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SYSTEM AND METHOD FOR SELECTIVELY
SWITCHING BETWEEN A PLURALITY OF
AUDIO CHANNELS

CROSS-REFERENCE TO RELATED
APPLICATIONS

[0001] The present application is a continuation patent
application and claims priority under the laws and rules of the
United States, including 35 USC §120, to U.S. patent appli-
cation Ser. No. 10/967,404 filed on Oct. 18, 2004. The con-
tents of U.S. patent application Ser. No. 10/967,404 is herein
incorporated by reference in its entirety.

FIELD

[0002] The present disclosure relates generally to data pro-
cessing and audio communication systems, and more particu-
larly, to system and methods for selectively switching
between a plurality of audio channels.

DESCRIPTION OF THE RELATED ART

[0003] Audio and video content devices have become more
numerous in the past several years with device proliferation
and miniaturization. Content devices (both audio and video)
have become increasingly portable, and various devices
including portable DVD players, cellular telephones, por-
table radios and televisions, MP3 audio players, network
audio players, CD players, portable computers, tape cassette
players, PDAs, minidisk players, among others, are now com-
monplace. The users of these devices take these devices into
a variety of environments and use the devices for both busi-
ness and pleasure. The device users frequently have a desire to
enjoy the audio content in virtual exclusion of sounds other
then the desired audio content.

[0004] Recently, digital noise reduction sound processing,
and better headphone designs to isolate sound, have allowed
audio headphone users to enhance their audio content listen-
ing experience. However, increasingly, the audio headphone
devices are used in environments where various noise chan-
nels outside the contained headphone environment exist
simultaneously. For instance, in an automobile, one source of
sound would be the sound coming from the audio device (in
this example music content), while another source would be
the sounds from outside the car, while a third would be the
sounds from within the car. The user frequently has a desire
and a need to be able to process all of these distinct sound
channels, but the challenge is in processing only the channels
that the user has the need to listen to at the specific time the
user needs to listen to them. By example, if a user were
driving a car, the user may want to only listen to music content
in a sealed environment, meaning that only music could be
heard to the exclusion of all other sounds and the experience
could be further enhanced with digital noise reduction pro-
cessing. However, prudency and in many cases the laws of the
various individual states (in the United States) and other
countries require that the user be able to hear certain outside
noises while driving. For instance, the sound of a car horn or
the sound of an emergency vehicle are two noises that the user
would want to (and in many cases be required by law) to hear.
Moreover, the user may also have a need to hear other occu-
pants of his vehicle, but in this case, only when it is important
for them to be heard.

[0005] Therefore, aneed exists for systems and methods for
selectively switching between various audio channels, for
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example, between desired audio content and predetermined
sound patterns. A need also exists for a system which
switches between a plurality of audio channels where one of
the audio channels is remote from the user.

SUMMARY

[0006] A system and method for selectively switching
between a plurality of audio channels with or without user
input are provided. The system will receive and audibly pro-
duce desired audio content to a user, but will interrupt the
audio content when predetermined sound patterns are
detected and subsequently play the sound patterns to the user.
The system and method of the present disclosure will allow
the user to hear external noises (e.g., horns, emergency
vehicles, people, etc) outside the user’s listening environ-
ment, when needed by means of selective switched sound
processing. The selective sound processing will selectively
allow certain sounds or voices to immediately interrupt and
override the audio content, e.g., music. The resulting experi-
ence with the system and method of the present disclosure is
one where the user can enjoy audio content with a total lack of
distraction, until the system and method selectively allows
certain important and selected sounds to interrupt the audio
content.

[0007] According to an aspect of the present disclosure, an
apparatus for selectively switching between audio channels is
provided. The apparatus includes a first audio input connec-
tion for receiving audio content; a second audio input con-
nection for receiving an acoustic signal; a controller for
receiving the audio content and acoustic signal and for deter-
mining whether to output the audio content or acoustic signal;
and an output connection for outputting the determined sig-
nal. The apparatus further includes a switching mechanism
having a first and second position controlled by the controller,
wherein in the first position the first audio input connection is
coupled to the output connection and in the second position
the second audio input connection is coupled to the output
connection.

[0008] According to another aspect of the present disclo-
sure, a system for selectively switching between a plurality of
audio channels is provided. The system includes an audio
content device (ACD) for supplying audio content on a first
channel; at least one microphone input device for generating
an acoustic signal from sound external to the system on a
second channel; an audio signal processing control unit (AS-
PCU) for receiving the audio content on the first channel and
the acoustic signal on the second channel and for selectively
switching between the first and second channel; and an audio
output device (AOD) for audibly producing sounds from the
selected channel.

[0009] According to a further aspect of the present disclo-
sure, a headphone for selectively switching between a plural-
ity of audio channels is provided. The headphone includes an
audio content device (ACD) for supplying audio content on a
first channel; at least one microphone input device for gener-
ating an acoustic signal from sound external to the headphone
on a second channel; an audio signal processing control unit
(ASPCU) for receiving the audio content on the first channel
and the acoustic signal on the second channel and for selec-
tively switching between the first and second channel; and
first and second speakers for audibly producing sounds from
the selected channel.

[0010] In yet another aspect of the present invention, a
method for selectively switching between a plurality of audio
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channels in an audio device is provided. The method includes
the steps of supplying audio content on a first channel of the
audio device; generating an acoustic signal from sound exter-
nal to the audio device on a second channel; receiving the
audio content on the first channel and the acoustic signal on
the second channel and selectively switching between the first
and second channel; and audibly producing sounds from the
selected channel. The method further includes the steps of
determining if the acoustic signal matches a predetermined
pattern; and if the acoustic signal matches the predetermined
pattern, selecting the second channel to be audibly produced,
wherein the predetermined pattern is digitized human speech
or digitized emergency sounds.

BRIEF DESCRIPTION OF THE DRAWINGS

[0011] The above and other aspects, features, and advan-
tages of the present disclosure will become more apparent in
light of the following detailed description when taken in
conjunction with the accompanying drawings in which: FIG.
1 is a diagram of a system for selectively switching between
a plurality of audio channels in accordance with an embodi-
ment of the present disclosure;

[0012] FIG. 2 is diagram of an audio signal processing
control unit (ASPCU) for selectively switching between a
plurality of audio channels in accordance with an embodi-
ment of the present disclosure; FIG. 3 is a diagram of an
exemplary headphone employing a system for selectively
switching between a plurality of audio channels in accor-
dance with an embodiment of the present disclosure; and
[0013] FIG. 4 is a diagram of a vehicle employing a system
for selectively switching between a plurality of audio chan-
nels in accordance with an embodiment of the present disclo-
sure.

DETAILED DESCRIPTION

[0014] Preferred embodiments of the present disclosure
will be described hereinbelow with reference to the accom-
panying drawings. In the following description, well-known
functions or constructions are not described in detail to avoid
obscuring the present disclosure in unnecessary detail.
Throughout the figures like reference numerals represent like
elements.

[0015] A system and method for selectively switching
between a plurality of audio channels are provided. The sys-
tem and method of the present disclosure will enable a user to
listen to desired audio content, e.g., music with a total lack of
distraction while selectively allowing certain important and
selected sounds to interrupt the audio content.

[0016] Referringto FIG. 1, a system for selectively switch-
ing between a plurality of audio channels is shown. The
system 100 generally includes an audio content device (ACD)
102 for supplying audio content on a first channel, an audio
signal processing control unit (ASPCU) 104 for selectively
switching between the audio content supplied from the ACD
102 and other audio sources, e.g., a microphone input device
122, on a second channel and an audio output device (ADD)
106 for audibly producing sounds from the selected channel.
[0017] The ACD 102 may be any device that produces and
delivers an audio signal to the ASPCU 104. Conventional
audio content devices include but are not limited to portable
DVD players, cellular or mobile telephones, portable radios
and televisions, MP3 audio players, network audio players,
CD players, portable computers, tape cassette players, per-
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sonal digital assistants (PDAs), minidisk players, among oth-
ers. It should be noted that some ACD devices are analog
signal devices, while other are based on digital signal pro-
cessing.

[0018] The audio content device (ACD) 102 may be
coupled to the ASPCU 104 via hardwired 108 or wireless
connection 110. If a hardwired connection is employed, the
ACD 102 will include the appropriate output connection 112,
e.g., an RCA jack, a USB port, a FireWire port (IEEE 1394),
serial port, parallel port, etc. If a wireless connection 110 is
employed, the ACD 102 will include a wireless port 114 with
an appropriate encoder and transmitter to wirelessly transmit
audio content to the ASPCU 104. The wireless connection
will operate under any of the various known wireless proto-
cols including but not limited to Bluetooth™ interconnectiv-
ity, infrared connectivity, radio transmission connectivity
including computer digital signal broadcasting and reception
commonly referred to as Wi-X or 80211.X (where x denotes
the type of transmission), or any other type of communication
protocols or systems currently existing or to be developed for
wirelessly transmitting data.

[0019] To receive the audio content from the ACD 102, the
ASPCU 104 will include at least one audio input port, e.g., an
audio input port 116 for hardwired connections and/or a wire-
less input port 118 for wireless connections. It is to be appre-
ciated that if a wireless connection is employed, the wireless
input port 118 of the ASPCU 104 will include conventional
circuitry to process the incoming audio content, e.g., a
receiver, decoder, demodulator, etc. It is also to be appreci-
ated that depending on the type of ACD 102 used, the input
ports 116, 118 of the ASPCU 104 may include further cir-
cuitry, e.g., analog-to-digital converters (ADC), digital-to-
analog converters (DAC), for converting the incoming signals
to an appropriate format to be either processed and/or audibly
produced for a user.

[0020] The ASPCU 104 is adapted to received and process
sounds and/or acoustic signals other then the desired audio
content from the ACD 102. The ASCPCU 104 will listen for
predetermined sounds and, if necessary, interrupt the audio
content being received from the ACD 102 and play the exter-
nally generated sound to the user. The ASPCU 104 includes a
second audio input port 120 adapted to receive sounds and/or
acoustic signals generated externally from system 100. Pref-
erably, a microphone input device (MID) 122 will be coupled
to the second audio port 120 for receiving sound and gener-
ating an acoustic signal to the ASPCU 104. The MID 122 may
be coupled to the ASPCU 104 by the various hardwired and
wireless connections described above. If a wireless MID 122
is employed, the wireless MID will include an encoder/modu-
lator for generating an electrical acoustic signal from sound
and a transmitter/antenna combination to transmit the acous-
tic signal to the ASPCU 104. Correspondingly, in the wireless
embodiment, the second audio input port 120 will include a
receiver and decoder for receiving and decoding the transmit-
ted signal.

[0021] The ASPCU 104 will include a microprocessor 124
for receiving the acoustic signal from the MID 122 and for
determining whether the acoustic signal should interrupt the
audio content being played to allow the user to hear the
acoustic signal. Preferably, an output of the MID 122 will be
coupled to the ASPCU 104 by an analog-to-digital converter
126 for converting the acoustic signal generated by the MID
into a digital form that can be processed by the microproces-
sor 124. The ASPCU 104 will further include a switching
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mechanism 128 having at least a first input coupled to the
audio input port 116, 118, a second input coupled to the MID
122 and an output coupled to the AOD 106. The switching
mechanism 128, e.g., a relay, transistor, etc, is controlled by
the microprocessor 124 to allow the audio content from the
ACD 102, e.g., a first channel, or the acoustic signal from the
MID 122, e.g., a second channel, to be played to the user.
Initially, upon starting of the

[0022] ASPCU 104, the switching mechanism 128 will
default to the first position to allow any audio content received
by the audio input port 116, 118 to be transmitted to the AOD
106 to be played to the user, via an audio output port 135.
During use, the microprocessor 124 will continuously moni-
tor acoustic signals coming from the MID 122. If any acoustic
signal matches a predetermined digital pattern, the micropro-
cessor 124 will transmit an output signal to the switching
mechanism 128 to set the switching mechanism 128 to the
second position. In the second position of the switching
mechanism 128, the acoustic signal picked up by the MID
122 will be output to the AOD 106 and played to the user.
[0023] The audio output device (AOD) 106 may be any
device known in the art to audibly produce sound from elec-
trical signals, for example, a speaker, headphones, an ear bud,
etc. Preferably, the AOD 106 will include left 136 and right
138 speakers/ear devices for individual playing separate
channels of audio content to produce stereo sound and/or for
individual playing sound from the input channels of the
ASPCU 104. The AOD 106 may further include an amplifier
(not shown) for amplifying the signal to be played, or alter-
natively, the amplifier may be disposed in the ASPCU 104.
The AOD 106 may receive the signals to be played wirelessly
as described above, and in this embodiment, the output port
135 will have the necessary wireless components.

[0024] The ASPCU 104 may also include conventional
digital noise reduction processing circuitry that will allow the
ASPCU to process and reduce noise from both the ACD 102
and the MID 122.

[0025] As described above, the microprocessor 124 will be
constantly monitoring the ACD 102 and the MID inputs for
certain digital patterns, e.g., preselected sound patterns, that
have been preset into the microprocessor’s processing
instructions. These executable instructions will be loaded into
the microprocessor during an initialization routine from ran-
dom access memory (ROM) 103. These digital patterns will
represent audio sounds that have been digitized. This preset-
ting to recognize certain audio sounds could be programmed
from inception by the manufacturer of the system of the
present disclosure, or alternatively, could be programmed by
the user of the system who would program the ASPCU by
means of a computer or other programming device coupled to
the ASPCU via input/output port 134. These user-defined
patterns will be stored in random access memory (RAM) 132,
e.g., internal flash memory, compact flash cards, smartmedia
cards, memory stick, a microdrive, etc. These present sounds
could include but are not limited to various human voice
patterns denoting various words, various human voice pat-
terns denoting stress or emergency, various noise patterns
denoting emergency sounds including police cars, ambu-
lances, fire engines, or other sound patterns that the manufac-
turer, or alternatively, the user wants the ASPCU to recognize.
[0026] Conventional computer software programs exist
that allow human speech patterns to be converted from a MID
or other comparable device, to digital signals (or digital code)
and then to allow those signals (code) to be recognized as
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human words, also known as speech recognition technology.
However, since speech recognition technology requires a
large amount of processing power, the system’s reaction time
to external sounds may be slower than required to be effec-
tive. Referring to FIG. 2, another embodiment of the ASPCU
204 is illustrated which increases the processing speed of the
ASPCU. The ASPCU 204 includes a digital signal processor
(DSP) 240 which is functionally similar to a microprocessor
but performs one function. Here, the DSP 240 includes a
speech recognition algorithm for receiving an acoustic signal
from the MID and A/D converter 126 and for determining
whether it matches a preset pattern. If the DSP 240 deter-
mines a match has occurred, the DSP 240 will transmit a
signal to the microprocessor 124 or to the switching mecha-
nism 128 directly. By moving the speech recognition func-
tionality to the DSP 240, the DSP 240 will react quicker than
the microprocessor 124 since this is its only function and the
microprocessor 124 will be less taxed in performing other
functions of the system. Therefore, the overall system
response time will be quicker.

[0027] Itisto beunderstood thatthe present disclosure may
be implemented in various forms of hardware, software, firm-
ware, special purpose processors, or a combination thereof. A
system bus couples the various components shown in FIGS. 1
and 2 and may be any of several types of bus structures
including a memory bus or memory controller, a peripheral
bus, and a local bus using any of a variety of bus architectures.
The system also includes an operating system and micro
instruction code. The various processes and functions
described herein may either be part of the micro instruction
code or part of an application program (or a combination
thereof) which is executed via the operating system.

[0028] It is to be further understood that because some of
the constituent system components and method steps
depicted in the accompanying figures may be implemented in
software, the actual connections between the system compo-
nents (or the process steps) may differ depending upon the
manner in which the present disclosure is programmed.
Given the teachings of the present disclosure provided herein,
one of ordinary skill in the related art will be able to contem-
plate these and similar implementations or configurations of
the present disclosure. When the user utilizes the system of
the present disclosure, the user would normally be hearing
only sound from the ACD 102 which would be delivered to
the user via the AOD 106, e.g., a speaker or headphone. The
ACD content would continue to be heard by the user until
ASPCU 104, 204 recognizes one of the sound patterns that
would come from the MID 122, and the microprocessor 124
of the ASPCU would instruct the switching mechanism 128
to stop the digital output, or alternatively the analog output, of
the ACD and quickly switch the user to the MID output. The
ASPCU 104, 204 will allow the user to set a time delay for the
switch over from the ACD to the MID. After the switch occurs
between the ACD 102 and MID 122, the ASPCU will switch
back to the audio content from the ACD after either a time
delay preprogrammed by the user or after the user manually
instructed the ASPCU to switch again to the ACD. This
manual instruction could be communicated by speech recog-
nition which would allow the MID to signal the ASPCU and
thus the ASPCU to switch back to the ACD or by means of a
switch 142 that the user could press located on the AOD 106
or the ASPCU, or any other means that would instruct the
ASPCU to make the switch between the MID and the ACD.



US 2014/0023203 Al

[0029] In another embodiment, instead of completely
switching from the ACD 102 to the MID 122, the ASPCU
104, 204 may lower the volume of the audio content coming
from the ACD and play the sounds from the MID at a higher
volume.

[0030] Alternatively, the ASPCU may supply the audio
content from the ACD 102 to one output channel, e.g., left
speaker 136, and the sound from the MID 122 to the second
output channel, e.g., right speaker 138 so the user may simul-
taneously hear both channels.

[0031] In a further embodiment, upon the system 100
switching to the input from the

[0032] MID 122 or other external sound, the ASPCU 104
may instruct the audio content device 102 to pause from
supplying the audio content, or if the source content is live,
e.g., radio transmission, satellite transmission, television
transmission, etc., the ASPCU 104 may buffer the received
audio content in conventional memory buffers or RAM 132.
When the system switches back to the audio content device or
first channel, the ASPCU will either instruct the audio content
device to unpause and resume supplying audio content from
the point of interruption or, alternatively, will play the audio
content stored in the memory buffer.

[0033] Referring to FIG. 3, another embodiment of the
present disclosure is illustrated. The system 300 is embodied
in a standard headphone enclosure 344 which is to be used to
deliver the audio content to the user. Headphone 344 includes
an audio output device in the form of a left speaker 336 and a
right speaker 338 coupled together by a band 346 which
supports the headphone on the user. It is noted that conven-
tional headphone enclosures come in various shapes and sizes
and types and that the present disclosure should not be limited
to the headphone illustrated in FIG. 3. The ASPCU 304 may
be disposed in either of the speaker housings 336, 338 and the
various input/output devices may be located on either speaker
housings 336, 338 and/or on the band 346. For this illustra-
tion, audio input port 316, wireless input port 318 and input/
output port 334 are disposed on the left speaker housing 336;
microphone input device 322 and switch 342 are disposed on
the right speaker housing 338.

[0034] An application of the embodiment shown in FIG. 3
is best illustrated in the context for sound devices that are used
in work environments. If a worker wishes to enjoy audio
content in a totally immersive environment by wearing head-
phone 344 connected to an audio content device 302 and yet
when another worker needs to get the attention of the first
subject worker, the system 300 would allow the other worker
to be heard while interrupting and replacing the audio con-
tent. Thus, when the worker using the subject device is not
needed by coworkers, he can enjoy his audio content without
any ambient noise or distraction, and yet when he is needed by
other workers, the ASPCU 304 will immediately interrupt
that audio content to alert the worker. These audio interrup-
tions can be intelligently and automatically selected based on
user programming, and subsequently function with or with-
out user defined input. For instance, the user could program
the headphone device 344 so that a certain word would trigger
the audio content to be interrupted. When a coworker says this
word, the device would automatically switch the outside
sound channel (which in this case would be the work envi-
ronment) into the headphone.

[0035] Further, the user could also select certain key sounds
(for instance, an alarm bell) so that when the ASPCU 304
recognizes this sound, sounds from within the users work
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environment would automatically replace the previous audio
content the user had been listening to. In a further embodi-
ment, the system 300 may employ multiple MIDs. For
example, MID 332-2 may be placed remotely from where the
user or ASPCU 304 is located. In this embodiment, the
ASPCU may include multiplexing circuitry to receive mul-
tiple inputs from the multiple MIDS. Furthermore, the
ASPCU may include a digital signal processor employing
noise detection technology for is determining which of the
plurality of MIDs is active and subsequently controlling the
multiplexer to receive the active MID.

[0036] As another example of the advantages of the present
disclosure, FIG. 4 illustrates another embodiment of the sys-
tem of the present disclosure where a user while driving a
vehicle can listen to audio content from any source while at
the same time being able to selectively hear interior occupants
of the vehicle and outside sounds and noises. These exterior
sounds would include emergency vehicles, loud and abrupt
warning noises, human voices, and other pre-selected noises.
Furthermore, the audio content may also be interrupted by
select passenger noises. These noises could be selected by the
user or defaulted by the manufacturer. An example of these
noises would be the word “help”, or the word “interrupt”
spoken by any person in the vehicle. A loud and abrupt sound
could also be used as a trigger to interrupt the audio content.
As shown in FIG. 4, a vehicle 452 will include ASPCU 404
coupledto the vehicle’s audio system. Preferably, the ASPCU
404 will be disposed in the dashboard for facilitating connec-
tion to the vehicle’s audio system, e.g., radio, CD player, etc.
A first MID 422 will be disposed in the passenger cabin to
detect speech uttered by passengers of the vehicle. A second
MID 422-2 will be located on an outside surface of the vehicle
and may be part of to an external antenna used for the vehi-
cle’s radio or cellular phone. Upon detection of a predeter-
mined pattern by the ASPCU 404, audio content being played
over the vehicle’s front speaker 438 and rear speaker 436 will
be interrupted and sound detected by either the first or second
MID 422, 422-2 will be played over the speakers 436, 438.
[0037] Inanother less preferred embodiment of the present
disclosure, no interior environment noises would interrupt the
selected audio content. This application of the present disclo-
sure would not only include automobiles but other transpor-
tation devices including boats, motorcycles/scooters, per-
sonal transportation devices such as the Segway device,
aircraft, and other transportation devices.

[0038] While the disclosure has been shown and described
with reference to certain preferred embodiments thereof, it
will be understood by those skilled in the art that various
changes in form and detail may be made therein without
departing from the spirit and scope of the disclosure as
defined by the appended claims.

We/l claim:

1. A method, comprising:

providing a first audio content from an audio content
device on a first channel to an audio output device;

receiving a trigger signal, by the audio content device, on a
second channel;

processing the trigger signal to determine audio content on
the second channel;

switching, by a signal processor within the audio content
device, from the first channel to the second channel;

providing a second audio content on the second channel, by
the audio content device, to the audio output device.
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2. The method of claim 1, wherein the switching is per-
formed by a switching mechanism having a first position and
a second position controlled by the signal processor, wherein
in the first position the first audio content is provided from the
first channel and in the second position the second audio
content is provided from the second channel.

3. The method of claim 1, wherein the audio content device
provides the first audio content and the second audio content
to the audio content device through a hardwired port over a
wire.

4. The method of claim 1, wherein the audio content device
provides the first audio content and the second audio content
to the audio content device through a wireless port over a
wireless connection.

5. The method of claim 2, wherein the signal processor
receives the trigger signal, determines if the trigger signal
matches one of the predetermined signals stored in the
memory storage device, and, if the trigger signal matches the
one predetermined signals, positions the switching mecha-
nism to a second position to provide the second audio content
on the second channel from the audio content device to the
audio output device.

6. The method of claim 1, further comprising:

upon switching from the first channel to the second chan-

nel, the audio content device receiving manual instruc-
tions;

switching back, by the signal processor, from the second

channel to the first channel based on the manual instruc-
tions;

providing first audio content from the first channel from the

audio content device to the audio output device.

7. The method of claim 1, further comprising providing an
audible signal based on the trigger signal to the audio content
device.

8. A system, comprising:

an audio output device;

an audio content device, having:

a memory storage device;
a signal processor coupled to the memory storage
device;
a switching mechanism coupled to the signal processor;
a first channel coupled to the switching mechanism;
a second channel coupled to the switching device.
wherein the signal processor configured to:
provide a first audio content on the first channel to the
audio output device;
receive a trigger signal on the second channel;
process the trigger signal to determine audio content
on the second channel,
switch from the first channel to the second channel,
provide a second audio content on the second channel
to the audio output device.

9. The system of claim 8, wherein the switching mecha-
nism includes a first position and a second position controlled
by the signal processor, wherein in the first position the first
audio content is provided from the first channel and in the
second position the second audio content is provided from the
second channel.

10. The system of claim 8, wherein the audio content
device provides the first audio content and the second audio
content to the audio content device through a hardwired port
over a wire.
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11. The system of claim 8, wherein the audio content
device provides the first audio content and the second audio
content to the audio content device through a wireless port
over a wireless connection.

12. The system of claim 9, wherein the signal processor
receives the trigger signal, determines if the trigger signal
matches one of the predetermined signals stored in the
memory storage device, and, if the trigger signal matches the
one predetermined signals, positions the switching mecha-
nism to a second position to provide the second audio content
on the second channel from the audio content device to the
audio output device.

13. The system of claim 8, wherein the signal processor is
further configured to:

upon switching from the first channel to the second chan-

nel, receive manual instructions;

switch back, by the signal processor, from the second chan-

nel to the first channel based on the manual instructions;
provide first audio content from the first channel from the
audio content device to the audio output device.

14. The system of claim 8, wherein the signal processor is
further configured to provide an audible signal based on the
trigger signal to the audio content device.

15. An audio content device, comprising:

a memory storage device;

a signal processor coupled to the memory storage device;

a switching mechanism coupled to the signal processor;

a first channel coupled to the switching mechanism;

a second channel coupled to the switching device.

wherein the signal processor configured to:

provide a first audio content on the first channel to an
audio output device;

receive a trigger signal on the second channel;

process the trigger signal to determine audio content on
the second channel;

switch from the first channel to the second channel;

provide a second audio content on the second channel to
the audio output device.

16. The device of claim 15, wherein the switching mecha-
nism includes a first position and a second position controlled
by the signal processor, wherein in the first position the first
audio content is provided from the first channel and in the
second position the second audio content is provided from the
second channel.

17. The device of claim 15, wherein the audio content
device provides the first audio content and the second audio
content to the audio content device through a port wherein the
port is selected from a group consisting of a hardwired port
and a wireless port over a wireless connection.

18. The device of claim 16, wherein the signal processor
receives the trigger signal, determines if the trigger signal
matches one of the predetermined signals stored in the
memory storage device, and, if the trigger signal matches the
one predetermined signals, positions the switching mecha-
nism to a second position to provide the second audio content
on the second channel from the audio content device to the
audio output device.

19. The device of claim 15, further wherein the signal
processor is further configured to:

upon switching from the first channel to the second chan-

nel, receive manual instructions;

switch back, by the signal processor, from the second chan-

nel to the first channel based on the manual instructions;
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provide first audio content from the first channel from the
audio content device to the audio output device.
20. The device of claim 15, wherein the signal processor is
further configured to provide an audible signal based on the
trigger signal to the audio content device.
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