the rear section (121b) of the loudspeaker enclosure (121)

thereby generally defining an axis-symmetric shape.

19. The sound emission apparatus (120) of any of claims 13 to 18, wherein the at least
one transducer array (123a,b) comprises a first transducer array (123a) and a second
transducer array (123b), wherein a first plane passing through the first transducer

array (123a) is orthogonal to the axis, a second plane passing through the second
transducer array (123b) is orthogonal to the axis, and the first and second planes are

parallel to each other.

20. The sound emission apparatus (120) of claim 19, wherein the positions of the
transducers of the first transducer array (123a) have an angular offset relative to the

positions of the transducers of the second transducer array (123b).
21. The sound emission apparatus (120) of claim 20, wherein the angular offset is
about half of the angular spacing between neighboring transducers of the first transducer

array (123a).

22.  The sound emission apparatus (120) of any of claims 13 to 21, further comprising

the audio signal processing apparatus (100) of any one of claims 1 to 12.
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