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Description

[0001] The invention relates to an array microphone, which is formed from at least two basic microphones connected
with a signal processor, which make use of an algorithm for processing the signals of the basic microphone.

[0002] The invention relates to a method for modeling an array microphone made from basic microphones, where the
signals of the basic microphones are processed using a filter algorithm.

[0003] Language is becoming increasingly important as a means of communication between humans and machines.
Because, in most applications, it is necessary to use natural speech, the microphone that receives the speech signal is
not in close proximity to the mouth of the speaker; instead, it is at a certain distance from the person, which continuously
changes in many applications. Thus, array microphones are used, on the one hand, as natural speech microphones in
telephone conversations, for example, in private cars, and, on the other hand, in systems such as navigation systems
operated by voice recognition.

[0004] However, a limiting factor of voice recognition is caused by the fact that the voice level, and thus the signal/
noise ratio, decreases with increasing distance between the sound source and the microphone. In environments with
many undesired sources of interference, such as in cockpits in airplanes, motor vehicles, conference rooms, lecture
halls, and surgery rooms, measures must therefore be taken to suppress the interference. Naturally, the same applies,
although at a more sensitive scale, to concert halls in which people rustle, clear their throats, and talk.

[0005] Efficient solutions for this set of problems are offered by so-called beam forming methods. Here, several
microphones that are arranged to form an array, so-called array microphones, are used to receive the desired audio
signal. As a result of the spatial arrangement of the individual microphones, with respect to one or more sound sources,
as well as the filtering and the combination of the individual microphone signals, a spatial direction effect is generated.
Signals that reach the array microphone from the useful signal direction are transmitted essentially without distortion,
while signals from other directions can be suppressed considerably. Adaptive beam formers can, in the process, adapt
to movable sources of interference that change over time, for example, during the start phase, the flight phase, and the
landing phase of an airplane. An input requirement for the functioning of a beam former is that it must be provided the
directions from which useful or interfering sound can be expected. This information, however, can also change over
time, or it can be calculated by an additional algorithm with the aid of the microphone signals, for example, if there are
several pilots in a cockpit, whose movements are to be tracked.

[0006] Array microphones essentially consist of an arrangement of individual microphones, which are interconnected
by signal technology. In the arrangement of the microphones, a distinction can in principle be made between array
microphones in a one-, two- and three-dimensional arrangement. In the case of the one-dimensional arrangement, the
microphones are arranged along a line. If microphones that have a spherical directivity pattern (so called omnidirectional
microphones) are used, the orientation of the individual microphones is not essential, because they only function as
pressure receivers and therefore have an undirected effect in space. If pressure gradient microphones are used, the
orientation of the individual microphones is essential: The overall directivity pattern, and thus the overall directionality
of the array microphone, are the result of a combination of the directivity patterns of the individual microphones with
respect to each other, with the use of an algorithm by means of which the microphone signals are processed jointly.
[0007] The signal-technology connection of the individual microphones can be carried out in the analog or the digital
domain. Below, the digital implementation will be discussed. The individual signals of the basic microphones are digitized
by means of A/D converters (analog-digital converters) and applied to a signal processing unit. By means of the signal
processing unit, an appropriate algorithm (key word "beam forming") is applied to the microphone signal. With the use
of this algorithm, the degree of directionality of array microphones can be increased, and interfering sound sources that
act from certain directions can be suppressed. A good review of array microphones can be found, for example, in M.
Brandstein and D. Wards (Editors), Microphone Arrays, Springer Verlag, 2001 and in the literature cited therein.
[0008] One component of the algorithm consists of filter coefficient sets, which are characteristic for the arrangement,
type, sensitivity, and characteristic of the microphones used, the acoustic environment, and the location of the sound
sources. In these filter coefficient sets, it is also possible to take into account different properties of the individual
microphones, such as those caused by scattering due to the method of manufacture, aging effects, etc. A filter structure
that is frequently used in the literature is known as a "filter and sum beam former" (see, for example, M. Brandstein and
D. Wards (Editors), Microphone Arrays, Springer Verlag, 2001, page 159). Here, the individual microphone signals are
filtered after the analog-digital conversion using appropriate FIR filters (finite impulse response filters), then added. An
embodiment example with 4 microphones is shown in Figure 1, which reflects the state of the art:

Figure 1 shows a simple linear array microphone with identical distances "d" between the individual microphones.
The angle of incidence of the sound, 6, is expressed with respect to the longitudinal axis of a microphone array.
The incident sound source reaches the individual microphones of the array after different travel times. The travel
time differences correspond to the path differences d x cos(6). The FIR filters FIR, to FIR, (reference numeral 8),
shown in Figure 1, contain the filter coefficient sets, which correspond to frequency-dependent amplitude and phase
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differences. After the filtration, the signals are added (filter and sum beam former). As a result of the mentioned
amplitude and phase differences, sound waves, which arrive with certain directions of incidence, are reinforced by
constructive superposition, and sound waves that come from other directions of incidence of sound are weakened
by destructive superposition. As the simplest special case, one can think of the FIR filters FIR, to FIR, (reference
numeral 8) as so-called all-pass filters, which all present the same frequency-independent delay. In this case, the
sound waves are reinforced if their angle of incidence 6 is 90°, with sound waves having any other direction of
incidence being weakened; in this case one speaks of a so-called broadside array.

[0009] The above-mentioned filter coefficient sets are calculated in many applications for a fixed predetermined stand-
ard situation and are used as constant parameters in the operation of the array microphone.

[0010] The individual microphones, which comprise the array microphone, are known to specialists under the term
"basic microphones", an expression that will also be used in the following description.

[0011] Thus, array microphones function on the principle of constructive or destructive superposition of signals. As
the bases of array microphones, pressure microphone (omnidirectional microphone capsules) and other pressure gra-
dient microphones (microphone capsules whose directivity pattern differs from the omnidirectional characteristic, such
as the cardioid pattern) are used. In case of very simple algorithms, one uses as the starting assumption--in the case
where individual microphone signals are linked to form an overall microphone signal, which is usually carried out with
the use of digital signal processing— an idealized representation; namely, one assumes that the same acoustic pressure
is applied to all the basic microphones, with, however, different phases.

[0012] As a result of the pre-established boundary conditions, such as the main direction (this is the direction of
maximum sensitivity for the microphone) and/or the direction of rejection (this is the direction of lowest sensitivity of the
microphone, where it exhibits the greatest sound suppression), it is possible to calculate filter coefficients using optimi-
zation algorithms. If the microphone signals are filtered using these filter coefficients, then the given boundary conditions
for the entire microphone can be satisfied, more or less.

[0013] If the marginal conditions are constant over time, that is, for example, if the main direction remains unchanged,
then the pressure gradient microphone as basic microphones of the microphone array can bring about a partial improve-
ment during the suppression of interfering sound of the overall microphone. To make the suppression of interfering
sound more effective, it is often advantageous to adapt the direction of extinction dynamically to the circumstances. For
this purpose, one uses varyingly complex adaptive systems, which use the time dimension in addition to the 3 spatial
dimensions. However, in spite of the complexity of the algorithms used, it remains difficult, or even impossible, to satisfy
the marginal conditions for frequencies whose wavelengths are close to the separations between the basic microphones
(aliasing). As a result, the spectral properties of the useful sound or of the interfering sound can only be addressed
unsatisfactorily.

[0014] Because of the fact that the basic microphones have fixed predetermined properties and different separations
and orientations with respect to each other, the measures taken to change or adapt the desired overall microphone
properties to fit the given requirements, or to movable sources of useful and/or interfering sound, concentrate exclusively
on the algorithms in the filter systems. Thus, there is a limited tolerance in synthesizing an overall microphone signal
from the individual signals of the basic microphones. The resulting drawbacks are obvious: insufficient suppression of
interfering sound, at times an unacceptable S/N ratio, and a limited degree of directionality (for the selective acquisition
of the useful signal), as well as the absence of more efficient measures that would allow one to take into account the
frequency dependence of the individual directivity patterns.

[0015] The objects of the invention are to solve this problem and to provide a method by means of which the signal/
noise ratio is clearly improved, reaching a high degree of directionality, which allows flexible control of the microphone
properties such as the directivity pattern, with the frequency dependence of the basic microphones being taken into
account.

[0016] According to the invention, these objectives are achieved with an array microphone, mentioned in the intro-
duction, due the fact that the basic microphones are sound field microphones.

[0017] The method according to the invention for modeling an array microphone formed from basic microphones, with
which the signals of the basic microphones are processed with a filter algorithm, is characterized in that the basic
microphones are sound field microphones and in that, from the B format signals of an individual sound field microphone,
at least one signal is generated, whose directivity pattern is adjusted as a function of the position and type of one or
more sound sources to be received, and optionally of sources of interfering sound, and in that the signals of the individual
sound field microphones are processed, with the filter algorithm, into a microphone signal.

[0018] Sound field microphones (sometimes also referred to as B format microphones) consist of several pressure-
gradient capsules, arranged on an imaginary spherical surface, which are simply called "capsules" below, in as symmetric
as possible an arrangement. The great advantage of sound field microphones is that itis possible to change the directivity
pattern of the overall microphone by an appropriate conversion by calculation of the individual signals. In addition, it is
possible, using different combinations of the so-called B format signals, to simultaneously generate several different
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signals. Thus, for example, a signal can be directed toward a speaking person, while another signal is directed toward
a source of interfering sound.
[0019] The invention is explained in greater detail below with reference to drawings. In the drawings:

Figure 1 shows the signal-technology combination of signals of the basic microphones in an array microphone
according to the state of the art,

Figure 2 shows a sound field microphone with four capsules arranged in a tetrahedral pattern around an imaginary
spherical surface,

Figure 3 is a block diagram representing the signal-technology connections in the calculation, with equalization and
synthesis of the B format signals of a sound field microphone according to Figure 2,

Figure 4 shows a sound field microphone with twelve capsules arranged in a dodecahedral pattern around a spherical
surface,

Figure 5 shows a schematic representation of the adaptation of an array microphone to fit the given requirements
according to the state of the art,

Figure 6 shows an array microphone according to the invention, with a schematic representation of the adaptation
to requirements according to the method of the invention,

Figure 7 shows a schematic representation of the mechanism of action of an array microphone according to the
state of the art along with an array microphone according to the invention,

Figure 8 shows the directivity patterns of the individual capsules of a sound field microphone according to Figure 2, and
Figure 9 shows the lobes of the B format (first-order spherical harmonics).

[0020] Figure 5 is an outline of the method for the determination of the filter coefficients for a filter algorithm of an
array microphone according to the state of the art. The directivity pattern of the individual basic microphones 1, 2, 3,
and 4 is unchangeable, with each basic microphone generating only a single signal. The beam forming, which is based
on the signals of the basic microphones, is carried out in the subsequent filter 17, which generates the output signal 18
(overall microphone signal). Starting from the input requirements 19, such as the main direction(s) and the direction(s)
of the interfering sound and of the degree of directionality, the expected overall characteristic of the array microphone
is calculated (step 20). Taking into account, and following the analysis of, additional directions of interfering sound
(interfering secondary lobes) with reference to the input requirement, the necessary filter coefficients are then calculated
(step 21). This can also occur, for example, in an adaptive process involving several iterative steps, which can optimize
the overall properties of the array microphone.

[0021] The present invention expands the state of the art by an additional dimension. This dimension (in addition to
the dimensions of space and time), describes the dynamic changeability of the direction effect of each individual basic
microphone, for example, starting from a spherical directivity pattern and ranging to cardioid or a figure-eight directivity
pattern. To improve the understanding of the statements made above, a discussion of the state of the art is presented
below.

[0022] In DE 44 36 272 A1, whose disclosure is included in its entirety in this description, the combination of two
microphone signals having different directivity patterns is described. For example, the addition of a "sphere" and a
"figure-eight" leads to the "cardioid" directivity pattern. The input requirement here is that the amplitude of the two signals
is equal. By weighting the individual amplitudes, the directivity patterns can continuously be adjusted between a sphere
and a figure-eight, for example: hypo cardioid, cardioid, supercardioid, and hypercardioid. As described in this patent,
the frequency response of each individual signal can be changed as desired before the addition of signals. By influencing
the frequency response of said individual signals, the frequency response and the directivity pattern of the signal that
has been generated by addition of signals can thus be changed as desired.

[0023] US 4,042,779 A (as well as the corresponding DE 25 31 161 A1), whose disclosure is included by reference
in this description in its entirety, discloses a so-called sound field microphone. Sound field microphones consist of
pressure-gradient capsules, which are arranged as symmetrically as possible in the space formed by the surface of an
imaginary sphere, and, in the case of four capsules, on the surface of a virtual tetrahedron.

[0024] In the concrete case of US 4,042,779 A, the sound microphone 5 consists — as shown in Figure 2 — of four
pressure-gradient capsules 10, 11, 12, and 13, where the individual capsules are in a tetrahedral arrangement so that
the membranes of the individual capsules are essentially parallel to the tetrahedral surfaces. The individual capsules
are thus spherical or arranged around a sphere. Each one of these individual capsules delivers its own signal A, B, C,
or D. Each one of these pressure receivers presents directivity patterns that deviate from a sphere, and can be approx-
imately represented by the formula (1 - k) + k x cos(6), where 6 denotes the azimuth, at which point the capsule is
exposed to the sound, with the ratio factor k indicating how strongly the signal differs from a omnidirectional signal (in
the case of a sphere, k = 0, and in the case of a figure-eight, k = 1). The symmetrical axis of the directivity pattern of
each individual microphone is perpendicular to the membrane or to the corresponding surface of the tetrahedron. Thus,
the individual microphones present maxima of their directivity patterns in different directions.
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[0025] The great advantage of the sound field microphones is that, after the storage in memory of the sound events
received by the individual capsules, the directivity pattern of the overall microphone can be changed by an appropriate
calculation of the individual signals, so it can be changed during the sound reproduction or the subsequent preparation
of a sound carrier medium in the desired manner. Thus it is possible, for example, to emphasize a certain solo player
in an ensemble, to eliminate unexpected and undesired sound events by influencing the directivity pattern, or to follow
a moving sound source (for example, an actor on the stage), so that the reception quality is always maintained inde-
pendently of the changing position of the sound source. The sound field can be described using a sound field microphone
ina pointin space by the spherical harmonics of Oth, 1st, 2nd, ... etc., order, depending on the number and the arrangement
of the capsules.

[0026] According to the calculation equations, the four signals of the individual capsules (the so-called A format) are
converted to the so-called B format (W, X, Y, Z), which is conventional in the state of the art. The calculation equations
for this purpose are:

W = 1/2 (A+B+C+D)

X = 1/2 (A+B-C-D)

Y = 1/2 (-A+B+C-D)

Z =1/2 (-A+B-C+D)

[0027] The resulting signals consist of a sphere (W) and three figure-eights (X, Y, Z), which are orthogonal to each
other and extend along the three spatial directions.

[0028] Figure 8 shows the directivity patterns of the separate individual capsule signals. The main directions of the
figures-eights are normal with respect to the faces of a cube that circumscribes the tetrahedron (Figure 9). By the linear
combination of at least two of these B format signals, it is again possible to synthesize any desired microphone capsule
(in terms of spatial direction and directivity pattern).

[0029] The sound field recorded at the location of the microphone is split by means of such a microphone and by the
associated calculation instruction into the spherical harmonics of Oth and first order. Thus, W is a spherical harmonic
function of Oth order and X, Y, and Z are spherical harmonic functions of 1 st order.

[0030] Figure 3 shows a block diagram, which schematically illustrates how the signals A, B, C, and D of capsules
10, 11, 12, and 13 of a sound field microphone 5 are converted by a matrix 6 according to the above indicated calculation
instruction, into the B format (W, X, Y, and Z). Appropriate amplifiers are switched between the capsules and the matrix.
Filters 14, 15, 16, and 17 ensure the equalization of the B format signals. The equalized signals are denoted as W’, X',
Y’,and Z'.

[0031] Depending on the desired directivity pattern of the sound field microphone 5, it is now possible to combine all,
or only a few, of these B format signals by the linear combination, 7, a process which is also called "synthesis". For
example, by combining a signal that presents a spherical directivity pattern with a signal which presents a figure-eight
directivity pattern, one obtains a cardioid directivity pattern. By weighting the individual signals, any desired directivity
pattern with the desired preferential direction for the generated overall signal can be obtained. Such a combination of
the individual signals via the B format is also called "synthesizing" or "modeling" a microphone. The weighting can be
carried out separately for each signal, which also allows the synthesis of frequency-dependent directivity patterns.
[0032] A great advantage of such microphones is that the desired directivity patterns can also be adjusted even after
the sound event has taken place by an appropriate mixing of the individual B format signals. An additional important
advantage of sound field microphones is that, in contrast to pressure-gradient capsules, several signals can be generated
simultaneously. These signals, which originate from a single sound-field microphone, can naturally be different, and are
produced by different combinations of B format signals. Consequently, itis possible to use a single sound-field microphone
to simultaneously acquire sound sources that are arranged in different positions. For example, the directivity pattern of
a signal can be directed toward the driver of a private car, while the directivity pattern of another signal is directed toward
the front seat passenger.

[0033] The invention is naturally not limited to sound field microphones of first order. By using an appropriate number
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and arrangement of capsules, the sound field can also be represented by spherical harmonics of the second order or
higher. The sensing of a sound field by a capsule group with overlapping directivity patterns offers a "mathematically
clean" possibility to receive and reproduce a spatial sound field (periphony, ambisonics, orthophony). To achieve a high
spatial resolution, it is desirable here to use spherical harmonics of the second order.

[0034] All the B format signals are orthogonal to each other. The sound field is thus split, by sound field microphones,
into mutually orthogonal components. This orthogonality allows a differentiated representation of a sound field, which
allows the combination of two or more, optionally weighted, B format signals in a controlled manner to generate a
microphone signal having the desired directivity pattern. Separation of the sound field into B format signals, which
additionally also contain spherical harmonics of the second order, allows an even more differentiated representation of
the sound field and an even higher spatial resolution.

[0035] Below, a sound field microphone of second order will be examined. Such a microphone, is described, for
example, in the dissertation "On the Theory of the Second-Order Soundfield Microphone" by Philip S. Cotterell, BSc,
MSc, AMIEE, Department of Cybernetics, February 2002.

[0036] A sound field microphone 5’, which represents the spherical harmonics up to the second order, requires twelve
individual gradient microphone capsules that — as shown in Figure 4 — are arranged in the form of a dodecahedron,
where each front face carries a capsule. The designation of the capsule starts on the front face with "a" and it ends on
the right with "1". For an understanding of the following formulas, a Cartesian coordinate system is assumed, in which
the normal vectors of the individual capsules are defined as follows.

[0037] If two auxiliary quantities are introduced:

ot = \/%\/5+«/§ ZTIE“/SOHO‘E

y = \/%\/5—«/3 =116‘/50_10‘/§

these normal vectors @i can be written simply:
a_ =" 0 %1
@~ 0T
8 = 0 2T
A 0T

i
a =[x "ol

6 =[x %" 0
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a_~[x "o
i =[x " 0
i =0 x %'
a_0=0 " T

+T

a_ =0 x -x’]

i =0 o %1

[0038] The B format with the known signals of the Oth order and 1st order W, X, Y, Z must now be enlarged with
additional signals corresponding to the spherical signal components of second order. These 5 signals are denoted with

the letters R, S, T, U, and V. In the following table, the connections between the capsule signals s1, s1
associated B format signals W, X, Y, Z, R, S, T, U, and V are represented.

s12 and the
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[0039] One must again take into account the above introduced constant auxiliary values x* and y-, which are helpful
in making the formulas readable.

[0040] The advantages resulting from the use of sound field microphones are fully exploited in the context of the
present invention. The invention will now be described in greater detail with reference to Figure 6.

[0041] The array microphone 30 according to the invention is formed from basic microphones, which here are sound
field microphones 5a, 5b, 5c, 5d and thus have several capsules arranged around the imaginary spherical surface. The
sound field microphones are essentially coincident microphones, because they are all in an interconnected arrangement.
Deviations from these coincident conditions occur only if the capsules cannot be arranged at a certain point because
of the space they take up. Nevertheless, the assumption that a microphone is coincident is valid up to a certain frequency.
[0042] By means of independent filters 22¢, 22b, 2¢, 22d (represented only schematically), also called basic micro-
phone filters, one or more signals is (are) synthesized first for each sound field microphone on its B format signals. Here,
the directivity pattern of each individual signal is adjusted as a function of the given requirements 25, such as the main
sound direction(s), direction of the interfering sound, and degree of directionality, frequency response, etc. (step 26).
This parameterization is carried out separately for each one of the individual basic microphones and separately for the
individual resulting signals as a function of the position and type of the sound sources to be received, and optionally as
a function of the interfering sound sources.

[0043] As mentioned before, it should be emphasized in particular that, in this context, the array microphone according
to the invention has the capacity of splitting up complex requirements — such as several useful sound directions or
interfering sound directions — into simple partial requirements. These partial requirements are satisfied by several
signals, which differ from each other and which are generated in each case by the appropriate combination of B format
signals. For each individual partial requirement, an optimal basic microphone filter must accordingly be calculated (on
this topic, see the embodiment example below). The result of this procedure produces several signals, all directed toward
different sound sources.

[0044] In the case of sound field microphones, the synthesis of signals is thus achieved by the linear combination of
B format signals. The requirements for how these B format signals should be combined can differ for different frequencies
or frequency ranges, on the one hand, to take into account the frequency-dependent directivity patterns of the individual
capsules and, on the other hand, to be able to optimally adapt to the frequency characteristic of useful and interfering
sound sources. These input requirements (as shown in the embodiment example below, they involve the use of weighting
factors, angle and direction data, etc.) correspond to filter coefficients, which are calculated in step 27, by means of
which the signals of the basic microphones are synthesized in the basic microphone filters 22a-22d.

[0045] Naturally, one can provide algorithms (one for each basic microphone signal) that optimize the directivity pattern
and its frequency variation in accordance with the input requirements. However, each one of these algorithms in no way
takes account of the respective other basic microphones. For example, as will be described later in an embodiment
example, it is possible to use the dynamic signal evaluation of sound field microphones to determine, with greater
precision, the position, type, and movement of a sound source. This information is then used for the optimization of the
basic microphone filter.

[0046] As shown in Figure 6, the signals generated by the basic microphone filter reach the array filter 23, which,
taking into account the same input requirements and optionally additional parameters, for example, frequency spectrum
of the useful and interfering sound, movable or changing sound sources, spatial expansion of a sound source, etc.,
generates the starting signal 24 of the array microphone according to the invention. Thus, the array filter is essentially
a signal processor, which applies a filter algorithm to the individual signals algorithm and generates an output signal
from them.

[0047] Depending on the complexity of the filter algorithm, an optimization of its filter coefficients can be carried out
in accordance with the given input requirements. Via back coupling and iteration, the optimization process can simulta-
neously optimize the parameters of the individual basic microphone filters.

[0048] Figure 6 shows the course of the optimization of an array microphone 30 according to the invention. First, the
main direction and the optimal direction effect are set, for example, hypo cardioid, cardioid, hypercardioid, etc., for the
individual signals of the basic microphones (step 26). In the process, it is also possible to generate several signals having
a different directivity pattern for each basic microphone. The number of signals generated from the B format of a single
basic microphone preferably corresponds to the number of sound sources to be received, including the interfering sound
sources to be taken into account. In the case of a single sound source, there may be only one signal for each sound
field microphone.

[0049] However, any number of signals can be used, depending on the required number. Naturally, all this involves
signal-technology processing by an appropriate number, weighting, and combination of individual B format signals of a
basic microphone. Besides the type, position, and spatial expansion of the sound source to be received, the position
and type of interfering sound sources constitute an important criterion in this adjustment. The goal is to achieve as good
as possible a suppression of interfering sound. This procedure is preferably carried out for all frequencies or several
frequency ranges. The information concerning main directions and the direction effect of the individual signal is stored
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in the form of filter coefficients (which are calculated in step 27) and in the form of an appropriate algorithm in the basic
microphone filters 22a-22b.

[0050] Then, starting from the signals of the basic microphones and using a filter algorithm that is stored in the filter
23, the characteristic of the entire array microphone is calculated (step 28). At the same time, interfering secondary
lobes are determined and compared with the input requirements. On the basis of these differences between the output
and input requirements, for the purpose of optimization, modified basic microphone parameters can now be calculated
(step 29). In an iteration process (step 31), the basic microphone parameters are used again as input for the calculation
of the overall characteristic, until it satisfies the input requirements or approximates such.

[0051] At the same time, modified filter coefficients can be calculated for the array filter 23, in a calculation that is
performed while taking into consideration the basic microphone parameters (step 32 in Figure 6).

[0052] Below, the invention will be explained in greater detail with reference to an embodiment example: An array
microphone is considered, which is formed from four sound field microphones. As the input requirement, one uses a
known direction from which the useful sound is expected. Interfering sound from all other directions should be suppressed
to the extent possible. However, the type and manner of the interfering sound varies.

1. Initialization phase:

[0053] All the sound field microphones are adjusted to hypercardioid, to achieve a maximum degree of directionality,
and are directed with their main direction in each case being toward the useful sound source. Independently of the
synthesized basic microphone signal, one synthesizes--for example, for one of the sound field microphones--one addi-
tional basic microphone signal, which, however, presents a temporally varying directivity pattern, that is, one that , for
example, rotates in space with an angular speed to allow the dynamic acquisition of interfering sound sources from all
directions (scanning).

2. Adaptation phase (Adaptation to changes in the interfering sound)

[0054] If an interfering sound source is located, then each basic microphone signal can be optimized in order to
suppress the interfering sound source to the extent possible (for example, by rotating the basic microphone main direction,
or changing the directivity pattern). This optimization can be carried out for different frequencies or frequency ranges,
for example, to eliminate an interfering sound source that presents only high frequencies. The interfering sound source
is thus optimally eliminated for each individual basic microphone.

[0055] The information on the new properties of the basic microphone signals, such as the main directions, and
direction effect (which can also be frequency dependent), is now applied to the filter algorithm of the filter 23, which can
also take into account this information in the calculation of its filter parameters and thus optimize the output signal 24.
In concrete terms, the filter algorithm can be a least mean square (LMS) algorithm that, with the help of Lagrange
multipliers, also takes into account that information via the basic microphone signals in the form of secondary conditions.
[0056] If an appropriate measuring means (an additional algorithm, which, for example, can make distinctions based
on the spectral distribution between useful and interfering sound) is available for the objective measurement of an
improvement of the S/N ratio, the entire process can be run several times using an iteration procedure.

[0057] As a result of the presented interplay of parameterizable basic microphone signals of an array microphone,
that is, signals whose properties can be changed by appropriate signal processing independently of the other basic
microphone signals, and by means of a multistep optimization algorithm, a number of advantages can be achieved:

- The signal to noise ratio (hereafter called the S/N ratio) of the signals processed by the filter algorithm is already
improved previously by targeted gradient formation in each individual basic microphone. Improvements compared
to the state of the art--in which use is made of gradient microphones that are already permanently incorporated--
are achieved both by the flexible control of the main direction (that is, the orientation of the basic microphones) and
by the free choice of the basic microphone directivity pattern. It is important to have the possibility of generating
more than one signal at once that differ from each other and are based on the B format signals of a single sound
field microphone.

- By the free choice of the basic microphone directivity pattern for each frequency, one can additionally adapt to the
spectral properties of the useful sound or the interfering sound. Thus, if the spectrum of the useful signal or interfering
signal is known, the frequency-dependent basic microphone directivity pattern can be adapted accordingly and
optimized.

- One-dimensional arrays (that is, for example, 4 microphones arranged along the Z axis of a Cartesian coordinate
system), if omnidirectional capsules are used, allow only beams that are located in a toroid arrangement having
rotational symmetry with respect to the Z axis (for example, in the X-Y plane). By using pressure gradient capsules,
one can consider the result of the calculated beam to be a torus, which is weighted with the gradient capsule
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directivity pattern. According to the state of the art, if permanently incorporated pressure gradient capsules are used,
one can thus direct their maximum sensitivity, for example, along the X axis of the given coordinate system, to
generate only lobes in the XZ plane. If, instead of the pressure gradient capsules, one uses sound field microphones
as basic microphones, it is possible to have an additional rotation of the lobe in the XY plane as well, and thus in
all the spatial directions.

- With the output signal of each basic microphone being dependent on only one signal-technology parameterization
with subsequentfiltering, itis also possible to calculate, for each basic microphone, several of these parameterizations
and filtration operations simultaneously. In the calculation of a beam on two spatially separated useful sources (for
example, the driver and front seat passenger), itis possible to calculate two individual beams with basic microphones
that are optionally directed toward each useful sound source, and to add these two output signals. If, in contrast,
one uses basic microphones according to the state of the art, then one can only use basic microphones with a
spherical directivity pattern or gradient directivity pattern, which is directed between the two useful sources. The
S/N ratio in both cases is worse than with basic microphones that are directed optimally toward each given speaker.

[0058] Using the procedure according to the invention, one can now generate microphone directivity patterns that
would not be achievable by array microphones constructed from simple pressure gradient capsules. The reason is simply
that an adaptation to the input requirements (for example, two or more main directions, etc.) is already carried out in
part in the basic microphone.

[0059] Figure 7 shows an embodiment of the invention. The starting point is the acquisition of two persons (driver and
front seat passenger in a private car) by four basic microphones and a filter algorithm or a so-called beam former
algorithm. Conventional procedures calculate, via a filter algorithm, a double lobe, as shown in the top part of Figure 7.
If omnidirectional capsules are used as basic microphones, the useful signal or interfering signal directions are not
adjusted better, however, the suppression of the interfering sound is subject only to the filter algorithm or the beam
former algorithm. If one uses pressure gradient capsules, they can optimally be directed only toward one useful sound
source (or suboptimally to both). The suppression of interfering sound can now also occur at the base capsules, but
only for a fixed or predetermined position of the useful sound sources.

[0060] Inthe invention (below the broken line), a set of basic microphone signals is first synthesized, where the signals
are oriented in the direction toward the driver; an additional set of basic microphone signals is provided, which are all
rotated in the direction of the front seat passenger. Before the calculation of the beam itself in the filter 23 is carried out,
the interfering sound signals are already largely eliminated by the optimal orientation of the basic microphones 5a-5b
or the basic microphone signals for each useful sound direction.

[0061] With reference to the embodiment example represented at the bottom of Figure 7, the possibility for optimizing
a microphone signal will now be discussed, including the required calculation steps. The input requirements, which have
already been mentioned above, will be formulated even more precisely in this example, and they will be expanded by
one interfering sound source (not shown).

[0062] Application: A one-dimensional array with 4 sound field microphones arranged equidistantly is intended to be
directed toward the driver and the front seat passenger in a private car in an optimal manner and to optimally dampen
the noise from the air cooler of the dashboard (in the middle close to the stick shift). As the beam former algorithm, a
FIR filter--in filter 23, an LMS (least mean squares algorithm)--is to be used.

[0063] The directions of the useful sound (driver, front seat passenger) as well as of the interfering sound (ventilator,
not shown) are assumed to be constant. The middle of the array (between the two lower sound-field microphones) is
taken as the origin of the underlying overall coordinate system. The XZ plane is defined as the plane between the driver
and the front seat passenger. The array thus extends one dimensionally along the Y axis. The driver and front seat
passenger forms, with the X axis, an angle of =30° and is located in the XY plane; the ventilator (not shown) is in the
direction of the negative Z axis below the array.

[0064] First, from the sound field microphones, the individual B format signals are generated with the application of
the above-mentioned transformation formulas. All four sound field microphones are oriented in space in such a manner
that the figure-eight signals of the B format assumes a position, with respect to the middle of each sound field microphone,
along the X direction (X’ is used to denote the figure-eight lobe of the first sound field microphone, which is parallel to
the X axis of the overall coordinate system), the Y direction, and the Z direction. The figure-eight lobes of the 3 additional
sound field microphones are denoted X", Y", Z", X", etc. For clarification, see Figure 9.

[0065] For an optimal direction effect, hypercardioid patterns are generated from the B format signals. This occurs
with the application of corresponding weighting factors between the omnidirectional signal and figure-eight signals. In
the case of a hypercardioid, the weighting factor for the omnidirectional signal W is 0.25 and for the figure-eight signal
X, Y, or Z or linear combinations thereof, it is 0.75. For each one of the individual partial input requirements, a separate
signal is generated:
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Basic microphone signal (directed to the driver) =
0.25 x W +0.75 x (X % cos(30) — Y x sin(30))

Basic microphone signal (directed to the front seat passenger) =
0.25x W+ 0.75 x (X x cos(30) +Y x sin(30))

Basic microphone signal (directed to the ventilator) =

025 xW-0.75 x Z.

[0066] For simplicity’s sake, all 4 sound field microphones are parameterized to the same angle of 30°, although the
value of the angle deviates slightly from 30° for each microphone. By using weighting factors (0.25 or 0.75) for the B
format signals and angle indications (30°) for directions from which sound is expected, the individual sound sources are
selectively acquired even before the processing of the individual basic microphone signals in the filter 23.

[0067] Overall, in this embodiment example, twelve basic microphone signals are thus generated, three from each
sound field microphone. The signals of the basic microphones (basic microphone signal 1 (directed to the driver), basic
microphone signal 2 (directed to the driver), basic microphone signal 3 (directed to the driver), basic microphone signal
4 (directed to the driver), basic microphone signal 1 (directed to the front seat passenger), ... etc.) are now applied to
the beam former algorithm of filter 23, whose principle of operation will be examined more closely below.

[0068] Foreach useful sound source or interfering sound source, a specific beam forming algorithm is now used. The
beam forming algorithm, which is here considered as an embodiment example, works on the principle of energy mini-
mization.

[0069] Assuming that the sound field is planar, one finds that the output signal of the beam former R is dependent on
the frequency ® and the angle 6 (azimuth in the XY plane).

N-l . ja)ifs cosf
R(®,0)=Y H, (0,0)W, (e’ )e (A1)
n=0
N number of microphones
d distance between the individual sound field microphones
fs sampling frequency
A wavelength
H, microphone directivity pattern as a function of the angle of incidence of the sound and the frequency

w the complex-valued weighting factors of the array algorithm, which are to be calculated.

n
[0070] The sound source (for example, human mouth) sends out a wave front, which is to be received by the spatial
arrangement of of each microphone at a different time.

[0071] This fact is reflected in the expression of the time delay in the frequency domain:

d
jo— f, cosd
j lfc

e (A2)

which represents the sound field directivity pattern. The microphone properties, particularly the frequency response of
the microphone and its directivity pattern, which changes with the frequency, is summarized in the function [summarized
by the expression] H,,(®,6), and the vector W,(ei®) can be written as a FIR filter structure.
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M-
W, (' = w,e", 0= 272‘—}i (A3)

m=0 s

[0072] The calculation is carried out in a small band, so the result can be interpreted as a vector of complex frequency
points. If one runs the calculation in a loop, with the frequency as the loop parameter, one obtains a complex frequency
response from which, as realization, a FIR filter can be determined. The goal of the following representation is to force
a minimization of the energy in the output signal, with the exception of the desired main direction, for which the energy
should be 1.

[0073] For the small band case, the formula is:

N-l Jjo; ifs coséd
R@,0)=Y H, (0,0)we *

n=0

(A4)

[0074] Herein, w,, is the complex weight, the nth entry in the optimized vector, whose magnitude and phase have an
effect on the microphone signal; H,(;,0) is the complex directivity pattern for the individual frequency ;. For a simple
mathematical description, one rewrites this in vector form:

[0075] With the representation of the sum as the product of the linear vector and the column vector, and with the
combination of the delay component with the microphone properties (that is, the travel time due to the separation of the
microphone from the origin of the overall coordinate system becomes part of the microphone directivity pattern of each
individual basic microphone) to form an expression m(8), the following applies:

R(0) = w'm(6) (A5)

[0076] The superscript H in formula A5 indicates that the vector w is a Hermitian vector w, which is characterized in
that w* (that is, the conjugate complex vector of w) is equal to the vector w.

[0077] The representation of the received energy in an infinitesimal spatial range as the square of the value of the
directivity patterns leads to the expression:

. 7 2 .
min f |R(@,,0)[ sinAd6 (A6)
which, in a sufficient approximation, can be replaced by the sum
. 2
min Y, [R(8)) | 00, <7 (A7)
i
Thus, written as vectors, one gets

min ) w’m(@)m" (O)w with 4= m(8)m” (9) (A8)

which, using the minimization formulation, leads to

minw” Aw , w'm(6,) =1 (A9)

w
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which now needs to be evaluated. 8 is the instantaneously desired main acoustic incidence direction. The secondary
condition is reformulated in accordance with the optimization to:

g(w) =wm(6)-1

and the Lagrangian expression now yields a function that can be differentiated:

L(w, i) = w" 4w+ u(w'm(6,) 1) (A10)

[0078] The differentiation is carried out for both variables w and ., and it must disappear for extreme values; therefore:

L _ tw+ um(8) =0 (A11)
dw
L o m(@y)-1=0 (A12)
du

[0079] Fromthefirstequation, wcanbe expressed, however, as a function of the undetermined Lagrangian multiplier .

w= pd m(@,) (A13)

[0080] When substituting in the second differentiated equation:

w'm(8,) =1 (A14)

it becomes possible to calculate the still unknown ..

1
p=m ] (A15)
m” (6,)47'm(8,)
From which one finally gets, for the weight w:
-1
A'm(0) (A16)

VT (G, A7 m(8,)

[0081] In this connection, it should be noted that the matrix A represents the cross correlation between the individual
microphone signals. The autocorrelation functions of the individual microcapsules are on the main diagonals. The so-
called filter and sum beam former can be considered a special case of a beam forming algorithm calculated by the above
method, when the filters are exclusively of the all-pass type (in the literature, also called delay and sum beam former).
This type can be easily calculated using the above calculation procedure by omitting all the components of the matrix
A, which cannot be found in the main diagonal.

[0082] The calculated complex weights w, in the above-mentioned loop, yield a complex frequency response, which
can be transformed into the time domain by inverse Fourier transformation (IFT), yielding the coefficients of a FIR (finite
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impulse response) filter.

[0083] Each basic microphone signal, which is directed to the same sound source, is filtered using the specifically
calculated FIR filter, then added. This procedure is also called beam forming. In the described embodiment example,
the input requirement (3 sound sources) was shaped into 3 beams, so 3 beam-forming algorithms are calculated in
parallel and are available at the end.

[0084] The two useful signals produced in this manner are added to form a single useful signal, the interfering signal
of the ventilator can now, after appropriate damping, also be subtracted from the useful signal, which can result in an
additional improvement of the S/N ratio.

[0085] In a preferred embodiment, the array microphone consists of sound field microphones in an arrangement that
is not equidistant. Because the principle of the beam former results from the superposition of waves having different
phases, one can easily see that for wavelengths in the range of the capsule separation, constructive or destructive
interference is very pronounced. Then, to cover as broad a frequency range as possible with the beam former algorithm,
the capsule separations are chosen to be as different as possible.

[0086] The invention is not limited to the represented embodiment example; rather, it can be modified in different
manners. In particular, four basic microphones is not compulsory. One can of course use a larger or smaller number of
sound field microphones in the array. Starting with at least two basic microphones, one already uses the term "array
microphone". Naturally, the arrangement of the basic microphones can also be in two or three dimensions. Sound field
microphones of the 3rd or higher order would also be conceivable. It is also possible to combine sound field microphones
with different capsule numbers and arrangements together in one array. The noncoincident arrangement (array) of
coincident (or at least approximately coincident) microphones, which are interconnected by signal technology, is impor-
tant.

[0087] In the method according to the invention, the different steps do not necessarily have to be in the described
form, the essential factor being that one or more signals is/are first synthesized from the B format signals of each
individual sound field microphone, which in part already satisfy the input requirements or partial input requirements, with
these signals then being processed with a signal processor using a filter algorithm to form the overall microphone signal.

Claims

1. Array microphone (30) formed from at least two basic microphones connected with a signal processor, which makes
use of an algorithm for processing the signals of the basic microphones, characterized in that the basic microphones
are sound field microphones (5, 5').

2. Array microphone according to Claim 1, characterized in that more than two sound field microphones (5, 5’) are
provided, with the corresponding separations between the sound field microphones (5, 5°) being different.

3. Array microphone according to Claim 1, characterized in that at least one sound field microphone (5, 5’) is con-
structed from four tetrahedral individual capsules (10, 11, 12, 13), which are arranged around a spherical surface.

4. Array microphone according to Claim 1, characterized in that at least one sound field microphone (5, 5’) is con-
structed from twelve dodecahedral individual capsules (a, b, c, d, e, f, g, h, i, j, k,1), which are arranged around a
spherical surface.

5. Method for modeling an array microphone (30) made from basic microphones, where the signals of the basic
microphones are processed by the use of afilter algorithm, characterized in that the basic microphones are sound
field microphones (5, 5’) and in that, by combining B format signals of each sound field microphone (5, 5°), at least
one signal is generated, whose directivity pattern is adjusted as a function of the position and type of one or more
sound sources to be received, and optionally of interfering sound sources, and characterized in that these signals
ofthe individual sound field microphones (5, 5°) are processed, using the filter algorithm, into a microphone signal (24).

6. Method according to Claim 5, characterized in that the adjustment of the directivity pattern of the signals of the
sound field microphone (5, 5’) occurs as a function of the frequency.

7. Method according to Claim 5, characterized in that at least one sound field microphone (5, 5’) is used for the
purpose of dynamically acquiring useful sound sources and/or interfering sound sources, and in that, as a result,

the directivity patterns of the signal of the sound field microphone (5, 5’) are modified accordingly.

8. Method according to Claim 5, characterized in that the filter algorithm takes into account information on the
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directivity patterns of the individual signals of the sound field microphones (5, 5’) for processing into one microphone
signal (24).

Method according to Claim 5, characterized in that, as a function of the overall characteristic of the array microphone
(30), the directivity pattern of individual signals of the basic microphones (5, 5’) is modified.
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