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FIR FILTER COEFFICIENT CALCULATION
FOR BEAM-FORMING FILTERS

CROSS-REFERENCE TO RELATED
APPLICATIONS

[0001] This application is a continuation of copending
International Application No. PCT/EP2015/069291, filed
Aug. 21, 2015, which is incorporated herein by reference in
its entirety, and additionally claims priority from European
Application No. EP 14182043.1, filed Aug. 22, 2014, and
German Application No. 102015203600.6, filed Feb. 27,
2015, both of which are incorporated herein by reference in
their entirety.

[0002] The present invention deals with calculating FIR
filter coefficients for beam-forming filters of a transducer
array such as an array of microphones or loudspeakers, for
example.

BACKGROUND OF THE INVENTION

[0003] Beam-forming technologies as are employed in the
audio field, for example, define—in the case of a micro-
phone array, for evaluating the individual signals of the
microphones, and in the case of a loudspeaker array, for
reproducing the signals of the individual loudspeakers—
how the signals are to be subjected to individual filtering by
using a respective time-discrete filter. For broadband appli-
cations such as music, for example, coeflicients are deter-
mined for said time-discrete filters from the specification of
the optimum frequency responses.

[0004] Literature on beam-forming and signal driving
almost exclusively deals with the design of the driving
weights within the frequency domain. In this context, one
implicitly assumes that FIR filters within the time-domain
are determined by inverse discrete Fourier transformation
(DFT), referred to as FFT. This approach may be interpreted
as frequency sampling design [Smill, Lyol1], a very simple
filter design method having various disadvantages: the fre-
quency response of the filters may be indicated, within an
equidistant raster, over the entire time-discrete frequency
axis up to the sampling frequency. If no sensible definitions
can be provided for the frequency response for individual
frequency domains (e.g., very low frequencies wherein no
satisfactory directional efficiency is possible, or high fre-
quencies wherein no pin-pointed influencing of the emission
can take place due to spatial aliasing), there will be the risk
that the resulting FIR filters cannot be used (e.g. excessive
gain values at specific frequencies due to heavy fluctuations
between the frequency sampling points, etc.)

[0005] The resulting FIR filters accurately map the defined
frequency response within the frequency raster given by the
DFT; however, the frequency response may adopt any
values between the raster points. This frequently leads to
impracticable designs exhibiting intense oscillations of the
resulting frequency response.

[0006] In addition, in the frequency sampling design, the
length of the FIR filter automatically results from the
resolution of the defined frequency response (and vice
versa).

[0007] Filters created by means of frequency sampling
design are prone to time-domain aliasing, i.e., to periodic
convolution of the impulse responses (e.g., [Smill]). To this
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end, additional techniques such as zero-padding of the DFTs
or windowing of the generated FIR filters may possibly be
used.

[0008] An alternative approach consists in determining the
FIR coeflicients directly within the time-domain in a one-
stage process [MDK11]. In this context, the emission behav-
ior of the array for a defined raster of frequencies is
represented directly as a function of the FIR coefficients of
all transducers (e.g., loudspeakers/microphones) and is for-
mulated as a single optimization problem, the solution of
which simultaneously determines the optimum filter coeffi-
cients for all beam-forming filters. What is problematic here
is the extent of the optimization problem, both with regard
to the number of variables to be optimized (filter length
multiplied by the number of beam-forming filters) and with
regard to the dimension of the defining equations and,
possibly, secondary conditions. The latter dimension is
typically proportional both to the number of frequency raster
points and to the spatial resolution at which the desired
beamformer response is established. As a result of this
rapidly increasing complexity, this method is limited to
arrays having a small number of elements and to very small
filter orders. For example, [MSK11] microphone arrays
comprising six elements and having a filter length of 8 are
used.

SUMMARY

[0009] According to an embodiment, a device for calcu-
lating FIR filter coefficients for beam-forming filters of a
transducer array may have: first calculating means for cal-
culating frequency domain filter weights of the beam-form-
ing filters for a predetermined frequency raster so as to
obtain target frequency responses for the beam-forming
filters, so that application of the beam-forming filters to the
transducer array approximates a desired directional selec-
tivity; and second calculating means for calculating the FIR
filter coefficients for the beam-forming filters so that fre-
quency responses of the beam-forming filters approximate
the target frequency responses; further including a target
frequency response modifier connected between the first
calculating means and the second calculating means so as to
modify the target frequency responses of the beam-forming
filters as obtained by the first calculating means, so that the
second calculating means calculates the FIR filter coeffi-
cients for the beam-forming filters in such a manner that the
frequency responses of the beam-forming filters approxi-
mate the target frequency responses in a form modified by
the target frequency response modifier, said modification
including frequency domain smoothing and/or for each
beam-forming filter, leveling of a phase response, adjusted
by 27 phase jumps, of the target frequency response of the
respective beam-forming filter by removing a linear phase
function portion, and storing a delay for the respective
beam-forming filter, said delay corresponding to a slope of
the linear phase function portion.

[0010] According to another embodiment, a method of
calculating FIR filter coefficients for beam-forming filters of
a transducer array may have the steps of: calculating fre-
quency domain filter weights of the beam-forming filters for
a predetermined frequency raster so as to obtain target
frequency responses for the beam-forming filters, so that
application of the beam-forming filters to the transducer
array approximates a desired directional selectivity; and
modifying the target frequency responses of the beam-
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forming filters, said modification including frequency
domain smoothing and/or for each beam-forming filter,
leveling of a phase response, adjusted by 2m phase jumps, of
the target frequency response of the respective beam-form-
ing filter by removing a linear phase function portion, and
storing a delay for the respective beam-forming filter, said
delay corresponding to a slope of the linear phase function
portion; and calculating the FIR filter coefficients for the
beam-forming filters so that frequency responses of the
beam-forming filters approximate the target frequency
responses in a form modified by the target frequency
response modifier.

[0011] According to another embodiment, a non-transitory
digital storage medium may have a computer program stored
thereon to perform the method of calculating FIR filter
coeflicients for beam-forming filters of a transducer array,
which method may have the steps of: calculating frequency
domain filter weights of the beam-forming filters for a
predetermined frequency raster so as to obtain target fre-
quency responses for the beam-forming filters, so that appli-
cation of the beam-forming filters to the transducer array
approximates a desired directional selectivity; and modify-
ing the target frequency responses of the beam-forming
filters, said modification including frequency domain
smoothing and/or for each beam-forming filter, leveling of a
phase response, adjusted by 2m phase jumps, of the target
frequency response of the respective beam-forming filter by
removing a linear phase function portion, and storing a delay
for the respective beam-forming filter, said delay corre-
sponding to a slope of the linear phase function portion; and
calculating the FIR filter coefficients for the beam-forming
filters so that frequency responses of the beam-forming
filters approximate the target frequency responses in a form
modified by the target frequency response modifier when
said computer program is run by a computer.

[0012] One idea underlying the present application con-
sists in having found that the effectiveness of calculating FIR
filter coefficients for beam-forming filters for transducer
arrays such as arrays of microphones or loudspeakers, for
example, can be increased if said calculation is performed in
two stages; namely, on the one hand, by calculating fre-
quency domain filter weights of the beam-forming filters
within a predetermined frequency raster, i.e., coefficients
describing the transfer functions of the beam-forming filters
within the frequency domain and/or in each case for a
respective frequency or for a sinusoidal input signal having
a respective frequency, so as to obtain target frequency
responses for the beam-forming filters, so that applying the
beam-forming filters to the array approximates a desired
directional selectivity, and followed by calculating the FIR
filter coefficients for the beam-forming filters, i.e., of coef-
ficients describing the impulse response of the beam-form-
ing filters within the time domain, such that the frequency
responses of the beam-forming filters approximate the target
frequency responses. The two-stage system enables inde-
pendent selection of the frequency resolution as results from
direct Fourier transformation of the impulse responses
described by the FIR filter coeflicients. In addition, both in
the calculation of the beam-forming driving weights in the
frequency domain and in the calculation of the time-domain
FIR filter coefficients, specific secondary conditions may be
defined so as to influence the respective calculation in a
pin-pointed manner.
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BRIEF DESCRIPTION OF THE DRAWINGS

[0013] Embodiments of the present invention will be
detailed subsequently referring to the appended drawings, in
which:

[0014] FIG. 1 shows a schematic block diagram of a
loudspeaker array having beam-forming filters for which the
embodiments of the presence application might be used;
[0015] FIG. 2 shows a schematic block diagram of a
microphone array having beam-forming filters for which the
embodiments of the presence application might be used;
[0016] FIG. 3 shows a block diagram of a device for
calculating FIR filter coefficients for the beam-forming
filters in accordance with an embodiment;

[0017] FIG. 4 schematically illustrates how, in accordance
with an embodiment in FIG. 3, the optimization-based
calculation of the target frequency responses of the beam-
forming filters is performed step by step via modeling of a
DSB design;

[0018] FIG. 5 schematically illustrates how, in accordance
with an embodiment, the modification means in FIG. 3
which is arranged between the two calculation means ren-
ders the optimization target more suitable for time-domain
optimization performed within the second calculation
means;

[0019] FIG. 6 schematically illustrates how, in accordance
with an embodiment, the delays removed within the delay
adaptation module of FIG. 3 by means of phase leveling may
be re-integrated into the calculated FIR filter coefficients;
and

[0020] FIG. 7 schematically shows how, in accordance
with a hybrid approach for performing the target frequency
response calculation in the first calculation means of FIG. 3,
the target frequency response is composed of an optimized
component in a low-frequency section and a DSB transfer
function in a high-frequency section.

DETAILED DESCRIPTION OF THE
INVENTION

[0021] FIG. 1 initially shows an example of an array 10 of
loudspeakers 12 which is to be enabled, by applying beam-
forming filters (BFF) 14, to exhibit a desired directional
selectivity, i.e., to emit in a specific direction 16, for
example. In FIG. 1, an index is used, for example, for
distinguishing the individual loudspeakers 12 from one
another. The number N of the loudspeakers 12 may be two
or more. As can be seen in FIG. 1, each loudspeaker 12,
wherein i=1 . . . N, has a beam-forming filter 14, connected
upstream from it which filters the corresponding loud-
speaker input signal. In particular, the loudspeaker 12,, here
is connected to a common audio input 18 via its correspond-
ing beam-forming filter 14,. This means that all loudspeak-
ers 12, obtain the same audio signal, which is, however,
filtered by the respective beam-forming filter 14,,. The audio
signal s( ) at the input 18 is a time-discrete audio signal
consisting of a sequence of audio samples, and the beam-
forming filters 14,, are designed as FIR filters and thus
convolute the audio signal with the impulse response of the
respective beam-forming filter 14, said impulse response
being defined by the FIR filter coefficients of the respective
beam-forming filter 14,,. For example, if the audio signal at
the input 18 is described by the sequence of audio samples
s(k), the resulting filtered loudspeaker signal s'5 - (k) for the
respective loudspeaker 12, might be described, é.g., as:
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18FF,
Sgrp, (k) = Z harr, () - stk = i),

i=o

[0022] wherein hypp (1) are the filter coeflicients of the
FIR filter 14, with the FIR order I zrp and/or the filter length
Lyps +1. §

[0023] The art of FIR coefficient calculation consists in
that the loudspeaker array 10 emits the audio signal at the
input 18 at a desired directional selectivity, e.g., in the
desired direction 16. In this context, FIG. 1 depicts by way
of example only that the loudspeakers 12, are equidistantly
arranged in a line and that the array 10 is a linear array of
loudspeakers. However, a two-dimensional arrangement of
loudspeakers would also be feasible, just as a non-uniform
distribution of the loudspeakers 12 in the array 10 and just
as an arrangement deviating from an arrangement along a
straight line and/or a plane would be feasible. The emission
direction 16 may be measured, for example, by an angular
deviation of the direction 16 from a midperpendicular of the
straight line and/or of the face along which the loudspeakers
12 are arranged. However, there are two possibilities of
variation here as well. For example, it is possible that the
emission is advantageously intended to be audible at a
specific place upstream from the array 10. However, the
filter coeflicients h of the beam-forming filters 14, may also
be selected even more accurately, such that the directional
characteristic, or directional selectivity, of the array 10 upon
emission experiences not only a maximum in a specific
direction 16 but also meets other desired criteria, such as an
angular emission width, a specific frequency response in a
direction 16 of maximum emission or even a specific
frequency response if a region including the direction 16 and
directions around same is concerned.

[0024] Embodiments of an effective manner of calculating
the above-mentioned FIR filter coefficients of the beam-
forming filters 14,, of a transducer array 10 will be described
below. However, the embodiments described below are also
applicable for calculating the beam-forming filters of other
arrays of transducers, such as of ultrasonic transducers,
antennae or the like. Transducer arrays intended for recep-
tion may also be the object of said beam-forming. For
example, embodiments described below may also be applied
for designing the beam-forming filters of a microphone
array, i.e., for calculating their FIR filter coefficients. FIG. 2
shows such a microphone array. The microphone array of
FIG. 2 is also provided, by way of example, with reference
numeral 10 but, at any rate, is composed of microphones 20,
... 20,. With regard to the arrangement of the microphones,
what was said with regard to the loudspeakers 12 of FIG. 1
shall apply to them as well: they may be unidimensionally
arranged along a line or two-dimensionally arranged along
a face, wherein the line may be straight and the face may be
a plane, and uniform distribution is also not required. Each
microphone generates a received audio signal 'z and is
connected, via a respective beam-forming filter léin, toa
common output node 22 for outputting the received audio
signal s', so that the filtered audio signals s'z.~ of the
beam-forming filters 14,, additively contribute to the audio
signal s'. To this end, an adder 24 is connected between the
outputs of the beam-forming filters 14,, and the common
output node 22. The beam-forming filters are again config-
ured as FIR filters and form the filtered audio signal s'gzp
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from the respective audio signal of the respective micro-
phone 20,, i.e., s'5., for example in accordance with

18FF,
sprr, k)= > e, (- Sprr, (k = D),

i=o

[0025] wherein hy .y again are the FIR filter coefficients of
the beam-forming filters 14,. Summation on the part of the
adder 24 then results in the overall output signal s' in
accordance with

N
S k)= ) Spr, ().

n=1

[0026] The subsequent embodiments in turn enable the
microphone array 10 of FIG. 2 to comprise a desired
directional selectivity, or directional characteristic, so as to
predominantly or exclusively record, or be sensitive to, the
scene of sounds coming from a specific direction 16, so that
it will be reflected in the output signal s'; the direction 16
may again be defined, as in the case of FIG. 1, by the angular
deviation ¢ or, in the two-dimensional case, ¢ and 0 from a
midperpendicular of the array 10, and the desired directional
selectivity may possibly be more accurate than merely the
indication of a direction of maximum sensitivity, namely
more accurate with regard to the spatial dimension or
frequency dimension.

[0027] FIG. 3 now depicts an embodiment of a device for
calculating FIR filter coefficients for the beam-forming
filters of a transducer array, such as an array of microphones
as was shown in FIG. 2, for example, or an array of
loudspeakers as was shown in FIG. 1, for example.

[0028] The device is generally indicated by 30 and may be
implemented, e.g., in software executed by a computer, in
which case all of the means and modules described below
may be different parts of a computer program, for example.
Implementation in the form of dedicated hardware, such as
in the form of an ASIC or in the form of a programmable
logic circuit, e.g., an FPGA, is also possible, however.
[0029] The device 30 calculates the FIR filter coeflicients
32 such as the above-mentioned hz.. for the beam-forming
filters 14,, specifically for the array 10, for which purpose the
device 30 comprises interfaces for obtaining information
about the array 10 or information about the desired direc-
tional selectivity. FIG. 3 shows by way of example that the
device 30 obtains transducer data 34 from external sources,
which transducer data 34 will be described in more detail
below by way of example and indicate, for example, the
positions and orientations of the transducer elements, i.e.,
for example, of the loudspeakers or microphones, as well as
their individual directional-selective sensitivities and/or
emission characteristics and/or the frequency responses.
Other information relates to the desired directional selectiv-
ity, for example. E.g., FIG. 3 shows that the device 30
obtains data 36 indicating the desired directional behavior of
the array 10, such as a direction of maximum emission
and/or sensitivity, and possibly more accurate information
such as the emission behavior and/or the sensitivity about
the above-mentioned maximum emission/sensitivity. The
data 36 is supplemented by further data 38, for example,
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which may be defined to the device 30 from the outside and
refer to, e.g., the desired transfer characteristic and/or the
frequency response of the array 10 in the direction of the
emission and/or the sensitivity of the array 10, i.e., the
frequency-dependent target description of the sensitivity or
emission intensity of the array, which is set with the eventual
FIR filter coefficients, in a specific direction, or in specific
directions. Other information may also be defined to the
device 30 for calculating the FIR filter coefficients 32, such
as definitions relating to a robustness of the calculated FIR
filter coefficients that is complied with against deviations of
the transducer data 34 of actual physical circumstances of an
actually set-up array 10, said definitions being provided with
reference numeral 40 in FIG. 3, as well as data about a
frequency restriction 42, whose exemplary significance for
calculation will be described below and is possibly related to
the transducer data 34.

[0030] It should be noted that all of the information 34 to
42 which may be defined to the device 30 of FIG. 3 from the
outside by way of example is optional. The device 30 might
also be specifically configured for a specific array setup, and
it would also be possible for the device to be specifically
configured for certain settings of the other data. In the event
of an input option, said input option may be implemented,
for example, via an input interface, such as via user input
interfaces of a computer or reading interfaces of a computer,
so that, e.g., the data of one or several specific files is read.

[0031] The device of FIG. 3 includes first calculation
means 44 and second calculation means 46. The first cal-
culation means 44 calculates frequency domain filter
weights of the beam-forming filters, i.e., complex-valued
samples of the transfer function of the beam-forming filters.
They serve to establish a target frequency response for the
beam-forming filters. In particular, the first calculation
means 44 calculates the frequency domain driving weights
within a frequency raster defined by specific, not necessarily
mutually equidistant frequencies w; . . . wg such that they
describe a transfer function Hy.. of the beam-forming
filters, which in the application of such beam-forming filters
to the array 10 approximates the desired directional selec-
tivity. A description is given below to the effect that the first
calculation means uses a suitable optimization algorithm for
this purpose, for example, such as a method of solving
linear, square or convex optimization problems. The fre-
quency raster may be selected, for example, in accordance
with requirements placed upon the beam-forming applica-
tion, such as different requirements placed upon the degree
of accuracy of the defined emission within specific fre-
quency domains, or in accordance with other requirements,
e.g. regarding the subsequent FIR time-domain design
method mentioned below, such as in dependence of a
sampling rate that may be used for defining the desired
frequency response.

[0032] While the first calculation means 44 thus describes
the transfer function Hy.» of the beam-forming filters over
the frequency w and/or calculates the transfer function,
namely at specific nodes o, . . . mg, for example, the second
calculation means 46 is intended to determine those FIR
filter coefficients of the beam-forming filters which describe
the impulse responses of the beam-forming filters. The
second calculation means 46 performs the calculation such
that the frequency responses of the beam-forming filters as
correspond to the FIR filter coefficients via the connection
between the transfer function and the impulse response
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approximate the target frequency responses defined by the
first calculation means 44. In accordance with the subse-
quent implementation description, also the second calcula-
tion means 46 uses an optimization which in turn may be
configured as a method of solving linear, square or convex
optimization problems.

[0033] The mode of operation of the device 30 of FIG. 3
will be described below in more detail for a possible case of
implementation. The description also refers to various
implementation possibilities. According to one implemen-
tation possibility, the first calculation means 44 performs the
calculation by solving a first optimization problem accord-
ing to which a deviation between a directional selectivity of
the array, as results from the frequency domain driving
weights Hyprp (w,), and the desired directional selectivity,
which may be defined by the data 34 and/or 38, is mini-
mized. As is shown in FIG. 3, the first calculation means 44
may, for this purpose, use the robustness definitions 40 as a
secondary condition of the optimization problem, and the
transducer data 34 is used for setting, or defining, the
connection between the optimization variables, namely the
frequency domain driving weights Hyzp (), on the one
hand, and the resulting directional selectivity, on the other
hand. The description which follows will thereafter address
possible implementations of the second calculation means
46, which will result in that the second calculation means
may also solve an optimization problem so as to perform the
calculation. According to the second optimization problem
underlying the second calculation means 46, a deviation
from the target frequency responses Hy . (®,) is minimized
within the frequency domain. As was mentioned before, the
FIR filter coefficients to be calculated by the second calcu-
lation means 46 correspond to the impulse response, and the
means 46 tries to calculate them, in accordance with the
following embodiments, by means of optimization such that
the transfer functions corresponding to said impulse
responses approximate the transfer functions Hy 7 (w,)—as
have been calculated by the first calculation means 44—as
much as possible. It becomes clear from the description
which follows that in the optimization of the calculation
means 46, secondary conditions specifically provided for
this optimization and defined by the data 42 may advanta-
geously be taken into account. The description which fol-
lows will also address a target frequency response modifi-
cation means 48 which is optionally provided between the
two calculation means 44 and 46 and which possibly modi-
fies the target frequency responses of the beam-forming
filters as have been determined by the first calculation means
44 before they are used as an approximation target by the
second calculation means 46. Various modification possi-
bilities will be described. They serve to avoid losses in
effectiveness in the calculation of the FIR filter coefficients
32 by the calculation means 46 or even calculation of FIR
filter coeflicients which are poorer in terms of quality.
According to one of the modification possibilities, the
device 30 may possibly also include optional modification
means 50 for modifying the calculated FIR filter coefficients
as have been calculated by the second calculation means 46,
so that the respective modification is taken into account. In
the following, FIG. 3 also describes, by way of example, a
possible modular setup for the first calculation means 44 and
the target frequency response modification means 48, but the
respective modular setup is only exemplary.
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[0034] As has already been outlined above, the device 30
of FIG. 3 may use solutions to optimization problems for
finding the time-domain FIR filters and/or the FIR filter
coeflicients for the beam-forming filters. The time-domain
FIR filter calculation by means of optimization-based filter
design methods avoids, as will described below, both the
disadvantages of frequency sampling design and the com-
plexity of and, thus, the requirements placed upon the
calculating time and resources, such as the main memory, for
example, for direct time-domain design of the filters as have
been described in the introductory part of the present appli-
cation. According to FIG. 3, designing the beam-forming
filters is performed in a two-stage process by the first and
second calculation means 44 and 46:

[0035] In afirst stage as provided by the first calculation
means 44, the frequency response of the beam-forming
driving filters BFF within the frequency domain is
designed within a defined frequency raster w, which
establishes a certain frequency resolution, such as
Aw=w, 0, , for example. However, the frequency ras-
ter need not be selected to be equidistant but may also
be non-uniform. In this context, one may fall back on
the beam-forming techniques described in literature.
Optimizations may be used. Such a frequency domain
optimization method is described in [MSKO09], for
example.

[0036] In a second stage as provided by the second
calculation means 46, an FIR filter is generated for each
beam-forming driving filter BFF,, from its target fre-
quency response, as was defined by the first stage, by
calculating said FIR filter’s FIR filter coefficients
Hz -z . Optimization methods may also be used here, so
as to achieve optimum approximation of the desired
frequency response for the given FIR filter arrange-
ment, a freely selectable filter standard and possibly a
number of additional secondary conditions. The fre-
quency resolution of the FIR filter design, established
by, e.g., the Nyquist frequency of the FIR filter divided
by half the FIR filter length, or, to put it slightly more
accurately, the Nyquist frequency (half the sampling
rate) of the time-discrete system in which the beam-
former and, thus, also the FIR filters are implemented,
may be selected to differ from the frequency resolution
of the frequency domain resolution.

[0037] The filter design process as implemented by the
device 30 provides, according to the subsequently described
implementations, a plurality of correlated individual mea-
sures and provisions. All in all they enable generation of
particularly stable, robust driving filters and/or beam-form-
ing filters. The mode of operation of the device 30 will now
be described in detail. However, individual ones of the
measures may also be omitted, depending on the case of
application.

[0038] As has already been mentioned above, the trans-
ducer properties, i.e., the properties of, e.g., microphones
and/or loudspeakers, are taken into account in the first
calculation by the calculation means 44. The transducer data
34 describes the transducer properties typically obtained
from measurements or from modeling, e.g., simulation. The
transducer data 34 may represent, for example, the direction-
dependent and frequency-dependent transfer function of the
transducers from (in the case of loudspeakers) or to (in the
case of sensors and/or microphones) different points within
the room. For example, a module 52 of the calculation
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means 44 may perform a directional-characteristic interpo-
lation, for example, i.e., an interpolation of the transducer
data 34 so as to enable the transfer function of the trans-
ducers from/to points or directions which are not contained
among the original data 34, i.e., not contained within the
original data sets.

[0039] The transducer data of the module 52 which have
thus been obtained are used in two functional blocks, or
modules 54 and 56, of the first calculation means 44, namely
in a delay-and-sum beamformer module and an optimization
module 56. By means of a defined target for the directional
behavior of the transducer array, which specifies, for
example, a desired magnitude in the emission direction(s),
the delay-and-sum beamformer module 54 calculates, while
using the individual transducers of the array in the respective
direction for each transducer n, a delay and an amplitude
weight, i.e., frequency-independent magnitudes such as a
time delay and an gain factor per transducer 12 and/or 14.
The optimization 56 operates within the frequency domain.
It optimizes, as optimization variables, the above-mentioned
frequency domain forming coefficients and/or the frequency
domain driving weights Hg, i.e., frequency-dependent
magnitudes. The latter optimi%ation 56 of the frequency
domain driving weights may be improved by including
specific transducer transfer functions, in particular, if they
strongly deviate from a behavior assumed to be ideal, such
as from a monopole characteristic. For example, transducer
data 34 obtained by means of measurements often comprises
pure delays, such as due to the acoustic propagation, for
example, and a delay extraction module 58 connected
between the directional-characteristic interpolation module
52 and the optimization module 56 might be provided for
removing common delay times of all transducers and/or
transducer data. This simplifies the optimization process
within the optimization module 56 since in this case the
delays will no longer have to be included in the desired
optimization target function and/or since the beam-forming
filters obtained will not need to compensate for said delay of
the array, which is common to all the transducers. It becomes
evident from the description which follows that an advan-
tage of using the delay-and-sum block consists in that by
means of said block, a design definition—which may be
implemented with a high level of robustness given the
transducers used—for the frequency response of the trans-
ducer array may be obtained with a high level of sensitivity
in the desired emission direction/incident direction.

[0040] It should once again be noted that the above-
described inclusion of transducer properties in the calcula-
tion on the part of the calculation means 44 is merely
optional, i.e., in that the definition of the data 34 as well as
the modules 52 and 58 may be omitted. Rather, calculation
on the part of the calculation means might also be performed
on the assumption of idealized transfer characteristics. On
the other hand, utilization of real transducer data 34 often
enables better performance of the eventually calculated
beam-forming filters.

[0041] Specification of the desired directional behavior
and/or beam-forming behavior is performed via data 36 in
accordance with FIG. 3. Said data 36 forms the starting point
of'the beamformer design by describing a desired directional
characteristic. It describes, e.g., a desired emission of the
desired sound in one or more directions or areas in the case
of loudspeakers, or sensitivity to sound from one or more
directions or areas in the case of microphones, whereas
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emission in and/or sensitivity to other directions/areas are to
be suppressed as much as possible. This description by the
data 36 is converted to a target pattern specification, e.g., by
amodule 60, i.e., is converted to a mathematical formulation
of the desired directional behavior. The target function
output by the target pattern specification 60 describes, e.g.,
the desired complex emission of sound in various spatial
directions ¢ or ¢ and 6. The target function may be either
frequency-independent or frequency-dependent, i.c., may
have different definitions for different frequencies of fre-
quency domains. In addition, the mathematical formulation
of the directional behavior may comprise one or more of the
following elements:

[0042] one or more advantageous directions or points of
emission;
[0043] directions or areas wherein the achieved emis-

sion of sound are allowed to deviate from the desired
emission of sound only in a defined manner (typically
defined by maximum deviations);

[0044] areas wherein no definitions are given regarding
their emission of sound, which may also be referred to
as transition areas or spatial “don’t care” areas;

[0045] areas wherein emission of sound is to be mini-
mized, optionally by means of a weighting function, so
as to adapt the priority of individual sub-areas.

[0046] Generally it is to be noted that the desired complex
emission of sound described by the target function is not
necessarily limited to directions. Other arguments are also
possible, for example, e.g., the desired emission along a line
or across a surface/a volume.

[0047] The following applies with regard to the robustness
definitions. In the context of beam-forming applications,
robustness refers to the property of exhibiting only a rela-
tively small amount of degradation of the emission behavior
in case of deviations of the transducer array 10 or of the
transfer system, such as deviations of the driving filters from
the ideal behavior, positioning errors of the transducers
within the array, or deviations from the modeled transfer
behavior. A measure of robustness that is frequently
employed for microphone arrays, for example, is the so-
called white noise gain [BW01, MSK09], ({WNG]), which
results as a quotient of the signal magnitude in the incident
direction and of the L, standard of the driving weights for
the array. This measure may also be sensibly employed for
loudspeaker arrays [MKO07]; here, the signal magnitude in
the desired emission direction adopts the role of the mag-
nitude in the incident direction.

[0048] As was shown in the above paragraph, the magni-
tude in the emission direction (or incident direction) in
relation to an allowed standard of the driving weights has a
direct effect on the WNG and, thus, on robustness. Similarly,
the level that may be achieved in the emission direction is
dependent both on the maximally admissible amount of the
driving weights and on the emission characteristics of the
transducers. It may therefore be useful to specify the mag-
nitude (or amplitude of the desired emission pattern) such
that requirements placed both upon the robustness and upon
the emission magnitude achieved are met. In order to obtain
a good starting point for this specification it is possible to use
the following method:

[0049] On the basis of the desired emission direction, or
the data 36 regarding the desired directional behavior,
the transfer functions of the driving filters for the
delay-and-sum beamformer (DSB) are created within
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the module 54. This means that the module 54 assumes
simple filters which depend only on the positions of the
transducers and on the emission direction and consist
merely of a frequency-independent gain value and a
frequency-independent delay, in each case per trans-
ducer element. On the basis of the desired directional
behavior 36 and while taking into account the trans-
ducer data 34, only such frequency-independent values
are calculated by the module 54 per transducer. Thus,
a DSB basically corresponds to the setup of FIG. 1 or
2; however, simpler BFFs are used, namely such BFFs
which perform a time delay and frequency-independent
gain. While the directional efficiency of such a DSB in
particular for low frequencies is small, such a DSB
exhibits high WNG values and, thus, a good robustness.

[0050] On the basis of this DSB driving filter set
(consisting of merely the frequency-independent gain
value and the frequency-independent delay per trans-
ducer element), the emission of the array in the desired
emission direction is calculated/simulated. As has
already been mentioned, the modeled or measured
transducer characteristics from the data 34 are incor-
porated in the calculation of these frequency-indepen-
dent pairs of values per transducer element on the part
of the module 54.

[0051] The frequency response of the transducer array
which results in the emission direction from the DSB
driving filter set of the module 54 may be referred to as
a reference frequency response (or magnitude
response) and may be used in the subsequent steps of
calculation on the part of the calculation means 44. The
advantage of this approach consists in that thereby,
there is a definition for the magnitude which may be
implemented by the transducer array within the defined
maximum modulation values for the individual trans-
ducers, and which (since it results from a DSB design)
exhibits good robustness properties, or may be
designed to exhibit good robustness properties.

[0052] According to the example of FIG. 3, the calculation
means 44 comprises a further module, namely a module 58
which determines the final specification of the frequency
response of the transducer array in the emission direction on
the basis of the obtained reference magnitude response of
the module 54 in combination with the definitions 38 for the
desired frequency response. This means that the starting
point for determining the module 58 is constituted by the
frequency response of the transducer array as has so far been
determined by the DSB values of the module 54, i.e., by that
frequency response which results for the transducer array
with the DSB values in the corresponding direction. On the
basis of this magnitude response, modifications are per-
formed by the module 58. For example, modifications are
performed on the reference magnitude response so as to
equalize the frequency response, for example. Also, the
directional efficiency of the array may be increased within
certain limits (either globally or for specific frequencies) by
reducing the magnitude response in the emission direction in
relation to the reference magnitude response. In this context,
utilization of the DSB reference design and its WNG value
allows a fair assessment of the robustness properties of the
final design specification.

[0053] In an optional example of application, psychoa-
coustic findings are incorporated in the frequency-response
determination 58. In this context, for example, one may
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exploit the finding that specific frequency domains of a
signal are more important for the perception of a sound event
and that therefore an emission in other frequency domains
which is less advantageous since it is less directed may be
compensated for or rendered less perceivable by specifically
raising said frequency domains. It should be noted here that
this equalization is independent of the signal and also is
limited to only one emission characteristic, i.e., is not based
on psychoacoustic masking between various emission char-
acteristics or audio signals.

[0054] On the basis of the specific frequency-response
target for the transducer array as has been determined by the
module 58, optimization is then performed within module
56. The design of the beam-forming filters here is effected
within the frequency domain for a number of discrete
frequencies w,. In the context of the present application,
optimization methods based on convex optimization are
advantageously employed [M07, MSKO09]. Said optimiza-
tion methods enable the best approximation possible, in
terms of optimization, of the emission characteristic defined
or selected by the module 58 as is determined by the
modules 60, 54 and 58 on the basis of the data 36, specifi-
cally with regard to a selectable error standard, e.g., the L,
(least squares) or the L standard (Chebyshev, minimax
standard). The result of the optimization performed within
the module 56 is a complex driving value for each discrete
frequency, so that a vector H, (w,) of complex other weights
results per transducer n. Any measured or modeled trans-
ducer data, or the data 34, may be incorporated into the
optimization problem, solved by the module 56, so as to
obtain driving filter frequency responses H,, optimized with
regard to the frequency response and the emission charac-
teristic. In addition, the optimization-based approach
enables numerous secondary conditions which may relate to
both the achieved emission and the driving weights. For
example, a limitation for the minimum white noise gain may
be established. Similarly, it is possible to establish maximum
amounts for the driving weights so as to limit the driving of
the individual transducers.

[0055] Summarizing the above description of the possible
implementation of the mode of operation of the first calcu-
lation means 44 once again in an illustrative manner, refer-
ence shall be made to FIG. 4. The starting point for calcu-
lating the target frequency response on the part of the
calculation means 44 is constituted by the desired directional
selectivity, which is described by Q and provided with
reference numeral 70 in FIG. 4. The desired directional
selectivity Q is illustrated by way of example here as a
function €2 dependent on the emission angle ¢. As has been
indicated above, the directional dependence may also be
defined differently from being angular, however. Moreover,
FIG. 4 indicates by a dashed o that the desired directional
selectivity 70 may be defined in terms of space rather than
only within a plane. At the top right, FIG. 4 indicates how
the angles ¢ and o might be defined. The desired directional
selectivity might also already contain a frequency depen-
dence, ie., Q might depend on w. As far as that goes,
mention has been frequently been made of a “frequency
response” €2 since frequencies determined in a directionally
dependent manner are attenuated to a larger or a lesser
degree. This frequency response €2 is to be distinguished,
however, from the frequency response H,(w,) for the indi-
vidual beam-forming filters as are to be calculated by the
calculation means 44. Both act as filters having transfer
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functions as determined by the dependence on w, but the
frequency response Q is influenced by the eventually cal-
culated frequency responses H, of the individual beam-
forming filters.

[0056] The desired directional selectivity 70 as defined by
the data 36 is now to be achieved with the specific transducer
array. At the top right of FIG. 4, the elements of the array are
assumed to be loudspeakers by way of example, but as has
already been mentioned, an array consisting of other trans-
ducers such as microphones, for example, is also possible.
Thus, the array is constituted by specific transducer posi-
tions, transducer orientations, a transducer frequency
response, which frequency response may in turn be depen-
dent on the direction, and/or a directional dependence of the
emission and/or of the sensitivity, which, conversely, may in
turn be dependent on the frequency. Within the module 54,
a pair of values ,, and a,,, namely a frequency-independent
delay 1 and an gain value a which is also independent of the
frequency, are determined for each transducer n, so that
assuming that only these frequency-independent values are
applied in the BFFs of the transducers n the directional
selectivity Q' 72 results which is dependent on the direction,
i.e., dependent on ¢ and optionally on o and dependent on
the frequency, i.e., dependent on ®. The determination
within the module 54 is performed such that the desired
directional selectivity 70 is achieved or approximated as
much as possible. Of course, this is possible only to a limited
extent since merely frequency-independent delay and/or
gain are determined per transducer n. To make up for this,
however, the directional selectivity Q' is achieved with a
high level of robustness. As was described, Q' 72 now serves
as a starting point for the actual desired directional selec-
tivity 74 as is intended to underlie the optimization 56 at a
later point in time. As far as the directional selectivity 72 is
concerned, one makes use of the prior knowledge that it is
robust on account of its DSB property. The module 58 now
modifies the directional selectivity Q' 72 such that it comes
closer to the desire for a specific frequency dependence of
the directional selectivity. For example, within the module
58, a frequency dependence of the directional selectivity €
is defined by the transfer characteristic 38 in a predefined
direction ¢, or ¢y, O, e.g. in the direction of the maximum
emission and/or maximum selectivity, i.e. in that direction
for which Q is at a maximum at 70. The optimization target
74 of the optimization 56 is also a directional selectivity
€2, ... that is dependent on the frequency and direction, and
the optimization 56 is performed such that it finds target
frequency responses and/or transfer functions H, (w,) for the
beam-forming filters n such that by means of their utilization
in the beam-forming filters of the transducer array 10, the
optimization target 74 is achieved or approximated as well
as possible, i.e. such that a deviation in terms of a specific
criterion is minimized. Thus, the optimization 56 might be
considered a fine alignment of beam-forming filter transfer
functions 76 which, when used for the beam-forming filters,
are equivalent to the frequency-independent delays and
gains. However, it is to be ensured that the DSB design is
nevertheless actually used only for formulating the optimi-
zation target and that the frequency domain optimization 56
may start independently of the DSB design. In other words,
according to an advantageous embodiment, the DSB design
is not adapted and/or is used as a basis which thus serves
merely as a master for the desired frequency response in the
emission direction, i.e. for defining the optimization target,
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and the optimization algorithm 56 starts from scratch, i.e.
without any knowledge about the DSB weighting. The
frequency-independent delays and gains ,, and a, as are
calculated within module 54 may be similarly generated,
specifically, by filters with transfer functions H,, whose
linear phase response, adjusted by 2r phase jumps, exhibits
a slope corresponding to 1, and whose magnitude, or
amount, corresponds to a, and is therefore constant. Depend-
ing on the case of application, one may suitably set the
frequency nodes or sampling points w,, whereink=1 ... K,
for which the optimization 56 is performed. Since the
transfer function H,, is a complex-valued function, the vari-
ables to be optimized are therefore 2-N-K, wherein N is the
number of transducers and K is the number of frequency
samples for which the optimization 56 is performed. The
optimized target frequency responses 78 resulting from the
optimization 56 may be achieved by optionally subjecting
the optimization to secondary conditions as well, such as
secondary conditions regarding meeting of specific robust-
ness criteria defined by the data 40. Thus, the optimization
56 may in particular be a square program having a secondary
condition stating that a specific robustness measure must not
be fallen below.

[0057] It has been pointed out several times above that
calculation of the target frequency responses 78 might also
be performed differently.

[0058] In the embodiment of FIG. 3, before the target
frequency response 78 of the beam-forming filters is taken
as a basis for the optimization within the second calculation
means 46, one or more modifications are performed which
are optional, however, as was mentioned above.

[0059] As will be described below, specifically, the fre-
quency responses of the individual driving filters n results
from the driving weights H, (w,), obtained in the optimiza-
tion 56, since the weights of the filter are actually removed
in each case. Said filters often contain a marked delay, which
is reflected, for example, by the phase and/or group delay
time. Said delay is in the way of the further processing
stages, such as, in particular, the subsequent optimization
performed within the second calculation means 46. The
optional smoothing step described below is also rendered
more difficult or involves a clearly higher resolution of the
frequency raster during the optimization 56 performed
within the first calculation means since smoothing involves
determining the continuous phase by means of “phase
unwrapping”. The higher the increase, contained within the
frequency response, of the phase function, the more difficult
it will be to correctly detect and subsequently compensate
for the phase jumps. This affects the correctness of the
phase-unwrapping algorithms.

[0060] In addition, it is advantageous for the optimization
step performed within the second calculation means 46 if the
optimization target there, i.e. the target frequency response
78, exists in a version that is as close as possible to a
zero-phase frequency response, i.e. wherein the phase terms
caused by delays are eliminated as much as possible. Further
requirements regarding the optimization step performed
within the calculation means 46 will be described in more
detail below. Generally, the following aspects are to be
heeded:

[0061] The causality of the resulting filters is not relevant
at this stage of the design process. One may work with
non-causal desired frequency responses, which are close to
zero-phase transfer functions, for the driving filters. The
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causality may be rendered causal again following the FIR
design (by re-inserting the extracted delays, possibly supple-
mented by additional delays).

[0062] The extraction of the delays from the transducer
data, which was already set forth above in terms of the
inclusion of transducer properties, already reduces some of
the delay contained within the desired frequency response
H,, 78 of the driving filter n. However, this may not be usable
here and there and may be supplemented by the module 80
for delay adaptation. The following approach may be used
for adapting the gain values.

[0063] Adaptation is performed individually for each
filter BFF,,.

[0064] The continuous phase of the frequency response
is determined by an algorithm for “phase unwrapping”.

[0065] The linear proportion (i.e. the increase) of the
phase function is determined by a least squares fit with
a first-order polynomial. The linear proportion of the
delay may be determined therefrom.

[0066] Optionally: The linear delay proportion is
rounded or rounded down to an integral multiple of the
sampling period. This may simplify subsequent recom-
bination, which will then involve only a shift of the
impulse response (e.g. by putting in front a correspond-
ing number of zeros or by implementing these delays in
the form of a delay line).

[0067] On the basis of this linear term, a vector is
calculated from complex exponentials which has a
phase response that is negated in relation to this linear
phase term.

[0068] The delay of the frequency response is adapted
by multiplying the original frequency response 78 by
this vector of complex exponentials.

[0069] The calculation specification may be readily
varied, e.g. decomposing the complex frequency
response within the magnitude response (better: zero-
phase frequency response) and continuous phase, deter-
mining of the linear delay proportion, subtracting said
proportion from the continuous phase, followed by
recombining magnitude and phase or by transferring
both parts to subsequent smoothing.

[0070] FIG. 5 once again illustrates the mode of operation
of'the delay adaptation module 80 of the modification means
48. As was said above, the starting point is the set of target
frequency responses 78 that are possibly to be modified, i.e.
H,(®,). FIG. 5 shows the phase response 82 of H,(w,) by
way of illustration. Said phase response exhibits phase
jumps 84 by way of example. The phase response adjusted
by 27 phase jumps is shown at 86 and may be approximated
by a linear function 88, e.g. by a least squares fit, the linear
proportion 88 having a slope which corresponds to a fre-
quency-independent delay 1)',. Modification of the target
frequency response 78 by the module 80 now provides for
this linear proportion 88 to be eliminated or reduced, i.e. the
phase response adjusted by 2n phase jumps is leveled and/or
straightened, FIG. 5 showing the phase response of the target
frequency responses H', (w,) thus modified at 90. The delays
', are earmarked and stored.

[0071] A further module of the modification means 48 is
the optionally existent frequency domain smoothing module
92. The following can be said about the frequency domain
smoothing by the module 92. The frequency responses 78,
or H' (w,), generated by the optimization-based filter design,
of'the driving filters n typically comprise intense fluctuations
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in magnitude and phase. Such design definitions are difficult
to implement in an FIR filter design and/or involve a very
high FIR filter order and/or FIR length of the beam-forming
filters. Even though in the latter case, a good match may be
achieved with the defined interfaces, intense overshoot phe-
nomena frequently occur between the nodes w,, said over-
shoot phenomena degrading the frequency response of the
resulting beamformer. Also, in terms of psychoacoustic
considerations it is often not useful to map such narrow-
band fluctuations. Therefore, the desired {frequency
responses 78 of the driving filters are subjected to a smooth-
ing algorithm. The latter is performed, for example, on the
basis of psychoacoustic considerations, with a frequency-
dependent window width of, e.g., 3 octave or % octave
[HNOO]. Since the frequency responses are complex-valued,
the smoothing is performed separately for the magnitude and
the phase, for example, i.e. smoothing is separate for the
magnitude transfer function (more specifically, of the zero-
phase frequency response (cf., e.g., [Sar93, S107])) and the
continuous (unwrapped) phase [PF04]. It would be possible
for the magnitude and the phase to be generated from the
complex frequency response H,(w,), or H', (w,), by a phase-
unwrapping algorithm within the module 92 and to be
independently smoothed by convolution with a frequency-
dependent smoothing filter, also referred to as a “window”.
Said phase unwrapping within the module 92 may possibly
be dispensed with if the module 80 is present since said
phase unwrapping was already performed within module 80.
Subsequently, both smoothed parts, i.e. the magnitude and
the phase, are joined to form the smoothed complex fre-
quency response, to form H", (w,), as it were. Alternatively,
the separation, obtained within the module 80, of the fre-
quency response into the zero-phase component and the
continuous phase might also be smoothed directly within the
module 90 and be subsequently combined. FIG. 5 indicates
the combination of the application of modules 80 and 92.

[0072] Due to the optimization performed within the cal-
culation means 46, FIR filter coefficients hy, (i) wherein
i=1 . . . I, are determined such that the targe'i frequency
responses of the beam-forming filters are approximated, e.g.
H" (w,) in the case of applying both modification modules
80 and 92. Details on this will be addressed below. However,
as was already mentioned, this may involve utilizing opti-
mization methods for linear, square or, more generally,
convex optimization problems. This optimization problem
may be provided with secondary conditions relating to, e.g.,
the shape of the transfer function of the beam-forming
filters, i.e. a secondary condition relating to the transfer
function and/or the frequency domain of the beam-forming
filters, whereas the optimization performed within the cal-
culation means 46 otherwise concerns, as optimization vari-
ables, the FIR filter coefficients of the beam-forming filters
which correspond to the impulse response of the beam-
forming filters.

[0073] For completeness’ sake, however, the significance
of the modification means 50 will be addressed before
describing the optimization performed within the calculation
means 46 in more detail. Specifically, said modification
means 50 is responsible for possibly “re-integrating” the
modification performed by the module 80, i.e. the leveling
of the phase response of the target frequency responses of
the beam-forming filters into the FIR filter coefficients
obtained by the optimization performed within the calcula-
tion means 46 in that it performs some kind of a delay
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recombination, such as the insertion of zeros which will be
described in detail once again below and according to which
zeros are placed before the FIR filter coefficients. This will
be described below. By way of example, FIG. 6 shows by
means of a double arrow that the FIR filter coefficients hy
obtained by the optimization performed within the calcula’
tion means 46 describe, beam-forming filter by beam-form-
ing filter, the impulse response of the respective beam-
forming filter n and merge into, or correspond to, the transfer
function H,(w) of the respective beam-forming filter via an
FFT, or Fourier transformation. By way of example, FIG. 6
shows the impulse response at 96, and it shows the phase
response, adjusted by 2z phase jumps, of the transfer func-
tion at 98 by way of example. The modification means 50
now uses the phase delay value 1),,, stored for the respective
beam-forming filter n, by appropriately shifting the FIR
filter coefficients in accordance with h'yzr (1)=hgpr (D2Y',;
as was already mentioned, it is advantagéous for this pur-
pose to restrict the slope ¢, which is used for the leveling
in the leveling module 80, to integral multiples of the time
intervals of the FIR-filter taps since in this case taking into
account of the leveling on the part of the module 80 within
the modification means 50 will merely correspond to a shift
in the FIR filter coefficients hzy. , whereas otherwise an
interpolation of the FIR filter coefficients may additionally
be used. For the phase response corresponding to the modi-
fied FIR-filter coefficient W'y, this means, as indicated at
100 in FIG. 6, that the levelingn is undone, as it were.
[0074] As an alternative to the approach of FIG. 6, within
the modification means 50, each beam-forming filter n might
be defined not only by the beamforming FIR filter coeffi-
cients hy.. but also by the frequency-independent delay
Y, it would be possible for the latter to be taken into
account, in beam-forming filters of FIGS. 1 and 2, by a
simple delay element connected in series with the FIR filter.
[0075] Itis typically not possible to perform the frequency
domain design, or the frequency domain optimization, 56
across the entire frequency domain of the time-discrete filter,
i.e. of the FIR filter of the beam-forming filters, namely from
=0 Hz to

5
I=3

[0076] with £ as the sampling frequency. For very low
frequencies, in particular also for =0 Hz, i.e. for the direct
component, a firm definition of the emission behavior is not
useful, specifically when modulating real transducers. Like-
wise, no useful definitions are typically possible for very
high frequencies, e.g. relative to the spatial aliasing fre-
quency of the array: 1) the formation of pronounced side
lobes cannot be prevented by a corresponding desired char-
acteristic. 2) The width of the beam of the desired emission
direction decreases as the frequency increases. Thus, it is not
possible, or it is possible only with a large specification
expenditure, to make useful, accomplishable definitions
regarding the widths of the beams within these frequency
domains.

[0077] The statements made directly above relate to the
frequency domain optimization 56 but also allow conclu-
sions to be drawn in terms of the time domain optimization
performed within the time calculation means 46. Generally,
the optimization process performed within the calculation
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means 46, i.e. the optimization-based design of FIR filters,
allows introducing frequency domains, or frequency sec-
tions, for which no definitions are made, i.e. for which there
is no desired frequency response, or target frequency
response, i.e. for which no optimization target is established.
Such areas may be referred to as transition bands or don’t
care bands. However, for the beamforming applications
considered, it turns out that already very narrow frequency
domains without any design specification or without any
optimization target will lead to uncontrolled behavior of the
designed FIR filters during optimization of the second
calculation means 46, e.g. they will lead to an extremely
high magnitude and to fluctuations of the beam-forming
filter frequency response within said frequency sections.
[0078] For this reason, FIG. 3 presents the optional pos-
sibility according to which restrictions 42 are performed in
terms of the defined optimization target with regard to the
frequency response within said frequency sections. As is
indicated by the dashed line in FIG. 3 and as was set forth
in the paragraph preceding the above paragraph, the fre-
quency sections may be selected as a function of character-
istics of the transducers. The optimization problem to be
solved by the calculation means 46 takes into account the
frequency restriction 42, for example, in that a maximum
magnitude is indicated as a secondary condition for the
convex optimization problem:

... on the secondary condition that |H(w)ls|H(w)
IVoeX, (1)

[0079] wherein X is a discretized representation of the
transition, or don’t care, bands, i.e. of those frequency
sections for which no optimization target is to be present in
the optimization performed within the second calculation
means 46, and [F(w) designates the maximally allowable
magnitude of the frequency response at the frequency
within the transition bands X.

[0080] An alternative to using frequency restrictions 42, or
restrictions for high and/or low frequencies, consists in
using a hybrid design approach, which will be described
below.

[0081] It is the goal of the optimization performed within
the second calculation means 46 to generate FIR filters, with
which filtering of the source signals, i.e. of the loudspeaker
signals in the event of a loudspeaker array as shown in FIG.
1, and of the microphone output signals in the event of a
microphone array as shown in FIG. 2, may be performed,
from the frequency responses which are obtained as a result
of the frequency domain design for the beamformers and
which were referred to as H,(w,) or H',(w,) or H" ()
above and which will be referred to below as a desired
frequency response with the variable name of H(w). For this
purpose, a mathematical optimization method is used which
may be a method of convex optimization, for example. By
means of said method, the frequency response H(w) of the
designed FIR filter h(i) is determined such that H(w) is
approximated as well as possible, i.e. that the error regarding
a selectable standard p becomes minimal. Generally, the
optimization problem may be presented in the following
form:

f,g}}{{iog}iézldlﬂ(w) - A, )
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[0082] on the secondary condition that <secondary con-
dition(s)>

[0083] The supplement <secondary condition(s)> is
optional. Secondary conditions need not but may exist, as
was already described above by way of example with regard
to the high-frequency restrictions. One single secondary
condition is also possible. Generally, said secondary condi-
tions represent a multitude of possible secondary conditions
which may relate to, but need not exclusively relate to, the
frequency response or the coefficients of the FIR filter. The
frequency variable w, here used as a normalized angular
frequency w=2xf/f, is typically discretized. Thus, both the
optimization problem of equation (2) and the secondary
conditions may typically be presented in a matrix form.
[0084] The target frequency responses for the time domain
optimization performed within the second calculation means
46, which result within the context of the frequency domain
optimization 56 (and/or of the modification 80 and/or 92) are
generally complex-valued and comprise a non-trivial, in
particular neither linear nor minimal-phase, frequency
response. Thus, the optimization problem of the above-
mentioned equation (2) corresponds to a filter design prob-
lem for FIR filters having arbitrary phase characteristics. A
multitude of methods have been described on this in litera-
ture, such as in [PR95, KM95; KM99].
[0085] In the implementation of the design algorithm, the
delays contained within the filters H(w) and H(w), i.e. the
linear term of the phase response adjusted by 2w phase
jumps, exhibit particular significance. As depicted in
[KM99], utilization of arbitrary phase responses results in
very poorly conditioned optimization problems or degener-
ated solutions. This is the case particularly if the standard
formulation of a causal FIR filter having the frequency
response

—jwn

1=

H(w) = e

X
I
=3

[0086] is used. For this reason it would be possible, as
suggested in [KM99], to perform the design on the basis of
a non-causal FIR filter having the transfer function

N N (4a)
Hye(@) = Y hnlGn, ) with Gin, ) = i),
n=0

[0087] The causal (3) and the non-causal (4a) filters differ
in terms of the pure delay term, namely

®

. N
H(e™) = e 7% Hye(w).

[0088] When using the non-causal frequency response, the
desired function H(w) should be adapted such that the linear
proportion of the phase is as close to O as possible. This is
effectively implemented by the modifications 80 and 50.

[0089] Once the impulse responses of the FIR filters, i.e.
h(i), were determined during the optimization performed
within the second calculation means 46, the modification
means 50 optionally re-integrates the previously compen-
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sated-for delay components into the driving filters. Accord-
ing to an alternative embodiment, integration of the delays
', into the filters n is circumvented in that the pure delays
', are applied, during the runtime of the beamforming
application, to the input or output signals of the control
filters by means of suitable signal processing means such as
digital delay lines, for example. In this case it is merely to
be ensured that the impulse responses of the obtained FIR
filters are causal, i.e. that the indices of the impulse
responses start at 0. Such a modification involves no active
calculation operations at the runtime but corresponds merely
to introducing a constant implementation-induced delay for
all driving filters n. Care should be taken to ensure that this
delay is constant for all driving filters of a beamformer. For
separate application of the delay it may be advantageous to
select those delays that were extracted in the delay adapta-
tion 80 as multiples of the sampling period. In this case,
specifically, the delay lines may be used for integral delays,
as was already described with regard to FIG. 6, which are no
filtering operations but may involve merely indexed access
to the signal while not causing any distortions. Alternatively,
it is also possible to map arbitrary delay values. However,
this may use delay lines with access to arbitrary delays
(fractional delay lines), which may cause distortions,
involve calculating power and possibly result in additional
latency or delay.

[0090] In the context of the high-frequency restriction 42,
it was already set forth that an optimization equally relating
to all frequencies is not always useful. The same applies to
the frequency domain optimization 56. It was already hinted
above that a hybrid design approach might also be used in
the frequency domain optimization 56. According to said
approach, an optimization-based approach to obtaining the
frequency domain driving functions H,,(w,) as has been
described so far is combined with a design corresponding to
the DSB design as is calculated within module 54, the DSB
design approach being used for the high frequencies. The
goal here is to reduce the filter order that may be used while
improving robustness at the same time. In this context, use
is made of the fact that for high frequencies, the emission
characteristic of the transducer array can no longer be fully
controlled due to spatial aliasing. This is why a DSB design
approach is used for frequencies above a specified funda-
mental frequency, e.g. a frequency that is relatively close to
the spatial aliasing frequency of the transducer array. For
this purpose, the frequency domain specification of the
entire filter is combined from two parts: the frequency
responses, obtained by means of optimization, up to the
fundamental frequency, and the frequency responses, corre-
sponding to those of the DSB, for the frequencies there-
above. The combination of both methods is effected by
subsequent smoothing, which was already described above,
and by the optimization-based FIR design. A critical step
here is to match the signal delay time (delays) of both design
approaches. For example, it is possible to determine, by
means of a least squares fit, a delay offset for the DSB such
that the delay jumps of the individual driving filters are
minimized within the root mean square.

[0091] In various exemplary designs, the hybrid design
approach enables more robust emission within the high-
frequency domain, which is characterized by less erratic
fluctuations of the behavior without any appreciable losses
in performance and with the directional efficiency within the
low-frequency domain being partly improved at the same
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time and, additionally, with a constant filter order. As a
reason for this one may assume that the degrees of freedom
provided by a specific filter order may be better used, in the
hybrid design approach, for those frequency domains
wherein it is possible to influence the characteristic, whereas
fewer resources are employed for high frequencies wherein
there are tough restrictions for the suppression of undesired
emission due to spatial aliasing.

[0092] FIG. 7 once again illustrates the hybrid design
approach: the transfer function to be used for time-domain
optimization performed within the second calculation means
46 is composed of the transfer function obtained in accor-
dance with the frequency domain optimization 56, as far as
a section of lower audio frequencies 100 is concerned; the
transfer functions H,,, which correspond to the frequency-
independent pairs of values 1),a,, are used in the section of
higher audio frequencies 102. The section 100 and the
section 102 may border on each other at a cut-off frequency
Wporgers Which corresponds to the spatial cut-off aliasing
frequency of the transducer array, for example, or deviates
by less than 10% from the latter. It would also be possible,
as indicated by dashed dots, for the low-frequency section
and the high-frequency section 100 and 102 to overlap each
other. For example, if the section 100 extends over [m,;,,
®yl, and the section 102 extends over [w,, ], then
O <0, A O <y, shall apply, for example, wherein
possibly wy;,=0 and/or w; =y, or even w; =, and/or
0.9 0y prter<Wpy 4,0 <110y, applies. In the overlap
area of both sections, the time-domain optimization transfer
function which is eventually to be used might be obtained,
for example, by averaging between both transfer functions
(DSB design and optimization result of 56).

[0093] In summary, therefore, the above embodiments
described a possibility of providing a design of robust FIR
filters for beam-forming applications. FIR filters with arbi-
trary phase responses may be generated from complex-
valued frequency responses of the individual beam-forming
filters. The specific value of the above embodiments consists
in that robustness properties of the beamformers may be
obtained.

[0094] Particular advantages of the above embodiments
consist in that, for example, robust FIR filters may also be
obtained for complex beam-forming problems, such as even
beyond the aliasing frequency of the transducer array in case
of broadband operation, or in case of complex behavior of
the transducers, such as a limited level at low frequencies,
for example. A further advantage consists in that the fre-
quency raster of the frequency response specification, i.e., in
the frequency domain optimization 56, and the filter order of
the FIR filters of the beam-forming filters may be selected
independently of one another. In addition, a multitude of
design specifications for beamformers and the filters are
possible: secondary conditions such as level limits, behavior
of'the filter in regions for which no beam-forming frequency
response exists, etc., may be integrated in a simple manner.
[0095] The present invention may be employed in a mul-
titude of beam-forming applications, such as in loudspeaker
arrays for spatially selective acoustic irradiation, for gener-
ating “quiet zones” or for reproducing surround material via
loudspeaker lines (soundbars). Likewise, the above embodi-
ments may also be used by microphone arrays so as to
receive sound in a directionally selective manner.

[0096] Possibly, beam-forming applications for electro-
magnetic waves such as mobile radio antennae or radar
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antennae, for example, would also be feasible. However, the
bandwidths that may be used there are clearly smaller than
those employed for audio applications, so that implementa-
tion as FIR filters and/or the need for a design approach for
broadband filters is difficult to estimate here.

[0097] Even though some aspects have been described
within the context of a device, it is understood that said
aspects also represent a description of the corresponding
method, so that a block or a structural component of a device
is also to be understood as a corresponding method step or
as a feature of a method step. By analogy therewith, aspects
that have been described in connection with or as a method
step also represent a description of a corresponding block or
detail or feature of a corresponding device. Some or all of
the method steps may be performed by a hardware device (or
while using a hardware device), such as a microprocessor, a
programmable computer or an electronic circuit. In some
embodiments, some or several of the most important method
steps may be performed by such a device.

[0098] The inventive set of FIR filter coeflicients 32 for
the beam-forming filters may be stored on a digital storage
medium or may be transmitted on a transmission medium
such as a wireless transmission medium or a wired trans-
mission medium, for example the internet.

[0099] Depending on specific implementation require-
ments, embodiments of the invention may be implemented
in hardware or in software. Implementation may be effected
while using a digital storage medium, for example a floppy
disc, a DVD, a Blu-ray disc, a CD, a ROM, a PROM, an
EPROM, an EEPROM or a FLASH memory, a hard disc or
any other magnetic or optical memory which has electroni-
cally readable control signals stored thereon which may
cooperate, or cooperate, with a programmable computer
system such that the respective method is performed. This is
why the digital storage medium may be computer-readable.
[0100] Some embodiments in accordance with the inven-
tion thus include a data carrier which comprises electroni-
cally readable control signals that are capable of cooperating
with a programmable computer system such that any of the
methods described herein is performed.

[0101] Generally, embodiments of the present invention
may be implemented as a computer program product having
a program code, the program code being effective to perform
any of the methods when the computer program product
runs on a computer.

[0102] The program code may also be stored on a
machine-readable carrier, for example.

[0103] Other embodiments include the computer program
for performing any of the methods described herein, said
computer program being stored on a machine-readable car-
rier.

[0104] In other words, an embodiment of the inventive
method thus is a computer program which has a program
code for performing any of the methods described herein,
when the computer program runs on a computer.

[0105] A further embodiment of the inventive methods
thus is a data carrier (or a digital storage medium or a
computer-readable medium) on which the computer pro-
gram for performing any of the methods described herein is
recorded.

[0106] A further embodiment of the inventive method thus
is a data stream or a sequence of signals representing the
computer program for performing any of the methods
described herein. The data stream or the sequence of signals
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may be configured, for example, to be transferred via a data
communication link, for example via the internet.

[0107] A further embodiment includes a processing
means, for example a computer or a programmable logic
device, configured or adapted to perform any of the methods
described herein.

[0108] A further embodiment includes a computer on
which the computer program for performing any of the
methods described herein is installed.

[0109] A further embodiment in accordance with the
invention includes a device or a system configured to
transmit a computer program for performing at least one of
the methods described herein to a receiver. The transmission
may be electronic or optical, for example. The receiver may
be a computer, a mobile device, a memory device or a
similar device, for example. The device or the system may
include a file server for transmitting the computer program
to the receiver, for example.

[0110] In some embodiments, a programmable logic
device (for example a field-programmable gate array, an
FPGA) may be used for performing some or all of the
functionalities of the methods described herein. In some
embodiments, a field-programmable gate array may coop-
erate with a microprocessor to perform any of the methods
described herein. Generally, the methods are performed, in
some embodiments, by any hardware device. Said hardware
device may be any universally applicable hardware such as
a computer processor (CPU), or may be a hardware specific
to the method, such as an ASIC.

[0111] While this invention has been described in terms of
several embodiments, there are alterations, permutations,
and equivalents which fall within the scope of this invention.
It should also be noted that there are many alternative ways
of implementing the methods and compositions of the
present invention. It is therefore intended that the following
appended claims be interpreted as including all such altera-
tions, permutations and equivalents as fall within the true
spirit and scope of the present invention.
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1. A device for calculating FIR filter coefficients for

beam-forming filters of a transducer array, comprising:

a first calculator for calculating frequency domain filter
weights of the beam-forming filters for a predetermined
frequency raster so as to acquire target frequency
responses for the beam-forming filters, so that appli-
cation of the beam-forming filters to the transducer
array approximates a desired directional selectivity;
and

a second calculator for calculating the FIR filter coeffi-
cients for the beam-forming filters so that frequency
responses of the beam-forming filters approximate the
target frequency responses;

further comprising a target frequency response modifier
connected between the first calculator and the second
calculator so as to modify the target frequency
responses of the beam-forming filters as acquired by
the first calculator, so that the second calculator calcu-
lates the FIR filter coefficients for the beam-forming
filters in such a manner that the frequency responses of
the beam-forming filters approximate the target fre-
quency responses in a form modified by the target
frequency response modifier, said modification com-
prising
frequency domain smoothing and/or
for each beam-forming filter, leveling of a phase

response, adjusted by 2z phase jumps, of the target
frequency response of the respective beam-forming
filter by removing a linear phase function portion,
and storing a delay for the respective beam-forming
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filter, said delay corresponding to a slope of the
linear phase function portion.

2. The device as claimed in claim 1, wherein the first
calculator is configured to perform the calculation by solv-
ing a first optimization problem according to which a
deviation between a directional selectivity of the array, as
results from the frequency domain filter weights, and the
desired directional selectivity is minimized.

3. The device as claimed in claim 2, wherein the first
calculator is configured such that the first optimization
problem is a convex optimization problem.

4. The device as claimed in claim 2, wherein the first
calculator is configured to combine the calculation within a
first range of relatively low audio frequencies by solving the
first optimization problem so as to acquire low-frequency
domain target frequency responses for the beam-forming
filters, and within a second range of relatively high audio
frequencies by calculating global-frequency delays and
amplitude weights for the array as a function of the desired
directional selectivity, and to subsequently combine the
low-frequency domain target frequency responses with
high-frequency domain target frequency responses which
correspond to global-frequency delays and amplitude
weights.

5. The device as claimed in claim 1, said device further
comprising an FIR filter coefficient modifier configured to
subject the FIR filter coefficients as are calculated by the
second calculator to a time-domain shift corresponding to
the stored delay for the respective beam-forming filter.

6. The device as claimed in claim 1, wherein the second
calculator is configured to perform the calculation by solv-
ing a second optimization problem according to which a
deviation between the frequency responses of the beam-
forming filters corresponding to the FIR filter coefficients
and the target frequency responses is minimized.

7. The device as claimed in claim 6, wherein the second
calculator is configured such that the second optimization
problem is a convex optimization problem.

8. The device as claimed in claim 6, wherein the second
calculator is configured such that the second optimization
problem defines the deviation in a frequency-selective man-
ner, or defines frequency-dependent tolerance thresholds for
the deviation.

9. The device as claimed in claim 6, wherein the second
calculator is configured such that as a secondary condition,
the second optimization problem comprises, in at least one
frequency section wherein the deviation is not minimized, a
restriction of the magnitude of the frequency responses of
the beam-forming filters which correspond to the FIR filter
coeflicients.

10. The device as claimed in claim 1, wherein a frequency
resolution of the beam-forming filters as is defined by the
FIR filter coefficients differs from a frequency resolution of
the frequency raster for which the frequency domain filter
weights of the beam-forming filters are calculated.

11. A method of calculating FIR filter coefficients for
beam-forming filters of a transducer array comprising:

calculating frequency domain filter weights of the beam-

forming filters for a predetermined frequency raster so
as to acquire target frequency responses for the beam-
forming filters, so that application of the beam-forming
filters to the transducer array approximates a desired
directional selectivity; and



US 2017/0164100 A1

modifying the target frequency responses of the beam-

forming filters, said modification comprising

frequency domain smoothing and/or

for each beam-forming filter, leveling of a phase
response, adjusted by 2z phase jumps, of the target
frequency response of the respective beam-forming
filter by removing a linear phase function portion,
and storing a delay for the respective beam-forming
filter, said delay corresponding to a slope of the
linear phase function portion;

and

calculating the FIR filter coefficients for the beam-form-

ing filters so that frequency responses of the beam-
forming filters approximate the target frequency
responses in a form modified by the target frequency
response modifier.

12. A non-transitory digital storage medium having a
computer program stored thereon to perform the method of
calculating FIR filter coefficients for beam-forming filters of
a transducer array, said method comprising:

calculating frequency domain filter weights of the beam-

forming filters for a predetermined frequency raster so
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as to acquire target frequency responses for the beam-
forming filters, so that application of the beam-forming
filters to the transducer array approximates a desired
directional selectivity; and
modifying the target frequency responses of the beam-
forming filters, said modification comprising
frequency domain smoothing and/or
for each beam-forming filter, leveling of a phase
response, adjusted by 2z phase jumps, of the target
frequency response of the respective beam-forming
filter by removing a linear phase function portion,
and storing a delay for the respective beam-forming
filter, said delay corresponding to a slope of the
linear phase function portion;
and
calculating the FIR filter coefficients for the beam-form-
ing filters so that frequency responses of the beam-
forming filters approximate the target frequency
responses in a form modified by the target frequency
response modifier
when said computer program is run by a computer.
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