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Description

TECHNICAL FIELD

[0001] The present invention generally relates to port-
able electronic devices, and more particularly to portable
electronic devices having the capability to acquire wide-
band audio information.

BACKGROUND

[0002] Many portable electronic devices today imple-
ment multimedia acquisition systems that can be used
to acquire audio and video information. Many such de-
vices include audio and video recording functionality that
allow them to operate as handheld, portable audio-video
(AV) systems. Examples of portable electronic devices
that have such capability include, for example, digital
wireless cellular phones and other types of wireless com-
munication devices, digital video cameras, etc.
[0003] Some portable electronic devices include one
or more microphones mounted in the portable electronic
device. These microphones can be used to acquire
and/or record audio information from an operator of the
device and/or from a subject that is being recorded. It is
desirable to be able acquire and/or record a spatial audio
signal across a full or entire audio frequency bandwidth.
[0004] Beamforming generally refers to audio signal
processing techniques that can be used to spatially proc-
ess and filter sound waves received by an array of mi-
crophones to achieve a narrower response in a desired
direction. Beamforming can be used to change the direc-
tionality of a microphone array so that audio signals gen-
erated from different microphones can be combined.
Beamforming enables a particular pattern of sound to be
preferentially observed to allow for acquisition of an audio
signal-of-interest and the exclusion of audio signals that
are outside the directional beam pattern.
[0005] When applied to portable electronic devices,
however, physical limitations or constraints can limit the
effectiveness of classical multi-microphone beamform-
ing techniques. The physical structure of a portable elec-
tronic device can restrict the useable bandwidth of the
multimedia acquisition system, and thus prevent it from
acquiring a spatial wideband audio signal across the full
20-20K Hz audio bandwidth. Parameters that can restrict
the performance or useable bandwidth of a multimedia
acquisition system include, for example, physical micro-
phone spacing, port mismatch, frequency response mis-
match, and shadowing due to the physical structure that
the microphones are mounted in. This is in part because
the microphones may be multipurpose, for example, for
multimedia audio signal acquisition, private mode tele-
phone conversation, and speakerphone telephone con-
versation.
[0006] Accordingly, it is desirable to provide improved
portable electronic devices having the capability to ac-
quire and/or record a spatial wideband audio signal

across a full audio frequency bandwidth. It is also desir-
able to provide methods and systems within such devices
that can allow a portable electronic device to acquire
and/or record a spatial wideband audio signal across a
full audio frequency bandwidth despite physical limita-
tions of such devices. Furthermore, other desirable fea-
tures and characteristics of the present invention will be-
come apparent from the subsequent detailed description
and the appended claims, taken in conjunction with the
accompanying drawings and the foregoing technical field
and background.
[0007] EP patent application publication no.
EP1494500 describes an array of microphones wherein
the microphones are positioned at the ends of cavities
within a diffracting structure. The cavity depth, width, and
shape are optimised to provide high directivity without
grating lobes, at frequencies for which the distance be-
tween microphones is greater than half the acoustic
wavelength.
[0008] PCT patent application publication no. WO
2010/051606 describes a method of producing a direc-
tional output signal including the steps of: detecting
sounds at the left and rights sides of a person’s head to
produce left and right signals; determining the similarity
of the signals; modifying the signals based on their sim-
ilarity; and combining the modified left and right signals
to produce an output signal.
[0009] EP patent application publication no.
EP1432280 describes a conferencing unit, comprising
an array of microphones embedded in a diffracting object
configured to provide a desired high frequency directivity
response at predetermined microphone positions, and a
low frequency beamformer operable to achieve a desired
low frequency directivity response, wherein the beam-
former is linearly constrained to provide a smooth tran-
sition between low and high frequency directivity re-
sponses.

SUMMARY

[0010] In accordance with aspects of the invention,
there is provided an electronic apparatus, and a method
in an electronic apparatus, as recited in the accompany-
ing claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0011] A more complete understanding of the present
invention may be derived by referring to the detailed de-
scription and claims when considered in conjunction with
the following figures, wherein like reference numbers re-
fer to similar elements throughout the figures.

FIG. 1A is a front perspective view of an electronic
apparatus in accordance with one exemplary imple-
mentation of the disclosed embodiments;
FIG. 1B is a rear perspective view of the electronic
apparatus of FIG. 1A;
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FIG. 2A is a front view of the electronic apparatus of
FIG. 1A;
FIG. 2B is a rear view of the electronic apparatus of
FIG. 1A;
FIG. 3 is a schematic of a microphone and video
camera configuration of the electronic apparatus in
accordance with some of the disclosed embodi-
ments;
FIG. 4 is a block diagram of an audio acquisition and
processing system of an electronic apparatus in ac-
cordance with some of the disclosed embodiments;
FIG. 5A is an exemplary polar graph of a right-side-
oriented low band beamformed signal generated by
the audio acquisition and processing system in ac-
cordance with one implementation of some of the
disclosed embodiments;
FIG. 5B is an exemplary polar graph of a left-side-
oriented low band beamformed signal generated by
the audio acquisition and processing system in ac-
cordance with one implementation of some of the
disclosed embodiments;
FIG. 6 is a schematic of a microphone and video
camera configuration of the electronic apparatus in
accordance with some of the other disclosed em-
bodiments;
FIG. 7 is a block diagram of an audio acquisition and
processing system of an electronic apparatus in ac-
cordance with some of the disclosed embodiments;
FIG. 8A is an exemplary polar graph of a front-right-
side-oriented low band beamformed signal generat-
ed by the audio acquisition and processing system
in accordance with one implementation of some of
the disclosed embodiments;
FIG. 8B is an exemplary polar graph of a front-left-
side-oriented low band beamformed signal generat-
ed by the audio acquisition and processing system
in accordance with one implementation of some of
the disclosed embodiments;
FIG. 9 is a block diagram of an audio acquisition and
processing system of an electronic apparatus in ac-
cordance with some of the other disclosed embodi-
ments;
FIG. 10A is an exemplary polar graph of a front left-
side low band beamformed signal generated by the
audio acquisition and processing system in accord-
ance with one implementation of some of the dis-
closed embodiments;
FIG. 10B is an exemplary polar graph of a front center
low band beamformed signal generated by the audio
acquisition and processing system in accordance
with one implementation of some of the disclosed
embodiments;
FIG. 10C is an exemplary polar graph of a front right-
side low band beamformed signal generated by the
audio acquisition and processing system in accord-
ance with one implementation of some of the dis-
closed embodiments;
FIG. 10D is an exemplary polar graph of a rear left-

side low band beamformer signal generated by the
audio acquisition and processing system in accord-
ance with one implementation of some of the dis-
closed embodiments;
FIG. 10E is an exemplary polar graph of a rear right-
side low band beamformed signal generated by the
audio acquisition and processing system in accord-
ance with one implementation of some of the dis-
closed embodiments;
FIG. 11 is a flowchart that illustrates a method for
low sample rate beamform processing in accord-
ance with some of the disclosed embodiments; and
FIG. 12 is a block diagram of an electronic apparatus
that can be used in one implementation of the dis-
closed embodiments.

DETAILED DESCRIPTION

[0012] As used herein, the word "exemplary" means
"serving as an example, instance, or illustration." The
following detailed description is merely exemplary in na-
ture and is not intended to limit the invention or the ap-
plication and uses of the invention. Any embodiment de-
scribed herein as "exemplary" is not necessarily to be
construed as preferred or advantageous over other em-
bodiments. All of the embodiments described in this De-
tailed Description are exemplary embodiments provided
to enable persons skilled in the art to make or use the
invention and not to limit the scope of the invention which
is defined by the claims. Furthermore, there is no inten-
tion to be bound by any expressed or implied theory pre-
sented in the preceding technical field, background, brief
summary or the following detailed description.
[0013] Before describing in detail embodiments that
are in accordance with the present invention, it should
be observed that the embodiments reside primarily in a
method for acquiring wideband audio information across
a full audio frequency bandwidth of 20-20K Hz. Due to
parameters that can restrict the performance or useable
bandwidth of the multimedia acquisition system such as
physical microphone spacing, port mismatch, frequency
response mismatch, and shadowing due to the physical
structure that the microphones are mounted in, micro-
phones cannot capture the full audio bandwidth of
20-20K Hz. For example, one microphone is used for
speakerphone mode and is generally placed at a distal
end where the mouthpiece lies. The result is a device
that has microphones placed too far apart to beamform
above a frequency which has a wavelength over twice
the distance between the two microphones. As such,
when microphones are spaced apart by more than half
of a wavelength, conventional beamforming techniques
can not be used to capture higher frequency components
of an audio signal. Additionally microphone resonances
can sometimes lie within the multimedia bandwidth.
While the majority of the magnitude of these resonances
can be flattened (e.g., by placing acoustic resistance in
the microphone path), the phase shift due to this reso-
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nance will still exist and if the microphones do not all have
the same resonance, this phase variance from channel
to channel makes beamfoming in that region impractical.
[0014] In accordance with this method, wideband elec-
trical audio signals are generated in response to incom-
ing sound, and low band signals and high band signals
are generated from the wideband electrical audio signals.
Low band beamformed signals are generated from the
low band signals. The low band beamformed signals are
combined with the high band signals to generate modified
wideband audio signals.
[0015] In one implementation, an electronic apparatus
is provided that includes a microphone array, an audio
crossover, a beamformer module, and a combiner mod-
ule. The microphone array includes at least two pressure
microphones that generate wideband electrical audio
signals in response to incoming sound. As used herein,
the term "crossover" refers to a filter bank that splits an
incoming electrical audio signal into at least one high
band audio signal and at least one low band audio signal.
Thus, a crossover can generate a low band signal and a
high band signal from a wideband electrical audio signal.
If there are multiple input signals, the crossover can gen-
erate a low band signal and a high band signal for each
incoming audio signal. The beamformer module receives
two or more low band signals from the crossover, one
for each incoming microphone signal, and generates low
band beamformed signals from the low band signals. The
combiner module combines the high band signals and
the low band beamformed signals to generate modified
wideband audio signals.
[0016] Prior to describing the electronic apparatus with
reference to FIGS. 3-12, one example of an electronic
apparatus and an operating environment will be de-
scribed with reference to FIGS. 1A-2B. FIG. 1A is a front
perspective view of an electronic apparatus 100 in ac-
cordance with one exemplary implementation of the dis-
closed embodiments. FIG. 1B is a rear perspective view
of the electronic apparatus 100. The perspective view in
FIGS. 1A and 1B are illustrated with reference to an op-
erator 140 of the electronic apparatus 100 that is audio-
visually recording a subject 150. FIG. 2A is a front view
of the electronic apparatus 100 and FIG. 2B is a rear view
of the electronic apparatus 100.
[0017] The electronic apparatus 100 can be any type
of electronic apparatus having multimedia recording ca-
pability. For example, the electronic apparatus 100 can
be any type of portable electronic device with audio/video
recording capability including a camcorder, a still camera,
a personal media recorder and player, or a portable wire-
less computing device. As used herein, the term "wireless
computing device" refers to any portable computer or
other hardware designed to communicate with an infra-
structure device over an air interface through a wireless
channel. A wireless computing device is "portable" and
potentially mobile or "nomadic" meaning that the wireless
computing device can physically move around, but at any
given time may be mobile or stationary. A wireless com-

puting device can be one of any of a number of types of
mobile computing devices, which include without limita-
tion, mobile stations (e.g. cellular telephone handsets,
mobile radios, mobile computers, hand-held or laptop de-
vices and personal computers, personal digital assist-
ants (PDAs), or the like), access terminals, subscriber
stations, user equipment, or any other devices configured
to communicate via wireless communications.
[0018] The electronic apparatus 100 has a housing
102, 104, a left-side portion 101, and a right-side portion
103 opposite the left-side portion 101. The housing 102,
104 has a width dimension extending in an y-direction,
a length dimension extending in a x-direction, and a thick-
ness dimension extending in a z-direction (into and out
of the page). The rear-side is oriented in a +z-direction
and the front-side oriented in a - z-direction. Of course,
as the electronic apparatus is re-oriented, the designa-
tions of "right", "left", "width", and "length" may be
changed. The current designations are given for the sake
of convenience.
[0019] More specifically, the housing includes a rear
housing 102 on the operator-side of the apparatus 100,
and a front housing 104 on the subject-side of the appa-
ratus 100. The rear housing 102 and front housing 104
are assembled to form an enclosure for various compo-
nents including a circuit board (not illustrated), an ear-
piece speaker (not illustrated), an antenna (not illustrat-
ed), a video camera 110, and a user interface 107 includ-
ing microphones 120, 130, 170 that are coupled to the
circuit board.
[0020] The housing includes a plurality of ports for the
video camera 110 and the microphones 120, 130, 170.
Specifically, the rear housing 102 includes a first port for
a rear-side microphone 120, and the front housing 104
has a second port for a front-side microphone 130. The
first port and second port share an axis. The first micro-
phone 120 is disposed along the axis and near the first
port of the rear housing 102, and the second microphone
130 is disposed along the axis opposing the first micro-
phone 120 and near the second port of the front housing
104.
[0021] Optionally, in some implementations, the front
housing 104 of the apparatus 100 includes the third port
in the front housing 104 for another microphone 170, and
a fourth port for video camera 110. The third microphone
170 is disposed near the third port. The video camera
110 is positioned on the front-side and thus oriented in
the same direction as the front housing 104, opposite the
operator, to allow for images of the subject to be acquired
as the subject is being recorded by the camera. An axis
through the first and second ports may align with a center
of a video frame of the video camera 110 positioned on
the front housing 104.
[0022] The left-side portion 101 is defined by and
shared between the rear housing 102 and the front hous-
ing 104, and oriented in a +y-direction that is substantially
perpendicular with respect to the rear housing 102 and
the front housing 104. The right-side portion 103 is op-
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posite the left-side portion 101, and is defined by and
shared between the rear housing 102 and the front hous-
ing 104. The right-side portion 103 is oriented in a -y-
direction that is substantially perpendicular with respect
to the rear housing 102 and the front housing 104.
[0023] FIG. 3 is a schematic of a microphone and video
camera configuration 300 of the electronic apparatus in
accordance with some of the disclosed embodiments.
The configuration 300 is illustrated with reference to a
Cartesian coordinate system and includes the relative
locations of a front-side pressure microphone 370 with
respect to another front-side pressure microphone 330
and video camera 310. Both physical pressure micro-
phone elements 330, 370 are on the subject or front-side
of the electronic apparatus 100. One of the front-side
pressure microphones 330 is disposed near a right-side
of the electronic apparatus and the other front-side pres-
sure microphone 370 is disposed near the left-side of the
electronic apparatus. As described above, the video
camera 310 is positioned on a front-side of the electronic
apparatus 100 and disposed near the left-side of the elec-
tronic apparatus 100. Although described here on the
front side of the electronic apparatus 100, the pressure
microphones 330 and 370 could alternately be located
on both ends of the device.
[0024] The front-side pressure microphones 330, 370
are located or oriented opposite each other along a com-
mon y-axis, which is oriented along a line at zero and
180 degrees. The z-axis is oriented along a line at 90
and 270 degrees and the x-axis is oriented perpendicular
to the y-axis and the z-axis in an upward direction. The
front-side pressure microphones 330, 370 are separated
by 180 degrees along the y-axis. The camera 310 is also
located along the y-axis and points into the page in the
- z-direction towards the subject in front of the device.
[0025] The front-side pressure microphones 330, 370
can be any known type of pressure microphone elements
including electret condenser, MEMS (Microelectrome-
chanical Systems), ceramic, dynamic, or any other equiv-
alent acoustic-to-electric transducer or sensor that con-
verts sound pressure into an electrical audio signal. Pres-
sure microphones are, over much of their operating
range, inherently omnidirectional in nature, picking up
sound equally from all directions. However, above some
frequency, all pressure microphone capsules will tend to
exhibit some directionality due to the physical dimensions
of the capsule. In one embodiment, the front-side pres-
sure microphones 330, 370 have omnidirectional polar
patterns that sense incoming sound more or less equally
from all directions over a given frequency band which is
less than a full audio bandwidth of 20Hz to 20kHz. In one
implementation, the front-side pressure microphones
330, 370 can be part of a microphone array that is proc-
essed using beamforming techniques, such as delaying
and summing (or delaying and differencing), to establish
directional patterns based on wideband electrical audio
signals generated by the front-side pressure micro-
phones 330, 370.

[0026] FIG. 4 is a block diagram of an audio acquisition
and processing system 400 of an electronic apparatus
in accordance with some of the disclosed embodiments.
The audio acquisition and processing system 400 in-
cludes a microphone array that includes pressure micro-
phones 330, 370, an audio crossover 450, a beamformer
module 470, and a combiner module 480.
[0027] Each of the pressure microphones 330, 370
generates a wideband electrical audio signal 421, 441 in
response to incoming sound. More specifically, in this
embodiment, the first pressure microphone 330 gener-
ates a first wideband electrical audio signal 421 in re-
sponse to incoming sound waves, and the second pres-
sure microphone 370 generates a second wideband
electrical audio signal 441 in response to the incoming
sound waves. These wideband electrical audio signals
are generally a voltage signal that corresponds to a sound
pressure captured at the microphones.
[0028] The audio crossover 450 generates low band
signals 423, 443 and high band signals 429, 449 from
the incoming wideband electrical audio signals 421, 441.
As used herein, the term "low band signal" refers to lower
frequency components of a wideband electrical audio
signal, whereas the term "high band signal" refers to high-
er frequency components of a wideband electrical audio
signal. As used herein, the term "lower frequency com-
ponents" refers to frequency components of a wideband
electrical audio signal that are less than a crossover fre-
quency (fc) of the audio crossover 450. As used herein,
the term "higher frequency components" refers to fre-
quency components of a wideband electrical audio signal
that are greater than or equal to the crossover frequency
(fc) of the audio crossover 450.
[0029] More specifically, in this embodiment, the
crossover 450 includes a first low-pass filter 422, a first
high-pass filter 428, a second low-pass filter 442, and a
second high-pass filter 448. The first low-pass filter 422
generates a first low band signal 423 with low frequency
components of the first wideband electrical audio signal
421, and the second low-pass filter 442 generates a sec-
ond low band signal 443 with low frequency components
of the second wideband electrical audio signal 441. Each
low-pass filter filters or passes low-frequency band sig-
nals but attenuates (reduces the amplitude of) signals
with frequencies higher than the cutoff frequency (i.e.,
the frequency characterizing a boundary between a
passband and a stopband). This way, low pass filtering
removes the high band frequencies that cannot be prop-
erly beamformed. This results in good acoustic imaging
in the low band.
[0030] To provide acoustic imaging in the high band,
the first high-pass filter 428 generates a first high band
signal 429 with high frequency components of the first
wideband electrical audio signal 421, and the second
high-pass filter 448 generates a second high band signal
449 with high frequency components of the second wide-
band electrical audio signal 441. Each high-pass filter
passes high frequencies and attenuates (i.e., reduces

7 8 



EP 2 594 087 B1

6

5

10

15

20

25

30

35

40

45

50

55

the amplitude of) frequencies lower than the filter’s cutoff
frequency, which is referred to as a crossover frequency
(fc) herein. In a first embodiment, the high frequency
acoustic imaging is the result of the physical spacing be-
tween the microphones, which adds appropriate inter-
aural time delay between the right and left audio chan-
nels, and/or the change of the pressure microphone el-
ements from omnidirectional in nature to directional in
nature at these higher frequencies.
[0031] It will be appreciated by those skilled in the art
that the low-pass and high-pass filters used in this par-
ticular implementation of the crossover 450 are not lim-
iting, and that other equivalent filter bank configurations
could be used to implement the crossover 450 such that
it produces the same or very similar outputs based on
the wideband electrical audio signals 421, 441.
[0032] In one implementation, the low band signals
423, 443 produced by the low-pass filters 422, 442 are
omnidirectional, and the high band signals 429, 449 pro-
duced by the high-pass filters 428, 448 are not omnidi-
rectional. This change in directivity of the microphone
signal can be caused by the incoming acoustic wave-
length approaching the size of the microphone capsule
or ports, or it can be due to the shadowing effects that
the physical size and shape of the device housing 102,
104 create on the microphones mounted therein. At low
frequencies, the wavelength of the incoming acoustic
waves are much larger than the microphone, port, and
housing geometries. As an incoming acoustic signal in-
creases in frequency, the wavelength decreases in size.
Due to this reduction in wavelength as the frequency in-
creases, the physical size of the housing, ports, and mi-
crophone element have more effect on the incoming
acoustic wave as the frequency increases. The more the
housing affects the incoming acoustic wave, the more
directional the microphone system becomes.
[0033] When the distance between the microphones
330, 370 is greater than approximately a half wavelength
(λ/2) of the acoustic signals being captured by those mi-
crophones 330, 370, the inventors observed that beam-
form processing of high frequency components of the
wideband electrical audio signals can be inaccurate. In
other words, processing of a wideband electrical audio
signal can be inaccurate over its full wide bandwidth de-
pendent upon microphone placement within a physical
device. Accordingly, the crossover frequency (fc) of the
audio crossover 450 is selected to split the full audio fre-
quency band (into high and low frequency bands) at the
point where classical beamforming starts to break down.
In some embodiments, the crossover frequency (fc) of
the audio crossover 450 is determined, at least in part,
based on a distance between the two pressure micro-
phones 330, 370. In some implementations, the crosso-
ver frequency (fc) of the crossover 450 is determined such
that the high band signals 429, 449 include the first res-
onance of the ported pressure microphone systems.
Near this resonance, slight differences in the phase of
the two microphones 330, 370 can cause degradation in

the beamforming. In some implementations, the crosso-
ver frequency (fc) of the audio crossover 450 is deter-
mined at a point where the ported microphone system’s
directivity changes from largely omnidirectional to being
directional in nature. Since accurate beamforming relies
on the omnidirectional characteristics of each micro-
phone, when a microphone begins to depart from this
omnidirectional nature, the beamforming will begin to de-
grade.
[0034] The beamformer module 470 is designed to
generate low band beamformed signals 427, 447 from
the low band signals 423, 443. More specifically, in this
embodiment, the beamformer module 470 includes a first
correction filter 424, a second correction filter 444, a first
summer module 426, and a second summer module 446.
[0035] The first correction filter 424 corrects phase de-
lay in the first low band signal 423 to generate a first low-
band delayed signal 425, and the second correction filter
444 corrects phase delay in the second low band signal
443 to generate a second low band delayed signal 445.
For instance, in one implementation, the correction filters
424, 444 add a phase delay to the corresponding low
band signals 423, 443 to generate the corresponding low-
band signals 425, 445. The correction filters 424, 444
can be implemented in many ways. One implementation
of the correction filters will add the correct amount of
phase delay to first and second low band signals 423 and
443 so that sound arriving from one direction will be de-
layed exactly 180 degrees at all low-band frequencies
(after being processed by the delay correction filters 424,
444) relative to the second and first low band signals 443,
423 input to the other delay correction filters 444, 424.
In this case, for example, the electrical signals 425 and
443 will be 180 degrees different in phase at all low-band
frequencies when sound originates from a particular di-
rection relative to the microphone array. In this case the
same would be true for signals 445 and 423, and the
electrical signals 445 and 423 will be 180 degrees differ-
ent in phase at all low-band frequencies (when sound
originates from a particular direction relative to the mi-
crophone array).
[0036] The first summer module 426 sums the first low
band signal 423 and the second low band delayed signal
445 to generate a first low band beamformed signal 427.
Similarly, the second summer module 446 sums the sec-
ond low band signal 443 and the first low band delayed
signal 425 to generate a second low band beamformed
signal 447.
[0037] As will be described further below with refer-
ence to FIGS. 5A and 5B, in one implementation, the first
low band beamformed signal 427 is a right-facing first-
order directional signal (e.g., cardioid) with desired im-
aging for the low frequency band (e.g., the pattern of the
right low-pass filtered beamformed signal generally is ori-
ented to the right), and the second low band beamformed
signal 447 is a left-facing first-order directional signal
(e.g., cardioid) with desired imaging for the low frequency
band (e.g., the pattern of the left low-pass filtered beam-
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formed signal is oriented to the left -- opposite the pattern
of the right low-pass filtered beamformed signal). Thus,
the incoming wideband electrical audio signals are split
into a high band and low band, and beamforming is per-
formed on the low band signals (e.g., for frequencies be-
low the crossover frequency (fc)) but not the high band
signals.
[0038] The combiner module 480 combines the high
band signals 429, 449 and the low band beamformer
signals 427, 447 to generate modified wideband audio
signals 431, 451. More specifically, in this embodiment,
the combiner module 480 includes a first combiner mod-
ule 430 or summing junction that sums or "linearly com-
bines" the first high band signal 429 and the first low band
beamformed signal 427 to generate a first modified wide-
band audio signal 431 that corresponds to a right channel
stereo output. Similarly, the second combiner module
452 or summing junction sums the second high band
signal 449 and the second low band beamformed signal
447 to generate a second wideband audio signal 451 that
corresponds to a left channel stereo output that is spa-
tially distinct from the right channel stereo output.
[0039] As a result, each of the modified wideband au-
dio signals 431, 451 includes a linear combination of the
high frequency band components and directional low fre-
quency band components, and has approximately the
same bandwidth as the incoming wideband audio signals
from the microphones 330, 370. Each of the modified
wideband audio signals 431, 451 are shown as separate
output channel. Although not illustrated in FIG. 4, in some
embodiments, the modified wideband audio signals 431,
451 can be combined into a single audio output data
stream that can be transmitted and/or recorded. For in-
stance, the modified wideband audio signals 431, 451
can be stored or transmitted as a single file containing
separate stereo coded signals.
[0040] Examples of low band beamformed signals
generated by the beamformer 470 will now be described
with reference to FIGS. 5A and 5B. Preliminarily, it is
noted that in all of the polar graphs described below, sig-
nal magnitudes are plotted linearly to show the directional
(or angular) response of a particular signal. Further, in
the examples that follow, for purposes of illustration of
one example, it can be assumed that the subject is gen-
erally located at approximately 90° while the operator is
located at approximately 270°. The directional patterns
shown in FIGS. 5A and 5B are slices through the direc-
tional response forming a plane as would be observed
by a viewer who located above the electronic apparatus
100 of FIG. 1 who is looking downward, where the z-axis
in FIG. 3 corresponds to the 90°- 270° line, and the y-
axis in FIG. 3 corresponds to the 0°-180° line.
[0041] FIG. 5A is an exemplary polar graph of a right-
side-oriented low band beamformed signal 427 generat-
ed by the audio acquisition and processing system 400
in accordance with one implementation of some of the
disclosed embodiments. As illustrated in FIG. 5A, the
right-side-oriented low band beamformed signal 427 has

a first-order cardioid directional pattern that points to-
wards the-y-direction or to the right-side of the apparatus
100. This first-order directional pattern has a maximum
at zero degrees and has a relatively strong directional
sensitivity to sound originating from the right-side of the
apparatus 100. The right-side-oriented low band beam-
formed signal 427 also has a null at 180 degrees that
points towards the left-side of the apparatus 100 (in the
+y-direction), which indicates that there is little or no di-
rectional sensitivity to sound originating from the left-side
of the apparatus 100. Stated differently, the right-side-
oriented low band beamformed signal 427 emphasizes
sound waves originating from the right of the apparatus
100 and has a null oriented towards the left of the appa-
ratus 100.
[0042] FIG. 5B is an exemplary polar graph of a left-
side-oriented low band beamformed signal 447 generat-
ed by the audio acquisition and processing system 400
in accordance with one implementation of some of the
disclosed embodiments. As illustrated in FIG. 5B, the left-
side-oriented low band beamformed signal 447 also has
a first-order cardioid directional pattern but it points to-
wards the left-side of the apparatus 100 in the +y-direc-
tion, and has a maximum at 180 degrees. This indicates
that there is strong directional sensitivity to sound origi-
nating from the left of the apparatus 100. The left-side-
oriented low band beamformed signal 447 also has a null
(at 0 degrees) that points towards the right-side of the
apparatus 100 (in the -y-direction), which indicates that
there is little or no directional sensitivity to sound origi-
nating from the right of the apparatus 100. Stated differ-
ently, the left-side-oriented low band beamformed signal
447 emphasizes sound waves originating from left of the
apparatus 100 and has a null oriented towards the right
of the apparatus 100.
[0043] Although the low band beamformed signals
427, 447 shown in FIG. 5A and 5B are both beamformed
first order cardioid directional beamform patterns that are
either right-side-oriented or left-side-oriented, those
skilled in the art will appreciate that the low band beam-
formed signals 427, 447 are not necessarily limited to
having these particular types of first order cardioid direc-
tional patterns and that they are shown to illustrate one
exemplary implementation. In other words, although the
directional patterns are cardioid-shaped, this does not
necessarily imply the low band beamformed signals are
limited to having a cardioid shape, and may have any
other shape that is associated with first order directional
beamform patterns such as a dipole, hypercardioid, su-
percardioid, etc. The directional patterns can range from
a nearly cardioid beamform to a nearly bidirectional
beamform, or from a nearly cardioid beamform to a nearly
omnidirectional beamform. Alternatively a higher order
directional beamform could be used in place of the first
order directional beamform if other known processing
methods are used in the beamformer 470.
[0044] Moreover, although the low band beamformed
signals 427, 447 are illustrated as having cardioid direc-
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tional patterns, it will be. appreciated by those skilled in
the art, that these are mathematically ideal examples only
and that, in some practical implementations, these ide-
alized beamform patterns will not necessarily be
achieved.
[0045] Thus, in the embodiment of FIG. 4, the first low
band beamformed signal 427 that corresponds to a right
virtual microphone has a maximum located along the 0
degree axis, and the second low band beamformed sig-
nal 447 that corresponds to a left virtual microphone has
a maximum located along the 180 degree axis.
[0046] In some implementations, it would be desirable
to change the angular locations of these maxima off the
+y and -y axes. One such implementation will now be
described with reference to FIGS. 6-8B.
[0047] FIG. 6 is a schematic of a microphone and video
camera configuration 600 of the electronic apparatus in
accordance with some of the other disclosed embodi-
ments. As with FIG. 3, the configuration 600 is illustrated
with reference to a Cartesian coordinate system in which
the x-axis is oriented in an upward direction that is per-
pendicular to both the y-axis and the z-axis. In FIG. 6,
the relative locations of a rear-side pressure microphone
620, a right-side pressure microphone 630, a left-side
pressure microphone 670, and a front-side video camera
610 are shown.
[0048] In this embodiment, the right and rear pressure
microphones 620, 630 are along a common z-axis and
separated by 180 degrees along a line at 90 degrees and
270 degrees. The left-side and right-side pressure mi-
crophones 670, 630 are located along a common y-axis.
The rear pressure microphone element 620 is on an op-
erator-side of portable electronic apparatus 100 in this
embodiment. Of course, if the camera were configured
differently (e.g., in a webcam configuration), the third mi-
crophone element 620 might be considered on the front
side. As mentioned previously, the relative directions of
left, right, front, and rear are provided merely for the sake
of simplicity and may change depending on the physical
implementation of the device.
[0049] While the configuration of the microphones
shown in FIG. 6 is represented as a right triangle existing
in a horizontal plane, in application the microphones can
be configured in any orientation that creates a triangle
when projected onto a horizontal plane. For example the
rear microphone 620 does not necessarily have to lie
directly behind the right-side microphone 630 or left-side
microphone 670, but could be behind and somewhere
between the right-side microphone 630 and left-side mi-
crophone 670.
[0050] The pressure microphone elements 630, 670
are on the subject or front-side of the electronic apparatus
100. One front-side pressure microphone 630 is dis-
posed near a right-side of the electronic apparatus 100
and the other front-side pressure microphone 670 is dis-
posed near the left-side of the electronic apparatus 100.
[0051] As described above, the video camera 610 is
positioned on a front-side of the electronic apparatus 100

and disposed near the left-side of the electronic appara-
tus 100. The video camera 610 is also located along the
y-axis and points into the page in the -z-direction towards
the subject in front of the device (as does the pressure
microphone 630). The subject (not shown) would be lo-
cated in front of the front-side pressure microphone 630,
and the operator (not shown) would be located behind
the rear-side pressure microphone 620. This way the
pressure microphones are oriented such that they can
capture audio signals or sound from subjects being re-
corded by the video camera 610 and as well as from the
operator taking the video or any other source behind the
electronic apparatus 100.
[0052] As in FIG. 3, the physical pressure microphones
620, 630, 670 described herein can be any known type
of physical pressure microphone elements including
electret condenser, MEMS (Microelectromechanical
Systems), ceramic, dynamic, or any other equivalent
acoustic-to-electric transducer or sensor that converts
sound pressure into an electrical audio signal. The phys-
ical pressure microphones 620, 630, 670 can be part of
a microphone array that is processed using beamforming
techniques such as delaying and summing (or delaying
and differencing) to establish directional patterns based
on outputs generated by the physical pressure micro-
phones 620, 630, 670.
[0053] As will now be described with reference to FIGS.
7-8B and 9-11, because the three microphones allow for
directional patterns to be created at any angle in the yz-
plane, the left and right front-side virtual microphone el-
ements along with the rear-side virtual microphone ele-
ments can allow for wideband stereo or surround sound
recordings to be created over the full audio frequency
bandwidth of 20Hz to 20kHz.
[0054] FIG. 7 is a block diagram of an audio acquisition
and processing system 700 of an electronic apparatus
in accordance with some of the disclosed embodiments.
This embodiment differs from FIG. 4 in that the system
700 includes an additional pressure microphone 620. In
this embodiment, the microphone array includes a first
pressure microphone 630 that generates a first wideband
electrical audio signal 731 in response to incoming
sound, a second pressure microphone 670 that gener-
ates a second wideband electrical audio signal 741 in
response to the incoming sound, and a third pressure
microphone 620 that generates a third wideband electri-
cal audio signal 761 in response to the incoming sound.
[0055] This embodiment also differs from FIG. 4 in that
the audio crossover 750 includes additional filtering to
process the three wideband electrical audio signals 761,
731, 741 generated by the three microphones 620, 630,
670, respectively. In particular, the crossover 750 in-
cludes a first low-pass filtering module 732, a first high-
pass filtering module 734, a second low-pass filtering
module 742, a second high-pass filtering module 744, a
third low-pass filtering module 762, and a third high-pass
filtering module 764.
[0056] The first low-pass filtering module 732 gener-
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ates a first low band signal 733 that includes low frequen-
cy components of the first wideband electrical audio sig-
nal 731, the second low-pass filtering module 742 gen-
erates a second low band signal 743 that includes low
frequency components of the second wideband electrical
audio signal 741, and the third low-pass filtering module
762 generates a third low band signal 763 that includes
low frequency components of the third wideband electri-
cal audio signal 761.
[0057] The first high-pass filtering module 734 gener-
ates a first high band signal 735 that includes high fre-
quency components of the first wideband electrical audio
signal 731, the second high-pass filtering module 744
generates a second high band signal 745 that includes
high frequency components of the second wideband
electrical audio signal 741, and the third high-pass filter-
ing module 764 generates a third high band signal 765
that includes high frequency components of the third
wideband electrical audio signal 761.
[0058] In addition, this embodiment also differs from
FIG. 4 in that the beamformer module 770 generates low
band beamformer signals 771, 772 based on three input
signals: the first low band signal 733, the second low
band signal 743, and the third low band signal 763. In
this embodiment, three low band signals 733, 743, 763
are required to produce two low band beamformed sig-
nals 771, 772 each having directional beam patterns that
are at an angle to the y-axis. For example, in one em-
bodiment, the beamformer module 770 generates a right
low band beamformed signal 771 based on an un-de-
layed version of the first low band signal 733 from the
right microphone 630, a delayed version of the second
low band signal 743 from the left microphone 670, and
a delayed version of the third low band signal 763 from
the rear microphone 620, and generates a left low band
beamformed signal 772 based on a delayed version of
the first low band signal 733 from the right microphone
630, an un-delayed version of the second low band signal
743 from the left microphone 670, and a delayed version
of the third low band signal 763 from the rear microphone
620. The beamform processing performed by the beam-
former module 770 can be delay and sum processing,
delay and difference processing, or any other known
beamform processing technique for generating direction-
al patterns based on microphone input signals. Tech-
niques for generating such first order beamforms are
well-known in the art and will not be described herein.
[0059] One implementation of the beamformer module
770 creates orthogonal virtual gradient microphones and
then uses a weighted sum to create the two resulting
beamformed signals.
[0060] For example, a first virtual gradient microphone
would be created along the -z-axis of FIG. 6 by applying
the process described in beamformer 470 of FIG. 4. In
this case, the input signals used would be those from the
front-right microphone 630 and the rear microphone 620.
A second virtual gradient microphone would be created
along the +y-axis of FIG. 6 by applying the process de-

scribed in beamformer 470 of FIG. 4, but this time the
input signals used would be those from the front right
microphone 630 and the front left microphone 670. The
first and second virtual microphones (one oriented along
the -z axis, and one along the +y axis) would then be
combined using a weighting factor to create the two low
band beamformed signals 771, 772 each having direc-
tional beam patterns that are at an angle to the y-axis.
[0061] For instance, to create the first low band beam-
formed signal 771, the signal of the virtual microphone
oriented along the +y axis would be subtracted from the
signal of the virtual microphone oriented along the -z-
axis. This would result in a virtual microphone signal that
would have a pattern oriented 45 degrees off of the y-
axis as shown in FIG. 8A. In this case the coefficients
used in the weighted sum would be -1 for the +y-axis
oriented signal and +1 for the -z-axis oriented signal. By
contrast, to create the second low band beamformed sig-
nal 772, the signal of the virtual microphone oriented
along the +y-axis would be added to the signal of the
virtual microphone oriented along the -z-axis. This would
result in a virtual microphone signal that would have a
pattern oriented 45 degrees off of the y axis as shown in
FIG. 8B. In this case the coefficients used in the weighted
sum would be +1 for the +y-axis oriented signal and +1
for the -z-axis oriented signal.
[0062] A second implementation of the beamformer
module 770 would combine the two step process de-
scribed above using a single set of equations in a lookup
table that would generate the same results.
[0063] The first high band signal 735 and the second
high band signal 745 are passed to the combiner module
780 without altering either signal. The physical distance
between the microphones provides enough difference in
the right and left signals to provide adequate spatial im-
aging for the high frequency band. The third high band
signal 765, corresponding to the rear pressure micro-
phone 620, is not passed through to the combiner module
780 since only right and left high band signals are re-
quired for a stereo output. In this two-channel (stereo
output) implementation, the high pass filter 764 could be
eliminated to save memory and processing in the device.
If a rear output channel were desired, the third high band
signal 765 would be passed through to the combiner
module 780 to be combined with a third low band beam-
formed signal oriented in the +z direction (not shown).
[0064] The combiner module 780 then mixes the first
and second low band beamformed signal 771, 772 and
the first and second high band signals 735, 745to gen-
erate a first modified wideband audio signal 782 that cor-
responds to a right channel stereo output signal, and a
second modified wideband audio signal 784 that corre-
sponds to a left channel stereo output signal. In one im-
plementation, the combiner module 780 linearly com-
bines the first low band beamformed signal 771 with its
corresponding first high band signal 735 to generate the
first modified wideband audio signal 782, and linearly
combines the second low band beamformed signal 772
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with its corresponding second high band signal 745 to
generate the second modified wideband audio signal
784. Any processing delay in the low band beamformed
signals 771, 772 created by the beamforming process
would be corrected in this combiner module 780 by add-
ing the appropriate delay to the high band signals 735,
745 resulting in a synchronization of the low and high
band signals prior to combination.
[0065] As will be explained further below with reference
to FIGS. 8A and 8B, inclusion of an additional pressure
microphone 670 allows the beamformer 770 to generate
low band beamformed signals 771, 772 having direction-
al patterns that are oriented at an angle with respect to
the y-axis.
[0066] Examples of low band beamformed signals
771, 772 will now be described with reference to FIGS.
8A and 8B. Similar to the other example graphs above,
the directional patterns shown in FIGS. 8A and 8B are a
horizontal planar representation of the directional re-
sponse as would be observed by a viewer who is located
above the electronic apparatus 100 of FIG. 1 and looking
downward, where the z-axis in FIG. 6 corresponds to the
90°- 270° line, and the y-axis in FIG. 6 corresponds to
the 0°-180° line.
[0067] FIG. 8A is an exemplary polar graph of a front-
right-side-oriented low band beamformed signal 771
generated by the audio acquisition and processing sys-
tem 700 in accordance with one implementation of some
of the disclosed embodiments. As illustrated in FIG. 8A,
the front-right-side-oriented low band beamformed signal
771 has a first-order cardioid directional pattern that
points towards the front-right-side of the apparatus 100
at an angle between the -y-direction and -z-direction. This
particular first-order directional pattern has a maximum
at 45 degrees and has a relatively strong directional sen-
sitivity to sound originating from sources to the front-right-
side of the apparatus 100. The front-right-side-oriented
low band beamformed signal 771 also has a null at 225
degrees that points towards the rear-left-side of the ap-
paratus 100 (an angle between the +z direction and the
+y-direction), which indicates that there is lessened di-
rectional sensitivity to sound originating from the rear-
left-side of the apparatus 100. Stated differently, the
front-right-side-oriented low band beamformed signal
771 emphasizes sound waves emanating from sources
to the front-right-side of the apparatus 100 and has a null
oriented towards the rear-left-side of the apparatus 100.
[0068] FIG. 8B is an exemplary polar graph of a front-
left-side-oriented low band beamformed signal 772 gen-
erated by the audio acquisition and processing system
700 in accordance with one implementation of some of
the disclosed embodiments. As illustrated in FIG. 8B, the
front-left-side-oriented low band beamformer signal 772
has a first-order cardioid directional pattern that points
towards the front-left-side of the apparatus 100 at an an-
gle between the +y-direction and -z-direction. This par-
ticular first-order directional pattern has a maximum at
135 degrees and has a relatively strong directional sen-

sitivity to sound originating from sources to the front-left-
side of the apparatus 100. The front-left-side-oriented
low band beamformed signal 772 also has a null at 315
degrees that points towards the rear-right-side of the ap-
paratus 100 (an angle between the +z direction and the
-y-direction), which indicates that there is lessened di-
rectional sensitivity to sound originating from sources to
the rear-right-side of the apparatus 100. Stated different-
ly, the front-left-side-oriented low band beamformed sig-
nal 772 emphasizes sound waves emanating from sourc-
es to the front-left-side of the apparatus 100 and has a
null oriented towards the rear-right-side of the apparatus
100.
[0069] Although the low band beamformed signals
771, 772 shown in FIG. 8A and 8B are both first order
cardioid directional beamform patterns that are either
front-right-side-oriented or front-left-side-oriented, those
skilled in the art will appreciate that the low band beam-
formed signals 771, 772 are not necessarily limited to
having these particular types of first order cardioid direc-
tional patterns and that they are shown to illustrate one
exemplary implementation. In other words, although the
directional patterns are cardioid-shaped, this does not
necessarily imply the low band beamformed signals are
limited to having a cardioid shape, and may have any
other shape that is associated with first order directional
beamform patterns such as a dipole, hypercardioid, su-
percardioid, etc. The directional patterns can range from
a nearly cardioid beamform to a nearly bidirectional
beamform, or from a nearly cardioid beamform to a nearly
omnidirectional beamform. Alternatively a higher order
directional beamform could be used in place of the first
order directional beamform.
[0070] Moreover, although the low band beamformed
signals 771, 772 are illustrated as having cardioid direc-
tional patterns, it will be appreciated by those skilled in
the art, that these are mathematically ideal examples only
and that, in some practical implementations, these ide-
alized beamform patterns will not necessarily be
achieved.
[0071] In addition, it is noted that the specific examples
in FIGS. 8A and 8B illustrate that the front-right-side-ori-
ented low band beamformed signal 771 (that contributes
to the right virtual microphone) has a maximum located
along the 45 degree axis, and that the front-left-side-ori-
ented low band beamformed signal 772 (that contributes
to the left virtual microphone) has a maximum located
along the 135 degree axis. However, those skilled in the
art will appreciate that the directional patterns of the low
band beamformed signals 771, 772 can be steered to
other angles based on standard beamforming tech-
niques such that angular locations of the maxima can be
manipulated. For example, in FIG. 8A, the directional pat-
tern of the first low band beamformed signal 771 (that
contributes to the right virtual microphone) can be orient-
ed towards the front-right-side at any angle between 0
and 90 degrees with respect to the -y-axis (at zero de-
grees). Likewise, in FIG. 8B, the directional pattern of the
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second low band beamformed signal 772 (that contrib-
utes to the left virtual microphone) can be oriented to-
wards the front-left-side at any angle between 90 and
180 degrees with respect to the +y-axis (at 180 degrees).
[0072] FIG. 9 is a block diagram of an audio acquisition
and processing system 900 of an electronic apparatus
in accordance with some of the other disclosed embod-
iments. Instead of a two channel stereo output as shown
in FIG. 7, this audio acquisition and processing system
900 uses the wideband signals from three microphones
620, 630, 670 to produce a five-channel surround sound
output. FIG. 9 is similar to FIG. 7 and so the common
features of FIG. 9 will not be described again for sake of
brevity.
[0073] The beamformer module 970 generates a plu-
rality of low band beamformed signals 972A, 972B, 972C,
972D, 972E based on the first low band signal 923, the
second low band signal 943, and the third low band signal
963. The low band beamformed signals include a front-
left low band beamformed signal 972A, a front center low
band beamformed signal 972B, a front-right low band
beamformed signal 972C, a rear-left low band beam-
formed signal 972D, and a rear-right low band beam-
formed signal 972E. As will be described further below
with reference to FIGS. 10A-E, the low band beamformed
signals 972A-972E have polar directivity pattern plots
with main lobes oriented to the front-left 972A, the front-
center 972B, the front-right 972C, the rear-left 972D, and
the rear-right 972E. These low band beamformed signals
972A-972E could be created in the beamformer module
970 in the same way that the low band beamformed sig-
nals 77.1, 772 were created by beamformer module 770
in the previous example. To produce beamforms oriented
in the +z direction a negative coefficient would be applied
to the -z axis signal.
[0074] This embodiment differs from FIG. 7 in that the
system 900 includes a high band audio mixer module
974 for selectively combining/mixing the first high band
signal 935, the second high band signal 945, and the
third high band signal 965 to mix the high band signals
from the microphones to generate additional channels
comprising a plurality of multi-channel high band non-
beamformed signals 976A-976E. The plurality of multi-
channel high band non-beamformed signals 976A-976E
include a front-left-side non-beamformed signal 976A, a
front-center non-beamformed signal 976B, a front-right-
side non-beamformed signal 976C, a rear-left-side non-
beamformed signal 976D, and a rear-right-side non-
beamformed signal 976E.
[0075] In one embodiment, the high band signals 935,
965, 945 are mixed per Table 1, where A, B, and C rep-
resent the high band signals 935, 965, 945 from micro-
phones 630, 620, and 670, respectively.
[0076] In this table, L is the front-left-side non-beam-
formed signal 976A contributing to a left channel output,
center is the front-center non-beamformed signal 976B
contributing to a center channel output, R is the front-
right-side non-beamformed signal 976C contributing to

a right channel output, and RL is the rear-left-side non-
beamformed signal 976D contributing to a rear-left chan-
nel output. RR is the rear-right-side non-beamformed sig-
nal 976E contributing to a rear-right channel output. Con-
stant gains used in the mixing are represented by m, n,
and p. One skilled in the art will realize that in this imple-
mentation, high band audio mixer module 974 is creating
outputs in a manner similar to simple analog matrix sur-
round signals.

[0077] The combiner module 980 is designed to mix
each channel of the plurality of low band beamformed
signals 972A-972E with its corresponding multi-channel
high band non-beamformed signals 976A-976E to form
full bandwidth output signals. In response, the combiner
module 980 generates a plurality of wideband multi-chan-
nel audio signals 982A-982E including a front left-side
channel output 982A, a front center channel output 982B,
a front right-side channel output 982C, a rear left-side
channel output 982D, and a rear right-side channel out-
put 982E. The plurality of wideband multi-channel audio
signals 982A-982E corresponds to full wideband sur-
round sound channels. Although not illustrated in FIG. 9,
the wideband multi-channel audio signals 982A-982E
can be combined into single sound data stream, which
can be transmitted and/or recorded.
[0078] Examples of low band beamformed signals 972
will now be described with reference to FIGS. 10A-10E.
Similar to the other example graphs above, the direction-
al patterns shown in FIGS. 10A-10E are a horizontal pla-
nar representation of the directional response as would
be observed by a viewer who is located above the elec-
tronic apparatus 100 of FIG. 1 and looking downward,
where the z-axis in FIG. 6 corresponds to the 90°- 270°
line, and the y-axis in FIG. 6 corresponds to the 0°-180°
line.
[0079] FIG. 10A is an exemplary polar graph of a front-
left-side low band beamformed signal 972A generated
by the audio acquisition and processing system 900 in
accordance with one implementation of some of the dis-
closed embodiments. As illustrated in FIG. 10A, the front-
left-side low band beamformed signal 972A has a first-
order cardioid directional pattern that is oriented (or
points towards) the front-left-side of the apparatus 100
at an angle between the +y-direction and -z-direction.
This particular first-order directional pattern has a maxi-

Table 1

OUTPUT MIX

CENTER (A+C)/2

R A

L C

RR (mA +nB)/p

RL (mC +nB)/p
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mum at 150 degrees and has a relatively strong direc-
tional sensitivity to sound originating from sources to the
front-left-side of the apparatus 100. The front-left-side
low band beamformed signal 972A also has a null at 330
degrees that points towards the rear-right-side of the ap-
paratus 100 (an angle between the +z direction and the
-y-direction), which indicates that there is lessened di-
rectional sensitivity to sound originating from the rear-
right-side of the apparatus 100. Stated differently, the
front-left-side low band beamformed signal 972A empha-
sizes sound waves emanating from sources to the front-
left-side of the apparatus 100 and has a null oriented
towards the rear-right-side of the apparatus 100.
[0080] FIG. 10B is an exemplary polar graph of a front-
center low band beamformed signal 972B generated by
the audio acquisition and processing system 900 in ac-
cordance with one implementation of some of the dis-
closed embodiments. As illustrated in FIG. 10B, the front-
center low band beamformer signal 972B has a first-order
cardioid directional pattern that is oriented (or points to-
wards) the front-center of the apparatus 100 in the -z-
direction. This particular first-order directional pattern
has a maximum at 90 degrees and has a relatively strong
directional sensitivity to sound originating from sources
to the front-center of the apparatus 100. The front-center
low band beamformed signal 972B also has a null at 270
degrees that points towards the rear-side of the appara-
tus 100, which indicates that there is lessened directional
sensitivity to sound originating from sources to the rear-
side of the apparatus 100. Stated differently, the front-
center low band beamformed signal 972B emphasizes
sound waves emanating from sources to the front-center
of the apparatus 100 and has a null oriented towards the
rear-side of the apparatus 100.
[0081] FIG. 10C is an exemplary polar graph of a front-
right-side low band beamformed signal 972C generated
by the audio acquisition and processing system 900 in
accordance with one implementation of some of the dis-
closed embodiments. As illustrated in FIG. 10C, the front-
right-side low band beamformed signal 972C has a first-
order cardioid directional pattern that is oriented (or
points towards) the front-right-side of the apparatus 100
at an angle between the -y-direction and -z-direction. This
particular first-order directional pattern has a maximum
at 30 degrees and has a relatively strong directional sen-
sitivity to sound originating from sources to the front-right-
side of the apparatus 100. The front-right-side low band
beamformed signal 972C also has a null at 210 degrees
that points towards the rear-left-side of the apparatus 100
(an angle between the +z direction and the +y-direction),
which indicates that there is lessened directional sensi-
tivity to sound originating from sources to the rear-left-
side of the apparatus 100. Stated differently, the front-
right-side low band beamformed signal 972C emphasiz-
es sound waves emanating from sources to the front-
right-side of the apparatus 100 and has a null oriented
towards the rear-left-side of the apparatus 100.
[0082] FIG. 10D is an exemplary polar graph of a rear-

left-side low band beamformed signal 972D generated
by the audio acquisition and processing system 900 in
accordance with one implementation of some of the dis-
closed embodiments. As illustrated in FIG. 10D, the rear-
left-side low band beamformed signal 972D has a first-
order cardioid directional pattern that is oriented (or
points towards) the rear-left-side of the apparatus 100 at
an angle between the +y-direction and +z-direction. This
particular first-order directional pattern has a maximum
at 225 degrees and has a relatively strong directional
sensitivity to sound originating from sources to the rear-
left-side of the apparatus 100. The rear-left-side low band
beamformed signal 972D also has a null at 45 degrees
that points towards the front-right-side of the apparatus
100 (an angle between the -z direction and the -y-direc-
tion), which indicates that there is lessened directional
sensitivity to sound originating from sources to the front-
right-side of the apparatus 100. Stated differently, the
rear-left-side low band beamformed signal 972D empha-
sizes sound waves emanating from sources to the rear-
left-side of the apparatus 100 and has a null oriented
towards the front-right-side of the apparatus 100.
[0083] FIG. 10E is an exemplary polar graph of a rear-
right-side low band beamformed signal 972E generated
by the audio acquisition and processing system 900 in
accordance with one implementation of some of the dis-
closed embodiments. As illustrated in FIG. 10A, the rear-
right-side low band beamformed signal 972E has a first-
order cardioid directional pattern that is oriented (or
points towards) the rear-right-side of the apparatus 100
at an angle between the -y-direction and +z-direction.
This particular first-order directional pattern has a maxi-
mum at 315 degrees and has a relatively strong direc-
tional sensitivity to sound originating from sources to the
rear-right-side of the apparatus 100. The rear-right-side
low band beamformed signal 972E also has a null at 135
degrees that points towards the front-left-side of the ap-
paratus 100 (an angle between the -z direction and the
+y-direction), which indicates that there is lessened di-
rectional sensitivity to sound originating from sources to
the front-left-side of the apparatus 100. Stated differently,
the rear-right-side low band beamformed signal 972E
emphasizes sound waves emanating from sources to the
rear-right-side of the apparatus 100 and has a null ori-
ented towards the front-left-side of the apparatus 100.
[0084] Although the low band beamformed signals
972A-972E shown in FIG. 10A through 10E are first-order
cardioid directional beamform patterns, those skilled in
the art will appreciate that the low band beamformed sig-
nals 972A-972E are not necessarily limited to having
these particular types of first-order cardioid directional
patterns and that they are shown to illustrate one exem-
plary implementation. In other words, although the direc-
tional patterns shown are cardioid-shaped, this does not
necessarily imply the low band beamformed signals are
limited to having a cardioid shape, and may have any
other shape that is associated with first-order directional
beamform patterns such as a dipole, hypercardioid, su-
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percardioid, etc. The directional patterns can range from
a nearly cardioid beamform to a nearly bidirectional
beamform, or from a nearly cardioid beamform to a nearly
omnidirectional beamform. Alternatively a higher order
directional beamform could be used in place of the first
order directional beamform.
[0085] Moreover, although the low band beamformed
signals 972A-972E are illustrated as having cardioid di-
rectional patterns, it will be appreciated by those skilled
in the art, that these are mathematically ideal examples
only and that, in some practical implementations, these
idealized beamform patterns will not necessarily be
achieved.
[0086] In addition, it is noted that while the specific ex-
amples of the low band beamformed signals 972A-972E
each have a maximum located at a particular angle, those
skilled in the art will appreciate that the directional pat-
terns of the low band beamformed signals 972A-972E
can be steered to other angles based on standard beam-
forming techniques such that angular locations of the
maxima can be manipulated.
[0087] FIG. 11 is a flowchart 1100 that illustrates a
method for low sample rate beamform processing in ac-
cordance with some of the disclosed embodiments. Be-
cause only low band signals are beamformed, beamform
processing can be reduced by downsampling the low
band signals. The downsampled low band signals can
be processed at the lower sampling rate, and then up-
sampled before being combined with their high band
counterparts.
[0088] At step 1110, the audio crossover 450, 750, 950
processes (e.g., low-pass filters) the wideband electrical
audio signals to generate low band signals. This step is
described above with reference to FIGS. 4, 7, and 9. One
of the advantages to filtering before beamform process-
ing at the beamformer module 470, 770, 970 is that the
low band signals can be downsampled prior to beamform
processing, which allows the beamformer module 470,
770, 970 to process the low band data at a lower sample
rate.
[0089] At step 1120, a DSP element downsamples low
band data (from low band signals) to generate downsam-
pled low band data at a lower sample rate. The DSP
element can be implemented, for example, at the beam-
former module 470, 770, 970 or in a separate DSP that
is coupled between the crossover 450, 750, 950 and the
beamformer module 470, 770, 970. After the low band
signal has been converted to the lower sample rate,
beamform processing can be done at this lower sample
rate allowing for lower processing cost, lower power con-
sumption, as well as increased stability in the filters that
are used.
[0090] At step 1130, the beamformer module 470, 770,
970 beamform processes the downsampled low band
data (at the lower sample rate) to generate beamformed
processed low band data. Thus, splitting the wideband
electrical audio signals into low and high band signals
allows for the low band data to be beamform processed

at a lower sample rate. This conserves significant proc-
essor resources and energy.
[0091] After beamform processing of the low band data
is complete, the flowchart 1100 proceeds to step 1140,
where another DSP element (implemented, for example,
at the beamformer module 470, 770, 970) upsamples the
beamform processed low band data to generate upsam-
pled, beamformed low band data. The upsampled, beam-
formed low band data has a sampling rate that is the
same as the original sampling rate at step 1110. The
DSP element can implemented, for example, at the
beamformer module 470, 770, 970 or in a separate DSP
coupled between the beamformer module 470, 770, 970
and the combiner module 480, 780, 980.
[0092] At step 1150, the combiner module 480, 780,
980 combines or mixes each upsampled, beamformed
low band data signal with its corresponding high band
data signal at the original sample rate. This step is de-
scribed above with reference to the combiner modules
of FIGS. 4, 7 and 9.
[0093] FIG. 12 is a block diagram of an electronic ap-
paratus 1200 that can be used in one implementation of
the disclosed embodiments. In the particular example
illustrated in FIG. 12, the electronic apparatus is imple-
mented as a wireless computing device, such as a mobile
telephone, that is capable of communicating over the air
via a radio frequency (RF) channel.
[0094] The electronic apparatus 1200 includes a proc-
essor 1201, a memory 1203 (including program memory
for storing operating instructions that are executed by the
processor 1201, a buffer memory, and/or a removable
storage unit), a baseband processor (BBP) 1205, an RF
front end module 1207, an antenna 1208, a video camera
1210, a video controller 1212, an audio processor 1214,
front and/or rear proximity sensors 1215, audio cod-
ers/decoders (CODECs) 1216, and a user interface 1218
that includes input devices (keyboards, touch screens,
etc.), a display 1217, a speaker 1219 (i.e., a speaker
used for listening by a user of the electronic apparatus
1200), and two or more microphones 1220, 1230, 1270.
The various blocks can couple to one another as illus-
trated in FIG. 12 via a bus or other connections. The
electronic apparatus 1200 can also contain a power
source such as a battery (not shown) or wired transform-
er. The electronic apparatus 1200 can be an integrated
unit containing all the elements depicted in FIG. 12 or
fewer elements, as well as any other elements necessary
for the electronic apparatus 1200 to perform its particular
functions.
[0095] As described above, the microphone array has
at least two pressure microphones and in some imple-
mentations may include three microphones. The micro-
phones 1220, 1230, 1270 can operate in conjunction with
the audio processor 1214 to enable acquisition of wide-
band audio information in wideband audio signals across
a full audio frequency bandwidth of 20Hz to 20kHz. The
audio crossover 1250 generates low band signals and
high band signals from the wideband electrical audio sig-
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nals, as described above with reference to FIGS. 4, 7,
and 9. The beamformer 1260 generates low band beam-
formed signals from the low band signals, as described
above with reference to FIGS. 4, 7, and 9. The combiner
1280 combines the high band signals and the low band
beamformed signals to generate modified wideband au-
dio signals, as described above with reference to FIGS.
4, 7, and 9. In some embodiments, the optional high band
audio mixer 1274 can be implemented. The crossover
1250, beamformer 1260, and combiner 1280, and op-
tionally the high band audio mixer 1274, can be imple-
mented as different modules at the audio processor 1214
or external to the audio processor 1214.
[0096] The other blocks in FIG. 12 are conventional
features in this one exemplary operating environment,
and therefore for sake of brevity will not be described in
detail herein.
[0097] It should be appreciated that the exemplary em-
bodiments described with reference to FIGS. 1-12 are
not limiting and that other variations exist. It should also
be understood that various changes can be made without
departing from the scope of the invention as set forth in
the appended claims. The embodiment described with
reference to FIGS. 1-12 can be implemented a wide va-
riety of different implementations and different types of
portable electronic devices. While it has been assumed
that low pass filters are used in some embodiments, in
other implementations, a low pass filter and delay filter
can be combined into a single filter in branches to imple-
ment a serial application of those filters. In addition, cer-
tain aspects of the crossover can be adjusted such that
placement of the band filtering is equivalently moved to
before or after the beamform processing and mixing op-
erations. For instance, low pass filtering could be done
after beamform processing and high pass filtering after
the direct microphone output mixing.
[0098] Those of skill will appreciate that the various
illustrative logical blocks, modules, circuits, and steps de-
scribed in connection with the embodiments disclosed
herein may be implemented as electronic hardware,
computer software, or combinations of both. Some of the
embodiments and implementations are described above
in terms of functional and/or logical block components
(or modules) and various processing steps. However, it
should be appreciated that such block components (or
modules) may be realized by any number of hardware,
software, and/or firmware components configured to per-
form the specified functions. As used herein the term
"module" refers to a device, a circuit, an electrical com-
ponent, and/or a software based component for perform-
ing a task. To clearly illustrate this interchangeability of
hardware and software, various illustrative components,
blocks, modules, circuits, and steps have been described
above generally in terms of their functionality. Whether
such functionality is implemented as hardware or soft-
ware depends upon the particular application and design
constraints imposed on the overall system. Skilled arti-
sans may implement the described functionality in vary-

ing ways for each particular application, but such imple-
mentation decisions should not be interpreted as causing
a departure from the scope of the present invention. For
example, an embodiment of a system or a component
may employ various integrated circuit components, e.g.,
memory elements, digital signal processing elements,
logic elements, look-up tables, or the like, which may
carry out a variety of functions under the control of one
or more microprocessors or other control devices. In ad-
dition, those skilled in the art will appreciate that embod-
iments described herein are merely exemplary imple-
mentations
[0099] The various illustrative logical blocks, modules,
and circuits described in connection with the embodi-
ments disclosed herein may be implemented or per-
formed with a general purpose processor, a digital signal
processor (DSP), an application specific integrated cir-
cuit (ASIC), a field programmable gate array (FPGA) or
other programmable logic device, discrete gate or tran-
sistor logic, discrete hardware components, or any com-
bination thereof designed to perform the functions de-
scribed herein. A general-purpose processor may be a
microprocessor, but in the alternative, the processor may
be any conventional processor, controller, microcontrol-
ler, or state machine. A processor may also be imple-
mented as a combination of computing devices, e.g., a
combination of a DSP and a microprocessor, a plurality
of microprocessors, one or more microprocessors in con-
junction with a DSP core, or any other such configuration.
[0100] The steps of a method or algorithm described
in connection with the embodiments disclosed herein
may be embodied directly in hardware, in a software mod-
ule executed by a processor, or in a combination of the
two. A software module may reside in RAM memory, flash
memory, ROM memory, EPROM memory, EEPROM
memory, registers, hard disk, a removable disk, a CD-
ROM, or any other form of storage medium known in the
art. An exemplary storage medium is coupled to the proc-
essor such that the processor can read information from,
and write information to, the storage medium. In the al-
ternative, the storage medium may be integral to the proc-
essor. The processor and the storage medium may re-
side in an ASIC. The ASIC may reside in a user terminal.
In the alternative, the processor and the storage medium
may reside as discrete components in a user terminal.
[0101] Furthermore, the connecting lines or arrows
shown in the various figures contained herein are intend-
ed to represent example functional relationships and/or
couplings between the various elements. Many alterna-
tive or additional functional relationships or couplings
may be present in a practical embodiment.
[0102] In this document, relational terms such as first
and second, and the like may be used solely to distinguish
one entity or action from another entity or action without
necessarily requiring or implying any actual such rela-
tionship or order between such entities or actions. Nu-
merical ordinals such as "first," "second," "third," etc. sim-
ply denote different singles of a plurality and do not imply
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any order or sequence unless specifically defined by the
claim language. The sequence of the text in any of the
claims does not imply that process steps must be per-
formed in a temporal or logical order according to such
sequence unless it is specifically defined by the language
of the claim. The process steps may be interchanged in
any order without departing from the scope of the inven-
tion as long as such an interchange does not contradict
the claim language and is not logically nonsensical.
[0103] Furthermore, depending on the context, words
such as "connect" or "coupled to" used in describing a
relationship between different elements do not imply that
a direct physical connection must be made between
these elements. For example, two elements may be con-
nected to each other physically, electronically, logically,
or in any other manner, through one or more additional
elements.
[0104] While at least one exemplary embodiment has
been presented in the foregoing detailed description, it
should be appreciated that a vast number of variations
exist. It should also be appreciated that the exemplary
embodiment or exemplary embodiments are only exam-
ples, and are not intended to limit the scope, applicability,
or configuration of the invention in any way. Rather, the
foregoing detailed description will provide those skilled
in the art with a convenient road map for implementing
the exemplary embodiment or exemplary embodiments.
It should be understood that various changes can be
made in the function and arrangement of elements with-
out departing from the scope of the invention as set forth
in the appended claims.

Claims

1. An electronic apparatus (400) comprising:

a microphone array, the microphone array com-
prising:

a first pressure microphone (330) that gen-
erates a first wideband electrical audio sig-
nal in response to incoming sound waves,
and
a second pressure microphone (370) that
generates a second wideband electrical au-
dio signal in response to the incoming sound
waves;

a crossover (450), the crossover (450) compris-
ing:

a first low-pass filter (422) to generate a first
low band signal comprising low frequency
components of the first wideband electrical
audio signal,
a first high-pass filter (428) to generate a
first high band signal comprising high fre-

quency components of the first wideband
electrical audio signal,
a second low-pass filter (442) to generate
a second low band signal comprising low
frequency components of the second wide-
band electrical audio signal, and
a second high-pass filter (448) to generate
a second high band signal comprising high
frequency components of the second wide-
band electrical audio signal;

a beamformer module (470), the beamformer
module (470) comprising:

a first correction filter (424) to correct phase
delay in the first low band signal to generate
a first low band delayed signal,
a second correction filter (444) to correct
phase delay in the second low band signal
to generate a second low band delayed sig-
nal,
a first summer module (426) designed to
sum the first low band signal and the second
low band delayed signal to generate a first
low band beamformed signal, and
a second summer module (446) designed
to sum the second low band signal and the
first low band delayed signal to generate a
second low band beamformed signal; and

a combiner module (480) designed to combine
the high band signals and the low band beam-
formed signals to generate modified wideband
audio signals.

2. An electronic apparatus according to claim 1, where-
in a crossover frequency of the crossover is deter-
mined such that the high band signals include a first
resonance of the at least two pressure microphones.

3. An electronic apparatus according to claim 1, where-
in the low band signals are omnidirectional and the
high band signals are not omnidirectional.

4. An electronic apparatus according to claim 1, where-
in the modified wideband audio signals comprise a
linear combination of the high band signals and the
low band beamformed signals.

5. An electronic apparatus having according to claim
1, wherein the combiner module comprises:

a first combiner module (430) designed to sum
the first high band signal and the first low band
beamformed signal to generate a first modified
wideband audio signal that corresponds to a
right channel stereo output; and
a second combiner module (452) designed to
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sum the second high band signal and the second
low band beamformed signal to generate a sec-
ond modified wideband audio signal that corre-
sponds to a left channel stereo output.

6. An electronic apparatus according to claim 1, further
comprising:

a video camera (1210) positioned on a front-side
of the electronic apparatus,
wherein the first pressure microphone is dis-
posed near a right-side of the electronic appa-
ratus and the second pressure microphone is
disposed near a left-side of the electronic appa-
ratus, wherein a pattern of the first low band
beamformed signal generally points to the right
and a pattern of the second low band beam-
formed signal points to the left.

7. An electronic apparatus according to claim 1, where-
in the microphone array also comprises:

a third pressure microphone (620) that gener-
ates a third wideband electrical audio signal in
response to the incoming sound waves, and
wherein the crossover also comprises:

a third low-pass filtering module (762) to
generate a third low band signal comprising
low frequency components of the third wide-
band electrical audio signal; and
a third high-pass filtering module (765) to
generate a third high band signal compris-
ing high frequency components of the third
wideband electrical audio signal.

8. An electronic apparatus according to claim 7, further
comprising:

a video camera (1210) positioned on a front-side
of the electronic apparatus,
wherein the first pressure microphone is dis-
posed near a right side of the electronic appa-
ratus, and the second pressure microphone is
disposed near a left side of the electronic appa-
ratus, and the third pressure microphone is dis-
posed near a rear-side of the electronic appa-
ratus.

9. An electronic apparatus according to claim 7, where-
in the beamformer module generates the low band
beamformed signals based on the first low band sig-
nal, the second low band signal, and the third low
band signal,
wherein the combiner module is designed to mix the
low band beamformed signals, the first high band
signal, and the second high band signal to generate:

a first modified wideband audio signal that cor-
responds to a right channel stereo output signal;
and
a second modified wideband audio signal that
corresponds to a left channel stereo output sig-
nal.

10. An electronic apparatus according to claim 7, where-
in the beamformer module generates a plurality of
low band beamformed signals based on the first low
band signal, the second low band signal, and the
third low band signal, wherein the plurality of low
band beamformed signals have main lobes oriented
to a front right, a front center, a front left, a rear left,
and a rear right of the electronic apparatus.

11. An electronic apparatus according to claim 10, fur-
ther comprising:

a high band audio mixer module (1274) for se-
lectively combining the first high band signal, the
second high band signal, and the third high band
signal to generate a plurality of multi-channel
high band non-beamformed signals comprising:

a front-right-side non-beamformed signal,
a front-left-side non-beamformed signal,
a front-center non-beamformed signal,
a rear-right-side non-beamformed signal,
and
a rear-left-side non-beamformed signal.

12. An electronic apparatus according to claim 1 further
comprising:

a first digital signal processor element for down-
sampling the low band signals, the first digital
signal processor element being implemented at
the beamformer module (470) or in a first sep-
arate digital signal processor coupled between
the crossover (450) and the beamformer module
(470); and
a second digital signal processor element for up-
sampling the low band beamformed signals, the
second digital signal processor element being
implemented at the beamformer module (470)
or in a second separate digital signal processor
coupled between the beamformer module (470)
and the combiner module (480).

13. A method to be performed using an electronic appa-
ratus (400), the electronic apparatus comprising: a
microphone array including a first pressure micro-
phone (330) and a second pressure microphone
(370); a crossover (450) comprising first and second
low-pass filters and first and second high-pass filters;
a beamformer module (470) comprising first and sec-
ond correction filters, and first and second summer
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modules; and a combiner module, the method com-
prising:

generating by the first pressure microphone a
first wideband electrical audio signal in response
to incoming sound waves;
generating by the second pressure microphone
a second wideband electrical audio signal in re-
sponse to incoming sound waves;
generating by the first low-pass filter (422) a first
low band signal from the first wideband electrical
audio signal and generating by the first high-
pass filter (428) a first high band signal from the
first wideband electrical audio signal;
generating by the second low-pass filter (442) a
second low band signal from the second wide-
band electrical audio signal and generating by
the second high-pass filter (448) a second high
band signal from the second wideband electrical
audio signal;
generating low band beamformed signals by:

correcting by the first correction filter (424)
phase delay in the first low band signal to
generate a first low band delayed signal,
correcting by the second correction filter
(444) phase delay in the second low band
signal to generate a second low band de-
layed signal,
summing by the first summer module (426)
the first low band signal and the second low
band delayed signal to generate a first low
band beamformed signal,
summing by the second summer module
(446) the second low band signal and the
first low band delayed signal to generate a
second low band beamformed signal; and

combining by the combiner module (480) the
high band signals and the low band beamformed
signals to generate modified wideband audio
signals.

14. The method according to claim 13, wherein gener-
ating low band beamformed signals from the low
band signals comprises:

downsampling (1120) the low band signals by a
first digital signal processor element to form
downsampled low band signals, the first digital
signal processor element being implemented at
the beamformer module (470) or in a first sep-
arate digital signal processor coupled between
the crossover (450) and the beamformer module
(470),
generating (1130) by the beamformer module
(470) low band downsampled beamformed sig-
nals from the downsampled low band signals,

and
upsampling (1140) the low band downsampled
beamformed signals by a second digital signal
processor element, the second digital signal
processor element being implemented at the
beamformer module (470) or in a second sepa-
rate digital signal processor coupled between
the beamformer module (470) and the combiner
module (480).

15. A method according to claim 13, wherein frequencies
of the low band signals are less than a crossover
frequency and frequencies of the high band signals
are greater than or equal to the crossover frequency,
and wherein the crossover frequency is determined
based on a distance between at least two pressure
microphones.

16. A method according to claim 13, wherein the modi-
fied wideband audio signals comprise a linear com-
bination of the high band signals and low band beam-
formed signals.

17. A method according to claim 13, wherein a crossover
frequency of the crossover is determined such that
the high band signals include a first resonance of the
two pressure microphones.

Patentansprüche

1. Elektronische Vorrichtung (400), umfassend:

eine Mikrofonanordnung, wobei die Mikrofona-
nordnung Folgendes umfasst:

ein erstes Druckmikrofon (330), das ein ers-
tes elektrisches Breitband-Audiosignal als
Antwort auf eingehende Schallwellen er-
zeugt, und
ein zweites Druckmikrofon (370), das ein
zweites elektrisches Breitband-Audiosignal
als Antwort auf die eingehenden Schallwel-
len erzeugt;

einen Übergang (450), wobei der Übergang
(450) Folgendes umfasst:

einen ersten Tiefpassfilter (422) zum Erzeu-
gen eines ersten Unterbandsignals, umfas-
send Niederfrequenzkomponenten des
ersten elektrischen Breitband-Audiosig-
nals,
einen ersten Hochpassfilter (428) zum Er-
zeugen eines ersten Oberbandsignals, um-
fassend Hochfrequenzkomponenten des
ersten elektrischen Breitband-Audiosig-
nals,

31 32 



EP 2 594 087 B1

18

5

10

15

20

25

30

35

40

45

50

55

einen zweiten Tiefpassfilter (442) zum Er-
zeugen eines zweiten Unterbandsignals,
umfassend Niederfrequenzkomponenten
des zweiten elektrischen Breitband-Audio-
signals, und
einen zweiten Hochpassfilter (448) zum Er-
zeugen eines zweiten Oberbandsignals,
umfassend Hochfrequenzkomponenten
des zweiten elektrischen Breitband-Audio-
signals;

ein Strahlenbündelungsmodul (470), wobei das
Strahlenbündelungsmodul (470) Folgendes
umfasst:

einen ersten Korrekturfilter (424) zum Kor-
rigieren der Phasenverzögerung im ersten
Unterbandsignal, um ein erstes verzöger-
tes Unterbandsignal zu erzeugen,
einen zweiten Korrekturfilter (444) zum Kor-
rigieren der Phasenverzögerung im zweiten
Unterbandsignal, um ein zweites verzöger-
tes Unterbandsignal zu erzeugen,
ein erstes Summierungsmodul (426), das
derart ausgelegt ist, um das erste Unter-
bandsignal und das zweite verzögerte Un-
terbandsignal zu summieren, um ein erstes,
strahlengebündeltes Unterbandsignal zu
erzeugen, und
ein zweites Summierungsmodul (446), das
derart ausgelegt ist, um das zweite Unter-
bandsignal und das erste verzögerte Unter-
bandsignal zu summieren, um ein zweites,
strahlengebündeltes Unterbandsignal zu
erzeugen; und

ein Kombirierungsmodul (480), das derart aus-
gelegt ist, um die Oberbandsignale und die
strahlengebündelten Unterbandsignale zu kom-
binieren, um modifizierte Breitband-Audiosigna-
le zu erzeugen.

2. Elektronische Vorrichtung nach Anspruch 1, wobei
eine Übergangsfrequenz des Übergangs derart be-
stimmt wird, dass die Oberbandsignale eine erste
Resonanz der wenigstens zwei Druckmikrofone ent-
halten.

3. Elektronische Vorrichtung nach Anspruch 1, wobei
die Unterbandsignale ungerichtet sind und die Ober-
bandsignale nicht ungerichtet sind.

4. Elektronische Vorrichtung nach Anspruch 1, wobei
die modifizierten Breitband-Audiosignale eine linea-
re Kombination aus den Oberbandsignalen und den
strahlengebündelten Unterbandsignalen umfassen.

5. Elektronische Vorrichtung nach Anspruch 1, wobei

das Kombirierungsmodul Folgendes umfasst:

ein erstes Kombirierungsmodul (430), das der-
art ausgelegt ist, um das erste Oberbandsignal
und das erste strahlengebündelte Unterbandsi-
gnal zu summieren, um ein erstes modifiziertes
Breitband-Audiosignal zu erzeugen, das einem
Stereoausgang des rechten Kanals entspricht;
und
ein zweites Kombirierungsmodul (452), das der-
art ausgelegt ist, um das zweite Oberbandsignal
und das zweite strahlengebündelte Unterband-
signal zu summieren, um ein zweites modifizier-
tes Breitband-Audiosignal zu erzeugen, das ei-
nem Stereoausgang des linken Kanals ent-
spricht.

6. Elektronische Vorrichtung nach Anspruch 1, ferner
umfassend:

eine Videokamera (1210), die an einer vorderen
Seite der elektronischen Vorrichtung positio-
niert ist,
wobei das erste Druckmikrofon in der Nähe ei-
ner rechten Seite der elektronischen Vorrich-
tung angeordnet ist und das zweite Druckmikro-
fon in der Nähe einer linken Seite der elektroni-
schen Vorrichtung angeordnet ist, wobei ein
Muster des ersten strahlengebündelten Unter-
bandsignals im Allgemeinen nach rechts gerich-
tet ist und ein Muster des zweiten strahlengbün-
delten Unterbandsignals nach links gerichtet ist.

7. Elektronische Vorrichtung nach Anspruch 1, wobei
die Mikrofonanordnung ebenfalls Folgendes um-
fasst:

ein drittes Druckmikrofon (620), das ein drittes
elektrisches Breitband-Audiosignal als Antwort
auf die eingehenden Schallwellen erzeugt, und
wobei der Übergang ebenfalls Folgendes um-
fasst:

ein drittes Tiefpassfiltermodul (762), um ein
drittes Unterbandsignal zu erzeugen, um-
fassend Niederfrequenzkomponenten des
dritten elektrischen Breitband-Audiosig-
nals; und
ein drittes Hochpassfiltermodul (765), um
ein drittes Oberbandsignal zu erzeugen,
umfassend Hochfrequenzkomponenten
des dritten elektrischen Breitband-Audiosi-
gnals.

8. Elektronische Vorrichtung nach Anspruch 7, ferner
umfassend:

eine Videokamera (1210), die an einer vorderen
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Seite der elektronischen Vorrichtung positio-
niert ist,

wobei das erste Druckmikrofon in der Nähe einer
rechten Seite der elektronischen Vorrichtung ange-
ordnet ist und das zweite Druckmikrofon in der Nähe
einer linken Seite der elektronischen Vorrichtung an-
geordnet ist und das dritte Druckmikrofon in der Nä-
he einer hinteren Seite der elektronischen Vorrich-
tung angeordnet ist.

9. Elektronische Vorrichtung nach Anspruch 7, wobei
das Strahlenbündelungsmodul die strahlengebün-
delten Unterbandsignale basierend auf dem ersten
Unterbandsignal, dem zweiten Unterbandsignal und
dem dritten Unterbandsignal erzeugt,
wobei das Kombirierungsmodul derart ausgelegt ist,
um die strahlengebündelten Unterbandsignale, das
erste Oberbandsignal und das zweite Oberbandsi-
gnal zu mischen, um Folgendes zu erzeugen:

ein erstes modifiziertes Breitband-Audiosignal,
das einem Stereoausgangssignal eines rechten
Kanals entspricht; und
ein zweites modifiziertes Breitband-Audiosig-
nal, das einem Stereoausgangssignal eines lin-
ken Kanals entspricht.

10. Elektronische Vorrichtung nach Anspruch 7, wobei
das Strahlenbündelungsmodul eine Vielzahl von
strahlengebündelten Unterbandsignalen basierend
auf dem ersten Unterbandsignal, dem zweiten Un-
terbandsignal und dem dritten Unterbandsignal er-
zeugt, wobei die Vielzahl von strahlengebündelten
Unterbandsignalen Hauptstrahlungskeulen auf-
weist, die zu einer vorderen rechten, einer vorderen
mittleren, einer vorderen linken, einer hinteren linken
und einer hinteren rechten Seite der elektronischen
Vorrichtung hin orientiert sind.

11. Elektronische Vorrichtung nach Anspruch 10, ferner
umfassend:

ein Oberband-Audiomischmodul (1274) zum
selektiven Kombinieren des ersten Oberband-
signals, des zweiten Oberbandsignals und des
dritten Oberbandsignals zum Erzeugen einer
Vielzahl von nicht strahlengebündelten Viel-
fachkanal-Oberbandsignalen, umfassend:

ein nicht strahlengebündeltes Signal an der
vorderen rechten Seite,
ein nicht strahlengebündeltes Signal an der
vorderen linken Seite,
ein nicht strahlengebündeltes Signal an der
vorderen mittleren Seite,
ein nicht strahlengebündeltes Signal an der
hinteren rechten Seite, und

ein nicht strahlengebündeltes Signal an der
hinteren linken Seite.

12. Elektronische Vorrichtung nach Anspruch 1, ferner
umfassend:

ein erstes digitales Signalverarbeitungselement
zum Downsampling des Unterbandsignals, wo-
bei das erste digitale Signalverarbeitungsele-
ment am Strahlenbündelungsmodul (470) oder
in einem ersten separaten, digitalen Signalpro-
zessor implementiert ist, der zwischen dem
Übergang (450) und dem Strahlenbündelungs-
modul (470) gekoppelt ist; und
ein zweites digitales Signalverarbeitungsele-
ment zum Upsampling des strahlengebündelten
Unterbandsignals, wobei das zweite digitale Si-
gnalverarbeitungselement am Strahlenbünde-
lungsmodul (470) oder in einem zweiten sepa-
raten, digitalen Signalprozessor implementiert
ist, der zwischen dem Strahlenbündelungsmo-
dul (470) und dem Kombirierungsmodul (480)
gekoppelt ist.

13. Verfahren, das unter Verwendung einer elektroni-
schen Vorrichtung (400) durchzuführen ist, wobei
die elektronische Vorrichtung Folgendes umfasst:
eine Mikrofonanordnung, einschließlich eines ersten
Druckmikrofons (330) und eines zweiten Druckmi-
krofons (370); eines Übergangs (450), umfassend
erste und zweite Tiefpassfilter und erste und zweite
Hochpassfilter; ein Strahlenbündelungsmodul
(470), umfassend erste und zweite Korrekturfilter so-
wie erste und zweite Summierungsmodule; und ein
Kombinierungsmodul, wobei das Verfahren Folgen-
des umfasst:

das Erzeugen eines ersten elektrischen Breit-
band-Audiosignals durch das erste Druckmikro-
fon als Antwort auf eingehende Schallwellen;
das Erzeugen eines zweiten elektrischen Breit-
band-Audiosignals durch das zweite Druckmi-
krofon als Antwort auf eingehende Schallwellen;
das Erzeugen eines ersten Unterbandsignals
durch den ersten Tiefpassfilter (422) aus dem
ersten elektrischen Breitband-Audiosignal und
das Erzeugen eines ersten Oberbandsignals
durch den ersten Hochpassfilter (428) aus dem
ersten elektrischen Breitband-Audiosignal;
das Erzeugen eines zweiten Unterbandsignals
durch den zweiten Tiefpassfilter (442) aus dem
zweiten elektrischen Breitband-Audiosignal und
das Erzeugen eines zweiten Oberbandsignals
durch den zweiten Hochpassfilter (448) aus dem
zweiten elektrischen Breitband-Audiosignal;
das Erzeugen von strahlengebündelten Unter-
bandsignalen durch:
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die Korrektur einer Phasenverzögerung
durch den ersten Korrekturfilter (424) im
ersten Unterbandsignal, um ein erstes ver-
zögertes Unterbandsignal zu erzeugen,
die Korrektur einer Phasenverzögerung
durch den zweiten Korrekturfilter (444) im
zweiten Unterbandsignal, um ein zweites
verzögertes Unterbandsignal zu erzeugen,
die Summierung des ersten Unterbandsig-
nals und des zweiten verzögerten Unter-
bandsignals durch das erste Summierungs-
modul (426), um ein erstes strahlengebün-
deltes Unterbandsignal zu erzeugen,
die Summierung des zweiten Unterbandsi-
gnals und des ersten verzögerten Unter-
bandsignals durch das zweite Summie-
rungsmodul (446), um ein zweites strahlen-
gebündeltes Unterbandsignal zu erzeugen;
und
das Kombinieren der Oberbandsignale und
der strahlengebündelten Unterbandsignale
durch das Kombirierungsmodul (480), um
modifizierte Breitband-Audiosignale zu er-
zeugen.

14. Verfahren nach Anspruch 13, wobei das Erzeugen
von strahlengebündelten Unterbandsignalen aus
den Unterbandsignalen Folgendes umfasst:

das Downsampling (1120) der Unterbandsigna-
le durch ein erstes digitales Signalverarbei-
tungselement, um Downsampling-Unterbandsi-
gnale zu bilden, wobei das erste digitale Signal-
verarbeitungselement am Strahlenbündelungs-
modul (470) oder in einem ersten separaten, di-
gitalen Signalprozessor implementiert ist, der
zwischen dem Übergang (450) und dem Strah-
lenbündelungsmodul (470) gekoppelt ist,
das Erzeugen (1130) von strahlengebündelten
Downsampling-Unterbandsignalen durch das
Strahlenbündelungsmodul (470) aus den
Downsampling-Unterbandsignalen und
das Upsampling (1140) der strahlengebündel-
ten Downsampling-Unterbandsignalen durch
ein zweites digitales Signalverarbeitungsele-
ment, wobei das zweite digitale Signalverarbei-
tungselement am Strahlenbündelungsmodul
(470) oder in einem zweiten separaten, digitalen
Signalprozessor implementiert ist, der zwischen
dem Strahlenbündelungsmodul (470) und dem
Kombirierungsmodul (480) gekoppelt ist.

15. Verfahren nach Anspruch 13, wobei die Frequenzen
der Unterbandsignale geringer als eine Übergangs-
frequenz sind und die Frequenzen der Oberbandsi-
gnale höher als oder gleichwertig der Übergangsfre-
quenz sind und wobei die Übergangsfrequenz ba-
sierend auf einem Abstand zwischen wenigstens

zwei Druckmikrofonen bestimmt wird.

16. Verfahren nach Anspruch 13, wobei die modifizier-
ten Breitband-Audiosignale eine lineare Kombinati-
on aus den Oberbandsignalen und den strahlenge-
bündelten Unterbandsignalen umfassen.

17. Verfahren nach Anspruch 13, wobei eine Über-
gangsfrequenz des Übergangs derart bestimmt
wird, dass die Oberbandsignale eine erste Reso-
nanz der beiden Druckmikrofone enthalten.

Revendications

1. Appareil électronique (400) comprenant :

un ensemble de microphones, l’ensemble de
microphones comprenant :

un premier microphone à pression (330) qui
génère un premier signal audio à large ban-
de électrique en réponse à des ondes
acoustiques entrantes, et
un second microphone à pression (370) qui
génère un second signal audio à large ban-
de électrique en réponse aux ondes acous-
tiques entrantes ;

un aiguilleur de fréquences (450), l’aiguilleur de
fréquences (450) comprenant :

un premier filtre passe-bas (422) pour gé-
nérer un premier signal de bande basse
comprenant des composantes de basse
fréquence du premier signal audio à large
bande électrique,
un premier filtre passe-haut (428) pour gé-
nérer un premier signal de bande haute
comprenant des composantes de haute fré-
quence du premier signal audio à large ban-
de électrique,
un second filtre passe-bas (442) pour gé-
nérer un second signal de bande basse
comprenant des composantes de basse
fréquence du second signal audio à large
bande électrique, et
un second filtre passe-haut (448) pour gé-
nérer un second signal de bande haute
comprenant des composantes de haute fré-
quence du second signal audio à large ban-
de électrique ;

un module de formation en faisceau (470), le
module de formation en faisceau (470)
comprenant :

un premier filtre de correction (424) pour
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corriger un retard de phase dans le premier
signal de bande basse afin de générer un
premier signal de bande basse retardé,
un second filtre de correction (444) pour cor-
riger un retard de phase dans le second si-
gnal de bande basse afin de générer un se-
cond signal de bande basse retardé,
un premier module d’addition (426) désigné
pour faire la somme du premier signal de
bande basse et du second signal de bande
basse retardé afin de générer un premier
signal de bande basse formé en faisceau, et
un second module d’addition (446) désigné
pour faire la somme du second signal de
bande basse et du premier signal de bande
basse retardé afin de générer un second
signal de bande basse formé en faisceau, et
un module de combinaison (480) désigné
pour combiner les signaux de bande haute
et les signaux de bande basse formés en
faisceaux afin de générer des signaux audio
à large bande modifiés.

2. Appareil électronique selon la revendication 1, dans
lequel une fréquence d’aiguilleur de fréquences de
l’aiguilleur de fréquences est déterminée de telle fa-
çon que les signaux de bande haute incluent une
première résonance des au moins deux micropho-
nes à pression.

3. Appareil électronique selon la revendication 1, dans
lequel les signaux de bande basse sont omnidirec-
tionnels et les signaux de bande haute ne sont pas
omnidirectionnels.

4. Appareil électronique selon la revendication 1, dans
lequel les signaux audio à large bande modifiés com-
prennent une combinaison linéaire des signaux de
bande haute et des signaux de bande basse formés
en faisceaux.

5. Appareil électronique, ayant, selon la revendication
1, dans lequel le module de combinaison comprend :

un premier module de combinaison (430) dési-
gné pour faire la somme du premier signal de
bande haute et du premier signal de bande bas-
se formé en faisceau afin de générer un premier
signal audio à large bande modifié qui corres-
pond à un canal de sortie stéréo droit ; et
un second module de combinaison (452) dési-
gné pour faire la somme du second signal de
bande haute et du second signal de bande bas-
se formé en faisceau afin de générer un second
signal audio à large bande modifié qui corres-
pond à un canal de sortie stéréo gauche.

6. Appareil électronique selon la revendication 1, com-

prenant en outre :

une caméra vidéo (1210) positionnée sur une
face frontale de l’appareil électronique,
où le premier microphone à pression est disposé
près du côté droit de l’appareil électronique et
le second microphone à pression est disposé
près du coté gauche de l’appareil électronique,
où un modèle du premier signal de bande basse
formé en faisceau pointe généralement vers la
droite et un modèle du second signal de bande
basse formé en faisceau pointe vers la gauche.

7. Appareil électronique selon la revendication 1, dans
lequel l’ensemble de microphones comprend
également :

un troisième microphone à pression (620) qui
génère un troisième signal audio à large bande
électrique en réponse aux ondes acoustiques
entrantes, et
dans lequel l’aiguilleur de fréquences comprend
également :

un troisième module de filtrage passe-bas
(762) pour générer un troisième signal de
bande basse comprenant des composan-
tes de basse fréquence du troisième signal
audio à large bande électrique ; et
un troisième module de filtrage passe-haut
(765) pour générer un troisième signal de
bande haute comprenant des composantes
de haute fréquence du troisième signal
audio à large bande électrique.

8. Appareil électronique selon la revendication 7, com-
prenant en outre :

une caméra vidéo (1210) positionnée sur une
face frontale de l’appareil électronique,
où le premier microphone à pression est disposé
près du côté droit de l’appareil électronique, et
le second microphone à pression est disposé
près du côté gauche de l’appareil électronique,
et le troisième microphone à pression est dis-
posé près de l’arrière de l’appareil électronique.

9. Appareil électronique selon la revendication 7, dans
lequel le module de formation en faisceau génère
les signaux de bande basse formés en faisceaux
basés sur le premier signal de bande basse, le se-
cond signal de bande basse, et le troisième signal
de bande basse,
dans lequel le module de combinaison est désigné
pour mélanger les signaux de bande basse formés
en faisceaux, le premier signal de bande haute, et
le second signal de bande haute afin de générer :
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un premier signal audio à large bande modifié
qui correspond à un signal de canal de sortie
stéréo droit ; et
un second signal audio à large bande modifié
qui correspond à un signal de canal de sortie
stéréo gauche.

10. Appareil électronique selon la revendication 7, dans
lequel le module de formation en faisceau génère
une pluralité de signaux de bande basse formés en
faisceaux basés sur le premier signal de bande bas-
se, le second signal de bande basse, et le troisième
signal de bande basse, où la pluralité des signaux
de bande basse formés en faisceaux ont des lobes
principaux orientés vers l’avant à droite, vers l’avant
au centre, vers l’avant à gauche, vers l’arrière à gau-
che, et vers l’arrière à droite de l’appareil électroni-
que.

11. Appareil électronique selon la revendication 10,
comprenant en outre :

un module de mixage audio bande haute (1274)
pour combiner de manière sélective le premier
signal de bande haute, le second signal de ban-
de haute, et le troisième signal de bande haute
afin de générer une pluralité de signaux multi-
canaux de bande haute non formés en faisceaux
comprenant :

un signal du côté avant droit non formé en
faisceau,
un signal du côté avant gauche non formé
en faisceau,
un signal central avant non formé en fais-
ceau,
un signal du côté arrière droit non formé en
faisceau, et
un signal du côté arrière gauche non formé
en faisceau.

12. Appareil électronique selon la revendication 1 com-
prenant en outre :

un premier élément de processeur de signal nu-
mérique for effectuer un sous-échantillonnage
des signaux de bande basse, le premier élément
de processeur de signal numérique étant mis en
oeuvre dans le module de formation en faisceau
(470) ou dans un premier processeur de signal
numérique séparé couplé entre l’aiguilleur de
fréquences (450) et le module de formation en
faisceau (470) ; et
un second élément de processeur de signal nu-
mérique pour effectuer un sur-échantillonnage
des signaux de bande basse formés en fais-
ceaux, le second élément de processeur de si-
gnal numérique étant mis en oeuvre dans le mo-

dule de formation en faisceau (470) ou dans un
second processeur de signal numérique séparé
couplé entre le module de formation en faisceau
(470) et le module de combinaison (480).

13. Procédé à réaliser en utilisant un appareil électroni-
que (400), l’appareil électronique comprenant : un
ensemble de microphones incluant un premier mi-
crophone à pression (330) et un second microphone
à pression (370) ; un aiguilleur de fréquences (450)
comprenant un premier et un second filtres passe-
bas et un premier et un second filtres passe-haut ;
un module de formation en faisceau (470) compre-
nant un premier et un second filtres de correction,
et un premier et un second modules d’addition ; et
un module de combinaison, le procédé comprenant :

la génération par le premier microphone à pres-
sion d’un premier signal audio à large bande
électrique en réponse à des ondes acoustiques
entrantes ;
la génération par le second microphone à pres-
sion d’un second signal audio à large bande
électrique en réponse à des ondes acoustiques
entrantes ;
la génération par le premier filtre passe-
bas(422) d’un premier signal de bande basse à
partir du premier signal audio à large bande
électrique et la génération par le premier filtre
passe-haut (428) d’un premier signal de bande
haute à partir du premier signal audio à large
bande électrique ;
la génération par le second filtre passe-bas
(442) d’un second signal de bande basse à partir
du second signal audio à large bande électrique
et la génération par le second filtre passe-haut
(448) d’un second signal de bande haute à partir
du second signal audio à large bande
électrique ;
la génération de signaux de bande basse formés
en faisceaux par :

la correction par le premier filtre de correc-
tion (424) d’un retard de phase dans le pre-
mier signal de bande basse afin de générer
un premier signal de bande basse retardé,
la correction par le second filtre de correc-
tion (444) d’un retard de phase dans le se-
cond signal de bande basse afin de générer
un second signal de bande basse retardé,
l’addition par le premier module d’addition
(426) du premier signal de bande basse et
du second signal de bande basse retardé
pour générer un premier signal de bande
basse formé en faisceau,
l’addition par le second module d’addition
(446) du second signal de bande basse et
du premier signal de bande basse retardé
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afin de générer un second signal de bande
basse formé en faisceau ; et
la combinaison par le module de combinai-
son (480) des signaux de bande haute et
des signaux de bande basse formés en fais-
ceaux afin de générer des signaux audio à
large bande modifiés.

14. Procédé selon la revendication 13, dans lequel la
génération de signaux de bande basse formés en
faisceaux à partir des signaux de bande basse
comprend :

la réalisation d’un sous-échantillonnage (1120)
des signaux de bande basse par un premier élé-
ment de processeur de signal numérique afin
de former des signaux de bande basse sous-
échantillonnés, le premier élément de proces-
seur de signal numérique étant mis en oeuvre
dans le module de formation en faisceau (470)
ou dans un premier processeur de signal numé-
rique séparé couplé entre l’aiguilleur de fréquen-
ces (450) et le module de formation en faisceau
(470),
la génération (1130) par le module de formation
en faisceau (470) de signaux de bande basse
formés en faisceaux sous-échantillonnés à par-
tir des signaux de bande basse sous-échan-
tillonnés, et
la réalisation d’un sur-échantillonnage (1140)
des signaux de bande basse formés en fais-
ceaux sous-échantillonnés par un second élé-
ment de processeur de signal numérique, le se-
cond élément de processeur de signal numéri-
que étant mis en oeuvre dans le module de for-
mation en faisceau (470) ou dans un second
processeur de signal numérique séparé couplé
entre le module de formation en faisceau (470)
et le module de combinaison (480).

15. Procédé selon la revendication 13, dans lequel les
fréquences des signaux de bande basse sont infé-
rieures à une fréquence de l’aiguilleur de fréquences
et les fréquences des signaux de bande haute sont
supérieurs ou égales à une fréquence de l’aiguilleur
de fréquences, et dans lequel la fréquence de
l’aiguilleur de fréquences est déterminée sur la base
d’une distance entre au moins deux microphones à
pression.

16. Procédé selon la revendication 13, dans lequel les
signaux audio à large bande modifiés comprennent
une combinaison linéaire des signaux de bande hau-
te et des signaux de bande basse formés en fais-
ceaux.

17. Procédé selon la revendication 13, dans lequel une
fréquence d’aiguilleur de fréquences de l’aiguilleur

de fréquences est déterminée de telle façon que les
signaux de bande haute incluent une première ré-
sonance des deux microphones à pression.
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