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would overwrite nibbles 10—15 and 74-79 with the respec-
tive (left and right channel) source digital audio streams.
Other network devices would merely pass those nibbles of
each frame along to the next network device on the logical
ring network. One or more “left” speaker network devices
(e.g., in different rooms of a house) would extract nibbles
1015 of each frame and play that left channel digital audio
stream. Similarly, one or more “right” speaker network
devices would extract nibbles 74—79 and play that right
channel digital audio stream.

Other source and destination network devices would
transmit and receive digital media streams in a similar
manner using different default data stream channels (and
thus different network nibble streams), as illustrated in Table
III above. This process would continue until the network
nibble streams associated with these default data stream
channels are reallocated dynamically (as discussed below),
or until one or more network devices malfunctions or is
powered off or rest.

If a device malfunctions or is powered off, a complete
reinitialization of the logical ring network may result. If a
device is connected via a hot-pluggable smart jack or a
distinct arm of a switching router, however, it might simply
continue transmitting or receiving data via the data stream in
parallel with a logical ring network topology scan (as
explained below).

In one embodiment, upon receiving a MASTER RESET
system command, a network device would resume transmit-
ting or receiving data based upon its default switch settings.
In yet another embodiment, it would utilize its most recent
dynamically allocated data stream channels, if any. In still
another embodiment, the device would await dynamic real-
location of its IN and OUT Device Media Streams—e.g., by
the “smart” device that initiated the MASTER RESET
system command. In this manner, the entire network can be
reset and all digital media streams restarted simultaneously,
as discussed below.

(2) Dynamic Reallocation of Data Stream Channels

As noted above, a “smart” CPU-based controller network
device can modify dynamically the data stream channels on
which other network devices are transmitting and receiving
data. For example, when a user wants to switch sources (e.g.,
from a DSS satellite broadcast to a DVD movie), a controller
could reassign the relevant digital audio and video streams
to the new source network device (e.g., the DVD player).

In a simple case, a controller need only reassign the
default data stream channel from the former source network
device to the new source network device. Yet, the architec-
ture described above permits even greater flexibility. The
network nibble streams assigned to the new source network
device need not be contiguous, as are the default data stream
channels. For example, If a third digital audio channel is
required (e.g., where only two such channels are available
by default, yet three people want to heat different songs or
other audio streams simultaneously), a controller could
reallocate individual network nibble streams from portions
of unused default data stream channels (e.g., miscellaneous
and/or sync channels), and assign those individual network
nibble streams (e.g., as a discontiguous “channel”) to a new
source network device, which would transmit that third
digital audio channel onto the logical ring network.

A controller could even assign network nibble streams
that are “in use” to another source device (i.e., doubly
assigning the same network nibble streams to multiple
source devices), provided that the controller knew that no
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overlap would occur among devices listening to such
sources. For example, if two speaker devices were the only
devices listening to the digital stereo audio streams trans-
mitted by a CD player device, and such speaker devices
were adjacent to the CD player device on the logical ring
network, then th network nibble streams carrying those
digital stereo audio streams might be able to be reused by
other devices adjacent to one another on another portion of
the logical ring network (e.g., a DVD player adjacent to two
speaker devices listening to the stereo audio soundtrack of a
DVD movie).

In one embodiment, a controller dynamically reassigns
these network nibble streams (i.e., data stream channels) to
individual network devices via the TALK ASSIGN, TALK
QUERY, LISTEN ASSIGN, LISTEN QUERY, START
STREAMS, STOP STREAMS, and QUERY STREAMS
system commands. In essence, these system commands
enable the controller to query network devices to determine
which of their IN/OUT Device Media Streams are being
used, and with which network nibble streams such Device
Media Streams are associated. A controller can identify
another device’s IN/OUT Device Media Streams by reading
from the device’s configuration and code control block as
noted above. Having determined this information by query-
ing one or more network devices (if necessary), a controller
can then stop all relevant streams simultaneously, reassign
the desired network nibble streams, and then simultaneously
start the new streams.

A smart controller network device typically would main-
tain the table (whether stored locally or in some other
device, or in a distributed fashion) indicating which network
devices are transmitting or receiving data on each of the
network nibble streams. Initially, however, network devices
utilize the default data stream channel allocation discussed
above and illustrated in Table III. The controller might
therefore query each network device (by sending TALK
QUERY and LISTEN QUERY system commands) to deter-
mine which network nibble streams are associated with each
device’s IN/OUT Device Media Streams.

For example, a DSS satellite receiver network device
might have one OUT Device Media Stream for transmitting
a stream of MPEG2 digital audio/video. The controller
might send this device a TALK QUERY system command to
determine which network nibble streams (e.g., default Video
Channel 0 on nibbles 32—47) are associated with this OUT
Device Media Stream. The controller would specify the
relevant OUT Device Media Stream via the Media Stream
ID field (as shown in Table V above), and the DSS receiver
would return a 128-bit Transmit Enable Mask indicating the
associated network nibble streams. Analogously, the con-
troller would send a LISTEN QUERY system command to
each television/monitor network device to determine which
network nibble streams (e.g., default Video Channel 0 on
nibbles 32—47) are associated with the IN Device Media
Stream of the television/monitor.

The controller might also issue QUERY STREAMS sys-
tem commands to the television/monitor and DSS satellite
receiver devices to determine whether their IN/OUT Device
Media Streams are “active.” The Mask Number field (shown
in Table V above) selects one of the eight 32-stream blocks
of 256 possible IN/OUT Device Media Streams. For
example, in one embodiment, the 3 LSBs of the Mask
Number select one of the eight 32-stream blocks. The device
returns an IN Stream Mask and OUT Stream Mask to
indicate which of those Device Media Streams are active.
For example, an OUT Stream Mask of
“10000000000000000000000000000000” would indicate
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that the DSS Receiver was transmitting its MPEG?2 stream
via its first (perhaps only) OUT Device Media Stream, and
was not currently transmitting any other streams.

Thus, the controller can utilize these “query” system
commands (TALK QUERY, LISTEN QUERY and QUERY
STREAMS) to maintain a table which maps each network
nibble stream to particular IN/OUT Device Media Streams
among the network devices on the logical ring network.
When a change is desired (e.g., when a user switches sources
via a remote control network device), the controller can stop
the relevant streams, reallocate and reassign the appropriate
network nibble streams, and then start those reassigned
streams.

For example, a user listening to a song on a CD player
might switch sources, via a remote control device, in order
to watch a movie on a DVD player. The controller might first
determine (by issuing TALK QUERY, LISTEN QUERY and
QUERY STREAMS system commands to the extent
necessary, as discussed above) the appropriate reallocation
of network nibble streams necessary to accommodate this
change. The 12 network nibble streams previously associ-
ated with the left/right digital audio channels transmitted by
the CD player device might now be free to be reused (unless
another person, e.g., in another room, is listening to the
current CD). Yet, the MPEG?2 digital audio/video stream to
be transmitted by the DVD player would require reallocation
of 16 network nibble streams. The controller could assign
these 16 network nibble streams from among the “freed up”
network nibble streams (assuming 16 were available, even if
discontiguous).

The controller then could send the STOP STREAMS
system command to any affected network devices (e.g.,
speakers, televisions/monitors, etc.). This system command
also can be broadcast to stop all data stream transmissions,
though this typically would not be required for a simple
change of audio/video sources, because only a relatively few
network nibble streams are affected. By stopping the trans-
mission of such relevant streams before reallocating the
network nibble streams on which such streams are
transmitted, one can avoid unpleasant and potentially harm-
ful side effects, such as a speaker attempting to play an
MPEG2 stream for a short period of time before that
MPEG?2 stream is reallocated to different network nibble
streams).

It should be noted that such potentially harmful side
effects also can be avoided by “data detection” functionality
within the device itself. For example, any device that
“plays” media (e.g., a speaker device) could, upon detecting
an illegal 4B/5B code, automatically “mute” itself.
Moreover, such a device might also mute itself upon detect-
ing unusual media-specific characteristics that extend for a
period of time (e.g., greater than one second). In the case of
audio, such unusual characteristics might include DC values
that are not sufficiently close to zero, or large voltage
excursions at high frequencies.

In any event, the controller uses the Mask Number field
in the STOP STREAMS system command to select one or
more 32-stream blocks of 256 possible IN/OUT Device
Media Streams. In one embodiment, the 3 LSBs of the Mask
Number select one of the eight 32-stream blocks, while the
MSB can be used to select all such blocks—e.g., to stop all
streams simultaneously. Alternatively, each of the eight bits
of the Mask Number could be used to select a corresponding
one of these eight 32-stream blocks.

The controller also uses the IN Stream Mask and OUT
Stream Mask to specify which of those Device Media
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Streams should be stopped. For example, an OUT Stream
Mask of “00110000000000000000000000000000” send to a
CD player would cause it to stop transmitting data on all but
its 3" and 4 Device Media Streams. A “dual-CD” player,
for example, might therefore stop transmitting audio streams
associated with its 1 CD (e.g., 1** and 2"? Device Media
Streams for left/right audio channels, respectively), but
continue transmitting audio streams associated with its 274
CD (e.g., 3™ and 4" Device Media Steams). In addition, the
controller may use the “Timestamp” field to cause all
network devices receiving a STOP STREAMS system com-
mand to stop transmitting their streams simultaneously, at
the time specified by the Timestamp field, using the “time of
day” mechanism discussed above.

Having stopped all relevant streams, the controller could
reassign the newly reallocated network nibble streams—
e.g., to the DVD player and television/monitor—via TALK
ASSIGN and LISTEN ASSIGN system commands. In each
such system command, the controller would specify the
relevant OUT (TALK ASSIGN) or IN (LISTEN ASSIGN)
Device Media Stream via the Media Stream ID field, and
assign a set of (possibly discontiguous) network nibble
streams to that Device Media Stream via the 128-bit Trans-
mit Edit Mask or Receiver Enable Mask fields.

Finally, having assigned all reallocated network nibble
streams to the relevant network devices, the controller could
restart those streams simultaneously by sending the START
STREAMS system command to such devices. The START
STREAMS system command is identical to the STOP
STREAMS system command discussed above, except that
devices start (rather than stop) transmitting/receiving data at
the time indicated by the Timestamp field.

Thus, a controller can accommodate virtually any pro-
gramming change a user makes (typically via some form of
remote control device) with respect to the source (e.g., DSS
satellite receiver, DVD player, CD player, etc.) or destina-
tion (e.g., particular speakers, televisions/monitors, etc.) of
an audio or video program, or other form of data. The
mechanisms discussed above facilitate the use of relatively
“dumb” devices throughout the logical ring network.

For example, most source and destination devices need
only be capable of responding to the system commands
discussed above. If the default stream channel allocation is
sufficient, no “smart” controller network device is even
necessary. If not, only a single device on the logical ring
network need be responsible for maintaining a table indi-
cating which network devices are transmitting or receiving
data on each of the network nibble streams, and responding
to user requests dynamically by reallocating the assignment
of these network nibble streams and issuing appropriate
TALK ASSIGN, TALK QUERY, LISTEN ASSIGN, LIS-
TEN QUERY, START STREAMS, STOP STREAMS, and
QUERY STREAMS system commands as discussed above.

(3) Embedded Asynchronous Data into
Synchronous Data Stream

Typically, the data stream is utilized by network devices
synchronously sending and receiving real-time continuous
streams of data, such as digital audio. It also can accom-
modate asynchronous data, however, such as TCP/IP net-
work protocols, as well as RS232 serial ports and virtually
any other asynchronous and/or “collision-based” data pro-
tocols. As a general matter, this is accomplished by embed-
ding asynchronous data packets in the synchronous network
nibble streams of the logical ring network data stream. As a
result, such asynchronous data can be transmitted/received
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synchronously at rates nearly equivalent to (and in some
cases faster than) those achieved on asynchronous networks.

Embedded asynchronous data packets typically travel
from device to device around a logical ring network, instead
of being transmitted “directly” (e.g., via a network hub) to
the destination device, as in a packet-based asynchronous
network. Yet, such packets will never collide with one
another on a synchronous logical ring network. Moreover,
overall throughput and efficiency of a logical ring network
is comparable to a typical Ethernet network. In both types of
networks, a switching router could be employed as a cen-
tralized hub in a star configuration network topology.

The actual path along which such data packets travel need
not be the default network path. In other words, such data
packets need not traverse every device on the logical ring
network. If a single switching router is present on the logical
ring network, such packets need only traverse (in the worst
case) those network devices present on two network arms. In
addition, if the network topology is cabled in a star
configuration, the path may be virtually equivalent to that
found in a typical Ethernet network, with the added advan-
tage of avoiding the performance loss due to arbitration of
data packet collisions.

In order to embed variable bit-rate asynchronous data
packets into the data stream of a logical ring network,
participating network devices (e.g., tWwo computers commu-
nicating via TCI/IP), in one embodiment, would embed idle
(“I”’) symbols into the fixed-width data channel currently
allocated to that asynchronous data whenever no data was
available during a particular time interval (e.g., if a serial
port device was not currently receiving data).

They also might embed special markers (e.g., “T”
symbols) to provide synchronizing information, such as byte
synchronization within a serial port stream, or signaling
information, such as custom commands in a telephone audio
stream, to delimit phone calls and provide other call-control
functionality. For example, to embed such custom com-
mands within 4-nibble telephone audio samples, a telephone
interface device might embed a “T” symbol in the least
significant nibble of a sample (as described in greater detail
below), which could represent the equivalent of a “System
Command Start” marker in the system command stream.
Subsequent samples could contain the rest of the custom
command, such as a command type and data, analogous to
the system command format discussed above.

Management of TCP/IP and other asynchronous channels
presents problems mirroring those that are faced by the
network clock device with respect to frames and system
commands. Thus, in one embodiment, participating network
devices might elect a “T'CIP/IP clock™ device, for example,
to manage a TCP/IP channel, which would utilize the
network nibble streams assigned either by default (see Table
III above) or reassigned dynamically by a smart controller,
as discussed above.

This TCP/IP clock device in this embodiment would be
responsible for creating “empty” TCP/IP frames (containing
TCP/IP frame headers and perhaps other relevant control
information, such as an age bit, and “I” symbols, some of
which would be overwritten with TCP/IP packet data by
other participating devices), and embedding them into the
TCP/IP channel of the data stream. The TCP/IP clock device
also would be responsible for delaying the TCP/IP frames
traversing the logical ring network to ensure that an integral
number of such TCP/IP frames were present on the logical
ring network at any given time, in order to prevent data from
being overwritten and corrupted. Moreover, this device also
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would “age” and remove TCP/IP frames that already
reached their destination.

The election of such an asynchronous clock device, and
the management of such an asynchronous channel, is greatly
simplified by the fact that participating network devices
typically will be CPU-based “smart” controllers. Thus, this
process can be managed in software, making the creation,
delaying, aging and removal of asynchronous frames a
relatively simple task, compared with the task of designing
the FIFO and system command processor state machine
hardware (discussed below) for relatively inexpensive non-
CPU based network clock devices. Such participating net-
work devices also might age and remove their own asyn-
chronous frames (rather than rely on the asynchronous clock
device) in an analogous manner to that discussed above with
respect to the removal of system commands.

C. Logical Ring Network “Core” Adapter

1. Introduction

Having described the basic operation of a synchronous
logical ring network, the architecture and operation of a
“core” network adapter hardware that enables a device to
interface to a synchronous logical ring network can now be
better understood. It should be noted that a core network
adapter can be part of a standalone network device that
enables existing devices with analog line-level inputs and/or
outputs (e.g., a preamplifier or amplifier, or a CD, laser disc
or DVD player) to interface to a logical ring network. In
other words, a logical network is compatible with existing
analog audio and video devices.

The core network adapter also can be part of a new type
of digital network device that interfaces to a logical ring
network and provides certain added benefits including,
among others, digital inputs and/or outputs and distributed
functionality that eliminates redundancy of various system
components. For example, a new logical ring network DVD
player would not include an MPEG2 decoder. MPEG2
decoders would instead exist at (or incorporated into)
television/monitor network devices for example, from which
digital video and/or audio signals can be extracted (and
possibly delivered to other network devices). The DVD
player itself might even be part of a “jukebox” of DVD
players to enable different family members to watch mul-
tiple different DVD movies simultaneously.

Moreover, the allocation of functionality for virtually any
encrypted, compressed or otherwise encoded data stream
(such as MPEG?2) can be distributed across digital network
devices on a logical ring network in an analogous fashion.
A “source” digital network device might receive (e.g., a DSS
receiver) or generate (e.g., a DVD player) such an encoded
stream, and then redistribute it across a logical ring network
in encoded form. Thus, any network device containing (or
connected to) an encoder can receive and decode such
stream. Such variable bit-rate encoded streams could be
distributed on a logical ring network as asynchronous data
embedded into a synchronous data channel of the data
stream, as discussed above. In the case of MPEG?2 or any
other stream transmitted at an external clock rate that differs
from the logical ring network data bit rate, these two
different rates could be synchronized via a “network phase-
locked loop,” such as that discussed in greater detail below
in the context of MPEG2.

These new/standalone adapter logical ring network
devices will be discussed in greater detail below. To better
understand these devices, however, it is desirable to under-
stand the architecture and operation of the core adapter
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which is common (with certain variations) to all of these
devices, and which enables them to interface to a synchro-
nous logical ring network.

As will become apparent, core network adapters contain
circuitry shared by many different types of network devices,
thus simplifying and standardizing the design of application-
specific network devices. They also adapt a set of standard
interfaces to a logical ring network and a standard architec-
ture for network devices, making it easier to design software
and hardware compatible with such network devices.

Illustrated in FIG. 9 is one embodiment of a core network
adapter 2000, which incorporates an ASIC 2012 that
includes basic transmitter, receiver and clock synchroniza-
tion processing logic (discussed in greater detail below).
ASIC 2012 functionality could, of course, be implemented
in various other forms, e.g., using an FPGA, PAL, discrete
logic and/or software.

ASIC 2012 interfaces with a logical ring network via
transformers 2006 and 2008 and modified standard RJ-12
jacks 2002 and 2004, which also can distribute power to the
device itself and to other daisy-chained devices (supplied,
for example, by an external power source) via phantom
power circuitry 2080 (also discussed below).

ASIC 2012 also includes one of various “applications”
interfaces 2050 to the application-specific portion of the
network device itself. As noted above, core network adapter
2000 can be part of a standalone adapter (¢.g., to an analog
CD player), or can be integrated into a new network device,
such as a logical ring network CD player with a digital
output. In one embodiment, there exist three different core
network adapter interfaces: (i) a raw interface 2020, con-
taining the lowest level signals sent to and generated by
ASIC 2012; (ii) an I/O bus interface 2030, containing a
standard address/data bus interface which permits (in addi-
tion to the raw interface) higher-level communications with
ASIC 2012 (e.g., from a computer or other CPU-based
controller); and (iii) other interfaces 2040, which may add to
the raw and I/O bus interfaces certain standard bus
protocols, such as serial or parallel ports, or an Inter-
Integrated Circuits (I>C) serial control interface.

Raw interface 2020 includes the following raw signals
generated by and for ASIC 2012: (i) a receive count (RCV
COUNT 2022) generated by ASIC 2012, indicating the
location of the received data nibble (or special marker)
within the current frame (e.g., received data bit 120, or the
last data bit of mobile 24, out of 512 data bits or 128 nibbles
per frame); (ii) the received data itself (RCV DATA 2024)
from ASIC 2012—i.c., the 5-bit symbol representing the
received data nibble or special marker; (iii) the transmit
count (XMT COUNT 2026) generated by ASIC 2012,
indicating the location within the frame of the data nibble (or
special marker) currently being transmitted (e.g., data bit
115 or the last data bit of nibble 23); (iv) the data, if any,
generated by the device to be transmitted (XMT DATA
2028) by ASIC 2012; and (v) a bypass control signal
(BYPASS CTL 2029), indicating whether the device has
data to transmit—i.c., whether ASIC 2012 should transmit
XMT DATA 2028 or merely “pass through” (to the next
device on the logical ring network) the 5-bit symbol repre-
senting the corresponding data nibble that will be received
by ASIC 2012 (e.g., nibble 25).

These signals will be discussed in greater detail below in
connection with the internal architecture of ASIC 2012.
Briefly, however, ASIC 2012 is responsible for transmitting
and receiving data, as well as for maintaining synchroniza-
tion with the network clock device. As discussed above,
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each network device simultaneously transmits and receives
a symbol bit during each 28.224 MHz clock cycle. Thus,
each network device transmits and receives a 5-bit symbol
(representing either a data nibble or a special marker) every
five clock cycles. Due to signal propagation delays within
the ASIC circuitry itself, there is a delay (e.g., four clock
cycles) between the time data is received by a network
device and the time that corresponding data (whether modi-
fied or merely passed through) is transmitted to the next
device on the logical ring network.

Thus, at any given time, ASIC 2012 within a network
device might be receiving (from the logical ring network)
nibble 24 (of the 128 nibbles in a frame) while transmitting
nibble 23 (either the nibble previously received or the nibble
internally generated). In parallel, the network device gener-
ates for ASIC 2012 a nibble and a control signal indicating
whether ASIC 2012 subsequently should transmit that gen-
erated nibble (e.g., as nibble 25 of the 128-nibble frame) or
“pass through” subsequently received nibble 25.

Raw interface 2020 is particularly useful for “dumb” (i.e.,
non-CPU-based) devices that do not have I/O address/data
bus circuitry. For example, a CD player may only need to
transmit its digital stereo audio streams on particular
nibbles, identified in its internal registers (as discussed
above). Such a device need only monitor the XMT COUNT
2026 to determine the appropriate network nibble stream(s)
on which to transmit its digital stereo audio streams (via
XMT DATA bus 2028 and ASIC 2012), while setting
BYPASS CTL signal 2029 accordingly.

Bus snooping devices that monitor the operation of the
logical ring network for diagnostic or other purposes may
also find raw interface 2020 useful. Such a device could
monitor every nibble of every frame that passed through the
device, and potentially discern or “reverse engineer” the
operation of the logical ring network and its protocols, as
well as the functionality of other network devices. Such
devices could utilize some or all of the signals provided by
raw interface 2020, as well as higher-level interfaces,
including I/O bus interface 2030 or any of the other inter-
faces 2040 discussed below.

In addition to purely diagnostic and “reverse-
engineering” purposes, such “bus snooping” devices might
also, for example, monitor the use of licensed content on the
logical ring network. User of certain data streams might be
limited contractually to a particular user or a specific time
period, or be priced based upon the number of uses, or
various other license restrictions. A bus snooping device
could, for example, encrypt, decrypt, overwrite and/or
remove portions of the data stream, notify a user of a license
violation and/or provide a mechanism for the user to
resubscribe, and even report violations to a manufacturer or
content provider.

Even if one uses a bus snooping device to “break” an
encryption scheme (e.g., by capturing, modifying and/or
replacing encryption keys or other content certification
information), and successfully access certain content with-
out authorization, such violation could be limited, for
example, to a particular copy of a movie, or at least to a
particular movie. The rest of the content would remain
protected. In other words, the encryption scheme could be
differentiated based upon the user, the network devices,
and/or the particular content, at virtually any level of granu-
larity acceptable to the content provider. This level of
flexibility results in part from the distributed nature of digital
devices in a logical ring network, as noted above, and from
the flexibility inherent in software control. Such software
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could determine, for example, the time or other circum-
stances under which particular devices encrypt particular
content via a particular encryption scheme, thereby limiting
the exposure of that particular content to unauthorized
tampering.

CPU-based “smart” controller devices may, however,
elect to utilize a higher-level interface (in addition to raw
interface 2020) for most aspects of its operation. For
example, standard circuitry could be added to ASIC 2012 to
create an address/data bus interface (well known in the art),
such as I/O bus interface 2030. Such a device could, for
example, read and write internal device memory and regis-
ters directly via memory and I/O addresses, in addition to
obtaining information also available via the raw interface.

As noted above, other proprietary interfaces 2040 can be
added to the raw and I/O interfaces. For example, I°C serial
control interface circuitry could be added to enable a net-
work device to send and receive standard I°C commands
to/from other compliant network devices. ASIC logic 2012
may also have an interface 2060 to switches (for setting
default data stream channels) and an interface 2070 to status
indicators, as well as other more application-specific inter-
faces 2040. ASIC logic 2012 can exist on the same chip as
the application logic with all interfaces internal to the chip,
or it can be connected as a separate chip as illustrated in FIG.
9.

FIG. 9 is a high-level block diagram of one embodiment
of a core network adapter 2000 for a network device with
single unidirectional transmission and receive drivers.
Cables 2001 and 2003, connecting this adapter to other
adapters, are plugged into RJ-12 jacks 2002 and 2004 via
connectors (not shown) such as connector 604 in FIG. 6
above. The electrical signals transmitted through jack 2002
pass through filter 2016 and transformer 2006 prior to
entering ASIC logic 2012.

ASIC logic 2012 processes the input signal and modifies
it prior to transmitting it on the cable connected to jack 2004
through filter 2018 and transformer 2008. The transformers
2006 and 2008 serve to maintain isolation between the
devices on the network, avoiding ground-loop interference.
The transformers 2006 and 2008 are also used to step the
line voltage up or down as necessary to interface with the
ASIC logic 2012. They also preferably include filters 2016
and 2018 to prevent radio frequency interference from
entering or escaping from ASIC logic 2012.

Incoming signals on twisted wire pair 2003a are looped
back out on twisted wire pair 2001« via loopback connectors
2007. This creates a return path to maintain the “loop” in the
logical ring network. If there is no network device connected
to output jack 2004, loopback terminator 2005 will maintain
this loop. Loopback terminator 2005 may be installed
manually, or automatically (e.g., electrically or mechani-
cally as discussed above in FIG. 5(a)) when a device is
plugged into jack 2004. When no device is connected to jack
2002, a similar loopback terminator would be present at the
jack. If the adapter is only intended to be an “end” device,
i.e., a device that will not allow daisy-chaining, output jack
2004 could be removed and the output from transformer
2008 could be connected directly to jack 2002.

ASIC logic 2012 synchronizes to the incoming signal (as
discussed below), extracts the data and system command
streams from the incoming signal and converts them into
several formats, for both general and specific use. The
converted streams are made available, via the interfaces
2050 discussed above, for use by the “applications” portion
of the network device (e.g., CD player), which sends data
and control signals back to the ASIC logic.
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Core network adapter 2000 also may be equipped with
phantom power circuitry 2080 to use power which may be
supplied through twisted wire pairs 2001c or 2003¢ (and
transformer 2082) or external power jacks 2096 and 2096',
which may also supply power to another device. The phan-
tom power circuitry rectifies and regulates AC power from
2001c or 2003c via diodes 2084 and 2086 and regulates
external DC power from jack 2096 via voltage regulator
2090 (connected to power 2094 and ground via resistors
2088 and 2092) as shown. If it is desired to supply devices
with power without dedicating a separate pair of wires for
power, data and power could share the same pair of con-
ductors if a high-pass filter is included to remove the AC
power frequency from the data lines, as explained above.

2. Network Adapter Logic Overview

FIG. 10 is a block diagram of one embodiment of ASIC
logic 2012 inside core network adapter 2000 (shown in FIG.
9) of a network device. Receive data logic 2100 receives
differential (twisted pair) serial input signal 2105 (i.e., the
symbol bits of each frame transmitted by the previous device
on the logical ring network) and decodes it into 5-bit
symbols (as shown in Table I) for distribution, via data bus
2024 (in one embodiment), to other device modules.
Receive data logic 2100 also sends a single-ended
(unlatched and undecoded) received serial signal 2204 to the
clock processing logic 2110, to extract timing information,
and sends the latched edge-detected serial receive data 2290
to the transmit data logic 2120 for bypassing transmit data
bus 2028 (i.e., passing on the symbol bits to the next device
on the logic ring network whenever its own network device
has no data to transmit).

Clock processing logic 2110 extracts timing information
from receive signal 2204 to aid in the device synchroniza-
tion process. If this device is not the network clock device,
clock processing logic 2110 also will lock a local voltage-
controlled oscillator (“VCO,” not shown) to the signal 2204.
It also generates the receive count 2022 and transmit count
2026 timing signals and transmits them to other components
within the device, as discussed below.

Transmit data logic 2120 encodes and transmits either the
transmit data 2028 (gencrated by the applications portion of
the device or system command stream processor 2130) or
the latched serial receive data 2290 (from the receive data
logic 2100). The latched serial receive data 2290 will be
selected for transmission when the device is not the network
clock device and neither the system command stream pro-
cessor 2130 nor any data stream processor 2150 has data to
transmit over the current nibble.

The system command stream processor 2130 receives,
interprets, and responds to the system command stream, and
may also issue its own system commands. In one
embodiment, system command stream processor 2130 and
data stream processors 2150 (and 2150' . . . ) communicate
via address bus 2034 and data bus 2032 (e.g., to access each
other’s internal registers and/or memory locations). In other
embodiments, the memory and I/O (e.g., register) space may
be distributed throughout ASIC 2012, and accessed via
dedicated hardwired circuitry, as opposed to a general-
purpose address and data bus.

System command stream processor 2130 also is respon-
sible for issuing and responding to initialization-related
system commands, including those employed during net-
work clock device arbitration (assuming the device is
capable of becoming the network clock device). If the device
participates in and wins the arbitration process and becomes
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the network clock device, system command stream proces-
sor 2130 enables FIFO 2140 to buffer frame data to ensure
that the cumulative frame propagation delay is an integral
multiple of 1/44.1 kHz=22.676 us. The output of FIFO 2140
will be driven onto the transmit data bus 2028 to impose
such delay, rather than transmitting the non-delayed receive
data and bypassing the transmit data bus 2028. If the device
is not capable of becoming the network clock device, then
FIFO 2140 is unnecessary.

The manner in which the network clock device utilizes
FIFO 2140, in one embodiment, to ensure a cumulative
frame propagation delay of exactly 1/44.1 kHz=22.676 us
(i.e., to avoid data corruption by ensuring that only a single
44.1 kHz frame is present on the logical ring network at any
given time) is relatively straightforward. The network clock
device utilizes a one-frame (64-byte) FIFO 2140 both for
transmitting and receiving information. This information is
buffered via transmit and receive pointers (not shown) for an
amount of time necessary to extend the cumulative frame
propagation delay around the logical ring network to 22.676
us.

In other words, the network clock device begins trans-
mitting a frame header extracted from one end of FIFO
2140, and then increments the transmit pointer once every
ten 28.224 MHz clock cycles (the time required, in one
embodiment, to receive ten symbol bits or one byte of data).
Due to the synchronization of devices to the network clock
device, each frame header transmitted by the network clock
device will be received by the network clock device a fixed
number of 28.224 MHz clock cycles later (determined by the
individual device propagation delays around the logical ring
network). It is this cumulative delay which the network
clock device increases (buffers) via FIFO 2140 to 22.676 us,
thereby creating a constant stream of 44.1 kHz frames.

Once a frame header is received, it is written into that end
of FIFO 2140, overwriting the previously transmitted frame
header. As subsequent bytes are received, the receive pointer
is similarly incremented and such bytes are written into
subsequent byte locations of FIFO 2140. When the transmit
and receive pointers reach the end of FIFO 2140, cach is
decremented back to the beginning (i.e., implementing a
circular buffer). The difference between the transmit and
receive pointers reflects the additional buffering (delay)
added by FIFO 2140 to the remaining cumulative frame
propagation delay around the logical ring network.

ASIC logic 2012 also may contain one or more data
stream processors 2150, 2150', etc. A typical data stream
processor 2150" will receive certain nibbles from the receive
data stream, via data bus 2024, and convert them to the
proper format for the interface 2044 to the applications
portion of the network device. At the same time, data stream
processor 2150' may receive data via application interface
2044, convert the data into nibbles, and transmit the data
nibbles at appropriate times onto the transmit data bus 2028.
The data stream processor contains several registers
(discussed below) connected, in one embodiment, to address
bus 2034 and data bus 2032. The contents of these registers
determine the network nibble streams on which the device
transmits and receives data, and perhaps how the data stream
processor 2150' converts the data to and from the data format
of the application interface 2044.

3. Receiving Data Via a Logical Ring Network
Adapter

FIG. 11 is a lower-level block diagram illustrating one
embodiment of receive data logic 2100 shown in FIG. 10. In
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essence, receive data logic 2100 receives differential serial
input signal 2105 (i.e., the bits of each frame transmitted by
the previous device on the logical ring network) via trans-
former 2006, as well a receive count 2022 (indicating which
data bit of each frame currently is being received) which is
used for “centering” the received signal (as discussed below)
once per frame to increase the accuracy of the data reception
process.

Receive data logic 2100 decodes every five symbol bits of
received signal 2105 into a 5-bit receive data symbol (as
shown in Table I above), which represents one of the 128
data nibbles or special markers of each frame transmitted by
the previous device on the logical ring network. This symbol
is sent to other device components via data bus 2024. In
addition, receive data logic 2100 generates an illegal data
signal 2266, in one embodiment, indicating whether the
received 5-bit data symbol is one of the invalid/unused 5-bit
values shown in Table I above.

Prior to extracting each symbol bit from differential serial
input signal 2105, receive data logic 2100 receives differ-
ential serial input signal 2105 via interface receiver 2200
and passes a single-ended version of this received signal
2204 (still unlatched and undecoded) to clock processing
logic 2110 to aid in the synchronization process. After
extracting and latching each symbol bit from input signal
2105, receive data logic 2100 passes this latched edge-
detected serial receive data 2290 onto transmit data logic
2120, which may pass it along unmodified to the next device
on the logical ring network. As noted above, the latched
serial receive data 2290 will be selected for transmission
when the device is not the network clock device and neither
the system command stream processor 2130 nor any data
stream processor 2150 (see FIG. 10 above) has data to
transmit over the current nibble.

The symbol bit extraction process itself involves circuitry
designed to receive each bit accurately despite the presence
of clock jitter causing input signal 2105 to drift over time (as
much as x% of a 28.224 MHz clock period per frame). Edge
detector 2210 detects data transitions (representing logical
“1”s) in the received input signal, using both edges of a
56.448 MHz clock (i.e., four times the frequency of the
logical ring network) for extra accuracy. Shift register 2220
also uses both edges of the 56.448 MHz clock, and provides
several delayed versions of the output of edge detector 2210.

In essence, this circuitry generates shifting “windows” of
the received data (e.g., bits 1,2,3,4, and bits 2,3,4,5, and bits
3.,4,5,6, and so on). By examining these “windows” when a
frame header is received, the circuitry can identify the
particular window that best “centers” the middle transition
(“1” bit) of the frame header (seec Table I above;
JK=%1100010001" and WK=*0100010001"). This window
is then used for data reception for the remainder of that
frame, with the process being repeated as each successive
frame header is received. Received data (symbol bits) there-
fore should be “centered” very accurately in the window
used for data extraction.

The windows are created via eight 4-input logical-OR
gates 2230a—#, each of which is connected to four neigh-
boring outputs (shifted by one bit) of shift register 2220.
Each OR 2230a—/ acts as a window, one 28.224 MHz clock
period wide. Each successive window is delayed from the
previous one by one-quarter of a 28.224 MHz clock period.

Comparator 2280 determines when the receive count
2022 is such that the single transition at the middle of the
frame header should (subject to drift) be at the middle of
shift register 2220. At that instant, only one output of the
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eight 4-input logical-OR gates 2230a—# should be high,
because there should be approximately twelve 56.448 MHz
half-clock periods (three 28.224 MHz bits) without transi-
tions on both sides of the transition at the center of the frame
header (based upon the JK and WK bit encodings).

Priority encoder 2224 effectively encodes the “address” of
the eight windows into a 3-bit value (given the eight
potential locations, within shift register 2220, of the single
transition at the middle of the frame header). This 3-bit value
is latched, via 3-bit latch 2240, when comparator 2280
determines, via receive count 2022, that the frame header
middle transition should be centered in shift register 2220.
Latch 2240 thus identifies which window best centers the
frame header.

In summary, receive data logic 2100 makes adjustments
every frame (in increments of one-quarter of a 28.224 MHz
clock period) to account for the phase offset between the
unlatched input signal 2204 and the local clock (as evi-
denced by receive count 2022). Received data logic 2100
therefore can tolerate phase jitter of input signal 2204 of up
to =% of a 28.224 MHz clock period per 44.1 kHz frame (in
one embodiment).

Having determined the window (i.e., one of the eight
4-input logical-OR gates 2230a—/) which best centers the
received frame header, this window should best center the
received symbol bits of that frame, encoded in input signal
2204. Thus, multiplexer 2250 selects the output of the OR
gate (2230a—h) sclected by 3-bit latch 2240, which in turn
represents the received serial stream of symbol bits trans-
mitted by the previous device on the logical ring network.

This latched and synchronized serial data stream 2290
(with bits centered approximately on the positive edge of the
28.224 MHz clock) is sent to transmit data logic 2120
(shown in FIG. 10) for bypassing transmit data bus 2028
(also shown in FIG. 10) in the event that the device has no
data to send—i.e., when the device is not the network clock
device and neither the system command stream processor
2130 nor any data stream processor 2150 (seec FIG. 10
above) has data to transmit over the current nibble.

Within receive data logic 2100, serial-to-parallel shift
register 2260 transforms the serial data into 5-bit symbols.
4B5B decoder 2270 decodes/translates these 5-bit symbols
into 5-bit data nibbles (4 bits of data with a leading “0”) or
special markers (see Table I above), and (in one
embodiment) sends this decoded 5-bit data onto receive data
bus 2024 for use by other network device components.
Should this decoded 5-bit received data be illegal (i.e., one
of the invalid/unused 5-bit values shown in Table I above)—
e.g., due to a faulty connection, a disconnected network
device, or various other changes to the synchronous logical
ring network—then signal 2266 is set high to indicate the
existence of illegal data (e.g., to other device components,
such as command stream processor 2130).

4. Transmitting Data Via a Logical Ring Network
Adapter

FIG. 12 is a lower-level block diagram of one embodi-
ment of transmit data logic 2120 shown in FIG. 10 above.
When a device desires to transmit data (e.g., a CD player
overwriting particular network nibble streams to transmit its
digital stereo audio channels), it sends that data to transmit
data logic 2120 via transmit data bus 2028 (in one
embodiment) from which it is encoded into 4B5B symbols
(see Table I above) by data encoder 2360. The translated
5-bit symbols are then transformed into serial data via
parallel-to-serial shift register 2350.
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Bypass signal 2370 determines whether multiplexer 2340
selects the unmodified receive data 2204 from receive data
logic 2100 (if the device has no data to transmit) or the serial
output from shift register 2350. The output of multiplexer
2340 is gated by encode enable signal 2380, which allows
the device to inhibit data transmission entirely (instead of
either transmitting its own data, or passing received data
through, to the next device on the logical ring network). The
device might set enable signal 2380 “low” (disable) to force
a reinitialization/resynchronization of the logical ring
network—e.g., upon detecting a hardware problem in the
device or a loss of data from the network via the previous
network device.

Toggle flip-flop 2310 takes as input the serial (encoded)
signal to be transmitted and creates data transitions when-
ever a logical “1” is to be transmitted. Interface transmitter
2300 converts this single-ended signal to a differential signal
pair and interfaces with output transformer 2008, from
which the signal is transmitted to the next device on the
logical ring network.

5. Clock Processing within a Logical Ring Network
Adapter

FIG. 13(a) is a block diagram of one embodiment of clock
processing logic 2110 (shown in FIG. 10), which performs
a variety of synchronization-related functions. The operation
of clock processing logic 2110 varies depending upon
whether the device is elected the network clock device. FIG.
13(a) illustrates clock processing circuitry for a device that
is capable of becoming (but will not necessarily become) the
network clock device during the network clock device
arbitration phase of the initialization of a logical ring net-
work. If a device need not be capable of becoming the
network clock device, some of this circuitry (shown in
dotted lines) is unnecessary.

Primarily, clock processing logic 2110 detects frame
headers (transmitted by the previous device on the logical
ring network) and either generates a 28.224 MHz clock (if
the device is the network clock device) or synchronizes to
the 28.224 MHz network clock device via a phase-locked
loop. As discussed above, the network clock device also
generates frame headers (and empty frames) in the first
instance, as well as certain system commands, particularly
during network initialization.

The bulk of the circuitry in clock processing logic 2110 is
devoted to a phase-locked loop (PLL) 2415 used to syn-
chronize an internal clock to the 28.224 MHz network clock
device. As a result of this synchronization, clock processing
logic 2110 generates 56.448 MHz, 28.224 MHz (via fre-
quency divider 2440) and 22.5792 MHz (via frequency
divider 2450) clocks, as well as a current transmit count
2026 and receive count 2022 (tracking the current data bit of
a 512 data-bit frame), used by other components of core
network adapter 2000 during the transmission of each frame.

The PLL 2415 within clock processing logic 2110
includes (among other components) a phase comparator
2410, a low-pass filter 2425, a 56.448 MHz voltage-
controlled oscillator (VCO) 2430, and a frequency divider
2450 and receive counter 2470 to divide the PLL frequency
down to 22.05 kHz (i.e., % of the frame rate). If the device
is capable of becoming the network clock device, tri-state
driver 2412 (shown in dotted lines and selectable via
inverted signal 2420 from system command stream proces-
sor 2130, shown in FIG. 10) will be included to disable PLLL.
2415 while the device is acting as the network clock device.
Frame header edge detect logic 2490 and multiplexer 2494
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(also shown in dotted lines) also will be included, as
explained below.

If the device is clected the network clock device, the
detection of an incoming frame header (via frame header
detection logic 2500 and frame header edge detect logic
2490, discussed below) will cause receive counter 2470 to
be reset via multiplexer 2494. The relationship between
receive counter 2470 and transmit counter 2460 therefore
will be determined by the cumulative frame propagation
delay around the synchronous logical ring network. In other
words, as a result of this mechanism, an integral number of
44.1 kHz frames will be present on the logical ring network
at any given time. The cumulative frame propagation delay
therefore will be equal to an integral multiple (1 in this
embodiment) of 1/44.1 kHz=22.676 us.

If the device is not elected the network clock device,
receive counter 2470 will be reset via multiplexer 2494,
based upon a fixed timing relationship between receive
counter 2470 and transmit counter 2460 (via comparator
2480). In other words, the delay between reception of a
symbol bit and transmission of that (or a modified) symbol
bit will remain constant, based upon delays internal to core
network adapter 2000 (sce FIG. 9).

PLL 2415 will ensure that receive counter 2470 is locked
to the incoming symbol bit stream (via serial input signal
2204) and clocked at the data bit rate of 22.5792 MHz. Note
that receive counter 2470 and transmit counter 2460 could
alternatively be clocked at the symbol bit rate of 28.224
MHz. The phase-frequency relationship among phase com-
parator 2410, low-pass filter 2425 and VCO 2430 will be
steep enough that small phase differences between receive
counter 2470 and input signal 2204 will cause VCO 2430 to
vary across a range of possible operating frequencies. Also,
the circuitry within PLL 2415 will be adjusted such that
receive counter 2470 has the proper timing relationship to
input signal 2204. In other words, the range of possible
phase offsets will be within the range of the phase adjust-
ability of receive data logic 2100—a single 28.224 MHz
clock period.

PLL 2415 has two modes of operation—coarse and fine—
switched via multiplexers 2400 and 2402. In coarse (default)
mode, PLL 2415 locks to the output of frame header
detection logic 2500. In other words, the frame header
transmitted by the network clock device (at a constant frame
rate of 44.1 kHz) is used to synchronize each device to that
network clock device. The internal architecture of frame
header detection logic 2500 is illustrated in greater detail in
FIG. 13(b), discussed below.

Frame header detection logic 2500, however, is subject to
clock jitter caused by the discrete 56.448 MHz half-clock
cycle edge detection (discussed below). The PLL fine mode
is designed to minimize this jitter. Rather than lock merely
to a signal indicating detection of a frame header, PLL 2415
locks instead to the single transition in the center of the
actual frame header in serial input signal 2204. In essence,
windowing and splicing logic 2540 splices the transition at
the center of a frame header onto a 22.05 kHz square wave
(generated by frame header detection logic 2500, which
drives receive counter 2470), which is used as the PLL
source input in fine mode (as discussed in greater detail
below with reference to FIG. 13(b)).

This PLL fine mode does not suffer from the same jitter
problems as does the PLL coarse mode. However, window-
ing and splicing logic 2540 requires at least rough synchro-
nization with the arrival of an actual frame header in order
to operate properly. In other words, in order to detect the
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transition at the center of a frame header, it must search
during the appropriate “window in time”—i.e., in between
the first and third transitions of that frame header. Thus, the
PLL coarse mode is employed initially to achieve this rough
synchronization (as discussed below).

Thus, PLL 2415 receives a signal indicating detection of
an incoming frame header. This signal, selected via multi-
plexer 2400, is generated either by frame header detection
logic 2500 (in coarse mode) or by windowing and splicing
logic 2540 (in fine mode), as will be discussed below. Phase
comparator 2410 of PLL 2415 compares this detected frame
header signal to an internally generated reference clock
2022a, represented by receive counter 2470, but resynchro-
nized from the data bit rate to the symbol bit rate via
resynchronizer 2496. Because the detection of the complete
frame header in coarse mode occurs at a slightly later time
than the detection of the center transition of the frame header
in fine mode (i.e., five symbol bit times), the reference clock
in coarse mode is delayed appropriately (via delay circuitry
2404 and sclected via multiplexer 2402) to account for this
difference.

With reference now to FIG. 13(b), the mechanisms for
implementing the coarse and fine modes of PLL 2415, and
the process for switching between these modes, can now be
understood. In short, frame header detection logic 2500
generates the detected frame header input to PLL 2415 in
coarse mode, whereas windowing and splicing logic 2540
generates this input in fine mode. Stable PLL detection logic
2580 determines when to switch PLL 2415 between its
default coarse mode and its fine mode (in one embodiment,
switching to fine mode upon detecting four consecutive
frame headers, and back to coarse mode upon detecting the
absence of an expected frame header).

Comparator 2584 of stable PLL detection logic 2580
compares the resynchronized receive count 2022a to a fixed
value to generate a signal indicating when a frame header
should be detected. This signal enables latch 2582, which
will contain a “1” if an actual frame header is detected, and
a “0” otherwise. Edge detection logic 2586 detects an actual
frame header by detecting an edge of the output of frame
header detection logic 2500 (which, as will be discussed
below, generates a 22.05 kHz square wave, toggling when-
ever a frame header is detected).

Frame header counter logic 2590 detects when a sufficient
number of consecutive frame headers have been detected
(ecach evidenced by a “1” in latch 2582) to deem the
synchronization to be stable and PLL 2415 to be locked. It
then generates a “1” in output stable frame header signal
2595, causing PLL 2415 to switch into (or remain in) fine
mode. It also detects the absence of one expected frame
header (or multiple frame headers in other embodiments),
evidenced by a “0” in latch 2582, and generates a “0” in
output stable frame header signal 2595, causing PL.I. 2415 to
switch back to (or remain in) coarse mode. Output signal
2595 may also be made available to system command
stream processor 2130 (from FIG. 10) if the network device
desires to respond in a device-specific manner to these
changing conditions.

Frame header detection logic 2500 recognizes the unique
pattern of the two possible frame header symbol pairs, JK
(“1100010001”) and WK (*01000100017), transmitted at a
44.1 kHz rate, and creates an output signal that alternates
ecach time a frame header is recognized. This 22.05 kHz
square wave is used as the source input (if coarse mode is
selected via stable PLL detection logic 2580 and MUX
2400) to phase comparator 2410 of PLL 2415. The unique
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pattern of transitions common to both the JK and WK frame
headers is the bit sequence “100010001” (where a logical
“1” represents a transition). No other combination of valid
symbols (see Table I) will result in this sequence.

The three key transitions in the frame header are separated
by four 28.224 MHz clock periods or sixteen half-periods of
the 56.448 MHz clock. Edge detect logic 2510 detects these
transitions, signaling both WK/JK detection logic 2530 and
transition frequency logic 2520 (which counts the number of
clocks between transitions and notifies both WK/JK detec-
tion logic 2530 and frame header error handling logic 2536).

WK/JK detection logic 2530 receives each transition
(from edge detect logic 2510) and the number of clocks
since the prior transition (from transition frequency logic
2520), and looks for sixteen half-periods of the 56.448 MHz
clock between transitions, plus or minus one half-period to
allow for some jitter. When this occurs twice in a row (i.e.,
“1000100017), WK/JK detection logic 2530 signals that the
frame header has just been detected. This signal toggles the
22.05 kHz frame header signal via toggle flip-flop 2534,
which is used as the PLL source input in coarse mode. If too
many transitions occur without a frame header, frame header
error handling logic 2536 generates a “carrier lost” signal
which each network device may handle as it sees fit (e.g.,
rebooting, waiting for resynchronization, etc.).

In fine mode, PLL 2415 receives its source input from
windowing and splicing logic 2540 (selected via stable PLL
detection logic 2580 and MUX 2400). The delayed and
resynchronized reference frame header signal (genecrated
from frame header detection logic 2500, via receive counter
2470, resynchronizer 2496 and delay logic 2404, as noted
above) is selected via stable PLL detection logic 2580 and
MUX 2402.

The timing of windowing and splicing logic 2540 is
controlled via 28.224 MHz resynchronized receive count
signal 2022a, driven by the square wave generated by frame
header detection logic 2500. The transition at the center of
the frame header in the incoming bit stream (i.e.,
100010001”), received via serial input signal 2204, is, in
effect, spliced into this regenerated/synthesized square wave
(output by latch 2550), as explained below.

In every frame, due to the NRZ bi-level coding scheme,
a transition in the incoming signal 2204 could be either
low-to-high or high-to-low. Consequently, the signal might
need to be inverted before being spliced into the square
wave. Whether the incoming signal must be inverted will
remain unknown until just prior to the transition. The frame
header will appear on signal 2204 as binary sequence
“0111100001” or “1000011110.” The polarity will be
unknown until the after the start of the frame header
sequence. The square wave also may be transitioning either
low-to-high or high-to-low. Windowing and splicing logic
2540 therefore must determine before splicing whether the
transition at the center of the frame header and the square
wave transition have the same polarity.

If the transitions have opposite polarity, serial input signal
2204 is inverted before being spliced. Latch 2550 outputs
the square wave onto which serial input signal 2204
(inverted or not) will be spliced. At the precise moment at
which the center transition of a frame header occurs (as
determined by comparator 2542 and its resynchronized
receive count input 2022a), a reference square wave (as
generated by even/odd frame logic 2544) is latched into
latch 2550. Until just before the center transition of a frame
header occurs, this square wave will be the source input to
PLL 2415 (via multiplexers 2570 and 2400).
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At that moment, however (actually for a two-clock period
immediately before and after that center transition), PLL
2415 source input will be switched (via multiplexer 2570
and comparator logic 2562) to the actual serial input signal
2204 received by the device (possibly inverted, as discussed
below)—=effectively “splicing” the received input signal
onto the generated square wave during this portion of the
frame header detection period.

In order to guarantee that the polarity of serial input signal
2204 matches the polarity of the square wave output by latch
2550, serial input signal 2204 becomes one of three inputs
to exclusive-OR (XOR) gate 2560. The other two inputs
reflect the respective polarities of serial input signal 2204
(samples during the frame header before the center transition
by comparator 2548 and latched into latch 2554) and the
square wave generated by even/odd frame logic 2544
(sampled sometime during the middle of the frame by
comparator 2546 and latched into latch 2552). Only if these
two inputs differ will they cause serial input signal 2204 to
be inverted.

In summary, frame header detection logic 2500 generates
an input to PLL 2415 roughly reflecting the occurrence (e.g.,
a few clocks late) of a frame header on serial input signal
2204. This accurate (albeit late) detection of a frame header
is utilized by stable PLL detection logic 2580 to determine
when to switch PLL 2415 from coarse to fine mode (e.g.,
after four consecutive frame headers) and back to coarse
mode (e.g., after the absence of an expected frame header).

In fine mode, windowing and splicing logic 2540 utilizes
more precise timing to detect a frame header by splicing the
center transition of the actual frame header on serial input
signal 2204 onto a synthesized square wave driven by frame
header detection logic 2500. As a result, PLL 2514 locks to
the frame headers generated by the network clock device to
a high degree of precision, allowing for accurate reception
and transmission of each symbol bit despite the presence of
otherwise significant data transmission jitter.

6. System Command Stream Processor in a Logical
Ring Network Adapter

As discussed above, for one embodiment, each network
device is capable at least of interpreting and responding to
a relatively minimal set of system commands, including
certain initialization-related system commands (MASTER
RESET, SCAN RESET, and SCAN REQUEST) and the
READ system command (with at least one device being
“clock-capable” and supporting the CLOCK ID system
command). By supporting this set of system commands,
every network device on the logical ring network can be
initialized and configured automatically as described above.

By supporting additional system commands, network
devices can exhibit enhanced functionality. For example, a
smart controller could discern the entire network topology
by supporting the SCAN REPLY system command—i.e.,
monitoring the information embedded by each device upon
receiving its initial SCAN REQUEST system command. It
could then further configure devices, via the WRITE system
command, by writing certain configuration information into
their configuration and code control block.

A switching router or hot-pluggable smart jack device
could, upon detecting the addition or removal of a device
from the network, cause the network clock device to reini-
tiate a logical ring network topology scan by sending a
SCAN INITIATE system command. By supporting the
MESSAGE, GET and SET system commands, network
devices can establish private communications with other
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devices and enable other devices to read and write their
optional internal registers.

If a network device transmits and/or receives any audio,
video or other digital media streams (e.g., a CD or DVD
player, or a speaker or television/monitor), and desires to do
so on channels other than the default data stream channels,
then such device would support some or all of the stream-
related system commands (QUERY STREAMS, TALK
QUERY, LISTEN QUERY, TALK ASSIGN, LISTEN
ASSIGN, START STREAMS, and STOP STREAMS). Cer-
tain new digital devices (e.g., digital televisions and DSS
receivers) may want to support the PLL LOCK and TIME
MARK system commands to enable synchronization to an
external clock such as the MPEG2 system clock.

FIG. 14(a) depicts in detail the architecture of one
embodiment of a system command stream processor 2130
(shown in FIG. 10 above). System command stream pro-
cessor 2130 reads system commands from and writes system
commands (or at least portions thereof) to the two nibbles in
each frame allocated to the system command stream. It also
interprets and responds to particular system commands sent
to it by other network devices. In particular, it responds to
initialization-related system commands. If the device is the
network clock device, it not only initiates certain
initialization-related system commands, but also buffers the
system command stream to ensure that the cumulative
system command propagation delay around the default
network path equals an integral number of system com-
mands (40 bytes each in one embodiment).

System command stream processor 2130 receives the
received data stream (latched and decoded) from receive
data logic 2100 (see FIG. 10) via data bus 2024 (in one
embodiment), as well as the current receive count 2022 and
transmit count 2026 generated by clock processing logic
2110. Comparators 2602 and 2604 determine when the
nibbles of the receive data stream on data bus 2024 are
system command stream nibbles (i.e., the 647 and 65
nibbles, respectively of each 128-nibble frame), and causes
them to be latched into latches 2610a and 26105, respec-
tively.

Comparator 2620 resets the system command receive
counter 2640 when the current system command byte is a
System Command Start (TR) or System Command Empty
(TU). Otherwise, counter 2640 is incremented for cach
successive byte of a 40-byte system command.

If the device is the network clock device (as indicated by
signal 2420), the output of free-running counter 2630
(shown in dotted lines) will be the system command stream
transmit count (selected via multiplexer 2644, also shown in
dotted lines), and system command FIFO 2612 will buffer
the system command stream to ensure that the cumulative
system command propagation delay around the default
network path equals an integral number of 40-byte system
commands. If the device is not the network clock device,
then the system command stream transmit count will be
calculated by subtracting (via delay logic 2642) from system
command receive counter 2640 a fixed number of bytes
equal to the constant propagation delay imposed by system
command processor 2130. Counter 2630 and multiplexer
2644 need not be included if the network device need not be
capable of becoming the network clock device.

In one embodiment, the system command stream proces-
sor delays the system command stream by at least one
640-bit frame (to enable a device to modify a byte of a
system command, e.g., during network initialization). Mul-
tiplexer 2644 sclects the appropriate system command
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stream transmit count based upon signal 2420 from system
command processor state machine 2600, indicating whether
the device is the network clock device.

System command processor state machine logic 2600
receives as input the system command receive count (from
counter 2640) and system command transmit count (selected
by multiplexer 2644), as well as the current byte of the
system command (from latches 2610a and 26105). It also
receives the current checksum from the system command as
received (via checksum logic 2650) and as being
transmitted/modified (via checksum logic 2622). The opera-
tion of these checksum logic units is discussed in detail
above.

System command processor state machine logic 2600 also
receives data bypass signal 2670 from data stream processor
2150, indicating whether data stream processor 2150 has
any data to send. If the current byte is not a system command
stream byte, system command stream processor 2130 may
simply pass this signal through (as bypass signal 2370) to
data transmit logic 2120. In this manner, both system
command stream processor 2130 and data stream processor
2150 have an opportunity to determine whether data trans-
mit logic 2120 should transmit any generated data, or merely
pass through received data to the next device on the logical
ring network. Finally, system command processor state
machine logic 2600 receives illegal data signal 2266 (from
receive data logic 2100) and carrier lost signal 2538 (from
clock processing logic 2110). Each network device responds
to such error conditions in a device-specific manner.

Comparators 2606 and 2608 determine (based upon trans-
mit count 2026) when it is time to transmit the next byte of
the system command stream (i.e., the 647 and 657 nibbles,
respectively, of each 128-nibble frame). At such time, they
cause tri-state drivers 2616a and 2616b, respectively, to
write the appropriate two system command stream nibbles
onto transmit data bus 2028 (in one embodiment) for trans-
mission by transmit data logic 2120. Multiplexers 2614a and
2614b select as the appropriate two system command stream
nibbles either the received system command stream byte or
the generated/modified byte from system command proces-
sor state machine 2600. In either case, this transmitted
system command stream byte is passed into checksum logic
2622, which passes the current transmitted checksum to
system command processor state machine 2600.

System command processor state machine 2600 performs
the bulk of the work interpreting the system commands
described in detail above. It can communicate with the
applications portion of a “smart” network device via I/O Bus
interface 2030, including data bus 2032, address bus 2034
and write enable 2036. Such an interface might be used by
a network device to handle special-case conditions (e.g.,
illegal data) and/or to initiate a variety of system commands
(such as embedding asynchronous data in the data stream),
including those involving direct communications with other
“smart” network devices.

The flowchart in FIG. 14(b) illustrates the primary steps
performed by system command processor state machine
2600 in a non-clock-capable network device to interpret a
relatively minimal set of initialization-related system com-
mands. As will become evident, additional system
commands, explained in detail above, can be implemented
in an analogous manner using standard truth table/state
machine techniques. A “smart” controller network device
could, of course, implement these system commands
entirely in software.

As each byte 2681 of a system command is received,
system command processor state machine 2600 starts pro-
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cessing 2680 that current byte using the system command
current receive and transmit counts as additional inputs. If a
system command header byte is detected 2682, an “empty”
(TU) system command header will be ignored (because the
device does not initiate system commands in this
embodiment) 2682b by setting an “ignore system command”
flag. Upon receiving a “start” (TR) system command header,
however, this flag is reset 2682a so that processing of the
system command will continue as subsequent bytes are
received.

Upon receiving subsequent (non-system command
header) bytes, the “ignore system command” flag is tested
2683, and processing continues unless that flag is set, in
which case processing of that byte (and subsequent bytes) is
stopped 2684, causing the remainder of the system com-
mand to be ignored (i.e., passed unmodified onto the next
device on the logical ring network). If processing continues,
the system command field is determined 2685, based upon
the system command current receive count (see Table IV
above).

Upon receiving the system command byte, this byte is
decoded 2686 to determine the particular type of system
command received. In this relatively minimal embodiment,
all system command other than the SCAN REST, SCAN
REQUEST, READ and WRITE system commands (used
primarily for initialization and auto-configuration) are
ignored 2686a, by setting the “ignore system command”
flag. Upon receiving a SCAN RESET system command, the
device sets its “scan mode” flag 2686b, so that it will
respond to a subsequent SCAN REQUEST system com-
mand from the network clock device (as discussed above
with respect to the network initialization and auto-
configuration process). The remainder of the SCAN RESET
system command is ignored by setting flag 2686a.

Upon receiving the initial SCAN REQUEST system
command following a SCAN RESET system command, the
“scan mode” flag is tested 2686¢ and, if set, the device resets
the “scan mode” flag and overwrites the SCAN REQUEST
system command byte with a SCAN REPLY system com-
mand byte 2687 (which it then transmits before it stops
processing that byte 2684). As will be discussed below,
processing of this system command will continue so that the
device also can transmit its device information. Subsequent
SCAN REQUEST system commands will be ignored, how-
ever (because the “scan mode” flag has been reset), resulting
in the “ignore system command” flag being set 2686a. As
discussed above, this process enables the network clock
device to determine that all network devices have responded
and transmitted their device information.

Following the system command byte will be the destina-
tion address (the subsequent source address is ignored in this
embodiment), which is tested 2688 as each byte is received
to determine whether the system command is intended for
the device (including system commands that are “broadcast”
to all devices). If each byte of the received destination
address matches the Device ID or the Broadcast ID thus far,
then processing of that byte stops 2684 so that processing of
the system command can continue. If any byte does not
match, however, then the “ignore system command” flag is
set 26864, and the remainder of the system command will be
ignored.

Once the “data” field of the system command is received,
system command processor state machine 2600 first checks
(e.g., a saved byte or other flag) whether the current system
command is a SCAN REQUEST system command 2689. If
so, it knows that the “scan mode” flag was set (because the
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remainder of the system command otherwise would have
been ignored), and therefore overwrites the appropriate
bytes of this field with its device information (including its
Device ID and the location and length of its configuration
and code control block, as discussed above) 2690, which it
then transmits to the next device on the logical ring network.
As each byte is overwritten and transmitted, processing of
that byte stops 2684 to allow the processing of the system
command to continue.

If the current system command is a READ or WRITE
system command (i.e., not a SCAN REQUEST system
command) 2691, then system command processor state
machine 2600 either extracts the READ address and reads
the data 2691a (for a READ system command) or merely
extracts the WRITE address 26915 (for a WRITE system
command). In this embodiment, the device will not write its
internal registers or memory unless and until the system
command is validated via the checksum byte. Note that test
2691 will reveal either a READ or WRITE system command
in this embodiment, because all other system commands
already will have been ignored.

Upon reaching the status byte of a system command, the
acknowledge bit is set and transmitted 2692, because the
system command must be a READ, WRITE or SCAN
REQUEST system command to reach this point, all of which
are to be acknowledged in this embodiment. Processing of
the status byte then stops 2684 to allow the processing of the
final (checksum) byte of the system command to continue.

Because the checksums (both for bytes of the system
command as received and as transmitted) are calculated
outside of system command processor state machine 2600
(see checksum logic 2650 and 2622, respectively, in FIG.
14(a)), the calculated checksum as received merely need be
tested 2693 to determine whether it matches the checksum
byte. If so, data is then written to the internal registers and/or
memory of the device 2693b (only if the current system
command is a WRITE system command 2693a) and the
checksum (for bytes of the system command as transmitted)
is transmitted 2695 to the next device on the logical ring
network. If the checksum byte (for bytes of the system
command as received) does not match, then the checksum
byte (for bytes of the system command as transmitted) is
inverted before being transmitted to the next device on the
logical ring network 2694 (to alert subsequent devices to this
invalid system command).

It should be evident to one skilled in the art that various
implementations of system command processor state
machine 2600 are relatively straightforward, both for mini-
mal implementations of the system commands as well as for
more complete implementations of the remaining system
commands identified in Table V above and additional system
commands devised in other embodiments. Moreover, error-
checking could be implemented more stringently to guard
against the possibility of system commands that do not
comply with the restrictions noted above (whether due to
data transmission errors, “renegade” network devices or
other causes).

7. Data Stream Processors in a Logical Ring
Network Adapter

FIG. 15 is a diagram of a data stream processor 2150
(shown in FIG. 10), which enables a network device to
overwrite onto (and/or extract from) the data stream a set of
(possibly discontiguous) network nibble streams. Only those
network devices that transmit and/or receive data on the data
stream (e.g., a CD player or speaker) require such function-
ality.
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If no “smart” controller network device is present on the
logical ring network, this set of network nibble streams will
be set by default to the default data stream channel assign-
ments set forth in Table III above, and controlled, for
example, by an external user-accessible switch which allows
a user to select a desired channel manually from among the
default choices.

Otherwise, I/0O bus 2030 (in one embodiment) can be
utilized by a smart controller device to read/modify dynami-
cally a set of internal registers 2700 in data stream processor
2150 to change these default allocations (e.g., by sending
TALK ASSIGN and LISTEN ASSIGN system commands).
As noted above, a smart controller can read (via a READ
system command) the configuration and code control block
of a device, which contains information identifying the type
and location of such registers. Data can then be addressed
via address bus 2034 and transmitted via data bus 2032
(using write enable signal 2660 to control modification of
these registers).

As described in detail above for one embodiment, a
network device can have up to 256 IN Device Media
Streams (associated with IN Device Media Stream registers
2702) and up to 256 OUT Device Media Streams (associated
with OUT Device Media Stream registers 2704). A CD
player, for example, might have only two OUT Device
Media Streams (for left and right digital audio channels).

Information is stored in internal registers 2700 in three
distinct fields for each IN or OUT Device Media Stream.
Transmit/Receive enable Mask field 2706 is a 128-bit field
corresponding to the Transmit Enable Mask field of the
TALK ASSIGN, and Receive Enable Mask field of the
LISTEN ASSIGN, system commands described above.
Each bit represents a network nibble stream, and indicates
whether the device will transmit/receive data via that net-
work nibble stream. Bank field 2707 is an 8-bit field
representing the 128-nibble “bank” of the data stream to
which the Transmit Enable Mask and Receive Enable Mask
correspond. As noted above, multiple 128-nibble “banks” of
the data stream may arise as additional network bandwidth
is made available—e.g., by employing bidirectional network
devices or advanced modulation techniques such as 5-level
coding (as will be discussed in greater detail below). Finally,
the one-bit Stream Enable field 2708 (set and reset, for
example, by the START STREAMS and STOP STREAMS
system commands described above) indicates whether the
IN or OUT Device Media Stream currently is enabled to
transmit/receive data.

Upon receiving the current receive count 2022 from clock
processing logic 2110 (see FIG. 10), receive control logic
2710 discerns the current network nibble stream received by
the device, and determines whether the device should
receive data via that stream—i.e., whether, for each IN
Device Media Stream, the current nibble (e.g., nibble 24) is
enabled in Transmit/Receive Enable Mask field 2706 (and
bank field 2707, if additional banks are present) and in
Stream Enable field 2708. If so, logic 2730 latches the
received data 2024 on that current nibble (also from clock
processing logic 2110), performs whatever application-
specific data conversion is required and passes that data onto
the applications portion of the network device via applica-
tions interface 2044 (e.g., a speaker, which will play the data
on the received network nibble stream representing the left
channel of a digital audio recording). Receive control logic
2710 also communicates directly with the applications por-
tion of the network device via applications interface 2044.

Similarly, upon receiving the current transmit count 2026
from clock processing logic 2110, transmit control logic
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2720 discerns the current network nibble stream to be
transmitted by the device, and determines whether the
device should transmit data via that stream—i.c., whether,
for each OUT Device Media Stream, the current nibble (e.g.,
nibble 24) is enabled in Transmit/Receive Enable Mask field
2706 (and bank field 2707, if additional banks are present)
and in Stream Enable field 2708. If so, logic 2740 latches the
data to be transmitted (generated by the applications portion
of the network device, e.g., a CD player, and passed to data
stream processor 2150 via applications interface 2044),
performs whatever application-specific data conversion is
required and passes that data onto transmit data bus 2028
(e.g., for transmission to the next device on the logical ring
network by transmit data logic 2120). If not, transmit control
logic 2720 enables and sends the data bypass signal 2670 to
system command stream processor 2130 (see FIG. 14(a)),
indicting that data stream processor 2150 has no data to
send.

In this manner, network devices such as CD players, DVD
players, speakers and televisions/monitors can transmit/
receive data via the data stream, utilizing network band-
width that can be allocated dynamically if one or more smart
controller devices is present on the network. As will be
apparent to one skilled in the art, additional application-
specific functionality can be added to data stream processor
2150 itself, or via applications interface 2044, additional
data stream processors, or (of course) custom logic.

D. Hot-Pluggable Smart Jacks

As discussed above (see FIG. 6) and illustrated in greater
detail in FIG. 16, a special type of network device may be
integrated into a hot-pluggable jack such as jack 2896,
collectively creating a hot-pluggable smart jack adapter
2800 into which network devices can be plugged and from
which network devices can be removed (either directly or
via a daisy-chain of devices via jack 2896) without requiring
reinitialization of the logical ring network. In other words,
digital media streams and other data can continue to propa-
gate among other devices on the logical ring network
without interruption (and even through adapter 2800 with
minimal interruption). Without hot-pluggable smart jacks,
such digital media streams would be interrupted (albeit for
a short period of time—e.g., less than one second) whenever
any network device was added or removed.

‘When devices are added to or removed from a chain of
devices connected to a hot-pluggable smart jack, another
network clock device arbitration process is unnecessary. The
network clock device will not even detect the interruption
(because, as will be discussed below, hot-pluggable smart
jack adapter 2800 maintains a consistent cumulative frame
propagation delay). Adapter 2800 will, however, detect the
addition or removal of a network device, and therefore will
prompt the network clock device (via a SCAN INITIATE
system command) to initiate a logical ring network topology
scan to reestablish the default network path to include/
exclude the added/removed network device, and enable
interested network devices to discern the new network
topology.

In essence, hot-pluggable smart jack adapter 2800 serves
as a form of “mini-switching router,” because it propagates
data received from the logical ring network (via transformer
2802) along one of two different paths: (i) back out to the
network via transformer 2804, or (ii) first along its device
chain via jack 2896, and then back out to the network via
transformer 2804. It switches between these two paths
(usually temporarily) whenever a device is added to or
removed from jack 2896 (or a device daisy-chained thereto).
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As will become apparent from the discussion of FIG. 16
below, the internal architecture of adapter 2800 is quite
similar in nature to a “dual-version” of ASIC 2012 in core
network adapter 2000.

Hot-pluggable smart jack adapter 2800 contains receive
data logic 2810, clock processing logic 2820 and transmit
data logic 2830, each of which operates essentially as
described above in connection with ASIC 2012 in core
network adapter 2000 (except as noted below), enabling
adapter 2800 to communicate with the remainder of the
logical ring network (via transformers 2802 and 2804).
Similarly, adapter 2800 also contains receive data logic
2890, clock processing logic 2880 and transmit data logic
2870, ecach of which operates in an analogous manner,
enabling adapter 2800 to communicate directly with the
network device (if any) connected to jack 2896.

Hot-pluggable smart jack adapter 2800 maintains a “con-
stant delay” (independent of the number of devices that are
connected via jack 2896, subject to a maximum delay
imposed by the hardware) from the time information is
received via transformer 2802 until the time information
leaves via transformer 2804. This constant delay is main-
tained via delay control logic 2850, FIFOs 2860 and 2864,
and multiplexer 2866. FIFOs 2860 and 2864 maintain a
given delay in a similar manner to that described above with
respect to FIFO 2140 (see FIG. 10) within the network clock
device.

System command stream processor 2840 also operates as
described above, though it preferably will need to interpret
the SET and GET system commands (as well as the minimal
set of system commands described above) to allow a “smart”
controller to set its constant delay, which serves to isolate the
remainder of the logical ring network from the addition or
removal of devices via jack 2896 (and via devices daisy-
chained thereto). It also may need to gencrate a SCAN
INITIATE system command to notify the network clock
device of the addition or removal of network devices,
necessitating a new logical ring network topology scan (as
explained below).

In one embodiment, following initialization and auto-
configuration of the network (i.e., completion of the network
clock device arbitration process and logical ring network
topology scan), a “smart” controller could initiate a SET
system command to set a register in delay control logic 2850
of hot-pluggable smart jack adapter 2800. The contents of
this register represent the constant delay which adapter 2800
(including any network devices connected to it via jack
2896) must maintain.

For example, given that a typical network device imposes
about six clocks of delay (at the symbol bit rate of 28.224
MHz), a smart controller might impose a 50-clock constant
delay, permitting approximately seven typical devices (not
including adapter 2800) to be daisy-chained to adapter 2800.
A smart controller also might determine (e.g., during net-
work initialization or via a “message” from the network
clock device) the maximum amount of delay available
without causing loss of audio samples. This delay could then
be distributed among hot-pluggable smart jacks, switching
routers and other similar devices on the network. Such delay
could be distributed evenly among such devices, or in
proportion to the number of devices currently on their
network “arm” or device chain, or by various other appor-
tionment mechanisms.

After imposing such constant delays upon such devices, a
smart controller could cause the logical ring network to be
reinitialized, whereupon such delays would then take effect.
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The entire process of setting such constant delays and
reinitializing the logical ring network would occur relatively
instantaneously (e.g., within a second or two).

Moreover, reinitialization of the entire network could be
avoided if the new delays took effect simultaneously (e.g.,
by use of “timestamps” as explained above). Also, a switch-
ing router (discussed below) could be employed to isolate
any loss of synchronization to a single “arm” of the network
when these new delays took effect—much as hot-pluggable
jack 2800 isolates the rest of the network from the effects of
adding and removing devices from its device chain.

‘When no devices are connected via hot-pluggable jack
2896, clock processing logic 2880 detects that no valid data
and frame headers are being received and causes multiplexer
2866 to sclect the output of FIFO 2860 to be routed to
transmit data logic 2830 and out to the rest of the logical ring
network. Adapter 2800 always routes incoming data 2814
from the logical ring network through FIFO 2860 (as well as
to transmit data logic 2870 and out via jack 2896), which
imposes the constant delay, taking into account the delay
imposed by this “shortcut path” through adapter 2800.

‘When one or more devices are attached to hot-pluggable
jack 2896, clock processing logic 2880 will detect the
existence of valid frame headers (passing through such
devices and back to adapter 2800 via receive data logic
2890) and switch multiplexer 2866 to select the output of
FIFO 2864. Incoming data 2884 received from devices
daisy-chained via jack 2896 will always be routed through
FIFO 2864, which will impose the appropriate amount of
delay to maintain the constant delay (equal to that of the
“shortcut path” described above)—i.e., by delaying a num-
ber of clocks equal to the constant delay less the amount of
delay imposed by the additional propagation through trans-
mit data logic 2870, the devices daisy-chained via jack 2896
and receive data logic 2890. Delay control logic 2850
controls FIFO 2864 to impose such additional delay.

It should be noted that, if a clock-capable network device
is connected to or daisy-chained via jack 2896, its clock
functionality could be disabled (e.g., by a manual user-
accessible switch on the outside of the device) to avoid
sending CLOCK ID system commands (with frame headers
and thus newly created frames) when connected, which
might otherwise cause a loss of synchronization requiring
reinitialization of the network.

Because FIFOs 2860 and 2864 both use the same receive
counter (from clock processing logic 2820) for received
data, the total delay for each nibble received from the
network via transformer 2802, and transmitted back to the
network via transformer 2804, will be the same regardless of
the path selected by multiplexer 2866. Should the number of
devices attached via jack 2896 create a delay exceeding the
constant delay, then the network clock device will lose
synchronization due to this additional delay, and reinitialize
the network. The smart controller device would then be
responsible for detecting this error condition and imposing
a greater constant delay.

Whenever devices daisy-chained via jack 2896 are added
or removed, clock processing logic 2880 detects the result-
ing loss of synchronization (i.e., missed frame headers),
switches multiplexer 2866 back to the “shortcut path”
temporarily, and switches back only after it once again
recognizes valid frame headers. Whether a device is added
or removed, the chain of devices connected via jack 2896
must be disconnected, albeit briefly. During this period, data
from such devices will be lost, but data on the remainder of
the network will not be affected. Such data will merely take
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the “shortcut path” due to the switching of paths via mul-
tiplexer 2866. The constant delay provides ample time to
make this switch without any loss of data.

Once the chain is restored (i.e., the devices are recon-
nected by the user), the longer path is reestablished as it was
when a device was first attached to jack 2896 (as described
above). Because one or more devices have been added or
removed, however, system command stream processor 2840
will generate a SCAN INITIATE system command for the
network clock device, which will initiate another logical
ring network topology scan to account for the new (or
removed) devices.

E. Switching Routers

As discussed above, a logical ring network may reach a
point where the total network bandwidth (approximately 22
Mbps in one embodiment) is insufficient—e.g., due to the
number of devices on the network or to user requirements
for multiple simultaneous sources of various digital media
streams. At that point, one of the most effective means of
increasing network bandwidth is the addition of a switching
router, as discussed below.

As noted above, once a logical ring network in a house or
other environment includes more than about 100 devices,
the cumulative frame propagation delay may exceed 1/44.1
kHz=22.676 us. At that point, the network will continue to
function, although the network clock device will round up
the delay to 1/22.05 kHz=45.352 us (as explained above),
resulting in a loss of audio quality due to a potential delay
between devices of up to two audio sample times. By adding
a switching router, the network can be segmented into
distinct network zones, each “arm” of which would have few
enough devices to accommodate a 1/44.1 kHz=22.676 us
cumulative frame propagation delay.

Even if the number of network devices does not reach this
point, users may exceed the number of available channels on
the data stream, despite dynamic reallocation of such chan-
nels. For example, household members may desire to view
four different video programs simultaneously, requiring four
simultaneous MPEG2 digital audio/video streams. In many
cases, a smart controller device could reallocate the cur-
rently unused channels dynamically to accommodate such
requirements. If, however, no such device is present, or too
many other channels (e.g., audio, telephone, asynchronous
data, etc.) are in use, and cannot be reallocated dynamically
at that point in time, these increased bandwidth requirements
may not be able to be met.

If this situation occurs too frequently, a switching router
could be added to segment the network into zones, each arm
of which might accommodate, for example, devices in one
or more rooms of a house. By distributing the video sources
and the simultaneous viewers across separate zones, each
network arm need only accommodate a lesser number (e.g.,
one or two) of simultaneous requests for MPEG2 or other
digital media streams.

Thus, a switching router will, in effect, provide the total
network bandwidth to each network arm or zone, while still
allowing devices in different zones to communicate with one
another when necessary. Switching routers also serve to
isolate network zones from one another, so that an interrup-
tion of one arm of the network will not necessarily cause the
entire network to be reinitialized.

1. Switching Router Architecture

Hot-pluggable smart jack 2800 described above (see FIG.
16) performs a simple coarse switching function, either
transmitting all system commands and data first to its own
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chain of connected devices and then to the rest of the logical
ring network, or diverting such system commands and data
directly to the rest of the logical ring network. General
purpose switching routers, such as switching router 3000
illustrated in FIG. 17, perform a very fine level of data
discrimination, potentially allowing each network nibble
stream from each network arm to be routed to any other
network nibble stream of any other network arm.

FIG. 17 is a block diagram of one embodiment of switch-
ing router 3000 which can switch among incoming signals
30104, 30105, 3010c¢ and 3010d from four distinct network
arms. By connecting switching router 3000 to each network
arm (i.e., creating separate physical loops which constitute
distinct network arms or zones), switching router 3000 can
act as a pseudo network clock device with respect to each
network arm.

Switching router 3000 utilizes FIFOs 3030a, 30305,
3030c and 30304 to buffer information propagating on
corresponding network arms (entering switching router
3000 via respective incoming signals 3010a, 30105, 3010c
and 30104, and received via respective receive logic 3020a,
30205, 3020c and 3020d) in a similar manner to that
described above with respect to FIFO 2140 (see FIG. 10)
within the network clock device.

In other words, information will propagate around each
network arm, buffered by switching router 3000, to create an
integral number of frames (one in this embodiment) on such
network arm at any given time. If switching router 3000 did
not route information among network arms, each arm could
operate as a separate logical ring network.

Switching router 3000 does, however, route information
among network arms for a number of reasons. It maintains
a single logical loop (i.e., the default network path) to ensure
that the logical ring network can be initialized and auto-
configured. Thus, information may propagate from switch-
ing router 3000 to a first network arm (e.g., clockwise by
convention), reenter via incoming signal 3010a, then onto a
second network arm and back via incoming signal 30105,
then onto a third network arm and back via signal 3010c,
then onto a fourth network arm and back via signal 30104,
and finally back onto the first network arm to complete the
default network path.

This path, however, which reaches every device on the
logical ring network (and reaches switching router 3000
once per active network arm), is utilized only for the system
command stream (i.c., nibbles 64 and 65 of cach 128-nibble
frame in one embodiment). By following this path for
system commands, the logical ring network always can be
initialized and auto-configured (as explained below).

For the data stream, however, switching router 3000
routes predetermined network nibble streams among net-
work arms. This is accomplished by buffering each incom-
ing frame (e.g., in FIFO 3030 for incoming signal 3010a on
a first network arm), latching that frame (e.g., into holding
latch 3032a) when the last nibble of the frame is received,
and again latching that frame (e.g., into transmit latch
30344a) when the final nibble of the previous frame has been
transmitted (via multiplexer 3040 and transmit logic 3050).

In other words, for each of the four network arms trans-
mitting data to switching router 3000, via incoming signals
30104, 301056, 3010c and 3010d, incoming frames are first
buffered (in respective FIFOs 3030a, 303006, 3030c and
3030d) to maintain consistent 44.1 kHz frames on cach such
network arm. Note, however, that the propagation delay
around each of these four network arms likely will be
different, and thus that the current nibble being received

LINKPLAY EXHIBIT 1004
Page 4655 of 4822



US 6,611,537 B1

81

from each arm may differ (e.g., switching router 3000 might
be receiving nibble 28 from one arm while receiving nibble
72 from another arm).

In other words, after being buffered by switching router
3000, the network arms will be synchronized to one another,
and the cumulative frame propagation delay around each
network arm will be exactly 22.676 us. Yet, incoming data
from each network arm will be “out of phase” with the
incoming data from the other network arms, in that the
current nibble count of nibbles being received on each arm
at any given time will differ.

Due to this lack of “receive synchronization” and the fact
that any nibble from one network arm (e.g., nibble 25) can
be routed to any other nibble of any other arm (e.g., nibble
24), switching router 3000 must impose some delay (i.e.,
22.676 us or a single 44.1 kHz frame) to permit this degree
of flexibility. Thus, while FIFOs 3030a, 30305, 3030c¢ and
3030d are buffering incoming frames, switching router 3000
will latch each such incoming frame into corresponding
holding latches 3032a, 3032b, 3032¢ and 3032d once the
last nibble of each such frame is received. Switching router
3000 subsequently will latch that frame into corresponding
transmit latches 3034a, 3034b, 3034c and 30344 once it
transmits the final nibble of each previous frame (previously
latched into such transmit latches).

It should be noted that the latching of incoming frames
into holding latches 3032a, 30325, 3032¢ and 30324 will
occur at different times due to the fact that the incoming data
received from each network arm is “out of phase.” Yet, the
latching of such frames from holding latches 3032a, 3032b,
3032¢ and 3032d into transmit latches 3034a, 3034b, 3034¢
and 3034d will occur simultaneously, as will the extraction
and transmission of nibbles from such transmit latches. In
other words, although nibbles are received “out of phase,”
they are transmitted “in phase.” Thus, at any given time, a
particular network nibble stream (e.g., nibble 22) is being
extracted from each transmit latch for transmission.

This “realignment” of nibbles occurs during the one-
frame delay during which time incoming frames are being
buffered in their respective FIFOs. If a particular network
nibble stream arrives earlier from a first network arm than
from another, it is because the propagation delay on that first
network arm is shorter. The respective delays, however, will
“even out” because the additional delay imposed by the
corresponding FIFO in switching router 3000 will be longer.

Having buffered and latched the incoming frames from
each “source” network arm, switching router 3000 must now
determine, for the current nibble being transmitted, the
routing of that nibble from each “source” network arm to
each “destination” network arm. Each nibble from a par-
ticular “source” network arm may be routed to the next
device on one or all of the “destination” network arms
(including the same network arm on which that nibble
originated), based upon the contents of the routing tables
(discussed below).

Switching and transmit circuitry 3070 (only one shown) is
repeated once for each network arm, and is controlled by the
routing table 3060 associated with that network arm. For the
current nibble being transmitted (e.g., nibble 22) on each
“outgoing” network arm, multiplexer 3040 (and its corre-
sponding multiplexers, not shown) will select that nibble,
from among all of the “source” nibbles in each of the four
incoming frames (via transmit latches 3034a, 3034b, 3034¢
and 3034d), and transmit that nibble via transmit logic 3050
to the next device on that “outgoing” network arm.

Each routing table, such as routing table 3060, will
contain an entry for each of the 128 “destination” network
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nibble streams to be transmitted in one embodiment. That
entry will include both a “source” network arm (e.g., net-
work arm 2 of 4) and a source network nibble stream (e.g.,
nibble 13) which switching router 3000 will route onto that
entry’s “destination” network nibble stream (e.g., nibble 22)
for the “destination” network arm (e.g., network arm 1 of 4)
associated with such routing table. Thus, the 22" entry of
routing table 3060 (associated with network arm 1) might
contain a “2” (for network arm 2) and a “13” (for “source”
nibble 13). Switching router 3000 therefore might route/
transmit nibble 13 from network arm 2 onto nibble 22 of
network arm 1. In parallel, it would route/transmit onto
nibble 22 of the three other network arms the corresponding
“source” arm/nibbles in the router table entries associated
with each such other network arm.

The routing table entries for switching router 3000 are
determined by a smart controller network device based upon
its knowledge of the logical ring network topology, and of
the user’s requests (via remote control and other “input”
devices, and associated software) at any particular time. As
the network nibble streams are reallocated dynamically, and
as devices are added to and removed from the network, the
routing tables within switching router 3000 may also be
updated accordingly.

In most situations, the process of updating these tables is
a relatively simple matter of determining the relevant source
and destination devices for particular channels. Existing
computer network (“shortest path”) routing issues typically
will not arise unless many switching routers are deployed,
which is unusual in most home, recreational or even busi-
ness environments. Such well-known techniques could,
however, be employed should the need arise. Having deter-
mined the appropriate source and destination devices for
particular channels, a smart controller device (in addition to
possibly reallocating data stream channels dynamically, as
discussed above) initiates READ and WRITE system com-
mands to update the relevant routing tables.

Thus, switching router 3000 will route/transmit the appro-
priate nibbles simultaneously onto network nibble stream 1
of each network arm (while receiving nibbles “out of phase”
from each network arm), then network nibble stream 2, and
so on, until all 128 nibbles of each frame have been
transmitted. Due to the synchronization of network devices,
and the buffering/latching of incoming frames described
above, the delay imposed by switching router 3000 to route
nibbles from one network arm to another (or back to the
same arm) remains constant. As noted above, this provides
for very precise synchronization, despite the delay of pass-
ing through switching router 3000. For example, a digital
stereo audio stream transmitted by a CD player from one
network arm would reach both speaker devices on a different
network arm at the “same time”—i.e., during the same audio
sample (frame) time.

The delay through switching router 3000 also is very
short—e.g., less than two 44.1 kHz frame times, 45.352 us.
Each nibble received from one network arm by switching
router 3000 is buffered in a corresponding FIFO for less than
one 44.1 kHz frame time, and then is transmitted on that
same or a different network arm during the next 44.1 kHz
frame time.

Switching router 3000 also includes system command
stream processors (not shown) for each network arm, similar
to system command stream processor 2130, described above
and shown in FIGS. 10, 14(a) and 14(b). These system
command stream processors interpret/initiate initialization-
related system commands, as well as READ and WRITE
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system commands to update the routing tables. Switching
router 3000, which also is a clock-capable device in one
embodiment, will in effect appear as a network device on
each network arm to which it is connected.

Upon startup or network initialization/reset, switching
router 3000 will transmit CLOCK ID system commands (as
discussed above) along each network arm in a predefined
order, and, in one embodiment, determine which network
arms are “active.” In other words, if its CLOCK ID does not
return on a particular network arm within a predefined
maximum number of 28.224 MHz clock cycles, then a
problem is presumed to exist with respect to one or more
devices on that arm, which is thus “inactive.”

As noted above, switching router 3000 utilizes the default
network path (i.e., network arm 1, then arm 2, and so on) to
route all system commands. The rest of the initialization and
auto-configuration process proceeds as described above.
Preferably, switching router 3000 responds as a device
(embedding its Device ID and “pointer” information into a
SCAN REPLY system command) on each of its network
arms, enabling a “smart” controller to discern the entire
topology, including switching routers and other similar
devices.

Switching router 3000 may or may not become the
network clock device. In either event, as explained above, it
will continue to act as a pseudo network clock device,
buffering incoming frames on each network arm to which it
is connected.

Switching router 3000 may also be “hot-pluggable,” in
that it may detect when any network arm loses synchroni-
zation (e.g., due to the addition or removal of a network
device on that arm), and respond by re-routing information
to exclude that network arm (temporarily), as explained
above with respect to hot-pluggable smart jacks.

2. Multiple Switching Routers

In certain situations where even greater network band-
width is required, it may be desirable to further segment a
logical ring network by adding multiple switching routers.
Though such situations will not typically occur in most
home, mobile recreational, or even business environments,
they can be accommodated with relatively minimal changes
from the single switching router case.

One embodiment of such a multiple switching router
configuration is illustrated in FIG. 18. Switching routers A,B
and C (3110, 3120 and 3130) are interconnected directly by
two twisted pairs 3140 to enable information to be routed
among the switching routers themselves. Note that “end”
switching routers 3110 and 3130 are configured with “loop-
back” terminators in a manner similar to that described
above for replacement jacks. Thus, each switching router
can treat inter-router path 3140 essentially as another net-
work arm, in that information will propagate in a loop. Each
of switching routers 3110, 3120 and 3130 is shown respec-
tively attached to three network arms (3110A, 3110B and
3110C, 3120A, 3120B and 3120C, and 3130A, 3130B and
3130C), though each switching router could be attached to
any number of network arms.

In this configuration, a default network path is formed by
default. Information will propagate, for example (beginning
with switching router 3130) onto network arm 3130C and
back to switching router 3130, onto network arm 3130B and
back to switching router 3130, along network arm 3130A
and back to switching router 3130, where it will propagate
to switching router 3120 via the lower pair of inter-router
path 3140. Upon entering switching router 3120, it will
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propagate along network arms 3120C, 3120B and 3120A in
a similar fashion, and then to switching router 3110 via the
lower pair of inter-router path 3140, whereupon it will
propagate similarly along network arms 3110C, 3110B and
3110A, and finally along a return path to switching router
3130 (through switching router 3120) via the upper pair of
inter-router path 3140.

Thus, during network initialization and auto-
configuration, each of switching routers 3110, 3120 and
3130 will simply treat inter-router path 3140 as another
network arm, and transmit its CLOCK ID onto each of its
“four” network arms. Once a device (whether one of the
switching routers or another network device) is elected the
network clock device, each of switching routers 3110, 3120
and 3130 will continue to propagate all system commands
along this default network path.

Information propagating on the data stream will be routed
from one network arm to another within each of the switch-
ing routers as described above. If information is to be routed
to a network arm on another switching router, then each
switching router will route such information onto its special
network arm—i.e., inter-router path 3140. The routing table
architecture need not change to accommodate such “inter-
router” routing of information, though a smart controller
would of course need to manage this slightly more complex
routing table configuration issue.

For example, if network nibble stream 20 from network
arm 3110A (connected to switching router 3110) were to be
routed onto network nibble stream 10 of network arm 3130B
(connected to switching router 3130), then the routing table
associated with inter-route path 3140 inside switching router
3110 would have an entry for network nibble stream 10
which contained a 20 and an identifier for network arm
3110A. Similarly, the routing table associated with network
arm 3130B inside switching router 3130 would have an
entry for network nibble stream 20 and an identifier for
inter-router path 3140.

There would of course be additional propagation delays
imposed by each switching router (as discussed above) for
data routed among switching routers. Yet, the propagation
delay from one network arm to another remains constant (to
within one audio sample or frame time), enabling destina-
tion devices, such as left and right speakers, to remain in
phase, regardless of the number of frame delays imposed by
each switching router.

Other configurations of multiple switching routers are
possible, though probably unnecessary in most typical logi-
cal ring network environments. For example, additional
inter-router paths could be added to increase bandwidth
between switching routers. Such paths would again be
treated as additional network arms.

Moreover, multiple switching routers could be connected
to a single network arm, enabling virtually arbitrary place-
ment of switching rollers. Although such flexibility might
alleviate a certain amount of wiring complexity, it would
come at the expense of considerable complexity in estab-
lishing a default network path during network initialization.

In essence, the switching routers would need to guarantee
that all paths among devices and among switching routers
were followed during the initialization process, such that the
path followed by the successfully elected network clock
device would become the default network path. This can be
accomplished by keeping track of the order in which infor-
mation arrives from each network arm during network
initialization. Information is then routed giving precedence
to those network arms from which information has not yet
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been received (i.e., in a “last-in-first-out” or “LIFO”
fashion). Various algorithms (well-known in the art of
network routing) can be implemented to optimize for the
shortest path, quickest resolution or other desired factors.

F. Increasing Bandwidth on a Synchronous Logical Ring
Network

Switching routers are an effective means of segmenting a
logical ring network into distinct zones. They increase
network bandwidth significantly to the extent source and
destination devices for particular digital media streams can
be distributed across such network zones. Individual rooms
in a typical home, for example, may be ideal network zones.
Switching routers may, however, require additional in-wall
wiring, depending upon their proximity to network divides
on each of the desired network arms. Star configurations are
ideal for adding switching routers at a central “hub” loca-
tion; yet, many homes have legacy analogs POTS
configurations, as discussed above and illustrated in FIG.
2(a).

As an alternative or supplemental means of increasing
overall network bandwidth, the transmission and receive
drivers within individual network device transceivers can be
enhanced through a variety of different means, discussed in
greater detail below.

Briefly, these techniques include multi-level coding (as
opposed to bi-level or “binary” coding) of signals, such that
multiple bars are transmitted/received each clock period. For
example, 5-level coding would double the effective data
bandwidth (from 22 Mbps to 44 Mbps in one embodiment)
because two bits are transmitted/received during each clock
period. More sophisticated coding techniques, which enable
devices to transmit/receive more than two bits per clock
period, would of course increase bandwidth even further. As
noted above, bi-level coding still would be utilized for the
system command stream, to ensure that all devices could
interpret system commands.

In addition, just as switching routers increase network
bandwidth by providing alternate paths (via multiple net-
work arms) for the data stream, thus eliminating traffic (i.e.,
particular data stream channels) from “unnecessary” net-
work arms (i.c., those which do not contain source or
destination devices for such data stream channels), indi-
vidual network devices can increase network bandwidth in
a similar manner. They can act as “mini” switching routers
by providing alternate paths for the data stream, albeit in a
more limited fashion (i.e., not necessarily providing the full
flexibility of routing any network nibble stream on one path
to any network nibble stream on any other path).

For example, bidirectional transmission and receive driv-
ers could be employed to double again the effective data
bandwidth (to 88 Mbps, assuming 5-level coding as well) by
transmitting and receiving data simultaneously in both direc-
tions on the same pair of wires. Finally, dual transmission
and receive drivers could be employed (assuming certain
wiring restrictions are met, as discussed below) to double yet
again the effective data bandwidth (to 176 Mbps, assuming
both 5-level coding and bidirectionally as well) by trans-
mitting and receiving data simultaneously on both pairs of
available wires. Of course, if additional pairs were made
available, even greater bandwidth increases would be pos-
sible.

In one embodiment, particular data stream channels
would be allocated by a smart system controller among these
available paths. This allocation would be reflected in the
“mini routing tables” on these devices, in a manner similar
to the routing tables present on switching routers, as
described above.
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FIGS. 19(a)-19(e) illustrate how such devices can be
connected to the two twisted pairs of wires in one embodi-
ment of a logical ring network. For example, FIG. 19(a)
illustrates how network devices with single unidirectional
transmission and receive drivers (of the type thus far dis-
cussed above), such as device 800, are connected in between
incoming (R-G) pair of jack 802 and outgoing (R-G) pair of
jack 804. As explained above, if no other network device is
daisy-chained to jack 804 (for example), then a loopback
terminator would connect outgoing (R-G) pair of jack 804
back to incoming pair (Y-B) of jack 804 to send the signal
back into and then out of device 800 via outgoing (Y-B) pair
of jack 802. In any event, the receive driver 810 (in between
incoming transformer 806 and device adapter 814) and the
transmission driver 812 (in between outgoing transformer
808 and device adapter 814) operate in one direction only
along a single pair of wires.

FIG. 20 illustrates how the connectivity of network
devices at the junction boxes of logical ring network 250e
remains essentially the same whether such devices have
5-level, bidirectional and/or dual (or merely single
undirectional—ct. FIG. 2(c) above) transmission and
receive drivers. As explained below, devices having dual
transmission and receive drivers require that both pairs from
a physical loop (see twisted pair segments 290e/291¢/292¢
and 280e/281¢/282¢ at junction box 226¢), rather using one
pair as the incoming pair and the other as the outgoing
“return path” pair (see, e.g., twisted pair segments 244¢ at
junction box 228e¢) to complete the loop.

Bidirectional/5-level devices 252¢, 254¢, 256¢, 258e,
260¢e, 262¢, 264¢, 266¢ and 268¢ arec connected,
respectively, to junction boxes 216e¢, 224¢, 226¢, 230¢, 226¢
(again), 228e¢, 218¢, 220¢ and 222e, via jacks 270-le,
270-2¢, 270-3¢, 270-4e, 270-5¢, 270-6¢e, 270-7¢, 270-8e,
and 270-9¢. Segment 232¢ might, for example, be connected
to a POTS telephone network (in which case device 252¢
could be a POTS adapter device, discussed in greater detail
below). As noted above, despite the presence of alternate
paths, the system command stream still propagates along
default network paths 205¢ (shown in dotted lines).

Starting, for example, at device 252¢, information would
be transmitted along one pair of wiring segments 234e, 240¢e
and 242¢ to device 254¢, then along the other pair of
segment 242¢ and segment pair 290¢ (entering the dual-
device physical loop, discussed below) to one set of drivers
in dual device 256¢ (which, in this example, routes/cross-
couples the information onto its other pair—segment pair
281le), then along segment pair 281e to one set of drivers in
dual device 260¢, then along segment pair 282¢ and one pair
of segment 246¢ to device 258¢, then back along the other
pair of segment 246¢ and segment pair 280e, returning to the
other set of drivers in dual device 256e (which again
routes/cross-couples the information onto its other pair—
segment 291¢), then along segment pair 291e to the other set
of drivers in dual device 260e¢, then along segment pair 292¢
and (leaving the dual-device physical loop) one pair of
segment 244¢ to device 262¢, and then along the other pair
of segments 244¢ and 240¢ to device 264¢, then along one
pair of segment 236¢ to device 266¢, then along one pair of
segment 238e to device 268¢, and finally returning to device
252¢ along the other pair of segments 238¢, 236eand 234¢.

1. 5-Level Coding

Multi-level coding techniques are in widespread use in the
telecommunications and networking industries as a way of
increasing effective bandwidth. For example, various recent
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modem standards and 100-Mbit Ethernet standards utilize
multi-level coding techniques such as 5-level coding. Vari-
ous other modulation techniques, including “quadrature
phase shift keying” (QPSK) and “quadrature amplitude
modulation” (QAM), could of course also be employed.

Devices employing standard bi-level coding techniques
encode/decode only low (0) and high (1) values of analog
signals, whereas devices employing multi-level coding tech-
niques encode/decode three or more different levels. Five-
level coding techniques use five distinct analog values to
represent two bits of data.

Network devices having 5-level transmission and receive
drivers would connect to a logical ring network in the same
manner as described above, as illustrated in FIG. 20 (cf. FIG.
2(c) above). Ignoring the dual and bidirectional drivers also
illustrated in FIG. 20 (and discussed below), it can be seen
that there is no change to the propagation of signals along
the default network path, or along any other path (e.g., if a
switching router were added). Information simply is trans-
mitted and received at twice the rate.

Although 5-level driver implementations are well known
in the art, there exist multiple ways in which a network
device having 5-level drivers could interpret the two bits of
data. For example, if network devices merely interpret the
same 128-nibble frames (in one embodiment) as arriving
twice as fast (i.e., at a 88.2 kHz frame rate), the information
might be of little use, in that 44.1 kHz audio samples would
have to be buffered, and most other digital media is sampled
even less frequently. For certain applications requiring
higher sample rates, however, 88.2 kHz frame rates could
potentially be useful.

In the context of digital media streams, however, 44.1 kHz
frame rates typically are sufficient. Thus, rather than increase
the frame rate, the size of the frame could be doubled—in
one embodiment, to 256 nibbles. For downward compat-
ibility with network devices that do not have 5-level drivers,
the system command stream could continue to be transmit-
ted using bi-level coding. The data stream, however, would
be double the size (248 nibbles), and thus could carry twice
the data bandwidth (i.e., twice as many digital stereo audio,
digital video, telephone, and other digital media streams,
including embedded asynchronous data).

Moreover, network devices having 5-level drivers would
work within the system command stream architecture as
described above. In particular, the 248-nibble data stream
could be considered two “banks” of 124-nibble data. The
stream-related system commands (e.g., TALK ASSIGN)
would continue to use a 128-bit Transmit Enable Mask and
a one-byte Bank field to identify particular network nibble
streams.

Thus, aside from the additional complexity (and cost) of
multi-level coding drivers, this technique is a relatively
straightforward way of doubling the effective bandwidth of
a logical ring network, particularly if adopted by all devices
on the network. Bi-level devices can coexist on the same
network as multi-level coding devices (particularly if the
system command stream utilizes bi-level coding), though
data stream compatibility would require certain modifica-
tions to the architecture—e.g., dedicating a portion of the
data stream to bi-level coding, providing a bi-level to
multi-level adapter to “upgrade” legacy devices, etc.

2. Bidirectional Transmission and Receive Drivers

Whether the transmission and receive drivers in a network
device employ bi-level or multi-level coding, such drivers
can be designed with bidirectional capabilities using well-
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known techniques. Network devices having bidirectional
drivers are, in effect, a form of “mini” switching router,
capable of routing data along one of two paths using the
same pair of wires.

Although bidirectional transmission and receive drivers
can be implemented using well-known techniques, devices
employing such drivers in a logical ring network must
determine the path (i.e., clockwise or counterclockwise)
along which particular information will be routed. For
example, in one embodiment, during network initialization,
clock-capable bidirectional devices initiate and transmit
CLOCK ID (and other initialization-related) system com-
mands along both paths (directions), similar to the initial-
ization process described above for switching routers. Only
when such a device receives its CLOCK ID back on both
paths (assuming both paths are “active™) will it be deemed
elected the network clock device. The path used in electing
the network clock device will become the default network
path.

FIG. 19(c) illustrates how devices having bidirectional
drivers are connected to a logical ring network. Note that all
drivers are connected to a single (R-G) pair of wires—i.c.,
because bidirectional devices transmit and receive data in
both directions on this same pair of wires.

Although shown as two separate device adapters 868 and
878, some of the device functionality need not be duplicated.
For example, although a device having bidirectional drivers
likely would have two sets of transmit, receive and clock
processing logic, it might share system command stream and
data stream processors.

In any event, device adapters 868 and 878 are connected
in between bidirectional (R-G) pair of jack 852 and bidi-
rectional (R-G) pair of jack 854. As explained above, if no
other network device is daisy-chained to jack 854 (for
example), then a loopback terminator would connect bidi-
rectional (R-G) pair of jack 854 back to “return path” pair
(Y-B) of jack 854 to send the signal back into and then out
of device 850 via “return path” (Y-B) pair of jack 852.

Receive driver 874 (in between incoming transformer 870
and device adapter 878) and transmission driver 876 (in
between outgoing transformer 872 and device adapter 878)
operate in one direction, while receive driver 866 (in
between incoming transformer 862 and device adapter 868)
and transmission driver 864 (in between outgoing trans-
former 860 and device adapter 868) operate in the other
direction. Standard echo cancellation and equalization cir-
cuitry 856 and 858 enables incoming and outgoing signals
on the same (R-G) pair of wires to be directed to/from the
appropriate transmission and receive drivers without signifi-
cant interference.

FIG. 19(e) illustrates one embodiment of an adapter for
enabling unidirectional devices, such as device 960, to work
in conjunction with bidirectional devices on a logical ring
network, in effect by adding a second set of drivers (cf.,
drivers 864 and 866 in FIG. 19(¢)) to a set of unidirectional
drivers (cf., drivers 810 and 812 in FIG. 19(a)). Before
adding unidirectional-bidirectional adapter 980, information
arrives on the R-G pair of jack 962, propagates to network
adapter 970 (via incoming transformer 966 and receive
driver 970), and then out of the R-G pair of jack 964 (via
transmit driver 972 and outgoing transformer 968).

Once adapter 980 is added, “bidirectional” information
coming into the R-G pair of jack 964 can be accommodated
(i.e., “passively” passed through the device). Information
arrives at the R-G pair of jack 964, and passes through echo
cancellation and equalization circuitry 984, where it is
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passed directly through receive driver 992 (via incoming
transformer 988) and transmit driver 990, and then out of the
R-G pair of jack 962 (via outgoing transformer 986 and echo
cancellation and equalization circuitry 982).

Returning to FIG. 20, it can be seen how bidirectional
devices, such as 5-level/bidirectional device 252¢, can trans-
mit information in either direction on logical ring network
250e. Unlike 5-level drivers, which double either the frame
size or the frame rate, bidirectional drivers, in effect, trans-
mit and receive two frames of the same size at the same rate,
but along different paths (directions) using the same pair of
wires. The result, however, is the same—i.e., the effective
bandwidth from one network device to another is doubled.

As noted above, one of these directions (e.g., clockwise)
becomes the default network path for the system command
stream. Data on the data stream, however, can be transmitted
and received in both directions. In this regard, bidirectional
and/or 5-level devices all can adapt to the same concept of
multiple (i.e., two) banks of 124-nibble data streams. One
bank could be deemed the “clockwise” path and the other
bank the “counterclockwise” path. If network devices have
both 5-level and bidirectional capabilities, the effective data
bandwidth of a 28.224 MHz (symbol rate) logical ring
network can effectively be quadrupled (from 22 Mbps to 88
Mbps).

3. Dual Transmission and Receive Drivers

Whether a network device has unidirectional or bidirec-
tional transmission and receive drivers, and whether such
drivers use bi-level or multi-level coding, such device can
use multiple of these transmission and receive drivers to
increase the effective overall network bandwidth of a logical
ring network. In one embodiment of a logical ring network
using two twisted pairs of wires, dual transmission and
receive drivers wold enable a network device to transmit and
receive information simultaneously on both pairs.

FIG. 19(b) illustrates how devices having dual transmis-
sion and receive drivers are connected to a logical ring
network. Unlike bidirectional devices, dual devices utilize
one pair of wires for each set of transmission/receive drivers.
As with bidirectional devices, the two separate device adapt-
ers 834 and 844 of dual device 820 could be integrated, e.g.,
to share functionality such as system command stream and
data stream processors.

Device adapter 834 is connected in between incoming
(R-G) pair of jack 822 and outgoing (R-G) pair of jack 824.
As explained above, if no other network device is daisy-
chained to jack 824 (for example), then a loopback termi-
nator would connect outgoing (R-G) pair of jack 824 back
to incoming pair (Y-B) of jack 824 to send the signal back
into and then out of the device (without being processed by
adapter 844) via outgoing (Y-B) pair of jack 822.

Receive driver 830 (in between incoming transformer 826
and device adapter 834) and transmission driver 832 (in
between outgoing transformer 828 and device adapter 834)
operate on the R-G pairs, while receive driver 842 (in
between incoming transformer 838 and device adapter 844)
and transmission driver 840 (in between outgoing trans-
former 836 and device adapter 844) operate on the Y-B pairs.

FIG. 19(d) illustrates a hybrid device 900 having dual
(two sets of) bidirectional transmission and receive drivers.
Here too, the separate adapters 918, 928, 938 and 948 may
well be integrated to share functionality, such as system
command stream and data stream processors.

Information arriving on the R-G pair of jack 902 will pass
through echo cancellation and equalization circuitry 906,
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into adapter 928 (via incoming transformer 920 and receive
driver 924), and then out either R-G pair of jack 904 (via
transmit driver 926, outgoing transformer 922 and echo
cancellation and equalization circuitry 908) or routed/cross-
connected to Y-B pair of jack 904 (via transmit driver 946,
outgoing transformer 942 and echo cancellation and equal-
ization circuitry 952). Similarly, information arriving on Y-B
pair of jack 902 will pass through each cancellation and
equalization circuitry 950, into adapter 948 (via incoming
transformer 940 and receive driver 944), and then out either
Y-B pair of jack 904 (via transmit driver 946, outgoing
transformer 942 and echo cancellation and equalization
circuitry 952), or routed/cross-connected to R-G pair of jack
904 (via transmit driver 926, outgoing transformer 922 and
echo cancellation and equalization circuitry 908).

Analogously, from the other side of device 900, it can be
seen that information arriving on the R-G pair of jack 904
will pass through echo cancellation and equalization cir-
cuitry 908, into adapter 918 (via incoming transformer 912
and receive driver 916), and then out either R-G pair of jack
902 (via transmit driver 914, outgoing transformer 910 and
echo cancellation and equalization circuitry 906) or routed/
cross-connected to Y-B pair of jack 902 (via transmit driver
934, outgoing transformer 930 and echo cancellation and
equalization circuitry 950). Similarly, information arriving
on Y-B pair of jack 904 will pass through echo cancellation
and equalization circuitry 952, into adapter 938 (via incom-
ing transformer 932 and receive driver 936), and then out
either Y-B pair of jack 902 (via transmit driver 934, outgoing
transformer 930 and echo cancellation and equalization
circuitry 950), or routed/cross-connected to R-G pair of jack
902 (via transmit driver 914, outgoing transformer 910 and
echo cancellation and equalization circuitry 906).

Because both R-G and Y-B pairs are used in dual devices,
no dedicated free pair remains for use as the “return path” to
complete the default network path. Such devices could be
placed such that both pairs form a physical loop, as illus-
trated in FIG. 20. Alternatively, such devices (e.g., a dual-
bidirectional device at the end of a “chain”) could route
signals from the R-G to the Y-B pair of its jack, though this
would limit the effective data rate to that of a single driver
device.

It can be seen that dual (as well as 5-level and
bidirectional) devices 256¢ and 260e not only are connected
to each other (via segment pairs 281e and 291e), but that
each of dual devices 256e and 260e also is connected to
junction box 226e (by respective jacks 270-3e and 270-5¢),
thereby forming a physical loop on both pairs. At least one
such dual device in a logical ring network can route/cross-
connect the information from one pair of the other pair (e.g.,
from segment pair 290e to segment pair 281e, as discussed
above) to propagate the system command stream.

With respect to the data stream, dual devices operate
similarly to 5-level and bidirectional devices, in that they too
can adapt to the same concept of multiple (i.e., two) banks
of 124-nibble data streams. One bank could be associated
with the R-G path and the other bank associated with the Y-B
path. If network devices have both 5-level and bidirectional
capabilities, the effective data bandwidth of a 28.224 MHz
(symbol rate) logical ring network can effectively be
octupled (from 22 Mbps to 176 Mbps).

G. Network Device Components on a Synchronous Logi-
cal Ring Network

Having described the architecture and operation of a
synchronous logical ring network, a core network adapter
and certain key “network-level” hardware components such
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as hot-pluggable smart jacks and switching routers, the
architecture of key “application-level” components of indi-
vidual network devices can be explained. An understanding
of such network device components is essential to appreciate
the “system-level” advantages inherent in the operation of
network devices on a synchronous logical ring network.

It should be emphasized that the components described
below are not necessarily network devices themselves. It
will become apparent from the discussion below that such
components can be combined in various ways to form
network devices addressing specific applications. Such com-
ponents are, in essence, a set of building blocks that can be
combined to build a wide range of consumer electronics and
other devices.

As is apparent from the architecture of the network and
core network adapter described above, devices on a syn-
chronous logical ring network need not be “smart” (i.e., they
need not contain CPUs or even memory), and thus can be
quite inexpensive. The following architectural description of
network device components will further illustrate the fact
that devices on a synchronous logical ring network can be
implemented entirely with hardware state machines. When
smart controller devices are added to the network, however,
the functionality of the system can be enhanced significantly,
as is also illustrated below.

One significant consequence of the architecture of a
synchronous logical ring network as described above is that
consumer eclectronics and other network devices can be
restructured, with their functionality distributed throughout
the network, to provide simpler network setup and device
interconnection, greater flexibility in operation, and
enhanced audio and video quality. Such advantages are
highlighted below in the context of individual device com-
ponents and system applications.

The network device components described below include
an interface to a synchronous logical ring network, having at
least one set of input and output (RJ-11 or RJ-12) jacks,
interface transformers, transmission and receive drivers and
a core network adapter, substantially as described above.
The following architectural description therefore focuses on
the applications portion of such device components.

1. Logical Ring Network Prototype Board

FIG. 21(a) illustrates one embodiment of a logical ring
network prototype board 3500 (with a logical ring network
interface via core network adapter 3508 having interface
jacks 3502, transformers 3504 and transceiver 3506 con-
nected thereto), which can be used by developers to develop
and debug network hardware and software devices and
applications. It is designed to interface to a wide range of
diagnostic and debugging equipment and systems.

Prototype board 3500 includes 64K ROM 3510 and core
network adapter 3508, connected via data 3514 and address
3516 buses and J2 bus port 3512, which permits local device
peripherals adapter 3508 to interface with RAM, ROM,
hardware registers and other local device peripherals. Core
network adapter 3508 also includes a J1 debug port 3524
which supports debugging (via bus 3526) using the Xilinx
Xchecker probe.

General purpose I/O port 3518, including two I/O buses
3520 and 3522, enables adapter 3508 to interface directly to
logical ring network system command and data streams, as
well as I°C serial streams. The timing of adapter 3508 can
be controlled externally via voltage-controlled crystal oscil-
lator (VCXO) 3532. A 16-position input switch 3528 might
be read by other network devices for inter-device commu-
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nication during system debugging (or used internally to
configure the device).

2. Stereo Audio Components

a) Stereo Audio A/D and D/A Adapter

FIG. 21(b) illustrates one embodiment of an analog stereo
audio adapter 3550 (with a logical ring network interface via
core network adapter 3558 having interface jacks 3552,
transformers 3554 and transceiver 3556 connected thereto),
which can be used for a variety of purposes, including as an
adapter interface to legacy analog audio input/output
devices. Adapter 3550 provides a synchronous logical ring
network interface to devices such as analog CD players,
tuners, preamplifiers, power amplifiers, VCRs, laserdisc
players, and virtually any other device with line-level analog
audio inputs and/or outputs.

Stereo Audio A/D-D/A Adapter 3550 includes 18-bit A/D
converter 3568 which receives left 3573 and right 3574
analog audio signal inputs, which it samples/digitizes and
provides to core network adapter 3558, clocked by sample
clock 3572 (which is provided by adapter 3558). Adapter
3550 also provides left 3564 and right 3566 analog audio
signal outputs (from 18-bit D/A converter 3560, which
converts digital stereo audio data 3562 provided by network
adapter 3558) to legacy analog audio devices, such as VCRs,
preamplifiers and power amplifiers, which receive line-level
analog stereo audio inputs.

In one embodiment, unbalanced line-level analog stereo
audio inputs 3573 and 3574 and outputs 3564 and 3566 are
provided via high-quality Rotrium RCA phono connectors.
18-bit Crystal Semiconductor model 4331 D/A converter
3560 and model 5331 A/D converter 3568 (from Crystal
Semiconductor Corp. of Austin, Tex.) meet audiophile stan-
dards. D/A converter 3560 also includes a digital overload
detection circuit (not shown), which will shut down audio
output to protect speakers, power amplifiers and human ears,
and a programmable sample delay of up to eight audio
samples for critical coherence applications. A gain control
stage may be used in conjunction with D/A converter 3560
to provide quieter operation.

b) Monophonic Audio D/A and Integrated Power Ampli-
fier

FIG. 21(c¢) illustrates one embodiment of a monophonic
analog audio adapter 3575 (with a logical ring network
interface via core network adapter 3583 having interface
jacks 3577, transformers 3579 and transceiver 3581 con-
nected thereto), which can be used for a variety of purposes,
including as a logical ring network adapter interface to a
legacy analog audio output device, such as a loudspeaker.

Monophonic Audio D/A and Integrated Power Amplifier
3575 provides monophonic analog audio output 3587 (e.g.,
to a loudspeaker) from 5-100 watt Class D high-
performance power amplifier 3585 (which receives gain
control 3589 from network adapter 3583), which amplifies
monophonic line-level analog audio output 3597 from 18-bit
D/A converter 3591 (also a Crystal Semiconductor model
4331), which converts a single channel of digital audio data
3595 provided by network adapter 3583 (which is clocked
by sample transmit clock 3593). Module 3575 can provide
oversampling, sample rate conversion, crossover functions
and negative feedback interfaces for D/A converter 3591,
amplifier 3585 and the speaker. Phantom power could be
shared on a single bidirectional twisted-pair cable. High-
efficiency Class D amplifier 3585 maximizes the power
delivered by any phantom powering, as well as any power
stage devices in the speaker.
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c) Digital Preamplifier and Mixer

FIG. 21(d) illustrates one embodiment of relatively com-
plex digital signal processing functionality—Digital Pream-
plifier and Mixer 4500—which directly handles up to 16
analog audio inputs and a digital audio input, which can be
mixed with digital audio data from devices on a synchronous
logical ring network, the resulting output of which can be
provided to other network devices or directly to devices
having MIDI, AES/EBU and/or RS232 serial interfaces. It
should be noted that component 4500 provides digital
preamplifier functionality, in essence, by combining a gen-
eral purpose digital signal processing component (shown
below local bus 4514) with various analog and digital audio
inputs and outputs.

Digital Preamplifier and Mixer 4500 connects to a syn-
chronous logical ring network via core network adapter
4550, which interfaces via two-arm switching router 4580
(which could be integrated into network adapter 4550) to
interface jacks 4592 and 4593, transformers 4594 and 4595,
and transceivers 4596 and 4597). Input signals 4582 and
4586 and output signals 4584 and 4588 from transceivers
4596 and 4597 are routed between two network zones by
two-arm switching router 4580, and interface with network
adapter 4550 via input signal 4585 and output signal 4587.
Network adapter 4550 also includes an on-board RISC CPU
and resident software (not shown) for digital signal
processing, signal routing and network interface
functionality, as well as 64K of 16-bit SRAM 4555.

Network adapter 4550 interfaces with a Motorola 56302
digital signal processor (DSP) 4000 (which includes 24 MB
of DRAM 4545) via host interface bus 4570, DMA bus 4560
and two RS232 serial interfaces 4554 and 4556 for exchang-
ing stream data (e.g., network nibble streams) with the
logical ring network. DSP 4000 processes digital data from
the logical ring network (via network adapter 4550) and
from analog/digital inputs to Digital Preamplifier and Mixer
4500 (discussed below).

Network adapter 4550 interfaces with the direct analog/
digital inputs/outputs of Digital Preamplifier and Mixer
4500 via local bus 4514, which interfaces with MIDI trans-
ceiver 4502 (having 5-pin DIN inputs 4516 and outputs
4518 to MIDI-based devices), RS232 transceiver 4504
(having serial interface 4520 for remote control and
debugging), Audio Engineering Society/European Broad-
cast Union (AES/EBU) interfaces 4506 and 4508 (having
two digital stereo audio outputs 4522 and 4524 and one
digital stereo audio input 4526, respectively, for interfacing
with digital audio devices via 3-pin XIL.R connectors), head-
phone power amplifier 4510 (having % inch TRS phone plug
for providing stereo audio headphone output 4530), and A/D
D/A Array 4512 (having Crystal Semiconductor 4331 D/A
and 5331 A/D converters, with 16 stereo line-level audio
inputs 4538, two auxiliary line-level inputs 4536 and outputs
4534, two main outputs 4532, two monitor outputs 4533 and
a stereo headphone output 4539).

Digital Preamplifier and Mixer 4500 can be mounted in a
standard 19-inch RETMA rack, and occupies a single (134
inch high) rack space. The rack ears are removable so the
unit can be used on a desktop or shelf.

d) AC-3 Surround Sound™ Processor

FIG. 21(e) illustrates one embodiment of moderately
complex digital signal processing functionality—AC-3 Sur-
round Sound™ Processor 3950—which distributes (via two
network arms of a synchronous logical ring network) AC-3
Surround Sound™ (Left Main, Right Main, Center,
Subwoofer, Left Rear and Right Rear) digital audio channels
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to any power amplifier/speaker network devices in a home
theater environment.

AC-3 Surround Sound™ Processor 3950 connects to a
synchronous logical ring network via core network adapter
3972, which interfaces via two-arm switching router 3992
(which could be integrated into network adapter 3972) to
interface jacks 3952 and 3958, transformers 3954 and 3960,
and transceivers 3956 and 3962). Input signals 3964 and
3968 and output signals 3966 and 3970 from transceivers
3956 and 3962 are routed between two network zones by
two-arm switching router 3992, and interface with network
adapter 3972 via input signal 3994 and output signal 3996.
Network adapter 3972 also includes integrated AC-3 support
(not shown) to interface with AC-3 Sound Processor 3974
(e.g., a standard Zoran ZR38600, manufactured by Zoran
Corp. of Santa Clara, Calif.), as discussed below.

Network adapter 3972 interfaces with AC-3 Sound Pro-
cessor 3974 (which uses external DRAM 3988) to decode
digital audio from the logical ring network, using a host
control interface 3986 (e.g., I°C). Network adapter 3972
transmits encoded digital audio stream 3976 and sample
clock 3978 to AC-3 Sound Processor 3974, which decodes
stream 3976 into six AC-3 channels of digital audio, and
transmitted back to network adapter 3972 Left and Right
Main channel 3980, Left and Right Rear channels 3982 and
Center/Subwoofer channels 3984.

e) Stereo Audio in a Synchronous Logical Ring Network

It should be emphasized that a synchronous logical ring
network architecture as described above permits both digital
and legacy analog audio source devices (e.g., CD players,
FM Tuners, VCRs, laser disc players, DVD players, DSS
and analog satellite receivers, and others) not only to inter-
face to a digital network, but to provide higher quality
(audiophile) sterco audio output by eliminating many of the
redundant A/D and D/A conversion and analog signal pro-
cessing stages which degrade audio quality.

For example, source stereo audio signals are provided
either in digital form or converted (once) by a component
such as A/D converter 3560 in Stereo Audio A/D-D/A
Adapter 3550, illustrated in FIG. 21(b) above. At that point,
they remain on the network as left/right channels of line-
level stereo audio. Such audio signals can be processed
digitally (e.g., by components such as Digital Preamplifier
and Mixer 4900 from FIG. 21(d) and AC-3 Surround
Sound™ Processor 3950 from FIG. 21(e)) without any
degradation in performance.

Moreover, significant additional flexibility is provided by
this distributed architecture. Source devices can be con-
nected to the network at any point, using one of many analog
device adapters, rather than all being tethered to one par-
ticular device (such as a legacy preamplifier) by fixed audio
cables. This distributed architecture permits the line-level
audio from any source network device to be processed by
any other signal processing network device with no degra-
dation in sound quality.

For example, a network device might extract low, medium
and high frequencies from a line-level stereo audio source,
and provide them over the network to three (or more)
different devices, such as integrated monophonic power
amplifiers and digital speakers, or to power amplifiers con-
nected to legacy analog speakers. Digital or analog speaker
drivers might be separate network devices (such as a woofer,
tweeter or other single speaker driver) or integrated together
into one network device. Digital crossover processing can be
performed by one network device, and provided to legacy
analog speakers, providing higher-quality audio than legacy
speakers with integrated analog crossover circuitry.
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Integrated monophonic power amplifiers/digital speakers
can provide inexpensive yet extremely high-quality audio,
leaving all signal processing to independent DSP-based
network devices. Certain powered amplifiers (with relatively
low power requirements) could even be trickle-charged over
the network (using phantom power as discussed above).
Only one A/D conversion (if any) need take place to provide
the stereo audio source to the network. At the other end, only
one D/A conversion need take place to generate the final
audio signal. The result is virtually unlimited flexibility in
mixing and matching source and destination devices, and in
providing digital processing functionality, with minimal
degradation of quality from the original audio source device.

Finally, not only can legacy twisted pair telephone wire be
reused (as described in great detail above), but legacy
speaker wire also can be reused—not only for connecting
legacy speakers to a synchronous logical ring network, but
also for providing a bidirectional signal, which can accom-
modate both network data and power on the same pair of
wires, as described above.

3. Digital Telephony Components

a) Digital Telephony in a Synchronous Logical Ring
Network

Before describing the architecture of digital telephony
components, it is important to note a distinction between
digital audio streams generated from telephone conversions
and “ordinary” digital audio streams, such as CD-quality
stereo audio. Due to the relatively low data rate required for
telephone-quality audio, only one nibble of data is transmit-
ted per frame (in one embodiment).

Yet, a digital “sample” of telephone-quality audio requires
four nibbles of data. To avoid corrupting the data when a
telephone call begins, the stream should begin on the appro-
priate 4-nibble boundary. A “start telephone conversation”
marker (e.g., a “T” symbol) therefore is supplied (in one
embodiment) at the start of each call to establish this
boundary,. This “out-of-band” sample synchronization
marker and other commands/information (e.g., which line is
ringing, caller ID, etc.) can be embedded, for example, as
custom commands in the least significant nibble of a
sequence of four-nibble samples.

For example, a “T” symbol in the least significant nibble
could indicate that the next sample will be voice data (also
used for reconstructing the voice data overwritten by the “T”
symbol), followed by a sample containing the data portion
of the command in its least significant nibble, followed by
the rest of the 4-nibble data stream samples. Variable-length
extended commands could be accommodated by an exten-
sion command value (e.g., “OxF”), which provides for two
additional pairs of alternating voice data/command samples.
This would accommodate two nibbles of command data, the
second of which could be another “OxF” symbol, providing
for two more nibbles of command data, and so on until the
desired variable number of command data nibbles has been
specified.

The component that interfaces to the POTS telephone line
could transmit such markers before transmitting repeating
16-bit samples (representing the telephone call stream),
perhaps with other custom commands embedded in the least
significant nibble of such samples, as described above.
Telephone devices would “sync up” to this “missing”
sample whenever a new call was initiated.

To replace the analog POTS telephone system in a house,
one would need a POTS line interface component (i.e., to
digitize the incoming conversation and convert it back to

10

15

20

25

30

35

40

45

50

55

60

65

96

analog once it leaves the logical ring network), some form
of PBX or other controller (typically any smart controller
device (to handle the call processing functionality), and a
digital handset (which could range from a simple “dumb”
phone to a complex device with an advanced user interface
beyond that found even in high-end legacy PBX handsets in
use today. Simple POTS and ISDN line interface compo-
nents and a digital handset are discussed below.

b) PSTN 2-Line Telephone Adapter

With reference now to FIG. 21(f), PSTN 2 -Line Tele-
phone Adapter 3600 provides a logical ring network inter-
face to two Public Switched Telephone Network (“PSTN”)
analog telephone lines. Telephone adapter 3600 interfaces to
a logical ring network via core network adapter 3608, which
is connected to interface jacks 3602 via transformers 3604
and transceiver 3606. This component is based on an off-
the-shelf Cermetek CH1838 DAA Line Interface device,
manufactured by Cermetek Microelectronics, Inc., of
Sunnyvale, Calif.

Adapter 3600 receives incoming analog POTS telephone
streams 3632 and 3634, respectively, via Data Access
Arrangement (DAA) interfaces 3628 and 3630 (an analog
hybrid which level-conditions the analog signal to meet
PSTN specifications), and digitizes such streams, e.g., via
18-bit A/D converter 3618 (based upon a sample clock 3622
from network adapter 3608), which transmits the resulting
digital audio streams 3620 to network adapter 3608. These
digital audio streams are 16-bit sampled at a rate of 11.025
kHz.

The digital audio streams received from the logical ring
network (sent from network adapter 3608 via line 3612) are
converted by D/A converter 3610 to analog signals, sent
along lines 3614 and 3616, respectively, for transmission to
their PSTN lines via DAA interfaces 3628 and 3630.

Upon detecting a “ring” on analog PSTN lines 3632
and/or 3634, DAA interfaces 3628 and 3630 transmit
respective “ring indicate” signals 3636 and 3638 to network
adapter 3608. Similarly, when a device on the logical ring
network (e.g., a digital handset, a computer modem, etc.)
needs to use these analog PSTN lines 3632 and/or 3634,
network adapter 3608 transmits respective “offhook” signals
3640 and 3642 to DAA interfaces 3628 and 3630. Call
processing functionality, Caller-ID, DTMF dialing and
multi-line conferencing can be provided by any smart con-
troller device on the logical ring network.

¢) Digital Telephone Set

Digital Telephone Set 3650, illustrated in FIG. 21(g),
provides a user a digital telephone that interfaces directly to
a logical ring network (via core network adapter 3658,
connected to jacks 3652 via transformers 3654 and trans-
ceiver 3656). This device is based on an off-the-shelf
telephone/speakerphone assembly, such as the AT&T 800
series, manufactured by AT&T Corp., Murray Hill, N.J.
Digital Telephone Set 3650 also preferably includes a digital
hybrid audio processor (not shown) to permit side tone
injection, level control, feedback elimination and
conferencing, i.e., simulating the functionality of an analog
telephone set.

Digital Telephone Set 3650 includes a handset 3678 (with
off-hook sensor 3680, that signals network adapter 3658), a
speakerphone (speaker 3682 and microphone 3684), a key-
pad 3686 for user input 3690 to network adapter 3658), and
LED/LCD display 3688 (for messages 3692, such as the
number dialed by the user, caller ID, etc.). Analog audio
3676 generated by a user of handset 3678 is transmitted to
18-bit A/D converter 3668 (as is audio from microphone
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3684), where it is digitized (based upon a sample clock 3672
from network adapter 3658) and transmitted as a digital
audio stream 3670 to network adapter 3658. Digital audio
3662 from the logical ring network is digitized by D/A
converter 3660, which transmits resulting analog audio 3664
and 3666 to speaker 3682 and handset 3678, respectively.

It should be noted that two independent audio streams
(sent on lines 3664 and 3666 (incoming) and 3674, 3676
(outgoing), respectively) are supported by Digital Telephone
Set 3650. One audio stream (carried via 3664, 3674) is
directed to the speakerphone subsystem 3682 and 3684,
while the other audio stream (carried via 3666, 3676) is
directed to handset 3678. This allows the speakerphone 3682
and 3684 to be used as an intercom, baby monitor or even
radio, simultaneously with handset 3678.

d) ISDN Line Telephone Interface

ISDN Line Telephone Interface 3700, illustrated in FIG.
21(h), provides a logical ring network interface to an ISDN
connection 3714 to the Public Switched Telephone Network
(via core network adapter 3708, which is connected to
interface jacks 3702 via transformers 3704 and transceiver
3706). Both ISDN B-channels and the D-channels are pro-
cessed as a single asynchronous logical ring network stream.
ISDN interface 3700 is based on an off-the-shelf ISDN NIC
3710/interface ASIC 3716 which control the ISDN PSTN
lines (based upon respective control signals 3712 and 3720
from network adapter 3708). Because the source signal from
the ISDN PSTN is digital, such digital data 3722 can be
transmitted directly (without any A/D or D/A conversions,
or other signal processing) between ASIC 3716 and network
adapter 3708.

Similar line interface components could be devised for
DSL and ADSL phone lines, T1, T2, T3, ATM, as well as for
“cable phone” gateways. All such components could provide
the line interface for “dumb” telephone adaptors, cordless
RF phones, etc.

4. Broadcast Adapters

Even as more devices move to support digital media, there
remains a need to interface to “analog” broadcast signals
(even if carrying digital data) in order to distribute such
digital media across a logical ring network. Typical
components, for interfacing to FM, NTSC (VHF/UHF/
CATV) and DSS broadcast signals, are discussed below.
Similar components could be devised for AM, shortwave
(SW) and longwave (LW) broadcast signals as well.

a) FM/RDS Tuner

FM/RDS Tuner components 3730, illustrated in FIG.
21(7), receives standard FM and FM stereo broadcasts in the
88.1 MHz to 107.9 MHz FM broadcast band, and digitizes
them for use (e.g., by speakers, telephone handsets, or any
other audio output component) on a logical ring network
(via core network adapter 3738, which is connected to
interface jacks 3732 via transformers 3734 and transceiver
3736). This component 3730 is based on an off-the-shelf
Philips FM Tuner subassembly 3740. All receiver function-
ality can be controlled via logical ring network system
commands (or proprietary inter-device commands).

FM Tuner 3740 receives an FM or FM stereo broadcast
via 75 Ohm, F-Connector antenna input 3744. High-quality
analog to digital conversion (via A/D converter 3756, con-
trolled by external clock signal 3758 from network adapter
3738) of left 3754 and right 3752 analog audio channels
from FM Tuner 3740 produces a stereo or monophonic
digital audio stream (fed to network adapter 3738 via line
3759). Radio Data System (“RDS”) data decoder 3748 feeds
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network adapter 3738 with asynchronous RDS data 3750
(embedded in a synchronous logical ring network data
stream channel) transmitted by the tuned FM station via
RDS subcarrier 3746. Network adapter 3738 controls FM
Tuner 3740 via a standard I°C control bus 3742.

b) TV/CATV/VBI Tuner

TV/CATV/VBI Tuner component 3760, illustrated in
FIG. 21(j), receives standard over-the-air (VHF and UHF)
and cable (CATV) television broadcasts, and digitizes the
audio portion of such broadcasts for use (e.g., by speakers,
telephone handsets, or any other audio output component)
on a logical ring network (via core network adapter 3768,
which is connected to interface jacks 3762 via transformers
3764 and transceiver 3766). As is explained below, the
analog video signal itself must not only be digitized, but
must be compressed (i.e., by another component attached to
or integrated within a network device) before it can, as a
practical matter, be distributed on a logical ring network.
Tuner component 3760 is based on an off-the-shelf Philips
TV/CATV Tuner subassembly 3770. All receiver function-
ality can be controlled via logical ring network system
commands (or proprietary inter-device commands).

TV/CATV Tuner 3770 (which operates in both HRC and
IRC channel allocation modes) receives a VHF or UHF
over-the-air broadcast via 75 Ohm, F-Connector antenna
input 3744 (or a CATYV broadcast via a direct CATV cable
input). High-quality analog to digital conversion (via A/D
converters 3788, controlled by external clock signal 3790
from network adapter 3768) of left 3784 and right 3786
analog audio channels from TV/CATYV tuner 3770 produces
a stereo or monophonic digital audio stream (fed to network
adapter 3768 via line 3792). An analog stereo audio output
also is provided through a Mini TRS stereo phone head-
phone jack (not shown). Network adapter 3768 controls
TV/CATV Tuner 3770 via a standard I°C control line 3772.

Vertical Blanking Interval (“VBI”) data decoder 3780, fed
the VBI Scan lines 3778 from tuner 3770, produces an
asynchronous logical ring network stream with all, or
selected, VBI data being broadcast by the received television
station (supplied to network adapter 3768 via line 3782).

Video output 3776 is NTSC based band composite video,
distributed via an RCA phono connector (not shown). This
analog video signal 3776 typically will be routed to a
real-time video compression component for creation of an
MPEG or Wavelet compressed digital video stream suitable
for transmission on a logical ring network.

Pending U.S. patent application Ser. No. 60/050,933,
incorporated herein by reference, describes a very inexpen-
sive Wavelet encoder that provides high-quality real-time
compression and decompression of video signals. The com-
pressed data stream bandwidth is four to eight million bits
per second, with Hi8-level quality at six million bits per
second. The use of Wavelet coding has significant advan-
tages over MPEG coding, including easily-generated vari-
able size frames (thumbnails), easier playback of frames in
the forward or reverse direction, and more natural and
pleasing (less blocky) artifacts.

¢) DSS/DVB IRD Interface

DSS/DVB IRD Interface component 4050, illustrated in
FIG. 21(k), provides an interface from a logical ring network
(via core network adapter 4058, which is connected to
interface jacks 4052 via transformers 4054 and transceiver
4056) to the multiplexed data stream (audio, video, PGGS
and wideband data) available on most DSS compatible
receivers 4068, primarily for reception of data broadcasts.
The interface between IRD interface driver/receiver logic
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4060 and IRD 4068 (cach of which could be its own separate
logical ring network device) consists of a parallel high-speed
interface 4064 and a serial low-speed interface 4066. The
read-only high-speed port 4064 outputs a data stream when
enabled. The bi-directional low-speed 4066 is used for host
control of the IRD as well as reading low data rate streams
from the IRD, such as the PGGS Program Guide.

Data streams are sent to network adapter 4058 via bus
4062. A smart controller (e.g., storage server or user inter-
face control device, described below) can control the IRD as
well as receive data streams from the IRD 4068. This
component 4050, combined with the PCI Adapter compo-
nent described below, provides a simple and cost-effective
solution to the problem of interfacing one or more personal
computers to a DSS IRD 4068.

IRD 4068 can output the MPEG2 audio and video of the
selected channel as a multiplexed stream via the high-speed
parallel interface 4054. In fact, the entire transponder data
stream could be enabled to the high-speed interface 4054.
This would allow an existing DSS IRD to be used for
distribution of audio and video program material to the rest
of the logical ring network. As noted above, the MPEG2
decoder (which would be unnecessary in this component),
could be located at the distribution (i.e., television and/or
monitor), such that the compressed MPEG2 digital audio/
video stream could be distributed (i.e., embedded as asyn-
chronous data in a synchronous data stream channel) to a
myriad of network devices, as well as be recorded, pro-
cessed or otherwise manipulated for a desired application.

Component 4050 is based on an off-the-shelf DSS com-
patible IRD, such as the Sony or RCA IRD used for the DSS
Network; or alternatively, the Echostar DVB receiver used
in the Dish Network.

5. Digital Audio and Video Devices on a Logical
Ring Network

a) External Clock Synchronization via a Network Phase-
Locked Loop

As noted above, once a compressed digital audio/video
signal is obtained (e.g., MPEG2 audio/video received by the
DSS IRD described above, or Wavelet-encoded NTSC video
received by the TV/CATYV tuner described above), it can be
distributed across a logical ring network to a variety of
destination devices (e.g., televisions or monitors), where it
can be decoded and displayed.

Digitizing an analog TV/CATYV broadcast and compress-
ing the NTSC signal with the Wavelet encoder described
above (or the MPEG1 encoder described below) provides a
compressed digital video signal that can be distributed
throughout a logical ring network and decoded by a televi-
sion or other monitor. MPEG2 source audio/video, however,
presents an obstacle to such a procedure, apart from the need
to embed asynchronous data (including synchronization and
other commands, using out-of-band signaling in the asyn-
chronous data) in a synchronous data stream channel.

Because MPEG2 decoders assume a particular clock rate
(nominally set at 27 MHz) for the input stream being
decoded, an MPEG2 compressed digital audio/video stream
cannot simply be transmitted on a logical ring network (e.g.,
in one embodiment, at a symbol bit rate of 28.224 MHz and
a data bit rate of 22.579 MHz) and decoded by a device
having a standard MPEG2 decoder. The MPEG2 standard
specifies that MPEG2 encoders must be synchronized to a
very precise master reference clock, nominally set at 27
MHz, with a maximum allowed variation of +540 Hz, and
a maximum frequency drift rate of 75 Hz per second. In
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other words, MPEG2 encoders must adjust to the rate at
which the encoded MPEG2 stream is being transmitted
(whether via an over-the-air DSS broadcast, or a locally-
generated DVD player).

Normally, MPEG2 decodes synchronize to the encoded
MPEG2 stream being transmitted by a DSS IRD or DVD
player, using the timing information in the encoded stream
itself. Yet, the drawings of a logical ring network noted
above—i.e., the ability to distribute the compressed MPEG2
audio/video data across a network to a variety of destination
devices while recording/processing such data along the
way—become an obstacle due to the fact that the logical ring
network rate is different from the external MPEG2 clock rate
which MPEG2 decoders expect to receive. In short, MPEG2
data is not necessarily received over a logical ring network
at the MPEG2 clock rate.

This problem is addressed by devising a phase-locked
loop to synchronize an MPEG2 decoder to the encoded
MPEG?2 signal. Because the source (e.g., DSS IRD or DVD
player) and destination (e.g., television or monitor) devices
are physically separated via the logical ring network,
however, a “network phase-locked loop” must be created to
synchronize the MPEG2 stream being transmitted over the
network.

As illustrated in FIG. 21(/), synchronization circuitry
5400 in both the source device 5300 (e.g., inside core
network adapter 5302 or a DSS IRD) and the destination
device 5310 (e.g., inside core network adapter 5306 of a
digital television) allows the external MPEG2 clock and the
logical ring network (controlled by the network clock
device) to run at different rates, each synchronized to its own
master reference clock signal. By adjusting the rate at which
information is transmitted over the network to the MPEG2
decoder 5410, and by linking the two systems (via a network
phase-locked loop, described below), the external MPEG2
clock can, in effect, be simulated to a high degree of
accuracy (as will be shown below), by relying on the
consistently accurate (i.e., constant) rate at which informa-
tion propagates on a logical ring network.

Synchronization circuitry 5400 consists of both a fre-
quency drift detector 5402 in network adapter 5302 of
source device 5300 and a frequency synchronizer 5406 in
network adapter 5306 of destination device 5310. Ignoring
the synchronization problem for a moment, it can be seen
that network adapter 5306 receives the encoded MPEG2
data stream 5416 over the logical ring network, and sends
this stream 5408 to MPEG2 decoder 5410 (connected to, or
incorporated into, television 5412. Upon decompressing the
encoded MPEG2 digital audio/video data, MPEG2 decoder
5410 generates a conventional analog composite baseband
video signal 5414 (which it sends to television 5412), as well
as analog left and right audio signals (which it sends to
speakers 5416 and 5418, respectively).

As will be illustrated in FIGS. 21(sz) and 21(») below, the
network phase-locked loop formed by distributed synchro-
nization circuitry 5400 causes encoded data stream 5408 to
be sent to MPEG2 decoder 5410 (in destination device
5310) at a rate controlled by the master MPEG2 clock
received by frequency drift detector 540 2 in source device
5300.

FIG. 21(m) illustrates the internal architecture of fre-
quency drift detector 5402 in source device 5300. It receives
both the 28.224 MHz logical ring network clock 5454
(which is doubled to a 56.448 MHz clock by clock doubler
5452) and SCLK 5312, which is a serial clock signal based
on the MPEG2 reference clock rate of 27 MHz (represented
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by clock 5458). The logical ring network (doubled) and
MPEG?2 clocks both are divided down to 72 kHz by respec-
tive “divide by 784” and “divide by 375” counters 5456 and
5460. The numbers “784” and “375” are chosen to divide the
two asynchronous clock signals to the same frequency—i.e.,
72 kHz.

It should be noted, however, that although the output of
counters cycle at virtually the same frequency, the two
counter output signals are still completely asynchronous
with respect to each other. RESET signal 5462 is shared by
counters 5456 and 5460, and can be used to reset the counter
values to zero at appropriate times, such as on power-up or
before the start of an MPEG2 stream.

Counters 5456 and 5460 preferably are sufficiently wide
such that they overflow relatively infrequently. For example,
if they are implemented as 48-bit counters, at their operating
clock rate of 72 kHz, they will not overflow for approxi-
mately 45,000 days, or 124 years.

The 48-bit values stored in counters 5456 and 5460 are
sent to 48-bit subtractor 5472, which arithmetically subtracts
the two counter values and generates a 48-bit result. Because
the two reference clock signal shave been divided down to
frequencies that are virtually identical, the subtractor result
changes slowly. Thus, only the least significant 32 bits of
subtractor 5472 are sent to output tri-state latch 5466. The
clock input to latch 5466 is based upon the logical ring
network frame-rate clock 5468, operating at 44.1 kHz
(derived by dividing the 28.224 MHz clock, generated by
the logical ring network clock device, by 640).

Thus, the 32-bit output value 5470 of output latch 5466
contains a slowly-changing digital value which reflects the
difference in phase and frequency between the MPEG2 and
logical ring network reference clocks 5458 and 5412,
respectively. This output is inserted into the system com-
mand stream at predefined time intervals (e.g., via the PLL
LOCK system command described above) for delivery to a
destination network device having an MPEG2 decoder, such
as television device 5310.

In essence (as will be described below), destination tele-
vision device 5310 will generate a similar differential value
to output value 5470 (using frequency synchronizer 5406),
and use the difference between that generated value and
value 5470 (e.g., received via the PLL LOCK system
command) to recreate a reference MPEG2 clock, as in any
standard PLL. Because the logical ring network clock rate is
synchronized to such a high degree of accuracy (as
explained above), the MPEG2 decoder can be synchronized
very precisely to the external MPEG2 clock across the
logical ring network. Moreover, it is this high degree of
synchronization which permits output value 5470 to be
delivered at precise intervals with very little jitter, enabling
the PLL to function with an accurate reference clock, as
opposed to one that might drift over time, which is the very
problem the network phase-locked loop is designed to solve.

The frequency synchronizer 5306, illustrated in FIG.
21(m), extracts the output value 5470 (e.g., from the PLL
LOCK system command) and uses it to recreate an accurate
MPEG2 clock (via 27 MHz VCXO 5508). It contains a
similar clock doubler 5506 (to double the reference logical
ring network 28.224 MHz clock to 56.448 MHz), although
its MPEG2 clock is generated locally (via 27 MHz VCXO
5508), as well as similar “divide by 784” and “divide by
375” counters 5526 and 5510, respectively, to divide these
two clocks down to 72 kHz (and subtractor 5514 to measure
the difference between these two counters over time). In
addition, frequency synchronizer 5306 contains a similar
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RESET signal 5512 to reset counters 5526 and 5510 at
appropriate times, such as system power up.

Because VCXO 5508 operates synchronously with
respect to the logical ring network clock reference 5504 and
the original MPEG2 clock reference (at the source device
5300), it must be synchronized by PLL 5518 to generate an
accurate MPEG2 clock. To achieve this synchronization, the
SCLK output 5502 of VCXO 5508 drives counter 5510 (in
a similar manner to that described above for source device
5300), and generates (via subtractor 5514) a “locally gen-
erated” output value (latched at the synchronized 44.1 kHz
frame rate), which is “compared” by PLL 5518 to the
reference output value 5470 (received over the network),
also latched in latch 5520 at the 44.1 kHz frame rate (and
triggered by the receipt of the PLL LOCK system
command).

In other words, PLL 5518 latches (within a frame of
accuracy) the received phase difference 5470 between he
MPEG?2 reference clock and the logical ring network refer-
ence clock, as well as that same locally-generated difference
(from latch 5516), using the same (synchronized) logical
ring network clock, along with a locally-generated
(estimated) MPEG2 clock. PLL 5518 functions as it would
if the MPEG2 reference clock were available locally,
because it is effectively made available (in the guise of the
phase error generated by both source and destination devices
5300 and 5310) at precisc intervals, and with sufficient
frequency, to account for any drift which might occur in the
MPEG?2 reference clock over time.

Digitally-controlled PLL 5518 uses the difference
between these latched values (from latch 5520 and 5516) to
effect minor corrections in the control voltage 5522 applied
to VCXO 5508, using well-known PLL digital control loop
techniques. In this manner, control voltage 5522 is varied in
a carefully controlled manner to precisely adjust and lock
the VCXO output 5502 to the original MPEG2 serial clock
(5312 of FIG. 21(m) above) received by source device 5300.
Thus, VCXO output 5502 operates at precisely the MPEG2
reference frequency, and can be used as the MPEG2
“SCLK” signal to a downstream MPEG2 decoder, such as
decoder 5410 in television device 5310.

Finally, it should be noted that the above-described net-
work phase-locked loop can be applied to synchronize data
sent on a logical ring network to virtually any external clock,
not merely the MPEG2 clock. For example, digital audio
data sampled at various sampling rates and/or phases (32
kHz, other 44.1 kHz phases, 48 kHz, 50 kHz, 96 kHz and
192 kHz) can be accommodated on a logical ring network,
as asynchronous data (including out-of-band synchroniza-
tion and other commands) embedded in a synchronous data
stream channel. The various digital audio sampling rates can
be synchronized to the logical ring network symbol or bit
rate via the network phase-locked loop approach described
above.

b) MPEG2 Decoder and A/V Output

Having described the manner in which an MPEG2 refer-
ence clock effectively can be delivered over a logical ring
network (operating at a different frequency), the architecture
of an MPEG2 decoder component in a device (such as a
television or monitor) will now be explained.

MPEG2 Decoder and A/V output component 3800, illus-
trated in FIG. 21(0), decodes (and decompresses for
listening/viewing) audio and/or video streams transmitted
over a logical ring network (and received by core network
adapter 3808, connected to jacks 3802 via interface trans-
formers 3804 and transceiver 3806. It is used to interface a
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standard NTSC television set to a logical ring network, and
is based on an off-the-shelf MPEG2 decoder ASIC 3814,
such as the Thompson STI3520, manufactured by SGS-
Thomson Microelectronics S. A. of St. Genis, France.

MPEG1 and MPEG2 streams can be decompressed in
“real time.” A compressed MPEG1 or MPEG2 stream is
received from the network (embedded in a synchronous data
stream channel, as described above) and routed from net-
work adapter 3808 via line 3810 to the MPEG2 decoder
ASIC 3814. This MPEG2 stream can contain a compressed
audio stream, compressed video stream, or both. The
MPEG2 decoder 3814 decompresses the MPEG2 stream(s)
and produces an uncompressed 4:2:2 digital video signal
3816 and/or an uncompressed sterco serial digital audio
signal 3822.

The 4:2:2 digital video signal 3816 is converted to an
analog NTSC video signal via video D/A converter 3838.
Converter 3838 provides both a composite video output
3818 (through an RCA phono connector, not shown) and an
S-Video, or Y/C, composite video output 3820 (through a
standard S-Video DIN connector, not shown). Both MPEG2
Decoder 3814 and Video D/A converter 3838 can be con-
trolled by standard I°C commands, received via line 3812.

Multiplexer 3826 permits selection of the audio delivered
from MPEG2 decoder 3814 via line 3822, or the audio
supplied via a separate digital stream 3824 from adapter
3808. The resulting audio signal is sent on line 3828 to audio
D/A converter 3832. The digital audio stream is sample-rate
converted and locked to the logical ring network sample rate
clock (provided by line 3830). This is because the digital
audio stream received from a satellite, for example, will not
be synchronized with the local logical ring network sample
clock. The serial digital audio signal is thus converted to
analog stereo, left 3834 and right 3836 signals (through two
RCA phono connectors, not shown). The digital audio signal
may also be routed back to the network for distribution to
other network devices, such as the AC-3 Surround Sound
Processor discussed above.

¢) MPEG1 Encoder and A/V Input

As noted above, legacy analog video received, for
example, by TV/CATV Tuner described above, typically
must be compressed before it is transmitted along a logical
ring network. One preferred type of compression is a Wave-
let encoder (mentioned above), while another standard
method is MPEG1 encoding.

MPEG1 Encoder and A/V Input component 3850, illus-
trated in FIG. 21(p), provides real-time compression/
decompression of audio and/or video streams, and is based
on an off-the-shelf MPEG1 encoder 3864, such as the
C-Cube CL4020, manufactured by C-cube Microsystems,
Inc. of Milpitas, Calif. MPEG Encoder 3864 can be used to
interface a standard NTSC compatible VCR, camcorder,
laserdisc player or other video source to a logical ring
network (via network adapter 3858, connected to jacks 3852
via interface transformers 3854 and transceiver 3856).

MPEGL1 streams can be compressed in real-time. A com-
pressed MPEGI1 stream is transmitted to a logical ring
network via line 3860 and network adapter 3858 by the
MPEG1 encoder ASIC 3864. This MPEG stream 3860 can
contain a compressed audio stream, compressed video
stream, or both. As with an MPEG2 stream, an MPEG1
stream 3860 actually is transmitted as an asynchronous
stream on the network (embedded in a synchronous data
stream channel) because the MPEG stream data bit rate is
variable.

FEither a 4:2:2 digital feed 3868 or an analog NTSC video
signal 3872 (converted to a 4:2:2 digital video signal 3876
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by video A/D converter 3838) is routed to the MPEG
encoder 3864 via line 3866, the selection accomplished via
mux 3870. MPEG1 Encoder 3850 provides both a compos-
ite video input 3872 (through an RCA phono connector) and
an S-Video, or Y/C 3874 composite video input (through a
standard S-Video DIN connector, not shown).

MPEG1 Encoder 3850 provides left 3884 and right 3886
audio input through two RCA phono connectors (not
shown). The stereo analog audio is converted to a serial
digital audio stream (via audio A/D converter 3882) and
routed via line 3878 to both the MPEG encoder 3864 and
logical ring network adapter 3858. This allows the uncom-
pressed stereo audio input to be routed to the rest of the
network directly as an audio stream or as the compressed
audio portion of the MPEG stream.

The network adapter 3858 also can provide I°C control of
MPEG encoder 3864 and video A/D converter 3838 via I°C
line 3862.

d) CD/DVD Digital Audio Transport

CD/DVD Digital Audio Transport component 3900, illus-
trated in FIG. 21(q), provides an interface to a logical ring
network (via core network adapter 3908, connected to jacks
3902 via interface transformers 3904 and transceiver 3906)
for the playback CD digital audio and DVD digital audio/
video. As noted above, compressed digital video generated
by DVD/CD transport 3918 can be distributed directly onto
a logical ring network (as asynchronous data embedded in a
synchronous data stream channel). Thus, an MPEG2
decoder (which would be unnecessary in this component),
for example, could be located at the destination (i.e., tele-
vision and/or monitor). This would enable the compressed
MPEG2 digital audio/video stream to be distributed to a
myriad of network devices, as well as be recorded, pro-
cessed or otherwise manipulated for a desired application.
Remote control of transport 3918 can be accomplished via
the logical ring network itself, as well as via IR, PC or other
controller devices.

CD/DVD Digital Audio Transport component 3900 is
based on an off-the-shelf DVD transport 3918. Phase-locked
loop 3910, clocked by network adapter 3908 via line 3912,
synchronizes transport 3918 with Read and ECC electronics
3916, providing network adapter 3908 with the digital data
stream 3920, under I*C control of the network adapter 3908
via line 3922.

6. Personal Computer Interface Components

a) Personal Computer PCI Adapter

Referring to FIG. 21(r), PCI Adapter module 4100 pro-
vides personal computers with a PCI plug-in card interface
to the logical ring network. This module 4100 does not
require any resident software; however, device drivers and
other software (not shown) support operation of the module
4100 in the host operating system (e.g., Windows 95™). In
one embodiment, module 4100 conforms to the physical
packaging and power consumption specifications of a stan-
dard half-size PCI card 4118 for Windows™/Intel™  based
personal computers.

PCI Adapter module 4100 is based on an off-the-shelf PCI
controller ASIC 4110, the AMCC S5933 manufactured by
Applied Micro circuits Corp. of San Diego, Calif. Module
4100 provides an interface to a logical ring network (via core
network adapter 4108, connected to jacks 4102 via interface
transformers 4104 and transceiver 4106). PCI Controller
ASIC 4110 interfaces to network adapter 4108 via bus 4112,
and to a host PC 4116 via PCI bus 4114.
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b) Bridges between Logical Ring Networks and other
Digital Communication Systems

As noted above, logical ring networks can handle both
synchronous and asynchronous data in “real time”—e.g., by
embedding asynchronous data, such as TCP/IP packets, into
a synchronous data stream. Thus, a logical ring network can
“bridge” to other networks or digital communication sys-
tems because it can accommodate these different data types
and delivery schemes.

For example, the “universal serial bus” (USB) handles
real-time audio as well as asynchronous mouse/keyboard
events. A logical ring network device could bridge a logical
ring network to USB, for example, by allocating one or more
audio data stream channels to the real-time audio data, and
embedding the asynchronous mouse/keyboard events into a
separate data stream channel. Similarly, each of Firewire’s
real-time data streams could be assigned separate logical
ring network data stream channels, while its asynchronous
data could be embedded into another data stream channel.

Employing similar techniques, bridges can be built
between a logical ring network and ATM, SCSI, IDE, ATI,
SPDIF and a variety of other digital communication sys-
tems.

7. Miscellaneous Network Device Components

a) RS232/RS422 Serial I/O Interface

With reference now to FIG. 21(s), the RS232/RS422
Serial I/O module 4150 provides two general-purpose
RS232 and RS422 interfaces to a logical ring network. Two
asynchronous streams transmitted via lines 4162 and 4170,
connected through RS232-RS422 transceivers 4160 and
4168, respectively, can communicate through serial ports
4164 and 4166, respectively, using DB9 connectors (not
shown). These serial ports 4164 and 4166 can operate using
standard asynchronous data formats at rates from 110-57,
600 baud. Module 4150 can interface other serial devices
(e.g., GPS receivers for mobile applications, X10/CEBus
controllers, modems, weather stations, etc.) to a logical ring
network. Component 4150 also can embed a serial port
protocol into a synchronous data stream channel, as dis-
cussed above. Module 4150 interfaces to a logical ring
network via core network adapter 4158, connected to jacks
4152 via interface transformers 4154 and transceiver 4156.

b) MIDI I/O Interface

Referring now to FIG. 21(¢), MIDI I/O module 4200
provides a MIDI interface to a logical ring network. Com-
ponent 4200 also can embed a virtual MIDI port protocol
into the data stream. Through 5-in DIN connectors (not
shown), MIDI In 4214 and MIDI Through 4216 lines are
provided to MIDI Optotransceiver 4210, MIDI Out
(channels 1-16) line 4220 from Optotransmitter 4218, and
MIDI Out line (channels 17-32) 4226 from Optotransmitter
4224. This module 4200 interfaces to a synthesizer, sampler
or cffects unit that normally has analog audio outputs.
Alternatively, a stereo analog audio input section such as the
18-bit analog to digital converter (shown in FIG. 21(b))
could be added. Module 4200 interfaces to a logical ring
network via core network adapter 4208, connected to jacks
4202 via interface transformers 4204 and transceiver 4206.

Custom MIDI commands can be embedded in the syn-
chronous data stream channel in which the asynchronous
MIDI data also is embedded. Such custom commands could
be embedded using special markers in a manner similar to
that described above for telephone audio samples, or using
other similar out-of-band signalling techniques.
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¢) Synthesizer/Audio Processor Interface

By integrating a logical ring network interface into a
device requiring I/O interfaces for both digital media and
control information, the logical ring network interface can
handle both the digital media and control information with
a single connection to the network, thereby eliminating the
need for separate connectors and cables for each of the
media and control inputs and outputs.

For example, a typical music synthesizer or audio pro-
cessing device would have separate input/output interfaces
for MIDI control information and for mono, sterco or
multi-channel audio. By incorporating a logical ring net-
work interface into such a device, the need for such separate
I/O interfaces and connectors would be eliminated. All such
information (including, for example, MIDI control informa-
tion and multiple digital audio channels) could interface to
the logical ring network via a single connection.

d) IR/IrDA 1/O Interface

With reference now to FIG. 21(x), IR/IrDA I/O module
4250 provides a general purpose IR/IrDA interface to a
logical ring network. Component 4250 also can embed a
virtual IR/IrDA port protocol into the data stream. The
module 4250 provides one on-board IR/IrDA wide aperture
optical/LED transceiver 4260 with optics 4264. This trans-
ceiver 4260 resides in the unit. The module 4250 provides
support for four remote-mounted IR transmitters 4268 oper-
ating through optics 4270. These transmitters 4268 can
connect to the rest of the module 4250 by four TRS
Mini-plugs (not shown) connected to adapter 4258 through
line 4266. These remote IR transmitters 4268 are designed
to mount on the front panels of IR-equipped consumer
electronics and by this means can be controlled by a logical
ring network controller.

Module 4250 also provides an RS232 serial port 4272 via
RS232-RS422 transceiver 4274, connected to adapter 4258
through line 4276, allowing for the attachment of a remote
IR transceiver for either consumer electronics IR or IrDA,
Module 4250 interfaces to a logical ring network via core
network adapter 4258, connected to jacks 4252 via interface
transformers 4254 and transceiver 4256.

¢) Relay I/O Interface

Referring now to FIG. 21(v), Relay I/O module 4300
provides a general-purpose relay interface to a logical ring
network. The module 4300, provides two network-
controllable Single-Pole-double Throw (“SPDT”) relays
4310 with inputs and outputs 4314 and 4316 that can be
configured for a wide variety of control applications (e.g.,
turning on and off of hour lights at predetermined times).
The relays 4310, connected to adapter 4308 via line 4312,
are Class II and provide normally open (“NO”), normally
closed (“NC”) and common connection for each relay. The
contact rating is 1 amp at 32 volts. The module 4300 can also
supply 12 VDC and ground 4330 via power supply 4328.

Module 4300 also provides, via general-purpose digital
1/0O block 4318, four pairs of digital inputs 4324 and outputs
4322 and common lines 4326. The input rating is 25 mA
load at 12 V and the output rating is 4 mA sink at 12 V
maximum. The maximum data rate for digital I/O is 1 MHz
or less. Connector block 4318, connector to adapter 4308 via
line 4320, is, in one embodiment, a Phoenix MDSTB
manufactured by Phoenix Contact GmbH of Blomberg,
Germany. Module 4300 interfaces to a logical ring network
via core network adapter 4308, connected to jacks 4302 via
interface transformers 4304 and transceiver 4306.

f) Analog I/O Interface

With reference now to FIG. 21(w), Analog I/O module
4350 provides a general-purpose analog input/output inter-
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face to a logical ring network. This module 4350 provides
four network-readable analog inputs 4366 (via A/D con-
verter 4368), four network-controllable analog outputs 4364
(via D/A converter 4360) and two network-controlled digital
potentiometers 4372, accessed via lines 4374 and 4376. All
of these inputs and outputs are connected via a Phoenix
MDSTB connector block (not shown).

The A/D 4368 and D/A 4360 converters, connected to
adapter 4358 through lines 4370 and 4362, are instrumen-
tation grade, with 14-bit sample size, 20,000 samples per
second maximum sample rate (on all four channels), or
80,000 mixture (for one channel). Input ranges are =5 V at
50 mA, output range is —4.5 to +5 V at 50 mV.

The digital potentiometers 4372 feature 10 KQ range,
with 256 wiper positions, and have series connection
capability, and are opto-isolated with non-volatile wiper
position on power down, with the position both readable and
writable.

Module 4350 also provides +5 V 4382 and ground 4384
through power supply 4380 at 50 mA. Module 4350 inter-
faces to a logical ring network via core network adapter
4358, connected to jacks 4352 via interface transformers
4354 and transceiver 4356.

g) Temperature Sensor

Referring now to FIG. 21(x), Temperature Sensor module
4400 provides a general-purpose temperature sensor inter-
face to a logical ring network. Module 4400 provides two
industry standard %" phone jack Omega 400 family tem-
perature probe inputs 4414 and 4416. Through twin A/D
Instrumentation converters 4410 and 4418 (connected to
adapter 4408 via lines 4412 and 4420, respectively), module
4400 allows calibration of an unknown source to a known
source. The temperature range is -25C to +100C, with
resolution of 0.5C and probe accuracy of +0.2C. Module
4400 interfaces to a logical ring network via core network
adapter 4408, connected to jacks 4402 via interface trans-
formers 4404 and transceiver 4406.

h) Logical Ring Network Twisted Pair Repeater

With reference now to FIG. 21(y), twisted pair repeater
module 4450 provides an active in-line repeater for an entire
logical ring network system command and data stream. In
one embodiment, a maximum cable length of 33 meters is
permitted between any two devices. Modules 4550 can be
inserted anywhere onto the network to extend the length as
necessary. Each repeater extends the relevant network seg-
ment by 33 meters. The repeater module also can reconfig-
ure the default network path by separating left and right arms
for diagnostic purposes, or for healing a broken network
segment.

Core network adapter 4458 passes all the digital streams
via line 4468 to active repeater 4466, which can then repeat
onto a second network arm. Module 4450 interfaces to a
logical ring network via core network adapter 4458, con-
nected to jacks 4452 via interface transformers 4454 and
transceiver 4456.

8. Digital, Disk-Based Multimedia Player/Recorder

With reference now to FIG. 22, Player/Recorder 5000 is
an all digital, disk-based, multimedia recorder and player.
This all-purpose media device supports concurrent record-
ing and playback of multiple logical ring network streams.
Each stream can, of course, contain audio, video, telephony,
or data. Media and data delivered by satellite can be stored
for later access by users. In this way, Player/Recorder 5000
can serve as a digital VCR, answering machine, fax
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machine, electronic mail server, and many other digital
consumer electronics devices.

For example, local advertisements could be embedded
into previously recorded audio and/or video programs. As a
result, programs that, in their original form, contained
national advertisements, or perhaps no advertisements at all,
could now be used by advertisers to target customers via
particular local or other targeted advertisements. Moreover,
programming could be downloaded overnight from external
sources (e.g., at lower bit rates to conserve limited
bandwidth) for later playback at the user’s convenience,
with or without embedded advertising.

In one embodiment, Player/Recorder 5000 uses a CPU
5002, synchronous DRAM 5004, flash memory 5006, dual
EIDE interface 5014, dual RS232 interface 5030 and Eth-
ernet controller 5038, logical ring adapter 5010, twin loop
router 5008, SDRAM Memory controller 5012, interrupt
controller 5028 and glue/miscellaneous logic 5036. In this
embodiment, adapter 5010, two-arm switching router 5008,
SDRAM controller 5012, interrupt controller 5028, dual
EIDE interface 5014, dual RS232 interface 5030 and glue/
miscellaneous logic 5036 are incorporated into one inte-
grated circuit 5080, which communicates with the CPU
5002, SDRAM 5004 and flash memory 5006 via 32 bit wide
address bus 5042, 32 bit wide data bus 5044, a 13 bit MUX
address but 5046 and flash memory bus 5048.

In this embodiment, CPU 5002 is a StrongARM RISC
SA-110 CPU, manufactured by Digital Corp., of Maynard,
Mass., running at 233 MHz. The synchronous DRAM 5004
(in this embodiment, 16 MB provided by 4 KM48S8030
SDRAMSs) are controlled by SDRAM Memory controller
5012. SDRAM Memory controller 5012 provides for RAS
CAS refresh and burst transfers, but not unaligned transfers
in this embodiment. 2MB of AM29F016 flash memory
5006, manufactured by Advanced Micro Devices, Inc. of
Sunnyvale, Calif. (“AMD?”), stores the operating system
software for Player/Recorder 5000.

The adapter 5010 interfaces Player/Recorder 5000 with
two logical ring network arms 5050 and 5052, via the
two-arm switching router 5008 and bus 5054. The Dual IDE
interface 5014 has two ATA-2 high speed data ports, per-
mitting attachment of up to four mass storage devices 5018,
5020, 5022, 5024 (daisy-chained via buses 5056 and 5060,
respectively). The Ethernet controller 5038, which in this
embodiment, is a AM79C940VC controller, also manufac-
tured by AMD, accesses 10Base-T Ethernet 5076 through
transformer 5040, which in this embodiment is a PE68025
PHY. The dual serial interface 5030, operating through serial
port 5032 (in this embodiment, a MAX3320 RS232
transceiver, manufactured by Maximum Integrated
Products, Inc. of Sunnyvale, Calif.), offers serial connec-
tions 5066, 5070 which may be used for debugging and
attachment to an X10 controller (not shown). A clock
oscillator 5026 and real time clock 5034 provide for the
clocking functions of the Player/Recorder 5000, while
power supply 5034, with a +12V input, provides +5V 5074,
+3.3V 5076 and +2V 5078 as needed.

9. Portable Remote Control and Multimedia/Data
Viewer

With reference now to FIG. 23, Multimedia/Data Viewer
5100 is a portable interface and display device that can act
as a remote control or interface for network devices or as a
multimedia/data viewer. Physically, in one embodiment,
Multimedia/Data Viewer 5100 is a simple tablet-like device
that features a large, touch-sensitive, color LCD screen
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5116. Under software control, Multimedia/Data Viewer
5100 can be used as an interface for appropriate network
devices (e.g., Multimedia/Data Viewer 5100 could display
virtual transport controls for a network CD player). The
LCD display 5116 and audio hardware (stereo A/D 5122 and
D/A 5124, respectively) can be used to handle multimedia
content or data, such as MPEG2 audio/video, digital audio,
still images, text and various combinations (e.g., Web
browsing). Furthermore, the audio hardware (A/D 5122 and
D/A 5124 converters) also be used for telephony applica-
tions.

Multimedia/Data Viewer 5100 includes a CPU 5102,
synchronous DRAM 5104, flash memory 5106, LCD dis-
play 5116, serial interfaces 5130, Ethernet controller 5138,
network adapter 5110, SDRAM Memory controller 5112,
interrupt controller 5128 and glue/miscellaneous logic 5136.

In one embodiment, network adapter 5110, SDRAM
controller 5112, L.CD display controller 5114, interrupt
controller 5128, serial interfaces 5130 (in part) and glue/
miscellaneous logic 5136 are incorporated into one inte-
grated circuit 5180, which communicates with the CPU
5102, SDRAM 5104 and flash memory 5106 via 32-bit wide
address bus 5142, 32-bit wide data bus 5144, a 13-bit MUX
address bus 5146 and flash memory bus 5148.

In this embodiment, the CPU 5102 is a StrongARM RISC
SA-110 CPU running at 233 MHz. The synchronous DRAM
5104 (in this embodiment 32 MB provided by 4
KM48S8030 SDRAMSs) are controlled by SDRAM memory
controller 5112. In this embodiment, SDRAM Memory
controller 5112 provides for RAS CAS refresh, burst
transfers, but not unaligned transfers. 64MB KM 64000 flash
memory 5106 stores the operating system and applications
software for Multimedia/Data Viewer 5100.

The adapter 5110 interfaces Multimedia/Data Viewer
5100 with logical ring network 5154. The L.CD display 5116
in this embodiment is an active-matrix thin-film transistor
(“TFT”) 10.4 inch color LCD display with super bright
backlight, 800x600 pixel resolution and 18-bit color depth.

Serial interfaces 5130 connects to two RS232 port trans-
ceiver 5132 (via buses 5164, 5168 to serial lines 5166,
5170), touch panel 5118 (via bus 5158), IR/IrDA infra red
I/O 5120 (via bus 5160), and Stereo A/D 5122 and D/A 5124
(via buses 5162, 5164, respectively) and radio transmitter
5108 (via bus 5150). Twin serial port 5132 (in this
embodiment, two MAX3320 RS232 transceivers) offers
serial connections 5166 and 5170 which may be used for
attachment of a GPS receiver, Metricom radio link, digital
still cameras or other peripherals.

Touch panel 5118 overlays LCD display 5116, and uses
capacitive technology for 2048x2048 resolution with finger
and stylus operation and palm rejection. Consumer electron-
ics style IR transmitter and IrDA transceiver 5120 allow for
communication with an IR wireless keyboard and/or mouse,
printers, PCs and PDAs (not shown). A high quality audio
subsystem is offered through Stereo A/D 5122 and D/A 5124
(using Crystal Semiconductor 5331 and 4331 components,
respectively), supporting a 44.1 kHz sample rate with 18-bit
audiophile sampling.

Connections through TRS mini-plugs (not shown) permit
connection of high quality stereo audio headphones (not
shown) or telephonic headset and microphone (not shown).
An integrated 900 MHz radio transmitter/receiver 5108
permits radio band communication at a relatively low data
rate. The Ethernet controller 5138, which in this
embodiment, is a AM79C940VC controller, accesses
10Base-T Ethernet 5176 through transfer 5140, which in this
embodiment is a PE68025 PHY.
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A clock oscillator 5126 and real time clock 5134 provide
for the clocking functions of module 5100, while power
supply 5134, with a +12V input, provides +5V 5174, +3.3V
5176 and +2V 5178 as needed.

We claim:

1. A network adapter for connecting a device, via con-
ductive media, to a synchronous communication network
having a logical ring network topology, the network adapter
comprising:

(a) one or more interface jacks to connect the device to a
first adjacent device and a second adjacent device on
the network, wherein the device and the first and
second adjacent devices are synchronized to a common
network clock; and

(b) a transceiver coupled to the network for receiving a
first signal from the first adjacent device and transmit-
ting a second signal to the second adjacent device in a
constant time counted by the common network clock;

(e) a clock to which the first and second adjacent devices
will be synchronized if the clock is elected the common
network clock; and

(d) a clock arbitrator, synchronized to the clock, which
causes the transceiver to transmit repeatedly to the
second adjacent device a first ID signal identifying the
device and having a first priority, until the transceiver
receives from the first adjacent device either that first
ID signal or a second ID signal having a second priority
greater than the first priority.

2. The network adapter of claim 1, further comprising a

network topology scanner which:

(a) upon receiving a first scan request signal from the first
adjacent device, causes the transceiver to modify and
transmit that signal to the second adjacent device, as a
scan replay signal with an embedded first ID signal
identifying the device;

(b) upon receiving a subsequent scan request signal from
the first adjacent device, causes the transceiver to
transmit that subsequent scan request signal to the
second adjacent device; and

(c) upon receiving a scan replay signal from the first
adjacent device, causes the transceiver to transmit that
scan replay signal to the second adjacent device.

3. A network adapter for connecting a device to a first
adjacent device and a second adjacent device on a commu-
nication network, wherein the device is adapted to be
connected to a remote Internet server, the network adapter
comprising:

(a) a plurality of connectors for daisy-chaining the device
between the first adjacent device and the second adja-
cent device via unshielded twisted pair media; and

(b) a transceiver that can receive a synchronous stream of
digital signals from the first adjacent device and trans-
mit substantially that same stream of digital signals to
the second adjacent device in a constant time period,
the stream of digital signals representing information
including digital audio and digital video data from a
plurality of source network devices, whereby the infor-
mation can propagate along the network in a daisy-
chained fashion from device to device, and can be
played or otherwise reproduced by one or more net-
work devices wherein the information is organized into
fixed-length frames of data bits, and a subset of the data
bits represents data stream channels of information that
can contain streams of digital audio or video data, and
wherein the data stream channels can be reallocated by
reassigning to a channel different data bit positions
within the fixed-length frames of information.
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4. The network adapter of claim 3, wherein the device is
uniquely identified by a static ID that distinguishes the
device from any other device that could be connected to the
network.

5. The network adapter of claim 3, wherein the adapter
can be synchronized to a common network clock device on
the network.

6. The network adapter of claim 5, wherein the common
network clock device can transmit information representing
a synchronization header, and wherein the device can use the
synchronization header to synchronize itself to the common
network clock device.

7. The network adapter of claim 3, wherein the device is
a personal computer.

8. The network adapter of claim 3, wherein the informa-
tion transmitted from the device in a first room can propa-
gate along the network to a device in another room.

9. The network adapter of claim 3, wherein the informa-
tion that can be transmitted includes digital stereo audio
having left channel and right channel data, and wherein the
left channel data can propagate along the network to a first
speaker device, and the right channel data can propagate
along the network to a second speaker device, such that the
left and right channel data can be played respectively by the
first and second speaker devices at substantially the same
line.

10. The network adapter of claim 3, wherein the infor-
mation that can be transmitted from the device includes
digital video data, and wherein the digital video data can
propagate along the network to a first monitor device and a
second monitor device, such that the digital video data can
be displayed by the first and second monitor devices at
substantially the same time.

11. The network adapter of claim 3, further comprising a
D/A converter for converting the digital signals that can be
received by the transceiver into analog input signals to the
device.

12. The network adapter of claim 3, further comprising an
A/D converter for converting analog output signals from the
device into digital signals that can be transmitted to the
second adjacent device by the transceiver.

13. A network adapter for connecting a device to a first
adjacent device and a second adjacent device on a logical
ring network, the network adapter comprising:

(a) at least one wire connected to the first adjacent device
for receiving a plurality of signals representing infor-
mation including digital audio and digital video data;

(b) at least one wire connected to the second adjacent
device for transmitting substantially the same signals to
the second adjacent device, such that those signals
propagate among devices on the network in a fixed
device order forming a logically closed loop; and

(c) at least one wire connected to a power source for
providing phantom power to one or more devices on
the network.

14. A network adapter for connecting a device to a
synchronous communication network having a logical ring
network topology, the network adapter comprising:

(a) one or more interface jacks to connect the device to a
first adjacent device and a second adjacent device on
the network, wherein the device and the first and
second adjacent devices can be synchronized to a
common network clock; and

(b) a transceiver coupled to the network that can receive
from the first adjacent devices and transmit to the
second adjacent device in a constant time counted by
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the common network clock a plurality of signals rep-
resenting data bits organized into fixed-length frames
of information, wherein the fixed-length frames of
information can propagate among devices on the net-
work in a fixed device order along a default network
path forming a logically closed loop, wherein a subset
of the data bits in the fixed-length frames of informa-
tion represents data stream channels of information that
can contain streams of digital audio or video data, and
wherein the data stream channels can be reallocated by
reassigning to a channel different data bit positions
within the fixed-length frame of information.

15. The network adapter of claim 14, wherein a first
subset of the data bits in the fixed-length frames of infor-
mation represents system commands that can propagate to
all devices on the network along the default network path,
and a second subset of the data bits in the fixed-length
frames of information represents data stream channels of
information that can contain streams of digital audio or
video data that can propagate among devices on the network
along an alternate network path that is not the default
network path.

16. The network adapter of claim 14, wherein the data bits
representing a data stream channel need not be contiguous
within the fixed-length frame of information.

17. The network adapter of claim 14, wherein a first data
stream channel is represented by a first number of data bits
and a second data stream channel is represented by a second
number of data bits that is different from the first number of
data bits.

18. The network adapter of claim 17, wherein the first data
stream channel contains a stream of digital samples of audio
data and the second data stream channel contains a stream of
digital samples of video data.

19. A network adapter for connecting a device to a first
adjacent device and a second adjacent device on a logical
ring network, the network adapter comprising:

(a) a transceiver coupled to the network that can receive
from the first adjacent device and transmit to the second
adjacent device a plurality of signals representing data
bits organized into frames of information having a
plurality of data stream channels, the data stream
channels including:

(1) a first audio channel having a plurality of data bits
representing a digital sample of an audio program;
and

(ii) a first video channel having a plurality of data bits
representing a digital sample of a video program; and

(b) a data stream processor that can extract from or insert
into the first audio or first video channels the plurality
of bits representing the respective digital samples of the
audio or video programs.

20. The network adapter of claim 19, further comprising

a controller that can interpret a command to reassign to the
first audio or video channel different data bit positions within
a frame of information.

21. A network adapter for connecting a device employing
an asynchronous data communication protocol to a synchro-
nous communication network having a logical ring network
topology, the network adapter comprising:

(a) one or more interface jacks to connect the device to a
first adjacent device and a second adjacent device on
the network, wherein the first device and the first and
second adjacent devices can be synchronized to a
common network clock;

(b) a transceiver coupled to the network that can receive
from the first adjacent device and transmit to the second
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adjacent device a plurality of signals representing data

bits organized into a plurality of data streams channels,

wherein the transceiver can transmit and receive signals
over the data stream channels at consistent periodic
time intervals, such channels including:

(1) a first synchronous channel having a plurality of bits
representing a digital sample of an audio or video
program; and

(ii) a second synchronous channel having a plurality of
bits representing an asynchronous packet of data of
fixed or variable length; and

(¢) a data stream processor that can extract the asynchro-
nous packet of data from the second synchronous
channel, and can employ the asynchronous data com-
munication protocol to interpret multiple of such asyn-
chronous packets of data received at the periodic time
intervals.

22. The network adapter of claim 21, wherein the asyn-

chronous packets of data are IP packets.

23. The network adapter of claim 21, wherein the asyn-

chronous packets are Ethernet packets.
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24. The network adapter of claim 21, wherein the asyn-
chronous packets are serial packets.

25. The network adapter of claim 1, wherein there are a
plurality of devices coupled to the logical ring network and
wherein each device imposes a constant amount of delay for
transmitting a received signal to an adjacent device, and
wherein the delay imposed by each device may differ.

26. The network adapter of claim 1, wherein the constant
time counted by the common network clock is dynamically
alterable.

27. The network adapter of claim 14, wherein each device
on the network imposes a constant amount of delay for
transmitting a received signal to an adjacent device, and
wherein the delay imposed by each device may differ.

28. The network adapter of claim 14, wherein the constant
time counted by the common network clock is dynamically
alterable.
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A media synch player includes a time control module, a
digital data storage and retrieval device coupled to and
responsive to the time control module and an audiovisual
data signal output configured to supply audiovisual data to
a display by playing a first media file from the digital data
storage and retrieval device in response to commands from
a system controller. The time control module is configured
to request a system time from an external time server, reset
the time control module in accordance with the system time,
lock to a master clock contained in the external time server
and resynchronize the first time control module in response
to predetermined criteria being met.
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COMPUTER MEDIA SYNCHRONIZATION
PLAYER

TECHNICAL FIELD

[0001] The disclosure relates to synchronization of two or
more content providers for image displays.

COPYRIGHT NOTICE/PERMISSION

[0002] A portion of the disclosure of this patent document
contains material which is subject to copyright protection.
The copyright owner has no objection to the facsimile
reproduction by anyone of the patent document or the patent
disclosure as it appears in the Patent and Trademark Office
patent file or records, but otherwise reserves all copyright
rights whatsoever. The following notice applies to the
graphical user interfaces as described below and in the
referenced drawings: Copyright © 2003, Microsoft Corpo-
ration.

BACKGROUND

[0003] Various types of systems have been employed as
signal sources for displays used in different types of audio-
visual display settings. For example, movies are typically
presented using a film projector by advancing a strip of film
through the projector, illuminating a portion of the film and
conditioning light transmitted through the film for projection
on a screen. In some other types of systems, a pre-recorded
video tape recorder or player magnetic tape system is
employed as a signal source. In such systems, the term
“display” means providing a capability for both audio and
video signals. In systems that employ a continuous physical
medium as a content storage and/or playback medium, it is
difficult to synchronize multiple signal sources to provide a
coordinated display of multiple images, some of which may
be identical, or multiple different portions or “tiles” of a
single image.

[0004] Additionally, such systems do not facilitate modi-
fication of the presentation “on the fly” and thus can make
rehearsals, which frequently require modification of the
score (e.g., rewinding for a revision of a given segment),
cumbersome. In other words, if need to replay a portion of
the presentation presents itself during the presentation or
rehearsal, the medium must be physically rewound, a spe-
cific portion corresponding to the portion to be replayed
must be located, and the display process re-initiated. Simi-
larly, when it is determined that a portion of a pre-recorded
display should be skipped, there is need to fast forward the
medium, locate a desired portion and restart the display
process. Such results in interruption of the presentation,
which detracts from the audience appreciation of the content
that is being presented.

[0005] Additionally, the types of machinery used in such
systems, such as video tape recorders and film projectors,
tend to be quite expensive. One approach to ensuring
uninterrupted operation of an electronic system is to run a
primary system in tandem with a backup system that is
switched to the role of the primary system when problems
develop in the primary system. However, when there is need
to provide multiple images for a particular event, the costs
associated with providing multiple backup systems become
inconvenient. This is especially true when the event is a
one-time event, such as an annual meeting, symposium or
the like.
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[0006] When multiple audio-visual displays are employed
to try to provide a large audience with access to a particular
presentation, such as a speaker addressing a large audience,
there is need to maintain sychronization between the images
and more particularly between the images and any related
sound tracks. When the sound tracks are not synchronized
with each other, or when the sound track is not synchronized
with the image, the perceptual discordance of the presenta-
tion tends to undesirably detract from intelligibility and
audience appreciation of the content being presented.

[0007] As an example, studies and experiments have
yielded a generally-accepted standard of a range of a relative
delay of a negative eight milliseconds and a positive twenty
to thirty milliseconds of synchronization between sound and
visual display to avoid viewer/listener perception of the
relative delay and thus to avoid distraction from the content.

[0008] Further, large amounts of media having video and
audio-visual content have been recorded since the inception
of such systems. As such systems developed and realized
increasing sophistication, a variety of standards were
deployed in order that such recorded media could be dis-
tributed over wide geographic areas and used to provide
relatively constant quality and intelligibility. For example, a
number of such standards have been put forth by the Society
of Motion Picture and Television Engineers and these are
generally referred to as SMPTE standards. When a presen-
tation relies on an ensemble of disparately-recorded video
streams, it is necessary to be able to process data recorded
using these various different standards, which, in turn,
complicates synchronization of multiple displays.

[0009] Accordingly, there are needs for improved tech-
niques, systems and apparatus for providing more robust
synchronization of multiple video and/or audio-visual dis-
plays or data streams together with improved ability to
arbitrarily shift from one point to another in such data
streams in synchrony.

SUMMARY

[0010] An architecture and methodology for improved
synchronization and display of video and/or audio-visual
media is described. In one aspect, a media synch player
includes a time control module, a digital data storage and
retrieval device coupled to and responsive to the time
control module and an audiovisual data signal output con-
figured to supply audiovisual data to a display by playing a
media file from the digital data storage and retrieval device
in response to commands from a system controller. The time
control module is configured to request a system time from
an external time server, reset the time control module in
accordance with the system time, lock to a master clock
contained in the external time server and resynchronize the
first time control module in response to predetermined
criteria being met.

BRIEF DESCRIPTION OF THE CONTENTS

[0011] FIG. 1 shows an exemplary environment in which
improved display synchronization technology disclosed
herein may be employed.

[0012] FIG. 2 is a schematic diagram of a media synch
player useful in the environment of FIG. 1.

[0013] FIG. 3 is a flowchart of an exemplary process for
synchronizing the media synch players of FIGS. 1 and 2.
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[0014] FIG. 4 is a flowchart of an exemplary process for
coordinating the media synch players of FIGS. 1 and 2 with
the control console via the interface and bus.

[0015] FIG. 5 represents an exemplary graphical user
interface associated with the control console of FIG. 1.

[0016] FIG. 6 represents an exemplary user interface
configuration for implementation of the Event Details dialog
box of FIG. 5.

[0017] FIG. 7 represents an exemplary user interface
configuration for implementation of the Player Setup dialog
box of FIG. 5.

[0018] FIG. 8. represents an exemplary user interface
configuration for implementation of the Timers dialog box
of FIG. 5.

[0019] FIG. 9 represents an exemplary user interface
configuration for implementation of the Live Playback Sys-
tem dialog box of FIG. 5.

DETAILED DESCRIPTION

[0020] The following disclosure describes methods and
apparatus for providing synchronized displays from two or
more digital data sources. The displays typically include
both audio and video content.

Exemplary Display Environment

[0021] Prior to describing how an improved display tech-
nology synchronizes two or more displays and/or media
streams, the following section addresses an environment in
which such technology finds utility. The discussion of the
environment provides a framework within which various
pieces of the improved display synchronization technology
can be developed.

Platform Architecture

[0022] FIG. 1 shows an exemplary environment 100 in
which the improved display synchronization and live play-
back system and methods disclosed herein may be useful.
The environment 100 includes a plurality of displays 105,
denoted Display(1) through Display (N), with ellipsis indi-
cating that an arbitrary number of such displays 105 may be
synchronized. Each display 105 is coupled to a correspond-
ing media synch player 110 via a signal path 112. Abus 115
is coupled to each media synch player 110, a time server 120
and a live playback system control console 125.

[0023] It will be appreciated that while the system ele-
ments are shown as being coupled together via a bus 115,
other types of interconnections are also possible, including
fiber optic communications, LANs, WANS or the Internet or
any other data network, and that different portions of the
interconnections represented by the bus 115 may comprise
one or more of such data exchange media. It will be
appreciated that the bus 115 may comprise interconnection
via internet protocol networks such as IEEE 802.11, 10Base-
T and home phone network alliance or HPNA, among
others.

[0024] In one embodiment, the control console 125
includes a timecode card (not shown) that is slaved to the
time server 120. Timecodes from the timecode card transmit
a timing signal that may be used to control external devices
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such as light control boards for controlling ambient lighting
in the area(s) where the displays 105 are deployed, backup
devices intended to substitute for other system elements in
the event of malfunction and the like. In one embodiment,
timecodes in accordance with SMPTE standards are
employed. In one embodiment, the timecodes are not nec-
essarily Network Time Protocol (NTP) time but the time-
codes are synchronized to one another and may be offset
from another time demarcation system.

[0025] It will be appreciated that additional types of
perceptual stimulation devices besides conventional audio-
visual displays may be synchronized in the evironment or
system 100. Such additional types of devices can include
other types of audio-visual signal sources, including legacy
signal sources, and may also include varied elements, such
as special-effects devices (e.g., data ports, flash-bang, smoke
devices, mist devices, water fountains or jets with or without
modulation capabilities, ambient light modulation capabili-
ties, olfactory stimulation devices and any other type of
device capable of modulating a perception or sense, directly
or indirectly, or of producing a perceptual result or stimu-
lation).

[0026] Computer systems, such as the media synch play-
ers 110, or the live playback system control console 125,
typically include at least some form of computer readable
media. Computer readable media can be any available media
that can be accessed by a computer. By way of example, and
not limitation, computer readable media may comprise
computer storage media and communication media. Com-
puter storage media includes volatile and non-volatile,
removable and non-removable media implemented in any
method or technology for storage of information such as
computer readable instructions, data structures, program
modules or other data.

[0027] Computer storage media includes, but is not lim-
ited to, RAM, ROM, EEPROM, flash memory or other
memory technology, CD-ROM, digital versatile disks
(DVD) or other optical storage, magnetic cassettes, mag-
netic tape, magnetic disk storage or other magnetic storage
devices, or any other media which can be used to store the
desired information and which can be accessed by the
computer system. Communication media typically embod-
ies computer readable instructions, data structures, program
logic or program modules or other data embodied in a
modulated data signal such as a carrier wave or other
transport mechanism and includes any information delivery
media.

[0028] The term “modulated data signal” means a signal
that has one or more of its characteristics set or changed in
such a manner as to encode information in the signal. By
way of example, and not limitation, communication media
includes wired media such as wired network or direct-wired
connection, and wireless media such as acoustic, RF, infra-
red and other wireless media. Any of the above or combi-
nations of any of the above should also be included within
the scope of computer readable media.

Exemplary Applications

[0029] In operation, the media synch players 110 each
generate a content stream such as video or audiovisual data
in synchrony at the behest of the live playback system
control console 125. Synchronism is derived from the time
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server 120, facilitating orchestration of the content provided
by the media synch players 110. The system control console
125 and the media synch players 110 are slaved to the time
server 120. As such, the system control console 125 can
transmit a start time t+d for the media synch players 110 to
start providing content from media files 210 (FIG. 2), and
the media synch players 110 are synchronized with respect
to this start time.

[0030] One exemplary application might be a large meet-
ing where the attendees are so spread out in a common arena
that they are not readily able to directly see or hear a speaker
who is addressing the meeting. In such a setting, a number
of displays 105 might be employed. If, for example, five
large, high resolution displays 105 (e.g., 1024x768 pixels)
were employed, display(1), display(3) and display(5) might,
at one point in time, show a text presentation common to
these three displays 105, while display(2) and display(4)
might show the speaker who is addressing the meeting and
provide the corresponding audio.

[0031] In such a case, all five of the displays 105 might
feature an audio track providing speech from the speaker, or
a subset (such as display(2) and display(4)) might include
such audio capabilities. At another stage during the meeting,
all five displays 105 might feature the same content. In many
such cases, maintaining synchronism between the displays
105 and any audio track is highly desirable in order to
present the content in a way that is intelligible and that
promotes comprehensibility of the desired content.

[0032] Another example of an application is one where
one or more of the displays 105 are in different locations,
providing content to different audiences at geographically
diverse locations. In such an example, the displays 105 may
all be providing the same content or some displays 105 may
be providing different content than others of the displays
105, but the content is being providing synchronously by the
displays 105.

[0033] Yet another example of an application for the
system 100 might employ plasma panels or other video
displays for the displays 105, and the displays 105 may be
“tiled” together to provide a single larger effective display
area coupled with high resolution. Such might comprise
displays 105 tiled together to form a display analogous to an
IMAX ® movie screen, for example. Such might comprise
a group of displays 105 tiled in a horizontal or vertical row
or column or both. Displays 105 may be composed or placed
in other manners of grouping to provide a desired effect. In
such a composite or “tiled” display 105, synchronism
between images associated with such displays 105 as well as
any soundtrack or other presentation devices contributes to
presentation of content without distraction or loss of intel-
ligibility.

Exemplary Media Synch Player

[0034] FIG. 2 is a schematic diagram of an exemplary
media synch player 110 useful in the environment of FIG.
1. The exemplary media synch player 110 may be realized
as a modified conventional personal computer, such as is
available from a variety of commercial sources, employing
a Windows ® operating system, available from many
sources and from Microsoft Corporation of Redmond, Wash.

[0035] The exemplary media synch player 110 may be
realized in a variety of different manners to display video
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and/or audio content (and/or other content). In one imple-
mentation, the exemplary media synch player 110 is imple-
mented using a collection of “filters” referred to as a filter
graph, and a filter graph manager. The filter graph manager
controls the data structure of the filter graph and the way
data moves through the filter graph. How the content is to be
displayed can be controlled and changed by interacting with
and properly configuring the filters of the filter graph. The
filter graph manager provides a set of software objects for
communication between a filter graph and one or more
applications. According to one implementation, individual
filters of a filter graph architecture are implemented as
component object model (COM) objects of an operating
system executing on a computer, each implementing one or
more interfaces which contain a predefined set of functions,
called methods. Methods are called by an application pro-
gram or other component objects in order to communicate
with the object exposing the interface. The application
program can also call methods or interfaces exposed by the
filter graph manager object.

[0036] In a particular exemplary implementation, the
exemplary media synch player 110 is implemented using
filters in accordance with the DirectShow® application
programming interface and architecture. Additional infor-
mation regarding the DirectShow® application program-
ming interface and architecture is available from Microsoft
Corporation of Redmond, Wash.

[0037] The exemplary media synch player 110 includes
media files 210, which may be represented by one or more
digital data streams representing video and/or audio content
stored on a hard drive, for example. In one embodiment, the
media files 210 are Windows Media ® player files, that is,
digital files representing video and/or audiovisual content in
a format that is consistent with the media files being readable
by the Windows Media ® player series of computer software
products developed and distributed by the Microsoft Cor-
poration of Redmond, Wash. MP3 files, WMA (Windows
Media Audio) and WMV (Windows Media Video) files are
examples of such types of files. In one embodiment, the
media files are stored at a shared media storage location,
e.g., a media storage location shared by two or more media
synch players 110.

[0038] The exemplary media synch player 110 also
includes a clock module or clocking system 212 having a
capability for being slaved to another clocking system. In
one embodiment, the clock module 212 comprises a Net-
work Time Protocol module 215. An interface 220 couples
the media synch player 110 to the bus 115 and facilitates
control of the media synch player 110 by a system operator
using the live playback system control console 125 of FIG.

[0039] Optionally, time synchrony may be provided via a
GPS interface 217 equipped to derive a time signal from the
global positioning satellite system. For example, interfaces
such as the PC-471 and ES-110 products can provide such
time signals and are available from ESE, 142 Sierra Street,
El Segundo, Calif. Such can facilitate time coordination
between media synch players 110 having relatively wide
physical separation between them, however, GPS is but one
way to provide a common time standard between media
synch players 110 and other system elements such as the
time server 120 and the live playback control console 125.
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[0040] In one embodiment, the media synch player 110 is
configured to provide first content and is coupled via a link
215 to a nominally identical backup media synch player 110
that is configured to “shadow” the media synch player 110
until such time as the media synch player 110 malfunctions.
When the media synch player 110 malfunctions, the backup
media synch player 110' provides a continuation of the first
content via an alternate signal path 112",

[0041] The continuation of the first content provided by
the alternate signal path 112' is consistent with what the
media synch player 110 would have provided but for the
malfunction, and is synchronized with the system 100 analo-
gously to the first content from the media synch player 110.
In order to be able to provide this backup function, the
backup media synch player 110" needs to have access to the
media files 210 associated with the media synch player 110,
or copies thereof, and also is similarly operating in syn-
chrony with the system 100. The backup media synch player
110' may include a separate data files analogous to those
contained in media files 210. In one embodiment, the media
synch player and associated backup media synch player 110
are addressed as an entity or group by the control console
125.

Time Synchronization

[0042] FIG. 3 is a flowchart of an exemplary process 300
for synchronizing the media synch players 110 of FIGS. 1
and 2. The process 300 may be implemented via the access
point or interface 220 and the clock 212 or time master
device of FIG. 2 in accordance with the disclosure of U.S.
patent application Ser. No. 09/836,834, filed on Nov. 27,
2002, entitled “Method And System For Disaggregating
Audio/Visual Components”, listing T. Blank as the inventor,
which application is assigned to the assignee of the present
application, the disclosure of which is hereby incorporated
herein by reference. The process 330 may also be imple-
mented using the GPS interface 217 described above.

[0043] As a general premise, IP networks do not guarantee
the timely delivery of any information. A best effort packet
delivery is what can be expected. In other words, a packet of
data will arrive at a destination when it arrives, if it arrives.
This uncertainty of IP networks is attributable to delays,
latency, jitters and other inherent network characteristics.
The present disclosure describes solutions enabling A/V
streams to be coordinated in a synchronized manner despite
the characteristics of typical IP networks. In particular, the
present disclosure relates to ‘tight time’ synchronization for
the coordination of multiple sources of A/V content.

[0044] A/V coordination is achieved by establishing a
time synchronization between multiple devices (e.g., media
synch players 110 as well as the time server 120 and the
control console 125). Time synchronization is attained by
employing the time server 120 as a time master for the
system 100. All of the elements synchronize their internal
clocks to the time server. In operation, a time stamp “t” is
obtained by each device from the controller 125, which is
synchronized with the time server 120. Also included with
the time stamp t is a delay indication “d”. In combination,
these time related components instruct the media synch
players 110 on when to render content available from the
media files 210. Essentially, each media synch player 110
will wait to render content until a particular time t+d,
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derived from the time stamp from the controller 125. As
such, content from all of the media synch players 110 will
be synchronized to the same moment in time—t+d —re-
gardless of when the time synchronization was initiated.

[0045] Time information is also present in the individual
clocks of the media synch players 110. This time informa-
tion may be transmitted in a non-isosynchronous manner
back to the time server 120 and combined with time infor-
mation derived from the time server to speed up or slow
down rendering of the clocks 212 in the individual media
synch players 110. A more detailed description of the use of
common time to convert a non-isosynchronous network to
an isosynchronous network can be found in U.S. patent
application Ser. No. 09/863,834, filed on Apr. 17, 2001
(Published Application No. 20020150053 Al, published on
Oct. 17, 2002), entitled “Methods And Systems For Distrib-
uting Multimedia Data Over Heterogeneous Networks”,
listing Donald M. Gray et al. as inventor(s), which is
assigned to the assignee of the present application and which
is hereby incorporated herein by reference.

[0046] The process 300 begins in a block 305. In the block
305, the clock module 215 in each of the media synch
players 110 transmits a signal to request a time from the time
server 120. In one embodiment, the clock modules 212
comprise NTP modules 215.

[0047] In a block 310, the time server 120 provides
common time signals to the media synch players 110 and the
associated clock modules 215 to cause a reset to a prede-
termined time, such as 12:00.

[0048] In a block 315, the clock modules 215 acquire lock
with a clock contained in the time server 120. In one
embodiment, the clock modules 215 acquire phase lock with
the clock contained in the time server 120. In one embodi-
ment, the clock modules 215 acquire frequency lock with the
clock contained in the time server 120.

[0049] In a query task 320, a determination is made that
one or more predetermined criteria for resynchronization
have been met. In one embodiment, resynchronization takes
place at small intervals, such as every few minutes. In one
embodiment, such is performed in accordance with the
network time protocal.

[0050] When the query task 320 does not determine that
the predetermined criteria have been met, the process 300
may wait a predetermined time, as indicated by block 325.
Control then passes back to the query task 320.

[0051] When the query task 320 determines that the pre-
determined criteria have been met, the clock modules 120
are resynchronized with the time server 120 in a block 330.
Control then passes back to the block 325. The process 300
continues until such time as system operation is terminated.

Media Synch Player Operation Control

[0052] FIG. 4 is a flowchart of an exemplary process 400
for coordinating the media synch players 110 of FIGS. 1
and 2 with the control console 125 via the interface 220 and
bus 115. The process 400 begins in a block 405.

[0053] In the block 405, the control console 120 assembles
a list of commands from a playlist or eventlist or responds
to operator commands to deviate therefrom. The playlist
provides instructions for coordination of each of the media
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synch players 110 in providing content (¢.g., windows media
files, images, patterns, colors, or animations) in a predeter-
mined sequence.

[0054] In the block 405, control signals from the control
console 125 are received by the interface 220. In one
embodiment, the control signals may comprise, for example,
one of: play, pause, stop, seek to time, get file and show
images.

[0055] For example, the seek to time command may cause
one or more of the media synch players 110 to discontinu-
ously switch to another portion of the media files 210. The
seek to time command is capable of providing a stopping
and restarting function analogous to a rewind or fast forward
function but without engendering the delay associated with
movement of conventional physical recording media, and is
also capable of locating corresponding portions of two or
more media files 210 with greater precision than is typical of
conventional media or systems. In other words, synchro-
nized restarting begins at a first point in the first digital
media file corresponding to a second point in the second
digital media file, and vice versa.

[0056] In a block 410, the media synch players 110
respond to the control signals and provide appropriate output
signals via the signal paths 112 to the displays 105. Such
may comprise start of synchronized operation of the media
synch players 110 and associated displays 105, switching
from one media file 210 to another (e.g., get file followed by
start), cease operation (e.g., stop), which may include ini-
tiation of a predetermined state such as a blank or black
display 105, and the like.

[0057] In a query task 415, the process 400 determines
when a total run time has elapsed. When the query task 415
determines that the total run time of a media file 210 or
playlist of multiple media files 210 has elapsed, control
passes to a block 420. When the query task 415 determines
that the total run time has not yet elapsed, control passes
back to block 405.

[0058] In the block 420, the media synch players 110
cause the displays 105 to revert to a predetermined default
state at a conclusion of the media file 210 or playlist, or in
response to user input via control console 125. Such a
default state may be a black or blank display 105, or may be
a display of a chosen image or video loop. The process 400
then ends.

[0059] As a result of the processes 300 and 400, the media
synch players 110 and associated displays 105 provide
coordinated and synchronized sequences of images or video
and/or audio in frame-by-frame synchronization. The syn-
chronization may be maintained during display of content
from specific media files 210 and may be maintained when
such media files 210 or a selection of a portion thereof is
changed, facilitating rehearsal of specific portions of a
presentation and also enabling graceful deviation from a
predetermined playlist in response to circumstances.

Exemplary Graphical User Interface

[0060] FIG. 5 represents an exemplary graphical user
interface 500 associated with the control console 125 of
FIG. 1, while FIGS. 6-9 represent exemplary portions of the
graphical user interface of FIG. 5 in more detail. It will be
appreciated that a user may interact with the graphical user
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interface 500 via any tactile input device, including a
keyboard, mouse, touchscreen or any other form of user
communication.

[0061] The exemplary graphical user interface 500
includes a live playback system toolbar 505 that includes
identification information together with conventional execu-
tion management function buttons. A menu bar 510 provides
a dialog box 512 for accessing eventlists, and includes
playlist or media file 210 identification information (e.g.,
“Test 47) together with conventional file management tool
buttons 515.

[0062] An identification bar 520 provides identification
information relative to a display bar 525. The identification
information corresponds to data displayed below the corre-
sponding information in the display bar 525. The identifi-
cation information shown in the identification bar 520 may
include ID or identification corresponding to a particular
media event player 110 of FIGS. 1 and 2, an Event Name
corresponding to a selected media file 210 or playlist, an
indicator “Loop” showing whether a Loop function has been
selected (e.g., this may be used to select repeated looping
through a selected media file and to indicate a number of
loops selected), a Duration corresponding to a time length
for presentation of the selected media file 210, and a LTC
(Longitudinal TimeCode) offset for setting the Hours
counter on a conventional SMPTE timecode signal genera-
tor. Such timecode signal generators are widely available,
and the signals from such timecode generators may be
employed to synchronize media players 110 with legacy
presentation equipment, such as existing light boards and
other devices.

[0063] The interface 500 also includes a dialog box 530
corresponding to Event Details, a dialog box 535 corre-
sponding to PlayerSetup, a dialog box 540 corresponding to
Timers associated with the Event Details and PlayerSetup,
and a Live Playback System dialog box 545 for controlling
the media synch playback system of FIG. 1. These dialog
boxes 530, 535, 540 and 545 are described below in more
detail with reference to FIGS. 6, 7, 8 and 9, respectively.

[0064] FIG. 6 represents an exemplary user interface
configuration 600 for implementation of the Event Details
dialog box 530 of FIG. 5. The exemplary user interface 600
of FIG. 6 includes a display bar 605 providing identification
information, a menu bar 610 including controls for conven-
tional execution management functions and an identification
bar 615 providing labels for data displayed therebelow in an
area 620.

[0065] In the example of FIG. 6, the identification bar 615
includes labels (“Player”) for each media synch player 110
(FIGS. 1 and 2), a file name corresponding to a media file
210 (FIG. 2) for each media synch player 110 and a start
time relative to the event start time described above with
reference to block 310 of FIG. 3. The exemplary identifi-
cation bar 615 also shows a file duration time for the selected
media file 210, a total run time (“TRT”) for the playlist, a
label Bg Image corresponding to selection tools in the area
620 therebelow for selecting a background image for each
media synch player 110 and display 105, a label Bg Color
corresponding to selection tools in the area 620 therebelow
for selecting a background color for each media synch
player 110 and display 105 and a Freeze label corresponding
to control tools in the area 620 therebelow for freezing a
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given image associated with a given media synch player 110
and corresponding display 105. A slider bar 630 allows user
selection of various portions of the user interface 600 for
display and/or modification.

[0066] FIG. 7 represents an exemplary user interface
configuration 700 for implementation of the Player Setup
dialog box 535 of FIG. 5. The exemplary user interface 700
of FIG. 7 includes a display bar 705 providing identification
information, a menu bar 710 including controls for conven-
tional execution management functions and an identification
bar 715 providing labels for data displayed therebelow in an
area 720.

[0067] The identification bar 715 shows labels for a label
for a particular media synch player 110 (FIGS. 1 and 2,
“ID”), an internet protocol or IP address for the media synch
players 110 (“IP Address”), an identification of the media
synch players (“Machine”), a colloquial name for each of the
media synch players 110 (“Friendly Name™), identification
of a backup for each media synch player 110 when such is
deployed (“Backup ID”), and X, Y, width and height data for
the display 105 associated with each of the media synch
players 110 (“X”, “Y”, “Width” and “Height”, respectively).
A slider bar 730 allows user selection of various portions of
the user interface 700 for display and/or modification.

[0068] FIG. 8. represents an exemplary user interface
configuration 800 for implementation of the Timers dialog
box 540 of FIG. 5. The exemplary user interface 800 of
FIG. 8 includes a display bar 805 providing identification
information, a menu bar 810 including controls for conven-
tional execution management functions and an identification
bar 815 providing labels for data displayed therebelow in an
area 820. The Aa+ and Aa- function buttons facilitate user
interface font size adjustments for lettering in the display of
FIG. 8.

[0069] The identification bar 815 shows labels for a media
synch player 110 (FIGS. 1 and 2, “Player”), an elapsed time
since the start of playing a media file 210 (FIG. 2, “File
Time™), an amount of time to play a remainder of the media
file 210 (“File Remaining™), a total run time for the media
sync player 110 (“TRT”), a total run time remaining for the
media sync player 110 (“TRT Remaining”), and a projected
finish time for the media sync player 110 (“Finish Time™).
The corresponding media synch player 110 and the data
associated with that media synch player 110 are displayed as
individual rows in the area 820 below the identification bar
815. A slider bar 830 allows user selection of various
portions of the user interface 800 for display and/or modi-
fication.

[0070] FIG. 9 represents an exemplary user interface
configuration 900 for implementation of the Live Playback
System dialog box 545 of FIG. 5. The exemplary user
interface 900 of FIG. 9 includes a menu bar 905 providing
controls for switching between a player setup mode and a
player status mode and an identification and menu bar 910.
The identification and menu bar 910 provides an indication
of a selected playlist (e.g., “Test”) and includes a display
area 920 and a slider control 930. The interface configura-
tion 900 also includes control areas 932 and 935 for selec-
tion and display of colors and patterns for a media synch
player 110, respectively, mute control function buttons 940
and player control function buttons 950. The Mute LTC
function button provides a safety feature and allows an
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operator to disable devices such as flash pots and thus avoid
accidental triggering of such devices or false firing during
rehearsals when an operator replays or switches to specific
portions of a presentation

[0071] The display area 920 provides an indication of a
start time (e.g., 00:00:00), a duration (e.g., 00:05:00), a
status (e.g., “playing”), selection and indication functions
for absolute vs. relative time together with an elapsed time
display, and status and control functions relative to head
offset (a delay at startup that is common to all of the media
synch players 110).

[0072] The slider control 930 facilitates stopping play of
the media and restarting at another point in the media file
selected via user manipulation of the slider pointer. The
player control function buttons 950 allow a user to select
conventional playback functions, such as play, forward, next
file, cue, cue next and pause.

Exemplary Rules

[0073] The following set of exemplary rules provide a
framework within which the aspects disclosed with respect
to the preceding discussion may be implemented.

[0074] Rules:

[0075] Each EventList or Playlist may contain an unlim-
ited number of Events.

[0076] Each Event has an EventName and an EventDura-
tion. An EventDuration is calculated as the maximum of
(FileDuration+StartTime).

[0077] A Player (media synch player 110) is a definable
name given to a specific PlayerApplication 110 as defined by
PC IP address. In one embodiment, a Player 110 can have
only one backup/mirror Player 110.1

[0078] Any combination of Players 110 can participate in
an Event. Participating Players 110 may be called Event-
Players 110. The EventTime is the current time on the Event
timeline within the EventDuration of a currently playing
Event.

[0079] During an Event, an EventPlayer 110 can:

[0080] (i) Playback a Windows Media Video (WMV)
file 210 stored on the Player 110.

[0081] (ii) Display an Image stored on the Player 110.

[0082] (iii) Display a Color. In one embodiment,
when so selected, Color defaults to Black for all
EventPlayers 110.

[0083] (iv) A combination of the above options such
that a 0 or 1 WMV file 210 is played, and 0 or 1
Colors are displayed and O or 1 Images are displayed.
The WMV file 210 may be preceded or followed by
either a Color or an Image. For each EventPlayer
110, Color and Image are mutually exclusive, only
one is allowable at any one time. A WMV file 210 is
not necessarily required for display of Image or
Color.

[0084] An Event can be set to Loop, causing the entire
Event sequence (including any Color, Image and WMV file
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210) to Loop on all EventPlayers 110. The Loop will take
place as defined within the EventPlayer at EventTime=
StartTime+TRT.

[0085] Each EventPlayer 110 can be configured to Start at
a user-defined Start Time during the Event. Start Time must
be >=0. Start Time defaults to 00:00:00 for all EventPlayers
110. Start Time only applies to WMYV file 210 playback. In
this case, any Color or Image specified for this EventPlayer
110 will be displayed for the duration of the Event before
Start Time.

[0086] Each EventPlayer 110 can be configured with a
user defined Total Running Time (TRT). TRT only applies to
WMV file 210 playback. TRT must be >=0 and <=duration
of the WMV file 210. TRT defaults to FileDuration for all
EventPlayers 110 playing back a WMV file 210. The default
TRT for an EventPlayer 110 equals the WMV FileDuration.
In this case any Color or Image specified for this Event-
Player 110 will be displayed for the duration of the Event
after EventTime =StartTime+TRT. This makes it possible to
define a time at which the Color or Image appears. When
Freeze is selected, the Color or Image does not appear.

[0087] An EventPlayer 110 can be configured to Freeze
during WMV file 210 playback. If this option is selected, the
EventPlayer 110 will Freeze at the specified TRT. Observed
behavior on Freeze will be identical to a Pause for the
EventPlayer 110 at EventTime=StartTime+TRT, with the
exception that, unlike in Pause mode, playback of the
current Event cannot be resumed for that EventPlayer 110.
When the Freeze option is selected, any Color or Image
specified for this EventPlayer 110 will not be displayed for
the duration of the Event after TRT. Rather, the video frame
displayed by the EventPlayer 110 at EventTime=StartTime+
TRT will be preserved on the screen for the duration of the
Event after TRT. The Color or Image will be displayed for
the EventTime<StartTime.

[0088] Freeze and Loop are mutually exclusive. In one
embodiment, when an Event is set to Loop, the Freeze
option cannot be selected for any EventPlayer (e.g., media
synch player 110 of FIGS. 1 and 2) during that Event.

[0089] Clear implies forcing a Player 110 to display Black
Color. A Player 110 can be Cleared only when it is not
currently playing back a WMV file 210. Clear is not per-
sistent, e.g., when a Player 110 is Cleared and then a Seek
operation is performed on the Event such that the Player 110
that was previously cleared will display the configured
content at the new EventTime.

[0090] Zero or more Events may be in progress at any
given time. In one embodiment, when an Event is started, all
the EventPlayers 110 participating in that Event are first
Stopped and then the selected Event is played. Event play-
back commences after the Head Offset specified by the
operator (FIG. 9). Head Offset is common to all EventPlay-
ers 110 and is used to ensure sync between EventPlayers
110.

[0091] EventLists can be activated at any time with use of
a file browse window or a Favorites List. Only one EventList
is active at any given time.

[0092] Inone embodiment, Players 110 may be selectively
or collectively Paused, Stopped, Muted or un-Muted.
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[0093] A Seek operation may be performed on any cur-
rently cued or playing Event. Seek may be Relative to
current EventTime or Absolute to a specified EventTime. To
Seek an Event that is not currently cued or playing, the
operator must first Cue or Play the Event, followed by a Seek
operation. It is imperative to note that Seek operations are
performed on the Event timeline and apply to all EventPlay-
ers 110 in the selected Event. In one embodiment, Event-
Players 110 cannot be independently Seeked.

Conclusion

[0094] By now it will be appreciated that methods and
apparatus for provision of synchronized image display have
been described that result in certain advantages relative to
prior art display technologies.

[0095] Additionally, such avoids investment in large
amounts of hardware to try to increase the reliability of
conventional media systems via provision of redundant
elements of very expensive hardware for backup capability.
The disclosed media content provision processes also side-
step waiting periods while physical data or media storage
media are advanced or rewound in order to deviate from the
script or playlist corresponding to the content of the media.

[0096] Although the invention has been described in lan-
guage specific to structural features and/or methodological
acts, it is to be understood that the invention defined in the
appended claims is not necessarily limited to the specific
features or acts described. Rather, the specific features and
acts are disclosed as exemplary forms of implementing the
claimed invention.

What is claimed is:

1. A process for synchronizing multiple media players
configured to provide content from digital media files, the
process comprising:

requesting a system time from a time server associated
with the multiple media players;

receiving a system time from the time server;

locking a clock in each of the multiple media players to
a time from a master clock in the time server using the
system time; and

providing content from each of the media players,
wherein the content from each of the multiple media
players is synchronized with content from others of the
multiple media players.

2. The process of claim 1, wherein locking a clock in each
of the multiple media players comprises phase locking to the
master clock.

3. The process of claim 1, wherein locking a clock in each
of the multiple media players comprises frequency locking
to the master clock.

4. The process of claim 1, wherein locking a clock in each
of the multiple media players comprises maintaining time
synchrony to within predetermined limits.

5. The process of claim 1, wherein providing content
comprises providing content from each of the multiple
media players in response to commands from a control
console at a time specified by the control console.

6. The process of claim 1, wherein providing content
comprises providing content from Windows Media data.
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7. The process of claim 1, wherein providing content
comprises providing content from first Windows Media data
from at least one of the multiple media players and providing
content from second Windows Media data similar to, or
different than, the first Windows Media data by at least one
other of the multiple media players.

8. The process of claim 1, wherein providing content
comprises providing content from first digital data from at
least one of the multiple media players and providing
content from second digital data similar to, or different than,
the first digital data by at least one other of the multiple
media players.

9. The process of claim 1, wherein providing content
comprises providing content from media files stored on a
hard drive.

10. The process of claim 1, wherein providing content
comprises providing a video data stream and an audio data
stream from at least one of the multiple media players.

11. The process of claim 1, further comprising resynchro-
nizing the clocks in the multiple media players when pre-
determined criteria have been reached.

12. A process for orchestrating a playlist of at least first
and second digital media files for synchronized play by
respective first and second media players comprising:

synchronizing first and second clocks associated with the
first and second media players, respectively, with a
master clock associated with a time server;

initiating first playback of the first digital media file by the
first media player; and

initiating second playback of the second digital media file
by the second media player.
13. The process of claim 12, further comprising:

stopping, in response to a command from a control
console, the first and second playback; and

restarting the first and second playback at a different point
in the first and second digital media files in response to
another command from the control console, wherein
the restarting begins at a first point in the first digital
media file corresponding to a second point in the
second digital media file, and vice versa.

14. The process of claim 12, wherein the first and second
digital media files comprise Windows Media files.

15. The process of claim 12, further comprising resyn-
chronizing the first and second clocks during the first and
second playback.

16. The process of claim 12, further comprising synchro-
nizing first and second backup media players with the first
and second media players.

17. The process of claim 12, further comprising switching
from the first media player to a first backup media player in
response to a command from a control console.

18. The process of claim 12, wherein synchronizing
comprises synchronizing first and second clocks associated
with respective first and second media players, where the
first media player is in a first geographical region and the
second media player is in a second geographical region.

19. The process of claim 12, wherein synchronizing
comprises synchronizing first and second clocks associated
with respective first and second media players, where the
first and second media players are configured to provide
content to respective first and second displays located at
different points in a common arena.

Dec. 16, 2004

20. A process for synchronizing audio visual data streams
associated with first and second digital media players com-
prising:

synchronizing first and second clocks associated with the
first and second digital media players, respectively,
with a master clock associated with a time server;

initiating first playback of a first digital media file by the
first digital media player;

initiating second playback of a second digital media file
by the second digital media player, wherein the first and
second initiating is in synchronism with the master
clock, and wherein the second playback may shadow
the first playback; and

switching a display from the first digital media player to
the second digital media player in response to a com-
mand from a control console when the control console
is provided with an indication of malfunction of the
first digital media player.

21. The process of claim 20, wherein the first and second
playback comprise playback of windows media data.

22. The process of claim 20, wherein the first and second
playback comprise playback of digital data read from a hard
drive.

23. The process of claim 20, further comprising, after
initiating first and second playback:

stopping, in response to a command from a control
console, the first and second playback; and

restarting the first and second playback at a different point
in the first and second digital media files in response to
another command from the control console, wherein
the restarting begins at a first point in the first digital
media file corresponding to a second point in the
second digital media file, and vice versa.

24. The process of claim 20, wherein synchronizing
includes establishing at least one of a phase lock or a
frequency lock between the first and second clocks and the
master clock.

25. A system comprising:

a first media synch player having a first time control
module configured to be slaved to an external time
server, the first media synch player including first
media files, the first media synch player being config-
ured to provide first content from the first media files in
response to playlist commands from a live playback
system controller; and

a second media synch player, wherein the second media
synch player includes a second time control module
configured to be slaved to the external time server and
to maintain synchrony with the first time control mod-
ule, the second media synch player including second
media files analogous to the first media files, the second
media synch player being configured to provide a
continuation of the first content from the second media
files in response to a signal indicative of malfunction of
the first media synch player.

26. The system of claim 25, wherein the first and second
media synch players comprise processors configured to
execute windows media software to provide content from
first and second media files comprising windows media.
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27. The system of claim 25, wherein the first and second
time control modules are configured to be synchronized by
signals in an NTP, GPS, SMPTE or other agreed upon time
format.

28. The system of claim 25, wherein the first and second
time control modules are configured to:

request a system time from the external time server;

reset the first and second time control modules in accor-
dance with the system time;

lock to a master clock contained in the external time
server; and

resynchronize the first and second clocks in response to

predetermined criteria being met.

29. The system of claim 25, wherein the first and second
media synch players each include a respective one of first
and second hard drives, and the first and second media files
comprise computer data stored on the respective hard drive
or shared media storage location.

30. The system of claim 25, wherein the first and second
media synch players each include a respective one of first
and second hard drives, and the first and second media files
comprise windows media data stored on the respective hard
drive.

31. A media synch player comprising:

a time control module;

a digital data storage and retrieval device coupled to and
responsive to the time control module; and

an audiovisual data signal output configured to supply
audiovisual data to a display by playing a first media
file from the digital data storage and retrieval device in
response to commands from a system controller,
wherein the time control module is configured to:

request a system time from an external time server;

reset the time control module in accordance with the
system time;

lock to a master clock contained in the external time
server; and

resynchronize the first time control module in response
to predetermined criteria being met.

32. The media synch player of claim 31, wherein the
media synch player is configured to provide the audiovisual
data in synchronism with audiovisual data from at least one
other media synch player in response to commands from the
system controller.

33. The media synch player of claim 31, wherein the
media synch player is configured to:

stop playing the first media file in response to a command
from the system controller;

locate a first point in the first media file different from a
point at which the playing stopped; and

restart playing the first media at the first point.
34. The media synch player of claim 31, wherein the
media synch player is configured to:

stop playing the first media file in response to a command
from the system controller;
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locate a first point in the first media file different from a
point at which the playing stopped; and

restart playing the first media at the first point and in
synchronism with at least one other media synch
player.

35. One or more computer readable media having stored
thereon a plurality of instructions that, when executed by
one or more processors, causes the one or more processors
perform acts including:

synchronize a clock in a media player with an external
clock; and

provide audiovisual content from a digital data storage
device associated with the processor, or shared media
storage location, in synchrony with audiovisual content
from at least one other media player.

36. The computer readable media of claim 35, wherein the
plurality of instructions to cause one or more processors to
synchronize a clock comprises instructions to cause the one
or more processors to perform acts including:

request a system time from an external device;
reset the clock in accordance with the system time;

lock the clock to a master clock contained in the external
device; and

resynchronize the clock in response to predetermined

criteria being met.

37. The computer readable media of claim 35, wherein the
plurality of instructions to cause one or more processors to
synchronize a clock comprises instructions to cause the one
or more processors to perform acts including:

request a system time from a global positioning system
time source;

reset the clock in accordance with the system time;

lock the clock to a master clock contained in an external
device; and

resynchronize the clock in response to predetermined

criteria being met.

38. The computer readable media of claim 35, wherein the
plurality of instructions to cause one or more processors to
synchronize a clock comprises instructions to cause the one
or more processors to perform acts including:

request a system time from a time server;
reset the clock in accordance with the system time;

lock the clock to a master clock contained in time server;
and

resynchronize the clock in response to predetermined

criteria being met.

39. The computer readable media of claim 35, wherein the
plurality of instructions to cause one or more processors to
provide audiovisual content comprises instructions to cause
the one or more processors to perform acts including provide
audiovisual content from windows media files stored on a
digital data storage device associated with the processor, or
shared media storage location, in synchrony with audiovi-
sual content from at least one other media player.

40. The computer readable media of claim 35, wherein the
plurality of instructions to cause one or more processors to
provide audiovisual content comprises instructions to cause
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the one or more processors to perform acts including provide
audiovisual content from windows media files stored on a
digital data storage device associated with the processor, or
shared media storage location in synchrony with audiovisual
content from another media player configured as a backup to
the media player.

41. The computer readable media of claim 35, wherein the
plurality of instructions to cause one or more processors to
provide audiovisual content comprises instructions to cause
the one or more processors to perform acts including provide
audiovisual content from windows media files stored on a
digital data storage device associated with the processor, or
shared media storage location, in synchrony with audiovi-
sual content from another media player configured to pro-
vide different audiovisual content than the media player.

42. A display device having rendered thereon a query
specification for coordinating multiple media synchroniza-
tion players providing audiovisual content from respective
associated digital storage media by playing back digital files
stored thereon, the query specification comprising a query
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grid configured to permit formation of a playlist including
sequences of one or more selected file names corresponding
to files stored on the respective associated digital storage
media.

43. The display device of claim 42, wherein the query grid
is configured to permit formation of a playlist of windows
media files, images, patterns, colors, or animations.

44. The display device of claim 42, further comprising a
dialog box configured to facilitate contemporaneous modi-
fication of playback of the digital files by restarting first
playback of a first digital media file on a first media
synchronization player and second playback of a second
digital media file on a second media synchronization player
at a different point in the first and second digital media files,
wherein the restarting begins at a first point in the first digital
media file corresponding to a second point in the second
digital media file, and vice versa.
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ESTABLISH COMMON TIME BASE
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METHODS AND SYSTEMS FOR DISTRIBUTING
MULTIMEDIA DATA OVER HETEROGENEOUS
NETWORKS

BACKGROUND OF THE INVENTION
[0001] 1. The Field of the Invention

[0002] The present invention relates to the field of network
communications. More specifically, the present invention
relates to the real-time communication of multimedia infor-
mation over heterogeneous networks.

[0003] 2. The Related Art

[0004] Multimedia information includes information that
is efficiently interpretable by one or more of the five human
senses, but mostly by the human senses of sight and hearing.
For example, video information is interpreted by the senses
of sight and hearing. Audio information is interpreted by the
sense of hearing. Some user interfaces such as Braille
displays present information for interpretation by the sense
of touch. However, with the advancement of appropriate
user interfaces, multimedia information may also include
taste and smell information as well.

[0005] Often, multimedia information is time-sensitive
and should be rendered at the same speed that the informa-
tion is sampled within some minimal jitter tolerances. This
type of multimedia presentation will often be referred herein
as “real-time”. For efficient real-time delivery of multimedia
data, the networks between the multimedia source and the
multimedia sink should be abstracted so that the networks as
a whole function as a constant delay network.

[0006] FIG. 1 illustrates a conventional network 100 for
delivering multimedia data in real-time. A multimedia
source 101 transmits multimedia packets 104 over a constant
delay network 103 to a multimedia sink 102. Of course,
there is always some variance in the delay, however small,
introduced by any network. However, a “constant delay”
network is a network in which the delay variance introduced
by the network is below the minimal jitter tolerances
required to support real-time presentation of the multimedia
data.

[0007] Asillustrated in FIG. 1, the constant delay network
103 may include a number of different network types that
follow different standards. Nevertheless, in order to support
real-time multimedia data delivery, each component net-
work must support the abstraction of the networks as a
whole into the constant delay network. There are generally
two classifications of networks that support this kind of
abstraction into an amalgamated constant delay network.

[0008] One such classification is constant delay networks.
Thus, for example, the constant delay network 103 of FIG.
1 includes a component constant delay network 105. Con-
stant delay networks receive multimedia data from a point
on the network at a certain receive rate, and deliver the
multimedia data to another point on the network at the same
rate so that there is a relatively constant delay. A second such
classification is variable delay networks that have a common
notion of time.

[0009] Tt is possible even in such variable delay networks
to emulate a constant delay network if the network supports
a common notion of time across the network. For example,
the IEEE 1394 serial bus is not inherently a constant delay
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network. However, the IEEE 1394 serial bus does support a
common notion of time. The IEC 61883-x standard uses the
common notion of time present in the IEEE 1394 serial bus
to have the IEEE 1394 serial bus emulate a constant delay
network to within the jitter tolerances required under the
MPEG-2 standard.

[0010] Referring to FIG. 1, the constant delay network
103 also may include a variable delay network 106. If a
series of one or more contiguous variable delay networks is
interposed between the multimedia source 101 and the
multimedia sink 104, the series of variable delay networks
may emulate a constant delay network if the string of
variable delay networks shares a common notion or reck-
oning of time.

[0011] Thus, conventional methods allow for the real-time
delivery of multimedia data over a network that includes
both constant delay networks and variable delay networks
that have a common notion of time. However, there is a third
classification of networks that is not compatible with being
a component network in an amalgamated constant delay
network under conventional standards. That third classifi-
cation is a variable delay network that does not have a
common notion of time.

[0012] Under conventional technology, real-time commu-
nication of multimedia data is not possible if one or more of
the networks that must be traversed are variable delay
networks that do not have a common notion of time.
Accordingly, there exists no conventional infrastructure for
seamlessly communicating multimedia over heterogeneous
networks in real-time since those heterogeneous networks
may include one or more variable delay networks that
contain no common time reference across the network.
Establishing such an infrastructure would allow for better
access to multimedia content regardless of the heterogenic
nature of the networks that intervene between the multime-
dia source and the multimedia sink.

SUMMARY OF THE INVENTION

[0013] The present invention extends to the real-time
commuunication of multimedia data over heterogeneous net-
works that may include constant delay networks, variable
delay networks that have a common reckoning of time, and
variable delay networks that do not have a common reck-
oning of time. Currently, real-time communication of mul-
timedia data may be accomplished point-to-point over spe-
cific networks. However, there is no conventional way of
communicating such data in real-time over heterogeneous
networks that include variable delay networks that have no
common reckoning of time.

[0014] If there are any variable delay networks in the
heterogeneous networks in which there is no common
reckoning of time, a common reckoning of time is estab-
lished in each of those networks. Then, the variable delay
networks are emulated as one or more constant delay
networks using the specific common time reckoning present
in each variable delay network. Thus, the principles of the
present invention allow for the real-time communication of
multimedia information over heterogeneous networks. By so
doing, a user may more flexibly access multimedia data in
real-time regardless of the location of the individual.

[0015] In one aspect of the present invention, a constant
delay network is emulated over a variable delay network
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despite the fact that the transmitter includes a transmitter
application that interfaces with a link layer device driver
over a variable delay interface. The transmitter application
provides multimedia packets for transmission over the vari-
able delay network. In addition, the transmitter application
provides the multimedia packets with time stamps that
represent the time according to the reckoning of the trans-
mitter application. When the transmitter link layer device
receives the multimedia packet, it calculates a new time
stamp that is in accordance with a network time base, the
new time stamp being based on the time stamp provided by
the transmitter application. The receiver link layer controller
then uses the new time stamp to evaluate the rendering time
of the corresponding information in the packet.

[0016] Another aspect of the invention permits for com-
munication over a variable delay network that does not
inherently have a time base. Instead, the transmitter appli-
cation periodically transmits a current time to various
receiver devices on the network in order to synchronize the
devices on the network. Then, the transmitter includes a time
stamp that follows the synchronized time in order to permit
the information in the multimedia packets to be presented at
the appropriate time.

[0017] Additional features and advantages of the inven-
tion will be set forth in the description, which follows, and
in part will be obvious from the description, or may be
learned by the practice of the invention. The features and
advantages of the invention may be realized and obtained by
means of the instruments and combinations particularly
pointed out in the appended claims. These and other features
of the present invention will become more fully apparent
from the following description and appended claims, or may
be learned by the practice of the invention as set forth
hereinafter.

BRIEF DESCRIPTION OF THE DRAWINGS

[0018] In order that the manner in which the above-recited
and other advantages and features of the invention are
obtained, a more particular description of the invention
briefly described above will be rendered by reference to
specific embodiments thereof, which are illustrated, in the
appended drawings. Understanding that these drawings
depict only typical embodiments of the invention and are not
therefore to be considered to be limiting of its scope, the
invention will be described and explained with additional
specificity and detail through the use of the accompanying
drawings in which:

[0019] FIG. 1 schematically illustrates a constant delay
network that supports real-time multimedia communication
in accordance with the prior art;

[0020] FIG. 2 illustrates an exemplary system that pro-
vides a suitable operating environment for the present inven-
tion;

[0021] FIG. 3 schematically illustrates multimedia com-
munication over a heterogeneous network that may include
constant delay networks, variable delay networks with a
common network time base, and variable delay networks
without a common network time base;

[0022] FIG. 4 illustrates a flowchart of a method of
performing constant delay communication of multimedia
packets over a heterogeneous network;
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[0023] FIG. 5 illustrates the heterogeneous network of
FIG. 3 in which the variable delay networks that did not
have a common network time base are provided with a
common network time base;

[0024] FIG. 6 illustrates the heterogeneous network of
FIG. 5 in which the variable delay networks emulate con-
stant delay networks using the common network time base;

[0025] FIG. 7 illustrates a variable delay network in
which there is an undedicated variable delay interface
between the transmitter application and the transmitter link
layer controller as when the variable delay interface is a PCI
interface;

[0026] FIG. 8 illustrates a method for emulating a con-
stant delay network in a variable delay network even if there
is a variable delay interface between the transmitter appli-
cation and the transmitter link layer controller;

[0027] FIG. 9 illustrates a variable delay network in
which a common time base is established; and

[0028] FIG. 10 illustrates a method of emulating a con-
stant delay network using a variable delay network that is
not conventionally equipped with a common network time
base.

DETAILED DESCRIPTION OF THE
INVENTION

[0029] The present invention extends to the real-time
communication of multimedia data over heterogeneous net-
works that may include constant delay networks, variable
delay networks that have a common reckoning of time, and
variable delay networks that do not have a common reck-
oning of time. If there are any variable delay networks in
which there is no common reckoning of time, a common
reckoning of time is established in each of those networks.
Then, the common reckonings of times may be used to
emulate the variable delay networks as one or more constant
delay networks.

[0030] The embodiments of the present invention may
comprise a special purpose or general-purpose processing
device or computer including various computer hardware
components, as discussed in greater detail below. The
embodiments may further comprise multiple computers
linked in a networked environment. Set top boxes that
enhance the capabilities of conventional televisions repre-
sent an example of a special purpose computer.

[0031] Embodiments within the scope of the present
invention also include computer-readable media for carrying
or having computer-executable instructions or data struc-
tures stored thereon. Such computer-readable media can be
any available media that can be accessed by a general
purpose or special purpose computer. By way of example,
and not limitation, such computer-readable media can com-
prise physical storage media such as RAM, ROM,
EEPROM, CD-ROM or other optical disk storage, magnetic
disk storage or other magnetic storage devices, or any other
medium that can be used to carry or store desired program
code means in the form of computer-executable instructions
or data structures and that can be accessed by a general
purpose or special purpose computer.

[0032] When information is transferred or provided over a
network or another communications connection (either
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hardwired, wireless, or a combination of hardwired or
wireless) to a computer, the computer properly views the
connection as a computer-readable medium. Thus, such a
connection is also properly termed a computer-readable
medium. Combinations of the above should also be included
within the scope of computer-readable media. Computer-
executable instructions comprise, for example, instructions
and data which cause a general purpose computer, special
purpose computer, or special purpose processing device to
perform a certain function or group of functions.

[0033] The invention will be described in the general
context of computer-executable instructions, such as pro-
gram modules, being executed by set-top boxes or other
computers. Generally, program modules include routines,
programs, objects, components, data structures, etc. that
perform particular tasks or implement particular abstract
data types. The sequence of instructions implemented in a
particular data structure or program module represents
examples of corresponding acts for implementing the func-
tions or steps described herein.

[0034] FIG. 2 and the corresponding discussion are
intended to provide a general description of a suitable
environment in which the invention may be implemented. In
the discussion, reference is made to a home entertainment
system that may be used for displaying and/or recording
programming. For purposes of this description and in the
claims, a “home entertainment system” may be a display
unit, such as a television screen, coupled to a processing
device for performing the data processing acts and steps
disclosed herein, or may include any number of intercon-
nected consumer electronic devices, one of which having a
processing device for performing the data processing dis-
closed herein.

[0035] Examples of such consumer electronic devices
include a video cassette recorder (“VCR”), a video game
system, a stereo system, a television or monitor with data
processing capabilities, a cable television box, a digital
satellite system receiver (“DSS”), a digital video broadcast-
ing system (“DVB”), a digital versatile disc system
(“DVD”), a compact disk read-only memory system (“CD-
ROM?), a set-top box that serves as an Internet terminal, and
any other device capable of processing data as described
herein. Furthermore, the term “home entertainment system”
is to be understood as a term that broadly describes a
television-viewing or music listening environment, whether
it is located in a viewer’s home, at a place of business, in the
public, or at any other location. Also for purposes of this
description and in the claims, the term “programming”
includes both the viewable and non-viewable portions of
moving image data and/or its associated sound data.

[0036] Inone embodiment, the present invention is imple-
mented in a system that uses a conventional television
screen or other display unit to display information and
includes a WebTV® set-top box or a similar Internet termi-
nal that has been adapted to perform the operations that
include composing, sending and receiving email, browsing
the World Wide Web (“Web”), accessing other segments of
the Internet, and otherwise displaying information. An Inter-
net terminal may use standard telephone lines, Integrated
Services Digital Network (ISDN) lines, cable lines associ-
ated with cable television service, or the like to connect to
the Internet or other wide area networks.
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[0037] FIG. 2 illustrates a home entertainment system 210
that includes a management system 212, a display device
214 and an audio system 216. Management system 212 may
be a set-top box or Internet terminal that has been adapted
to perform the operations disclosed herein. Management
system 212 may be integrally positioned with or separate
from display device 214, which may be a high definition
television display, a standard television display, a flat panel
display, a projection device, an interface involving direct
neural stimulation, a computer monitor, or any other device
capable of displaying viewable video image data. Audio
system 216 may be a speaker, a stereo system, or any device
capable of emitting sound data, and similarly may be inte-
grally positioned with or separate from display device 214.

[0038] Management system 212 includes a signal input
218, which receives programming from a signal source 220.
The programming is transmitted from signal source 220 to
signal input 218 via a programming input line 222, which
can be a cable or optic connection, a terrestrial antenna
system, a satellite system, or any device or system capable
of transmitting programming to home management system
212.

[0039] The signal source 220 may be either a single
channel signal source or a multiple channel signal source. A
single channel signal source provides programming from a
recorded medium, such as a videocassette, compact disc, etc.
Examples of a single channel signal source include a VCR,
a DVD, and the like. Alternatively, a multiple channel signal
source includes any system or device that is capable of
sending a signal that may be received by a satellite receiver,
a cable or optic connection, a terrestrial antenna, or the like.
Examples of a multiple channel signal source include DSS/
DVB, a cable box, locally broadcast programming (i.e.
programming broadcast using UHF or VHF), and the like.

[0040] While FIG. 2 illustrates home entertainment sys-
tem 210 as having a single programming input line 222 and
a single signal source 220, there may also be a plurality of
programming input lines that transmit programming from a
plurality of signal sources. In such embodiments, the home
entertainment system may receive the programming from
one signal source or from a plurality of signal sources at a
time.

[0041] Management system 212 also includes a user input
interface 224, which receives input from an input device
226, such as a remote control, external special purpose or
general-purpose processing device or computer, keyboard,
microphone, mouse, or any other device capable of gener-
ating electronic instructions for management system 212.
Input device 226 is communicatively coupled to manage-
ment system 212 over an input link 228 so as to enable such
control. Input device 226 generates electronic instructions
over input link 228 in response to preprogrammed data or in
response to a viewer pressing buttons on input device 226.
Input device 226 may also control Web browser software
within management system 212 as when management sys-
tem 212 is a set-top box or an Internet terminal that has been
adapted to perform the operations disclosed herein. For
instance, input device 226 may be programmed to turn on
home entertainment system 210 and to tune management
system 212 to a channel.

[0042] FIG. 2 illustrates a signal recorder 230, which is
capable of receiving video and/or audio data and recording
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the data on a storage medium. Video signals are transmitted
to display device 214 and/or signal recorder 230 by video
image links 2324 and 232b, respectively, examples of which
include a radio-frequency (“RF”) link, an S-video link, a
composite link, or any other equivalent form of video image
link. Similarly, audio links 234a and 234b transmit audio
data from management system 212 to audio system 216
and/or to signal recorder 230.

[0043] The operation of management system 212 is con-
trolled by a central processing unit (“CPU”), illustrated as
processing unit 236, which is coupled to an application-
specific integrated circuit (“ASIC”) 238 via system bus 240
and uses computer-executable instructions implemented in
software and/or hardwired logic circuitry. Processing unit
236 and ASIC 238 are also coupled via a system bus 240 to
various other system components, including system memory
242, mass storage interface 244, user interface 224 and
signal input 218. Processing unit 236 may execute software
designed to implement features of management system 212
including features of the present invention.

[0044] ASIC 238 contains circuitry that is used to imple-
ment certain functions of management system 212. Instruc-
tions, data, and other program modules necessary for the
operation of processing unit 236 and necessary for the
operation of the ASIC 238 may be stored in mass storage
device 250 and/or system memory 242, which includes
read-only memory (“ROM”) 246 and random-access
memory (“RAM?) 248. System memory 242 is coupled to
system bus 240 and mass storage device 250 is coupled to
mass storage interface 244, which is in turn also coupled to
system bus 240. Thus, ROM 246, RAM 248 and mass
storage device 250 are communicatively coupled to ASIC
238 so as to be readable by ASIC 238 and so that data may
be written from ASIC 238 to RAM 248 and to mass storage
device 250. Mass storage device 250 may be a magnetic
hard disk 252, but may also be any of the other computer-
readable media referenced above.

[0045] Any desired computer-readable instructions or
data, including application programs 254, other program
modules 256, and an electronic programming guide (“EPG”)
258, which specifies the broadcast times and channels of
programs can be stored in mass storage device 250.

[0046] Mass storage device 250 may also be used to
record video data 253, in which case, management system
212 performs the functions of a digital video recorder.
Digital video data may be received by home entertainment
system 210 from a variety of sources including signal source
220, remote computer 260, video game 268, input device
226 and the Internet.

[0047] EPG data may be obtained in a variety of manners.
For instance, the EPG data can be supplied to management
system 212 by a remote computer 260, such as a server, or
from devices on the Internet and stored on mass storage
device 250. The EPG data may be supplied on a regular basis
to continually maintain a current schedule of programming
at the management system 212. Alternatively, the EPG may
be delivered to home entertainment system 210 by using a
direct-dial communication over standard telephone lines, or
by using data transmission over the cable television infra-
structure, a satellite network, an over-the-air broadcast or
any other available medium, including those previously
mentioned.

Oct. 17, 2002

[0048] In the embodiment where management system 212
is associated with the Internet, management system 212 may
communicate with remote computer 260 via wide area
network (“WAN”) 262 using a varicty of techniques, includ-
ing interposing serial port interface 264 between the system
bus 240 and a modem 266, using a wireless link, or other
means for establishing communications over a WAN that
may be internal or external to management system 212.
Management device 212 is also capable of transmitting
information via the Internet by direct-dial communication
over standard telephone lines, or by using any other avail-
able communication medium.

[0049] While serial port interface 264 may be utilized to
connect a modem 266 for communicating across a WAN,
serial port interface may also be utilized to connect other
consumer eclectronic devices, such as video game 268,
and/or various input devices, such as a keyboard (not shown)
or joystick (not shown), to management device 212.

[0050] Referring now to signal input 218, if the signal on
programming input line 222 includes multiple channels, a
tuner 270 included in signal input 218 tunes to a selected
channel in the signal. Multiple tuners 270 can be used to
provide enhanced viewing features, such as picture-in-pic-
ture, recording one channel while viewing another, and
recording a plurality of channels simultaneously. A signal
decoder 272 may convert video data from an analog format
to a digital format, from a digital format to an analog format,
or convent between varying digital formats, in the event that
ASIC 238 and tuner 270 employ different formats. Video
decoder 272 may also decode video data from a compressed
video format (e.g. MPEG). In embodiments where the
management system 212 includes multiple tuners 270, man-
agement system 212 may also include multiple signal decod-
ers 272 to perform the operations disclosed herein.

[0051] Management system 212 may also include video
output 274, which may include a video converter that
switches between analog and digital formats as necessary
when providing video data over video links 232a and 232b.
Similarly, audio output 276 can include an audio converter
to provide the necessary switching between analog and
digital formats across audio links 234a and 234b.

[0052] While FIG. 2 and the corresponding discussion
above provide a general description of a suitable environ-
ment in which the invention may be implemented, it will be
appreciated that the features of the present invention dis-
closed herein may be practiced in association with a variety
of different system configurations.

[0053] FIG. 3 illustrates a network 300 in which a mul-
timedia source 301 communicates a plurality of multimedia
packets 304 over heterogeneous networks 303 to a multi-
media sink 302. The wide area network 262 described above
with reference to FIG. 2 is one example of a heterogeneous
network, with the multimedia source 301 being the remote
computer 260, and the multimedia sink 302 being the home
entertainment system 210. However, the multimedia sink
302 may also be a personal digital assistant, a lap top
computer, a desk top computer, a telephone, or any other
device capable of receiving multimedia packets and render-
ing in real-time the associated multimedia information.

LINKPLAY EXHIBIT 1004
Page 4707 of 4822



US 2002/0150053 A1l

[0054] The heterogeneous networks 303 may include
three classifications of networks as follows:

[0055] 1) constant delay networks (e.g., constant
delay network 311);

[0056] 2) variable delay networks that have a com-
mon time base (e.g., variable delay network 312 that
has common time base 322); and

[0057] 3) variable delay networks that do not have a
common time base (¢.g., variable delay network 313
that does not have a common time base).

[0058] Although the heterogeneous networks 303 are
illustrated as having only one of each classification of
networks, the principles of the present invention may be
applied to heterogeneous networks that have zero or one or
more of each classification of networks. The heterogeneous
networks are illustrated such that multimedia packets 304
would traverse, in order, the constant delay network, the
variable delay network with a common time base, and the
variable delay network without a common time base. This
configuration is provided for illustrative purposes only. The
principles of the present invention apply regardless of the
specific order of each network within the routing path of a
multimedia packet.

[0059] In order to transition the multimedia packets from
one network to the next, a gateway is provided between each
network in the heterogeneous networks. For example, gate-
way 331 receives multimedia packets from constant delay
network 311, performs appropriate functions on those pack-
ets as described herein, and provides those packets over the
variable delay network 312. In addition, gateway 332
receives multimedia packets from variable delay network
312, performs appropriate functions on those packets as
described herein, and provides those packets over the vari-
able delay network 313. The gateways receive multimedia
packets from a previous network, reconfigure the multime-
dia packet if necessary to conform to the standards of the
next network, and then transmit the potentially reconfigured
multimedia packet onto the next network.

[0060] FIG. 4 illustrates a method 400 of performing
constant delay communication of a stream of multimedia
packets over heterogeneous networks in accordance with the
present invention. FIG. 3 illustrates an initial state of the
heterogeneous networks before the method of FIG. 4 com-
mences. FIGS. 5 through 6 show successive states of the
heterogeneous networks that result from the performance of
the method of FIG. 4. Accordingly, the method of FIG. 4
will be described with frequent reference to the network
states illustrated in FIGS. 3, 5 and 6.

[0061] Initially, a common time reckoning is established
in those variable delay networks in the heterogeneous net-
works that do not already have a common network time base
(act 401). FIG. 5 illustrates the network state of the hetero-
geneous networks after act 401 is complete. The modified
form of the heterogeneous networks 303 of FIG. 3 are
illustrated as heterogeneous networks 503 in FIG. 5. The
modified form of the variable delay network 313 of FIG. 3
is illustrated as variable delay network 513 in FIG. 5. Note
that variable delay network 513 has a common time base
523, whereas the variable delay network 313 does not. At
this stage, each of the networks in the heterogeneous net-
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works 503 should either be a constant delay network, or a
variable delay network that has a common network time
base.

[0062] Returning to method 400 of FIG. 4, the variable
delay networks are emulated as one or more constant delay
networks using the common time reckonings followed by
each variable delay network (act 402). This may be accom-
plished by the link layer, the application layer or another
layer in the gateway including a time stamp in the multi-
media packet, the time stamp representing a time that
follows the common time reckoning of the next variable
delay network. The time stamp may be related to the time
that the packet is to be rendered and may be, for example,
the time that the packet is transmitted. The receiving device
may then use the time stamp to determine when the packet
should be displayed. The time stamp may also be used to
determine what time the multimedia packet should be trans-
mitted by subsequent gateways, or perhaps what time future
time stamps should indicate for subsequent networks. Refer-
ring to FIG. 5, the common time base 322 of the variable
delay network 312 is used to emulate the variable delay
network 312 as a constant delay network. In addition, the
common time base 523 of the variable delay network 513
may be used to emulate the variable delay network 513 as a
constant delay network.

[0063] FIG. 6 illustrates the network state of the hetero-
geneous networks after act 402 is complete. The modified
form of the heterogeneous networks 503 of FIG. 5 are
illustrated as heterogeneous networks 603 in FIG. 6. The
emulated constant delay network 612 replaces the variable
delay network 312 to emphasize its constant delay emula-
tion. In addition, the emulated constant delay network 613
replaces the variable delay network 513 to emphasize its
constant delay emulation. Now the network is sufficiently
prepared to transmit multimedia packets from the multime-
dia source and the multimedia sink (act 403) in real-time.

[0064] As a multimedia packet transitions from one net-
work to the next in the heterogeneous networks, the gateway
may reformat or reconfigure the multimedia packet to con-
form with the requirements of the next network if necessary.
In some cases, this may involve including a time stamp that
conforms to the format of the next network and that repre-
sents an accurate time according to the time reckoning of the
next network. Such time translation need not occur, how-
ever, if both the previous network and the next network
recognize the same time reckoning, or if the next network is
a constant delay network.

[0065] When transitioning from a constant delay network
to a constant delay network, the gateway should ensure that
the packet is transmitted onto the next network at a relatively
constant time period after the packet was received from the
previous network. This transition may be accomplished
without interpreting, manipulating, or creating time stamps
for the packet.

[0066] When transitioning from a constant delay network
to a variable delay network, the gateway will receive the
packet at a given receipt time from the constant delay
network. The gateway will then generate a time stamp that
represents a time according to the common time reckoning
of the variable delay network, the time being equal to or
having a relatively constant offset from the time that the
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packet was received from the constant delay network as
measured using the common time reckoning of the variable
delay network.

[0067] When transitioning from a variable delay network
to a constant delay network, the gateway will receive the
packet and interpret the time stamp according to the time
reckoning of the variable delay network to determine the
time (according to the time reckoning of the gateway) when
the packet should be transmitted onto the constant delay
network. The gateway will then transmit the packet onto the
constant delay network at the given transmit time.

[0068] When transitioning from a variable delay network
to another variable delay network, the gateway will leave the
time stamp in the multimedia packet if both variable delay
networks follow the same time reckoning and packet format.
Otherwise, the gateway will translate the time stamp so that
it represents a time according to the common time reckoning
of the second variable delay network.

[0069] In some variable delay networks, there is no pro-
vision for a link layer controller to maintain a common
reckoning of time with other devices on the network.
Accordingly, the application layer itself may maintain the
common time reckoning across the devices, calculate the
appropriate time stamp, and/or include the time stamp in the
multimedia packet. Which of these tasks the application
layer performs may depend on the capabilities of the link
layer that the application layer uses to forward multimedia
packets through the gateway.

[0070] In this manner, even heterogeneous networks may
emulate a constant delay network that allows for real-time
communication of multimedia packets. Thus, the principles
of the present invention provide for the delivery of multi-
media packets regardless of the heterogenic nature of the
networks that intervene between the multimedia source and
the multimedia sink, even if some of the heterogeneous
networks include variable delay network that do not them-
selves support a common notion of time. Thus, streaming
multimedia data may be available regardless of the location
of the user. Accordingly, the principles of the present inven-
tion represent a significant improvement over the state of the
art.

[0071] Various examples are now provided of how to
emulate a constant delay network from a variable delay
network. In particular, FIG. 7 illustrates a network configu-
ration 700 that includes a transmitter 720 and a receiver 721
and a variable delay network 704 that intervenes between
the transmitter 720 and the receiver 721.

[0072] The transmitter 720 includes a transmitter applica-
tion 701 that stores a plurality of multimedia packets in a
memory 707. For example, memory 707 stores two multi-
media packets, a first multimedia packet 708 and a second
multimedia packet 709. The transmitter 720 also includes a
transmitter link layer controller 703 that actually retrieves
the multimedia packets for transmission over the variable
delay network 704. A variable delay interface 702 intervenes
between the transmitter application 701 and the transmitter
link layer controller 703. The receiver 721 includes a link
layer controller 705, which receives the multimedia packets
from the variable delay network 704 and provides those
packets to the receiver application 706.

[0073] The variable delay network 704 may be, for
example, an IEEE 1394 serial bus network. It should be
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noted that the conventional IEC 61883-x technology allow
for constant network emulation of a IEEE 1394 serial bus
network using an AV link layer controller that provides IEC
61883-x support. However, this conventional constant delay
emulation relies on a constant delay between the transmitter
application dispatching the multimedia packets, and the
transmitter link layer controller receiving the multimedia
packet. However, as illustrated in FIG. 7, there is a variable
delay interface 703 between the transmitter application 701
and the link layer controller 703. Therefore, there is no
reason to believe that the conventional constant delay emu-
lation methods using an AV link layer controller that pro-
vides IEC 61883-x support would work in the network
configuration illustrated in FIG. 7.

[0074] The variable delay interface 702 may be, for
example, an undedicated PCI interface. In this case, the
transmitter link layer controller 703 may be, for example, an
OHCI link layer controller. The PCI interface has the
advantage of being able to be shared among a variety of
devices, not just the transmitter link layer controller 703.
Accordingly, the PCI interface is well suited for general
purpose computing systems. However, conventional tech-
nology does not provide for constant delay network emula-
tion of a variable delay network when the transmitter of the
variable delay network includes a variable delay interface
between the transmitter application and the transmitter link
layer controller. The principles of the present invention,
however, allow for a PCI interface with an OHCI link layer
controller to be used in a transmitter while still emulating a
constant delay network.

[0075] FIG. 8 illustrates a method 800 of a transmitter link
layer controller emulating a constant delay network over a
variable delay network despite the undedicated variable
delay interface in accordance with the present invention. The
method 800 of FIG. 8 will be described with respect to the
network configuration 700 of FIG. 7.

[0076] The transmitter link layer controller 703 receives a
first multimedia packet 708 from the transmitter application
701 (act 801). The transmitter application 701 included a
first transmitter application time stamp 710 in the packet, the
time stamp 710 representing the relative time that the
information in the first multimedia packet 708 should be
rendered by the receiver application 706 as represented in
the time base followed by the transmitter application 701.
The transmitter link layer controller 703 then includes
another time stamp 714 in the first multimedia packet 708
(act 802). The new time stamp represents the time that the
corresponding information should be rendering with refer-
ence to the network time base.

[0077] The transmitter link layer controller 703 also
receives information from the transmitter application 701
from which the transmitter link layer controller 703 may
derive the frequency (act 803) of the time base used by the
transmitter application with respect to the common time
base (i.e., the network time base) recognized over devices on
the variable delay network 704. The transmitter link layer
controller 703 stores this information as frequency 712, and
also stores the current time 713 in accordance with the
common time base recognized over the variable delay
network 704.

[0078] The transmitter link layer controller also receives a
second multimedia packet such as multimedia packet 709
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from the transmitter application 701 over the variable delay
interface 702 (act 804). The transmitter application 701
included a transmitter application time stamp 711 in the
packet, the time stamp 711 representing the relative time that
the information in the second multimedia packet 709 should
be rendered by the receiver application 706, as represented
in the time base followed by the transmitter application 701.

[0079] The transmitter link layer controller 703 then cal-
culates a network time stamp 715 that represents the relative
time that the information in the second multimedia packet
should be rendered by the receiver application 706 in
accordance with the common network time base (act 805).
The calculation is based on the first transmitter application
time stamp 710, the second transmitter application time
stamp 711, the frequency 712, and the first network time
stamp 714. More specifically, this calculation may be made
according to the following formula:

new__network__time=old__network__time+(new__
STB__time—old__STB__time)*frequency

[0080] where:

[0081] old_network time=the stored value of the
time stamped in the last packet;

[0082] old_STB_time=the stored value of the soft-
ware time base provided in the last packet;

[0083] new_STB_time=the value of the software
time base read from the current packet; and

[0084] frequency=the stored software time base fre-
quency.

[0085] In actual implementation, a fixed offset may be
added to the network time stamps to be in compliance with
any applicable specification such as IEC 61883-x.

[0086] The transmitter link layer controller 703 then
includes the calculated network time stamp 715 in the
second multimedia packet 709 (act 806), and then dispatches
the second multimedia packet 709 over the variable delay
network 704 (act 807). The calculated network time stamp
715 may be included in the multimedia packet in accordance
with the IEC 61883-x protocol. The receiver link layer
controller 705 may then receive the multimedia packets and
interpret the time stamp using the IEC 61883-x protocol.
The link layer controller 705 may then forward the packets
to the receiver application 706 which may then time the
rendering of the corresponding information.

[0087] FIG. 9 illustrates a network configuration 900 in
which a transmitter application 901 controls the time base
across a variable delay network 903. The transmitter appli-
cation 901 is associated with a transmitter link layer con-
troller 902 that stores a time base 913. A receiver application
905 is associated with a receiver link layer controller 904
that stores a time base 914, that is relatively synchronized
with the time base 613.

[0088] FIG. 10 illustrates a method 1000 for emulating a
constant delay network over the variable delay network and
will be described with respect to FIG. 9. The transmitter link
layer controller 902 stores a transmitter application time
base 913 received from the transmitter application 901 (act
1001).

[0089] The transmitter link layer controller periodically
transmits the transmitter application time base to one or
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more devices including the receiver link layer controller 904
over the variable delay network 903 (act 1002). Software
that provides data asynchronously to the multimedia packets
may perform the task of synchronization. In this manner, the
clock registers at the transmitter and receiver link layer
controllers (i.e., the time base 913 and the time base 914)
may be kept synchronized.

[0090] The transmitter link layer controller 902 includes
the transmitter application time base in each packet that is to
be transmitted over the variable delay network (act 1003)
and then dispatches the packet over the network (act 1004).
The receiver application 905 may then use the transmitter
application time base in order to time the rendering of the
corresponding information in the multimedia packets. An
example of a variable delay network in which the method
1000 of FIG. 10 may be implemented is an IEC 802.11

wireless network.

[0091] Therefore, the principles of the present invention
provide for a means of emulating a constant delay network
even over a group of heterogeneous networks that include
variable delay networks that do not inherently support a
common notion of time. Also, the principles of the present
invention allow for constant delay network emulation on
variable delay networks in which there is a variable delay
interface between the transmitter application and the trans-
mitter link layer controller, and in variable delay networks
that have no inherent common network time base.

[0092] The present invention may be embodied in other
specific forms without departing from its spirit or essential
characteristics. The described embodiments are to be con-
sidered in all respects only as illustrative and not restrictive.
The scope of the invention is, therefore, indicated by the
appended claims rather than by the foregoing description.
All changes, which come within the meaning and range of
equivalency of the claims, are to be embraced within their
scope.

What is claimed and desired secured by United States

Letters Patent is:

1. In a network system that includes a multimedia source
and a multimedia sink, the multimedia source transmitting a
stream of multimedia packets to the multimedia sink over a
plurality of heterogeneous networks, the heterogeneous net-
works including a plurality of variable delay networks, a
method of performing constant delay communication of the
stream of multimedia packets from the multimedia source
over the heterogeneous networks to the multimedia sink
even though one or more of the variable delay networks do
not themselves provide for a common reckoning of time in
the wvariable delay network, the method comprising the
following:

establishing a common time reckoning in all of the
variable delay networks that do not themselves provide
for a common time reckoning;

emulating the plurality of variable delay networks as one
or more constant delay networks using the specific
common time reckonings present in the plurality of
variable delay networks, wherein the heterogeneous
networks as a whole emulates a constant delay net-
work; and

transmitting a multimedia packet over the heterogeneous
networks.
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2. A method in accordance with claim 1, further compris-
ing the following:

receiving the multimedia packet from a previous network
in the heterogeneous networks;

as the multimedia packet transitions from the previous
network to a next network in the heterogeneous net-
works, configuring the multimedia packet if necessary
to conform with the requirements of the next network
if the multimedia packet does not already conform with
the requirements of the next network; and

transmitting the reconfigured multimedia packet onto the
next network.
3. A method in accordance with claim 2, further compris-
ing:

repeating the act of receiving the multimedia packet from
a previous network, the act of configuring the multi-
media packet if necessary, and the act of transmitting
the reconfigured multimedia packet onto the next net-
work for each network transition as the multimedia
packet traverses the heterogeneous networks from the
multimedia source to the multimedia sink.

4. The method in accordance with claim 2, wherein the
next network is a variable delay network, wherein the act of
configuring the multimedia packet if necessary comprises
the following:

generate a time stamp that represents a time in accordance
with a common time reckoning of the variable delay
network; and

including the time stamp in the multimedia packet.

5. The method in accordance with claim 4, wherein the act
of including the time stamp in the multimedia packet is
performed by the link layer.

6. The method in accordance with claim 4, wherein the act
of including the time stamp in the multimedia packet com-
prises the following:

including the time stamp in the multimedia packet before
control of the multimedia packet transfers to the link
layer associated with the next network.

7. The method in accordance with claim 6, wherein the act
of including the time stamp in the multimedia packet before
control of the multimedia packet transfers to the link layer
comprises the following:

an application layer including the time stamp in the

multimedia packet.

8. In a variable delay network that includes a transmitter
and a receiver, a transmitter application associated with the
transmitter configured to transmit a stream of multimedia
packets through a transmitter link layer controller, over the
variable delay network, through a receiver link layer con-
troller to a receiver application associated with the receiver,
the transmitter link layer controller having an undedicated
variable delay interface with the transmitter application, the
transmitter link layer controller and the receiver link layer
controller being substantially synchronized in accordance
with a common network time base, a method of the trans-
mitter link layer controller emulating a constant delay net-
work over the variable delay network despite the undedi-
cated variable delay interface, the method comprising the
following:
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receiving a first multimedia packet from the transmitter
application, the first multimedia packet including a first
transmitter application time stamp, which represents
the relative time that the information in the first mul-
timedia packet should be rendered by the receiver
application in accordance with a transmitter application
time base;

including in the first multimedia packet a first network
time stamp, which represents the relative time that the
information in the first multimedia packet should be
rendered by the receiver application in accordance with
the common network time base;

receiving data representing a frequency of the transmitter
application time base;

receiving a second multimedia packet from the transmitter
application, the second multimedia packet including a
second transmitter application time stamp, which rep-
resents the relative time that the information in the
second multimedia packet should be rendered by the
receiver application in accordance with the transmitter
application time base;

calculating a second network time stamp representing the
relative time that the information in the second multi-
media packet should be rendered by the receiver appli-
cation in accordance with the common network time
base, the calculation based on the first transmitter
application time stamp, the second transmitter applica-
tion time stamp, the frequency, and the first network
time stamp;

including the second network time stamp in the second
multimedia packet; and

dispatching the second multimedia packet to the receiver

application.

9. A method in accordance with claim 8, where the
variable delay network is an IEEE 1394 compliant network,
the transmitter link layer controller comprises an OHCI link
layer controller, and the undedicated variable delay interface
comprises a PCI interface.

10. A method in accordance with claim 8, wherein includ-
ing the second network time stamp in the second multimedia
packet is performed in accordance with the IEC 61883
protocol.

11. A computer program product for use in a variable
delay network that includes a transmitter and a receiver, a
transmitter application associated with the transmitter con-
figured to transmit a stream of multimedia packets through
a transmitter link layer controller, over the variable delay
network, through a receiver link layer controller to a receiver
application associated with the receiver, the transmitter link
layer controller having an undedicated variable delay inter-
face with the transmitter application, the transmitter link
layer controller and the receiver link layer controller being
substantially synchronized in accordance with a common
network time base, the computer program product for imple-
menting a method of the transmitter link layer controller
emulating a constant delay network over the variable delay
network despite the undedicated variable delay interface, the
computer program product comprising computer-readable
medium having stored thereon computer-executable instruc-
tions that, when executed by one or more processor, cause
the transmitter link layer controller to perform the following:
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detecting the receipt of a first multimedia packet from the
transmitter application, the first multimedia packet
including a first transmitter application time stamp,
which represents the relative time that the information
in the first multimedia packet should be rendered by the
receiver application in accordance with a transmitter
application time base;

including in the first multimedia packet a first network
time stamp, which represents the relative time that the
information in the first multimedia packet should be
rendered by the receiver application in accordance with
the common network time base;

detecting the receipt of data representing a frequency of
the transmitter application time base;

detecting the receipt of a second multimedia packet from
the transmitter application, the second multimedia
packet including a second transmitter application time
stamp, which represents the relative time that the
information in the second multimedia packet should be
rendered by the receiver application in accordance with
the transmitter application time base;

calculating a second network time stamp representing the
relative time that the information in the second multi-
media packet should be rendered by the receiver appli-
cation in accordance with the common network time
base, the calculation based on the first transmitter
application time stamp, the second transmitter applica-
tion time stamp, the frequency, and the first network
time stamp;

including the second network time stamp in the second
multimedia packet; and

causing the second multimedia packet to be dispatched to

the receiver application.

12. A computer program product in accordance with claim
11, wherein the computer-readable medium is one or more
physical storage media.

13. A computer program product in accordance with claim
11, wherein the variable delay network is an IEEE 1394
compliant network, the transmitter link layer controller
comprises an OHCI link layer controller, and the undedi-
cated variable delay interface comprises a PCI interface.

14. A computer program product in accordance with claim
11, wherein the computer-executable instructions for includ-
ing the second network time stamp in the second multimedia
packet is executed in accordance with the IEC 61883-x
protocol.

15. In a variable delay network that includes a transmitter
and a receiver, a transmitter application associated with the
transmitter configured to transmit a stream of multimedia
packets through a transmitter link layer controller, over the
variable delay network, through a receiver link layer con-
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troller to a receiver application associated with the receiver,
a method of the transmitter emulating a constant delay
network over the variable delay network, the method com-
prising the following:

storing a transmitter application time base in a register;

periodically transmitting the transmitter application time
base to one or more other devices in the variable delay
network;

including a transmitter application time stamp in a mul-
timedia packet, the transmitter application time stamp
representing the relative time that the information in the
multimedia packet should be rendered by the receiver
application; and

dispatching the multimedia packet to the receiver appli-

cation.

16. The method in accordance with claim 15, wherein the
variable delay network is an IEEE 802.11 compliant net-
work.

17. A computer program product for use in a variable
delay network that includes a transmitter and a receiver, a
transmitter application associated with the transmitter con-
figured to transmit a stream of multimedia packets through
a transmitter link layer controller, over the variable delay
network, through a receiver link layer controller to a receiver
application associated with the receiver, the computer pro-
gram product for implementing a method of the transmitter
emulating a constant delay network over the variable delay
network, the computer program product comprising a com-
puter readable medium having stored thereon computer-
executable instructions for performing the following:

causing a transmitter application time base to be stored in
a register;

periodically transmitting the transmitter application time
base to one or more other devices in the variable delay
network;

including a transmitter application time stamp in a mul-
timedia packet, the transmitter application time stamp
representing the relative time that the information in the
multimedia packet should be rendered by the receiver
application; and

causing the multimedia packet to be dispatched to the

receiver application.

18. A computer program product in accordance with claim
17, wherein the computer-readable medium is one or more
physical storage media.

19. A computer program product in accordance with claim
17, wherein the variable delay network is an IEEE 802.11
compliant network.
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57) ABSTRACT

A method of controlling an appliance includes wirelessly
initiating with a mobile computing device a performance of
a content on at least one appliance of a plurality of appli-
ances. The method includes interrupting the performance of
the content by at least one of: switching the performance
from a first appliance to a second appliance of the plurality
of the appliances; splitting the performance of content
between the first appliance and the second appliance; and
splitting the performance of content on the first appliance to
include only a portion of the content. The method optionally
includes maintaining the continuity of the performance
during the switching step and/or splitting step.

A system for controlling an appliance includes a mobile
computing device comprising a content interruption man-
ager including at least one of: an appliance switcher con-
figured for switching the performance of content among
appliances; a multiple appliance splitter configured for split-
ting the performance of content into select portions for
simultaneous performance on multiple appliances; and a
performance continuity monitor configured for maintaining
a continuity of a performance of content on one or more
appliances.
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MOBILE COMPUTING DEVICE WITH METHOD
AND SYSTEM FOR INTERRUPTING CONTENT
PERFORMANCE AMONG APPLIANCES

CROSS REFERENCE TO RELATED
APPLICATIONS

[0001] This patent application is related to the following
Non-Provisional U.S. Patent Applications: Ser. No.
entitled “System and Method for a Mobile Computmg
Device to Control Appliances,” having Attorney Docket No.
10004224-1; Ser. No. , entitled “System and Method
for Automatically Applying a User Preference From a
Mobile Computing Device to an Appliance,” having Attor-
ney Docket No. 100110639-1; Ser. No. _ , entitled
“System and Method for Determining Priority Among Mul-
tiple Mobile Computing Devices to Control an Appliance,”
having Attorney Docket No. 100110641-1, are all assigned
to the same assignee as the present application, and are all
herein incorporated by reference.

THE FIELD OF THE INVENTION

[0002] The present invention relates to mobile computing
devices, and in particular, to mobile computing devices that
control appliances.

BACKGROUND OF THE INVENTION

[0003] Man has always tried to control his environment. In
the last century, man has succeeded in producing totally
controlled indoor environments complete with water, light,
heating and cooling, sanitary plumbing, and entertainment.
We live quite comfortably.

[0004] In the last twenty years, the advent of the remote
control has further spoiled us. We are disappointed if we
cannot point and click to control something. We have
separate remote controls for our TVs, stereos, and lights, as
well as universal remote controls to permit controlling all
these appliances with a single device.

[0005] While a remote control can help you navigate a
favorites list for TV programming, the favorites list is
created through and maintained by the cable or satellite
broadcaster, not the remote control. Accordingly, conven-
tional remote controls are limited to assisting a user select
content for viewing within the framework already provided
by the TV signal broadcaster (e.g. network, cable, satellite,
etc). This fact makes the term remote control somewhat
misdescriptive since they actually control very little in terms
of content. Rather, the conventional remote control merely
allows us to select among content that is already chosen for
us.

[0006] Finally, to the extent that any of our favorite media
devices, such as radios, TVs, internet browsers/appliances,
etc. permit personalization through favorite lists or user
preferences, the information in these devices remain islands
unto themselves. Users constantly re-enter favorites and
preferences in these devices because it is not currently
possible to carry them across devices. Moreover, when a
user desires to use a device, such as a TV or web browser on
a computer, in a new location such as a hotel room or
friend’s house, the user no longer has access to their
favorites and user preferences which are stored on the same
type of device (e.g. TV or web browser) at home.
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[0007] Accordingly, the personalized use of one electronic
device remains isolated and independent of personalized use
of other electronic devices available to the user.

SUMMARY OF THE INVENTION

[0008] A method of the present invention of controlling an
appliance includes wirelessly initiating with a mobile com-
puting device a performance of a content on at least one
appliance of a plurality of appliances. The method includes
interrupting the performance of the content by at least one
of: switching the performance from a first appliance to a
second appliance of the plurality of the appliances, splitting
the performance of content between the first appliance and
the second appliance; and splitting the performance of
content on the first appliance to include only a portion of the
content. The method optionally includes maintaining the
continuity of the performance during the switching step
and/or splitting step.

[0009] A system of the present invention for controlling an
appliance includes a content interruption manager including
at least one of: an appliance switcher configured for switch-
ing the performance of content among appliances; a multiple
appliance splitter configured for splitting the performance of
content into select portions for simultaneous performance on
multiple appliances; and a performance continuity monitor
configured for maintaining a continuity of a performance of
content on one or more appliances.

BRIEF DESCRIPTION OF THE DRAWINGS

[0010] FIG. 1 is a block diagram illustrating an appliance
control system, according to one embodiment of the present
invention.

[0011] FIG. 2 is a diagram further illustrating an appliance
control system, according to one embodiment of the present
invention.

[0012] FIG. 3 is a flow diagram of a method of controlling
an appliance, according to one embodiment of the present
invention.

[0013] FIG. 4 is a block diagram of a video device, an
audio device, and mobile computing device of an appliance
control system, according to one embodiment of the present
invention.

[0014] FIG. 5 is a block diagram of an appliance content
selector of an appliance control system, according to one
embodiment of the present invention.

[0015] FIG. 6 is a block diagram of a content interrupt
manager of an appliance control system, according to one
embodiment of the present invention.

[0016] FIG. 7 is a block diagram of a mobile phone, a
land-line phone, and a mobile computing device of an
appliance control system, according to one embodiment of
the present invention.

[0017] FIG. 8 is a block diagram of a multi-function
printer, a computing workstation, a web site and a mobile
computing device of an appliance control system according
to one embodiment of the present invention.

[0018] FIG.9 is a block diagram of an user interface of an
appliance control system, according to one embodiment of
the present invention.
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[0019] FIG. 10 is a block diagram of a priority contention
moderator of an appliance control system, according to one
embodiment of the present invention.

[0020] FIG. 11 is a block diagram of an user preference
auto manager of an appliance control system, according to
one embodiment of the present invention.

[0021] FIG. 12 is a flow diagram of a method of applying
user preferences across appliances, according to one
embodiment of the present invention.

[0022] FIG. 13 is a flow diagram of a method of applying
user preferences across appliances, according to one
embodiment of the present invention.

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

[0023] In the following detailed description of the pre-
ferred embodiments, reference is made to the accompanying
drawings which form a part hereof, and in which is shown
by way of illustration specific embodiments in which the
invention may be practiced. It is to be understood that other
embodiments may be utilized and structural or logical
changes may be made without departing from the scope of
the present invention. The following detailed description,
therefore, is not to be taken in a limiting sense, and the scope
of the present invention is defined by the appended claims.

[0024] Components of the wireless access control method
and system of the present invention can be implemented in
hardware via a microprocessor, programmable logic, or state
machine, in firmware, or in software within a given device.
In one aspect, at least a portion of the software programming
is web-based and written in HTML and JAVA programming
languages, including links to graphical user interfaces for
data collection, such as a windows based operating system,
and each of the main components may communicate via a
network using a communication bus protocol. For example,
the present invention may or may not use a TCP/IP protocol
suite for data transport. Other programming languages and
communication bus protocols suitable for use with the
present invention will become apparent to those skilled in
the art after reading the present application. Components of
the present invention may also reside in software on one or
more computer-readable mediums. The term computer-read-
able medium as used herein is defined to include any kind of
memory, volatile or non-volatile (e.g., floppy disks, hard
disks, CD-ROMs, flash memory, read-only memory (ROM),
and random access memory (RAM)).

[0025] Preferably, the user interfaces described herein run
on a controller, computer, appliance or other device having
an operating system which can support one or more appli-
cations. The operating system is stored in memory and
executes on a processor. The operating system is preferably
a multi-tasking operating system which allows simultaneous
execution of multiple applications, although aspects of this
invention may be implemented using a single-tasking oper-
ating system. The operating system employs a graphical user
interface windowing environment which presents the appli-
cations or documents in specially delineated areas of the
display screen called “windows.” Each window has its own
adjustable boundaries which allow the user to enlarge or
shrink the application or document relative to the display
screen. Each window can act independently, including its

Apr. 17, 2003

own menu, toolbar, pointers, and other controls, as if it were
a virtual display device. Other software tools may be
employed via the window, such as a spreadsheet for col-
lecting data. The operating system preferably includes a
windows-based dynamic display which allows for the entry
or selection of data in dynamic data field locations via an
input device such as a keyboard and/or mouse. One pre-
ferred operating system is a Windows® brand operating
system sold by Microsoft Corporation. However, other oper-
ating systems which provide windowing environments may
be employed, such as those available from Apple Corpora-
tion or IBM. In another embodiment, the operating system
does not employ a windowing environment.

[0026] An appliance control system of the present inven-
tion enables a mobile computing device, such as a personal
digital assistant, to control appliances like televisions,
radios, printers, etc. The control can take several forms
including applying preferences to the appliance such as
volume level, activation and deactivation along with deter-
mining the content available to the appliance such as sup-
plying a program, song, or file to be acted upon by the
appliance. In addition, control can include simply selecting
available content to be used by the appliance, such as
selecting a TV channel or regularly broadcast program.

[0027] For example, upon entry within a room, the mobile
computing device can automatically perform these steps:
identify an appliance like a TV; activate the TV; turn the TV
to a channel carrying a favorite program; and select a
preferred volume level. In the event that the favorite pro-
gram is not being broadcast, the mobile computing device
can supply its own content. In particular, the mobile com-
puting device can retrieve an episode of that program or
substitute a program from memory of the mobile computing
device, transfer that stored program to the TV, and then
command the appliance to play the program.

[0028] Of course, the mobile computing device contains
user preferences for all devices that the user might come into
contact with and optionally contains virtually any content
that the user might desire to have performed by an appliance.
Moreover, control by the mobile computing device is not
necessarily limited to appliances owned by the user. Rather,
appliances situated in public places, at friends and neighbors
homes, etc. can selectively surrender control to a mobile
computing device. Accordingly, the user now gains unified
control over appliances in their environment, whether at
home or out in the world, with a single mobile computing
device that permits automatic implementation of their user
preferences and automatic performance of their preferred
content on the appliances.

[0029] With the system and method of the present inven-
tion, consumers are no longer relegated to seeking and
implementing their preferences and preferred content sub-
ject to control by the appliances and subject to the content
providers associated with the appliances. Rather, with the
system and method of the present invention, the user obtains
integrated control over the appliances, becoming the master
of the appliances. These subservient appliances become
tools to perform tasks using content supplied by the mobile
computing device or conventionally supplied by an appli-
ance content provider.

[0030] Moreover, user preferences and content that was
previously isolated among independent appliances becomes
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centralized and associated with the user. After all, user
preferences and content were created for the enjoyment of
the user in the first place. Accordingly, the system and
method of the present invention keeps the user preferences
(and some content) with the user via the mobile computing
device) instead of with the appliances, letting the user apply
the preferences when and where they desire to do so without
independent programming of each device regarding those
preferences.

[0031] An appliance control system 10, according to one
exemplary embodiment of the present invention, is shown in
FIG. 1. Appliance control system 10 includes at least one
mobile computing device 12 operating in an environment of
one or more appliances 13 in which mobile computing
device 12 controls appliance 13. Both mobile computing
device 12 and appliance 13 include content 16 and user
preferences 18. Content 16 generally includes a song, pro-
gram, or any information that can be performed in a task by
appliance 13 while user preference 18 generally includes
preferences as to how, when and where that content 16 will
be performed by appliances 13. Both content 16 and user
preferences 18 are further defined throughout this applica-
tion in the following examples of the system and method of
the present invention.

[0032] Mobile computing device 12 is configured to select
content 16 of appliance 13 for performance by appliance 13
and/or configured to supply content 16 from mobile com-
puting device 12 (or from another source as controlled by
mobile computing device 12) to appliance 13 for perfor-
mance by appliance 13. Finally, controlling appliance 13
includes applying user preferences 18, stored on mobile
computing device 12, to each appliance 13.

[0033] As shown in FIG. 1, more than one mobile com-
puting device 12 can compete for control over appliance 13.
In this situation, mobile computing device 12 and appliance
13 determine priority between multiple computing devices
12 for control of appliance 13, as will described in greater
detail later in this application. The mobile computing device
12 that obtains priority to control appliance 13 also option-
ally can request, command, and/or coordinate another
mobile computing device 12 to copy and/or transfer, all or
a part, of its content 16 to appliance 13 and/or to the
controlling mobile computing device 12.

[0034] As shown in FIG. 2, appliances 13 in appliance
control system 10 include, but are not limited to, video
device 14, computing workstation 16, multifunction printer
24, mobile phone 26, audio device 28, and web site 36.
Appliance control system 10 further comprises household
appliance set 40, which includes heating and cooling ther-
mostat 42, alarm clock 44, lighting unit 46, and beverage
maker 48. Appliance set 40 also optionally includes con-
ventional household appliance controller 50, which acts an
appliance 13, for providing local control over household
appliances 42-48. Each of these appliances 13 and their
interaction with mobile computing device 12 as part of
appliance control system 10 is described in further detail in
association with FIGS. 3-10.

[0035] Appliance control system 10 is used in a method 60
of controlling appliances, as shown in FIG. 3. Method 60
includes a first step 62 in which mobile computing device 12
moves within proximity of at least one appliance 13 and
establishes wireless communication with appliance 13. First
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step 62 optionally includes mobile computing device 12
selecting which appliances 13 it will attempt to assert
control over.

[0036] When multiple computing devices are present, then
first step 62 further includes step 64 in which appliances 13
and/or mobile computing devices 12 must determine priority
and grant priority of control over appliances 13 to one of the
mobile computing devices 12. Next, the master mobile
computing device 12 automatically applies its user prefer-
ences to appliance 13 (step 65). Mobile computing device 12
then automatically or manually selects content available
through appliance 13 for performance on appliance 13 (step
66). Step 66 also optionally includes mobile computing
device 12 supplying content to appliance 13 for performance
by appliance 13 (step 67).

[0037] Finally, in step 68, appliance 13 performs the task
requested by mobile computing device 12 using content 16
selected and/or supplied by mobile computing device 12
along with the user’s preferences 18 applied by mobile
computing device 12 to appliance 13.

[0038] System 10 and method 60 of the present invention
will now be described in further detail in association with
FIGS. 4-10, with specific details regarding the interaction of
mobile computing device 12 and each of appliances 13
shown and identified in association with FIG. 2.

[0039] For example, each appliance 13 in household appli-
ance sct 40 (FIG. 2) may be controlled according to user
preferences 18 of mobile computing device 12. When user
with mobile computing device 12 comes within the prox-
imity if appliance set 40, then mobile computing device 12
preferably causes appliance set 40 to adopt operating con-
ditions preferred by the user. In particular, by applying user
preferences 18, mobile computing device 12 sets thermostat
42 at a selected temperature and heating/cooling cycle, sets
radio 44 at a favorite station, volume and alarm time, sets
lighting 46 at a favorite on/off cycle and intensity level, and
sets beverage maker 48 at a favorite on/off cycle. Finally,
mobile computing device 12 optionally controls household
appliance controller 50, which in turn controls one or more
appliances 13 in household appliance set 40. Accordingly,
mobile computing device 12 carries user preferences 18 of
the user’s ideal living environment so that mobile computing
device 12 automatically controls the surrounding environ-
ment using available appliances 13 to accommodate the user
tastes.

[0040] In another aspect of the invention, as shown in
FIG. 4, an appliance control system of the present invention
includes audiovisual subsystem 80 comprising mobile com-
puting device 12 interacting with appliances 13, such as
video device 14 and audio device 28. Subsystem 80 is not a
closed system excluding the interaction of other appliances
13 or mobile computing devices 12 but rather a convenient
reference to identify an exemplary interaction between
mobile computing device 12, video device 14, and audio
device 28.

[0041] Video device 14 preferably includes a television,
movie player, or video display monitor while audio device
28 preferably includes a stereo system, CD player, or other
audio media player. Mobile computing device 12 preferably
includes a personal digital assistant, or another computing
device such as a handheld computer, laptop computer, etc.
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[0042] In this embodiment, appliance control subsystem
80 also optionally includes network communication link 70.
Network communication link 70, as used herein, includes an
Internet communication link, an intranet communication
link, or similar high-speed communication link. In one
preferred embodiment, network communication link 70
includes Internet communication link 72. Network commu-
nication link 70 optionally facilitates communication
between mobile computing device 12 and appliances 13,
such as video device 14 and audio device 28, and provides
a route to the internet for obtaining content for performance
by appliances 13 under the control of mobile computing
device 12. For audio device 28 this feature would include the
ability to obtain audio files such as MP3 files from the web
site 36 for performance on audio device 28.

[0043] Mobile computing device 12 includes controller 81
with operating system 82, memory 84, wireless communi-
cator 86, display 88 with user interface 90, appliance content
selector 92, priority contention moderator 94, distance/
location identifier 96, embedded web server 97, electronic
payment mechanism 98, and content interrupt manager 99.

[0044] Controller 81 of mobile computing device 12
includes hardware, software, firmware or combination of
these. In one preferred embodiment controller 81 includes a
computer server or other microprocessor based system
capable of performing a sequence and logic operation and
including memory for storing information. Controller 81
supports and cooperates with embedded web server 97.
Operating system 82 preferably has the attributes and fea-
tures of the previously described operating systems.

[0045] Memory 84 of mobile computing device 12 pref-
erably includes a high capacity random access memory
system available on an integrated circuit chip, such as
SDRAM, DRAM, EDO RAM, etc. Memory 84 also option-
ally comprises a miniaturized hard drive sized for disposi-
tion within mobile computing device 12 or a silicon based,
ultra high capacity storage device, such as an atonic reso-
lution storage device, as described in Gibson et. al. U.S. Pat.
No. 5,557,596, and which is hereby incorporated by refer-
ence.

[0046] Wireless communicator 86 of mobile computing
device 12 uses one or more known communication and
application protocols such as Wireless Application Protocol
(WAP), Bluetooth, Infrared (IrDA, FIR), 802.11, as well as
other communication and application protocols known to
those skilled in the art, such as UltraWideBand (UWB).
Mobile computing device 12 includes communication hard-
ware and software known in the art for implementing these
protocols, such as distance/location identifier 96. Distance/
location identifier 96 also optionally incorporates or com-
municates with a global positioning satellite system (GPS)
to provide these functions. Distance/location identifier 96
determines the location and distance of appliances 13 rela-
tive to mobile computing device 12 for establishing autho-
rization and priority of mobile computing device(s) 12 to
control appliances 13.

[0047] Wireless communication protocols such as infrared
(e.g., FIR), Bluetooth, and UltraWide Band (UWB) which
permit direct radio or beamed communication between two
or more compatible devices that operate independently of a
network and independently of network communication link
70. This feature permits direct one-on-one communication
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between two similarly configured computing devices with-
out any communication intermediary. In the example of the
Bluetooth protocol, the communication link preferably is
established by the mere presence of each respective device
(e.g., mobile computing device 12 and any appliance having
a wireless communicator 86) in close proximity to each
other. This instant synchronization enables the devices to
immediately communicate with each other without taking
time to manually establish a connection or communication
link. Finally, if necessary, mobile computing device 12 also
can communicate with other mobile computing devices 12
and/or appliances 13 through more conventional indirect
routes such as wired or wireless network links, wired or
wireless Internet links, or telecommunications networks.

[0048] User interface 90 of mobile computing device 12
can be implemented in hardware via a microprocessor,
programmable logic device, or state machine, and firmware,
or in software. In one aspect, at least a portion of the
software programming is optionally written in Java pro-
gramming language, and user interface 90 optionally com-
municates with other mobile computing devices 12 and/or
appliances 13 (FIG. 1) via network communication link 70
using a communication bus protocol. For example, the
present invention optionally can use a TCP/IP protocol suite
for data transport. In another aspect, the present invention
does not use a TCP/IP protocol suite for data transport. Other
programming languages and communication bus protocols
suitable for use with user interface 90 and appliance control
system 10 will be apparent to those skilled in the art, such
as ultrawideband (UWB), Bluetooth, and infrared (e.g. FiR),
as described in association with wireless communicator 86.
User interface 90 is described in further detail in association
with FIGS. 5 and 9.

[0049] Appliance content selector 92 of mobile computing
device 12 operates in association with user interface 90 to
determine what content is used or performed by appliance
13 (FIG. 1) and where that content is obtained. Appliance
content selector 92 also operates in association with content
interrupt manager 99 of mobile computing device 12 to
control how and when that content is used or performed by
appliance 13 on behalf of the user. Appliance content
selector 92 is described in further detail in association with
FIG. 5.

[0050] Priority contention moderator 94 of mobile com-
puting device 12 is brought into play to sort priority when
more than one mobile computing device 12 seeks to control
a given appliance 13. Priority sorting is required since
appliance control system 10 is an open system in which
multiple mobile computing devices 12 can compete for
control over one or more appliances 13 in one or more
appliance environments. Priority contention moderator 94 is
described in further detail in association with FIG. 10.

[0051] Finally, embedded web server 97 of mobile com-
puting device 12 produces a web page accessible through
Internet communication link 72 for accessing functions of
mobile computing device 12, such as content 16 and user
preferences 18 (FIG. 1). Embedded web server 97 prefer-
ably is implemented using techniques such as those
described in U.S. Pat. No. 6,170,007, titled EMBEDDING
WEB ACCESS FUNCTIONALITY INTO A DEVICE FOR
USER INTERFACE FUNCTIONS and U.S. Patent, titled
EMBEDDING WEB ACCESS MECHANISM IN AN
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APPLIANCE FOR USER INTERFACE FUNCTIONS
INCLUDING A WEB SERVER AND WEB BROWSER,
which are both hereby incorporated by reference.

[0052] Electronic payment mechanism 98 of mobile com-
puting device 12, in cooperation with wireless communica-
tor 86, permits mobile computing device 12 to perform
electronic financial transactions including sending and
receiving payments for goods and services.

[0053] Finally, content interrupt manager 99 of mobile
computing device 12 selectively controls how and when
content 16 is performed on one or more appliances 13 using
one or more media (e.g., video, audio, etc.), and is described
in greater detail in association with FIG. 6.

[0054] With these features, mobile computing device 12 is
configured to select content 16 and/or supply content 16,
along with user preferences 18, for performing content 16 on
appliances 13, such as video device 14 and audio device 28.

[0055] As further shown in FIG. 4, video device 14, which
acts an appliance 13 to mobile computing device 12,
includes display 100, program receiver 102, memory 104,
media player 106, wireless communicator 86, and program
recorder 110. Program receiver 102 includes satellite func-
tion 120, cable function 122 and network function 124 for
obtaining video-based programs from various sources,
respectively, such as a satellite TV programming signal (c.g.
DirecTV), a cable TV programming signal, and a broadcast
network programming signal (e.g., NBC network TV).
Memory 104 interacts and communicates with other com-
ponents of video device 14 to store and implement user
preferences 18 and content 16 (FIG. 1), as instructed by
mobile computing device 12. Media player 106 further
includes VCR capability 130 and DVD capability 132 for
playing content from external mobile media sources such as
videotape movies and/or DVD movies. Wireless communi-
cator 86 facilitates wireless communication with mobile
computing device 12 and other suitable devices. Program
recorder 110 includes TIVO capability 136 and VCR capa-
bility 138 for obtaining and playing recorded video as well
as for recording video content. Finally, video device 14 need
not include all of the components of video device 14 shown
in FIG. 2.

[0056] Audio device 28 includes receiver 150, station
selector 152, station scanner 154 with song search function
156, media player 160, memory 162 and wireless commu-
nicator 86. Media player 160 further includes tape function
170, CD function 172, and portable audio file format func-
tion 174 for respectively playing audio tapes, CDs, and
portable audio format music files (e.g., MP3, Windows
Metafile Format (WMF), etc).

[0057] Receiver 150 of audio device 28 comprises a tuner
configured for receiving radio broadcasts and for playing
recorded audio files from CDs, audiotapes, etc. Station
selector 152 permits selection of radio stations while station
scanner 154 permits scanning the full radio dial for stations
while song search function 156 searches the available radio
stations for songs that are preferred by the user. Memory 162
allows a user to store lists as user preferences 18 and/or as
content 16 (FIG. 1) to identify favorite songs, programs,
stations etc. in receiver 150 so that a user can more readily
access favorite content 16. In addition, memory 162 also
stores songs, programs, etc. as content 16 for replay at a later
time as specified by the user.
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[0058] Using some or all of these functions and features
described in association with FIG. 4, mobile computing
device 12 controls video device 14 and audio device 28 to
perform content 16 according to user preferences 18. In
particular, as a user carrying mobile computing device 12
approaches video device 14, such as a TV, and audio device
28, such as a stereo system, wireless communicator 86 of
mobile computing device 12 establishes communication
with wireless communicator of audio device 28 and/or video
device 14. If appliance 13 is not currently activated, then
mobile computing device 12 automatically activates that
appliance 13 at the discretion of the user as determined by
user preferences 18 of mobile computing device 12.

[0059] For the greatest convenience, mobile computing
device 12 already includes in its user preferences 18 (stored
in memory 84) a listing of the user’s favorite TV programs,
movies, TV stations, radio stations, radio programs, songs,
(including multiple renditions) as well as comprehensive
program listings for TV and/or radio. Mobile computing
device 12 also preferably includes in its content 16 (stored
in memory 84), a library of TV programs, movies, songs, or
any other content that can be performed by video device 14
and/or audio device 28. Armed with this information, mobile
computing device 12 automatically applies its user prefer-
ences 18 and content 16 (via appliance content selector 92)
to video device 14 and audio device 28.

[0060] However, the automatic copying of user prefer-
ences 18 and content 16 optionally includes an undo func-
tion to optionally reverse the copying process in the event
that preferences are erroneously copied between multiple
mobile computing devices 12 and/or between mobile com-
puting device 12 and appliances 13.

[0061] Audio device 28 and video device 14 respond by
attempting to perform any requested task using content 16
according to applied user preferences 18. Since mobile
computing device 12 has full and/or selective access to, and
control over, all features of audio device 28 including
receiver 150, station selector 152, station scanner 154, song
search function 156, media player 160, memory 162, any or
all of these features are available to mobile computing
device 12 to carry out a selected task.

[0062] For example, for audio device 28, one user pref-
erence 18 from mobile computing device 12 identifies a
single radio station as a favorite station (e.g. 98.5 FM, KTIS
or National Public Radio) so that mobile computing device
12 commands station selector 152 of audio device 28 (via
wireless communicator 86) to select the user’s favorite
station. On a broader level, user preferences 18 and/or
content 16 of mobile computing device 12 that are applied
to appliance 13 preferably includes a play list of preferred
songs, programs, so that song search function 156 can search
for real time radio broadcasts for any of those songs or
programs and then turn station selector 152 to a station
currently playing the favorite song or program. Moreover, if
a user’s favorite program (e.g. All Things Considered) is not
being currently broadcast, then mobile computing device 12
optionally informs the user of the time that the program will
be broadcast.

[0063] Alternatively, a user can manually cause a favorite
song or program to be played on audio device 28. The user
can command station selector 152 with mobile computing
device 12 to select a desired station, or use song search 156
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to search the dial for a favorite song. The user also can also
manually supply a copy of a favorite song to audio device 28
for performance by the audio device 28 using an MP3 file
stored in memory 84 of mobile computing device 12. In this
case, mobile computing device 12 not only selects the
content to be performed by audio device 28, but also
supplies the content to audio device 28. This latter process
of supplying content to an appliance 13, such as audio
device 28 can also take place automatically.

[0064] Of course, many other arrangements are possible
between audio device 28 and mobile computing device 12 in
which mobile computing device 12 selects the content
performed on audio device 28 as well as optionally supply-
ing the content. Both selected and supplied content are used
to perform tasks by the appliance 13 according to user
preferences 18 automatically applied to audio device 28
from mobile computing device 12.

[0065] In another example, mobile computing device 12
has full and/or selective access to, and control over, any or
all of the features and functions of video device 14 including
program receiver 102, memory 104, media player 106, and
program recorder 110. Using any or all of these features,
mobile computing device 12 uses video device 14 to per-
form content 16 while applying user preferences 18 of
mobile computing device 12.

[0066] Video device 14 preferably is automatically acti-
vated and displays the user’s favorite TV channel or net-
work. Mobile computing device 12 also optionally transfers
its video-related content (e.g., movies, TV programs, etc.)
along with preferred play lists from its memory 84 into
memory 104 of video device 14. Mobile computing device
12 is then free to seclect any desired content 16 that is
currently being broadcast or supplied from memory 84,104
for performance by video device 14.

[0067] Supplying a copy of video-related content from
video device 14 is optionally performed in association with
TIVO capability 136. Moreover, if the TIVO portion of
video device 14 has a program or show that is not on the
user’s play list on mobile computing device 12, then that
program is downloaded from video device 14 to memory 84
of mobile computing device 12.

[0068] In short, mobile computing device 12 automati-
cally or manually selects content 16 performed on video
device 14 as well as optionally supplying content 16. Con-
tent 16 available on video device 14 also can be downloaded
into mobile computing device 12.

[0069] Finally, mobile computing device 12 also option-
ally automatically coordinates control of audio device 28
and video device 14 so that if the user chooses to watch
video device 14, then audio device 28 can be deactivated, or
even activated to augment video device 14 in performing the
selected content. Simply put, since mobile computing device
12 can control any appliance 13, mobile computing device
12 controls each appliance 13 with regard to, and in asso-
ciation with, control of other appliances 13. The coordina-
tion of performance of content 16 between and among
multiple appliances 13 will be described in greater detail in
association with FIG. 6 regarding content interrupt manager
99.

[0070] The selection of content 16 by mobile computing
device 12 to be performed by appliance 13 is primarily
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achieved with appliance content selector 92, which is avail-
able through user interface 90. With user interface 90,
appliance content selector 92 permits addition, deletion and
modification as well as activation of content selections by
mobile computing devices 12 for each appliance 13. Some
of the functions of appliance content selector 92 have
already been described in association with video device 14
and audio device 28.

[0071] As shown in FIG. 5, appliance content selector 92
of mobile computing device 12 includes audio monitor 200,
data monitor 202, video monitor 204, communication moni-
tor 206, Internet function 208, and upload/download func-
tion 210. Each monitor 200-208 includes several functions
relating to user preferences 18 and content 16 to be applied
to the respective types of appliances 13. All functions of
appliance content selector 92 are applied automatically
unless the user optionally bypasses a particular function. For
each monitor 200-208 of appliance content selector 92, all
selected functions and features are preferably stored in
memory 84 as user preferences 18. However, to the extent
necessary for performing content 16, some selected func-
tions and features may require storage in memory 84 as
content 16.

[0072] Audio monitor 200 of appliance content selector 92
includes stations function 220, song list function 222, pro-
grams function 224 and MP3 playlist function 226. Using
these functions 220-226 of audio monitor 200, a user uses
mobile computing device 12 to specify the audio content, in
the form of lists of stations, songs, programs and MP3 files,
that are to be performed on audio device 28, and any other
suitable appliances 13. For example, stations function 220
maintains a listing of favorite radio stations while song list
function 222 maintains a list of favorite songs that can be
played from a radio station, CD, or MP3 file. Activation of
stations function 220 in audio monitor 200 will cause any
listed preferred stations to be selected for performance by
audio device 28. Programs function 224 maintains a list of
favorite audio programs such as radio or TV talk shows,
speeches, regularly scheduled programs (e.g. All Things
Considered on National Public Radio). Finally, MP3 playlist
function 226 maintains a list of all MP3 files owned by or
available to the user. Activation of any or all of these
functions 220-226 of audio monitor 200 results in the
selected content 16 being performed by audio device 28.

[0073] Video monitor 204 includes network function 240,
program function 242, program recorder 244 with play list
function 246 and program function 248. Using these func-
tions 240-248 of video monitor 204, a user uses mobile
computing device 12 to specify the video content, in the
form of lists of networks and programs (including movies)
that are to be performed on video device 14, and any other
suitable appliances 13. Network function 240 maintains a
favorite list of TV broadcast, cable or satellite networks.
Upon activation of network function 240, any program
being broadcast by a selected network(s) is performed on
video device 14. Program function 242 maintains a list of
video and/or TV programs that can be selected for viewing
on video device 14. Finally, using subfunctions playlist
function 246 and program function 248, program recorder
244 specifies desired recording of programs to be recorded
from TV (and other sources) as well as designating playback
of those recorded programs.
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[0074] The content identified in the various functions of
audio monitor 200 and/or video monitor 204 can either be
supplied from a content provider (e.g. television broadcast
network, radio, cable, or satellite), memory 84 of mobile
computing device 12 (see FIG. 4), memory 162 of audio
device 28, and/or memory 104 of video device 14 (FIG. 4).

[0075] As further shown in FIG. 5, communication moni-
tor 206 of appliance content selector 92 assists mobile
computing device 12 in monitoring and controlling commu-
nications among telecommunication devices such as phones
and fax machines. Communication monitor 206 includes
phone book function 260 with call list 262, address book
function 264, land/cell phone switch function 266, synchro-
nize function 268, and fax function 270. Phone book func-
tion 260 causes a list of phone numbers with recent call lists
262 in mobile computing device 12 to be applied to a
communications appliance such as mobile phone 26 (see
FIG. 2). Similarly, address book function 264 includes
address information stored in mobile computing device 12
for application and transfer to mobile phone 26 (FIG. 2).

[0076] As further shown in FIG. 5, land/cell switch func-
tion 266 of communications monitor 206 selectively causes
automatic switching between a cell phone (wireless digital)
and a land-line phone during an ongoing telephone call (via
a call forwarding function). This feature will be described
later in further detail in association with FIG. 7. Synchro-
nize function 268 causes communication features, such as
phone books and address books, of multiple appliances to be
synchronized relative to one another. Finally, fax function
270 permits fax receipt and transmission via mobile com-
puting device 12.

[0077] Data monitor 202 of appliance content selector 92
assists mobile computing device 12 in monitoring and
controlling data operations using computers and Internet
resources. As shown in FIG. 5, data monitor 202 includes
documents function 228, editor function 230, virtual disc
drive function 232, and document scanner receiver function
234. Documents function 228 permits printers, such as
multi-function printer 24 (FIG. 2) to print specified docu-
ments from mobile computing device 12. Editor function
230 permits documents and files on mobile computing
device 12 to be edited by an appliance such as computing
workstation 16 (FIG. 2) while virtual disc drive function
232 causes mobile computing device 12 to act substantially
the same as an internal disc drive of computing workstation
16. Document scanner receiver function 234 facilitates
mobile computing device 12 in receiving scanned document
files from a scanner or even from a Digital Sender (available
from Hewlett-Packard, Inc.).

[0078] As further shown in FIG. 5, internet monitor 208
of appliance content selector 92 includes web browser
favorites 276 (i.e., bookmarks) and cookies 278 so that this
information in mobile computing device 12 is automatically
applied to computing workstation 16 (FIG. 2). Internet
monitor 208 includes the function of browser favorites 276
optionally being automatically applied and/or downloaded
from mobile computing device 12 to all appliances 13, while
mobile computing device 12 automatically receives updates
to browser favorites from computing workstation 16 or other
sources. Accordingly, browser favorites function 276 coor-
dinates and maintains an updated, synchronized list of
browser favorites among mobile computing device 12 and
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appliances 13. Finally, upload/download function causes
respective uploading and/or downloading of files and pro-
grams, as user preference 18 and/or content 16, between
appliances 13 and mobile computing device 12.

[0079] In summary, appliance content selector 92 com-
prises an aspect of user interface 90 of mobile computing
device devoted to supplying and selecting content for per-
formance on appliances 13.

[0080] In another aspect of the system and method of the
present invention, mobile computing device 12 optionally
includes a content interrupt manager 99 (FIG. 4) for selec-
tively controlling how and when content is performed on
one or more appliances involving one or media (audio,
video, etc.). Content interrupt manager 99 is further shown
in FIG. 6 and includes appliance switcher 180, multiple
appliance splitter 182, and performance continuity monitor
184.

[0081] Appliance switcher 180 causes content that is being
performed on one appliance 13 to be switched to being
performed on another appliance 13 as mobile computing
device 12 moves from appliance 13 to appliance 13. For
example, a user can watch a movie on a first video device 14
(FIG. 2) in one room and then move to another room having
a second video device 14 to continue watching the movie.
Using appliance switcher 180, the movie stops playing on
the first video device 14 and begins playing on the second
video device 14 as mobile computing device 12 moves
between the respective video devices 14. Mobile computing
device 12, through appliance switcher 180 initiates and
directs the appliance switching.

[0082] Performance continuity monitor 184 tracks the
performance of content 16 to substantially preserve conti-
nuity in the performance of content 16, such as the movie,
is maintained played during the switch between the respec-
tive appliances 13, such as video devices 14. For example,
performance continuity monitor 184 also optionally permits
the user to terminate performance of content when leaving
one appliance 13, such as the first video device 14, and then
resume playing the content at the same place within the
content on another appliance 13, such as second video
device 14. The performance can be resumed immediately so
that between the two appliances, the movie never stops
playing, or the performance on the second video device can
be delayed until a later point in time so that there is a break
in the performance. Appliance switcher 182 also optionally
causes the movie to continue being performed on the first
video device 14 while the movie starts playing on the second
video device 14 so that the movie is played on both the first
and second video devices without interruption in the content
being performed.

[0083] Multiple appliance splitter 182 coordinates differ-
ent media aspects of the same content or related content to
be performed simultaneously on multiple appliances 13. For
example, multiple appliance splitter 182 coordinates perfor-
mance of the video component of a football game on video
device 14 while performing an independent radio broadcast
of the same football game on audio device 28. In this case,
the user identifies in its user preferences 18 that when
watching a football game, they prefer listening to a radio
broadcast of the event while watching the same football
game on video device 14. Accordingly, mobile computing
device 12 uses these preferences 18 to select both audio and
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video content to be performed together or independently on
audio device 28 and/or video device 14. In this arrangement,
mobile computing device 12 directs two independent
sources of content (a radio broadcast and a television
broadcast) of a single event, a football game, to performed
simultaneously in parallel with each other on two indepen-
dent appliances 13, video device 14 and audio device 28.

[0084] In another example, multiple appliance splitter 182
cooperates with performance continuity monitor 184 to
cause different aspects of a single content to be performed
simultaneously by multiple appliances. In particular, some
content such as a movie has both more than one type of
media components, such as video and audio. The audio
portion can be separated from the video portion with the
audio portion being performed on a first media-type device
such as audio device 28 or video device 14, and the video
portion being performed on a second type media device such
as video device 14.

[0085] For example, in applying user preferences 18,
mobile computing device 12 can selectively direct audio
device 28, such as a stereo or radio to begin playing the
audio portion of a movie. The audio portion is performed
with or without the video portion of the movie being played
on an available video device 14. The audio portion of the
movie can be played on audio device 28 wholly on its own,
or after a switch from the entire movie (both video and audio
portions) being performed on video device 14. Using this
feature, a single content is interrupted into different aspects
and performed to provide a cross media experience in which
some of the content is performed on appliances 13 not
previously associated with the conventional performance of
content 16. In another example, a radio broadcast of a
football game is performed through the audio system of
video device 14 while a television broadcast is performed on
the video screen of video device 14.

[0086] Accordingly, content interrupt manager 99 facili-
tates mobile computing devices 12 in directing performance
of a single content or multiple, related content among and
across multiple appliances 13 simultaneously and/or sepa-
rated in time.

[0087] As shown in FIG. 7, in another aspect of the
invention, an appliance control system of the present inven-
tion includes telecommunications subsystem 280 having
mobile computing device 12, and telecommunication appli-
ances 13 including mobile phone 26 and land phone 281.
Subsystem 280 is not a closed system but merely a repre-
sentation of just one of many combinations of appliances 13,
such as telecommunication devices, that interact with
mobile computing device 12 in a method and system of the
present invention. Moreover, in one aspect, telecommuni-
cations subsystem 280 operates together with, or as part of,
content interrupt manager 99 of mobile computing device 12
to manage switching an ongoing telephone call between
multiple telecommunication appliances 13.

[0088] Mobile computing device 12 includes the same
attributes and features as described in association with
FIGS. 1-6 including previously described wireless commu-
nicator 86. In addition, mobile computing device 12 further
includes phone book 282 in memory 84 and call switcher
284. Both mobile phone 26 and land-line phone 281 include
phone book 282, call list 286, wireless communicator 86 and
call switcher 284. Call switcher 284 operates in direct
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cooperation with, and/or as part of, appliance switcher 180
of content interrupt manager 99 (FIG. 6) of mobile com-
puting device 12. In one aspect of mobile computing device
12, call switcher 284 optionally is completely integrated into
appliance switcher 180 of mobile computing device 12.

[0089] Phone book 282 holds the user’s phone numbers,
names and addresses of contacts while call switcher 284
enables switching between different types of telecommuni-
cation devices (e.g., cell phone, land-line phones, etc) during
an ongoing phone call. Call list 286 contains a list of recently
called persons and phone numbers. Both phone book 282
and call list 286 are preferably stored and handled as user
preferences 18 in memory 84 of mobile computing device
12 and as user preferences 18 in telecommunication appli-
ances 13 including mobile phone 26 and land phone 281.

[0090] In use, mobile computing device 12 automatically
or manually copies the contents of its phone book 282 into
phone book 282 of mobile phone 26. Similarly, a recent call
list 286 in mobile phone 26 is automatically downloaded
into phone book 282 of mobile computing device 12.
Moreover, as preferably initiated and controlled by mobile
computing device 12, call list 286 of mobile phone 26 is
automatically downloaded into call list 286 and phone book
282 of land-line phone 281 as the user approaches land-line
phone 281. This procedure optionally occurs when the user
is participating in an ongoing telephone call on mobile
phone 26 and approaches land-line phone 281 for the
purpose of switching from mobile phone 26 to land-line
phone 281. In conventional systems, the user would hang up
mobile phone 26 and then call their contact with land-line
phone 281 in a separate phone call to complete the call with
landline phone 281.

[0091] However, with the system and method of the
present invention, at the direction of call switcher 284 of
mobile computing device 12, an ongoing phone call is
automatically transferred from mobile phone 26 to land-line
phone 281 during the on-going call (via a call forwarding
function). While call switcher 284 manages the switch
between respective telecommunication appliances 13, such
as phones 26 and 281, performance continuity monitor 184
of content interrupt manager 99 of mobile computing device
12 (FIG. 6) acts to maintain the continuity of the on-going
phone call, which effectively constitutes content 16 being
performed by phones 26 and 281. During the switch, the
most recent call list 286 of mobile phone 26 is optionally
copied to land-line phone 281 for availability for the next
phone call.

[0092] In addition, during and/or after the switch, call
switcher 284 optionally activates a voice mail function
and/or ringer off function on the phone line that is not
currently in use (has just been switched off) so that a second
phone call is not received during the on-going phone call.

[0093] If the phone call is terminated prematurely during
the automatic switching between mobile phone 26 and
land-line phone 281, then at the direction of mobile com-
puting device 12, mobile phone 26 and/or land-line phone
281 can selectively or automatically initiate a call to re-
establish the telephone call between the two most recent
devices that were communicating. If necessary, call switcher
284 of mobile computing device 12 directs the original
devices (i.e., the telecommunication appliances 13 that
started the first phone call before the interruption) to re-
initiate telecommunication.

LINKPLAY EXHIBIT 1004
Page 4734 of 4822



US 2003/0073432 Al

[0094] As shown in FIG. 8, in another aspect of the
invention, an appliance control system of the present inven-
tion includes mobile computing device 12, Web site 36,
multifunction printer 24, and computing workstation 16
which together function as computing subsystem 300. Sub-
system 300 is not a closed system but merely a representa-
tion of just one of many combinations of appliances 13, such
as computing workstation 16 and printer 24 (FIG. 2), that
interact with mobile computing device 12 in a method and
system of the present invention. In this aspect of the present
invention, mobile computing device 12 can both supply
content to, and receive content from, other computing
devices.

[0095] In this arrangement, mobile computing device 12
includes the same features and attributes of mobile comput-
ing device 12 including wireless communicator 86, as pre-
viously described and illustrated in association with FIGS.
1-6. As shown in FIG. 8, mobile computing device 12
further includes data files 302 in memory 84, programs 304
and virtual disc drive monitor 306. Data files 302 include
word processor files 330, spreadsheet files 332, presentation
files 334 and generic reader files 336 (e.g, portable docu-
ment files, PDF).

[0096] Web site 36 further includes includes application
service provider 340 and graphics/data 342, which provide
information, goods, and/or services to mobile computing
device 12.

[0097] Multifunction printer 24 includes the following
functions: print 350; scan 352; copy 354; facsimile 356; and
digital sending 358. Multifunction printer 24 further
includes wireless communicator 86, controller 81, and
optional embedded Web server 360. Alternatively multi-
function printer 24 can be replaced by a device performing
any one, or more than one, of the functions 350-358.
Accordingly, multifunction printer 24 also represents a
stand-alone printer, stand-alone copier, stand-alone scanner,
stand-alone facsimile machine and/or stand-alone digital
sender, or any combination of those functions in a single
device or multiple devices.

[0098] Computing workstation 16 includes controller 81
with operating system 82, wireless communicator 86, pro-
grams 370 with word processor 372, memory 380 with
internal hard disk drive 382, public user interface 390, and
storage media selector 392 with unrestricted access function
394 or external only access function 396.

[0099] Mobile computing device 12 exercises selective
access to, and control over, any or all features of computing
workstation 16, multifunction printer 24, and web site 36, to
the extent permitted by those appliances 13, for performing
content 16 with user preferences 18 on those appliances 13.

[0100] In one example, mobile computing device 12 acts
as a mobile printer server in supplying documents and files
to be printed at multifunction printer 24. In particular,
anyone of the types of data files 302, such as word process-
ing files 330, financial spreadsheet files 332, presentation
files 334, and generic reader files (e.g., portable document
format, PDF) 336 are supplied from memory 84 of mobile
computing device 12 to multifunction printer 24 for printing
at the direction of mobile computing device 12. Data moni-
tor 202 of appliance content selector 92 (shown in FIG. 5)
facilitates selection of data files 302 in memory 84 that are
printed at multifunction printer 24.
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[0101] In another example, mobile computing device 12
receives documents from a scanner such as scan function
352 of multifunction printer 24 for storage in memory 84 of
mobile computing device 12. Document scanner receiver
function 234 of data monitor 202 of appliance content
selector 92 facilitates receiving and handling the documents.

[0102] In another arrangement, as further shown in FIG.
8, mobile computing device 12 optionally acts as a disc drive
for computing workstation 16. In this arrangement, virtual
disc drive monitor 306 of mobile computing device 12
cooperates with storage media selector 392 of computing
workstation 16 via their respective wireless communicators
86 to use mobile computing device 12 substantially the same
as an internal disc drive of computing workstation 16.
Accordingly, as selectively controlled by mobile computing
device 12, computing workstation 16 accesses data files 302
including word processor files 330, spreadsheet files 332,
presentation files 334, and generic reader files 336, from
memory 84 of mobile computing device 12.

[0103] In computing workstation 16, external only access
function 396 of storage media selector 392 is used to restrict
file retrieval and storage of computing workstation 16 to
external devices such as mobile computing device 12. Alter-
natively, unrestricted access function 394 of storage media
selector 392 in computing workstation 16 permits comput-
ing workstation 16 to perform file storage and retrieval with
both external media like mobile computing device 12 and
internal media such as internal disc drive 382.

[0104] This external only function 396 of storage media
selector 392 of computing workstation 16, in combination
with mobile computing device 12 acting as a hard drive to
computing workstation 16, is particularly effective for
allowing a user to use computing workstation 16 for editing
of files on mobile computing device 12 without leaving a
copy of the files on computing workstation 16. This feature
preserves the security of files on mobile computing device
12 while permitting the owner of mobile computing device
12 to conveniently use other peoples computing worksta-
tions 16. For example, computing workstation 16 can be
used to retrieve data files 302 from memory 84 of mobile
computing device 12 for editing on word processor 372 of
computing workstation 16.

[0105] This document editing example can be extended to
a public computing environment such as an airport. For
example, public user interface 390 of computer workstation
16 provides a user interface suitable for public use such as
pay-for-computing station or kiosk at an airport. Public user
interface 390 causes computing workstation 16 to permit
only limited access to computing workstation 16 sufficient
for performing basic tasks such as word processing. Accord-
ingly, in this environment, a user could edit files on their
mobile computing device 12 by walking up to the computing
workstation 16 and using mobile computing device 12 as an
external hard drive to wirelessly retrieve documents from
data files 302 of memory 84 of mobile computing device 12.
Using word processor 372 on computing workstation 16, the
user can edit, email, or print the documents (using printer
24) from mobile computing device 12 without leaving a
trace of those documents on the publicly located computer
workstation 16.

[0106] Public user interface 390 also optionally can be
used to permit a user of mobile computing device 12 to sell
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their user preferences 18 (FIG. 1) to a marketing association
or other organization. To do so, mobile computing device 12
establishes communication with computing workstation 16
that is incorporated in a kiosk in a public venue (e.g., retail
mall) and then uses public user interface 390 to transfer all
or select portions of user preferences 18 (e.g. location, type
and amount of last ten purchases, last ten phone calls
including destination and source locations, etc.) to comput-
ing workstation 16 in exchange for an electronic payment
made to mobile computing device 12 via electronic payment
mechanism 98 of mobile computing device 12.

[0107] Finally, in another example, instead of supplying
content 16 to an appliance 13 only from memory 84 of
mobile computing device 12 or selecting content that is
already available in an appliance 13, mobile computing
device 12 can also obtain content from web site 36. As
shown in FIG. 7, Web site 36 can supply content as part of
a service of application service provider 340 and/or as
providing graphics/data 342 as part of the web pages com-
prising web site 36. Content from web site 36 can be stored
on mobile computing device 12, printed on multifunction
printer 24, and/or stored on computing workstation 16.

[0108] The use of web site 36 as an appliance is not
limited to use in association with computing workstation 16
and/or printer 24. Content 16 obtained from web site 36,
such as MP3 audio files, movies, e¢tc. can be used immedi-
ately or stored by mobile computing device 12, and then
associated with user preferences 18 of mobile computing
device 12 for performance by appliances 13 such as audio
device 28 or video device 14.

[0109] Accordingly, mobile computing device 12 conve-
niently controls and/or facilitates various document han-
dling tasks on appliances 13, such as computing workstation
16 and multifunction printer 24.

[0110] In interacting in various appliance environments
such as subsystem 300 (FIG. 8), or appliances subsystems
80 and 280 shown in FIGS. 4 and 7, mobile computing
device 12 operates user interface 90 to set and apply user
preferences 18. As shown in FIG. 9, user interface 90 (see
FIG. 4) includes login/password function 402, appliance
grouping 404, appliance preferences 406, and interface
environment 408. User interface 90 optionally includes
priority contention moderator 94, which is later described in
further detail in association with FIG. 10. User interface 90
also is understood to optionally include appliance content
selector 92 that is illustrated and described in association
with FIG. S.

[0111] Given the large number and type of appliances 13
that are controllable by mobile computing device 12, user
interface 90 is provided for use on both mobile computing
device 12 and appliances 13 for coordinating control of
appliances 13 by mobile computing device 12. Accordingly,
user interface 90, including appliance content selector 92,
are located on mobile computing device 12 and/or appli-
ances 13.

[0112] Appliance grouping 404 of user interface 90 iden-
tifies a group of appliances that form a network or associa-
tion in which mobile computing device 12 has authorization
for controlling appliances 13. Appliance grouping 404 also
can partially set the preferences or supply preference choices
of mobile computing device 12. Appliance grouping 404
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includes location module 420, type module 422, and custom
module 424. Location module 420 permits an appliance
group to be based on the location of appliances 13 such as
kitchen 430, office 432 and bedroom 434. Type module 422
permits an appliance group to be based on the type of
appliance 13 such as audiovisual 440, phone 442 and
household appliances 444. Finally, custom function 424
permits a user, or appliance group administrator, to define
which appliances define a group, how mobile computing
device 12 gains access to that group, and which preferences
are set for that group.

[0113] Appliance preferences 406 determines the prefer-
ences a user has for appliances 13 they will control. Appli-
ance preferences 406 optionally include a set of preferences
for when no other mobile computing devices 12 are present
(i.e., the user is alone) and a different set of preferences for
when other mobile computing devices 12 are present (i.e.,
other users are present). However, when user interface 90 is
employed by appliance 13, then appliance 13 can set some
preferences that will influence control of that appliance 13
by mobile computing device 12. Appliance preferences 406
includes auto activation function 460, media selection 462
with default program and station list 464, volume 466,
lighting level 468, and interactions and transfers function
470. Auto-activation function 460 determines whether appli-
ance 13 will be automatically activated in the presence of
mobile computing device 12. In concert with appliance
content selector 92, media selection 462 determines default
content selections for appliance 13. Volume 466 and lighting
level 468 determine, respectively, a desired audio volume
level for content performed on mobile computing device 12
and a light level of appliance 13 when appliance 13 is so
equipped. For example, volume component 466 of appliance
preferences 406 optionally includes a preference to auto-
matically increase the volume of an appliance when the user
is alone (i.e. no other mobile computing devices 12 are
present).

[0114] Interactions and transfers function 470 of appliance
preferences 406 governs content interactions and transfers
between appliances 13 and mobile computing device 12. For
example, a user can set whether phone numbers stored in
phone book 282 of mobile computing device 12 (see FIG.
6) are downloaded to a TIVO-based video device 14 (FIG.
4). This download feature can act as a robust backup system
to maintain a secure copy of phone book 282 in the event
that a virus attacks mobile computing device 12. In another
example, a user can use interactions and transfers function
470 to specify that phone numbers from phone book 282 of
mobile phone 26 will be automatically transferred to com-
puting workstation 16 or to another computer such as a
laptop computer.

[0115] As further shown in FIG. 9, priority contention
moderator 94 (FIG. 4) is optionally included as part of user
interface 90 and operates to determine priority between
mobile computing devices 12 that compete for control over
one or more appliances 13. Priority contention moderator
94, including contention model selector 450 and contention
identifier 452, are described in greater detail in association
with FIG. 10.

[0116] Finally, interface environment 408 of user interface
90 specifies how a user prefers to enter user preference
information and includes desktop entry function 480 and
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Web server entry function 482. Desktop entry function 480
permits a user to access user interface 90 on a desktop
computer, such as computer workstation 16, to manually
enter the preference information. Web server entry function
482 includes controller 81 of mobile computing device 12
including embedded web server 97 (FIG. 4), i.e. that pro-
duces a web page corresponding to mobile computing
device 12. The user can use another device, such as com-
puting workstation 16 to access the web page corresponding
to mobile computing device 12 and set the preferences
and/or store and retrieve content on mobile computing
device 12.

[0117] In short, user interface 90 facilitates control of
appliances 13 by mobile computing device 12 by permitting
specification of user preferences 18 and content selection,
and by permitting electronic exchange of user preferences
18 and content selection to avoid manual entry of user
preferences 18 and content selection.

[0118] As shown in FIG. 10, priority contention modera-
tor 94 (shown as 500) includes contention identifier 502 and
contention model selector 504. Contention model selector
504 is configured to select one model of a plurality of
models 506 of rules 508 for determining priority between
mobile computing devices 12 that are competing for control
for an appliance. Priority contention identifier 502 works in
combination with wireless communicators 86 of mobile
computing device 12 and of appliance 13 to determine if a
competing mobile computing device 12 is present. If com-
peting mobile computing devices 12 are present, then the
selected model 506 determines priority between the com-
puting devices.

[0119] Rule model 520 is a no contention model, in which
no priority is established when multiple computing devices
12 are within range of appliance 13 and all mobile comput-
ing devices 12 seclect the same content, function, or user
preference on appliance 13. For example, no priority is
established when multiple computing devices 12 desire to
watch the same movie on video device 14, such as televi-
sion.

[0120] Rule model 522 is a first-in-time model in which
the first mobile computing device 12 to establish commu-
nication with appliance 13 is the master of appliance 13. The
master of the appliance controls activation, preferences and
content of appliance 13.

[0121] Rule model 524 is a proximity model in which
mobile computing device 12 that is the closest to the
appliance controls appliance 13. Rule model 526 is a mon-
etary model in which the highest-paid mobile computing
device 12 controls the appliance.

[0122] Rule model 528 is a self-selection model in which
each mobile computing device 12 self-selects a priority, such
as low, medium or high. If multiple mobile computing
devices 12 have self-selected the same priority and are
adjacent the single appliance, then one of the other conten-
tion models will determine priority.

[0123] Rule model 530 is a courtesy model in which
mobile computing devices 12 take turns having priority over
appliance 13. In stark contrast, rule model 532 is a pay-for-
priority model in which priority is gained on a purchasable
volume basis from a pay-for priority Internet site. For
example, the user can purchase 500 units of priority and then
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set a preference in their mobile computing device 12 to pay
up to 300 units of priority (or any desired amount) to obtain
control over an appliance. The mobile computing device 12
that offers the greatest unit volume priority for the appliance
becomes the master of the appliance.

[0124] Rule model 534 is a peer-to-peer model in which
two or more mobile computing devices 12 set their respec-
tive priority manually or with their own custom rules. For
example, priority optionally is set by time-of-day/week/
month so that one mobile computing device 12 has priority
during certain times of the day, week or month. Alterna-
tively, mobile computing devices 12 agree as to which
computing device 12 carries priority over the other. For
example, one courteous arrangement includes a wife’s
mobile computing device 12 having priority over the hus-
band’s mobile computing device 12.

[0125] Finally, rule model 536 is a gaming rule. All
contending mobile computing device play the same game on
the appliance and the winner of the game gets priority over
the appliance.

[0126] FIGS. 4, 7, and 8 illustrate isolated subsystems of
various components of an appliance control system of the
present invention. However, the components of an appliance
control system of the present invention can change at the
discretion of the operator of mobile computing device 12 as
mobile computing device 12 moves through their environ-
ment. For example, as shown in FIG. 8, subsystem 300
included mobile computing device 12, computing worksta-
tion 16, multifunction printer 24 and website 36. By simply
selecting components to be included in an appliance control
system of the present invention, such as subsystem 300, or
by simply walking to a different portion of a room or any
other room, mobile computing device 12 can add other
components to subsystem 300 such as land phone 281 (see
FIG. 6) or audio device 28 and video device 14 (FIG. 4).
Similarly, mobile computing device 12 can add other appli-
ances 13, such as the appliances from household appliance
set 40 (see FIG. 2). In other words, mobile computing
device 12 can include or exclude as many appliances 13 as
is desired to achieve an optimal control environment. The
selection of which appliances to control is preferably
included as one of user preferences 18 in appliance grouping
function 404 of user interface 90 (FIG. 9) so that mobile
computing device 12 automatically determines which appli-
ances 13 it will control as preferred by the user of mobile
computing device 12.

[0127] Appliances 13 optionally include controller 81 or
some other form of logic operator for carrying out com-
mands from mobile computing device 12 and for coordinat-
ing operation with mobile computing devices 12, such as
determining priority between competing mobile computing
devices 12.

[0128] The system and method of the present invention is
also not limited solely to appliances geared toward personal
consumption of information. Rather, user preferences 18 can
be applied from mobile computing device 12 to almost
anything, such as purchase of a good or service from a
dispenser. For example, a gasoline pump can act as an
appliance 13 in which one user preference 18 includes a
preference for premium unleaded gasoline over regular
unleaded gasoline. In this instance, a user can purchase
gasoline with mobile computing device 12 which automati-
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cally selects premium gasoline at a gasoline pump, or selects
premium gasoline if it does not cost a set price difference
more than regular gasoline (c.g. 15 cents more). Using
electronic payment mechanism 98, mobile computing
device 12 uses credit card information or other financial
institution information for making wireless payment to the
gas pump. Accordingly, both the selection of the type of
gasoline and payment of the transaction are carried out
automatically through user preferences 18 of mobile com-
puting device 12.

[0129] Mobile computing device 12 (FIG. 1) optionally
further includes a user preference auto manager 550 as
shown in FIG. 11. Auto manager 550 includes a plurality of
models 552 for automatically applying user preferences to
appliances 13, as expressed in rules 554. Auto manager 550
also includes sensory control profiles 556 and default sen-
sory parameters 558, cach used for implementing models
552. In particular, these models 552 are used by mobile
computing device 12 to automatically apply to user prefer-
ences to appliances that are unrecognized by mobile com-
puting device 12 so that the user/owner of mobile computing
device 12 need not manually determine and set user pref-
erences for the unrecognized appliance. An unrecognized
appliance is either a new appliance (never-been-used-be-
fore) or an appliance that has been previously controlled by
other mobile computing devices, but not by mobile com-
puting device 12. Moreover, unrecognized appliances can
even include an appliance previously controlled by mobile
computing device 12 that has been updated with additional
features or newer features not previously controlled by
mobile computing device 12. Accordingly, with user pref-
erence auto manager 550 of the present invention, user
preferences 18 are transposed across appliances 13 so that
users can avoid manual transactions with appliances 13,
effectively bypassing the user interfaces of the appliances
13.

[0130] Models 552 include sensory control model 560,
last settings model 562, play-and-learn model 564, master
appliance model 566, sensory parameter model 568, and
similar owner model 570.

[0131] In sensory control model 560, mobile computing
device 12 includes in memory 84 (or within an accessible
database) a sensory control profile 556 of appliances 13 that
have been previously controlled by one or more mobile
computing devices 12. Sensory control profile 556 is part of
user preferences 18 for each appliance 13 and identifies a
desired appliance setting for each human sensory capability.
For example, sensory control profile 556 for a television
includes a preferred volume setting for auditory senses and
a preferred color tint for visual senses. Sensory control
profile 556 includes a complete set of preferred appliance
settings for the full range of human sensory capabilities that
are applicable for that appliance. A method for implement-
ing sensory control model 560 is described and illustrated
more completely in association with FIG. 12.

[0132] In last settings model 562, mobile computing
device 12 applies the last settings on unrecognized appliance
13 (that were used by a previous user of the unrecognized
appliance) as user preferences 18 for mobile computing
device 12. Alternatively, mobile computing device 12
applies the settings on appliance 13 that correspond to the
longest duration of use of appliance 13.
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[0133] In play-and-learn model 564, the user indicates to
mobile computing device 12 that user will play with the
settings of unrecognized appliance 13. Mobile computing
device 12 monitors the settings of appliance 13 during this
play period and once the desired settings on appliance 13 are
achieved by the user, mobile computing device 12 applies
those settings as user preferences 18 to appliance 13 and
stores those settings in memory 84 as user preferences 18 for
that appliance 13.

[0134] In master appliance model 566, mobile computing
device 12 is used to identify a master appliance that has a
known set of user preferences. Mobile computing device 12
is instructed to apply that set of user preferences 18 to all
unrecognized appliances 13.

[0135] In sensory parameter model 568, the user sets user
preferences 18 to include default sensory parameters 558 in
mobile computing device 12 for each human sensory capa-
bility (e.g., auditory, visual, touch, smell, etc.) independent
of any particular appliance 13. For example, the auditory
sensory setting includes at least a single volume setting for
all appliances while the visual sensory setting includes at
least a color setting and a light intensity setting. Accord-
ingly, upon encountering an unrecognized appliance, mobile
computing device 12 applies its user preferences 18 as a
plurality of default sensory parameters 558 to appliance 13
simultaneously. Each default sensory parameter 558 is
applied to appliance 13 independently of other default
sensory parameters 558.

[0136] Insimilar owners model 570, upon encountering an
unrecognized appliance 13, mobile computing device 12
applies user preferences 18 of similar appliances to the
unrecognized appliance. In particular, as more fully
described in association with FIG. 13, mobile computing
device 12 obtains a set of user preferences 18 from a
database of user preferences of owners of other mobile
computing devices that are similar to the owner of mobile
computing device 12. In particular, the similarity can focus
on the tastes, habits, cultural, and socioeconomic attributes
between respective owners.

[0137] Asshown in FIG. 12, sensory control model 560 is
more fully expressed in method 600 of applying user pref-
erences using sensory control profiles. In a first step 602 of
method 600, mobile computing device 12 identifies unrec-
ognized appliance 13 as an appliance that has never been
controlled by any mobile computing device or that has not
been previously controlled by mobile computing device 12.
Next, mobile computing device 12 assesses sensory control
profile 556 of the unrecognized appliance (step 604). This
assessment further includes identifying each distinct human
sensory capability (e.g., auditory, visual, touch, etc,) that the
appliance interacts with (step 606). For example, a visual
sensory parameter can include preferred lighting levels and
color schemes while touch sensory parameters includes air
temperature, wet/dry sensations, surface temperature, etc.

[0138] After this sensory control assessment in step 606,
mobile computing device 12 accesses database 610 of user
preferences 18 for other appliances to find an appliance with
a sensory control profile 556 that is most similar to the
unrecognized appliance (step 608). In a final step 612,
mobile computing device 12 applies user preferences 18 as
sensory control profile 556 to unrecognized appliance 13
from the most similar appliance in database 610. In addition,
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an optional feedback pathway 620 stores user preferences 18
of mobile computing device 12 that are applied to unrecog-
nized appliance 13 in database 610 for future use by other
mobile computing devices 12 and appliances 13.

[0139] Similar owner model 570 is more completely
described and illustrated in association with FIG. 13 as
method 650. In first step 652 of method 650, mobile com-
puting device 12 establishes a wireless communication link
with appliance 13. Mobile computing device 12 then deter-
mines whether it has a user preference 18 for appliance 13
(step 654). If the answer is yes, then step 656 includes
mobile computing device 12 applying a known user prefer-
ence 18 of mobile computing device 12 to appliance 13. If
no user preference is known in mobile computing device 12
for appliance 13, then appliance 13 is an unrecognized
appliance 13. Accordingly, in step 658, mobile computing
device 12 and/or appliance 13 accesses the internet and/or
memory 84 of mobile computing device 12 to access a
database 662 of user preferences 18 for known appliances 13
that are similar to the unrecognized appliance 13. In par-
ticular, mobile computing device 12 selects a set of user
preferences from database 662 that is based on the similarity
of the user/owner of mobile computing device 12 to other
users/owners of mobile computing devices that have, or use,
unrecognized appliance 13 (i.e., that is unrecognized to
mobile computing device 12). Once a user preference 18 of
a similar owner is identified from database 662, then step
664 includes mobile computing device 12 applying the
database-selected user preference 18 to new/unrecognized
appliance 13. Finally, optional feedback pathway 668 per-
mits the database-selected user preference 18 to be stored in
database 662 association with user/owner of mobile com-
puting device 12 for future use by other user/owners of
mobile computing device 12. This new user preference 18 is
also preferably stored in memory 84 of mobile computing
devices 12 in an existing library of user preferences.

[0140] A system and method of the present invention
carries numerous advantageous features. Foremost, a mobile
computing device becomes the master of appliances in its
environment, controlling content and user preferences. Pre-
viously, personal information, such as user preferences as
well as content, was fragmented in isolation among many
appliances. This information is now centralized and inte-
grated into a single unified master controller, the mobile
computing device. Moreover, selected content is performed
on one or more appliances simultaneously, with perfor-
mance of content switching between suitable appliances
when mobile computing device moves away from one
appliance toward another appliance. When performance is
interrupted from one appliance by mobile computing device
to be switched to another appliance, the continuity of
performance of the content is maintained by the mobile
computing device among and across multiple appliances.

[0141] While specific embodiments have been illustrated
and described, herein for purposes of description of the
preferred embodiment, it will be appreciated by those of
ordinary skill in the art that a wide variety of alternate and/or
equivalent implementations may be substituted for the spe-
cific embodiments shown and described without departing
from the scope of the present invention. Those with skill in
the chemical, mechanical, electromechanical, electrical, and
computer arts will readily appreciate that the present inven-
tion may be implemented in a very wide variety of embodi-
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ments. This application is intended to cover any adaptations
or variations of the preferred embodiments discussed herein.
Therefore, it is manifestly intended that this invention be
limited only by the claims and the equivalents thereof.

‘What is claimed is:
1. A method of controlling an appliance, the method
comprising:

wirelessly initiating with a mobile computing device a
performance of a content on at least one appliance of a
plurality of appliances; and

interrupting the performance of the content by at least one
of switching the performance from a first appliance to
a second appliance of the plurality of the appliances,
splitting the performance of content between the first
appliance and the second appliance, and splitting the
performance of content in include only a portion of the
content performed on the first appliance.

2. A method of controlling an appliance, the method

comprising:

wirelessly initiating with a mobile computing device a
first performance of a content on a first appliance;

wirelessly initiating with the mobile computing device a
second performance of the content on a second appli-
ance at a point in time after the first performance has
been initiated.

3. The method of claim 2 and further comprising:

wirelessly terminating with the mobile computing device
the first performance of the content upon initiation of
the second performance of the content.

4. The method of claim 2 wherein initiating the second
performance includes beginning performance of the content
at the place within the content that was last completed in the
first performance.

5. The method of claim 2 and further comprising:

maintaining with the mobile computing device the first
performance of the content upon initiation of the sec-
ond performance.
6. A method of controlling an appliance, the method
comprising:

wirelessly initiating with the mobile computing device a
performance of a content on a first appliance;

terminating with the mobile computing device the per-
formance of the content on the first appliance; and

resuming with the mobile computing device the perfor-
mance of the content on a second appliance at a point
in time after the termination of the performance on the
first appliance.
7. A method of controlling an appliance, the method
comprising:

wirelessly initiating with the mobile computing device a
first performance of a content on a first appliance and
on a second appliance including:

performing a first component of the content on the first
appliance; and

performing a second component of the content on a
second appliance.

8. The method of claim 7 wherein performing the first

component includes the first component comprising a video
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component with the first appliance comprising a video
device and the second component comprising an audio
component with the second appliance comprising an audio
device.

9. A method of controlling an appliance, the method
comprising:

establishing a wireless communication link between the
appliance and a mobile computing device; and

simultaneously initiating with the mobile computing
device performance of a first content on a first appli-
ance and performance of a second content on a second
appliance wherein the first content and the second
content are related.

10. The method of claim 9 wherein initiating the perfor-
mance includes the first content comprising a video com-
ponent of a television broadcast of an event with the first
appliance comprising a video device and the second content
comprising a radio broadcast of the event with the second
appliance comprising an audio device.

11. A method of controlling an appliance, the method
comprising:

wirelessly initiating with the mobile computing device a
performance of a content on a first appliance;

switching the performance of the content from the first
appliance to a second appliance while substantially
preserving the continuity of the performance during the
switch between the first and second appliances.
12. A method of controlling an appliance, the method
comprising:

wirelessly initiating with the mobile computing device a
performance of a content on a first appliance with the
content including a first media component and a second
media component and the first appliance comprising a
first media-type device; and

switching the performance of the content from the first
appliance to a second appliance, with the second appli-
ance comprising a second media-type device, while
substantially preserving the continuity of the perfor-
mance during the switch between the first and second
appliances;

wherein the performance of the content on the first
appliance includes both the first media component and
the second media component, and with the perfor-
mance of the content on the second appliance including
only the second media component of the content.

13. The method of claim 12 wherein the first media
component is a video component, the second media com-
ponent is an audio component, the first media-type device is
a video device, and the second media-type device is an audio
device.

14. A computer-readable medium having computer-ex-
ecutable instructions for performing a method of controlling
an appliance, the method comprising:

wirelessly initiating with the mobile computing device a
first performance of a content on a first appliance;

wirelessly initiating with the mobile computing device a
second performance of the content on a second appli-
ance at a point in time after the first performance has
been initiated.
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15. A computer-readable medium having computer-ex-
ecutable instructions for performing a method of controlling
an appliance, the method comprising:

wirelessly initiating with the mobile computing device a
performance of a content on a first appliance;

terminating with the mobile computing device the per-
formance of the content on the first appliance; and

resuming with the mobile computing device the perfor-
mance of the content on a second appliance at a point
in time after the termination of the performance on the
first appliance while substantially preserving the con-
tinuity of the performance through the switch between
the first and second appliance.
16. A computer-readable medium having computer-ex-
ecutable instructions for performing a method of controlling
an appliance, the method comprising:

establishing a wireless communication link between the
appliance and a mobile computing device; and

simultaneously initiating with the mobile computing
device performance of a first content on a first appli-
ance and performance of a second content on a second
appliance wherein the first content and the second
content are related.
17. A computer-readable medium having computer-ex-
ecutable instructions for performing a method of controlling
an appliance, the method comprising:

wirelessly initiating with the mobile computing device a
performance of a content on a first appliance;

switching the performance of the content from the first
appliance to a second appliance while substantially
preserving the continuity of the performance during the
switch between the first and second appliances.
18. A computer-readable medium having computer-ex-
ecutable instructions for performing a method of controlling
an appliance, the method comprising:

wirelessly initiating with the mobile computing device a
performance of a content on a first appliance with the
content including a first media component and a second
media component and the first appliance comprising a
first media-type device; and

switching the performance of the content from the first
appliance to a second appliance, with the second appli-
ance comprising a second media-type device, while
substantially preserving the continuity of the perfor-
mance during the switch between the first and second
appliances;

wherein the performance of the content on the first
appliance includes both the first media component and
the second media component, and with the perfor-
mance of the content on the second appliance including
only the second media component of the content.

19. A mobile computing device comprising:

a controller;
a memory;

a wireless communicator configured for wireless commu-
nication with a plurality of appliances; and
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a content interrupt manager configured for switching and
splitting performance of content among the plurality of
appliances and for maintaining the continuity of the
performance during the switching and splitting of the
content performance.

20. The mobile computing device of claim 19 wherein the

content interrupt manager comprises:

a telephone call switcher configured to selectively switch
an ongoing telephone call between a land-line phone
and a mobile phone during the ongoing telephone call.

21. The mobile computing device of claim 20 and further

comprising:

a phone book configured to automatically synchronize its
contents and a call list during wireless communication
between the mobile computing device, the land-line
phone, and the mobile phone.

22. A content interrupt manager of a mobile computing

device comprising:

an appliance switcher configured for switching perfor-
mance of content from a first appliance to a second
appliance;

a multiple appliance splitter configured for splitting per-
formance of content among a plurality of appliances
including the first appliance and the second appliance;
and

a performance continuity monitor configured for main-
taining the continuity of performance of content during
switching and splitting the performance among the
plurality of appliances.
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23. A telecommunications control system comprising:

a mobile computing device including a wireless commu-
nicator and call switcher;

a mobile phone including a wireless communicator, a
phone book with call list, and a call switcher; and

a land-line phone a wireless communicator, a phone book
with call list, and a call switcher,

wherein the respective call switchers are configured to
selectively switch a live telephone call between the
land-line phone and the mobile phone during the live
telephone call and the phone books are configured to
automatically synchronize each other during wireless
communication between at least two of the mobile
computing device, the land-line phone, and the mobile
phone.

24. The system of claim 23 wherein the respective call
switchers further comprise a voice mail activator configured
for sending any new phone calls, in addition to the live
telephone call, to a voice mail box so that any one of the
land-line phone and the mobile phone that is not currently in
use in the live telephone call does not ring during the live
telephone call.

25. A method of exchanging contact information com-
prising:

wirelessly establishing communication between a mobile
computing device and a mobile phone; and

exchanging a phone book file between the mobile com-
puting device and the mobile phone.

I R
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The present invention discloses a method, system and appa-
ratus for playing an audio signal synchronously on a first
mobile audio player and at least a second mobile audio
player. More particularly, the invention pertains to an audio
player device enabled for wireless transmission and recep-
tion of an audio signal. In one aspect, a delay enables the
audio signal to be played synchronously on the audio player
with a second audio player. In another aspect synchroniza-
tion signals are used to play the audio signal synchronously
on the first audio player and the second audio player.
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AUDIO PLAYER DEVICE FOR SYNCHRONOUS
PLAYBACK OF AUDIO SIGNALS WITH A
COMPATIBLE DEVICE

CROSS REFERENCE TO RELATED PATENT
APPLICATIONS

[0001] This application is a divisional application of and
claims priority to pending U.S. patent application Ser. No.
10/513,702 entitled, “Localized Audio Networks and Asso-
ciated Digital Accessories” based on PCT Application No.
PCT/US03/14154 having the same title claiming priority
from Provisional Patent Application No. 60/378,415, filed
May 6, 2002, titled “Localized Audio Networks and Asso-
ciated Digital Accessories,” and from Provisional Patent
Application No. 60/388,887, filed Jun. 14, 2002, titled
“Localized Audio Networks and Associated Digital Acces-
sories,” and from Provisional Patent Application No.
60/452,230, filed Mar. 4, 2003, titled “Localized Audio
Networks and Associated Digital Accessories,” the contents
of each of which are incorporated herein by reference.

TECHNICAL FIELD

[0002] The present invention relates to localized wireless
audio networks for shared listening of recorded music, and
wearable digital accessories for public music-related dis-
play, which can be used in conjunction with one another.

BACKGROUND

[0003] Portable audio players are popular consumer elec-
tronic products, and come in a variety of device formats,
from cassette tape “boom boxes” to portable CD players to
digital flash-memory and hard-disk MP3 players. While
boom boxes are meant to make music to be shared among
people, most of the portable audio players are designed for
single person use. While some of this orientation to personal
music listening is due to personal preference, other impor-
tant considerations are the technical difficulties of reproduc-
ing music for open area listening with small, portable
devices, as well as the social imposition of listening to music
in public places with other people who do not wish to listen
to the same music, or who are listening to different music
that would interfere with one’s own music.

[0004] There are numerous audio devices that are
designed to allow the transfer of music from one portable
audio device to another, especially through those that store
music in the MP3 audio format. These devices suffer from
two main difficulties: firstly, listeners still do not hear the
music simultaneously, which is the optical manner to share
music, and secondly, there are serious copyright issues
associated with the transfer of music files. Thus, it would be
preferable for the transfer of the music for simultaneous
enjoyment, and which did not result in a permanent transfer
of the music files between the devices, so as not to infringe
on the intellectual property rights of the music owners.

[0005] Given the sharing of music, listeners will on occa-
sion want to purchase the music for themselves. In such
case, it would be beneficial for the user to have a way to
obtain the music with minimal effort. It would further be
desirable for there to be a way to keep track of the person
from whom the listener heard the music, so that the person
could be in some way encouraged or compensated.
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[0006] The earphones associated with a portable music
player admit a relatively constant fraction of ambient sound.
If listening to music with a shared portable music device,
however, one might at times want to talk with a friend, and
at times listen to music without outside audible distraction.
In such case, it would be desirable to have an earphone for
which the amount of external ambient sound could be
manually set.

[0007] Furthermore, many people like to show their indi-
vidual preferences, to exhibit themselves, and to demon-
strate their group membership. Furthermore, music prefer-
ences and listening to music together are among the more
important means by which individuals express their indi-
vidual and group identities. It would be beneficial for there
to be a way for individuals to express themselves through
their music, and for groups of individuals listening to music
together, to be able to demonstrate their group enjoyment of
the music.

[0008] One means for a person to express their identity
through motion would be through having wearable trans-
ducers wherein the transduction signal is related to the
music. If the transducer were a light transducer, this would
result in a display of light related to the music that was being
listened to. It would be further beneficial if there were means
by which a person could generate control signals for the
transducer so that instead of a wholly artificial response to
the music, the transducer showed a humanly interpreted
display. It would be preferable if these signals could be
shared between people along with music files, so that others
could entertain or appreciate the light display so produced.

[0009] At popular music concerts, there is often a “light
show” that pulsates in rough relation to the music. In
contrast to the generally vigorous light show, the patrons at
the concerts often have light bracelets or other such static
displays which are used to join with the displays on the
stage. It would be beneficial for there to be a way in which
patrons could participate in the light show in order to
enhance their enjoyment of the concert.

[0010] TItis to the solution of these and other problems that
the present invention is directed.

SUMMARY OF THE INVENTION

[0011] It is an object of the present invention to provide
users a means of listening to music together using mobile
devices.

[0012] It is also an object of the present invention to
provide users a means of choosing with whom to listen to
music.

[0013] It is additionally an object of the present invention
to provide users the ability to monitor the people that are
listening together.

[0014] It is furthermore an object of the present invention
to provide users a means of expressing their enjoyment of
the music they are listening to through visual displays of
wearable accessories.

[0015] It is yet another object of the present invention to
provide users a means of demonstrating their identity with
other people they are listening to music with.

[0016] It is still further an object of the present invention
to provide users to provide users with means to choreograph
the visual displays.
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[0017] Additional objects, advantages and novel features
of this invention shall be set forth in part in the description
that follows, and will become apparent to those skilled in the
art upon examination of the following specification or may
be learned through the practice of the invention. The objects
and advantages of the invention may be realized and attained
by means of the instrumentalities, combinations, and meth-
ods particularly pointed out in the appended claims.

[0018] To achieve the foregoing and other objects and in
accordance with the purposes of the present invention, as
embodied and broadly described therein, the present inven-
tion is directed to a method for sharing music from stored
musical signals between a first user with a first music player
device and at least one second user with at least one second
music player device. The method includes the step of
playing the musical signals for the first user on the first
music player device while essentially simultaneously wire-
lessly transmitting the musical signals from the first music
player device to the at least one second music player device.
The method additionally includes receiving the musical
signals by the at least one second player device, such that the
musical signals can be played on the at least one second
player device essentially simultaneously with the playing of
the musical signals on the first music player device. In this
method, the first and the at least one second users are mobile
and maintain less than a predetermined distance.

[0019] The present invention is also related to a system of
music sharing for a plurality of users. The system includes
a first sharing device and at least one second sharing device,
each comprising a musical signal store, a musical signal
transmitter, a musical signal receiver, and a musical signal
player. Furthermore, the system comprises a broadcast user
operating the first sharing device and at least one member
user operating the at least one second sharing device. The
broadcast user plays the musical signal for his own enjoy-
ment on the first sharing device and simultaneously trans-
mits the musical signal to the receiver of the at least one
second sharing device of the at least one member user, on
which the musical signal is played for the at least one
member user. The broadcast user and the at least one
member user hear the musical signal substantially simulta-
neously.

[0020] The present invention yet further is related to a
wireless communications system for sharing audio enter-
tainment between a first mobile device and a second mobile
device in the presence of a non-participating third mobile
device. The system includes an announcement signal trans-
mitted by the first mobile device for which the second
mobile device and the third mobile device are receptive. In
addition, the system includes a response signal transmitted
by the second mobile device in response to the announce-
ment signal for which the first mobile device is receptive and
for which the third mobile device is not receptive. Also, the
system includes an identifier signal transmitted by the first
mobile device to the second mobile device in response to the
response signal, and which is not receptive to the third
mobile device. Finally, the system includes a broadcast
signal comprising audio entertainment that is transmitted by
the first mobile device, and which is receptive by the second
mobile device on the basis of the reception of the identifier
signal.

[0021] The present invention additionally is related to an
audio entertainment device. The device includes a signal
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store that stores an audio entertainment signal, a transmitter
that can transmit the stored audio entertainment signal, a
receiver that can receive the transmitted audio entertainment
signal from a transmitter of another such device, and a
player that can play audio entertainment from a member
selected from the group of stored audio entertainment sig-
nals or audio entertainment signals transmitted from the
transmitter of another such device.

[0022] The present invention yet still is related to a system
for identifying a first device that introduces a music selec-
tion to a second device. The system includes a mobile music
transmitter operated by the first device and a mobile music
receiver operated by the second device. In addition, the
system includes a music signal comprising the music selec-
tion transmitted by the transmitter and received by the
receiver, an individual musical identifier that is associated
with the music selection, and an individual transmitter
identifier that identifies the transmitter. The transmitter iden-
tifier and the individual music identifier are stored in asso-
ciation with each other in the receiver.

[0023] The present invention is still further related to an
audio entertainment device. The device includes a wireless
transmitter for the transmission of audio entertainment sig-
nals and a wireless receiver for the reception of the trans-
mitted audio entertainment signals from a transmitter of
audio entertainment signals. A first manually-separable con-
nector for electrically connecting with an audio player
allows transfer of audio entertainment signals from the
player to the device. The device also includes a second
connector for connecting with a speaker and a control to
manually switch between at least three states. In the first
state the speaker plays audio entertainment signals from the
audio player and the transmitter does not transmit the audio
entertainment signals. In the second state the speaker plays
audio entertainment signals from the audio player and the
transmitter essentially simultaneously transmits the audio
entertainment signals. In the third state the speaker plays
audio entertainment signals received by the receiver.

[0024] The present invention also still is related to a
system for the sharing of stored music between a first user
and a second user. The system includes a first device for
playing music to the first user, comprising a store of musical
signals. A first controller prepares musical signals from the
first store for transmission and playing, and a first player
takes musical signals from the first controller and plays the
signals for the first user. A transmitter is capable of taking the
musical signals from the controller and transmitting the
musical signals via wireless broadcast. A second device for
playing music to the second user comprises a receiver
receptive of the transmissions from the transmitter of the
first device, a second controller that prepares musical signals
from the receiver for playing, and a second player that takes
musical signal from the second controller and plays the
signals for the second user. The first user and the second user
hear the musical signals at substantially the same time.

[0025] The present invention also is related to an earphone
for listening to audio entertainment allowing for the con-
trolled reception of ambient sound by a user. The earphone
includes a speaker that is oriented towards the user’s ear and
an enclosure that reduces the amount of ambient noise
perceptive to the user. In addition, a manually-adjustable
characteristic of the enclosure adjusts the amount of ambient
sound perceptive to the user.
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[0026] The present invention is further related to a mobile
device for the transmission of audio entertainment signals.
The mobile device includes an audio signal store for the
storage of the audio entertainment signals, and an audio
signal player for the playing of the audio entertainment
signals. The device also includes a wireless transmitter for
the transmission of the audio entertainment signals and a
transmitter control to manually switch between two states
consisting of the operation and the non-operation of the
audio transmitter.

[0027] The present invention yet still is related to a mobile
device for the reception of digital audio entertainment
signals. The mobile device includes an audio signal store for
the storage of the digital audio entertainment signals and an
audio receiver for the reception of external digital audio
entertainment signals from a mobile audio signal transmitter
located within a predetermined distance of the audio
receiver. The device also includes a receiver control with at
least a first state and a second state. An audio signal player
plays digital audio entertainment signals from the audio
signal store when the receiver control is in the first state, and
plays digital audio entertainment signals from the audio
receiver when the receiver control is in the second state.

[0028] The present invention furthermore relates to a
method for the shared enjoyment of music from stored
musical signals between a first user with a first music player
device and at least one second user with at least one second
music player device. The method includes the step of
playing the musical signals for the first user on the first
music player device while essentially simultaneously wire-
lessly transmitting synchronization signals from the first
music player device to the at least one second music player
device. The method also includes receiving the synchroni-
zation signals by the at least one second player device. The
synchronization signals allow the musical signals on the at
least one second player device to be played essentially
simultaneously with the playing of the musical signals on
the first music player device. The first and the at least one
second users are mobile.

[0029] The present invention yet furthermore relates to a
wireless communications system for sharing audio enter-
tainment between a first mobile device and a second mobile
device. The system includes a broadcast identifier signal
transmitted by the first mobile device to the second mobile
device. A personal identifier signal is transmitted by the
second mobile device to the first mobile device. A broadcast
signal comprising audio entertainment is transmitted by the
first mobile device of which the second device is receptive.
The first mobile device and the second mobile device have
displays which can display the identifier signal that they
receive and the second mobile device can play the audio
entertainment from the broadcast signal that it receives.

[0030] The present invention also relates to a method for
enhancing enjoyment of a musical selection. The method
includes the steps of obtaining control signals related to the
musical selection, transmitting the control signals wire-
lessly, receiving the control signals, and converting the
control signals to a humanly-perceptible form.

[0031] The present invention further yet relates to a
method for generating and storing control signals corre-
sponding to musical signals. The method includes the steps
of playing musical signals for a user and receiving manual
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input signals from the user that are produced substantially in
synchrony with the music. The method also includes the
steps of generating control signals from the input signals,
and storing the control signals so that they can be retrieved
with the musical signals.

[0032] The present invention still additionally relates to a
wearable personal accessory. The accessory includes an
input transducer taken from the group consisting of a
microphone and an accelerometer. The transducer generates
a time-varying input transduction signal. The accessory also
includes a controller that accepts the input transduction
signal, and generates an output transducer signal whose
signal varies in amplitude with time. An output transducer
receptive of the output transducer signal provides a
humanly-perceptible signal. An energy source powers the
input transducer, controller and output transducer.

[0033] The present invention also still relates to a wear-
able personal accessory controlled via wireless communi-
cations. The accessory includes a wireless communications
receiver that is receptive of an external control signal. The
accessory also includes a controller that accepts the external
control signal and that generates a time-varying visual
output transducer signal. A visual output transducer is recep-
tive of the output transducer signal, and provides a humanly-
perceptible visual signal. An energy store powers the
receiver, controller and output transducer. The visual output
transducer generates visually-perceptive output.

[0034] The present invention still further relates to a
device for converting user tactile responses to stored music
into a stored control signal. The device includes a player that
plays stored music audible to the user and a manually-
operated transducer that outputs an electrical signal. The
transducer is actuated by the user in response to the music.
A controller receives the electrical signal and outputs a
control signal and a store receives the control signal and
stores it.

[0035] The present invention furthermore relates to a
music player that wirelessly transmits control signals related
to the music, wherein the control signals control a wearable
electronic accessory. The music player includes a store of
music signal files and a controller that reads a musical signal
file from the store and generates audio signals. The control-
ler further generates the control signals. A transducer con-
verts the audio signals into sound audible to the user and a
wireless transmitter transmits the control signal to the wear-
able electronic accessory.

[0036] The present invention yet relates to a music player
that wirelessly transmits control signals related to the music,
wherein the control signals control a wearable electronic
accessory. The music player includes a store of music signal
files and a second store of control signal files associated with
the music signal files. A controller reads a musical signal file
from the store and generates audio signals. The controller
further reads an associated control signal file. A transducer
converts the audio signals into sound audible to the user, and
a wireless transmitter transmits the control signals from the
associated control signal file to the wearable electronic
accessory.

[0037] The present invention also relates to a system for
exhibition of music enjoyment. The system includes a
source of music signals, a controller that generates control
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signals from the music signals, and a transmitter of the
control signals. The transmission of the control signals is
synchronized with the playing of the music signals. In
addition, the system includes a receiver of the control signals
and a transducer that responds to the control signals.

[0038] The present invention further relates to a method
for transferring a wearable-accessory control file stored on a
first device to a second device in which an associated music
file is stored. The method includes the steps of storing on the
first device the name of the music file in conjunction with the
control file with which it is associated and requesting by the
second device of the first device for a control file stored in
conjunction with the name of the music file. In addition, the
method includes the step of transferring the control file from
the first device to the second device. The control file is stored
on the second device in conjunction with the name of the
associated music file.

[0039] The present invention also relates to a device for
transmitting control signals to a wearable accessory recep-
tive of such control signals. The device includes a manually-
separable input connector for connecting to an output port of
an audio player. Audio signals are conveyed from the audio
player to the device across the connector. The device also
includes a controller for generating control signals from the
audio signals and a transmitter for transmitting the control
signals.

BRIEF DESCRIPTION OF THE DRAWINGS

[0040] FIG. 1 is a schematic block diagram of a local
audio network comprised of two linked audio units operated
by two persons, and associated digital jewelry conveyed by
the two persons.

[0041] FIG. 2A is a schematic block diagram of a DJ with
multiple independently controlled LED arrays.

[0042] FIG. 2B is a schematic block diagram of a DJ with
an LED array with independently controlled LEDs.

[0043] FIGS. 3A-C are schematic block diagrams of unit
elements used in inter-unit communications.

[0044] FIG. 4 is a schematic flow diagram of DJ entrain-
ing.
[0045] FIGS. 5A-B are schematic block diagrams of DJs

associated with multiple people bound to the same master
unit.

[0046] FIG. 6 is a schematic block diagram of a cluster
comprising a broadcast unit and multiple receive units, with
an external search unit.

[0047] FIG. 7 is a schematic diagram of a broadcast unit
transmission.

[0048] FIG. 8A is a schematic block diagram of audio
units with self-broadcast so that audio output is highly
synchronized.

[0049] FIG. 8B is a schematic flow diagram for synchro-
nous audio playing with multiple rebroadcast.

[0050] FIGS. 9A and 9B are schematic block diagrams of
hierarchically-related clusters.

[0051] FIG. 10 is a top perspective view of an earphone
with manually adjustable external sound ports.
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[0052] FIGS. 11A and B are cross-sectional diagrams of a
earpiece with an extender to admit additional ambient
sound.

[0053] FIG. 12A is a schematic diagram of a modular
audio unit.

[0054] FIG. 12B is a schematic diagram of modular digital
jewelry.

[0055] FIG. 12C is a schematic block diagram of a modu-
lar transmitter that generates and transmits control signals
for digital jewelry from an audio player.

[0056] FIG. 13A is a schematic cross-section through a
search unit and a broadcast unit in which communications
are provided via visible or infrared LED emission in search
transmission mode.

[0057] FIG. 13B is a schematic cross-section through a
search unit and a broadcast unit n which communications are
provided via a visible or infrared laser in search transmission
mode.

[0058] FIG. 13C is a schematic cross-section through a
search unit and a broadcast unit in which communications
are provided via visible or infrared emission from a digital
jewelry element in broadcast transmission mode.

[0059] FIG. 13D is a schematic cross-section through a
search unit and a broadcast unit in which communications
are provided via contact in mutual transmission mode.

[0060] FIG. 13E is a schematic cross-section through a
search unit and a broadcast unit in which communications
are provided via sonic transmissions in broadcast transmis-
sion mode.

[0061] FIG. 13F is a schematic cross-section through a
search unit and a broadcast unit in which communications
are provided via radio frequency transmissions in broadcast
transmission mode.

[0062] FIG. 14A is a schematic block diagram of the
socket configurations on the broadcast unit and the receive
unit.

[0063] FIG. 14B is a schematic block flow diagram of
using IP sockets for establishing and maintaining commu-
nications between a broadcast unit and the receive unit,
according to the socket diagram of FIG. 14A.

[0064] FIG. 15 is a schematic block diagram of the IP
socket organization used with clusters comprising multiple
members.

[0065] FIG. 16 is a schematic block flow diagram of
transfer of control between the broadcast unit and the first
receive unit.

[0066] FIG. 17 is a matrix of DJ and searcher preferences
and characteristics, illustrating the matching of DJ and
searcher in admitting a search to a cluster.

[0067] FIG. 18A is a screenshot of an LCD display of a
unit, taken during normal operation.

[0068] FIG. 18B is a screenshot of an LCD display of a
unit, taken during voting for a new member.

[0069] FIG. 19 is a table of voting schemes for the
acceptance of new members into a cluster.
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[0070] FIG. 20 is a time-amplitude trace of an audio signal
automatically separated into beats.

[0071] FIG. 21A is a block flow diagram of a neural
network method of creating DJ transducer control signals
from an audio signal as shown in FIG. 20.

[0072] FIG. 21B is a block flow diagram of a deterministic
signal analysis method of creating DJ transducer control
signals from an audio signal as shown in FIG. 20.

[0073] FIG. 21C is a schematic flow diagram of a method
to extract fundamental musical patterns from an audio signal
to create DJ control signals.

[0074] FIG. 21D is a schematic flow diagram of an algo-
rithm to identify a music model resulting in a time signature.

[0075] FIG. 22A is a top-view diagram of an audio unit
user interface, demonstrating the use of buttons to create DJ
control signals.

[0076] FIG. 22B is a top-view diagram of a hand-pad for
creating DJ control signals.

[0077] FIG. 22C is a schematic block diagram of a set of
drums used for creating DJ control signals.

[0078] FIG. 23A is a schematic block flow diagram of the
synchronized playback of an audio signal file with a DJ
control signal file, using transmission of both audio and
control signal information.

[0079] FIG. 24 is a schematic block diagram of a DJ unit
with associated input transducers.

[0080] FIG. 25 is a schematic flow diagram indicating
music sharing using audio devices, providing new means of
distributing music to customers.

[0081] FIG. 26 is a schematic diagram of people at a
concert, in which DIs conveyed by multiple individuals are
commonly controlled.

[0082] FIG. 27 is a schematic block flow diagram of using
a prospective new member’s previous associations to deter-
mine whether the person should be added to an existing
cluster.

[0083] FIG. 28 is a block flow diagram indicating the steps
used to maintain physical proximity between the broadcast
unit and the receive unit via feedback to the receive unit user.

[0084] FIGS. 29A is a schematic block diagram of the
connection of an Internet-enabled audio unit with an Internet
device through the Internet cloud, using an Internet access
point.

[0085] FIGS. 29B is a schematic block diagram of the
connection of an Internet-enabled audio unit with an Internet
device through the Internet cloud, with an audio unit directly
connected to the Internet cloud.

[0086] FIG. 30 comprises tables of ratings of audio unit

users.

[0087] FIG. 31 is tables of DJ, song and transaction
information according to the methods of FIG. 25.

[0088] FIG. 32A is a schematic block diagram of main-
taining privacy in open transmission communications.

[0089] FIG. 32B is a schematic block diagram of main-
taining privacy in closed transmission communication.
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[0090] FIG. 33 is a schematic block diagram of a hierar-
chical cluster, as in FIG. 9A, in which communications
between different units is cryptographically or otherwise
restricted to a subset of the cluster members.

[0091] FIG. 34A is a schematic block flow diagram of the
synchronization of music playing from music files present
on the units 100.

[0092] FIG. 34B is a schematic layout of a synchroniza-
tion record according to FIG. 34A.

[0093] FIG. 35 is a schematic block diagram of DJ switch
control for both entraining and wide-area broadcast.

[0094] FIG. 36 is a schematic block diagram of mode
switching between peer-to-peer and infrastructure modes.

BEST MODE FOR CARRYING-OUT THE
INVENTION

Overview

[0095] FIG. 1 is a schematic block diagram of a local
audio network comprised of two linked audio units 100
operated by two persons, and associated digital jewelry 200
conveyed by the two persons. The persons are designated
Person A and Person B, their audio units 100 are respectively
Unit A and Unit B, and their digital jewelry 200 are denoted
respectively DJ A and DI B. In this patent specification,
“DJ” is used to denote either the singular “digital jewel” or
the plural “digital jewelry”.

[0096] Each unit 100 is comprised of an audio player 130,
and an inter-unit transmitter/receiver 110. In addition, each
unit 100 comprises a means of communication with the
digital jewelry, which can be either a separate DJ transmitter
120 (Unit A), or which can be part of the inter-unit trans-
mitter/receiver 110 (Unit B). Furthermore, unit 100 can
optionally comprise a DJ directional identifier 122, whose
operation will be described below. Also, unit 100 will
generally comprise a unit controller 101, which performs
various operational and executive functions of intra-unit
coordination, computation, and data transfers. The many
functions of the controller 101 will not be discussed sepa-
rately below, but will be described with respect to the
general functioning of the unit 100.

[0097] In operation, Unit A audio player 130 is playing
recorded music under the control of a person to be desig-
nated User A. This music can derive from a variety of
different sources and storage types, including tape cassettes,
CDs, DVDs, magneto-optical disks, flash memory, remov-
able disks, hard-disk drives or other hard storage media.
Alternatively, the audio signals can be received from broad-
casts using analog (e.g. AM or FM) or digital radio receiv-
ers. Unit A is additionally broadcasting a signal through DJ
transmitter 120, which is received by DJ 200 through a DJ
receiver 220 that is worn or otherwise conveyed by User A.

[0098] It should be noted that the audio signals can be of
any sound type, and can include spoken text, symphonic
music, popular music or other art forms. In this specification,
the terms audio signal and music will be used interchange-
ably.

[0099] The DJ 200 transduces the signal received by the
DI receiver 220 to a form perceptible to the User A or other
people near to him. This transduced form can include audio,
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visual or tactile elements, which are converted to their
perceptible forms via a light transducer 240, and optionally
a tactile transducer 250 or an audio transducer 260. The
transducers 240, 250 and 260 can either directly generate the
perceptible forms directly from the signals received by the
DJ receiver 220, or can alternatively incorporate elements to
filter or modify the signals prior to their use by the trans-
ducers.

[0100] When a second individual, User B, perceives the
transduced forms produced by User A DJ 200, he can then
share the audio signal generated by the audio player 130 of
Unit A, by use of the inter-unit transmitter/receiver 110 of
Unit A and a compatible receiver 110 of Unit B. Audio
signals received by Unit B from Unit A are played using the
Unit B audio player 130, so that User A and User B hear the
audio signals roughly simultaneously. There are a variety of
means by which the Unit B can select the signal of Unit A,
but a preferred method is for there to be a DJ directional
identifier 122 in Unit B, which can be pointed at the DJ of
User A and which receives information needed to select the
Unit A signal from the User A DJ, whose transduced signal
is perceptible to User B.

[0101] Given the audio signal now being exchanged
between Unit A and Unit B, User A and User B can
experience the same audio signal roughly simultaneously.
Within the spirit of the present invention, it is preferable for
the two users to hear the audio signals within 1 second of one
another, and more preferable for the users to hear the audio
signals within 200 milliseconds of one another, and most
preferable for the users to hear the audio signals within 50
milliseconds of one another. Furthermore, DJs 200 being
worn by User A and User B can receive signals from their
respective units, each emitting perceptible forms of their
signals. Preferably, the transduced forms expressed by the
DJs 200 are such as to enhance the personal or social
experience of the audio being played.

Unit 100 Structure

[0102] Units 100 comprise a device, preferably of a size
and weight that is suited for personal wearing or transport,
which is preferably of a size and format similar to that of a
conventional portable MP3 player. The unit can be designed
on a “base” of consumer electronics products such as cell
phones, portable MP3 players, or personal digital assistants
(PDAs), and indeed can be configured as an add-on module
to any of these devices.

[0103] In general, the unit 100 will comprise, in addition
to those elements described in FIG. 1, other elements such
as a user interface (e.g. an LCD or OLED screen, which can
be combined with a touch-sensitive screen, keypad and/or
keyboard), communications interfaces (e.g. Firewire, USB,
or other serial communications ports), permanent or remov-
able digital storage, and other components.

[0104] The audio player 130 can comprise one or more
modes of audio storage, which can include CDs, tape,
DVDs, removable or fixed magnetic drives, flash memory,
or other means. Alternatively, the audio can be configured
for wireless transmission, including AM/FM radio, digital
radio, or other such means. Output of the audio signal so
generated can comprise wireless or wired headphones or
wired or wireless external speakers.
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[0105] It is also within the spirit of the present invention
that the unit 100 can have only receive capabilities, without
having separate audio information storage or broadcast
capabilities. In concept, such a device can have as little user
interface as an on/off button, a button to cause the unit 100
to receive signals from a new “host”, and a volume control.
Such devices can be very small and be built very inexpen-
sively.

Unit 100 Audio Output

[0106] One of the goals of the present invention is to assist
communications between groups of people. In general, with
mobile audio devices, the music is listened to through
headphones. Many headphones are designed so as to reduce
to the extent possible the amount of sound which is heard
from outside of the headphones. This, however, will have the
general effect of reducing the verbal communications
between individuals.

[0107] In order to avoid this potential problem, it is within
the teachings of the present invention that headphones or
earphones be provided that allow ambient sound, including
a friend’s voice, to be easily perceptible to the wearer of the
headphones, and that such headphones can be provided that
variably allow such sound to be accessible for the head-
phone’s wearer. Such arrangement of the headphones can be
obtained either through physical or electronic means. If
through electronic means, the headphones can have a micro-
phone associated with them, through which signals received
are played back in proportion through the headphone speak-
ers, said proportion being adjustable from substantially all
sound being from the microphone to substantially no sound
being from the microphone. This microphone can also be a
part of a noise cancellation system, such that the phase of the
playback is adjustable—if the phase is inverted relative to
the ambient sound signal, then the external noise is reduced,
whereas if the phase is coincident with the ambient sound
signal, then the ambient sounds are enhanced.

[0108] FIG. 10 is a top perspective view of an earphone
900 with adjustable external sound ports. A speaker element
940 is centrally located, and the outside circumferential
surface is a rotatable sound shield 910 in which sound ports
930 are placed. The sound ports 930 are open holes to admit
sound. Beneath the sound shield 930 is a non-rotatable
sound shield in which fixed sound ports 920 are placed in a
similar arrangement. As the sound shield 910 is rotated
manually by the user, the sound ports 930 and the fixed
sound ports 920 come into registration, so that open ports
between sources of ambient noise and the outer ear chamber
is created, increasing the amount of ambient sound that the
user perceives.

[0109] FIGS. 11A and B are cross-sectional diagrams of
an earpiece with an extender 980 that admits additional
ambient sound. In FIG. 11A, the face of a speaker 960 with
a cord 970 is covered with a porous foam block 950 that fits
snugly into the ear. While some ambient sound is accessible
to the ear through the foam block 950, the majority of the
sound is input is impeded. In FIG. 11B, the foam extender
980 is placed over the foam block 950 so that a formed shape
at the distal end of the extender 980 fits snugly into the ear.
A hollow cavity 982 can be allowed in the extender 980 so
as to reduce the sound impedance from the speaker 960 to
the ear. Ambient sound is allowed into the space between the
speaker 960 and the distal end of the extender 980 (shown
by the arrows).
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[0110] Many other arrangements are allowed within the
spirit of the present invention to allow ambient sound to
more easily access the user’s ear, including adjustable
headphones or earplugs as in FIG. 10, or accessories that can
modify the structure of existing earphones and headphones,
as in FIG. 11B. Such effects can include increasing the
number of apertures admitting ambient sound, increasing the
size of an aperture (e.g. by adjusting the overlap between
two larger apertures), changing the thickness or number of
layers in the enclosure, or by placing a manually detachable
cup that covers the earphone and ear channel so as to reduce
ambient sound.

DI 200 Transducers

[0111] DJs 200 will have a number of common elements,
including communications elements, energy storage ele-
ments, and control elements (e.g. a manual ON/OFF switch
or a switch to signal DJ entraining, as will be described
below). In this section, the structure and function of trans-
ducers will be described.

Light Transducers 240

[0112] The DJ 200 transducers are used to create percep-
tible forms of the signals received by the receiver 220. Light
transduction can include the use of one or more light-
emitting devices, which can conveniently be colored LEDs,
OLEDs, LCDs, or electroluminescent displays, which can
be supplemented with optical elements, including mirrors,
lenses, gratings, and optical fibers. Additionally, motors,
electrostatic elements or other mechanical actuators can be
used to mechanically alter the directionality or other prop-
erties of the light transducers 240. There can be either a
single device or an array of devices, and if more than a single
device, can display in synchrony, or can be “choreographed”
to display in a temporal and/or spatial pattern.

[0113] FIG. 2A is a schematic block diagram of a DJ 200
with multiple independently controlled LED arrays, wherein
the number of LED arrays is preferably between 2 and 8, and
is even more preferably between 2 and 4. The signal
received from unit 100 via the DJ receiver 220 is passed to
a multi-port controller 242 with two ports 294 and 296
connected respectively with two separate arrays 290 and 292
of LEDs 246. These arrays 290 and 292 can be distinguished
by spatial placement, color of emitted light, or the temporal
pattern of LED illumination. The signal is converted via
analog or digital conversion into control signals for the two
arrays 290 and 292, which are illuminated in distinct tem-
poral patterns.

[0114] 1t should be noted that the signal received by
receiver 220 from the unit 100 can comprise either a signal
already in the form required to specify the array and tem-
poral pattern of LED 246 activity, or it can alternatively be
converted from a differently formatted signal into temporal
pattern signals. For example, the unit 100 can transmit a
modulated signal whose amplitude specifies the intensity of
LED light amplitude. For multiple LED arrays, signals for
the different arrays can be sent together and decoded by the
DJ receiver 220, such as through using time multiplexing, or
transmission on different frequencies.

[0115] Alternatively, the signal could be not directly
related to the transduction intensity, such as in the direct
transmission of the audio signal being played by the unit
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100. In such case, the controller 242 can modify the signal
S0 as to generate appropriate light transduction signals. For
example, low frequency bandpass filters could provide the
signals for the first array 290, whereas high-frequency
bandpass filters could provide the signals for the second
array 292. Such filtering could be accomplished by either
analog circuitry or digital software within a microprocessor
in the controller 242. It is also within the spirit of the present
invention for the different arrays to respond differently to the
amplitude of the signal within a frequency band or the total
signal.

[0116] An alternative control of LED arrays is presented in
FIG. 2B, a schematic block diagram of a DJ 200 with an
LED array with independently controlled LEDs. In this case,
the control signal received by the receiver 200 is passed
through a single-port, multiple ID controller 243 to a single
array of LEDs, each responsive only to signals with a
particular characteristic or identifier. One or more of the
LEDs 246 can have the same identifier or be responsive to
the same characteristic so as to constitute a virtual array of
LEDs.

[0117] As mentioned above, the transduced light signal
can alternatively or additionally comprise multi-element
arrays, such as an LED screen. In such case, the signal
received by the receiver 220 can be either a specification of
image elements to be displayed on the LED screen, or can
be as before, a signal unrelated to the light transduction
output. For example, many audio players on computers (e.g.
Windows Media player) come with pattern generators that
are responsive to the frequency and amplitude of the audio
signal. Such pattern generators could be incorporated into
the controllers 242 or 243.

[0118] Alternatively, the light transducer 240 can be a
single color illuminated panel, whose temporal pattern of
illumination was similar to that of the LEDs of FIGS. 2A and
2B. In such case, users can partially cover the panel with
opaque or translucent patterns, such as a dog or a skull or a
representation of a favorite entertainer.

[0119] Whereas the receiver 220 and the light controllers
242 or 243 can be hidden from view, either behind the light
transducers or separated from the transducers by a wire, for
example, the light transducers are meant to be perceptible to
other people. For this purpose, the light transducers can be
fashioned into fashion accoutrements such as bracelets,
brooches, necklaces, pendants, earrings, rings, hair clips
(e.g. barrettes), ornamental pins, netting to be worn over
clothing, belts, belt buckles, straps, watches, masks, or other
objects. Additionally, the light transducers can be fashioned
into clothing, such as arrays of lighting elements sewn onto
the outside of articles of clothing such as backpacks, wallets,
purses, hats, or shoes. For those articles of clothing that are
normally washed, however, the lighting transducers and
associated electronics will preferably be able to withstand
cleaning agents (e.g. water or dry cleaning chemicals), or
will be used in clothing such as scarves and hats that do not
need to be washable.

[0120] It is also convenient for there to be modular light-
ing arrangements in which the configuration can easily
changed by a user. One example of such a modular arrange-
ment is a light pipe made of a flexible plastic cable or rod,
at one or both ends of which is positioned a light source that
directs light into the rod. At predetermined locations along
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the rod, the rod surface can be roughened so as to allow a
certain amount of light to escape, on which transparent glass
or plastic pieces can be clipped, and that are lighted when the
pipe is lighted. Alternatively, the light can be uniformly
smooth, and transparent pieces of roughly index of refrac-
tion matching material can be clipped onto the rod, allowing
some fraction of the light to be diverted from the rod into the
pieces. The light sources and associated energy sources used
in such an arrangement can be relatively bulky and be
carried in a backpack, pouch or other carrying case, and can
brightly illuminate a number of separate items.

[0121] Tt should be noted that the transducers require an
energy store 270, which is conveniently in the form of a
battery. The size of the battery will be highly dependent on
the transduction requirements, but can conveniently be a
small “watch battery”. It is also convenient for the energy
store 270 to be rechargeable. Indeed, all of the electric
devices of the present invention will need energy stores or
generators of some sort, which can comprise non-recharge-
able batteries, rechargeable batteries, motion generators that
can convert energy from the motion of the user into elec-
trical energy that can be used or stored, fuel cells or other
such energy stores or converters as are convenient.

Sound Transducers 260

[0122] Sound transducers 260 can supplement or be the
primary output of the audio player of the unit 100. For
example, the unit 100 can wirelessly transmit the audio
signal to DJ 200 comprising a wireless headphone sound
transducer. This would allow a user to listen to the audio
from the audio player without the need for wires connecting
the headphones to the unit 100. Such sound transducers can
comprise, for example, electromagnetic or piezoelectric
elements.

[0123] Alternative to headphone or earphone audio pro-
duction, external speakers, which can be associated with
light transducers 240 or tactile transducers 250, can be used
to enhance audio reproduction from external speakers asso-
ciated with the unit 100. In addition or alternative to simple
reproduction of the audio signal output by the audio player
130, the sound transducers 260 can play modified or accom-
panying signals. For example, frequency filters can be used
to select various frequency elements from the music (for low
bass), so as to emphasize certain aspects of the music.
Alternatively, musical elements not directly output from the
audio player 130 can be output to complete all instrumental
channels of a piece of music, for example.

Tactile Transducers 250

[0124] DIJs 200 can be configured with tactile transducers,
which can provide vibrational, rubbing, or pressure sensa-
tion. As before, signals of a format that control these
transducers can be sent directly from the DJ transmitter 120,
or can be filtered, modified or generated from signals of an
unrelated format that are sent from the transmitter 120. As
before, the signal can be the audio signal from the audio
player 130, which can, for example, be frequency filtered
and possibly frequency converted so that the frequency of
tactile stimulation is compatible with the tactile transducer.
Alternatively, signals that are of the sort meant for light
transduction can be modified so as to be appropriate for
tactile transduction. For example, signals for light of a
particular color can be used to provide vibrational transduc-
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tion of a particular frequency, or light amplitudes can be
converted into pressure values.

[0125] The tactile transducer can comprise a pressure cuff
encircling a finger, wrist, ankle, arm, leg, throat, forehead,
torso, or other body part. The tactile transducer can alter-
natively comprise a rubbing device, with an actuator that
propels a tactile element tangentially across the skin. The
tactile transducer can also alternatively comprise a vibra-
tional device, with an actuator that drives an element nor-
mally to the skin. The tactile transducer can further alter-
natively comprise elements that are held fixed in relation to
the skin, and which comprise moving internal elements that
cause the skin to vibrate or flex in response to the movement
of the internal element.

[0126] The tactile transducer can lack any moveable ele-
ment, and can confer tactile sensation through direct elec-
trical stimulation. Such tactile elements are best used where
skin conductivity is high, which can include areas with
mucus membranes.

[0127] Tactile transduction can take place on any part of
the body surface with tactile sensation. In addition, tactile
transduction elements can be held against the skin overlying
bony structures (skull, backbone, hips, knees, wrists), or
swallowed and conveyed through the digestive tract, where
they can be perceived by the user.

Input Transducers

[0128] It should also be understood that the DJ 200 can
comprise input transducers in order to create control signals
from information or stimuli in the local environment. FIG.
24 is a schematic block diagram of a DJ unit 200 with
associated input transducers. The input-enabled DJ 1320
comprises energy storage 270, a controller 1322, output
transducers 1324, a DJ receiver 220 and input transducers
1326. The input transducers 1326 can comprise one or more
of a microphone 1328 and an accelerometer 1330.

[0129] In operation, the energy storage 270 provides
energy for all other functions in the DJ 1320. The controller
1322 provides control signals for the output transducers
1324, which can comprise tactile transducers 250, sound
transducers 260, and/or light transducers 240. Input to the
controller can be provided via the input transducers 1326,
optionally along with input from the DJ receiver 220.

[0130] For example, on a dance floor, the microphone
1328 can provide electrical signals corresponding to the
ambient music. These signals can be converted into trans-
ducer 1324 control signals in a manner similar to that
described below for the automatic generation of control
signals according to FIGS. 21 A-C, as will be described
below. This allows the use of the DJ functionality in the
absence of an accompanying audio unit 100, expanding the
applications of the DJ 200. An automatic gain filter can be
applied so as to compensate for the average volume level—
because the user can be close or far from the sources of
ambient music and the music can vary in volume, the
strength of the DJ 200 transduction can be normalized. In
addition, it can also be preferable for there to be a manual
amplitude control 1323, such as a dial or two position rocker
switch, by which the average intensity of the DJ 200 control
signals can be varied to suit the taste of the user. The
amplitude control 1323 can operate through modulating the
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input transducer 1326 output or as an input to the controller
1322 as it generates the signals for the output transducers
1324.

[0131] Alternatively, the accelerometer 1330 can track the
movement of the person wearing the DJ 100, such that a
signal indicating acceleration in one direction can be con-
verted by the controller 1322 into signals for a channel of
output transducers 1324. The accelerometer 1330 can be
outfitted with sensors for monitoring only a single axis of
motion, or alternatively for up to three independent direc-
tions of acceleration. Thus, the controller 1322 can convert
sensed acceleration in each direction into a separate channel,
horizontal axes of acceleration could be combined into a
single channel and the vertical axis into a second channel, or
other such linear or non-linear combination of sensed accel-
eration can be combined in aesthetic fashion.

[0132] Tt is also within the spirit of the present invention
that multiple input signals be combined by the controller
1322 to create control signals for aesthetic output from the
output transducers 1324. For example, one channel can be
reserved for control signals generated from accelerometer
signals, another channel for control signals generated from
microphone signals, and yet a third channel from control
signals generated from DJ receiver 220 input. In general, the
information from the DJ receiver 220 and from the micro-
phone 1328 will be of the same type (i.e. generated from
audio signals), so that the most common configurations will
be control signals from a combination of the microphone
1328 and accelerometer 1330, and signals from a combina-
tion of the DJ receiver 220 and the accelerometer 1330.

[0133] The input transducers 1326 can further comprise a
light sensor, such that the DJ would mimic light displays in
its environment, making it appear that the DJ is part of the
activity that surrounds it. In this case, the controller 1322
would preferably generate control signals based on rapid
changes in the ambient lighting, since it would be less
aesthetic to have the DIJ transducers provide constant illu-
mination. Furthermore, slowly changing light (on the order
of tens or hundreds of milliseconds) will be created naturally
by the movement of the user, whereas changes in the lighting
(e.g. strobes, laser lights, disco balls) will be of much faster
change (on the order of milliseconds). Thus, to match the
ambient dance lighting, it is aesthetic for the DJ 200 to
respond most actively to ambient light that is changing in
intensity a predetermined percentage in a predetermined
time, wherein the predetermined percentage is at least 20%
and the predetermined time is 20 milliseconds or less, and
even more preferably for the predetermined percentage to be
at least 40% and the predetermined time is 5 milliseconds or
less.

Unit to Unit Communication

[0134] Units 100 transfer audio signals from the audio
player in one unit 100 to the audio player 130 of another unit
100. FIGS. 3A-C are schematic block diagrams of unit 100
elements used in inter-unit communications. Each diagram
presents communications between a Unit A and a Unit B,
with Unit A transmitting audio signals to Unit B. Dashed
connectors and elements indicate elements or transfers that
are not being utilized in that unit 100, but are placed to
indicate the equivalence of the transmitting and receiving
units 100.
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[0135] InFIG. 3A, compressed audio signals (e.g. in MP3
format or MPEG4 format for video transfers, as described
below) stored in a compressed audio storage 310 are trans-
ferred to a signal decompressor 302, where the compressed
audio signal is converted into an uncompressed form suit-
able for audio output. In Unit A, this decompressed signal is
passed both to the local speaker 300, as well as to the
inter-unit transmitter/receiver 110. The Unit B inter-unit
transmitter-receiver 110 receives the uncompressed audio
signal, which is sent to its local speaker for output. Thus,
both Unit A and Unit B play the same audio from the Unit
A storage, in which uncompressed audio is transferred
between the two units 100.

[0136] In FIG. 3B, compressed audio signals from the
Unit A compressed audio storage 310 are sent both to the
local signal decompressor 302 and to the inter-unit trans-
mitter/receiver 110. The Unit A decompressor 302 condi-
tions the audio signal so that it is suitable for output through
the Unit A speaker 300. The compressed audio signal is sent
via Unit A transmitter-receiver 110 to the Unit B transmitter/
receiver 110, where it is passed to the Unit B decompressor
302 and thence to the Unit B speaker 300. In this embodi-
ment, because compressed audio signals are transmitted
between the units 100 transmitter/receivers 302, lower band-
width communications means can be used in comparison
with the embodiment of FIG. 3A.

[0137] In FIG. 3C, compressed audio signals from the
Unit A compressed audio storage 310 are sent to the Unit A
signal decompressor 302. These decompressed signals are
sent to both the local speaker 300 as well as to a local
compressor 330, which recompresses the audio signal to a
custom format. In addition to decompressed audio signal
input, the compressor also optionally utilizes information
from a DIJ signal generator 320, which generates signals to
control DJ transducers 240, 250 and 260, which can be sent
in conjunction with the audio signal. The signal generator
320 can include analog and/or digital filtering or other
algorithms that analyze or modify the audio signals, or can
alternatively take manually input transducer control signals
input as described below. The custom compression can
include multiplexing of the audio signals with the transducer
control signals.

[0138] The custom compressed audio signals, are then
passed to the Unit A inter-unit transmitter/receiver 110,
which are then transferred to the Unit B inter-unit transmit-
ter/receiver 110, and thence to the Unit B signal decompres-
sor 302 and speaker 300.

[0139] Given the time delays in signal transfer between
the units 100, custom compression that takes place in the
sending unit, and any subsequent decompression that takes
place in the receiving unit 100, it can be convenient to place
a delay on the local (i.e. Unit A) speaker output of tens of
milliseconds, so that both units 100 play the audio through
their speakers at roughly the same time. This delay can
include limited local digital storage between the local signal
decompression and speaker 300 output.

[0140] Various hardware communications protocols will
be discussed below with respect to unit-to-unit communi-
cations, but in general it is required that the distance between
the units that must be maintained be preferably at least 40
feet, and more preferably at least 100 feet, and most pref-
erably 500 feet, in order to allow units 100 sharing music to
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be able to move reasonably with respect to one another (e.g.
for a user to go to the bathroom without losing contact), or
to find each other in a large venue such as a shopping mall.

Communications Protocols

[0141] Communication between the inter-unit transmitter/
receivers 110 can involve a variety of protocols within the
teachings of the present invention, and can include IP
protocol-based transmissions mediated by such physical link
layers as 802.11a, b or g, WDCT, HiperL AN, ultra-wide-
band, 2.5 or 3G wireless telephony communications, custom
digital protocols such as Bluetooth or Millennial Net
i-Beans. Indeed, it is not even necessary for the transmis-
sions to be based on Internet protocol, and conventional
analog radio-frequency or non-IP infrared transmissions are
also within the spirit of the present invention. Each unit 100
will generally have both transmission and reception capa-
bilities, though it is possible for a unit to have only reception
capabilities. While the bandwidth of the broadcast is depen-
dent on the compression of the audio signal, it is preferable
for the transmission bandwidth to be larger than 100 kb/sec,
and even more preferable for the transmission bandwidth to
be greater than 250 kb/sec.

[0142] While the distance of transmission/reception is not
bounded within the teachings of the present invention, it will
generally be less than a few hundred meters, and often less
than 50 meters. The distance of communication is limited in
general by the amount of power required to support the
transmission, the size of antennae supported by portable
devices, and the amount of power allowed by national
regulators of broadcast frequencies. Preferably, however, the
range of transmission will be at least 10 meters, and even
more preferably at least 30 meters, in order to allow people
sharing communications to move some distance from one
another without communications being lost.

[0143] The unit 100 is characterized generally by four sets
of roughly independent characteristics: playing audio or not
playing audio, transmitting or not transmitting, receiving or
not receiving, searching or not searching.

[0144] Units 100 will often function in conditions with
large numbers of other units 100 within the communications
range. For example, in a subway car, a classroom, bicycling,
or at a party, a unit 100 can potentially be within range of
dozens of other units. A unit 100 that is playing audio from
local compressed audio storage 310 can, at the user’s
prerogative, choose to broadcast this audio to other units
100. A unit 100 that is currently “listening” to a broadcast or
is searching for a broadcast to “listen” to will require a
specific identifier roughly unique to a broadcaster in order to
select that broadcaster signal from among the other possible
broadcasters. Some of the communications protocols listed
above, such as those based on IP protocols, 2.5G or 3G
wireless, or Bluetooth communications, have such identifi-
ers as part of the protocols. Custom radio frequency based
protocols will require protocols to allow signals to be tagged
with specific identifiers.

[0145] A unit 100 that is transmitting signals can, within
the spirit of the present invention, be prevented from simul-
taneously receiving signals. Preferably, however, units 100
can both transmit and receive simultaneously. One example
of the use of simultaneous transmission and reception is for
a unit 100 that is receiving a signal to send a signal
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indicating its reception to the transmitting unit 100. This
allows the transmitting unit to determine the number of units
100 that are currently receiving its broadcast. In return, this
information could be sent, along with the audio signal, so
that all of the users with units 100 receiving the broadcast
can know the size of the current reception group. Alterna-
tively, a user with a unit 100 that is currently broadcasting
can be searching for other broadcasting units, so that the user
can decide whether to continue broadcasting or whether to
listen to the broadcast of another unit.

Unit to DJ Communication

[0146] Communication between the unit 100 and the DJ
200 can be either through the inter-unit transmitter/receiver
110, or through a separate system. In general, the require-
ment of the DJ 200 is for reception only, although it is
permissible for the DJ 200 to include transmission capabili-
ties (e.g. to indicate to the unit 100 when the DJ 200 energy
storage 270 is near depletion).

[0147] The signals for which the DJ 200 is receptive is
dependent on how the transduction control signals are
generated. For example, for a controller 242 that incorpo-
rates a filter or modifier that takes the audio signal as its
input, the DJ receiver 220 would receive all or a large
fraction of the audio signal. In this case, the communication
between the unit 100 and the DJ 200 would require a
bandwidth comparable to that of inter-unit communication,
as described above.

[0148] However, if the signals are either generated in the
unit 100, or pre-stored along with the stored compressed
audio signal, then the communications bandwidth can be
quite modest. Consider a DJ 200 with 2 arrays 290 and 292
of LEDs 246, which flash with a frequency of no more than
10 Hertz, and that the LEDs are in either an ON or an OFF
state, without intermediate amplitudes. In such case, the
maximum bandwidth required would be only 20 bits/second,
in addition to the DI control signals.

[0149] The range of unit to DJ communications need not
be far. In general, the unit 100 and the DJ 200 will be carried
by the same user, so communications ranges of 10 feet can
be adequate for many applications. Some applications (see
below) can require, however, somewhat larger ranges. On
the other hand, longer communications ranges will tend to
confer the possibility of overlap and interference between
two different units 100 to their respective DIJs 200. In
general, for the application of unit to DJ communications, it
is preferable for the minimum range of communications to
be at least 1 foot, and more preferably for the minimum
range of communications to be at least 10 feet, and most
preferably for the minimum range of communications to be
at least 20 feet. Also, for the application of unit to DJ
communications, it is preferable for the maximum range of
communications to be no more than 500 feet, and more
preferably for the maximum range of communications to be
no more than 100 feet, and most preferably for the maximum
range of communications to be no more than 40 feet. It
should be noted that these communications ranges refer
primarily to the transmission distance of the units 100,
especially with regard to the maximum transmission dis-
tance.

[0150] Because there can be multiple unit 100/DJ 200
ensembles within a relatively short distance, communica-
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tions between a unit 100 and a DJ 200 preferably comprise
both a control signal as well as a unit identification signal,
so that each DJ 200 receives its control signals from the
correct unit 100. Because the unit 100 and the DJ 200 will
not, in general, be purchased together, or that a user can buy
a new unit 100 to be compatible with already owned DJs
200, it is highly useful to have a means of “entraining” a DJ
200 to a particular unit 100, called its “master unit”, and a
DJ 200 entrained to a master unit is “bound” to that unit.

[0151] FIG. 4 is a schematic flow diagram of DJ entrain-
ing. To entrain a DJ 200, the DJ is set into entraining mode,
preferably by a physical switch on the DJ 200. The master
unit 100 to which the DJ 200 is to be entrained is then placed
within communications range, and the unit 100 transmits
through the DJ transmitter 120 an entraining signal that
includes the master unit 100 identifier. Even should there be
other units 100 transmitting in the vicinity, it is unlikely that
they would be transmitting the entraining signal, so that
entraining can often take place in a location with other active
units 100. Verification that the entraining took place can
involve a characteristic sequence of light output (for light
transduction), audio output (for sound transduction) or
motion (for tactile transduction). After verification, the DJ
100 is reset to its normal mode of operation, and will
respond only to control signals accompanied by the identi-
fier of its master unit 200.

[0152] Tt should be noted that there can be multiple DJ’s
200 bound to the same master unit 100. Thus, a single person
can have multiple light transducing DJs 200, or DJs 200 of
various modes (light, sound, tactile) transduction.

[0153] While DJs 200 will generally be bound to a master
unit associated with the same person, this is not a require-
ment of the present invention. FIGS. 5A-B are schematic
block diagrams of DJs 200 associated with multiple people
bound to the same master unit. In FIG. 5A, DJ A 200 and DJ
B 200 are both bound to the same DI transmitter 120, even
though DJ A 200 and DJ B 200 are carried by different
persons. This is particularly useful if the control signals are
choreographed manually or through custom means by one
person, so that multiple people can then share the same
control signals. Such a means of synchronization is less
necessary if the DJ 200 control signals are transmitted
between units 100 through the inter-unit transmitter/receiver
110 along with the audio signals. Furthermore, in this case,
it is better for the range of unit-to-DJ communication to be
in the range of the inter-unit communication described
above.

[0154] In the case of sound transducers 260, the DJ B 200
can comprise a wireless audio earpiece, allowing users to
share music, played on a single unit 100, privately. Consider
FIG. 5A, configured with sound transducers 260 (see, for
example, FIG. 1) in DJ A 200 and DJ B 200. Signals from
the audio player 130 are transmitted by the DJ transmitter
120, where they are received by DJs 200—DJ A and DIJ
B—that are carried by Person A and Person B, respectively.
In this case, both persons can listen to the same music.

[0155] FIG. 5B shows the operation of a wide-area broad-
cast unit 360, which is used primarily to synchronize control
of a large number of DJs 200, such as might happen at a
concert, party or rave. In this case, the audio player 130 is
used to play audio to a large audience, many of whom are
wearing DJs 200. In order to synchronize the DJ output, a
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relatively high-power broadcast transmitter 125 broadcasts
control signals to a number of different DJs 200 carried by
Person A, Person B and other undesignated persons. The
entraining signal can be automatically sent on a regular basis
(e.g. whenever music is not being played, such as between
songs, or interspersed within compressed or decompressed
songs) so that patrons or partygoers could entrain their DJs
200 to the broadcast unit 360. The broadcast unit 360 can
also transmit inter-unit audio signals, or can only play the
audio through some public output speaker that both Person
A and Person B can enjoy.

[0156] FIG. 26 is a schematic diagram of people at a
concert, in which DJs 200 conveyed by multiple individuals
are commonly controlled. At a concert venue 1370, music is
produced on a stage 1372, and concert patrons 1376 are
located on the floor of the venue. Many of the patrons have
DJs 200 which are receptive to signals generated by a
broadcast DJ controller 1374. The broadcast DJ controller
creates signals as described below, in which the music is
automatically converted into beats, where microphones are
used to pick up percussive instruments, and/or where indi-
viduals use a hand-pad to tap out control signals. These
control signals are either broadcast directly from the area of
the broadcast DJ controller 1374, or alternatively are broad-
cast from a plurality of transmitters 1380 placed around the
venue 1370, and which are connected by wires 1378 to the
controller 1374 (although the connection can also be wire-
less within the spirit of the present invention). It should be
understood that the protocol for transmitting DJ control
signals can be limited either by hardware requirements or by
regulatory standards to a certain distance of reception. Thus,
to cover a sufficiently large venue, multiple transmitters can
be necessary to provide complete coverage over the venue
1370. In general, it is preferable for the maximum transmis-
sion distance of transmission from the transmitters to be at
least 100 feet, and more preferably at least 200 feet, and
most preferably at least 500 feet, so as to be able to cover a
reasonable venue 1370 size without needing too many
transmitters 1380.

[0157] An alternative embodiment of unit 100 to DJ 200
communications is the use of radio frequency transmitters
and receivers, such as those used in model airplane control,
which comprise multi-channel FM or AM transmitters and
receivers. These components can be very small (e.g. the
RX72 receivers from Sky Hooks and Riggings, Oakville,
Ontario, Canada), and are defined by the crystal oscillators
that determine the frequency of RF communications. Each
channel can serve for a separate channel of DJ control
signals. In such cases, an individual can place a specific
crystal in their audio unit 100, and entraining the DJ 200 is
then carried out through the use of the same crystal in the DJ
200. Because of the large number of crystals that are
available (e.g. comprising approximately 50 channels in the
model aircraft FM control band), interference with other
audio units 100 can be minimized. Furthermore, control of
many DJs 200 within a venue, as described above, can take
place by simultaneously transmitting over a large number of
frequencies.

[0158] As described above, the wide-area broadcast trans-
mitter 125 can transmit entraining signals to which the DJs
200 can be set to respond. However, there are a number of
other preferred means by which DJs 200 can be used to
respond to control signals to which they have not been
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entrained. For example, the DJs 200 can be set to respond to
controls signals to which they have not been entrained
should there be no entrained control signals present (e.g. the
corresponding unit 100 is not turned on).

[0159] FIG. 35 is a schematic block diagram of DI 200
switch control for both entraining and wide-area broadcast.
The DI 200 comprises a three-way switch 1920. In a first
state 1922, the DJ 200 is entrained to the current control
signal as described above. Thereafter, in a second state 1924,
the DJ 200 responds to control signals corresponding to the
entraining signal encountered in the step 1922. In a third
state 1926, the DJ 200 responds to any control signal for
which its receiver is receptive, and can therefore respond to
a wide-area broadcast, thereby providing the user with
manual control over the operational state of the DJ 200. It
should be noted that the switch 1920 can be any physical
switch with at least three discreet positions, or can alterna-
tively be any manual mechanism by which the user can
specify at least three states, including a button presses that
have a visible user interface or a voice menu.

[0160] FIG.12B is a schematic drawing of modular digital
jewelry 201. The modular jewelry 201 is comprised of two
components: an electronics module 1934 and a display
module 1932. These modules 1934 and 1932 can be elec-
trically joined or separated through an electronics module
connector 1936 and a display module connector 1938. The
value of the modular arrangement is that the electronics
module 1934 comprises, in general, relatively expensive
components, whose combined price can be many-fold that
of the display module 1932. Thus, if a user wants to change
the appearance of the jewelry 201 without having to incur
the cost of additional electronics components such as the
energy storage 270, receiver 220 or controller 1322, they can
simply replace the display module 1932 with its arrange-
ment of output transducers 1324 with an alternative display
module 1933 with a different arrangement of output trans-
ducers 1325.

[0161] The transmitter for DJ 200 control signals has been
previously discussed primarily in terms of its incorporation
within a unit 100. It should be understood, however, that the
transmitter can be used in conjunction with a standard audio
player unrelated to unit-to-unit communications. FIG. 12C is
a schematic block diagram of a modular digital jewelry
transmitter 143 that generates and transmits control signals
from an audio player 131. The modular transmitter 143 is
connected to the audio player 131 via audio output port 136
through the cable 134 to the audio input port 138 of the
modular transmitter 143. The modular transmitter 143 com-
prises the the DJ transmitter 120, which can send unit-to-DJ
communications. The output audio port 142 is connected to
the earphone 901 via cable 146. The earphone 901 can also
be a wireless earphone, perhaps connected via the DIJ
transmitter 120.

[0162] The audio output from the player 131 is split both
to the earphone 901 and to the controller 241 (except,
perhaps where the DI transmitter transmits to a wireless
earphone). The controller 241 automatically generates con-
trol signals for the DJ 200 in a manner to be described in
detail below. These signals are then conveyed to the DJ
transmitter 120. It should be understood that this arrange-
ment has the advantage that the digital jewelry functionality
can be obtained without the const of the components for the
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audio player 131, and in addition, that the modular trans-
mitter 143 can then be used in conjunction with multiple
audio players 131 (either of different types or as the audio
players are lost or broken).

Inter-unit Audio Sharing
Overview

[0163] Inter-unit communication involves the interactions
of multiple users, who may or may not be acquaintances of
each other. That is, the users can be friends who specifically
decide to listen to music together, or it can be strangers who
share a transient experience on a subway train. The present
invention supports both types of social interaction.

[0164] An important aspect of the present invention is the
means by which groups of individuals join together. FIG. 6
is a schematic block diagram of a cluster 700 of units 100,
indicating the nomenclature to be used. The cluster 700 is
comprised of a single broadcast unit 710, and its associated
broadcast DJ 720, as well as one or more receive units 730
and their associated DJs 740. The broadcast unit 710 trans-
mits music, while the receive unit 730 receives the broad-
casted music. A search unit 750 and its associated search DJ
760 are not part of the cluster 700, and comprise a unit 100
that is searching for a broadcast unit 710 to listen to or a
cluster 700 to become associated with.

[0165] It should be noted that many communications
systems can be operated alternatively in two modes: one that
supports peer-to-peer communications and one that requires
a fixed infrastructure such as an access point. FIG. 35 is a
schematic block diagram of mode switching between peer-
to-peer and infrastructure modes. A mode switch 1950 is
made by the user, either manually, or automatically—for
example, that the user chooses between different functions
(listening or broadcasting, file transfers, browsing the Inter-
net) and the system determine the optimal mode to use. A
peer-to-peer mode 1952 is well configured for mutual com-
munications between mobile units 100 that are within a
predetermined distance, and is well-suited for short-range
wireless communications and audio data streaming 1954.
Alternatively, the mode switch 1950 enables an infrastruc-
ture mode 1956, which is of particular usefulness in gaining
access to a wide area network such as the Internet, through
which remote file transfer 1958 (e.g. downloading and
uploading) and remote communications such as Internet
browsing can be made through access points to the fixed
network.local wireless audio streaming.

[0166] It should be noted, however, that certain commu-
nications systems, such as many modes of telephony, do not
distinguish between mobile communications and communi-
cations through fixed access points, and that both file trans-
fer 1958 and audio streaming 1954 can be available through
the same mode. Even in those cases, however, it can be
convenient to have two modes in order to make optimal use
of the advantages of the different modes. In such cases,
however, the two modes can alternatively be supported by
multiple hardware and software systems within the same
device—for example, for remote communications to be
made through a telephony system (e.g. GSM or CDMA),
while the local audio streaming 1954 can be made through
a parallel communications system (e.g. Bluetooth or
802.11)—indeed, the two systems can operate simulta-
neously with one another.
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Inter-unit Transmission Segmentation

[0167] Preferably, the broadcast unit 710 and the receive
units 730 exchange information in addition to the audio
signal. For example, each user preferably has indications as
to the number of total units (broadcast units 710 and receive
units 730) within a cluster, since the knowledge of cluster
700 sizes is an important aspect of the social bond between
the users. This also will help search units 750 that are not
part of the cluster determine which of the clusters 700 that
might be within their range are the most popular.

[0168] The additional information shared between mem-
bers of a cluster 700 would include personal characteristics
that a person might allow to be shared (images, names,
addresses, other contact information, or nicknames). For
example, the broadcast unit 710 will preferably, along with
the music, transmit their nickname, so that other users will
be able to identify the broadcast unit 710 for subsequent
interactions, and a nickname is significantly easier to
remember than a numerical identifier (however, such
numerical identifier can be stored in the unit 100 for sub-
sequent searching).

[0169] Such additional information can be multiplexed
along with the audio signal. For example, if the audio signal
is transferred as an MP3 file, assuming that there is addi-
tional bandwidth beyond that of the MP3 file itself, the file
can be broken into pieces, and can be interspersed with other
information. FIG. 7 is a schematic diagram of a broadcast
unit 710 transmission 820. The transmission is comprised of
separate blocks of information, each represented in the
figure as a separate line. In the first line, a block code 800
is transmitted, which is a distinctive digital code indicating
the beginning of a block, so that a search unit 750 receiving
from the broadcast unit 710 for the first time can effectively
synchronize itself to the beginning of a digital block. Fol-
lowing the block code 800 is a MP3 block header 802, which
indicates that the next signal to be sent will be from a music
file (in this case an MP3 file). The MP3 block header 802
includes such information as is needed to interpret the
following block of MP3 file block 804, including such
information as the length of the MP3 block 804, and
characteristics of the music (e.g. compression, song ID, song
length, etc.) that are normally located at the beginning of a
MP3 file. By interspersing this file header information at
regular intervals, a user can properly handle music files that
are first received in the middle of the transmission of an MP3
file. Next, the MP3 block 804 containing a segment of a
compressed music file is received.

[0170] Dependent on the amount of music compression
and the bandwidth of the inter-unit communications, other
information can be sent, such as user contact information,
images (e.g. of the user), and personal information that can
be used to determine the “social compatibility” of the user
with the broadcast unit 710 and the receive unit 730. This
information can be sent between segments of MP3 files or
during “idle” time, and is generally preceded by a block
code 800, that is used to synchronize transmission and
reception. Next, a header file is transmitted, which indicates
the type of information to follow, as well as characteristics
that will aid in its interpretation. Such characteristics could
include the length of information, descriptions of the data,
parsing information, etc. In FIG. 7, an ID header 806 is
followed by an ID block 808, which includes nicknames,
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contact information, favorite recording artists, etc. Later, an
image header 810 can be followed by an image block with
an image of the user. The image header 810 includes the
number of rows and columns for the image, as well as the
form of image compression.

[0171] It should be understood that the communications
format described in FIG. 7 is only illustrative of a single
format, and that a large number of different formats are
possible within the present invention. Also, the use of MP3
encoding is just an example, and other forms of digital music
encoding are within the spirit of the present invention, and
can alternatively comprise streaming audio formats such as
Real Audio, Windows Media Audio, Shockwave streaming
audio, QuickTime audio or even streaming MP3 and others.
Furthermore, these streaming audio formats can be modified
s0 as to incorporate means for transmitting DJ 200 control
signals and other information.

Transmitting Dynamic Data and Control Information

[0172] As described above, there are benefits to two-way
communications between the broadcast unit 710 and the
receive unit 730. There are many methods of carrying out
this communication, even if the inter-unit transmitter/re-
ceiver 110 does not permit simultaneous transmission and
reception. For example, additional transmission and recep-
tion hardware could be included in each unit 100. Alterna-
tively, in the transmission 820 above, specific synchroniza-
tion signals such as the block code 800 can be followed by
specific intervals during which the inter-unit transmitter/
receiver 110 that is transmitting switches into receive mode,
while the inter-unit transmitter/receiver 110 that was receiv-
ing switches to transmit mode. This switch in communica-
tions direction can be for a specific interval, or can be
mediated through conventional handshake methods of prior
art communications protocols.

[0173] It should be noted that in addition to transfer of
static information (e.g. identifiers, contact information, or
images), dynamic information and control information can
also be transferred. For example, the user at the receive unit
730 can be presented with a set of positive and negative
comments (e.g. “Cool!”This is awful!”) that can be passed
back to the broadcast unit 710 with the press of a button.
Such information can be presented to the user of the broad-
cast unit 710 either by visual icon on, for example, an LCD
screen, by a text message on this screen, or by artificial voice
synthesis generated by the broadcast unit 710 and presented
to the user in conjunction with the music.

[0174] Alternatively, the user of the receive unit 730 can
speak into a microphone that is integrated into the receive
unit 730, and the user voice can be sent back to the broadcast
unit 710. Indeed, the inter-unit communications can serve as
a two-way or multi-way communications method between
all units 100 within range of one another. This two-way or
multi-way voice communication can be coincident with that
of the playing of the audio entertainment, and as such, it is
convenient for there to be separate amplitude control over
the audio entertainment and the voice communication. This
can be implemented either as two separate amplitude con-
trols, or alternatively as an overall amplitude control, with a
second control that sets the voice communications amplitude
as a ratio to that of the audio entertainment. In this latter
mode, the overall level of audio output by the unit is
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relatively constant, and the user then selects only the ability
to hear the voice communication over the audio entertain-
ment.

[0175] 1In order to express their feelings and appreciation
about the music they are hearing, users within a cluster 700
can also press buttons on their units 100 that will interrupt
or supplement the control signals being sent to their respec-
tive DJs 200, providing light shows that can be made to
reflect their feelings. For example, it can be that all lights
flashing together (and not in synchrony with the music) can
express dislike for music, whereas intricate light displays
could indicate pleasure.

[0176] It is also possible to send control requests between
units 710. For example, a receive unit 730 can make song
requests (e.g. “play again”, “another by this artist”) that can
show on the broadcast unit 710 user interface. Alternatively,
the user of a receive unit 730 can request that control be
switched, so that the receive unit 730 becomes the broadcast
unit 710, and the broadcast unit 710 becomes a receive unit
730. Such requests, if accepted by the initial broadcast unit
710 user, will result in the memory storage of the identifier
of the broadcast unit 710 being set in all units in the cluster
700 to that of the new broadcast unit 730. Descriptions of the
communications resulting in such a transfer of control will
be provided below.

[0177] Additionally, it is also possible for users of units
100 to privately “chat” with other users while they are
concurrently receiving their audio broadcasts. Such chat can
be comprised of input methods including keyboard typing,
stylus free-form writing/sketching, and quickly selectable
icons.

[0178] It should be understood that within the spirit of the
present invention that the functional configuration can be
supported by the extension of certain existing devices. For
example, the addition of certain wireless transmitter and
receiver, as well as various control and possibly display
functionality to a portable audio player would satisfy some
embodiments of the present invention. Alternatively, by the
addition of music storage and some wireless transmitter and
receiver functionality, a mobile telephone would also allow
certain embodiments of the present invention. In such case,
the normal telephony communications, perhaps supported
by expanded 3G telephony capabilities, could serve to
replace aspects of the IP communications described else-
where in this specification.

IP Socket Communication Embodiments

[0179] A standard set of protocols for inter-unit commu-
nications is provided through IP socket communications,
which is widely supported by available wireless communi-
cations hardware, including 820.1a, b and g (Wi-Fi). An
embodiment of inter-unit communications is provided in
FIGS. 14A-B. FIG. 14A is a schematic block diagram of the
socket configurations on the broadcast unit 710 and the
receive unit 730.

[0180] In the discussion below, transfer of the different
messages and audio information are provided, generally but
not always, through an Internet protocol. At the transport
layer of such protocols, there will generally be used either a
connectionless protocol or a connection-oriented protocol.
Among the most common of these protocols are respectively
the User Datagram Protocol (UDP) and the Transmission
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Control Protocol (TCP), and wherever these protocols are
used below, it should be noted that any like protocol
(connectionless or connection-oriented), or the entire class
of protocol can generally be substituted in the discussion.

[0181] The broadcast unit 710, prior to the membership of
the receive unit 730, broadcasts the availability of the
broadcast on a broadcast 1050, which is generally a TCP
socket. The annunciator 1050 broadcasts on a broadcast
address with a predetermined IP address and port. The
receive unit 730 has a client message handler 1060 that is
also a TCP socket that is looking for broadcasts on the
predetermined IP address and port. When it receives the
broadcast, a handshake creates a private server message
handler 1070 on a socket with a new address and port on the
broadcast unit 710. The broadcast unit 710 and the receive
unit 730 can now exchange a variety of different messages
using the TCP protocol between the server message handler
1070 and the client message handler 1060. This information
can comprise personal information about the users of the
broadcaster unit 710 and the receive unit 730. Alternatively
or additionally, the broadcast unit 710 can transfer a section
of the audio signal that is currently being played, so that the
user of the receive unit 730 can “sample” the music that is
being played on the broadcast unit 710. It should be noted
that, in general, the broadcast unit 710 continues its broad-
cast on the broadcast annunciator 1050 for other new
members.

[0182] Once it is established that the broadcast unit 710
and the receiver unit 730 are mutually desirous of providing
and receiving an audio broadcast, respectively, sockets opti-
mized for broadcast audio are created both on the broadcast
unit 710 and the receiver unit 730. These sockets will often
be UDP sockets—on the broadcast unit 710, a multicast out
socket 1080 and on the receiver unit 730, a multicast in
socket 1090.

[0183] FIG. 14B is a schematic block flow diagram of
using IP sockets for establishing and maintaining commu-
nications between a broadcast unit 710 and the receive unit
730, according to the socket diagram of FIG. 14A. In a step
1100, the broadcast annunciator 1050 broadcasts the avail-
ability of audio signals. In a step 1102, the receiver unit 730
searches for a broadcast annunciator 1050 on the client
message handler 1060 socket. Once a connection is initiated
in a step 1104, the broadcast unit 710 creates the message
handler socket 1070 in a step 1106, and the receiver unit 730
retasks the message handler socket 1060 for messaging with
the broadcast unit 730. The broadcast annunciator 1050
continues to broadcast availability through the step 1100.

[0184] In a step 1110, the broadcast unit 710 and the
receiver unit 730 exchange TCP messages in order to
establish the mutual interest in audio broadcasting and
reception. Should there not be mutual acceptance, then the
system returns to the original state in which the broadcast
unit 710 is transmitting the broadcast annunciation in the
step 1100, and the receive unit 730 searches for broadcasts
in the step 1102. Given that the receive unit 730 and the
broadcast unit 710 will be within communications distance,
and that the broadcast unit 710 is transmitting an annuncia-
tion for which the receive unit 730 is receptive, the broadcast
unit 710 will be set into a state where it will not establish
communications with the receive unit 730 in the step 1106.
This can occur either by not creating the message socket in
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the step 1106 when connection is made with the receiver unit
730, or that the annunciator 1050 remains silent for a
predetermined period, perhaps for a period of seconds.

[0185] 1If the broadcast unit 710 and the receiver unit 730
do mutually accept a multicasting relationship, the broadcast
unit 710 creates the multicast out UDP socket 1080 in a step
1112 and the receiver unit 730 creates the multicast in UDP
socket 1090 in the step 1114, and multicast audio transmis-
sion and reception is initiated in a step 1116. It should be
noted that should the broadcast unit 710 already be multi-
casting audio to a receiver unit 730 prior to the step 1112, the
multicast out socket 1080 is not created, but that the address
of this existing socket 1080 is communicated to the new
cluster member.

[0186] Given that a cluster can comprise many members,
the system of FIGS. 14A-B must be able to expand to
include multiple members. FIG. 15 is a schematic block
diagram of the IP socket organization used with clusters
comprising multiple members. The broadcast unit 710
includes a broadcast annunciator 1050 indicating broadcast
availability for new members. For each member in the
cluster, the broadcast unit further comprises a message
handler 1070 dedicated to the specific member, whose
receive unit 730 in turn comprises a message handler 1060,
generally in a one-to-one relationship. The broadcast unit
comprises N messaging sockets 1070 for the N receive units
of the cluster, while each member has only a single socket
1060 connected to the broadcast unit. Thus, when a member
wishes to send a message to the other members of the
cluster, the message is sent via the receive unit message
handler 1060 to the broadcast unit message handler 1070,
and which is then multiply sent to the other receive unit
message handlers 1060. It is also within the teachings of the
present invention for each member of the cluster to have
direct messaging capabilities with each other member,
assisted in the creation of the communications by the
broadcast unit 710, which can share the socket addresses of
each member of the cluster, such that each member can
assure that it is making connections with other members of
the cluster rather than units of non-members. The broadcast
unit 710 also comprises a multicast out socket 1080 which
transfers audio to individual receiver sockets 1090 on each
of the members of the cluster.

[0187] Members of the cluster may come and go, espe-
cially since members will frequently move physically out-
side of the transmission range of the broadcast unit 710. In
order for the broadcast unit 710 to determine the current
number of members of its cluster, it is within the teachings
of the present invention for the broadcast unit 710 to use the
messaging sockets 1060 and 1070 to “ping” the receive units
730 from time to time, or otherwise attempt to establish
contact with each member of the cluster 700. Such commu-
nications attempts will generally be done at a predetermined
rate, which will generally be more frequent than once every
ten seconds. Information about the number of members of a
cluster can be sent by the broadcast unit 710 to the other
members of the cluster, so that the users can know how
many members there are. Such information is conveniently
placed on a display on the unit (see, for example, FIGS.
18A-B).

Music Synchronization

[0188] It will be generally desirable that the synchronicity
of the audio playback on the broadcast unit 710 and the
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receive units 730 be highly synchronized, preferably within
1 second (i.e. this provides a low level functionality of
listening to music together), more preferably within 100
milliseconds (i.e. near-simultaneous sharing of music, but an
observer would be able to hear —or see through DJ 200
visible cues—the non-synchronicity), and most preferably
within 20 milliseconds of one another. In a simple embodi-
ment of the present invention, all members of a cluster 700
must communicate directly with the broadcast unit 710,
without any rebroadcast. In such cases, making playback on
the two units 710 and 730 as similar as possible will tend to
synchronize their audio production.

[0189] FIG. 8A is a schematic block diagram of audio
units 100 with self-broadcast so that audio output is highly
synchronized. Two audio units 100 are depicted, including a
broadcast unit 710 and a receive unit 730. The organization
of audio unit 100 elements is chosen to highlight the
self-broadcast architecture. The audio media 1500, which
can be compressed audio storage 310, stores the audio
signals for broadcast. The output port 1502, which can
comprise the inter-unit transmitter/receiver 110, transmits a
broadcast audio signal, provided by the audio media 1500.
The audio media comprise a variety of different storage
protocols and media, including mp3 files, .wav files, or .au
files which are either compressed or uncompressed,
monoaural or stereo, 8-bit, 16-bit or 24-bit, and stored on
tapes, magnetic disks, or flash media. It should be under-
stood that the spirit of the present invention is applicable to
a wide variety of different audio formats, characteristics, and
media, of which the ones listed above are given only by way
of example. This broadcast audio signal transmitted from the
output port 1502 is received at the input port 1504, which
can also comprise aspects of the inter-unit transmitter/
receiver 110. The signal so received is then played to the
associated user via the audio output 1508.

[0190] It should be noted that the audio output is normally
connected to the audio media 1500 for audio playing when
the unit 710 is not broadcasting to a receive unit 730. In such
case, there is no need for the audio signals to go to the output
port 1502 and thence to the input port 1504. Indeed, even
when broadcasting, the audio signal within the broadcast
unit 710 can go both directly to the audio output 1508 as well
as to be broadcast from the output port 1502.

[0191] However, in order to assure the synchronicity of
the audio output on the broadcast unit 710 and the receive
unit 730, the broadcast unit 710 can present all audio signal
from the audio media 1500 for output on the output port
1502. The signal will be received not only on the receiver
730 input port 1504, but also on the input port 1504 of the
broadcast unit 710. This can take place either through the
physical reception of the broadcast audio signal on a radio
frequency receiver, or through local feedback loops within
the audio unit 100 (e.g. through employment of IP loopback
addresses).

[0192] In the receive unit 730, the audio signal received at
the input port 1504 goes directly to the audio output 1508,
and the other elements of the unit 100 depicted are not
active. In the broadcast unit 710, however, if means are used
to transfer audio signal between the output port 1502 and the
input port 1504 are utilized, and if such transfer means
requires less time than that taken for transmitting signal
from the output port 1502 of the broadcast unit 710 to the
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input port 1504 of the receive unit 730, then a delay means
1506 is introduced to provide a constant delay between the
input port 1504 and the audio output 1508. This delay can
comprise a digital buffer if the signal is digitally encoded, or
an analog delay circuit if the signal is analog. Generally, the
delay introduced into the audio playback will be a prede-
termined amount based on the characteristics of the unit
hardware and software.

[0193] Alternatively, in the case of a digital signal, the
delay can be variably set according to the characteristics of
the communications system. For example, if there are IP-
based communications between the units, the units can
“ping” one another in order to establish the time needed for
a “round-trip” communications between the systems. Alter-
natively, each receive unit 730 of a cluster 700 can transmit
to the broadcast unit 710 a known latency of the unit based
on its hardware and transmission characteristics. It should be
noted that in order to handle different delays between
multiple members of a cluster, a delay can be introduced into
both the broadcast unit 710 and the receive unit 730, should
a new member to the cluster have a very long latency in
communications.

[0194] Note that the delay 1506 can serve a second
purpose, which is to buffer the music should there be natural
interruptions in the connections between the members of the
cluster 700 (for example, should the receive units 730 move
temporarily outside of the range of the broadcaster unit 710).
In such case, should enough audio signal be buffered in the
delay 1506, there would not be interruption of audio signal
in the receive unit 730. Even in such cases, however, in order
to accommodate the differences in time to play audio
between units and within a unit, the delays in the broadcast
unit 710 can be larger than those in the receive unit 730.

[0195] If the music compression and the bandwidth of the
inter-unit communications are large enough, it can be that
the broadcast unit 710 will broadcast less than half of the
time. This will generally allow the receive unit 730 to
rebroadcast the information from an internal memory store,
allowing the effective range of the broadcast signal to
potentially double. This can allow, through multiple
rebroadcasts, for a very large range even if each individual
unit 100 has a small range, and therefore for a potentially
large number of users to listen to the same music.

[0196] In order to synchronize those that listen to the
music through first, second and Nth rebroadcast, a scheme
for multi-broadcast synchronization is presented in FIG. 8B,
a schematic flow diagram for synchronous audio playing
with multiple rebroadcast. In such a case, the cluster 700 is
considered to be all units 100 that synchronize their music,
whether from an original broadcast or through multiple
rebroadcasts. In a first step 780, a unit 100 receives a music
broadcast along with two additional data. The first data is the
current “N”, or “hop” of the broadcast it receives, where “N”
represents the number of rebroadcasts from the original
broadcast unit 710. Thus, a unit 100 receiving music from
the original broadcast unit 710 would have an “N” of “1”
(i.e. 1 hop), while a unit 100 that received from that
receiving unit 100 would have an “N” of “2” (2 hops), and
so on. A second piece of information would be the “largest
N” that was known to a unit 100. That is, a unit 100 is in
contact generally with all units 100 with which it either
receives or transmits music, and each send the “largest N”
with which it has been in contact.
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[0197] In a second step 782, the unit 100 determines the
duration between signals in the broadcasts it is receiving.
Then, two actions are taken. In a step 786, the unit 100
rebroadcasts the music it has received, marking the music
with both its “N” and the largest “N” it knows of (either from
the unit from which it received its broadcast or from a unit
to which it has broadcast).

[0198] Also, in a step 784, the music that has been
received is played after a time equal to the duration between
signals and the “largest N minus the unit’s “N”. This will
allow for all units 100 to play the music simultaneously.
Consider, for example the original broadcast unit 710. It’s
“N” is “0”, and its “largest N” is the maximum number of
rebroadcasts in the network. It will store music for a period
of “largest N” (equals “largest N” minus “0”) times the
duration of a rebroadcast cycle, and then play it. For a unit
100 at the furthest rebroadcast, it’s “N” and “largest N will
be equal to one another, so that it will store music for no time
(i.e. “largest N” minus “N”=0), but will play it immediately.
This will allow all units 100 in the cluster to play music
simultaneously. The limitation, however, is that there is
memory in each unit 100 to store the music for a sufficient
period of time. The units 100 on the system, however, can
transfer the amount of storage that is available with the other
information, and the number of rebroadcasts can be limited
to the amount of memory available within the units 100 that
comprise the cluster 700.

[0199] As the size of this multi-broadcast cluster 700
changes, the “largest N can vary, and it will take generally
on the order of “largest N steps for the system to register
“largest N. In such cases, there can be temporary gaps in the
music on the order of the duration between signals, which
will generally be on the order of tens of milliseconds, but
which can be longer.

[0200] It should be noted that the synchronization of
music does not need to accompany the transfer of an actual
music signal. FIG. 34A is a schematic block flow diagram of
the synchronization of music playing from music files
present on the units 100. In this embodiment, in a step 1900,
the broadcast unit establishes the presence or absence of the
music file comprising the music signals to be played on the
receive unit. The music file can be referenced either with
respect to the name of the file (e.g. “Ooops.mp3”), or a
digital identifier that is associated with the music file.

[0201] If the music file is not present, then transfer of the
music file from the broadcast unit to the receive units can
automatically proceed through a file transfer mechanism
such as peer-to-peer transfer in a step 1904. If the file was
already present, or if the file has been transferred, or
alternatively, if the file transfer has begun and enough of the
file is present to allow the simultaneous playing of music
between the two units 100, transmission of synchronization
signals between the two units 100 can commence in a step
1902.

[0202] These synchronization signals can comprise many
different forms. For example, the synchronization signal can
be the time stamp from the beginning of the music file to the
current position of the music file being played on the
broadcast unit. Alternatively, the broadcast unit can send the
sample number that is currently being played on the broad-
cast unit 100. In order to allow receiving units to begin
synchronous playing in the middle of a transmission from a
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broadcast unit, the synchronization signals will preferably
include information about the song being played, such as the
name of the file or the digital identifier associated with the
file.

[0203] Transmission of this synchronization signal con-
tinues until the termination of the song, or until a manual
termination (e.g. by actuating a Pause or Stop key) is caused
(the frequency of transmission of the synchronization signal
will be discussed below). At this point, the broadcast unit
can send a termination, pause or other signal in a step 1906.
Note that this method of synchronization can operate when
the receiving unit establishes connection with the broadcast
unit even in the middle of a song.

[0204] FIG. 34B is a schematic layout of a synchroniza-
tion signal record 1910 according to FIG. 34A. The order
and composition of the fields can vary according to the types
of music files used, the means of establishing position, the
use of digital jewelry, the desire for privacy, and more.

[0205] The position field 1912 (SAMPLE#) which con-
tains an indicator of position in a music file—in this case the
sample number within the file. The music file identifier field
1914 (SONGID) comprises a textual or numerical identifier
of the song being played. The third field is the sample rate
field 1916 (SAMPLERATE), and is primarily relevant if the
position field 1912 is given in samples, which allows a
conversion into time. Given that the same audio entertain-
ment can be recorded or saved at different sample rates, this
allows the conversion from a potentially relative position
key (samples) to one independent of sample rate (time). The
jewelry signal field 1918 (JEWELSIGNAL) is used to
encode a digital jewelry 200 control signal for controlling
the output of the digital jewelry 200, should the receiver unit
be associated with jewelry 200. The order and composition
of the fields can vary according to the types of music files
used, the means of establishing position, the use of digital
jewelry, the desire for privacy, and more.

[0206] The frequency with which the record 1910 is
broadcast can vary. The time of reception of the record 1910
sets a current time within the song that can adjust the
position of the music playing on the receiver unit. It is
possible for the record to be broadcast only once, at the
beginning of the song, to establish synchronization. This,
however, will not allow others to join in the middle of the
music file. Furthermore, if the record 1910 is received or
processed at different times for the single record, the music
can be poorly synchronized. With multiple synchronization
signals, the timing can be adjusted to account for the most
advanced reception of the signal—that is, the music playing
will be adjusted forward for the most advanced signal, but
not be adjusted back for a more laggard signal.

[0207] If the record further contains a jewelry signal field
1918, the frequency with which the record 1910 should be
sent should be comparable or faster than the rate with which
these signals change, and should be preferably at least 6
times a second, and even more preferably at least 12 times
a second. If less frequent record 1910 transmission is
desired, then multiple jewel signal fields 1918 can be
included in a single record 1910.

[0208] It should be noted that given units 100 of different
design or manufacture, there can be different intrinsic delays
between reception of music and/or synchronization signals
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and the playing of the music. Such delays can result from
different speeds of MP3 decompression, different sizes of
delay buffers (such as delay 1506), different speeds of
handling wireless transmission, differing modes of handling
music (e.g. directly from audio media 1500 to audio output
1508 on the broadcast unit, but requiring transmission
through an output port 1502 and input port 1504 for the
receiver unit), and more. In such cases, it is preferable for
receiver units to further comprise a manual delay switch that
can adjust the amount of delay on the receiver unit. This
switch will generally have two settings: to increase the delay
and to decrease the delay, and can conveniently be structured
as two independent switches, a rocker switch, a dial switch
or equivalent. It is useful for the increments of delay
determined by the switch be adjustable so as to allow users
to sense the music from the broadcast unit and the receiver
unit as being synchronous, and it is preferable for the
increments of delay to be less than 50 milliseconds, and even
more preferable for the increments of delay to be less than
20 milliseconds, and most preferable for the units of delay
to be less than 5 milliseconds.

Creation and Maintenance of Clusters

[0209] Search units 750 can be playing music themselves,
or can be scanning for broadcast units 710. Indeed, search
units 750 can be members of another cluster 700, either as
broadcast unit 710 or receive unit 730. To detect a different
cluster 700 in which it might desire membership, the search
unit 750 can either play the music of the broadcast unit 710
to the search unit 750 user, or it can scan for personal
characteristics of the broadcast unit 710 user that are trans-
mitted in the ID block 808. For example, a user can establish
personal characteristic search criteria, comprising such cri-
teria as age, favorite recording artists, and interest in skate-
boarding, and respond when someone who satisfies these
criteria approaches.

[0210] Alternatively, the search unit 750 user can also
identify a person whose cluster he wishes to join through
visual contact (e.g. through perceiving the output of the
person’s light transducer 240).

[0211] Before a search unit 750 user can establish contact,
it is preferable for a broadcast unit 710 user, or a receive unit
730 user, to provide permissions for others to join the
cluster. For example, each unit 100 will generally be able to
changeably set whether no one can join with their unit 100,
whether anyone can join with their unit 100, or whether
permission is manually granted for each user who wishes to
join with their unit into a cluster. For a cluster 700, mem-
bership in the cluster can be provided either if any one
member of the cluster 700 permits a search unit 750 user to
join, or it can be set that all members of a cluster 700 need
to permit other users to join, or through a variety of voting
schemes. The permissions desired by each member will
generally be sent between units 100 in a cluster as part of the
ID block 808 or other inter-unit communications. Further-
more, these permissions can be used to establish the degree
to which others can eavesdrop on a unit 100 transmission.
This can be enforced either through the use of cryptography,
which can only provide decryption keys as part of becoming
a cluster 700 member, through provision of a private IP
socket address or password, through standards agreed by
manufacturers of unit 100 hardware and software, or by unit
100 users limiting the information that is sent through the ID
block 808 through software control.
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[0212] The search unit 750 user can then establish mem-
bership in the group in a variety of ways. For example, if the
search unit 750 is scanning music or personal characteristics
of the unit 100 user, it can alert the search unit 750 user
about the presence of the unit 100. The search unit 750 user
can then interact with the search unit 750 interface to send
the unit 100 user a message requesting membership in the
cluster 700, which can be granted or not. This type of request
to join a cluster 700 does not require visual contact, and can
be done even if the search unit 750 and cluster are separated
by walls, floors, or ceilings.

[0213] Another method of establishing contact between a
search unit 750 user and a cluster 700 member is for the
search unit 750 user to make visual contact with the cluster
700 member. In such case that physical contact or physical
proximity is easily made between the unit 100 of the cluster
member and the search unit 750, digital exchange can be
easily made either through direct unit 100 contact through
electrical conductors, or through directional signals through
infra-red LEDs, for example. For example, the search unit
750 user can point his unit 100 at the cluster 700 member
unit, and then if the cluster member wishes the search unit
750 user to join the cluster, could point his unit 100 at the
search unit 100, and with both pressing buttons, effect the
transfer of IDs, cryptography keys, IP socket addresses or
other information that allows the search unit 750 user to join
the cluster 700.

[0214] Alternatively, the broadcast DJ 720 (or the receive
DJ 740) can present digital signals through the light trans-
ducer. For example, most DJ 720 light transduction will be
modulated at frequencies of 1-10 Hz, with human vision not
being able to distinguish modulation at 50 Hz or faster. This
means that digital signals can be displayed through the light
transducer 240 at much higher frequencies (kHz) that will
not perceived by the human eye, even while lower frequency
signals are being displayed for human appreciation. Thus,
the broadcast DJ 720 can receive a signal from the broadcast
unit 710 DJ transmitter 120 containing information needed
for a search unit 750 to connect to the broadcast unit’s
cluster 700. This information will be expressed by the light
transducer 240 of the broadcast DJ 720 in digital format. The
search unit 750 can have an optical sensor, preferably with
significant directionality, that will detect the signal from the
light transducer 240, so that the search unit 750 is pointed in
the direction of the broadcast DJ 720, and the identifier
information required for search unit 750 to become a mem-
ber of cluster 700. This optical sensor serves as the DJ
directional identifier 122 of FIG. 1. At this point, if desired,
the broadcast unit 710 user can determine if they want the
search unit 750 user to join the cluster 700.

[0215] A summary of means to effect joining of a cluster
is provided in FIGS. 13A through E, which display means
for a search unit 750 to exchange information prior to
joining a cluster 700 via a broadcast unit 710. It is also
within the teachings of the present invention for the search
unit 750 to institute communications with a receive unit 730
for the purposes of joining a cluster in a similar fashion,
particularly since it may be difficult for a person outside of
the cluster 700 to determine which of the cluster 700
members is the broadcast unit 710, and which is a receiver
unit 730.

[0216] If should be noted in the FIGS. 13A-G that limited
range and directionality are preferred. That is, there can be
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a number of broadcast units 710 within an area, and being
able to select that one broadcast unit 710 whose cluster one
wishes to join requires some means to allow the search unit
750 user to select a single broadcast unit 710 among many.
This functionality is generally provided either by making a
very directional communication between the two devices, or
by depending on the physical proximity of the search unit
750 and the desired broadcast unit 710 (i.e. in a greatly
restricted range, there will be fewer competing broadcast
units 710). In the following description, the “broadcaster”
denotes the user using the broadcast unit 710, and the
“searcher” denotes the user using the search unit 750.

[0217] In the FIGS. 13A-G, the selection of the cluster by
the searcher occurs in three ways, that will referred to as
“search transmission mode”, “broadcast transmission
mode”, and “mutual transmission mode”, according to the
entity that is conveying information. In search transmission
mode, the searcher sends an ID via the search unit 750 to the
broadcast unit 710. This ID can comprise a unique identifier,
or specific means of communication (e.g. an IP address and
port for IP-based communication). With this ID, the broad-
cast unit can either request the searcher to join, or can be
receptive to the searcher when the searcher makes an undif-
ferentiated request to join local units within its wireless
range. In broadcast transmission mode, the broadcaster
sends an ID via the broadcast unit 710 to the search unit 750.
With this ID, the searcher unit can then make an attempt to
connect with the broadcast unit 710 (e.g. if the ID is an IP
address and port), or the search unit can respond positively
to a broadcast from the broadcast unit 710 (e.g. from a
broadcast annunciator 1050), wherein the ID is passed and
checked between the units early in the communications
process. Mutual transmission mode comprises a combina-
tion of broadcast transmission mode and search transmission
mode, in that information and communication is two way
between the broadcaster and the searcher.

[0218] FIG. 13A is a schematic cross-section through a
search unit 750 and a broadcast unit 710 in which commu-
nications are provided via visible or infrared LED emission
in search transmission mode. On the right of the figure, a
LED 1044 with an associated lens 1046 (the two of which
can be integrated) transmits a directional signal from the unit
case 1000. This light can optionally pass thorough a window
1048 that is transparent to the light. On the left of the figure,
a lens element 1040 collects light through a broad solid
angle and directs it onto a light sensing element 1042, which
is conveniently a light-sensing diode or resistor. The direc-
tionality of the communication is conferred by the transmit-
ting lens 1046 and the collecting lens 1040.

[0219] Alternatively, the LED 1044 can be replaced by a
visible laser. FIG. 13B is a schematic cross-section through
a search unit 750 and a broadcast unit 710 in which
communications are provided via a visible or infrared laser
in search transmission mode. The search unit 750 comprises
a diode laser 1041 that is conditioned by a lens 1043 to form
a beam that is sensed by the light sensing element 1042 on
the broadcast unit 710. Because a collimated laser beam can
be difficult to aim with precision at a photosensing element
carried by a person, the optics can comprise a two focus lens
1043 that has a portion that produces a collimated beam
1045, and a second portion that produces a diverging beam
1047. The collimated beam is used by the user of the search
unit 750 as a guide beam to direct the pointing of the unit
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750, while the divergent beam provides a spread of beam so
that the human pointing accuracy can be relatively low. The
means for creating the two focus lens 1043 can include the
use of a lens with two different patterns of curvature across
its surface, or the use of an initial diverging lens whose
output intersects a converging lens across only a part of its
diameter, where the light that encounters the second lens is
collimated, and the light that does not encounter the second
lens remains diverging. It is also within the teachings of the
present invention for the lens to be slowly diverging without
a collimating portion, such that the user does not get visible
feedback of their pointing accuracy. In such case, the laser
can emit infrared rather than visible wavelengths.

[0220] FIG. 13C is a schematic cross-section through a
search unit 750 and a broadcast unit 710 in which commu-
nications are provided via visible or infrared emission from
a digital jewelry element 200 in broadcast transmission
mode. The digital jewelry 200 is carried by the broadcaster
on a chain 1033, with the digital jewelry 200 visible. The
digital jewelry is emitting through a light transducer 1031 a
high frequency signal multiplexed within the visible low
frequency signal. The search unit 750 is pointed in the
direction of the digital jewelry 200, and receives a signal
through the light-sensing element 1042. This manner of
communication is convenient because the searcher knows,
via the presence of the visible signal on the digital jewelry
200, that the broadcaster is receptive to cluster formation.

[0221] FIG. 13D is a schematic cross-section through a
search unit 750 and a broadcast unit 710 in which commu-
nications are provided via contact in mutual transmission
mode. In this case, the broadcast unit 710 and the search unit
750 both comprise a contact transmission terminus 1030,
and electronic means by which contact transmission is
performed. This means can operate either inductively (via an
alternative current circuit), through direct electrical contact
with alternating or direct current means, or other such means
that involves a direct physical contact (indicated by the
movement of the search unit 750 to the position of the unit
depicted in dotted lines). The search unit 750 or the broad-
cast unit 710 can, via automatic sensing of the contact or
manual control, initiate communications transfer. Given the
mutuality of contact as well as the physical equivalence of
the two units 710 and 750, information transfer is possible
in both directions. It should be noted that in the case of direct
current connection, the termini 1030 will comprise two
contact points, both of which must make electrical contact in
order for communications to occur.

[0222] FIG. 13E is a schematic cross-section through a
search unit 750 and a broadcast unit 710 in which commu-
nications are provided via sonic transmissions in broadcast
transmission mode. The broadcaster (or receivers) will be
listening to the audio information generally through head-
phones 1020 or earphones, all of which comprise speakers
1022 that, to one extent or another, leak sonic energy. The
use of audio output devices as depicted in FIG. 10 and FIGS.
11A and 11B that admit external sound, will also increase the
amount of sound energy lost. This sound energy can be
detected by the searcher via a directional speaker comprising
a sound collector 1024 and a microphone 1026. This system
requires that the sound output of the broadcast unit 710 and
the receiver unit 750 also output an ID encoded in the sound.
Such sound can be conveniently output at inaudible frequen-
cies, such as 3000-5000 Hz, which carry sufficient band-
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width to encode short messages or identifiers (e.g. an IP
address and port number can be carried in 5 bytes). Sound
energy, especially at higher frequencies, can be quite direc-
tional, depending on the shape of the collector 1024 and the
structure of the microphone 1024, allowing good directional
selection by the searcher.

[0223] FIG. 13F is a schematic cross-section through a
search unit 750 and a broadcast unit 710 in which commu-
nications are provided via radio frequency transmissions in
broadcast transmission mode. The radio frequency transmis-
sions are not strongly directional (and for the purposes of the
broadcast of audio information, are designed to be as direc-
tionless as possible). In order to distinguish a desired cluster
700 to join and an undesired cluster 700, a number of
strategies can be employed. For example, the strengths of
the various signals can be measured and the strongest chosen
for connection. Alternatively, if there are multiple broadcast
connections available, the search unit 750 can sequentially
attempt a connection with each broadcast unit 710. When the
attempt is made, the broadcast unit 710 can, prior to alerting
the broadcaster of the attempted joining by a new member,
cause the digital jewelry 200 associated with the broadcast
unit 710 to visibly flash a characteristic signal. The searcher
can then verify by pressing the appropriate button on the
search unit 750 his desire to join the cluster 700 of the
broadcast digital jewelry 200 that had just flashed. If the
searcher decided not to join that cluster 700, the search unit
750 could search for yet another unit broadcast unit 750
within range, and attempt to join.

[0224] At any time, the members of a cluster 700 can share
personal characteristics (nickname, real name, address, con-
tact information, face or tattoo images, favorite recording
artists, etc.) through selection of choices of the unit 100
interface, with all such characteristics or a subset thereof to
be stored on the units 100. In order to assist cluster 700
members in determining whether or not to accept a person
into their cluster 700, a search unit 750 member can display
either the total number of people with whom he has shared
personal characteristics, or he can alternatively allow the
cluster members to probe his store of persons with whom
personal characteristics have been stored to see whether a
particular trusted person or group of common acquaintances
are present therein. It is also within the spirit of the present
invention for individuals to rate other individual members of
their cluster, and such ratings can be collated and passed
from person to person or cluster to cluster, and can be used
for a cluster 700 to determine whether a search unit 750
person should be added to the cluster 700.

[0225] FIG. 17 is a matrix of broadcaster and searcher
preferences and characteristics, illustrating the matching of
broadcaster and searcher in admitting a searcher to a cluster.
A broadcaster preference table 1160 includes those charac-
teristics that the broadcaster wishes to see in a new member
of a cluster. These characteristics can include gender, age,
musical “likes” and “dislikes™, the school attended, and
more. The searcher similarly has a preference table 1166.
The searcher preference table 1166 and broadcaster prefer-
ence table 1160 are not different in form, as the searcher will
at another time function as the broadcaster for another
group, and his preference table 1166 will then serve as the
broadcaster preference table.

[0226] The broadcaster preference table 1160 can be auto-
matically matched with a searcher characteristics table 1162.
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This table 1162 comprises characteristics of the searcher,
wherein there will be characteristics that overlap in type
(e.g. age, gender, etc.) which can then be compared with the
parameters in the broadcaster preference table. This match-
ing occurs during the period when the searcher is interro-
gating the cluster with interest in joining. Similarly, there is
a broadcaster characteristics table 1164 indicating the char-
acteristics of the broadcaster, which can be matched against
the searcher preferences tale 1166.

[0227] The algorithm used in approving or disapproving
of an accord between a preference table and a characteristics
table can be varied and set by the user—whether by the
broadcaster to accept new members into a cluster, or by a
searcher to join a new cluster. For example, the user could
require that the gender be an exact match, the age within a
year, and the musical preferences might not matter. The user
can additionally specify that an accord is acceptable if any
one parameter matches, specify that an accord be unaccept-
able if any one parameter does not match, specify an accord
be acceptable based on the overlap of a majority of the
individual matches, or other such specification.

[0228] 1t should be noted that the broadcaster preferences
table 1160 and the broadcaster characteristics table 1164
(and likewise with the searcher tables 1162 and 1166) can be
a single table, according to the notion that a person will
prefer people who are like themselves. Each user could then
express the acceptable range of characteristics of people
with which to join as a difference from their own values. For
example, the parameter “same” could mean that the person
needs to match closely, whereas “similar” could indicate a
range (e.g. within a year) and “different” could mean any-
one. In this way, there would not be the burden on the user
to define the preference table 1160 or 1166 in a very detailed
manner.

[0229] In the case of a cluster, the transfer of information
between the searcher and the cluster can, as mentioned
above, involve not only the broadcaster, but also other
members of the cluster (especially since the searcher may
not know the identity of a cluster’s broadcaster from exter-
nal observation). The cluster can also make communal
decisions about accepting a new member. That is, if there are
4 members of a cluster, and a searcher indicates an interest
in joining the cluster, there can be voting among the mem-
bers of a cluster regarding the acceptance of the new
member. The procedure of voting will normally be done by
messaging among the members, which can be assisted by
structured information transfer as will be described below.

[0230] A number of such voting schemes are described in
FIG. 19, a table of voting schemes for the acceptance of new
members into a cluster. The first column is the name of the
rule, and the second column describes the algorithm for
evaluation according to the rule. In the “BROADCASTER”
rule, the broadcaster decides whether or not the new member
will be accepted. The new member is accepted when the
broadcaster indicates “yes” and is otherwise rejected.

[0231] Inthe “Majority” rule, the members are polled, and
whenever a majority of the members vote either acceptance
or rejection, the new member is accordingly accepted or
rejected. It should be noted that this rule (as well as the rules
to follow) depends on the broadcaster or other member of
the cluster having knowledge of the number of members in
the cluster, which will generally be the case (e.g. in an IP
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socket based system, the broadcaster can simply count the
number of socket connections). Thus, if the number of
members in a cluster is given as N, as soon as (N .../
2)+1 members have indicated the same result, that result is
then communicated to the broadcaster, the members and the
prospective new member. If the number of members is even,
and there is a split vote, the result goes according to the
broadcaster’s vote.

[0232] According to the “Unanimous” rule, a new member
is accepted only on unanimous decision of the members.
Thus, the prospective new member is rejected as soon as the
first “no” vote is received, and is accepted only when the
votes of all members of the cluster are received, and all of
the votes are positive.

[0233] The “Timed Majority” rule is similar to that of the
“Majority” rule, except that a timer is started when the vote
is announced, the timer being of a predetermined duration,
and in a preferred embodiment, is indicated as a count down
timer on the unit 100 of each member of the cluster 700. The
vote is completed when (N,,..,../2)+1 members vote with the
same indication (“yes” or “no”) if the timer has not com-
pleted its predetermined duration. If all of the members have
voted, and the vote is a tie, the result goes in accordance with
that of the broadcaster. If the timer has expired, and the vote
has not been decided, the number of members that have
voted is considered a quorum of number Q. If (Q/2)+1
members have voted in some fashion, that is the result of the
vote. Otherwise, in the case of a tie, the result goes according
to the vote of the broadcaster. If the broadcaster has not
voted, the vote goes according to the first vote received.

[0234] The “Synchronized Majority” rule is similar to the
Timed Majority rule, but instead of initiating the vote, and
then waiting a predetermined period for members to vote,
the vote is announced, and then there is a predetermined
countdown period to the beginning of voting. The voting
itself is very limited in time, generally for less than 10
seconds, and preferably for less than 3 seconds. Counting
votes is performed only for the quorum of members that
vote, and is performed according to the rules for the Timed
Majority.

[0235] There are many different voting schemes consistent
with creating, growing and maintaining clusters within the
spirit of the present invention. For instance, in cases where
there are close votes, the voting can be reopened for indi-
viduals to change their vote. In cases, members can request
anew round of voting. Furthermore, the voting can be closed
ballot, in which the votes of individuals are not known to the
other members, or open voting, in which the identity of each
member’s vote is publicly displayed on each unit 100.

[0236] In addition, the voting can be supported and
enhanced by information made available to each member
through displays on the units 100. FIG. 18A is a screenshot
of an LCD display 1170 of a unit 100, taken during normal
operation. The display 1170 is comprised of two different
areas, an audio area 1172 and a broadcaster area 1174. The
audio area 1172 includes information about the status of the
audio output and the unit 100 operation, which can include
battery status, the name of the performer, the ftitle of the
piece of music, the time the audio has been playing, the track
number and more. The broadcaster area 1174 comprises
information about the status of the cluster 700. In the
example given, the broadcaster area includes the number
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“5”, which represents the number of people current in the
cluster, the text “DJ”, which indicates that the unit 100 on
which the display 1170 is shown is currently the broadcaster
of the cluster 700, and the text “OPEN”, which indicates that
the cluster is open for new members to join (the text
“CLOSED” would indicate that no new members are being
solicited or allowed).

[0237] FIG. 18B is a screenshot of an LCD display 1170
of a unit 100, taken during voting for a new member. The
audio area 1172 is replaced by a new member characteristics
area 1176, in which characteristics of the prospective new
member are displayed. Such characteristics can include the
name (or nickname) of the prospective new member, their
age, and their likes (hearts) and dislikes (bolts). In the
broadcaster area 1174, the digit “3” indicates that there are
three current members of the cluster 700, and an ear icon
indicates that the current unit 100 is being used to receive
from the broadcaster rather than being a broadcaster, and the
name [ALI] indicates the name of the current broadcaster.
The text “VOTE-MAJ” indicates that the current vote is
being done according to the Majority rule. The broadcaster
area 1174 and the new member characteristics areas 1176
provide the information needed by the existing member to
make a decision about whether to allow the prospective new
member to join.

[0238] The displays 1170 of FIGS. 18A-B are indicative
only of the types of information that can be placed on a
display 1170, but it should be appreciated that there are
many pieces of information that can be placed onto the
displays 1170 and that the format of the display can be very
widely varied. Furthermore, there need not be distinct audio
areas 1172 and broadcaster areas 1174, but the information
can be mixed together. Alternatively, especially with very
small displays 1170, the display 1170 can be made to cycle
between different types of information.

[0239] Tt is also within the spirit of the present invention
for individuals to rate other individual members of their
cluster, and such ratings can be collated and passed from
person to person or cluster to cluster, and can be used for a
cluster 700 to determine whether a search unit 750 person
should be added to the cluster 700. FIG. 27 is a schematic
block flow diagram of using a prospective new member’s
previous associations to determine whether the person
should be added to an existing cluster.

[0240] In a step 1400, from a search unit 750, the pro-
spective new member places an external communication
request with an operational broadcast annunciator 1050 by a
broadcast unit 710. In a step 1402, a temporary message
connection is established through which information can be
passed mutually between the search unit 750 and the broad-
cast unit 710. The broadcast unit 710 requests personal and
cluster ID’s from the search unit 750. The personal ID is a
unique identifier that can be optionally provided to every
audio unit 100, and which can further be optionally hard-
encoded into the hardware of the unit 100. The cluster IDs
represent the personal ID’s of other units 100 with which the
search unit 750 has been previously associated in a cluster.
In a step 1406, the broadcast unit 710 matches the incoming
personal IDs and cluster IDs with personal ID’s and cluster
IDs that are stored in the memory of the broadcast unit 710.
If there exist a sufficient number of matches, which can be
computed as a minimum number or as a minimum fraction
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of the IDs stored in the broadcast unit 710, the new member
of the search unit 750 can be accepted into the cluster. In a
step 1412, the search unit 750 can then store the ID of the
broadcast unit 710 and the other members of the existing
cluster 700 into his cluster IDs, and the broadcast unit 750
and the other receive units 730 of the cluster can then store
the personal ID of the search unit 750 into their cluster IDs.
If there does not exist a sufficient number or quality of
matches, the broadcast unit 710 will reject the prospective
new member, optionally send a message of rejection, and
then close the socket connection (or other connection that
had been created) between the broadcast unit 710 and the
search unit 750. No new IDs are stored on either unit 710 or
750.

[0241] It is also within the spirit of the present invention
for other information associated with the personal and
cluster IDs to be shared and used in the algorithm for
determining whether to accept or reject a prospective new
member into a cluster 700. This information can include
rating information, the duration of association with another
cluster 700 (i.e. the longer the association, the more suitable
the social connection of that person with the cluster 700
would have been), the size of the cluster 700 when the
searcher was a member of a particular cluster 700, the
popularity of a cluster 700 (measured by the number of
cluster IDs carried by the broadcast unit 710), and more. The
matching program, likewise, would weight the existence of
a match by some of these quality factors in order to
determine the suitability of the searcher to join the cluster.

[0242] While the comparisons can be made between a
search unit 750 personal and cluster IDs and those from the
broadcast unit 710, representing the personal experience of
the owners of the respective units, it is also possible that the
reputation or desirability of individuals with a given per-
sonal ID can be posted to or retrieved from trusted people.
For example, two friends can swap the information of which
IDs are to be trusted or not between two units 100, or
alternatively, can be posted onto or retrieved from the
Internet. For example, after a bad personal experience with
a unit 100 with a personal ID of 524329102, a person could
post that ID on the Internet to share with friends, so that the
friends could avoid allowing that person to join, or avoid
joining a cluster with that person.

[0243] It should be noted that publishing a list of personal
IDs allows people to establish the breadth of their contacts.
By posting their contacts on web sites, people can demon-
strate their activity and popularity. This also encourages
people to join clusters, in order to expand the number of
people with whom they have been associated. Furthermore,
the personal ID serves as a “handle” by which people can
further communicate with one another. For example, on the
Internet, a person can divulge a limited amount of informa-
tion (e.g. an email address) that would allow other people
with whom they have been in a cluster together to contact
them.

[0244] It should be noted that the formation and mainte-
nance of a cluster 700 requires the initial and continued
physical proximity of the broadcast unit 710 and the receive
unit 730. In order to help maintain such physical proximity
conducive to cluster maintenance, feedback mechanisms can
be used to alert the users to help them maintain the required
physical proximity, as will be discussed below.
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[0245] FIG. 28 is a block flow diagram indicating the steps
used to maintain physical proximity between the broadcast
unit 710 and the receive unit 730 via feedback to the receive
unit user. In a step 1530, the wireless connection between the
broadcast unit 710 and the receive unit 730 is established. In
a step 1532, the connection between the two units 710 and
730 is tested. There are a number of different means by
which this testing can take place. For example, in IP-based
communications, the receive unit 730 can from time to
time—though generally less than every 10 seconds, and
even more preferably less than every 1 second—use the
“ping” function to test the presence and speed of connection
with the broadcast unit 710. Alternatively, the receive unit
730 will be receiving audio signals wirelessly almost con-
tinuously from the broadcast unit 710, and a callback alert
function can be instituted such that loss of this signal
determined at a predetermined repeat time—which is con-
veniently less than 5 seconds, and even more preferably less
than every 1 second—and which is then reported to the
system.

[0246] While the methods above determine the absolute
loss of a signal, they do not anticipate loss of signal. A
method that does anticipate signal issues prior to loss is the
measurement of signal strength. This can be done directly in
the signal reception hardware by measuring the wireless
signal induced current or voltage.

[0247] 1In a step 1534, the results of the connection testing
performed in the step 1532 is analyzed in order to determine
whether the signal is adequate. It should be noted that a
temporary loss of signal, lasting even seconds, may or may
not be of importance. For example, the broadcast unit 710
user and receive unit 730 users could walk on opposite sides
of a metallic structure, enter a building at different times,
change their body posture such that the antennae are not
optimally situated with respect to one another, etc. Thus, an
algorithm is generally used to time average the results of the
step 1532, with the results conveniently time averaged over
a matter of seconds.

[0248] Whatever the results of the signal test of the step
1534, the step 1532 is continuously repeated as long as the
connection between the broadcast unit 710 and the receive
unit 730 is present. If the signal is deemed inadequate,
however, feedback to that effect is provided to the receive
unit 730 user in a step 1536. The user feedback can occur
through a variety of mechanisms, including visual (flashing
lights) and tactile (vibration) transducers, emanating either
from the audio unit 100 or the digital jewelry 200. For
example, the receiver unit 730 can send a signal to the
associated digital jewelry 200 to effect a special sequence of
light transducer output.

[0249] Ttis most convenient, however, for the audio output
of the receiver unit 730 as heard by the user to be interrupted
or overlain with an audio signal to alert the user to the
imminent or possible loss of audio signal. This audio signal
can include clicks, beeps, animal sounds, closed doors, or
other predetermined or user selected signals heard over
silence or the pre-existing signal, with the signal possibly
being somewhat reduced in volume such that the combina-
tion of the pre-existing signal and the feedback signal is not
unpleasantly loud.

[0250] Tt should be noted that the flow diagram of FIG. 28
refers specifically to alerting the receive unit 730 user of

Jun. 21, 2007

potential communications issues. Such alerting can also be
usefully transferred to or used by the broadcast unit 710. For
example, with knowledge of the communications issues, the
broadcast unit 710 user can move more slowly, make sure
that the unit is not heavily shielding, that any changes in
posture that could relate to the problems are reversed, etc.
The broadcast unit 710 can perform communications tests
(as in the step 1532) or analyze the tests to determine if the
communications are adequate (as in the step 1534)—par-
ticularly through use of the messaging TCP channels. Given
that there can be multiple receive units 730 connected to s
single broadcast unit 710, it is generally preferable for the
tests to be performed on the receive units 730, and problems
to be communicated to the broadcast unit 710—provided,
however, that communications still exist for such commu-
nication.

[0251] In order to overcome this deficiency, it is possible
for the receiver unit 730 to communicate potential problems
in communications to the broadcast unit 710 at an early
indication. The broadcast unit 710 then starts a timer of
predetermined length. If the broadcast unit 710 does not
receive a “release” from the receive unit 730 before the timer
has completed its countdown, it can then assume that
communications with the receive unit 730 have been termi-
nated, and it can then send feedback to the broadcast unit
710 user.

[0252] It is also within the teachings of the present inven-
tion for both the broadcast unit 710 and the receive unit 730
to independently monitor the connections with each other,
and alert their respective users of communications problems.

[0253] It should be noted that the use of audio alerts can
be used more generally within the user interface of the audio
units 100. Thus, audio alerts can be conveniently used to
inform the user of the joining of new members to the cluster
700, the initiation of communications with search units 750
outside of the group, the leaving of the group by existing
cluster 700 members, the request by a receive unit 730 to
become the broadcast unit 710, the transfer of cluster control
from a broadcast unit 710 to a receive unit 730, and more.
These alerts can be either predetermined by the hardware
(e.g. stored on ROM), or can be specified by the user.
Furthermore, it can be convenient for the broadcast unit 710
to temporarily transfer to new members of the cluster
custom alerts, so that the alerts are part of the experience that
the broadcast unit 710 user shares with the other members of
the cluster. Such alerts would be active only as long as the
receive units were members of the cluster 700, and then
would revert back to the alerts present before becoming
cluster members.

Cluster Hierarchy

[0254] A receive unit 730 can also be the broadcast unit
710 of a separate cluster 700 from the cluster 700 of which
it is a member. This receive unit is called a broadcasting
receiver 770. In such case, it is convenient for the receive
units 730 that are associated with the broadcasting receiver
770 to become associated with the cluster 700 of which the
broadcasting receiver 770 is a member. This can conve-
niently be accomplished in two different ways. In a first
manner, the receive units 730 that are associated with the
broadcasting receiver 770 can become directly associated
with the broadcast unit 710, so that they are members only
of the cluster 700, and are no longer associated with the
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broadcasting receiver 770. In a second manner, the receive
units 730 associated with the broadcasting receiver 770 can
remain primarily associated with the broadcasting receiver
770, as shown in FIGS. 9A and 9B, which are schematic
block diagrams of hierarchically-related clusters. In FIG.
9A, the receive units 730 that are members of a sub-cluster
701 of which the broadcast unit is a broadcast receive unit
770, can receive music directly from the broadcast receive
unit 710, while retaining their identification with the broad-
casting receiver 770, such that if the broadcasting receiver
770 removes itself or is removed from the cluster 700, these
receive units 730 similarly are removed from the cluster 700.
In order to provide this form of hierarchical control, the
sub-cluster 701 receive units 730 can obtain an identifier,
which can be an IP socket address, from the broadcast
receive unit 770, indicating the desired link to the broadcast
unit 710. The sub-cluster receive units 730, however, main-
tain direct communications with the broadcast receive unit
770, such that on directive from the unit 770, they break
their communications with the unit 710, and reestablish
normal inter-unit audio signal communications with the
broadcast receive unit 770. In an embodiment using IP
addressing and communications, this can involve the main-
tenance of TCP messaging communications between the
sub-cluster 701 receive units 730 with the broadcast receive
unit 770, during the time that the sub-cluster 701 is associ-
ated with the cluster 700.

[0255] In FIG. 9B, the receive units 730 of the sub-cluster
701 receive music directly from the broadcasting receiver
770, which itself receives the music from the broadcast unit
710. In such case, as the broadcasting receiver 770 is
removed from the cluster 700, the receive units 730 of the
sub-cluster 701 would also not be able to hear music from
the cluster 700.

[0256] It would be apparent that such an arrangement can
be hierarchically arranged, such that the receive unit 730 of
the sub-cluster 701 can itself be the broadcast receiver 770
of another sub-cluster 701, and so forth. The advantage of
this arrangement is that people that are associated with one
another, forming a cluster 700, can move as a group from
cluster to cluster, maintaining a separate identity.

[0257] It should be also noted that the configuration of
communications between members of a hierarchical cluster
can be variously arranged, not only as shown in FIGS. 9A
and 9B. For example, every member of the cluster 700 can
have a direct link between every other member of the cluster
700, such that no re-broadcast of messages needs to take
place. Furthermore, given that there are different inter-unit
communications (for example, messaging versus audio
broadcast), it is within the teachings of the present invention
that the configuration for the different modes of communi-
cation can be different—for example direct communications
between the broadcast unit 710 for audio broadcast, but
peer-to-peer communications between individual units for
messaging.

Maintaining Private Communications

[0258] In order to restrict membership in a cluster 700,
either the information transfer must be restricted, such as by
keeping private the socket IP addresses or passwords or
other information that is required for a member to receive
the signal, or the signal can be transmitted openly in
encrypted form, such that only those members having been
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provided with the encryption key can properly decode the
signal so sent. Both of these mechanisms are taught within
the present invention, and are described at various points
within this specification.

[0259] FIG. 32A is a schematic block diagram of main-
taining privacy in open transmission communications. In
this case, the transmission is freely available to search units
750 in a step 1830, such as would occur with a digital RF
broadcast, or through a multicast with open a fixed, public
socket IP address available in certain transmission protocols.
In this case, the broadcast audio signal or information signal
is made in encrypted form, and membership in the cluster is
granted through transfer of a decoding key in a step 1832.

[0260] FIG. 32B is a schematic block diagram of main-
taining privacy in closed transmission communication. In a
step 1834, the broadcast unit 710 makes a closed transmis-
sion broadcast, such as through a socket IP address, that is
not publicly available. In a step 1836, the broadcast unit 710
provides the private address to the search unit 750, which
can now hear the closed transmission from the step 1834,
which is not encrypted. Alternatively, or in addition to the
provision of the private address in the step 1836, the
establishment of the connection through the private, closed
transmission is effected via a password provided in a step
1838. This password can, for example, be used in the step
1110 (e.g. see FIG. 14B) to determine whether the broadcast
unit 710 accepts the search unit 750 for audio multicasting.

[0261] In this section, the encryption of the musical signal
and/or associated information about personal characteristics
of members of the cluster 700 is described. The custom
compressor 330 of the unit 100 can perform the encryption.
In such a case, before joining a cluster, the search unit 750
can only receive some limited information, such as charac-
teristics of the music being heard or some limited charac-
teristics of the users in the cluster 700. If the search unit 750
user requests permission to join the cluster 700 and it is
granted, the broadcast unit 710 can then provide a decryp-
tion key to the search unit 750 that can be used to decrypt
the music or provide a private IP address for multicasting, as
well as supply additional information about the current
members of cluster 700.

[0262] It should be noted that in certain cases, it can be
useful to have multiple forms of privacy protection. For
example, a broadcast unit 710 can provide a search unit 750
access to audio signals and information for the cluster 700,
but can reserve certain information based on encryption to
only some members of the cluster 700. For example, if a
group of friends comprise a cluster 700, and accept some
new members into the cluster 700, access to more private
information about the friends, or communications between
friends, can be restricted on the basis of shared decryption
keys.

[0263] FIG. 33 is a schematic block diagram of a hierar-
chical cluster, as in FIG. 9A, in which communications
between different units is cryptographically or otherwise
restricted to a subset of the cluster members. Thus, there are
three types of communication that are used in the commu-
nication: channel A, which takes place between the members
of the original cluster; channel B, which takes place between
the members of the original cluster (mediated through the
broadcast unit 710) and members of the sub-cluster 701; and
channel C, which takes place between the members of the
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sub-cluster 701. Thus, a communications originating from
the broadcast unit 710 can be directed either through channel
A or channel B, and likewise, a communications originating
from the broadcast receive unit 770 can be directed either at
members only of the sub-cluster 701 through channel C, or
to all members of the cluster 700 through both channels C
and B, which is then communicated trough channel A.

[0264] A number of means can be used to maintain such
independent channels. For example, separate socket com-
munications can be established, and the originators of the
communications can determine that information which is
carried on each separate channel. For example, given an
open transmission scheme such as digital RF signal, the
information can be encoded with separate keys for the
different channels of communication—thus, the crypto-
graphic encoding determines each channel. A given unit 100
can respond to more than one encoding. Indeed, a channel
identifier can be sent with each piece of information indi-
cating the ID of the decoding key. If a unit 100 does not have
the appropriate decoding key, then it is not privy to that
channel communications.

[0265] Alternatively, if the communications is IP socket
based, then each channel is determined by IP socket
addresses. Furthermore, access to those addresses can be, for
example, password controlled. Also, the socket communi-
cations can be broadcast so that any unit 100 can receive
such broadcast, but that decoding of the broadcast can be
mediated through cryptographic decoding keys.

[0266] It should be noted that there can be multiple forms
of communication, which can comprise messaging commu-
nications using the TCP/IP protocols, versus multicasting
using UDP protocols, and also DJ 200 control signals using
yet another protocol. The access to each of these commu-
nications can be controlled via different privacy hierarchies
and techniques. For example, the audio multicasting will be
available to all members within a cluster, while the messag-
ing may retain different groupings of privacy (e.g. hierar-
chical), while the DJ control signals will generally be limited
to communications between a given unit 100 and its corre-
sponding DIs 200.

Broadcast Control Transfer

[0267] The dynamics of cluster 700 can be such that it will
be desirable for a receive unit 730 to become the broadcast
unit for the cluster. Such a transfer of broadcast control will
generally require the acquiescence of the broadcast unit 710
user. To effect such a transfer, the user of the receiver unit
730 desiring such control will send a signal to the broadcast
unit 710 expressing such intention. If the user of the broad-
cast unit 710 agrees, a signal is sent to all of the members
of the cluster indicating the transfer of broadcast control, and
providing the identifier associated with the receive unit 730
that is to become the broadcast unit 710. The broadcast unit
710 that is relinquishing broadcast control now becomes a
receive unit 730 of the cluster 700.

[0268] 1t should be noted that the transfer of control as
described above requires the manual transfer of control, such
as actuation of a DJ switch. This switch can be limited to this
function, or can be part of a menu system, in which the
switch is shared between different functions. It is also within
the spirit of the present invention that there be voice-
activated control of the unit 100, in which the unit 100
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further comprises a microphone for input of voice signals to
a suitable controller within the unit 100, wherein the con-
troller has voice-recognition capabilities.

[0269] In the case of a cluster 700 whose broadcast unit
710 is no longer broadcasting (e.g. it is out of range of the
receive units 730, or it is turned off), the cluster can maintain
its remaining membership by selecting one of the receive
units 730 to become the new broadcast unit 710. Such a
choice can happen automatically, for example by random
choice, by a voting scheme, or by choosing the first receive
unit 730 to have become associated with the broadcast unit
710. If the users of the cluster-associated units deem this
choice to be wrong, then they can change the broadcast unit
710 manually as described above.

[0270] The receive unit 730 that is chosen to become the
broadcast unit 710 of the cluster 700 will generally prompt
its user of the new status, so that the newly designated
broadcast unit 710 can make certain that it is playing music
to the rest of the cluster 700. It can be further arranged so
that a newly-designated broadcast unit 710 will play music
at random, from the beginning, or a designated musical
piece in such case.

[0271] An embodiment of a transfer of broadcast control
using IP socket communications protocols is described here.
FIG. 16 is a schematic block flow diagram of transfer of
control between the broadcast unit 710 and the first receive
unit 730. In a step 1130, the receive unit 730 requests
broadcast control (designated here as “DJ” control). In a step
1132, the user of the broadcast unit 710 decides whether
control will be transferred. The decision is then transferred
back to the first receive unit 730 via the TCP messaging
socket. If the decision is affirmative, the first receive unit 730
severs its UDP connection to the broadcast unit 710 multi-
cast. The reason for this is to allow the receive unit 730
opportunity to prepare the beginning of its broadcast, if such
time is required, and the user cannot both listen to the
multicast as well as prepare its own audio selections, which
occurs in a step 1136. In a step 1138, the receive unit 730
creates a multicast UDP socket with which it will later
broadcast audio to other members of the cluster, while in a
step 1140, the receive unit 730 creates a broadcast annun-
ciator TCP socket with which to announce availability of the
cluster, as well as to accept transfers of members from the
broadcast unit 710 to itself as the new broadcast unit.

[0272] When the two new sockets (multicast and annun-
ciator) are created, the receive unit 730 transmits the new
socket addresses to the broadcast unit 710 in a step 1142.
Since the other members of the cluster are guaranteed to be
in contact with the broadcast unit, they can get addresses of
the new, soon-to-be broadcast unit from the existing broad-
cast unit. In a step 1144, the original broadcast unit 710
transmits to the other cluster members (receive units 730
numbers 2-N) the addresses of the sockets on the receive 1
unit 730 that is now the new broadcast unit 710, and
terminates its own multicast. The termination is performed
here because the other receive units will be transferring to
the new multicast, and because the original broadcast unit
710 is now becoming a receive unit 730 in the reconstituted
cluster. In the step 1148, multicast of audio is now provided
by the receive 1 unit 730 that has now become the new
broadcast unit 710), and the original broadcast unit is
listening to audio provided not by itself, but rather by the
new broadcast unit.
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[0273] 1In a step 1146, performed roughly synchronously
with the step 1144, the original broadcast unit 710 transmits
the socket addresses of the message handler TCP sockets of
the other members of the cluster 700 (i.e. the receive units
730 numbers 2-N). In the subsequent step 1150, the original
broadcast unit 710 and the receive units 730 numbers 2-N
establish new messaging connections with the receive 1 unit
730 that is now the new broadcast unit 710. While there can
be a set of criteria for the acceptance of a new member to a
cluster, because the receive 1 unit 730 has received the
message socket addresses of the other members of the
cluster in the step 1144, the receive 1 unit 730 accepts new
members with the socket addresses received. It should be
noted that instead of socket addresses being the identifiers
passed, the identifiers can also be unique machine IDs,
random numbers, cryptograpically encoded numbers, or
other such identifiers that can be transmitted from one
member of the cluster to another.

[0274] Tt should be noted in certain embodiments, that
there can be insufficient time for the new broadcast unit 710
to determine a set of music to broadcast to the members of
its cluster. It is within the spirit of the present invention for
a user to set a default collection of music that is broadcast
when no other music has been chosen. This set of music can
comprise one or more discrete audio files.

Audio and DJ Choreography

[0275] One of the attractions of the present invention is
that it allows users to express themselves and share their
expressions with others in public or semi-public fashion.
Thus, it is highly desirable for users to be able to personalize
aspects of both the audio programming as well as the
displays of their DJs 200.

Audio

[0276] Audio personalization comprises the creation of
temporally linked collections of separate musical elements
in “sets.” These sets can be called up by name or other
identifier, and can comprise overlapping selections of music,
and can be created either on the unit 100 through a visual or
audio interface, or can be created on a computer or other
music-enabled device for downloading to the unit 100.

[0277] Inaddition, the unit 100 or other device from which
sets are downloaded can comprise a microphone and audio
recording software whereby commentary, personal music,
accompaniment, or other audio recordings can be recorded,
stored, and interspersed between commercial or pre-re-
corded audio signals, much in the manner that a radio show
host or “disc jockey” might alter or supplement music. Such
downloads can be accessible from a variety of sources
including Internet web sites and private personal computers.

Automatic Generation of DJ 200 Control Signals

[0278] In this section, we will describe the automatic and
manual generation of control signals for the DJ 200 trans-
ducers. The control signals are generally made to correspond
to audio signals played on the units 100, although it is within
the spirit of the present invention for such control signals to
be made separate from audio signals, and to be displayed on
the digital jewelry independently of audio signals played on
the unit 100. FIG. 20 is a time-amplitude trace of an audio
signal automatically separated into beats. Beats 1180, 1182
and 1183 are denoted by vertical dashed and dotted lines
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and, as described below, are placed at locations on the basis
of their rapid rise in low-frequency amplitude relative to the
rest of the trace. As can be seen, the beats 1180 are generally
of higher amplitude than the other beats 1182 and 1183, and
represent the primary beats of a 4/4 time signature. The beat
1183 is of intermediate nature between the characteristics of
the beats 1180 and 1182. It represents the third beat of the
second measure. Overall, the audio signal thus displayed can
be orally represented as ONE-two-Three-four-ONE-two-
Three-four (“one” is heavily accented, and the “three” is
more lightly accented), which is common in the 4/4 time
signature.

[0279] Processing of this data can proceed via a number of
different methods. FIG. 21A is a block flow diagram of a
neural network method of creating DJ 200 transducer con-
trol signals from an audio signal as shown in FIG. 20. In a
step 1200, audio data is received either at the unit 100 or the
DJ 200. It should be noted that the creation of control signals
from audio signals can, within the present invention, take
place at either the unit 100 or the DJ 200, or even at a device
or system not part of or connected to the unit 100 or DJ 200
(as will be described in more detail below). In an optional
step 1202, the data is low pass filtered and/or decimated so
that the amount of data is reduced for computational pur-
poses. Furthermore, the data can be processed for automatic
gain to normalize the data for recording volume differences.
Furthermore, the automatic gain filtering can provide control
signals of significant or comparable magnitude throughout
the audio data.

[0280] In general, the creation of the audio signal depends
on audio representing a period of time, which can be tens of
milliseconds to tens of seconds, depending on the method.
Thus, the audio data from the step 1202 is stored in a prior
data array 1204 for use in subsequent processing and analy-
sis. At the same time, the current average amplitude, com-
puted over an interval of preferably less than 50 millisec-
onds, is computed in a step 1208. In broad outline, the
analysis of the signal compares the current average ampli-
tude against the amplitude history stored in the prior data
analysis. In the embodiment of FIG. 21A, the comparison
takes places through neural network processing in a step
1206, preferably with a cascading time back propagation
network which takes into account a slowly varying time
signal (that is, the data in the prior data array changes only
fractionally at each computation, with most of the data
remaining the same). The use of prior steps of neural
network processing in the current step of neural network
processing is indicated by the looped arrow in the step 1206.
The output of the neural network is a determination whether
the current time sample is a primary or a secondary beat. The
neural network is trained on a large number of different
music samples, wherein the training output is identified
manually as to the presence of a beat.

[0281] The output of the neural network is then converted
into a digital jewelry signal in a step 1210, in which the
presence of a primary or secondary beat determines whether
a particular light color, tactile response, etc., is activated.
This conversion can be according to either fixed, predeter-
mined rules, or can be determined by rules and algorithms
that are externally specified. Such rules can be according to
the aesthetics of the user, or can alternatively be determined
by the specific characteristics of the transducer. For
example, some transducers can have only a single channel or

LINKPLAY EXHIBIT 1004
Page 4801 of 4822



US 2007/0142944 Al

two or three channels. While light transducers will generally
work well with high frequency signals, other transducers,
such as tactile transducers, will want signals that are much
more slowly varying. Thus, there can be algorithm param-
eters, specified for instance in configuration files that accom-
pany DJ 200 transducers, that assist in the conversion of
beats to transducer control signals that are appropriate for
the specific transducer.

[0282] FIG. 21B is a block flow diagram of a deterministic
signal analysis method of creating DJ 200 transducer control
signals from an audio signal as shown in FIG. 20. The data
is received in the step 1200. In this case, a running average
over a time sufficient to remove high frequencies, and
preferably less than 50 milliseconds, is performed in a step
1212. Alternatively, a low pass filter and/or data decimation
as in the step 1202 can be performed.

[0283] In a step 1214, the system determines whether
there has been a rise of X-fold in average amplitude over the
last Y milliseconds, where X and Y are predetermined
values. The value of X is preferably greater than two-fold
and is even more preferably three-fold, while the value of Y
is preferably less than 100 milliseconds and is even more
preferably less than 50 milliseconds. This rise relates to the
sharp rises in amplitude found in the signal at the onset of
a beat, as shown in FIG. 20 by the beat demarcations 1180,
1182, and 1183. If there has not been a rise meeting the
criteria, the system returns to the step 1200 for more audio
input.

[0284] 1If the signal does meet the criteria, it is checked to
ensure that the rise in amplitude is not the “tail end” of a
previously identified beat. For this, in a step 1216, the
system determines whether there has been a previous beat in
the past Z milliseconds, where Z is a predetermined value
preferably less than 100 milliseconds, and even more pref-
erably less than 50 milliseconds. If there has been a recent
beat, the system returns to the step 1200 for more audio
input. If there has not been a recent beat, then a digital
jewelry signal is used to activate a transducer. The level of
transduction can be modified according to the current aver-
age amplitude which is determined in a step 1208 from, in
this case, the running average computed in the step 1212.

[0285] The embodiment of FIG. 21B provides transducer
activation signals at each rapid rise in amplitude, with the
activation signal modulated according to the strength of the
amplitude. This will capture much of the superficial musical
quality of the audio signal, but will not capture or express
more fundamental patterns within the audio signal.

[0286] FIG. 21C is a schematic flow diagram of a method
to extract fundamental musical patterns from an audio signal
to create DJ 200 control signals. In the step 1200, the audio
data is received into a buffer for calculations. In a step 1220,
a low pass filter is applied to remove high frequency signal.
Such high frequency signals can alternatively be removed
via decimation, running averages, and other means as set
forth in the embodiments of FIGS. 21A and B. As in the
embodiment of FIG. 21B, beat onsets are extracted from the
audio signal in the steps 1214 and 1216, and a current
average amplitude is computed in a step 1208.

[0287] The amplitudes and times of the onsets of beats are
placed into an array in a step 1222. From this array, a
musical model is created in a step 1224. This model is based
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on the regularity of beats and beat emphasis—as seen in the
amplitudes—that is independent of the beats and amplitudes
in any one short section of music (corresponding, for
instance, to a measure of music).

[0288] In general, music is organized into repeating pat-
terns, as represented in a time signature such as 3/4, 4/4, 6/8
and the like. Within each time signature, there are primary
and secondary beats. In general, the downbeat to a measure
is the first beat, representing the beginning of the measure.
The downbeat is generally the strongest beat within a
measure, but in any given measure, another beat may be
given more emphasis. Indeed, there will be high amplitude
beats that may not be within the time signature whatsoever
(such as an eighth note in 3/4 time that is not on one of the
beats). Thus, by correlating the beats to standard amplitude
patterns, the output to the music model identifies the primary
(down) beats, secondary beats (e.g. the third beat in 4/4
time) and the tertiary beats (e.g. the second and fourth beats
in 4/4/time).

[0289] FIG. 21D is a schematic flow diagram of an algo-
rithm to identify a music model, resulting in a time signa-
ture. In a step 1600, the minimum repeated time interval is
determined, using the array of beat amplitude and onset
1222. This is, over a period of time, the shortest interval for
a quarter note equivalent is determined, wherein the time
signature beat frequency (i.e. the note value of the denomi-
nator of the time signature, such as 8 in 6/8) is preferably
limited to between 4 per second and one every two seconds,
and even more preferably limited to between 3 per second
and 1.25 per second. This is considered the beat time.

[0290] From the array of beat amplitudes and onsets 1222,
the average and maximum amplitudes over a time period of
preferably 3-10 seconds is computed in a step 1604. For the
beginning of the audio signal, shorter periods of time can be
used, though they will tend to give less reliable DJ 200
control signals. Indeed, in this embodiment, the initial times
of an audio signal will tend to follow audio signal amplitude
and changes in amplitude more than fundamental musical
patterns until the patterns are elicited.

[0291] Ina step 1606, the amplitude of a beat is compared
with the maximum amplitude determined in the step 1604.
If the beat is within a percentage threshold of the maximum
amplitude, wherein the threshold is preferably 50% and
more preferably 30% of the maximum amplitude, the beat is
designated a primary beat in a step 1612. In a step 1608, the
amplitude of non-primary beats is compared with the maxi-
mum amplitude determined in the step 1604. If the beat is
within a percentage threshold of the maximum amplitude,
wherein the threshold is preferably 75% and more preferably
50% of the maximum amplitude, and the beat is greater than
a predetermined fraction of the average amplitude, wherein
the fraction is preferably greater than 40% and even more
preferably greater than 70% of the average beat amplitude,
the beat is designated a secondary beat in a step 1614. The
remaining beats are denoted tertiary beats in the step 1610.
[0292] In a step 1616, the sequence of the three types of
beats is compared with that of established time signatures,
such as 4/4, 3/4, 6/8, 2/4 and others, each with their own
preferred sequence of primary, secondary and tertiary beats,
in order to determine the best fit. This best fit is identified as
the time signature in a step 1618.

[0293] Returning to FIG. 21C, the channels of the DJ are
pre-assigned to four different beats in a step 1225. Thus, if
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there are four channels, each channel is given a separate
assignment. With a smaller number of channels, a single
channel is assigned multiple beats. Some beats can also be
unassigned, thus not being represented in a DJ 200 trans-
ducer output. Thus, a high jewelry signal, medium jewelry
signal, low jewelry signal and an amplitude dependent
signal are each assigned to a channel for DJ 200 transduc-
tion.

[0294] 1In a step 1226, a beat determined to be a primary/
down beat is assigned to a high jewelry signal 1228. In a step
1230, a beat determined to be a secondary beat is assigned
to a medium jewelry signal 1232. In a step 1234, a beat
determined to be a tertiary beat is assigned to a low jewelry
signal 1236. Beats which are then unassigned, and which
will generally be beats that occur not within the music model
of the step 1224 (e.g. rapid beats not falling on beats of the
time signature) are then assigned in a step 1238 to an
amplitude dependent (and not music model dependent)
signal 1240.

[0295] 1t should be noted that the computations performed
in the flow methods of FIGS. 21A-C may take time on the
order of milliseconds, such that if the computations are made
in real time during the playing of music, the activation of the
transducers in the DJ 200 are “behind” in time relative to the
audio playing of the corresponding music in the audio unit
100. This can be compensated for by carrying out the
computations while the audio signal is still in buffers prior
to being played in the unit 100, as is described above for
numerous embodiments of the present invention. Thus,
signals to the DJ 200 can then be made simultaneously with
respect to the audio signal to which it corresponds.

[0296] It should be noted that many of the parameters
described above can conveniently be affected by manual
controls either on the DJ 200 or the unit 100 that transmits
signals to the DJ 200. For example, if can be convenient for
the user to be able to set, for a given DJ 200 response
amplitude, the threshold audio amplitude level at which the
output transducer (e.g. light transducer 240) responds, or to
set the output transducer amplitude corresponding to a
maximum audio amplitude, or to set the frequency bands for
which different DJ 200 channels respond, or to set other
similar parameters. The manual controls for such parameters
can comprise dials, rocker switches, up/down button, voice
or display menu choices, or other such controls as are
convenient for users. Alternatively, these choices can be set
on a computer or other user input device, for download onto
the unit 100 or DJ 200.

[0297] A preferable means of setting the parameters is for
the parameters to be stored in a configuration file that can be
altered either on the unit 100, the DJ 200 or a computer, so
that the same DJ 200 can take on different characteristics
dependent on the configuration settings within the file. The
configuration settings can then be optimized for a particular
situation, or set to individual preference, and be traded or
sold between friends or as commercial transactions, for
instance over the Internet. For a most preferable use of these
configuration files, each file with its set of configurations can
be considered to represent a “mode” of operation, and
multiple configuration files can be set on the DJ 200 or the
unit 100, depending on where the automatic generation of
control signals is performed. The user can then select from
the resident configuration files, appearing to the user as
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different modes, for use of his system, and can change the
mode at will. This can be arranged as a series of choices on
a voice or display menuing system, as a list toggled through
by pressing a single button, or through other convenient user
interfaces.

Manual Generation of DJ 200 Control Signals

[0298] In the description above, the use of filtering and
digital modification of audio signals can be used to create
control signals for DJ 200 transducers 240, 250, and 260. In
addition, manual choreography of DJ 200 signals can be
accomplished. For example, buttons or other interface fea-
tures (e.g. areas on a touch-screen) on the unit 100 can
correspond to different arrays of transducers, such as the
LED arrays 290 and 292 of FIG. 2A. While playing the
audio signal, the user can press the buttons, where pressing
of the buttons can correspond to a control signal for a
transducer being ON, and otherwise the signal can be off. To
aid in choreography where rapid changes in transducers are
desired, the audio can be played at less than normal speed.

[0299] FIG. 22A is a top-view diagram of an audio unit
100 user interface 1250, demonstrating the use of buttons to
create DJ 200 control signals. The interface 1250 comprises
a display screen (e.g. LCD or OLED), which can display
information to the user, such as shown in FIGS. 18A-B.
Standard music control buttons 1254 for playing, stopping,
pausing, and rewinding allow the user to control the audio
signal musical output. Buttons 1252 further control aspects
of the music output, such as volume control, musical tracks,
and downloading and uploading of music. The number of
buttons 1252 is conveniently three as shown, but can be
more or less than three.

[0300] In addition, buttons are provided to allow the user
to input DJ 200 control signals, comprising a record button
1256, a first channel button 1258, a second channel button
1260 and a third channel button 1262. The channel buttons
1258, 1260 and 1262 are prominent and accessible, since the
user will want to easily depress the buttons. A record button
1256 allows the user to activate the channel buttons 1258,
1260 and 1262, and has a low profile (even below the
nominal surface of the interface 1250) so that it is not
accidentally activated. The record button can serve various
purposes, including recording into a permanent storage file
the sequence of DJ control signals relative to music being
played, or controlling the DJ transducers in realtime, syn-
chronously with music being played on the audio unit 100.

[0301] Pressing the buttons 1258, 1260 and 1262 create
DIJ control signals for the corresponding channels. The
number of buttons is conveniently three as shown, but can
also be two or four or more buttons. If a telephone is being
used as the unit 100, keys on the telephone keypad can
alternatively be used. The channel buttons will generally be
used with thumbs, and the buttons are spaced so that two of
the buttons can be depressed with a single thumb, so that all
three buttons can be activated with only two fingers. In is
also convenient for the two secondary buttons 1260 and
1262 to be spaced more closely together, as it will be a
preferred mode of operation that the secondary buttons be
operated together from time to time.

[0302] To further aid in the choreography of the DJs 200,
a separate “keyboard” with the number of keys related to the
number of possible arrays can be used. The amplitude of the
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corresponding transducer signal can be modified either
according to the pressure on the keys, according to the
length of time that a key is depressed, or according to a foot
pedal. FIG. 22B is a top-view diagram of a hand-pad 1270
for creating DJ control signals. The hand-pad 1270 com-
prises a platform 1271, a primary transducer 1272, a sec-
ondary transducer 1274 and a tertiary transducer 1276. The
platform 1271 has a generally flat top and bottom, and can
conveniently be placed on a table, or held in the user’s lap.
The size of the platform is such that two hands are conve-
niently placed across it, being preferably more than 6 inches
across, and even more preferably more than 9 inches across.
The pressure transducers 1272, 1274 and 1276 respond to
pressure by creating a control signal, with said control signal
preferably capturing both the time and amplitude of the
pressure applied to the corresponding transducer. The pri-
mary transducer 1272 creates a primary control signal, the
secondary transducer 1274 creates a secondary control sig-
nal and the tertiary transducer 1276 creates a tertiary control
signal. The sizes and placements of the transducers can be
varied within the spirit of the present invention, but it is
convenient for the primary transducer 1272 to be larger and
somewhat separate from that of the other transducers 1274
and 1276. In one more method of user interaction, both
hands can be rapidly and alternately used to make closely
spaced control signals on the primary transducer 1272. In
addition, it can be convenient on occasion for the user to
activate both the secondary transducer 1274 and the tertiary
transducer 1276 with different fingers on one hand, and thus
these can be conveniently placed relatively near to one
another. In general, while a single transducer will provide
minimal function, it is preferable for there to be at least two
transducers, and even more preferable that there be three
transducers.

[0303] The control signals can be transferred to the audio
unit 100 for playing and/or storage, or to the DJ 200 unit
directly for playing, either wirelessly, or through wired
communication. In addition, the hand-pad can also be con-
figured to create percussive or other sounds, either directly
through the incorporation of hollow chambers in the manner
of'a drum, or preferably by the synthesis of audio waveform
signals that can be played through the audio unit 100 (and
other audio units 100 participating in a cluster 700), or
directly through speakers within the hand-pad 1270 or
attached to the hand-pad 1270 through wired or wireless
communications. Such audible, percussive feedback can aid
the user in the aesthetic creation of control signals.

[0304] It is within the spirit of the present invention for the
hand-pad to take on various sizes and configurations. For
instance, it is also convenient for the hand-pad 1270 to be
configured for the use of index and middle fingers, being of
dimensions as small as two by four inches or less. Such a
hand-pad is highly portable, and can be battery powered.

[0305] Additionally, DJ 200 control signals can also be
manually generated live, during broadcast at a party, for
example, by a percussionist playing a set of digital drums.
FIG. 22C is a schematic block diagram of a set of drums
used for creating DJ control signals. The set of drums
comprises four percussive instruments 1280, 1282, 1284 and
1286, which can include snare drums, foot drums, cymbals,
foot cymbals and other percussive musical instruments, such
as might be found with a contemporary musical “band”.
Microphones 1290 are positioned so as to receive audio
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input primarily from instruments to which they are associ-
ated. One microphone can furthermore be associated with
multiple instruments, as with the drums 1282 and 1284. The
microphones 1290 are connected with a controller 1292 that
takes the input and creates DI control signals therefrom. For
example, the drums 1282 and 1284 can be associated with
the primary channel, the drum 1280 can be associated with
the secondary channel, and the drum 1286 can be associated
with the tertiary channel. The association of the microphone
input with the channel can be determined in many ways. For
example, the jack in the controller 1292 to which each
microphone 1290 attaches can correspond to a given chan-
nel. Alternatively, the user can associate the jacks in the
controller to different channels, with such control being
manual through a control panel with buttons or touch control
displays, or even through prearranged “sets”. That is, a set
is a pre-arranged configuration of associations of micro-
phones to channels, and thus a set can be chosen with a
single choice that instantiates a group of microphone-chan-
nel associations.

[0306] In general, the inputs from the microphones 1290
will be filtered in frequency and also to enhance audio
contrast. For instance, control signals can be arranged to be
the highest when the low-frequency envelope is rising the
quickest (i.e. the beat or sound onset). The algorithms for
conversion of audio signal to DJ control signal can be
pre-configured in the controller 1292, or can be user select-
able.

[0307] It should be noted that the methods and systems of
FIGS. 22A-C need to synchronize the control signals so
generated with the audio files to which they correspond. This
can be accomplished in many ways. For example, the first
control signal can be understood to correspond to the first
beat within the audio file. Alternatively, the audio unit 100
or other device that is playing the audio signal to which the
control signal is to correspond can send a signal to the device
that is creating the control signals indicating the onset of
playing of the audio file. The control signal can then be
related to the time from the onset of the audio file. In
addition, with regards to this synchronization, the user
manually inputting the control signals will always be listen-
ing to the music during the control signal input. If the device
on which control signals are being input is the same as the
device that is playing the music, a control signal input cam
be easily related to the sound that is currently being played
by the audio output—many such devices allow information
to within less than a millisecond of what sample or time
within the audio files is currently being output by the audio
device. With the arrangement of the control signal input
device being also an audio player, close calibration of the
control signals and the audio output is easily accomplished.

DJ 200 Control Signal Files

[0308] The control signals can be in a variety of formats
within the spirit of the present invention. Such formats
include pairs of locations within the associated music file
and the corresponding amplitudes of the various DJ chan-
nels, and pairs of locations and the amplitudes of those DJ
channels which are different from before. The locations can
be either time from the start of the song (e.g. in milliseconds)
or in terms of sample number. If the location is given in
terms of sample number, the sample rate of the music will
generally also be provided, since the same song can be
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recorded at different sample rates, and the invariant in terms
of location will generally be time from onset of the music.

[0309] Other formats include an amplitude stream, corre-
sponding to each DJ channel, provided in a constant stream
with a fixed sample rate, which may be equal to or different
from that of the corresponding music file. This format can be
stored, for example, as additional channels into the music
file, such that one channel corresponds to monoaural sound,
two channels correspond to stereo sound, three channels
correspond to stereo sound and one channel of control
signals, and additional channels correspond to stereo sound
plus additional channels of DI control signals. Another
arrangement is to allow for only a small number of states of
the transduction in the control signal, so that multiple
channels of control signal can be multiplexed into a single
transmitted channel for storage and transmission with the
audio signal. For example, if the audio is stored as a 16-bit
signal, 3 channels of 5 bit DJ 200 control signal could be
stored in a single channel along side the one or two audio
channels normally used.

[0310] Tt should be appreciated that these different control
signal storage formats are largely interchangeable. For
instance, as described above, control signals can be stored as
if they are additional audio channels within a music file, but
then be extracted from the file for separate transfer (e.g. over
the Internet), and then be reintegrated into an audio file at the
destination location.

[0311] It should be appreciated that there are a number of
means by which DJ 200 control signals can be generated,
either automatically or manually, and can include the use of
devices other than the unit 100 that can have sophisticated
digital or analog filtering and modification hardware and
software. The control signals so created can be stored in files
that are associated with the music files (e.g. MP3) that the
control signals are meant to accompany. To aid in their
distribution, particularly in reference to limitations on the
commercial and private distribution of the corresponding
music files, the signal files will generally be separate from
the music files, and transferable between units 100 either
through inter-unit communication mediated by the inter-unit
transmitter/receiver 110, or alternatively through computers
or computer networks to which the unit 100 can be con-
nected.

[0312] The audio signals and the DJ control signals should
also be well synchronized during playback. FIG. 23 is a
schematic block flow diagram of the synchronized playback
of an audio signal file with a DJ control signal file, using
transmission of both audio and control signal information.
For purposes of convenience in discussion, the audio signal
file will be called a “song file” and the “control signal file”
will be called a “dance file.” In a step 1300, the user is
provided a list of song files for display, preferably on the
display 1170. In a step 1302, the user then selects a song
from the display to play. In a step 1304, the dance files that
are associated with the selected song file from the step 1302
are displayed for the user. These song files can be either
locally resident on the unit 100, or can alternatively be
present on other audio units 100 to which the audio unit 100
is connected, as in a cluster, or can alternatively be on the
Internet, if the audio unit 100 is connected to the Internet. If
there is a dance file that has been previously preferred in
association with the song file, this file can be more promi-
nently displayed than other associated dance files.
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[0313] Ina step 1306, the user selects the dance file to play
along with the song file. This association is stored in a local
database of song file/dance file associations in a step 1307,
to be later used in a subsequent step 1304, should such an
association not have been previously made, or if the pre-
ferred association is different from the previously preferred
association. If the dance file is not locally resident, it can be
copied to the audio unit 100 to ensure that the dance file is
available throughout the duration of the song file playback.

[0314] Inastep 1308, a timer is initialized at the beginning
of the song file playback. In the step 1310, the song file is
played on the local unit 100, and is also streamed to the other
units 100 within the cluster 700. The corresponding DJ
control signal accompanies the streaming song, either mul-
tiplexed within the song file audio signal, on another stream-
ing socket, or through other communications (e.g. a TCP
socket) channels between the two units. In a step 1312, the
time advances along with the playback of the music. In a
step 1314, this timer information is used to obtain current
control signals from the dance file—that is, the dance file is
arranged so that at each moment, the status of the different
transducer channels can be determined. The control signals
to be streamed along with the song file information can be
either the current status of each transducer, or alternatively,
can only send changes from the current transducer state.

[0315] The matching of the files in the database of song
file and dance file associations of the step 1307 can be
performed both within a machine, but also over a local or
wide area network. In such cases, the association can either
be external to the file—that is, using the name of the file, that
is available the normal system file routines—or can use
information internal to one or both files. For example, the
dance file can have stored within it a reference to the song
to which it is associated, either as the name of the song file,
the name and/or other characteristics of the song (such as the
recording artist, year of publication, music publisher) or
alternatively as a numerical or alphanumerical identifier
associated with the song. Then, given a song file, the
relationship of the dance file with the song file can be easily
determined.

[0316] For ease in creating an association, it is convenient
for the names of the song files and the associated dance files
to have a relationship with one another that is easily under-
stood by casual users. For example, given a song file with
the name “oops.mp3”, it is convenient for an associated
dance file to share the same root (in this case “oops”) with
a different extension, creating for example the dance file
name “oops.dnc”. Because of the multiplicity of dance files
that will often be associated with a particular song file, the
root itself can be extended to allow for either a numerical or
descriptive filename, which can be preferably done in con-
junction with a known punctuation mark to separate the song
file root from the dance file description, such as the file
names “oops.david2.dnc” or “oops$wild.dnc”. It is prefer-
able to use a punctuation mark that is allowed within a range
of different operating systems.

[0317] Dance files can be stored on the Internet or other
wide area network in a store for access by users who want
dance files associated with a particular song file. In such
case, if the storage is through the root of the filename, the
user, requesting dance files corresponding to “oops.mps”
would then be returned the names of related files such as
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“oops$wild.dnc”. If the dance file internally carries the
relationship with “oops.mps” as described above, either
through the name or other characteristics, or alternatively,
through a numerical or alphanumerical identifier, it is pref-
erable to store the information in a database on the storage
computer or unit 100, so that it is not necessary to open the
file each time for perusal of the dance file information. Thus,
if the music file has a substantially unique identifier asso-
ciated with it internally, it is also useful for the dance file to
also have the same identifier associated internally as well. In
such case, the identifier is conveniently used to reference
both files within a database.

[0318] In operation, a remote user would request a dance
file for a particular song file by providing the name of the
song file, along possibly with other information about the
song file, which could include the name of the choreogra-
pher, the number of channels of DJ 200 transduction, the
specific brand or type of DJ 200, or other information. The
database would then return a listing of the various dance file
that met the criteria requested. The remote user would then
choose one or more of the files to download to the remote
computer, and then the database would retrieve the dance
files from storage and then transmits the dance file over the
wide area network. On the remote computer or unit 100, the
dance file would become associated with the corresponding
song file through means such as naming the dance file
appropriately or making an association between the song file
and the dance file in a database or indexing file. Alterna-
tively, the dance file can be integrated into the song file as
mentioned elsewhere within this specification.

[0319] It can be useful to preview a dance file for its
desirability or suitability. Since the dance files can be
retrieved from a wide area network such as the Internet, it is
convenient for such an emulator to operate on a computer
that may not be portable or have the proper transmitter that
allows communications with a DJ 200. In such case, it is
preferable to have an emulator which places an image or
drawing of a DJ 200 on the screen, and which is provided the
name of a song file and a dance file, and which then plays
the song file through the audio of the computer and displays
appropriate images or drawings of transducers being acti-
vated within the emulator image or drawing. The character-
istics of the DJ 200 being emulated (e.g. colors of lights,
frequency responses, levels of illumination, arrangement of
lights, response to amplitude, etc.) can be simulated by a
number of means. For example, the user can move slider
controls, set checkboxes and radio boxes, enter numerical
values, click-and-drag icons and use other standard user
interface controls to make the DJ 200 operate as desired.
Alternatively, manufacturers of DJ 200s can create configu-
ration files (including, for example, bitmaps of photos of the
actual DJ 200) that can be downloaded for this purpose (and
which can also be used by prospective purchasers to view
the “virtual” operation of the DJ 200 prior to purchase, for
example, through an Internet merchant). The configuration
files would contain the information necessary for the emu-
lator to properly display the operation of the specific DJ.

[0320] Alternatively, as described above, the dance file
information can be stored within the song file as, for
example, another channel in place of an audio channel, or
alternatively within MP3 header or other file information. In
such case, the step 1307 would have the alternative function
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of looking through song files to find the song file with the
particular desired embedded dance file within.

[0321] In addition to sending dance files from computers
to units 100 or between units 100, the dance files can be
streamed from unit 100 to unit 100 through the normal
unit-to-unit communications, in the manners described
above for audio communications. This is particularly con-
venient given that DJ 200 displays can be used to show
group identification, and such displays can be more effective
if the DJs for each user are nearly identical (which might not
be the case if the users were using, for example, different
dance files). The dance file control signal information can be
transmitted in a variety of ways, including multiplexing the
control signals into the same packets as the audio informa-
tion as if it were a different audio channel, alternating
packets of control signals with packets of the audio infor-
mation, or broadcasting control signals on a different UDP
socket as the audio. Alternatively, if the receiving unit has a
copy of the dance file corresponding to the song file being
transferred by unit-to-unit communication, the receiving
unit can determine the current time being played, and to
extract from the local dance file the control signals for the
receiving unit DJ 200.

[0322] It should be known that most streaming protocols
have relatively small data packets that are communicated,
due to the fact that reception at the source is not guaranteed
and it is not desirable to lose a large amount of information
in any one stream. Thus, it is possible with smaller trans-
mission buffers and higher data rates to send a single DJ
control signal in each transmission. For example, with a
buffer size of 600 bytes, and an audio rate of 22,050 Hz with
two single byte channels, each transmission covers only
about 12 milliseconds, and any signal would therefore be at
most 13 milliseconds from its correct time. Alternatively,
each control signal can be accompanied by an offset in time
from the beginning of the transmitted audio signal. Also, the
time or packet number of each transmission buffer can be
sent, as well as the time or packet number of the DJ audio
signals, so that the audio unit 100 can compute the proper
offset.

Stationary Transducers

[0323] DJs 200 that have been previously described are
portable devices, usually associated with a particular user
and unit 100. FIGS. 5A and 5B indicate the ways in which
DIJs 200 associated with multiple users can be controlled by
a single unit 100.

[0324] It is also convenient for transducers to be non-
portable and stationary. Consider, for example, a user who is
at home listening to music. Instead of a DJ 200 worn by the
user, the user can alternatively have a bank of lights or other
transducers in fixed locations through the room that operate
under the same or similar control signals as to which DJs
respond. Such fixed transducers can operate at far higher
power than portable DJs 200, and can each incorporate a
large number of separate transducers.

[0325] Furthermore, in a party, concert or other large
social gathering, the effects of portable DJs worn by guests
can be supplemented by large transducers that are generally
perceptible by most guests. For example, such transducers
can include spark or smoke generators, strobe lights, laser
painters, arrays of lights similar to Christmas light strings, or
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mechanical devices with visible (e.g. a flag waving device)
or tactile effects (e.g. a machine that pounds the floor). In
general, transducers for large gatherings will not communi-
cate with a unit 100, but will be directed by a wide-area
broadcast unit 360, as in FIG. 5B.

[0326] Because of the large area over which such station-
ary transducers can operate, the communications between
the unit 100 and the stationary transducers can be through
wired rather than wireless transmission. Furthermore, there
can be mixed communication, such as wireless transmission
of control signals from a portable unit 100 to a stationary
receiver, and thence wired transmission to one or multiple
transducers.

Modular Configurations

[0327] Inthe embodiments above, the audio player 130 is
directly integrated with the inter-unit and unit-to-DJ com-
munications. This requires both a re-engineering of existing
audio players (e.g. CD, MP3, MO and cassette players), and
furthermore does not allow the communications functional-
ity to be reused between players.

[0328] An alternative embodiment of the present inven-
tion is to place the communications functions external to the
audio playing functions, and to adjustably connect the two
via the audio output port of the audio player. FIG. 12A is a
schematic diagram of a modular audio unit 132. Audio
player 131 is a conventional audio player (e.g. CD or MP3
player) without the functionality of the present invention.
Analog audio output is sent via audio output port 136
through the cable 134 to the audio input port 138 of the
modular audio unit 132. The modular audio unit 132 com-
prises the inter-unit transmitter/receiver 110 and the DJ
transmitter 120, which can send and receive inter-unit and
unit-to-DJ communications in a manner similar to an audio
unit 100. A switch 144 chooses between audio signals from
the audio player 131 and from the inter-unit transmitter/
receiver 110 for output to the output audio port 142 to the
earphone 901 via cable 146 (the earphone 901 can also be a
wireless earphone, wherein the output port 142 can be a
wireless transmitter, which can also be a DJ transmitter 120).
A convenient configuration for the switch 144 is a three way
switch. In an intermediate position, the unit 132 acts simply
as a pass-through, in which output from the audio player 131
is conveyed directly to the earphone 901, and the transmit-
ter/receiver functions of the unit 132 do not operate. In
another position, the unit 132 operates as a receiver, and
audio from the inter-unit transmitter/receiver 110 is con-
veyed to the earphone 901.

[0329] When the combined system operates as a broadcast
unit 710, audio input from the audio unit 131 is directed to
the inter-unit transmitter/receiver 110 for transmission to
receive units 730, as well as for output to the earphone 901
(which can be direct to the earphone 901 through the switch,
or indirectly through the inter-unit transmitter/receiver 110).

[0330] When the combined system operates as a conven-
tional audio player, the switch directs audio signals from the
input port 138 directly through to the output port 142. In this
mode of operation, it can be arranged for the audio output to
traverse the modular audio unit 132 without the unit being
powered up. In case there is a transmission delay to the
receive unit 730 such that audio played locally through the
earphone 901 and audio played remotely on the receive unit
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730 are not in synchrony, the system can incorporate a time
delay in the output port 142 such that the local and remote
audio output play with a common time delay, and are thus
in synchrony.

[0331] When the combined system operates as a receiver
unit 730, audio input from the input port 138 is ignored, and
signals to the audio output port are delivered solely through
the inter-unit transmitter/receiver 110.

[0332] It is convenient for the modular audio unit 132 to
be able to operate independently of the associated audio
player 131. In such a case, the unit 132 must have an
independent energy store, such as one or more batteries,
which can be rechargeable. In that case, the unit 132 has no
audio signals locally to listen to through the earphone 901 or
to transmit over the transmitter/receiver 110. However, the
unit 132 can in that case receive external audio signals sent
by other units 132 or units 100 for listening.

[0333] The audio player 131 can be placed in a backpack,
purse, or other relatively inaccessible storage location, while
the modular audio unit is, like a “remote control”, accessible
for interaction with other users.

Video

[0334] While the units 100 described above have com-
prised audio players 130, within the spirit of the present
invention, such units can also comprise video or audio/
visual players (both of which are referred to below as video
players). Such video players would be used generally for
different entertainment and educational purposes, not lim-
ited to films, television, industrial training and music videos.
Such video enabled units can operate similarly to audio
units, including the capability of sharing video signals,
synchronously played, with nearby units through inter-unit
communication, as well as the use of DI’s that can produce
human-perceptible signals (such as light transduction for
accompaniment of audio signals in music videos). It should
be noted, however, that there is a larger bandwidth require-
ment for the inter-unit transmitter/receiver 110 for the com-
munication of video signals as compared with audio signals.
In the case of shared video, wire connections (e.g. FireWire)
between two units can allow simultaneous viewing of a
single video signal.

[0335] In addition, text, including language-selectable
closed caption and video subtitling, can accompany such
video, as well as chat or dubbing to allow the superposition
of audio over the audio normally accompanying such video.

Music Distribution Using Audio Units

[0336] The music industry is suffering from reduced sales
due to the advent of Internet-based music file sharing; in
addition, the manufacturers of personal audio devices are
bringing to market audio devices that can wirelessly transfer
music files between the devices. Such sharing-enabled
devices could significantly reduce the sales of music. Audio
units of the present invention, however, can be used to
provide new means of music distribution and thereby
increase the sales of music.

[0337] FIG. 25 is a schematic flow diagram indicating
music sharing using audio devices, providing new means of
distributing music to customers. Three entities are involved
in the transactions—the DI (operating a broadcast unit 710),
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the cluster member (operating a receive unit 730), and the
music distributor, and their actions are tracked in separate
columns. In this case, the term DIJ is used to indicate the
person operating a broadcast unit 710, and has no meaning
with respect to a DJ unit 200. Indeed, the DJ unit 200 is a
part of the system only inasmuch as it provides for height-
ened pleasure of the DJ and the member in enhancing their
experience of the music. For the rest of this section, DJ will
refer specifically to the person operating the broadcast unit
710.

[0338] In a first step 1340, the DI registers with the
distributor, who places information about the DJ into a
database in a step 1342. Part of this information is a DJ
identifier (the DJ ID), which is unique to the DJ, and which
DJ ID is provided to the DJ as part of the registration
process. This ID is stored in the unit 100 for later retrieval.
The DJ at some later time broadcasts music of the type
distributed by the distributor, in a step 1344. The broadcast
of the music by the DJ can be adventitious (that is, without
respect to the prior registration of the DJ with the distribu-
tor), or the distributor can provide the music to the DJ either
free of charge, at a reduced charge, or free of charge for a
limited period of time.

[0339] In a step 1346, the member becomes a part of the
cluster 700 of which the DJ is the broadcaster broadcasting
the distributor’s music, and has thereby an opportunity to
listen to the music. Along with the transfer of the audio
signal of the music, in a step 1348, the DJ can send
information about the song, which can include a numerical
identifier of the music or album from which the music is
derived. Furthermore, the DJ ID is provided to the member,
and is associated with the music ID and stored in a database
on the member unit 100 in a step 1350. In order to prevent
this database from becoming too sizable, music IDs and DJ
IDs can be purged from it on a regular basis (for example,
IDs which are older than 60 or 120 days can be removed).

[0340] If the member requests purchase of the music from
the distributor in a step 1352, in a step 1354, the distributor
stores the member information, the music ID, and the DJ ID
associated with the music (i.e. the person who introduced the
member to the music). The distributor then completes the
transaction with the member, providing a copy of the music
in exchange for money, in a step 1356. As the member
receives the music copy, he also becomes registered as a DJ
as well in a step 1358. Thus, if the member now becomes the
DJ of his own cluster, and introduces people to this music,
he will also be known to the distributor as an introducer of
the music.

[0341] Ina step 1360, the distributor provides points to the
DJ who introduced the member to the music and facilitated
the sale of the music. In a step 1362, the DJ accumulates
points related to the sale of the music to the member, as well
as points related to the sale of other music to other members.
These points can at that point or later be redeemed for
money, discounted music, free music, gifts, access to
restricted activities (e.g. seats at a concert) or other such real
or virtual objects of value to the DJ.

[0342] 1In a step 1364, the DJ is optionally further linked
to the music and member for whom he has received points.
If this member introduces the music to yet other members,
who are induced to buy the music from the distributor, the
DJ is further awarded points in a step 1366, given that the
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“chain” of members introduced directly or indirectly to the
music includes the original DJ.

[0343] This set of interactions does not decrease music
sales as does file sharing, but rather increases sales of music,
as the DJ has incentives to encourage others to buy the
music, and the offering of the music by the DJ through his
broadcasts introduces music to people who may not have
already had the opportunity to hear the music.

[0344] FIG. 31 contains tables of DJ, song and transaction
information according to the methods of FIG. 25. A USER
table 1810 comprises information about the USER, which
can include the name of the person (Alfred Newman), their
nickname/handle (“WhatMeWorry”), their email address
(AEN@mad.com), and the machine ID of their unit 100
(B1B25C0). This information is permanently stored in the
audio unit 100. A second set of information relates to music
that the USER has heard while in other clusters 700 that the
USER liked, and which is indicated as the USER’s “wish
list”. This set of information includes a unique ID associated
with the song (or other music or audio signal), which is
transmitted by the broadcast unit 710 of the cluster 700. This
information can alternatively or additionally include other
information about the music, such as an album name, an
artist name, a track number, or other such information that
can uniquely identify the music of interest.

[0345] Along with each song ID is a DJ identifier, indi-
cating the unique ID associated with the DJ who introduced
the desired music to the USER. Additionally or alternatively,
the information can comprise the DI’s email address, per-
sonal nickname/handle, name, or other uniquely identifying
information.

[0346] The Wish List can either be permanent, or it can be
that each song entry is dated, and that after a predetermined
amount of time, which can be set by the user, the songs that
are still on the Wish List are removed. It is also convenient
that songs that are purchased according to the methods of the
present invention, such as FIG. 25, are also removed from
the list automatically.

[0347] A DISTRIBUTOR table 1812 comprises informa-
tion about purchases made by USERS with the DISTRIBU-
TOR. The table 1812 has numerous records keyed according
to unique USER identifiers, which in this case is the MAC
ID of the unit 100. A single record from the table is provided,
of which there can be hundreds of thousands or millions of
such records stored.

[0348] The record can include contact information about
the USER, including name, email address, or other business
related information such as credit card number. In addition,
each record comprises a list of all of the songs known to
have been purchased through the DISTRIBUTOR, as iden-
tified by a unique song ID. In addition, the DI associated
with the purchase of the given song by the USER is also
noted. This information was previously transmitted from the
USER table 1810, which includes the associated DJ identi-
fier along with the song identifier, at the time of purchase of
the song. This association allows the DISTRIBUTOR to
compensate the DJ for his part in introducing the USER to
the song.

[0349] It should also be noted that such an arrangement of
information allows the compensation, if desired, of the
individual who introduced the DJ to the song, prior to the DJ
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introducing the USER to the song. For example, when the
user purchased the song with song 1D 230871C40, points
were credited with the DJ whose 1D is 42897DD. Looking
in the record for the DJ 42897DD, one can determine
whether there is another individual (DJ) associated with the
purchase of the song 230871C40 by the DJ. If so, that
individual can also receive compensation for the purchase of
the song by the USER.

Use of Internet Connections

[0350] Itis within the teachings of the present invention to
allow normal Internet connections of the audio unit 100 with
non-mobile devices connected with the Internet. FIG. 29A is
a schematic block diagram of the connection of an Internet-
enabled audio unit 100 with an Internet device through the
Internet cloud 1708, using an Internet access point 1704. An
Internet-enabled audio unit 1700, unit A, is wirelessly con-
nected to an audio unit 100, denoted unit B, as members in
a cluster 700. The dashed line connecting the two units A and
B indicates that the connection is wireless, whereas the solid
connecting lines indicate wired connections. The unit A is
connected to a wireless access point 1704, such as an 802.11
access point, which is connected to an Internet device 1706
via wired connections through the Internet cloud 1708.

[0351] FIG. 29B is a schematic block diagram of the
connection of an Internet-enabled audio unit 1702 with an
Internet device through the Internet cloud, with an audio unit
1702 directly connected to the Internet cloud 1708. In this
case the audio unit 1702 is capable of directly connecting to
the Internet cloud 1708, and thence to the Internet device
1706, through a wired connection. This could be through a
high speed connection (such as a twisted wire Ethernet
connection) or through a lower speed connection (e.g. a
serial port connection, or a dial-up modem).

[0352] The connection of the unit 1700 or unit 1702 is
illustrated in FIG. 30, tables of ratings of audio unit 100
users. As described above, members of a cluster can decide
whether or not to admit a new member to the cluster using
a variety of automatic or manual methods. One method of
determining the suitability of a user to become a member of
the cluster 700 is to determine the user’s ratings by members
of other clusters to which the user has previously been a
member. In this case, the Internet device 1706 is a computer
hosting a database, which can be queried and to which
information can be supplied by the unit A (either 1700 or
1702). On the Internet device 1706 are stored ratings of units
100, as indicated by the table 1802. The left hand column is
the primary key of the database, and is a unique identifier
associated with each unit 100. This ID can be a numerical
MAC ID, associated with the hardware and software of each
unit 100, a unique nickname or word handle (e.g.
“Jend412smash”) associated with each audio unit user, or
other such unique identifier.

[0353] The second and third columns, indicated as num-
bers with dollar signs, are the total summed positive ratings
(column two) and the negative ratings (column three) reg-
istered with each user by another member of a cluster 700
with which the user has been associated, and in which the
user was operating the broadcast unit 710. This rating can,
for example, reflect the perceived quality of music provided
by the user. The fourth and fifth columns are the total,
summed ratings of the user by other members of clusters 700
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with which the user has been associated, in which the user
was the operator of a receive unit 730. This rating can, for
example, indicate the good spirits, friendliness, dress or
other characteristics of the user as perceived by other
members of the cluster. The sixth column indicates the
largest cluster 700 for which the user has been the broad-
caster. This is a good indicator of a broadcaster’s popularity,
since a poor or unpopular broadcaster would not be able to
attract a large group of members for a cluster.

[0354] There are many other characteristics that can be
stored in such a database, and can also include IDs of other
members of groups with which the user has been associated
(so that members can accept new members who have been
associated with friends of those in the cluster), specific
music that the user has played (in order to determine musical
compatibility), information on the individuals making each
rating (in order to determine rating reliability), and grada-
tions of ratings (rather than simply a positive or negative
response).

[0355] The cluster members can access the ratings of the
user requesting membership in the cluster 700 in order to
determine their desirability and suitability. This would
require a connection with the Internet device 1706 at the
time that the user was requesting to join, and would pref-
erably involve a wireless connection through an access
point, as in FIG. 29A. The information from the database on
the device 1706 can either be displayed to the members of
the cluster 700, or can be used by an automatic algorithm to
determine whether the person can join.

[0356] The table 1800 represents the ratings of a cluster
700 of 5 total members (comprising a broadcaster with ID
12089AD, and four additional members with IDs E1239AC,
F105AA3, B1B25C0, and ED5491B). The ratings are sup-
plied by ED5491B (whose ID is preceded by a zero), and
then specific ratings of each member are made. The DI is
indicated by a dollar sign preceding his ID. These ratings can
be made by putting the nicknames/handles of the cluster
members on a screen, and allowing the member to indicate
positive or negative ratings by pressing one of two buttons.
A plus in the first column indicates a positive response, and
aminus sign indicates a negative response. These ratings can
then be sent during either wired communications directly to
the Internet device 1706 or via the access point 1704. It
should be noted that the ratings, once made, can be stored on
the unit 1700 or 1702 indefinitely, until connection with the
Internet cloud 1708 can be made. As indicated by the arrow,
the information for B1B25C0 can be added to the table
1802—in this case, by incrementing the value in the fourth
column (a positive rating for a user who is not the broad-
caster).

[0357] Other applications of connections to Internet
devices 1706 include exchanging (via uploading and down-
loading) dance files with distant individuals, and obtaining
music via downloading , which can include transactions
with distributors similar to that seen in FIG. 25. Such
connections also allow the integration of other connectivity,
such as telephone and messaging capabilities, expanding the
usefulness and attractiveness of audio units 100.

Many Embodiments Within the Spirit of the
Present Invention

[0358] It should be apparent to one skilled in the art that
the above-mentioned embodiments are merely illustrations
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of a few of the many possible specific embodiments of the
present invention. For example, the elements of a unit 100,
including the inter-unit transmitter/receiver 110 protocol and
hardware, the DJ transmitter 120 and the audio player 130
can be chosen from a range of available technologies, and
can be combined with user interface elements (keyboards,
keypads, touch screens, and cursor buttons, without signifi-
cantly affecting the operation of the unit 100. Furthermore,
many different transducers can be combined into DJs 200,
which can further comprise many decorative and functional
pieces (e.g. belt clasps, functional watches, microphones, or
wedding rings) within the spirit of the present invention.
Indeed, the unit 100, itself, can comprise transducers 240,
250 or 260.

[0359] It should also be appreciated that communications
protocols provide a nearly uncountable number of arrange-
ments of communications links between units in a cluster,
that the links can be of mixed software protocols (e.g.
comprising both TCP and UDP protocols, and even non-IP
protocols) over a variety of hardware formats, including
DECT, Bluetooth, 802.11 a, b, and g, Ultra-Wideband,
3G/GPRS, and i-Beans, and that communications can
include not only digital but also analog communications
modes. Furthermore, communications between audio units
and digital jewelry can further comprise analog and digital
communications, and a variety of protocols (both custom-
ized as well as well-established IP protocols).

[0360] It is important, as well, to note that the inter-unit
communication and the unit-to-DJ communication can oper-
ate and provide significant benefits independently of one
another. For example, members listening to music together
gain the benefits of music sharing, even without the use of
DIJs 200. Alternatively, an individual’s appreciation of music
and personal expression can be augmented through use of a
DJ 200, even in the absence of music sharing. However, the
combination of music sharing along with enhanced personal
expression through a DJ 200 provides a synergistic benefit
to all members sharing the music.

[0361] Numerous and varied other arrangements can be
readily devised by those skilled in the art without departing
from the spirit and scope of the invention. Moreover, all
statements herein reciting principles, aspects and embodi-
ments of the present invention, as well as specific examples
thereof, are intended to encompass both structural and
functional equivalents thereof. Additionally, it is intended
that such equivalents include both currently known equiva-
lents as well as equivalents developed in the future, i.e. any
elements developed that perform the same function, regard-
less of structure.

[0362] In the specification hereof any element expressed
as a means for performing a specified function is intended to
encompass any way of performing that function. The inven-
tion as defined by such specification resides in the fact that
the functionalities provided by the various recited means are
combined and brought together in the manner which the
specification calls for. Applicant thus regards any means
which can provide those functionalities as equivalent as
those shown herein.

What is claimed is:
1. An audio player device for playing audio signals
synchronously with a compatible player comprising:
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an interunit transmitter/receiver for transmitting and
receiving audio signals; and

an audio player for playing the audio signals, the audio
player further comprising:

audio storage for storing audio signals received by the
interunit transmitter/receiver;

a unit controller for preparing audio signals from audio
storage for transmission to the compatible player and
for preparing received audio signals to be played;

a means for outputting audio signals from the audio
player, the audio signals being received by the inter-
unit transmitter/receiver or from storage; and

a delay that delays the audio signals received by the
transmitter/receiver from playing to enable a user of
the audio player to play an audio signal synchro-
nously with a user of the compatible audio player, the
compatible audio player playing the audio signal
from storage.

2. The audio player device of claim 1, wherein the
interunit transmitter/receiver comprises a wireless transmit-
ter/receiver.

3. The audio player device of claim 1 further comprising
local feedback loops.

4. The audio player device of claim 3 wherein the delay
delays the audio signal received from the local feedback
loop from playing.

5. The audio player device of claim 1, wherein the delay
comprises a digital buffer.

6. The audio player device of claim 1, wherein the audio
player device comprises a telephone and the transmitter/
receiver connects through the telephone network.

7. A method for the shared enjoyment of music between
a first audio player device and at least one second audio
player device, comprising:

playing audio signals on the first audio player device
while wirelessly transmitting synchronization signals
from the first audio player device to the at least one
second audio player device; and

receiving the synchronization signals by the at least one
second audio player device, wherein the synchroniza-
tion signals enable the audio signals on the at least one
second player device to be played synchronously with
the playing of the audio signals on the first audio player
device;

wherein, the first and the at least one second audio player

devices are mobile.

8. A method as in claim 7, wherein the synchronization
signals adjust the position of the audio signal playing on the
at least one second audio player.

9. The method of claim 7, wherein a delay is introduced
into either or the first audio player device or the at least one
second audio player device.

10. The method of claim 7, further comprising transfer-
ring of a file comprising the audio signals from the first
audio player device to the at least one second audio player
device.

11. The method of claim 10, wherein the transmitting
occurs during transferring.
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12. The method of claim 7, further comprising establish-
ing whether the audio signal is present on the at least one
second audio player device.

13. The method of claim 7, wherein the transmitting uses
a link layer with a protocol selected from the group con-
sisting of 802.11, Bluetooth, ultrawideband, HiperLAN and
WDCT.

14. The method of claim 7 further comprising delaying
the playing of the audio signal on the at least one second
audio player device.

15. A method for synchronously playing an audio signal
on a first mobile audio player synchronously with the same
audio signal on a second mobile audio player, comprising:

storing the audio signal on an audio media on the first
audio player;

transmitting the audio signal from the audio media of the
first mobile audio player, the transmission having a
time period of transmission;

receiving the audio signal transmitted from the first
mobile audio player on an input port of the second
audio player;

playing the received audio signal on an audio output of the
second audio player with a delay between the input port
and the audio output port of the second audio player,
the playing having a playing time;

transferring the audio signal from the audio media to the
audio output of the first audio player with a delay
between the audio media and the audio output.

16. The method of claim 15, wherein playing additionally
comprises a delay between the input port and the audio
output port of the second audio player.

17. The method of claim 15, further comprising receiving
the audio signal on an input port of the first audio player.

18. The method of claim 15 further comprising playing
the received audio signal on an audio output of the first audio
player with a predetermined delay between the input port
and the audio output of the first audio player.

19. The method of claim 15, wherein the time of trans-
mitting comprises less than half of the playing time.

20. The method of claim 15 further comprising playing
the stored audio signal on an audio output of the first audio
player with a delay between the transmitting of the audio
signal and the audio output of the first audio player.

21. The method of claim 20 further comprising receiving
the audio signal transmitted from the first mobile audio
player through a loopback address to the receiver of the first
mobile audio player and playing the music received through
the loopback address on an audio output of the first mobile
audio player.

22. A mobile audio player device enabled to play an audio
signal synchronously with a compatible mobile audio player,
comprising:

means for storing the audio signal on an audio media;

means for transmitting the audio signal from the audio
media;

means for receiving an audio signal transmitted from a
compatible mobile audio player;

means for playing the received audio signal;
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a delay means to synchronize playing of the received
audio signal between the mobile audio player and the
compatible mobile audio player.

23. The audio player device of claim 22, wherein the

means for transmitting is wireless.

24. The audio player device of claim 22 further compris-
ing local feedback loops.

25. The audio player device of claim 24 wherein the delay
means delays the audio signal received from the local
feedback loop from playing.

26. The audio player device of claim 22, wherein the
delay means comprises a digital buffer.

27. The audio player device of claim 22, wherein the
audio player device comprises a telephone and the trans-
mitting means connects through the telephone network.

28. An audio player device for synchronous playing of
audio signals with a plurality of compatible devices, com-
prising:

a base electronic product selected from the group con-
sisting of a telephone, a portable audio device, an MP3
player, and a portable digital assistant;

a unit directly integrated with the base electronic product,
for enabling wireless transmission and reception of an
audio signal for shared listening between a plurality of
compatible devices, the unit further comprising:

a player for playing an audio signal, the audio player
further comprising a storage unit for storing the audio
signal;

an interunit transmitter/receiver for transmitting the audio
signal from the storage unit and for receiving an audio
signal transmitted from another audio player;

a controller unit for preparing the audio signals for the
interunit transmitter/receiver for transmission to
another audio player and for preparing the audio signals
from the interunit transmitter/receiver received from
another audio player;

a delay that delays the audio signal from playing on the
player;

wherein, the delay enables the audio signal to be played
synchronously on the audio player, wherein the audio
signal is received by the receiver, and on the other
audio player, wherein the audio signal is obtained from
storage.

29. The audio player device of claim 28, wherein the
interunit transmitter/receiver is wireless.

30. The audio player device of claim 28 further compris-
ing local feedback loops.

31. The audio player device of claim 30 wherein the delay
delays the audio signal received from the local feedback
loop from playing.

32. The audio player device of claim 28, wherein the
delay comprises a digital buffer.

33. A method for simultaneously playing an audio signal
between a first portable audio player and a second portable
audio player, comprising:

transmitting the audio signal from the first audio player to
the second audio player;

playing the audio signal on the first audio player;
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introducing a first delay between the transmitting and the
playing;

sending a second delay from the first audio player to the
second audio player;

playing the audio signal received from the first audio
player on the second audio player; and

introducing a second delay on the second audio player so
that the playing on the first audio player and the playing
on the second audio player occur roughly simulta-
neously.

34. The method of claim 33 wherein the second delay is
constant.

35. The method of claim 33 wherein the second delay is
variable.

36. The method of claim 33 further comprising transfer-
ring a file comprising the audio signal from the first audio
player to the second audio player.

37. The method of claim 33 wherein the first delay and the
second delay are the same.

38. The method of claim 33 further comprising transmit-
ting the audio signal from the first audio player to the first
audio player through a loopback address.

39. A first portable audio player for roughly simulta-
neously playing an audio signal with a second portable audio
player, comprising:

means for transmitting the audio signal from the first
audio player to the second audio player;

means for playing the audio signal on the first audio
player;

means for introducing a first delay between the transmit-
ting and the playing;

means for sending a second delay from the first audio
player to the second audio player, wherein the second
delay enables the first and second audio players to
listen to the audio signal transmitted by the first audio
player roughly simultaneously; and

means for receiving a second delay on the first audio
player from the second audio player for playing
received audio signals on the first audio player simul-
taneously with the second audio player, wherein the
second audio player sent the signal to the first audio
player.

40. The first portable audio player of claim 39, wherein
the second delay is constant.

41. The first portable audio player of claim 39, wherein
the second delay is variable.

42. The first portable audio player of claim 39 further
comprising a means for transferring a file comprising the
audio signal from the first audio player to the second audio
player.

43. The first portable audio player of claim 39 wherein the
first delay and the second delay are the same.

44. The first portable player of claim 39 further compris-
ing a means for transmitting the audio signal from the first
audio player to the first audio player through a loopback
address.

45. A method for a first mobile audio player to play an
audio signal that is present on the first mobile audio player
synchronously with the same audio signal on a second
mobile audio player, comprising:
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establishing whether the audio signal is present on the
second audio player;

sending a synchronization signal from the first audio
player to the second audio player; and

using the synchronization signal to play the audio signal
synchronously on the first audio player and the second
audio player.

46. The method of claim 45 wherein the synchronization
signal adjusts the position of the audio signal playing on the
second audio player.

47. The method of claim 45 wherein the synchronization
signal is sent using a link layer involving a protocol chosen
from the group consisting of 802.11, Bluetooth, ultrawide-
band, HiperLAN, and WDCT.

48. The method of claim 45 further comprising transfer-
ring a file comprising the audio signals from the first audio
player to the second audio player.

49. The method of claim 48 wherein the sending is
coincident with transferring.

50. A method for playing an audio signal on a first mobile
audio player on a second mobile audio player in the presence
of a rebroadcaster, comprising:

playing the audio signal on the first audio player;
broadcasting the audio from the first audio player;

receiving the audio signal on the rebroadcaster from the
first audio player;

rebroadcasting the received audio signal from the
rebroadcaster;

receiving the rebroadcast audio signal on the second audio
player from the rebroadcaster; and

playing the audio signal on the second audio player with

the first audio player.

51. The method of claim 50 wherein playing the audio
signal on the second audio player additionally comprises
introducing a delay between receiving and playing the audio
signal.

52. The method of claim 50 wherein playing the audio
signal on the first audio player further comprises introducing
a delay between transmitting and playing the audio signal.

53. The method of claim 50 wherein the time of broad-
casting the audio signal comprises less than half of the
playing time.

54. The method of claim 50 wherein the playing of the
audio signal of the first audio player and the playing of the
signal on the second audio player is synchronous.

55. The method of claim 50 additionally comprising
playing the audio signal on the rebroadcaster.

56. The method of claim 50 wherein the rebroadcaster is
mobile.

57. A system for playing an audio signal synchronously on
a first mobile audio player and a second mobile audio player,
comprising:

a transmitter on the first player from which the audio

signal is transmitted to the second player;

a delay that is transmitted by the transmitter that com-
prises the delay from the time of reception to the time
of playing on the second player;

an input port on the second player for receiving the audio
signal and the delay transmitted from the first player;
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an audio output on the second player for playing the audio
signal with the delay from the time of inputting the
audio signal at the input port of the second player;

wherein an audio output on the first player and the audio
output on the second player play the audio signal
synchronously.

58. The system of claim 57 wherein the transmitter device
uses analog radio frequency transmission.

59. The system of claim 57 wherein the transmitter device
uses digital radio frequency transmission.
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60. The system of claim 57 wherein the transmitter device
uses telephony.

61. The system of claim 57 wherein the transmitter device
uses a communications system selected from the group
consisting of CDMA and GSM.

62. The system of claim 57 wherein the transmitter device
is non-mobile.

63. The system of claim 57 wherein the time of transmit-
ting the audio signal comprises less than half of the playing
time.
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