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(57) ABSTRACT

A mobile communications device contains at least two micro-
phones. One microphone is designated by a selector to pro-
vide a voice dominant signal and another microphone is des-
ignated to provide a noise or echo dominant signal, for a call
orarecording. The selector communicates the designations to
a switch that routes the selected microphone signals to the
inputs of a processor for voice signal enhancement. The
selected voice dominant signal is then enhanced by suppress-
ing ambient noise or canceling echo therein, based on the
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microphones may change at any instant during the call or
(21) Appl. No.: 12/242,517 recording depending on various factors, e.g. based on the
quality of the microphone signals. Other embodiments are
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MULTIPLE MICROPHONE SWITCHING AND
CONFIGURATION

FIELD

[0001] Anembodiment of the invention is generally related
to mobile devices that have multiple microphones for enhanc-
ing an audio signal.

BACKGROUND

[0002] Portable handheld electronic devices that have a
telephony function, such as the iPhone™ multifunction
mobile device by Apple Inc., have a built-in or integrated
microphone located at a bottom end portion of the device
which is near the user’s mouth when the device is being used
as a telephone handset by its user. This microphone captures
a voice signal of a near end user which is then transmitted to
the other party or parties of a call. The microphone may also
be used to record audio signals for other device features, such
as for sound recordings and videoconferences. However, if
ambient noise in the environment or physical blockage of the
microphone interferes with the voice signal of the near end
user, then the other party of the call may not hear the voice
signal as clearly as he would desire.

SUMMARY

[0003] Inoneembodiment of the invention, amobile device
includes multiple microphones (e.g., a microphone array)
that work to transmit a voice signal of a near end user to the
other party or parties of a call. The device has a switching
and/or configuration process running in an audio signal pro-
cessor, that is monitoring the signals being picked up by the
microphones. Upon comparing the signals from the various
microphones with each other, the process may designate one
microphone to provide a voice dominant signal and another
microphone may be designated to provide a noise suppres-
sion and/or echo cancellation dominant input signal. The
voice dominant signal is then enhanced by an uplink voice
signal processor of the device, suppressing ambient noise and
echo based on the noise suppression and/or echo cancellation
dominant signal.

[0004] The selection of one microphone to provide the
voice dominant signal and another microphone to provide the
noise suppression and/or echo cancellation dominant signal
may be based on one or more factors, determined, for
example, by an audio signal processor, accelerometer, or user
input. For example, based on the comparison of audio signals
from each of the microphones, the microphone that picks up
the “best” voice signal representing a particular near end user
(where there may be more than one such user such as during
a conference call) may be selected to provide the voice domi-
nant signal. In another example, physical blocking of a par-
ticular microphone of the device, such as by a person’s hand,
may cause the audio signal processor to automatically detect
such a situation and then switch to another microphone to
provide the voice dominant signal (because the voice signal
may be more clear as picked up by one of the other micro-
phones of the device). In a further example, microphone
selection can be commanded by manual user input that des-
ignates which microphone is to provide the voice dominant
signal. It is noted that such microphone selection or switching
may occur dynamically, i.e. during a call, or in the midst of a
running audio application (e.g., during a voice recording),
such as when the near end user shifts the device in her hand
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causing a microphone to be blocked, or when a near end talker
moves from one side of the device to another.

[0005] The above summary does not include an exhaustive
list of all aspects of the present invention. It is contemplated
that the invention includes all systems and methods that can
be practiced from all suitable combinations of the various
aspects summarized above, as well as those disclosed in the
Detailed Description below and particularly pointed out in the
claims filed with the application. Such combinations may
have particular advantages not specifically recited in the
above summary.

BRIEF DESCRIPTION OF THE DRAWINGS

[0006] The invention is illustrated by way of example and
not by way of limitation in the figures of the accompanying
drawings in which like references indicate similar elements.
It should be noted that references to “an” or “one” embodi-
ment in this disclosure are not necessarily to the same
embodiment, and such references mean at least one.

[0007] FIG. 1 is a block diagram of an example embodi-
ment of a portable handheld device with multiple micro-
phones for enhancing a voice dominant signal.

[0008] FIG. 2 shows a portable handheld device having
multiple microphones for enhancing a voice dominant signal.
[0009] FIG. 3 is a flow diagram of a portable handheld
device with microphone switching capabilities.

[0010] FIG. 4 depicts a block diagram of an example, por-
table handheld multifunction device in which an embodiment
of the invention may be implemented.

DETAILED DESCRIPTION

[0011] In this section, several preferred embodiments of
this invention are explained with reference to the appended
drawings. Whenever the shapes, relative positions and other
aspects of the parts described in the embodiments are not
clearly defined, the scope of the invention is not limited only
to the parts shown, which are meant merely for the purpose of
illustration.

[0012] FIG. 1 is a block diagram of an example embodi-
ment of a portable handheld device with multiple micro-
phones for enhancing a voice dominant signal. The device
may be an iPhone™ device by Apple Inc. of Cupertino, Calif.
Alternatively, it could be another portable handheld multi-
function mobile electronic device or smart phone that has
audio recording and/or voice telephony capacities. The
device may have a fixed, single piece housing like the
iPhone™ device, or it may have a movable, multi-piece hous-
ing such as a clamshell design or sliding keypad. The device
may also have a display screen which can be used to display
typical smart phone features such as visual voicemail, web
browsing, email, digital camera photos, and others.

[0013] The device includes an antenna 105 that receives
and transmits signals in conjunction with a radio frequency
transceiver 110 for a wireless call between a near end user of
the device and another party, the far end user. Two main
channels may be implemented for the processing of audio
signals associated with a call, namely an uplink channel pro-
cessor and a downlink channel processor, both of which may
be implemented in part by a coder/decoder integrated circuit
device, CODEC 175. The downlink channel processor may
be responsible for demodulating and enhancing the audio
signals received from the far end user over a wireless com-
munications network 100. For example, when the far end user
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speaks, his voice signal is received from the network 100 by
the RF transceiver 110 and antenna 105, and then demodu-
lated and processed by the downlink channel processor for
listening by the near end user of the device through any one of
several ways. During a call, the device may operate in one of
at least three modes: handset mode, speaker mode, and head-
set mode (including both wired and wireless, e.g. Bluetooth,
headset implementations). A switch 170 thus routes the
downlink audio signal to a loudspeaker 165, earpiece speaker
145, or a headset 155 (a wired or wireless headset) based on
the mode of the call.

[0014] Theuplink channel processor supports the transmis-
sion of audio signals originating from the near end user of the
device acquired by one or more of microphones 120, 121,
122, 123 and sent to the far end user over a wireless commu-
nications network. In other words, when the near end user
speaks, his voice signal is processed by the uplink channel
processor for enhancing quality and then modulated onto a
carrier signal for transmission by the antenna 105 to the other
party.

[0015] Inthe example shown in FIG. 1, the device has four
microphones, all of which may be integrated in a device
housing (together with most of the other components
depicted). In general, however, the concepts here are appli-
cable to devices that have two or more microphones. An audio
digital signal processor 132 monitors (to compare or analyze)
the available microphone signals and provides the results of
its analysis to a selector 129. The latter on that basis config-
ures a switch 130 to in effect select one of the four micro-
phones 120, 121, 122, 123 to act as the “primary” micro-
phone, to provide a voice dominant signal (based on the audio
signal picked up by each of the four microphones 120, 121,
122,123). The switch 130 may route the selected microphone
signals to a voice dominant signal input of the CODEC 175
and a noise and/or echo dominant signal input of a controller
180. The selector 129 makes the decision to select one or
more of the remaining microphones to act as the “secondary”
microphone(s) (or “tertiary,” etc.) to also provide a noise
suppression and/or echo cancellation dominant signal, which
is used to enhance the voice dominant signal of the primary
microphone through noise suppression and/or echo cancella-
tion. Using separate microphones to provide the voice domi-
nant signal and to provide the noise/echo cancellation domi-
nant signal may be superior to using a single microphone to
derive both signals, because the separate microphones, by
virtue of being located at different places in the device hous-
ing, may provide a better representation of the sound waves
that are incident on the device housing. A combination of the
factors described below may assist the selector 129 in deter-
mining which microphones to select for providing and
enhancing the voice dominant signal.

[0016] To continue with an example, one scenario that
would influence the quality of a microphone signal is when a
user inadvertently blocks the associated microphone with his
hand, e.g. see FIG. 2, where mic 2 and mic 3 are physically
blocked. In this case, an analysis of the signals from these
physically blocked microphones may indicate that they are
not ideal selections for providing a voice dominant signal.
However, it should be noted that the microphone that picks up
the highest powered or loudest signal is not necessarily the
appropriate choice for providing the voice dominant signal.
Various factors involving signal-to-noise ratio, total har-
monic distortion, crosstalk, and side tone may be taken into
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consideration when evaluating which microphone’s signal
should be used as the voice dominant signal.

[0017] Another instance of automatic microphone switch-
ing may occur when changing from handset mode to speak-
erphone mode, and vice-versa. Thus, in addition to the analy-
sis and comparison of the microphone signals between each
other, the decision to select a different microphone during a
call may also be influenced by the mere fact of a change
between handset and speakerphone modes.

[0018] Inanother embodiment, a touchscreen 230, see FIG.
2 (or other mechanism for receiving manual input from the
near end user), may influence which microphones are
selected by the switch 130 to provide the voice dominant
signal and echo/noise dominant signal. A user of the device
may actuate a virtual button on the touchscreen (or a physical
button on the device) to provide a direct indication of which
microphone the user would like to use to pick up the voice
dominant signal. For example, ifthe user is holding the device
up to video record a subject in a recorded interview session,
the user may press a predetermined button that is associated
with mic 2 (se FIG. 2) which may be the one that is most
directly facing the interviewee. The near end user may then
switch to another microphone that is facing himself (the inter-
viewer) when he is speaking.

[0019] In yet another embodiment, the device implements
audio tracking or audio beam forming capability using its
microphones, to identify the particular “theta” (angle) at
which a target speaker is located, by measuring for the maxi-
mum audio signal picked up for the target speaker. Thus, as a
target speaker is moving around while talking, the tracking/
beam forming capability may actively track the strongest
signal by switching amongst multiple microphones situated
in a microphone array so as to always select the “best” of the
available microphone signals as the voice dominant signal.
[0020] In a multi-party audio session such as a conference
call or a group recording, multiple microphones and multiple
cameras can be used to visually and audibly record or send an
uplink voice call signal of two near end speakers to a third (far
end) party. Here, both near end users may be speaking at the
same time, which may require double the microphone selec-
tion aspects (e.g., two microphones may be selected to pick
up voice dominant signals of two users) and the audio signals
may be either mixed in a full duplex manner or separated in a
half-duplex mode where the signals take turns.

[0021] Ina further embodiment, an accelerometer 134 may
influence which microphones are selected to provide the
voice dominant signal and which are used to enhance the
voice dominant signal. For example, movement or re-posi-
tioning of the device can be detected using the accelerometer
134, to indicate that certain microphones positioned at certain
parts of the device are more appropriate to use in a particular
situation.

[0022] Although the switch 130 is symbolized by a rotary-
type switch symbol, its practical implementation may be
entirely digital. In other words, the switch 130 may provide
the microphone signals as digital streams, through several
digital outputs. The switch may be a software and hardware
implementation that performs “software” routing by, for
example, providing different pointers to the different micro-
phone streams that are retrieved from memory. The digital
outputs may be mapped to several digital inputs of the uplink
voice processor as shown in FIG. 1 that selects multiple
microphones based on the above factors and/or commands.
For example, these selected signals may be input to the
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CODEC 175, which refers to a coder-decoder that processes
(e.g., decodes or decompresses) an input, coded, voice domi-
nant stream. An echo/noise cancellation controller 180
refines the voice dominant signal received from the CODEC
175 by suppressing noise and canceling echo with the assis-
tance of one or more signals from the other selected micro-
phones. The echo/noise cancellation controller 180 may also
operate on a downlink voice signal. Accordingly, the echo/
noise cancellation controller 180 may be relevant to both near
end echo and the far end echo. Near end echo refers to the far
end user hearing his own echo because the near end user is
operating the device in speaker mode. Far end echo refers to
echo from the network or line echo. The output of the echo/
noise cancellation controller 180 provides an, enhanced voice
signal that is sent to the radio frequency transceiver 110. The
controller 180 also has an output that provides control infor-
mation or feedback to the selector 129 regarding the enhance-
ment of the voice dominant signal.

[0023] Turning now to FIG. 2, this figure depicts an
example embodiment of a portable handheld device 200 hav-
ing multiple microphones 120, 121, 122, 123 for enhancing a
voice dominant signal of a near end user. In this illustration,
the near end user is holding the device 200 in her hand.
[0024] The device 200 includes various capabilities to
enable the user to access features involving, for example,
calls, text messages, voicemail, e-mail, the Internet, schedul-
ing, photos, and music as shown on the display screen 230.
This figure depicts a first microphone 120 located away from
the earpiece receiver speaker 145 so that the voice signal of
the near end user may be more easily received when holding
the device 200 to the user’s ear. Three additional microphones
121, 122, 123 are located at the side of the device 200, but it
should be recognized that there may be a greater or fewer
number of microphones located anywhere on the device 200.
[0025] For applications that involve a microphone, such as
atelephone call, audio recording, or videoconference, each of
the four microphones 120, 121, 122, 123 may pick up a near
end audio signal. One microphone may be selected as the
primary microphone to provide a voice dominant signal and
another microphone may be selected as the secondary micro-
phone to provide a noise suppression and/or echo cancella-
tion dominant signal. This selection may change dynamically
or switch during a call or audio recording, depending on one
or more factors, including a comparison of the signals from
these four microphones 120,121, 122,123 made by the audio
digital signal processor 132 (see FIG. 1), a current call han-
dling mode of the device 200 (e.g., handset mode or speak-
erphone mode), and user input received via the touch screen
230. In one example, based on the comparison of audio sig-
nals from each of the microphones, the microphone that picks
up the most optimal voice signal may be selected to provide
that signal. In another example, a physical blocking of a
particular microphone of the device, such as by a person’s
hand, may cause the device not to select that microphone to
provide the voice dominant signal because the voice signal
may be clearer as read by one of the other microphones of the
device. In addition, microphone selection can be commanded
by user input that designates which microphone provides the
voice dominant signal. Furthermore, microphones can be
selected based on a mode of the device, e.g., to select the first
microphone 120 as the primary microphone or voice domi-
nant signal provider when in handset mode and one of the
other microphones 121, 122, 123 as the primary microphone
or voice dominant signal provider when in speakerphone
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mode. In the case that more than two microphones are pro-
vided on a device, the remaining microphones may either be
ignored or turned off with respect to enhancing the voice
dominant signal or they may be used to further assist in
enhancing the voice dominant signal.

[0026] It is noted that such microphone selection may
dynamically change during the call or in the midst of a run-
ning application (e.g., during a voice recording). For instance,
if a near end user is speaking on the phone and shifts his hand
over the phone to hold it in a different position, he may
inadvertently block the microphone selected as the primary
microphone that provides the voice dominant signal with his
hand. In this situation, the device may sense that this micro-
phone no longer provides the most optimal voice dominant
signal as compared to another microphone and therefore
dynamically switches its selection to the other microphone, as
the primary microphone to provide the voice dominant signal
during the call.

[0027] Proceeding to the next figure, FIG. 3 is a flow dia-
gram of a portable handheld device with microphone switch-
ing capabilities. The device uses multiple microphones to
enhance a voice dominant signal by suppressing ambient
noise and/or echo.

[0028] In this example embodiment, the device initially
receives audio signals from all microphones of the device
(operation 310). The device has at least two microphones
located at various locations on the device. Each of the signals
is then compared with each other to determine which micro-
phone provides the most optimal voice dominant signal (op-
eration 320). One of the microphones is then selected as the
primary microphone to provide the voice dominant signal
(operation 330). In the case of two microphones on the
device, the remaining microphone is, by default, the second-
ary microphone to provide the noise suppression and/or echo
cancellation dominant signal (operation 340). If there are
more than two microphones on the device, then one or more
of the other remaining microphones may be selected as the
secondary, tertiary, etc. microphone to assist with ambient
noise and echo cancellation to enhance the voice dominant
signal (operation 350). This selection may be informed by
feedback from the noise/echo cancellation controller 180 (see
FIG. 1), through, for example, a trial and error procedure that
applies signals from the remaining microphones to enhance
the voice dominant signal and evaluates them to select the one
that is likely to result in the “best” enhancement to the voice
dominant signal. The voice dominant signal of the primary
microphone is then enhanced by performing noise suppres-
sion and/or echo cancellation with the assistance of the
selected one or more of the other microphones (operation
360).

[0029] Tt is noted that other embodiments of selecting a
microphone for the voice dominant signal exist. For example,
in the case of user input switching, the device need not receive
and compare audio signals of all microphones before select-
ing a microphone as the primary microphone. Rather, micro-
phone selection would occur according to user command
from a physical button, a virtual button on a touch screen, etc.
[0030] FIG. 4 depicts a block diagram of an example, por-
table handheld multifunction device 200 in which an embodi-
ment of the invention may be implemented. The device 200
has a processor 704 that executes instructions to carry out
operations associated with the device 200. The instructions
may be retrieved from memory 720 and, when executed,
control the reception and manipulation of input and output
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data between various components of device 200. Although
not shown, the memory 720 may store an operating system
program that is executed by the processor 704, and one or
more application programs are said to run on top of the
operating system to perform different functions described
below. The accelerometer 134 provides an indication of the
position or movement of the device. The screen 230 displays
a graphical user interface (GUI) that allows a user of the
device 200 to interact with various application programs run-
ning in the device 200. The GUI displays icons or graphical
images that represent application programs, files, and their
associated commands on the screen 230. These may include
windows, fields, dialog boxes, menus, buttons, cursors,
scrollbars, etc. The user can select from these graphical
images or objects to initiate the functions associated there-
with.

[0031] Inoneembodiment, the screen 230 is a touch screen
that also acts as an input device, to transfer data from the
outside world into the device 200. This input is received via,
for example, the user’s finger touching the surface of the
screen 230, but it may also be received via physical buttons on
the device 200. When the screen is powered on, touch inputs
may be received and when the screen is powered off, touch
inputs may not be received.

[0032] Still referring to FIG. 4, the device 200 may operate
in a mobile telephone mode. This is enabled by the following
components of the device 200. An integrated antenna 105 that
is driven and sensed by RF circuitry 110 is used to transmit
and receive cellular network communication signals from a
nearby base station, or wireless local area network signals
from a wireless access point or router (e.g., to enable wireless
voice over Internet Protocol, VOIP, calls) (not shown). A
mobile phone application 724 executed by the processor 704
presents mobile telephony options on the screen 230 for the
user, such as a virtual telephone keypad with call and end
buttons. The mobile phone application 724 also controls at a
high level the two-way conversation in a typical mobile tele-
phone call, by directing a speech signal from one or more
built-in microphones 120, 121, 122, 123 to the uplink voice
signal processor which then feeds the RF circuitry, while at
the same time directs a speech signal from the other side of the
conversation to the downlink voice signal processor an then
through the receiver or ear speaker 145 in handset mode, and
the loudspeaker 165 in speaker mode. The mobile phone
application 724 also responds to the user’s selection of the
receiver volume, by detecting actuation of the physical vol-
ume button 716. Although not shown, the processor 704 may
include a cellular base band processor that is responsible for
much of the downlink and uplink digital audio signal process-
ing functions and cellular network protocol signaling associ-
ated with a cellular phone call, including encoding and decod-
ing the voice signals of the participants to the conversation.

[0033] The device 200 may be placed in either handset
mode or speaker mode for telephone calls, in response to, for
example, the user actuating a physical menu button 707 and
then selecting an appropriate icon on the display device of the
screen 230. In either telephone mode, the mobile phone appli-
cation 724 may control loudness of the downlink signal,
based on a detected actuation or position of the physical
volume button 716.

[0034] Some of the elements described in FIGS. 1 and 2
may be implemented as instructions stored in memory 720
that program the processor 704. The microphone switching
control logic that is responsible for the decision that selects
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the microphones used for the voice dominant signal and for
the noise suppression and/or echo cancellation dominant sig-
nal may be implemented in a microphone selector and switch
module 732. The audio DSP 132, which compares the audio
signals picked up by each of the microphones may be imple-
mented in a signal processing module 728. A CODEC module
726 may perform the purely digital aspects of the downlink
and uplink voice signal processing functions of the CODEC
175, and the noise/echo cancellation controller 180 may be
implemented in a noise/echo cancellation module 730. Other
combinations of hardware and software that can perform the
functions of these elements in a mobile device are possible.
[0035] An embodiment of the invention may be a machine-
readable medium having stored thereon instructions which
program a processor to perform some of the operations
described above. In other embodiments, some of these opera-
tions might be performed by specific hardware components
that contain hardwired logic. Those operations might alterna-
tively be performed by any combination of programmed com-
puter components and custom hardware components.

[0036] A machine-readable medium may include any
mechanism for storing or transmitting information in a form
readable by a machine (e.g., a computer), not limited to Com-
pact Disc Read-Only Memory (CD-ROM), Read-Only
Memory (ROM), Random Access Memory (RAM), and Eras-
able Programmable Read-Only Memory (EPROM).

[0037] In the foregoing specification, the invention has
been described with reference to specific embodiments
thereof. It will, however, be evident that various modifica-
tions and changes can be made thereto without departing
from the broader spirit and scope of the invention as set forth
in the appended claims. For example, the microphone switch-
ing capabilities described above, used to enhance a voice
dominant signal by application of noise suppression and/or
echo cancellation, may also be applied in applications such as
audio or video recordings, rather than ongoing telephone
calls. In that case, referring now to FIG. 4, a digital media
player application module may be added that is stored in the
memory 720 for enabling the user of the device 200 to man-
age the recording. The specification and drawings are,
accordingly, to be regarded in an illustrative rather than a
restrictive sense.

We claim:
1. An apparatus comprising:
a communications device housing having integrated
therein:
an uplink channel processor to provide an uplink voice
signal for a call by enhancing a voice dominant input
signal using an echo or noise dominant input signal;
a downlink channel processor to receive a downlink
voice signal for the call;
a plurality of microphones;
aswitch to couple (a) a microphone signal, that is select-
able from each of the plurality of microphones, into a
voice dominant input of the uplink channel processor,
and (b) a further microphone signal, selectable from
each of the plurality of microphones, into a noise
and/or echo dominant input of the uplink channel
processor; and
a selector to dynamically control the switch during the
call to change the coupling of the microphone signals.
2. The apparatus of claim 1, wherein the switch is to couple
additional microphone signals, selectable from each of the
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plurality of microphones, into a supplementary input of the
uplink channel processor for enhancing the voice dominant
input signal.

3. The apparatus of claim 1, wherein the selector is to
change coupling of one of the voice dominant input or the
noise and/or echo dominant input based on an analysis of
microphone signals from each of the plurality of micro-
phones.

4. The apparatus of claim 1, wherein the selector is to
change coupling of one of the voice dominant input or the
noise and/or echo dominant input based on a current mode of
the apparatus, the current mode being one of handset mode
and speakerphone mode.

5. The apparatus of claim 1, wherein the selector is to
change coupling of one of the voice dominant input or the
noise and/or echo dominant input based on a position of the
apparatus detected by an accelerometer.

6. The apparatus of claim 1, wherein at least two micro-
phones of the plurality of microphones are not positioned
adjacent to each other.

7. A machine-implemented method comprising the follow-
ing operations performed during a recording session or a call:

analyzing signals from a plurality of microphones;

switching a first coupling of a microphone signal between
the plurality of microphones and a voice dominant input
based on the analysis of the signals from the plurality of
microphones;

switching a second coupling of a further microphone signal

between the plurality of microphones and a noise or
echo dominant input based on the analysis of the signals
from the plurality of microphones; and

enhancing the microphone signal that is coupled to voice

dominant input, by suppressing ambient noise and/or
canceling echo based on the microphone signal that is
coupled to the noise suppression or echo cancellation
dominant input.

8. The machine-implemented method of claim 7, wherein
said switching a first coupling is in response to one micro-
phone having a reduced signal-to-noise ratio as compared to
another microphone in the plurality of microphones.

9. The machine-implemented method of claim 7, wherein
said switching a second coupling is in response to one micro-
phone having a reduced signal-to-noise ratio as compared to
another microphone in the plurality of microphones.
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10. A telephony device comprising:

a housing having a plurality of microphones;

a selector to dynamically select, during a sound recording
or sound communication, one microphone of the plural-
ity of microphones for a voice dominant input and
another microphone of the plurality of microphones for
a noise or echo dominant input;

a switch coupled to the selector and to the plurality of
microphones, to route signals from the selected micro-
phones to said voice dominant and noise or echo domi-
nant inputs; and

a processing component to enhance the signal at the voice
dominant input based on the signal at the noise or echo
dominant input.

11. The telephony device of claim 10, wherein output sig-
nals of unselected ones of the plurality of microphones are
ignored by the processing component while enhancing the
voice dominant input signal.

12. The telephony device of claim 10, wherein the selector
is to change a selection of the one microphone or the another
microphone during the sound recording or sound communi-
cation.

13. The telephony device of claim 10, wherein the selection
of the one microphone in handset mode differs from the
selection of the one microphone in speakerphone mode.

14. The telephony device of claim 10, wherein the control
component is to use each of the plurality of microphones to
actively track a voice of a person in the sound recording or
sound communication.

15. The telephony device of claim 10, further comprising:

an audio signal processor to perform an analysis of the
signal from each of the plurality of microphones.

16. The telephony device of claim 10, wherein the selector
is to select the one microphone and the another microphone
based on a user command.

17. The telephony device of claim 10, wherein the selector
is to select the one microphone and the another microphone
based on information from an accelerometer.

18. The telephony device of claim 10, wherein the sound
recording or sound communication is a voice-only call.

19. The telephony device of claim 10, wherein the sound
recording or sound communication is a video recording.

20. The telephony device of claim 10, wherein the sound
recording or sound communication is a video conference call.
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