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VOD FROM A SERVER OR A USER TO ANTOHER USER

Cross Reference to Related Application

This application claims priority from provisional application Serial No. 60/146,893,
"Method and Apparatus for Data Delivery Using Distributed Storage System," filed
August 2, 1999.

Field of the Invention

The present invention relates to data communications networks and more
specifically to a method and apparatus for delivering data using distributed storage units

through a network, such as the Internet.

Art Background

Ever since the advent of VCR's, there has been a public desire to have a movie-on-
demand system to alleviate the need for the viewers to go to the video store. A “video on
demand” ("VOD") system provides viewers the ability to select an arbitrary movie or
video program and then view the video content at a requested time, whether immediately,
a few hours later or even a few days later. The delivery of the video is purely electronic,
so that physical media like video tapes or video discs need not be purchased, nor rented at

a video store and then returned after viewing.

Cable companies have implemented some form of video delivery system for their
cable customers. However, due to limitations in the storage space and bandwidth, the
selection of movies is quite limited and the viewers can only watch the movie at the time
designated by the cable company. For those who feel like watching an old Godfather
movie on Wednesday afternoon, they are out of luck. The system offered by the cable
company is therefore not a true VOD system, much less a system with any degree of

flexibility suitable for a broad range of viewers.

LINKPLAY EXHIBIT 1004
Page 2811 of 4822



10

15

20

25

30

WO 01/1012
0125 PCT/US00/21127

-2 -

Implementing a practical video on-demand system for a large number of viewers is
difficult and expensive. It typically requires a multimedia server which can deliver multiple
simultaneous continuous streams of audio or video content to hundreds or thousands of
different end customers. Ideally, the customers could choose their content from a library
of hundreds of movies or songs. However, a typical hard disk drive may only be able to
hold a few full length movies, which means that a multimedia server would have to contain
50 or more disk drives. Figure 1A illustrates such a conventional cable broadcasting

system for "video-on-demand” provisioning.

Another difficulty in implementing a large shared multimedia server is the need to
handle and transmit multiple streams of digital multimedia content. A standard definition
compressed television signal would be transmitted at an average data rate of about 4
megabits per second. If one multimedia server had to serve one hundred different
programs simultaneously, the average total bandwidth required would be 400 megabits per
second. This large amount of data would also have to be transmitted to the one hundred
viewers without appreciable discontinuity, or the viewing experience would be ruined. A
network to support such a high data rate with a guaranteed Quality of Service (QoS) to
many users from a central server is thus very expensive, and has been impractical for

anyone to build.

With the advent of communication through the Internet using cable modems, it has
been suggested that cable modems may enable the provisioning of video on-demand by
cable companies. It has been hoped that cable modems coupled with the Internet can
achieve what cable companies have failed, that is, a video on-demand system using the

Internet.

Figure 1B illustrates how video on-demand might be provisioned over a cable TV
broadcast system with cable modems for a metropolitan area. In this system, analog TV
signals are received by a satellite dish 1. The analog TV signals are combined with video
on-demand signals and digital communication signals from the Internet through a signal

combiner 10.

In Figure 1B, the video-on-demand signals are digital, although they can also be
analog signals. Digital content, such as World Wide Web pages, on the Internet public

network 2. are connected to the system through a router 3. The router 3 is used to
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translate packet data from one network to another, such as between the Internet network
and the example Ethernet network switch 4. The Ethernet network switch 4 directs data
t0 and from the Internet router 3, the fiber return channel demodulator 5, a file server 6,
the multimedia server 8, and the modulator 9. The fiber return channel demodulator 5
translates signals returning from the customer premises equipment ("CPE") through the
optical fiber 11, back into digital format, where it might then be sent to the Internet. A file
server can be used to hold World Wide Web pages or for caching Internet information.
The multimedia server controls the content database 7, and can read out multiple movies
or songs simultaneously. The content database holds all of the digitized movies or songs.
Digital data from the multimedia server or the Ethernet switch going to the end users can
go through a digital to analog modulator 9, before being combined with the analog TV

signals from the satellite dish 1.

Referring still to Figure 1B, signals going between the optical fiber 11 and the coax
cables 13 can be translated by the coax-to-fiber converter 12. The analog TV signals
would be frequency converted through the set top box 16, for transmission to the TV set
17, while the digital signals would be converted to digital by the cable modem 14 for use
by the PC 15. The customer premises equipment 18 (CPE) at a single residence may
contain one set of equipment, while another residence may contain another set of CPE 19,

with each customer viewing different video, audio, or data content.

It is not unusual to have hundreds or thousands of customers served by one set of
provider equipment. That means a multimedia server would have to potentially serve
different movie or music data streams to each customer simultaneously. This is practically
impossible if there are thousands of customers and only one multimedia server. One
solution may be to have multiple multimedia servers, with each one serving a subset of the
customers; however, this also multiplies the cost of servicing all of the customers. A
remaining problem is that a very large amount of multimedia data must travel from a
centralized multimedia server, or group of servers. Because each customer may be
viewing different videos at different points in time (for instance, at the beginning, middle,
or end of the video) from the multimedia server, each video is treated as a separate
channel. The bandwidth of hundreds or thousands of separate channels, in addition to the
normal broadcast channels is higher than what current transmission pathways can handle

today.
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Therefore, it is desirable to have an on-demand data delivery system where the

multiple recipients can receive the same or different content at any time they choose.

It is also desirable to have such an on-demand data delivery system without

exhausting the bandwidth of the server or the transmission infrastructure.

Summary of the Invention

A system and method for delivering data to multiple end users using distributed
storage system connected through a data communications network is disclosed, where the
end user equipment for audio/video playback or recording contains a storage unit, such as
a magnetic disk. Each storage unit can store data, such as digital video content, i.e.
movies, or digital audio content, i.e. songs. The storage unit can also be configured to
store portions, or fragments, of digital video or audio content, where the storage location,
playback, and recording of digital video or audio content of each storage unit is
administered, managed and controlled by a central facility. The content for playback of a
video or audio content, or portions thereof, may reside on one or more physically separate

storage unit, or may also reside on a central storage unit.

The content may also be read out and transmitted concurrently from one or more
physically distributed storage units to one or more other physically separate sites for
playback, where an entire piece of content, such as a movie, may be separated into equal
or unequal sized pieces, and one or more pieces may be stored on multiple physically
separate storage units. The assignment of the storage locations of the pieces, the order of
transmission, priority of transmission, and destination of the pieces is centrally
administered and controlled. The content can also be transmitted simultaneously to
storage units other than the one needing it for display, to anticipate the need to deliver the
same content to other customers in the near future. This allows for dynamic allocation of
resources at any time, peak or off-peak, in anticipation of heavy downloading of certain

programs, such as new releases.

Further, the data communications network connecting between the storage units
can be either wired or wireless. While the Internet is used with the cable modems, other

forms of networking connections can work just as well.

As will be appreciated by those skilled in the art, what is disclosed in the following

description is a "set-top box" which is coupled to a disk drive, or a file server, either

LINKPLAY EXHIBIT 1004
Page 2814 of 4822



10

15

20

25

WO 01/10125 PCT/US00/21127

-5-
locally or remotely, where the "set-top box" acts as a file server for other "set-top boxes."
As such, the set-top boxes in the aggregate can serve as a massive and yet distributed
storage facility for each of the member set-top boxes. The stored programs or files may
also be fragmented into pieces of arbitrary sizes for distributed storage or transmission
over multiple set-top boxes. Also, what is disclosed is a personal computer which contains
a disk drive which can act as a file server for other computers or set-top boxes, where the
files may be fragmented into pieces of any arbitrary sizes for distributed storage or

transmission over multiple computers or set-top boxes.

Brief Description of the Drawings

Figure 1A shows a conventional video-on-demand system over a cable broadcast

system.

Figure 1B shows an exemplary video-on-demand system over a cable TV

broadcast system, where uses end-users are equipped with cable modems.

Figure 2A illustrates an example of how a single multimedia server might serve AV

content to a hundred users simultaneously.

Figure 2B illustrates an example of how three cache memories can be inserted in

between the multimedia server and the customers.
Figure 3A is a simplified block diagram of an End Node Equipment at a user's site.

Figure 3B depicts a simplified block diagram of a conventional VOD system with a

centralized server and end node equipment at user's site.

Figure 4A is a simplified block diagram of an End Node Equipment with cable

modem for use with a TV in accordance with the present invention.

Figure 4B is a simplified block diagram of an End Node Equipment with cable or

DSL modem for use with a PC in accordance with the present invention.

Figure 4C depicts a simplified block diagram of a distributed server system of the

present invention.

Figures 5A, 5B illustrate simultaneous transfer of content from multiple end nodes

to reduce playback starting time.
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Figure 6 depicts a simplified block diagram of a VOD system based on DSL

network.

Figure 7 is a flow diagram depicting the process of distributing content to end node

units.

Figures 8A and 8B illustrate another embodiment of the VOD system with the

content being delivered from a combination of end nodes and content servers.

Detailed Description of the Preferred Embodiment

A method and apparatus for data delivery using distributed storage system is
disclosed. In the description that follows, the present invention is described in terms of
servers, switches, routers, databases, end nodes, networks and the Internet, which are the
terms typically used by those skilled in the art in communicating among themselves. Also,
it should be understood by those skilled in the art that the term "data" can represent audio
or video content, multimedia content, or simply binary bits transmitted across a

communications network.

As previously mentioned, one possible way of reducing the multimedia server’s
bandwidth requirements is to have storage units along the main network transmission paths
to cache the first transmission of the content. Future requests for the same content from

other end users can be serviced from the caching storage unit.

Figure 2A shows an example of how a single multimedia server might be requested
to serve AV content to a hundred users simultaneously. Many customers may be viewing
the same AV content, because some content is more popular than others. For instance, a
newly released movie may be much more popular than one several years old. However, it
is desirable to allow each customer to start viewing the movie at a time of their own
choosing, rather than on a fixed schedule, which happens to be the way cable companies
offer video programs. This means that although the same movie is being viewed by more
than one customer, the data must be sent in duplicate, because the movies may be viewed

at different points in time.

Figure 2B shows how cache memories may be inserted in between the multimedia
server and the customers to ease the delivery demand. Each cache memory serves a

smaller group of the full set of customers. If AV content has not been previously stored in
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a group’s cache memory, it will be provided by the central multimedia server. The AV
content will be transferred to the customer, and also temporarily stored in the group cache
memory. If another customer in the group requests the same AV content, and the AV
content still resides in the cache memory, then the cache memory can readily provide the
content. This reduces the load on the central multimedia server and reduces the bandwidth
used by the server. However, there is an obvious problem to this approach. If the cache
memory is too small, then only a small portion of the AV content can be stored, causing
many requests for content to bypass the cache. This reduces the effectiveness in reducing
the bandwidth and load on the central multimedia server. However, making the cache

memory large will increase the cost.

As will be disclosed, the present invention is directed to providing a
solution to the problems with the conventional ways of distributing data such as digital
multimedia by having a system of storage units at the end nodes, acting as the primary
storage of the multimedia content. A centralized multimedia server could still be used to
augment the delivery of multimedia content, but the bulk of the requests for multimedia
data from the end nodes will be serviced from the individual storage units at the other end

nodes.

Such a distributed server system can address the problems inherent in the current
centralized server system when used for distributing time-critical multimedia content. As
will be described below, Figures 3A and 3B illustrate the conventional system utilizing a
centralized server, while Figures 4A, 4B and 4C illustrate a distributed server system in

accordance with the present invention.

Figure 3A is a simplified block diagram of a conventional End Node Equipment
which can be installed at the user's site. It is generally a set-top box ("STB") coupled to
the TV. The STB generally has a cable modem and a digital video and audio
decompression circuitry. As shown in Figure 3B, the multimedia server 1 controls the
content database 13, which stores all of the multimedia content. The network switch 2
controls the data transfers among the server, network switch 3, and network switch 4.
Network switch 3 switches the data from network switch 2 to the user end nodes 5
through 8, while network switch 4 switches the data from network switch 2 to the user
end nodes 9 through 12. In this example, end nodes 5, 8, 9, and 11 are receiving

multimedia data from the centralized server 1. The server 1 and switch 2 may be separated
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by a long distance, possibly requiring expensive high bandwidth connections. The content
data streams A and B for end nodes 5 and 8 are routed from switch 2 to switch 3, while
the content data streams C and D for end nodes 9 and 11 are routed from switch 2 to
switch 4. Switch 3 then routes the data it receives to end nodes 5 and 8, and switch unit 4
routes the data it receives to end nodes 9 and 11. In this system, all four of the data
streams A through D must come from content database 13, through server 1, through
switch 2, and then through switches 3 and 4. Because of the time critical nature of the
multimedia data, all of the components and network interconnections between the content
database 13 and the end users must be very high speed, with low latency. The system as in
Figures 3A and 3B clearly will have its limitations, particularly when there are a large

number of end nodes requesting data simultaneously.

Figure 4A shows a consumer-oriented End Node equipment for viewing digital
video on a TV. Its STB contains the cable modem, a storage unit such as disk storage and
digital video and audio decompression circuitry. Of course, there is the TV for displaying
the program from the cable. Figure 4B shows PC-oriented equipment for viewing digital
video, using either a cable modem or DSL modem for getting the data to the PC with a

storage unit, e.g. disk storage.

For a PC-based end node equipment as shown in Figure 4B, its operation can be
controlled by software written in Sun's Java Media Framework (JMF), which can support
several Internet protocols called Real Time Protocol (RTP) and Real Time Streaming
Protocol (RTSP). These software programs are generally considered "off the shelf" by
those skilled in the art and their capabilities are also well understood by those skilled in the
art. Java programs can also be written to use the JMF library to facilitate the transfer of
data, which can be programmed to support its transmitting end node and another program
to support its receiving end node. Those skilled in the art will also appreciate that

software may be written for a PC to control the coordinating tasks.

Currently, for a demonstration and prototype unit, the person running the receiving
PC installs the Sun Java Development Kit (JDK) software, available for download at
http://www javasoft.com, and the person can then obtain the receiver software, e.g. via

electronic mail from the service vendor.
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In a production version of the software for operating the end node equipment, an
end user can visit the vendor's web site, to install the receive/transmit software on-line. An
auto-start software routine can also be installed in the PC's startup directory so that the
receive/transmit software can start up when the PC is turned on or rebooted. The
installation program can also store personalization information in a special file, to identify
the PC and the current PC user, since several people may share a single PC (this special

file is commonly known as a "cookie." file).

The following illustrates how an end node equipment may be initialized at start-up.
It should be noted that those skilled in the art can readily devise their own initialization
routine and protocol while developing their distribution systems in accordance with the
present invention. The following discussion is for illustration purposes only. At start-up,
the receive/transmit software resident at the end node equipment, e.g. PC, can send a
message to the control software on the service provider's web site, acknowledging that it is
ready to receive or transmit if requested, as well as sending the identification information.
Upon receipt of the acknowledgement, the service provider's control software knows that

that particular PC is available.

Once the service provider's server knows that an end unit is available, it can send
commands and data to:
- add new content with the end unit receiving command and data;
- delete old content with the end unit receiving a command,
- transmit existing content with the end unit receiving a command;

_ check existing content for tampering or perform other maintenance tasks.

In one embodiment, the control software may need to know when a particular PC
is no longer available. This scenario may happen when the user shuts the PC down, when
the PC crashes, when the user's power fails, or when the cable network simply stops
working. If the user shuts the PC down smoothly, i.e. not abruptly, the control software at
the PC can be notified of the shutdown, and can send a message back to the server that it

will no longer be available.

If the PC crashes or its availability is removed without notification to the provider's
server, the distribution system should preferably recover from that without ruining the

viewing user’s experience. If a series of transfers is being setup, say because a viewer at
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another end node unit wants to watch a movie, then the server can immediately check, e.g.
poll, with all of the end units that it thinks are available. If any end node unit fails to
respond, then the server could mark that end node unit as unavailable, and substitute
another end node unit. The initial transfer list would then always start out with end node

units that have been confirmed to be available.

Once the movie starts, the receiving PC can be configured to expect data from
each transmitting PC by a certain time. If one PC doesn’t deliver data by the scheduled
time, due to a possible crash, then the receiving PC can notify the provider's server. The
server can then immediately substitute another end unit, by giving the substituted end unit
the remaining part of the transfer list, and by notifying the receiving unit of the substituted
unit’s internet address. To ease the transition, the provider may keep a backup server
which would provide the delayed content to the receiving end unit for a few seconds, until

the substituted end unit is up to speed.

Reference is now to Figure 4C. As shown in Figure 4C, the content databasel3 is
set up so that it can offload some of its duties to the whole distribution system. All of the
multimedia data is instead distributed among the storage units local in each of the user end
nodes (not shown). It may not be necessary for all of the user end nodes to have local
storage units, but system performance is improved when more and more user end nodes
have storage units and participate in the distribution. Multimedia server 1 now acts as a
centralized administrator, keeping track of how the multimedia content is distributed
among the user end nodes. The network connection between server 1 and switch 2 now
needs much less bandwidth, because only commands and status information are
transferred, and not the multimedia data, the storage of which is now distributed among
the end nodes. As will be appreciated by those skilled in the art, the storage unit at each
end node can be a hard disk drive, or any kind of storage device capable of storing,
transferring and playing back its multimedia content. As the prices of the storage devices
plummet due to technological maturity, this form of distributed storage becomes more

attractive and cost effective.

In the system exemplified in Figure 4C, end node 5 wants multimedia content A,
end node 8 wants multimedia content B, end node 9 wants multimedia content C, and end
node 11 wants multimedia content D, while the storage unit of end node 6 contains

multimedia content A, the storage unit of end node 9 contains multimedia content B, the
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storage unit of end node 10 contains multimedia content C and D, and the storage unit of

end node 12 contains multimedia content B.

The distributed storage system, as illustrated in Figure 4C, can be initialized by the
multimedia server 1 directing various contents, e.g. movies, to be transferred from the
content database 13, or wherever contents may be available, to the end nodes. The
distribution can be based on the anticipated popularity of certain contents and whether the
end nodes are within the same switching network. For example, if there are 200 end nodes
sharing the same immediate switching network, e.g. in the same neighborhood, a newly
released movie may need to be resident at, say, 10 end nodes to provide assured delivery.
The delivery can also come from end nodes at other not-so-immediate switching networks,
if the delay is not significant. The other 190 end nodes can be populated with other
contents, in fragments, in whole or in combination thereof. This is only the initial phase,
since as the demands change, the location and distribution can certainly be changed to

reflect the usage, which can be tracked using common tools for statistical analysis.

Moreover, the initialization or subsequent location management can be done during
off-peak hours, since no intervention from the consumer should be needed. Therefore, at
3 A.M., while most consumers are asleep, the storage units at their end nodes may be
quietly receiving instructions, preferably from the central server, transferring contents, or
updating the central server. As new contents are released, the new ones will cause the
not-so-new contents to be deleted or replaced, either gradually or all at once. The
distributed storage system is thus dynamic and able to continue to adequately support the

consumers' ever-changing needs.

Because storage of the content is distributed, end node 6 can act as a server for
end node 5. If the network connection between the two nodes is a shared medium, then it
may be possible for end node 6 to transmit the content A data directly to end node 5,
otherwise it can transmit the content A to end node 5 by sending it to switch 3, which will
then send it to node 5, using conventional Internet, or any data communications
networking, addressing techniques. The multimedia server 1 can preferably act as a
miraffic controller” to receive requests from end node 5, check availability of the requested
content, determine the most expedient way of transfer, e.g. from end node 6, and

command end node 6 to transfer the content A to end node 5.
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Still referring to Figure 4C, it may happen that when end node 6 is responding to a
request for content A from end node 5, the viewer at end node 6 also requests such
content A for playback. In such situation, data can be read out of the storage unit, e.g.
hard drive, into the processor's memory, whether it is the PC or the STB. Then the data is
transferred out of the processor's memory and out to the cable or DSL network. If the
same data is needed at very close to the same time for local viewing, that data is likely still
cached in the memory and can be sent to the local display. Ifit isn't still cached in the
memory, then the data can be re-read from the storage unit, e.g. hard drive. As can be
appreciated by those skilled in the art, current PC systems with their high speed processors
and communications functionality, as well as the STBs, can readily handle two sets of read

requests simultaneously.

An alternative to the multimedia server acting as a centralized traffic controller is
to let each end node broadcast its request to other end nodes. The end nodes with the
requested content will monitor the transmission status to determine if it is the best source
for the requested content. If so, it will reply and transmit the requested content to the
requester. When there are multiple replies to its request, the requesting end node will
determine the priority for receiving and notify the source end node(s) of the priority for
transmission. If transmission is bogged down, the requesting node can go to the next
source end node according to the priority. The second source end node can transmit to

pick up where the first source end node leaves off.

Similarly, end node 9 can act as a server for end node 8, providing it with content
B, and at the same time, receives content C from end node 10. End node 10 stores
content C and D, and can act as a server by sending content C to end node 9 and

simultaneously sending content D to end node 11.

The end nodes do not have to be servers by themselves only. They can work,
sequentially or concurrently, with other end nodes to complete a delivery. End node 8 can
receive content B from both end node 9 and end node 12. This may be desirable to reduce
the transmission time of content B, particularly if the upload (direction from the end node
to the switch) speed is lower than the download (switch to end node) speed. This is often
the case for cable modems and ADSL (Asymmetric Digital Subscriber Line) network
technology. It also can be useful in the situation where the playback of the content starts

before the entire content has been downloaded to the end node. For instance, the playback
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of content B may have started because it was expected that the download from end node 9
only would complete before the end of the content was reached, based on the speed of the
early part of the download from end node 9 to end node 8. However, once playback
starts, if the download speed is reduced due to unexpected network congestion from
switch 4 to switch 3 or due to unexpected reduction in upload speed from end node 9 to

switch 4, then the unviewed portion of content B can also be transferred from end node 12

to end node 8.

By way of an example, suppose that end node 8 has received the first 25% of
content B from end node 9. Based on the download rate of this first 25% of the content as
well as the playback rate for the content, end node 9 starts the playback. In this example,
the playback rate is equal to the download rate. At the 30% reception point, the download
rate slows down by a factor of 2. If the download rate is not increased, the playback of
content B will be interrupted at the 90% point of the movie or song. At, say the 35%
point, end node 12 can be commanded to immediately start transferring the last 20% of
content B, and end node 9 can be commanded to continue transferring the content from
the 35% point but to stop at the 80% point. This method can be useful where the upload

transfer rate or the switch to switch transfer rate is lower than the download transfer rate.

The method of simultaneous, or concurrent, transfer from multiple end nodes can
also be used to reduce the playback starting time for a network where the playback data
rate and the download data rate are higher than the upload data rate. For instance,
suppose the playback rate is 2 megabits per second, the download rate is capable of
supporting 3 megabits per second, and the upload speed of a single end node is 1 megabit
per second. For the network shown in Figure SA, end node 5 wants to play content A,
which is stored as a number of different fragments in end nodes 6 through 15. The
information on the location of the fragments at the different nodes can preferably be stored
on the multimedia server 1. The upload and download capability of the different nodes can
also be stored on the multimedia server 1, or there could be an immediate test transfer to

determine the upload and download speeds.

Referring to Figure 5A, end node 5 would contact the multimedia server 1, which
would coordinate the transfer of the fragments to end node 5 from the other end nodes. In
the first phase, end nodes 6, 7, and 8 would transfer their stored fragments to end node 3,

which would receive the three fragments concurrently at 3 megabits per second, even
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though the individual fragments from each transmitting end node can be uploaded only at 1
megabit per second. Since the fragment containing 0-5% of the content from end node 6
is being transmitted at half the playback speed, end node 5 could not start playing the
content until the first half of the fragment has been received. Ifit started playing any
sooner, the data would run out before the fragment could be fully received, causing a gap

in the playback.

It may occasionally happen that the Internet address of the end nodes is not fixed,
but can change from time to time. A program on each of the end nodes can be used to

inform the controlling multimedia server 1 when its Internet address changes.

When the fragments from end nodes 6, 7, and 8 have been transferred to end node
5, the multimedia server 1 could arrange the transfer of the next 15-30% fragments from
other end nodes containing the necessary fragments, such as end nodes 9, 10, and 11, as
shown in Figure SB. While end nodes 9, 10, and 11 are transmitting data to end node 5,
end nodes 6, 7, and 8 would become available to transfer data to a different end node, if

needed.

It should be noted that while only one content database and one multimedia server
is depicted in Figure 5B for illustration purposes, the entire distribution system in
accordance with the present invention may implement multiple content databases with
multiple multimedia servers, scattered throughout the county, state or country. Content
going to one end unit may come from one or more content servers as well as from multiple
other end units. This "aggregation” effect can offload the burden on any one particular
server or database, while providing an efficient scheme to achieve content delivery from

databases and servers in proximity of the end units.

Referring to Figure 5B, when end node 5 has completed viewing content A, its
storage unit will have a complete copy of all of the fragments of content A. If content A is
expected to be popular with other end nodes, e.g. new releases, the entire content could
remain stored on end node 5, so it could be delivered to other end nodes, or just a few
portions could be kept. What portions to be kept at this end node can be determined
based on the storage, or distribution, situation of content A at other end nodes. For
example, the storage situation may be such that only the first 30% fragment of content A is

needed, since other end nodes may contain sufficient other fragments. If content A is not
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expected to be viewed in the near future, it could be deleted immediately, or designated to

be the first content to be deleted when other content needs to be stored in end node 5°s

storage unit.

Reference is now turned to Figure 7, where a flow diagram depicting the process
of distributing content to end node units as directed by the server is described. As shown
in Figure 7, end-user unit (EUU1) notifies the central server it is on-line, active and ready,
for example, after the EUUL is first installed at an end-user's house. Upon such notice, the
central server transmits data block N to EUUT1 for storage. When EUU2 requests data
block N from the central server, the central server will notify EUU2 that data block N will
be transmitted from EUU1. The central server can thus command EUU! to transmit the
requested data block to EUU2. At this point, the Internet transmit address is EUULl's,
while the Internet receiver address is EUU2's. Upon receipt of the requested data block,
EUU2 notifies the central server that transmission is now completed.

Reference is now to Figures 8A and 8B, where another embodiment of the VOD
system in accordance with the present invention is shown. It should be pointed out that in
the system previously shown in Figures SA and 5B, a number of end nodes are served by a
single multimedia server 1. Figures 8A and 8B show an alternative to, or elaboration of,
this system, where the multimedia server's function has been split, or essentially off-loaded,
into separate parts, and the content is delivered from a combination of end nodes and
multimedia content servers. The content delivery is now accomplished by distributed
content servers as well as by other end nodes, or the combination of servers and end
nodes.

In this system as shown in Figures 8A and 8B, the end nodes C and D may be
personal computers (PC’s) or other equipment which normally reside in a home. Control
Server A may be an Internet server computer which performs the control and coordination
role. An example of this Internet server computer is a Compaq Proliant server or its
equivalent, using the Microsoft NT operating system. Web Server B may be an Internet
server computer, an example of which is Sun Microsystems' Enterprise server or its
equivalent, using the Sun Solaris operating system, which delivers web pages to end
nodes, but which may or may not hold the multimedia content. Multimedia Content
Servers E and F may be Internet server computers which hold multimedia content.

Although the functions are separated for this example, it is possible for an Internet server
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computer to perform and combine the control, web serving, and multimedia content

serving functions in any combination, as can be appreciated by those skilled in the art.

Figures 8A and 8B show another embodiment of the VOD system, in accordance
with the present invention, delivering multimedia data to an end node from a combination
of multimedia content servers and end nodes. This embodiment thus makes it possible to
build a system which delivers multimedia data to an end node, or multiple end nodes, only

from multimedia content servers.

As previously described in the present application, the multimedia content, such
as a movie file, may first be fragmented into smaller files, and the smaller files may be
distributed for storage by end nodes and/or other servers. For this example, the content
fragments would be distributed onto End Node C (step 3), End Node D (step 4),
Multimedia Content Server E (step 3), and Multimedia Content Server F (step 3). The
present invention also makes it possible to distribute copies of the file fragments to
additional end nodes or servers, so that each file fragment may reside on more than one
end node or server. This redundancy can allow the substitution of one end node or server
for another, which may be useful if an end node or server is slow in transmitting data. The
data may reside on these end nodes and servers, and may be transmitted when needed.

Also, as previously described, the viewing end node may contain some software
which may re-integrate the file fragments into the original file order. Finally, the end nodes
or Internet servers which hold the movie file fragments may contain some software which
allows it to accept commands from a control server and to deliver the file fragments to an

end node or to an Internet server.

In Figure 8A, step 1 occurs when a user at End Node D, say, wishes to view a
movie. It sends a request to Web Server B for the movie data. In step 2, Web Server B
passes the request to Control Server A. Control Server A then determines which end
nodes or Internet servers contain the desired movie file fragments. In step 3, Control
Server A sends instructions to End Node C, Multimedia Content Server E, and Multimedia
Content Server F to deliver the desired movie file fragments to End Node D. In step 4,
shown in Figure 8B, End Node C, Multimedia Content Server E, and Multimedia Content
Server F together deliver the movie file fragments to End Node D. 1t should be pointed
that the re-integration, or re-assembly, of the various fragments can be done by the

viewing end node, if each fragment is coded to provide unique identification with respect
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to other fragments from the same title. Such re-integration or re-assembly may also let the
viewing end node obtain a "script" of the fragments to be delivered from the server
responding to the viewing end node's initial request. This "script” will facilitate the re-
integration and re-assembly of the fragments, much like an instruction manual on how to

assemble a bicycle.

It should be pointed out that once a movie title, or a data file, is fragmented, each
fragment should have a unique code identifying its position in the full length movie.
Preferably a standardized way of position-coding the movie or data file is established, ina
similar manner Internet files are packetized and delivered separately throughout the
Internet, only to be reassembled at the last point for the reception.

Although it is not shown, it should be apparent to those skilled in the art that it is

possible for Web Server B to also act as a multimedia content server.

It should be noted that each fragment of data being stored by an EUU can be
encrypted with a different encryption key for security reasons. For example, if an EUU
stores 5 fragments from 5 programs, i.e. 1 fragment from 1 program, each fragment can
have its own encryption key. Having the fragments or programs encrypted will prevent
any unauthorized access of the EUU by its user. As can be appreciated by those skilled in
the art, the storage in each EUU is preferably transparent to the user, whether the EUU

contains a full-length feature or a collection of fragments of various contents.

In accordance with the above disclosure, the present invention provides continuous
playback of content, with a minimal amount of waiting, even though the upload
transmission rate of content from a single end node is lower than the playback and
download rates of the playing end node by fragmenting the content and distributing the
content among a large number of networked storage nodes. The present invention also
allows multiple end nodes to view the same content, with a small delay between each
viewing, where the delay is set by the time duration of a fragment. The present invention
can be used with any means of two way transmission of data. For instance, the network
could use DSL (digital subscriber line) technology shown in Figure 6, instead of, or in

conjunction with, the cable TV technology shown in Figure 1.

While the present invention for data delivery has largely been described in terms of

implementing a video-on-demand system with distributed storage, it should be appreciaied
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by those skilled in the art the present invention can also implement a "data-on-demand"
system. In such a system, the storage unit at each end-user's site will store data for access
by other users or by itself. The stored data can also be portions, or fragments, of distinct
kinds of data, which can be assembled with other portions stored elsewhere to form a
complete piece, provided there is mechanism, e.g. via a central server, to control, track
and manage the storage, transmission and assembly of the data. Also, it may behoove
those who manage such networks to implement data security and encryption measures to

prevent the uninvited access of stored data by the end-user.

The invention may be conveniently implemented using a conventional general
purpose digital computer and programmed according to the teachings of the present
invention, as will be apparent to those skilled in the art. Appropriate software coding can
readily be done by skilled programmers based on the teachings of the present disclosure, as

will be apparent to those skilled in the software art.

The invention may also be implemented by the preparation of application specific
integrated circuits or by interconnecting an appropriate network of conventional

component circuits, as will be readily apparent to those skilled in the art.

The present invention also includes a computer program product which is a storage
medium including instructions which can be used to program a computer to perform a
process of the invention, such as the storage of the distributed programs, or the content
flow control of the distribution network. The storage medium can include, without
limitation, any type of disk including floppy disks, optical disks, CD-ROMs and magneto-
optical disks, ROMs, RAMs, EPROMs, EEPROMSs, magnetic or optical cards, or any type
of media suitable for storing electronic instructions. As an apparatus embodying the
present invention is operated, the device processes signals which are physical phenomena
and control the device in a appropriate manner so that the desired results of the invention

are achieved.

Obviously, numerous modifications and variations of the present invention are
possible in light of the above teachings. It is therefore to be understood that within the
scope of the appended claims, the invention may be practiced otherwise than as specifically

described herein.
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What is claimed is:

1. A data on-demand system for delivering data on-demand to a requesting

end-user unit ("Requesting EUU") in a communications network, comprising:

a plurality of end-user units ("EUUs"), at least one of said EUU ( "First Source
EUU") adapted to receive a data file through said communications network, to store said

data file and to transmit said data file through said communications network;

a server adapted to direct transmission of data files through said communications

network among said plurality of EUUs,
wherein said server and said First Source EUU are adapted:

to permit said server to transmit said data file through said communications

network to said First Source EUU;
to store said data file in said First Source EUU; and

to permit said server, in response to an instruction received from said Requesting
EUU, to cause said First Source EUU to transmit said data file through said

communications network to said Requesting EUU.

2. A data on-demand system as in Claim 1, wherein said server is additionally
adapted to track information regarding the location of said data file at said First Source

EUU.

3. A data on-demand system as in Claim 1, wherein said data file comprises at

least one of the following:
an integral multimedia program;
at least one fragment of an integral multimedia program;

a combination of fragments of a plurality of integral multimedia programs.
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4. A system according to Claim 1, further comprising a Second Source EUU,

wherein:

said Second Source EUU is adapted to receive and store said data file as said data

file is stored by said First Source EUU; and

said server and said Second Source EUU are adapted to cause said Second Source
EUU to begin transmitting said data file to said Requesting EUU when transmission from

said First Source EUU meets one or more of predetermined criteria.

5. A system according to Claim 1, wherein said server is adapted to cause said
First Source EUU to replace said data file in storage with at least one other data file based

on at least one predetermined criterion.

6. A server for managing and delivering data files on-demand to a plurality of
end-user units ("EUUs") connected through a data communications network, the server

comprising:
a central processing unit ("CPU");

a memory operatively connected to said CPU, said memory containing a program

adapted to be executed by said CPU, wherein:

said CPU and said memory operatively adapted to distribute a plurality of data files
to said plurality of EUUs for storage based on at least one of predetermined criteria, while

tracking the locations of said data files at said plurality of EUUs,

said CPU and said memory operatively adapted to receive a demand from a first

EUU for at least one data file,

said CPU and said memory operatively adapted to locate said at least one data file
at a second EUU and to instruct said second EUU to transmit said at least one data file to

said first EUU according to said demand.
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7. A server according to Claim 6, wherein:

said CPU and said memory operatively adapted to receive a demand from a third

EUU for a combination of a first data file and a second data file,

said CPU and said memory operatively adapted to locate said first data file stored
at a fourth EUU and said second data file stored at a fifth EUU,

said CPU and said memory operatively adapted to instruct said fourth and fifth
EUUs to transmit said first and second data files to said third EUU according to said

demand.

8. A server according to Claim 7, wherein said combination of first and
second data files demanded by said third EUU constitute 2 fragments from an integral data
file.

9. A server according to Claim 7, wherein:

said CPU and said memory operatively adapted to locate and manage a plurality of

data files and sequence transmission of said data files according to demands.

10. A server according to Claim 6, wherein:

said CPU and said memory operatively adapted to track usage information among

said plurality of EUUs;

said CPU and said memory operatively adapted to re-distribute data files among

said plurality of EUUs for storage in response to said usage information;

said CPU and said memory operatively adapted to add new data files for
distribution among said plurality of EUUs for storage when said new data files are

available.
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11. An end-user unit for a data on-demand system, comprising:
a processor;

a modem adapted to connect with a data communications network to receive a
data file, said modem also adapted to transmit at least a portion of said data file through

said data communication network to a second end-user unit specified by the server;

a storage unit adapted to store said data file in response to an instruction from a

server connected to the data communication network.

12. A method of delivering at least one data file on-demand from a central
storage to a plurality of end-user units ("EUUSs") through a communications network,
comprising:

a) storing at least one data file at said central storage;

b) initializing a first EUU by transmitting at least a portion of said data file to

said first EUU;

c) storing said portion of data file at said first EUU;

d) tracking information regarding location of said portion of data file;

€) determining location for said portion of data file, when a second EUU

issues a demand for said data file;

f) issuing instruction to said first EUU for said portion of data file stored at

said first EUU,

g) upon receipt of said instruction, said first EUU transmitting said portion of

data file to said second EUU.

13. The method according to Claim 12, the method further comprising:

a) initializing a third EUU by transmitting at least said portion of data file to a
third EUU for storage;

b) tracking information regarding location of said data file at said third EUU;

c) monitoring transmission from said first EUU to said second EUU;

d) if transmission from said first EUU to said second EUU falls below a

predetermined criterion, issuing instruction to said third EUU for
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transmission of said portion of data file to said second EUU and issuing
instruction to said first EUU to terminate its transmissionn,

e) upon receipt of said instruction, said third EUU transmitting said portion of

data file to said second EUU.

14. A method of delivering at least one data file on-demand to at least one of a
plurality of end-user units ("EUUSs") through a communications network, comprising;

a) providing a plurality of data files accessible through said communications
network;

b) distributing said plurality of data files to a plurality of EUUs for storage,

<) tracking information regarding respective storage locations of said plurality
of data files at said plurality of EUUs;

d) when a requesting EUU issues a demand for at least one of said plurality of
data files, locating at least one EUU storing said at least one of said
plurality of data files from said plurality of EUUs based on at least one of

predetermined criteria;

e) causing the identified EUU to transmit said at least one data file to said
requesting EUU.
15. The method according to Claim 14, wherein said predetermined criteria in

the step d) of identifying comprises at least one of the following criteria:
quality of transmission between each of said plurality of EUUs to said
second EUU;
proximity of each of said first plurality of EUUs relative to said second
EUU;
needs of each of said plurality of EUUs relative to a second plurality of
EUUs.

16,  The method according to Claim 14, wherein said plurality of data files

comprises multimedia programs and data.
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17. A method of delivering multimedia programs on-demand from a remote
storage to a plurality of end-user units ("EUUs") through a communications network,
comprising the steps of.

a) storing at least one multimedia program at said remote storage;

b) initializing a first EUU by transmitting at least a first portion of said

multimedia program to said first EUU;

c) storing said first portion of said multimedia program at said first EUU;

d) initializing a second EUU by transmitting at least a second portion of said

multimedia program to said second EUU;

e) storing said second portion of said multimedia program at said second
EUU;
) tracking information regarding storage locations of said first and second

portions of said multimedia program at said first EUU and second EUU;
g) when a third EUU issues a demand for said muitimedia program, directing
said first and second portions of said multimedia program to be transmitted
to said third EUU;
h) upon receipt of said first and second portions of said multimedia program,

said third EUU assembling said multimedia program for downloading.

18.  The method according to Claim 17, wherein said multimedia program

comprises at least one of video programs, audio programs or movie programs.

19. The method according to Claim 17, wherein each portion of said

multimedia program is encrypted with a predetermined encrypted key.

20. In a data communication network with a plurality of clients and servers, a
method of delivering at least one data file from a plurality of data files on demand to a first

client, comprising the steps of:
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a) distributing said plurality of data files to at least one of said plurality of

clients and servers for storage based on a predetermined distribution scheme;

b) tracking each of said data files as to its location,

c) upon receiving a request for one of said plurality of data files from said first
client;

d) Jocating from at least one of said clients and said servers storing said

requested data file;
e) instructing at least one of said clients and said servers to transmit said

requested data file to said first client.

21. The method according to claim 20, wherein said predetermined distribution
scheme is based on at least one of: location of the clients and servers, and popularity of the

data files.

22. A method of conducting a VOD service using a communications network,
comprising the steps of:

a) providing a plurality of movies which are accessible through at least one
server in said communications network;

b) distributing a plurality of set-top boxes ("STBs") to a plurality of clients, at
least a portion of the STBs being capable of storing, presenting and transmitting said
movies upon a predetermined request;

c) storing the plurality of movies, in fragments or in whole, throughout said
STBs and said at least one server, and keeping track of the locations of the fragments of
said movies;

d) upon request from one of the clients for a movie from said plurality of
movies, locating said movie, in fragments or in whole;

e) upon locating said movie, in fragments or in whole, among said STBs and
said at least one server, causing said movie, in fragments or in whole, to be delivered to

the requesting client.

LINKPLAY EXHIBIT 1004
Page 2835 of 4822



WO 01/10125
1/11

Provider Equipment

PCT/US00/21127

Billing

[ Authorization and

Demodulator (<

3

Satellite dish

Combin}>——>

Coax 4
P Coax
Coax
R Set Top Bo:
N
. . TV
Figure 1A

LINKPLAY EXHIBIT 1004
Page 2836 of 4822



WO 01/10125

2/11

Provider Equipment

PCT/US00/21127

2 3 4 5
Internet public r
network M Demoduilator
Ethemet

File Server Switch

i

Content Multimedia 9
Database Server
Modulator 10
Combiner
.
Satellite dish 3_
w
12 11
13 Coax I < ]
Customer Premises Equipment 18
. PC ' 15
P Coax
Customer Premises Equipment 19
. : E Cabl
: : Moadesn PC
P : Coax :
Set Top Box

Figure 1B

LINKPLAY EXHIBIT 1004
Page 2837 of 4822



WO 01/10125 PCT/US00/21127

3/11
Customer 1 » Movie 1 @ time=42 min.
Customer 2 » Movie 3 @ time=2 min.
Customer 3 » Movie 4 @ time=88 min.
Customer 4 » Movie 1 @ time=23 min.
CustomerS. . Movie 2 @ time=65 min.
Customer ... » Movie...

St e Customer ST ovie 3 @ tme=15 min.
Customer 98 » Movie 8 @ time=71 min.
Customer 99 » Movie 3 @ time=92 min.
Customer 100 » Movie 2 @ time=34 min.

Figure 2A

_Customer1 w4y 1 @ time=42 min.

Customer ... , povie 3 @ time=2 min.
cache " 33
memory Customer Movie 4 @ time=88 min.

Customer34 _ movie 1 @ time=23 min.

Mlé"f';'/:'a cache _Customer... , movie 2 @ time=65 min.
memory
Customer 68 ,_ movie 2 @ time=9 min.

Customer 67, mavie 3 @ time=15 min.

Content
Database

L_ cache | Customer .. _ movie 9 @ time=71 min.
memory Customer ..

» Movie 3 @ time=92 min.

| Customer 100, p15yie 2 @ time=34 min.

Figure 2B

LINKPLAY EXHIBIT 1004
Page 2838 of 4822



WO 01/10125 PCT/US00/21127
4/11

End Node Equipment-——------—--

Digital Set top box

Cabile . | Digital video & audio v
" | modem decompression

Figure 3A - Conventional End Node Equipment

13

Content
Database

1 v

~__{Multimedia =
> Server i -—L{ End Node 5 | wants content A
1
i
; End Node 6 |
!
il End Node 7
1]

switch =& -  switch

< i
\.——5— End Node 8 | wants content B

;““" { End Node 9 | wants content C
]
———~1’ End Node 10

T End Node 11! wants content D

I End Node 12

—p»  switch

Figure 3B

LINKPLAY EXHIBIT 1004
Page 2839 of 4822



WO 01/10125

5/11

Digital Set top box

PCT/US00/21127

End Node Equipment--—--———,

- Cable Disk |Digital video & audio v
1 7 | modem | storage decompression
Figure 4A
End Node Equipment---—----—-----
. Cable or DSL | PC with disk Monitor
T modem " | storage

Figure 4B

LINKPLAY EXHIBIT 1004

Page 2840 of 4822



WO 01/10125

13

3

Content
Database

1 A 4

| Multimedia

Server

S

3

6/11

— | EndNode 5
=== (End Node 6
End Node 7

———

switch

A

switch

e em e,

""""; End Node 8

—p  switch

——==""{End Node 10

v [

g‘ }
zZ

2

o

“TE===="" [End Node 12

Figure 4C

wants content A

has content A

wants content B

has content B
wants content C

has content C, D

wants content D

has content B

PCT/US00/21127

LINKPLAY EXHIBIT 1004

Page 2841 of 4822



WO 01/10125

switch

PCT/US00/21127
7/11
13 download 0-15%
Content ':':—“_;_E—M wants content A
Database ! ="
14 Hom has 0-5%, 50-55% of content A, B, C, D, E, F
{' ]
p- Mulimedia |} Spmeoes has 5-10%, 55-60% of content A, B, C, D, E, F
Tpmmmmms has 10-15%, 60-65% of content A, B, C, D, E, F
3
has 15-20%, 65-70 of content A, B, C, D, E, F
-t » switch
- -———@@ has 20-25%, 70-75 of content A, B, C, D, E, F
———@ has 25-30%, 75-80% of content A, B, C, D, E, F
- switch
has 30-35%, 80-85% of content A, B, C, D, E, F
4

End Node 14

has 35-40%, 85-90% of content A, B,C,D, E, F

has 40-45%, 90-95% of content A, B,C,D, E,F

L {EndNode 15) has 45-50%, 95-100% of content A, B, C, D, E, F
Figure SA

LINKPLAY EXHIBIT 1004
Page 2842 of 4822



WO 01/10125

Content
Database

>

switch |« >

1

A 4

Multimedia

Server

8/11

download 15-30%
—End Node 6 |

switch

L {End Node 14]

End Node 15)

PCT/US00/21127

wants content A

has 0-5%, 50-55% of content A, B, C,D,E, F

has 5-10%, 55-60% of contentA, B, C,D, E, F

has 10-15%, 60-65% of content A, B, C, D, E,F

has 15-20%, 65-70 of contentA, B,C, D, E, F

has 20-25%, 70-75 of content A, B,C, D, E, F

has 25-30%, 75-80% of contentA, B,C, D, E, F

has 30-35%, 80-85% of content A, B,C,D, E, F

has 35-40%, 85-90% of content A, B,C,D, E, F

has 40-45%, 90-95% of content A, B, C,D, E, F

has 45-50%, 95-100% of content A, B,C, D, E, F

Figure SB

LINKPLAY EXHIBIT 1004
Page 2843 of 4822



WO 01/10125 PCT/US00/21127
9/11

Provider Equipment

3 4

5

Router r—»
L DSL Modem

1 | File Server {4 Ethemet
Switch

Internet public
network

6

DSL Modem N_}

[

Multimedia
Server

Content
Database

twisted pair telephone line

13

Figure 6

LINKPLAY EXHIBIT 1004
Page 2844 of 4822



WO 01/10125

10/11

PCT/US00/21127

EUU #1 notifies central server: it is active and ready

'

Central server transmits data block N to EUU #1.
EUU #1 saves data.

A4

EUU #2 notifies central server: it is active and ready.

It requests data block N.

v

Central server notifies EUU #2 that data block N will
be transmitted by EUU #1.

A

Central server commands EUU #1 to transmit data
block N to EUU #2.

Y

EUU #1 transmits data block N to EUU #2. Internet
transmit address is EUU #1's, internet receiving
address is EUU #2's.

'

EUU #2 receives data from EUU #1 and notifies
central server that transfer is complete.

Figure 7

LINKPLAY EXHIBIT 1004
Page 2845 of 4822



WO 01/10125 PCT/US00/21127
11/11

Control  peemeeeemeeoeeee
Server A .

Web
».| ServerB

step1

Vomamamew -
emmame e —-—)

End Node C :t 11 End Node D

Multimedia Multimedia
Content |eg-m-—-—w-==an== ‘ - Content
ServerE | step 3 step3 | ServerF

Internet
Figure 8A
Control
Server A Web
Server B
End Node C - > End Node D
step 4 fy >

il

i

il

Multimedia P Multimedia
Content B Content
ServerE | step 4 step4 | ServerF

L
Internet
Figure 8B

LINKPLAY EXHIBIT 1004
Page 2846 of 4822



INTERNATIONAL SEARCH REPORT

International application No.
PCT/US00/21127

A. CLASSIFICATION OF SUBJECT MATTER
IPC(7) :HO4N 7/173
US CL  :709/219

According to International Patent Classification (IPC) or to both national classification and IPC

B. FIELDS SEARCHED

Minimum documentation searched (classification system followed by classification symbols)

U.S. : 709/219; 345/327; 348/7,12,13; 455/4.2, 5.1; HO4N 7/173, 7/16

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched

Electronic data base consulted during the international search (name of data base and, where practicable, search terms used)

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category* Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.
A US 5,815,194 A (UEDA) 29 September 1998 1-22
whole document
A US 5,873,022 A (HUIZER et al.) 16 February 1999 1-22
whole document
A US 5,884,141 A (INOUE et al.) 16 March 1999 1-22

whole document

D Further documents are listed in the continuation of Box C.

See patent family annex.

* Special categories of cited documents:

“A" document defining the general state of the art which is not considered
to be of particular relevance

"E" earlier document published on or after the international filing date

"L document which may throw doubts on priority claim(s) or which is

cited to establish the publication date of another citation or other

special reason (as specified)

“o" document referring to an oral disclosure, use, exhibition or other
means

P document published prior to the international filing date but later than

the priority date claimed

ny

&

later d published after the inter | filing date or priority
date and not in conflict with the application but cited to understand the
principle or theory underlying the invention

document of particular relevance; the claimed invention cannot be
considered novel or cannot be considered to involve an inventive step
when the document is taken alone

document of particular relevance: the claimed invention cannot be
considered to involve an inventive step when the document is
combined with one or more other such d such comb

being obvious to.a person skilled in the art

document member of the same patent family

Date of the actual completion of the international search

10 NOVEMBER 2000

Date of mailing of the international search report

08 JAN 2005 ]

Name and mailing address of the ISA/US
Commissioner of Patents and Trademarks
Box PCT
Washington, D.C. 20231

Facsimile No.  (703) 305-3230

Authorized officer

Telephone No.

CHRISTOPHER GRAN

Wi

(703) 3058755

Form PCT/ISA/210 (second sheet) (July 1998)

LINKPLAY EXHIBIT 1004
Page 2847 of 4822



O 0 0 0O A R

WO 02/073851 Al

(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(19) World Intellectual Property Organization
International Bureau

(43) International Publication Date
19 September 2002 (19.09.2002)

PCT

OO

(10) International Publication Number

WO 02/073851 Al

(51) International Patent Classification’; H04J) 3/06

(21) International Application Number: PCT/US02/07082

(22) International Filing Date: 7 March 2002 (07.03.2002)

(25) Filing Language: English

(26) Publication Language: English
(30) Priority Data:

09/805,735 13 March 2001 (13.03.2001) US

(71) Applicant: PULSE-LINK, INC. [US/US]; 9155 Brown
Deer Road, Suite 8, San Diego, CA 92121 (US).

(72) loventor: TAYLOR, James, 8 Allee de la

Grenouillere, 78680 Epone (FR).

L.;

(74) Ageat: BRISSON, Timothy A.; SIERRA PATENT
GROUP, LTD., PO. Box 6149, Stateline, NV 89449 (US).

(81) Designated States (rational): AE, AG, AL, AM, AT, AU,
AZ,BA, BB, BG, BR, BY, BZ, CA, CH, CN, CO, CR, CU,
CZ, DE, DK, DM, DZ, EC, EE, ES, FI, GB, GD, GE, GH,
GM, HR, HU, ID, IL,, IN, IS, JP, KE, KG, KP, KR, KZ, LC,
LK, LR, LS, LT, LU, LV, MA, MD, MG, MK, MN, MW,
MX, MZ, NO, NZ, OM, PH, PL, PT, RO, RU, SD, SE, SG,
SI, SK, SL, TJ, TM, TN, TR, TT, TZ, UA, UG, UZ, VN,
YU, ZA, ZM, ZW.

(84

-

Designated States (regional): ARIPO patent (GH, GM,
KE, LS, MW, MZ, SD, SL, SZ, TZ, UG, ZM, ZW),
Eurasian patent (AM, AZ, BY, KG, KZ, MD, RU, TJ, TM),
European patent (AT, BE, CH, CY, DE, DX, ES, FI, FR,
GB, GR, IE, IT, LU, MC, NL, PT, SE, TR), OAPI patent
(BF, BJ, CF, CG, CI, CM, GA, GN, GQ, GW, ML, MR,
NE, SN, TD, TG).

Published:
with international search report

[Continued on next page]

(54) Title: MAINTAINING A GLOBAL TIME REFERENCE AMONG A GROUP OF NETWORKED DEVICES

600

Receive Packet
Check HIPERLAN ID

match

602

604 Lookup Request?

Jno

4

no match

606 Check Global Time Reference

608

Special Value?
no

610—___|

Calculate Difference

v

612—____| Update Free Running Clock Offset

(57) Abstract: Synchronization
is maintained among a plurality of
network devices (102,... having
local clocks. A first packet including
global time reference (606) derived
from local clock is broadcast from a
first network device to other devices.
The clocks of the network devices are
adjusted. The difference between a
free running clock and a first network
global time reference is determined
(610). A first network offset is
calculated (612). Similarly, a second
network offset is calculated to account
for the difference between the free
running clock and the second nelwork
global time reference.

yes

620@

LINKPLAY EXHIBIT 1004
Page 2848 of 4822



wo 02/073851 A1 WY 00 0 O

—  before the expiration of the time limit for amending the  For two-letter codes and other abbreviations, refer to the "Guid-
claims and to be republished in the event of receipt of ance Notes on Codes and Abbreviations" appearing at the begin-
amendments ning of each regular issue of the PCT Gazette.

LINKPLAY EXHIBIT 1004
Page 2849 of 4822



10

15

20

25

30

35

WO 02/073851 PCT/US02/07082

MAINTAINING A GLOBAL TIME REFERENCE
AMONG A GROUP OF NETWORKED DEVICES

FIELD OF THE INVENTION
The present invention relates generally to networks of devices. More specifically,

maintaining a global time reference in an ad hoc wireless network is disclosed.

BACKGROUND OF THE INVENTION

Wireless networks are becoming increasingly important as solutions for transferring
data among devices that move, are located in a home, or are otherwise situated so that it is
desirable to connect the devices without wires. Numerous physical and MAC layer
solutions have been proposed. For example, a baseband ultra wideband wireless network is
described in U.S. Patent Application No. 09/393,126 "Baseband Wireless Network for
Isochronous Communication” by Aiello, et. al., which is herein incorporated by reference.
An ultra wide band network transmits a signal that covers a very large portion of the
frequency spectrum but transmits at a very low power in any individual frequency band.

Wireless networks are sometimes referred to as ad hoc networks because the network
is comprised of devices that happen to be within the broadcast vicinity of the other devices
in the network. Devices may join or leave the network as they are powered up or move out
of range. A particular ad hoc network is described in the HIPERLAN Type 1, Functional
Specification, ETS 300 652 published by the European Telecommunications Standards
Institute. It is available at www.etsi.org.

Figure 1 is a block diagram illustrating a set of wireless devices that communicate
together in a wireless ad hoc network. Video player 102 transmits an audio signal td
speakers 106a, 106b, 106c and 106d. Video player 102 also transmits a video signal to
screen 104. Screen 104 and speakers 106 may also transmit information to each other or to
video player 102. |

For an application such as the one shown in Figure 1, it is readily seen that
synchronization among the various devices is important to achieve a desirable result.
Different amounts of delay or jitter may exist in the signal paths between video player 102,

speakers 106a and 106b, and screen 104. If the difference in delay is significant, then the
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video presentation shown on screen 104 may not be properly synchronized with the audio
being played on the speakers. Even worse, if speaker 106a and speaker 106b are not
properly synchronized, then the left and right stereo audio channels could become separated
in time, resulting in an unpleasant audio experience. Thus, it would be useful if a method of

synchronizing the devices in such a wireless network could be developed.

SUMMARY OF THE INVENTION

Accordingly, a system and method for maintaining a global time reference among a
group of wireless devices participating in a wireless network is disclosed. It should be
noted that the techniques described herein may also be applied to other networks including
certain networks that transmit signals partially or wholly using wires, fiberoptic cables or
other means. For the purposes of example, this specification will describe in detail a
wireless network and in particular a wireless ad hoc network that uses the HIPERLAN
standard. It should be appreciated that the invention is not limited to such a network and
that the techniques described are applicable to many different types of networks.

In one embodiment, each device in a network maintains its own clock. Instead of
designating the clock of one particular device as the master clock, each device transmits its
own clock signal or part of its own clock signal when it sends a packet to other devices in
the network. The devices receiving the packet read the clock signal and adjust their own
clocks to the transmitted value. This clock adjustment is made in a manner that causes the
clocks to smoothly approach a common value without oscillating in an unstable manner.

It should be appreciated that the present invention can be implemented in numerous
ways, including as a process, an apparatus, a system, a device, a method, or a computer
readable medium such as a computer readable storage medium or a computer network
wherein program instructions are sent over optical or electronic communication links.
Several inventive embodiments of the present invention are described below.

In one embodiment, synchronization is maintained among a plurality of network
devices having local clocks that participate in a network. A first packet is broadcast from a
first network device to other network devices that participate in the network. The first
packet includes a global time reference derived from the local clock of the first network
device. The clocks of the network devices that receive the first packet are adjusted to be

closer to the local clock of the first network device.
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In one embodiment, a first network local time reference and a second network local
time reference are maintained for a device that participates in a first network and a second
network. A free running clock is maintained on the device. The difference between the
free running clock and a first network global time reference is determined. A first network
offset is calculated to account for the difference between the free running clock and the first
network global time reference. The difference between the free running clock and a second
network global time reference is determined. A second network offset is calculated to
account for the difference between the free running clock and the second network global
time reference.

These and other features and advantages of the present invention will be presented in
more detail in the following detailed description and the accompanying figures which

illustrate by way of example the principles of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will be readily understood by the following detailed
description in conjunction with the accompanying drawings, wherein like reference
numerals designate like structural elements, and in which:

Figure 1 is a block diagram illustrating a set of wireless devices that communicate
together in a wireless ad hoc network.

Figure 2 is a diagram illustrating in some detail how a channel may introduce delay
and jitter into the timing of packets sent from a transmitter to a receiver.

Figure 3 is a diagram illustrating how the timestamp, referred to as the global time
reference is inserted into a packet header.

Figure 4A is a diagram illustrating how the global time reference is split into a most
significant part and a least significant part.

Figure 4B is a diagram illustrating a memory register that stores the free running
clock. The free running clock is a 32 bit clock.

Figure 4C is a diagram illustrating a memory register that stores the free running
clock offset.

Figure 5 is a diagram illustrating an embodiment where devices belong to two
different ad hoc networks and a new device is joining one of the networks.

Figure 6 is a flow chart illustrating a process that a network device executes when a
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packet that includes a global time reference is received to determine whether to adjust the
network device local time reference.

Figure 7A is a flow chart illustrating a process for including a global time reference
in a packet.

Figure 7B 1s a flow chart illustrating a process executed by a receiver to prepare to

update its free running clock offset.

DETAILED DESCRIPTION

A detailed description of a preferred embodiment of the invention is provided below.
‘While the invention is described in conjunction with that preferred embodiment, it should
be understood that the invention is not limited to any one embodiment. On the contrary, the
scope of the invention is limited only by the appended claims and the invention
encompasses numerous alternatives, modifications and equivalents. For the purpose of
example, numerous specific details are set forth in the following description in order to
provide a thorough understanding of the present invention. The present invention may be
practiced according to the claims without some or all of these specific details. For the
purpose of clarity, technical material that is known in the technical fields related to the
invention has not been described in detail so that the present invention is not unnecessarily
obscured.

Figure 2 is a diagram illustrating in some detail how a channel may introduce delay
and jitter into the timing of packets sent from a transmitter to a receiver. Transmitter 200
sends packets in an isochronous manner. That is, each packet begins transmission at a
regular interval. The difference in time between t, t, t; and t, is constant. Channel 202
introduces delay and jitter into the transmission so that A; A, A, and A, time delays are
added to each of the times that the respective packets are received by the receiver 204.
Thus, the evenly spaced transmitted packets are not evenly spaced when they are received.

So long as there is only one transmitter and one receiver, the inter packet timing can
be corrected at the receiver if a timestamp is included at the beginning of each packet. The
difference between each of the timestamps would indicate the correct relative time spacing
of the packets enabling the receiver to reposition or perhaps even reorder the packets in
time.

When there are more than two devices, then simply timestamping the packets will

4
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not synchronize the display of data among the devices. It should also be noted that even
when there are only two devices, the timestamp can adjust the relative spacing between
packets but it does not facilitate making sure that events occur on the receiver at a specific
time relative to an event occurring at the transmitter. Referring back to the example shown
in Figure 1, even if packets sent from video player 102 to left and right speakers 106a and
106b are timestamped, there may still be a time offset between the left and right stereo
channels. The timestamp on the packets only serves to enable each of the channels to
correctly position in time the packets that it receives.

In order to synchronize the video or audio display of information received in packets
over the wireless network or otherwise coordinate the use of information received from
packets, a clock is maintained on each of the network devices that is in synchronization
with the clocks on each of the other network devices.

In one embodiment, a clock is specified for each network device that needs to be
correct only to about S parts per million. In order to maintain acceptable synchronization
between all of the device clocks on the network, each time one of the devices transmits a
packet, the device includes in the packet header at a well defined point the value or, as
described below, part of the value of its clock. When the other devices receive that packet,
they adjust each of their respective clocks toward the time indicated by the timestamp. As
described below, in one embodiment, the time adjustment is implemented by calculating a
clock offset and the clock offset is calculated by taking half the difference between the
device clock and the timestamp.

Figure 3 is-a diagram illustrating how the timestamp, referred to as the global time
reference is inserted into a packet header. Packet header 300 includes a clock sync
sequence 302. Clock sync sequence 302 is chosen to be an appropriate sequence to
facilitate the receiver acquiring a clock signal used to sample the remainder of the packet.
Frame sync sequence 304 is included next for the purpose of precisely identifying the
beginning of encoded data in the packet. Thus, the end of the frame sync sequence
precisely determines the beginning of a frame. Any number of well known frame sync
sequences may be used. In one embodiment, a 13 bit Barker code is used. As soon as the
frame sequence is sent, the transmitter records its local time reference.

It should be noted that ideally, the local time reference of the transmitter will agree

with the local time reference kept at each of the devices participating in the network. If that
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is the case, then each of the local time references actually is a global time reference because
it is in agreement with every other local time reference in the system. For the purpose of
this explanation, the local time reference that the transmitter records and then inserts in the
packet will be referred to as the global time reference. That is because the transmitter
asserts it to be the global time reference and it is the time that all receiving devices will
adjust their own local time references toward. It should also be noted that each device
considers its own local time reference to be the global time reference and asserts that its
own local time reference is the global time reference it transmits a packet. Thus, each
transmitting device asserts its local time reference as the global time reference when it
includes its local time reference in a packet that it broadcasts to the other devices. Over
time, as enough packets are sent, all of the local time references converge to the same
global time and the broadcast global time reference results in only small, if any, changes by
receiving devices.

Global time reference 306 is inserted in the packet after frame sync sequence 304. In
the embodiment shown, the global time reference is inserted immediately after the frame
sync sequence, but that is not required. The receiver notes its local time reference at the
time when the frame sync sequence is detected and the frame sync sequence signal is
asserted. The global time reference from the packet may be read immediately or it may be
read much later, so long as it is compared to the time when the frame sync sequence signal
is asserted. Thus, global time reference 306 may occur in the packet immediately following
frame sync sequence 304 or may occur at a later point in the packet. The remainder of the
packet 308 is then sent. The remainder of the packet will likely include further information
for the packet header as well as finally the packet payload of data.

It should be noted that in one embodiment, the entire global time reference is not
included in the packet. Instead, only the least significant bits, referred to as the least
significant part, of the global time reference is included. It is sufficient to include just the
least significant part of the global time reference so long as the difference between the
clocks is less than the amount of time counted by the least significant part of the global time
reference. This condition is met if the amount of drift between the clocks before an
adjustment is made is not enough to move the clocks out of synchronization by more than
the maximum amount of time that can be represented by the least significant part. In one

embodiment, a 32 bit global time reference is used and the least significant part that is
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transmitted with each packet is the least significant 12 bits of the 32 bit global time
reference.

In the embodiment described above, the relative clock drift of the clocks being used
is about 5 parts per million (ppm) and the clock rate is 1 MHz. The least significant part of
the global time reference can count up to 2'> microseconds. Therefore, the clocks would
need to be updated before a 2'> microsecond error could accumulate. For a 1 MHz clock
with 5 ppm accuracy, the maximum time interval between updates would be on the order of
about 5 minutes, depending on the method of updating used. Of course, the maximum time
interval varies in different systems depending on the speed and accuracy of the clock and
the number of bits transmitted with the least significant part of the clock. If more of the
global time reference is provided in the least significant part, then the frequency of update is
lower. For example, if 14 bits are used, then the least significant part of the global time
reference can accurately represent a cumulative drift of up to 2'* microseconds. Assuming
that the relative clock drift is unchanged, then updates would be required only one fourth as
often.

One advantage of the described arrangement where the global time reference is
included along with every packet sent by one of the devices participating in the network is
that as the amount of network traffic increases, updates of the local time references ocecur
more frequently. This decreases the variance among the local time references. .

Figure 4A is a diagram illustrating how the global time reference is split into a most
significant part and a least significant part. As mentioned above, the most significant part
is, in one embodiment, 20 bits and the least significant part is 12 bits. The size of the least
significant part may be increased to reduce the required frequency of updates at the cost of
requiring more overhead for transmission. It should also be noted that, in addition to the
least significant part being incuded in packets that are sent by each of the devices,
periodically a MAC layer protocol prompts one or more of the devices to broadcast the
entire global time reference, that is both the most significant part and the least significant
part. In one embodiment, the global time reference is broadcast every 20 seconds. The
reason for periodically broadcasting the entire global time reference is to allow for an error
that occurred in one of the devices that changed the global time reference by more than the
maximum time represented by the least significant part of the global time reference to be

corrected.
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In different embodiments, the task of broadcasting the entire global time reference
may be performed by either one or all of the devices participating in the network. For
example, each device may be directed to broadcast the global time reference periodically.
The periodic broadcast may be staggered. Alternatively, the MAC layer protocol may
direct a designated device to broadcast the entire global time reference at certain intervals.

Figure 4B is a diagram illustrating a memory register that stores the free running
clock. The free running clock is a 32 bit clock. As mentioned previously, in one
embodiment, the clock isa 1 mégahertz clock. In other embodiments, the clock rate may be
set as desired. Preferably, the free running clock is read only. That is, adjustments to the
global time reference are not written to the clock. Rather, a free running clock offset is
defined such that the global time reference is equal to the sum of the free running clock plus
the free running clock offset.

Figure 4C is a diagram illustrating a memory register that stores the free running
clock offset. Like the free running clock, the free running clock offset is a 32 bit register.
However, the free running clock offset may be written as well as read. Each time a global
time reference is received from one of the other devices, the free running clock is adjusted
so that the sum of the free running clock and the free running clock offset converges toward
the global time reference specified by the broadcasting device.

In different embodiments, adjustments to the local time reference based on the
received global time reference are made according to different schemes. In one
embodiment, a linear adjustment to the local time reference is made based on the difference
between the received global time reference and the local time reference. The adjustment
may be represented by the equation:

AFRCO=(GTR-LTR) * L.

Where AFRCO is the change in the free running clock offset. GTR is the global time
reference received with a packet. LTR is the current value of the local time reference stored
by the device. As mentioned above, after several packets are received and adjustments are
made, the local time references stored on each of the devices will converge toward a single
value and that value will be the global time reference. L is a linear factor that adjusts the
amount that the free running clock offset is adjusted compared to the difference between the
global time reference and the local time reference that is computed. In one embodiment, L

is equal to .5 and the adjustment to the free running clock offset is equal to half the

LINKPLAY EXHIBIT 1004
Page 2857 of 4822



10

15

20

25

30

35

WO 02/073851 PCT/US02/07082

difference between the received global time reference and the stored local time reference.

Adjustment schemes are used in different embodiments that make non-linear
adjustments to the free running clock offset based on the difference between the global time
reference and the local time reference. In one embodiment, the change to the free running
clock offset is equal to a scaling factor times the square of the difference between the global
time reference and the local time reference. Squaring the difference between the two
references has the advantage of making greater changes to the free running clock offset if
the difference between the global time reference and the local time reference is large. If the
square of the difference is used, then the sign of the difference between the global time
reference and the local time reference is computed and applied to the difference so that the
free running clock offset is adjusted in the proper direction.

In another embodiment, another non-linear adjustment scheme is implemented to
allow the system to be more robust. The difference between the global time reference and
the local time reference is computed. If the difference is greater than a threshold, then no
adjustment is made to the local time reference. If the difference is less than a threshold,
then the adjustment is made. Thus, if one of the devices in the network malfunctions or a
new device signing on to the network attempts to assert a global time reference that is
incorrect and would perturb the global time reference agreed upon by the current devices in
the network, that device’s assertion of the global time reference may be ignored.

In some embodiments, the threshold test can be turned off under certain
circumstances. For example, if more than a certain number of changes are rejected by a
device, then the threshold function may be temporarily turned off. This would be
appropriate since a device that is receiving a large number of global time references that
differ from its local time reference by a great amount most likely is actually incorrect by a
large amount. A counter may be used to count the number of recent times that the
difference between a received global time reference and the local time reference exceeds the
threshold. In one embodiment, the counter is programmed to only count global time
references from unique sources so that a single inaccurate source broadcasting repeatedly
will be ignored. Both the threshold and the number of times that the threshold must be
exceeded to turn off the threshold test may be programmed or may be preset.

Figure 5 is a diagram illustrating an embodiment where devices belong to two

different ad hoc networks and a new device is joining one of the networks. Devices 502,
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504, 506, and 508 all belong to a first ad hoc network 530. Device 508 along with devices
512 and 514 also belong to an ad hoc network 540. Device 522 is requesting to join
network 530. As mentioned above, in one embodiment, the HIPERLAN protocol is utilized
by the wireless ad hoc networks. In such an embodiment, each network has its own
HIPERLAN ID. The HIPERLAN ID is included in packets sent by devices.

The two separate networks can have two separate independent clocks with a device
such as device 508 that participates in both networks maintaining two separate clocks.
More precisely, the device need only maintain a single free running clock and keep track of
two free running clock offsets. Changes are applied to each of the respective free running
clock offsets to keep track of the two different global times for the networks. Thus, device
508 may have a single free running clock but two registers used to calculate two different
free running clock offsets to adjust the free running clock time to the global time of
whichever network it is participating in at a given moment.

Other aspects of the HIPERLAN specification are used to facilitate the
implementation of a global time reference shared among the devices of an ad hoc network.
For example, the entire global time reference may be periodically broadcast using a Hello
packet as described in the specification. The standard Hello procedure is modified to carry
the full global time reference. The Hello procedure is described more fully in the
HIPERLAN Type 1, Functional Specification, ETS 300 652 at 6.5.4 Neighbour Information
Declaration. See also 6.1.14 Neighbour Information Base and 6.1.15 Hello Information
Base.

As described above, a device may use the HIPERLAN ID to determine whether a
packet belongs to its network and therefore whether to adjust its local time reference toward
the global time reference specified in the packet. Also, a reserved network management ID
may be used by devices joining the network. Network devices may be configured to ignore
time references included in HIPERLAN lookup requests.

Various methods may be implemented to avoid a stable network global time
reference from being perturbed by a new device. In one embodiment, new devices are
instructed to provide a global time reference of all 0's which is a special value that is
ignored by all network devices. Also, a new device is preferably configured to initially set
its local time reference to equal a received global time reference instead of adjusting its

local reference as described above. Specification of conventions for new devices, however,
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does not protect against rogue devices that do not observe the correct conventions or
devices that belong to other networks. For that reason, other procedures such as checking
the HIPERLAN ID or rejecting certain large changes may also be implemented.

Figure 6 is a flow chart illustrating a process that a network device executes when a
packet that includes a global time reference is received to determine whether to adjust the
network device local time reference. The process starts at 600. In step 602, the
HIPERLAN ID is checked. If there is no match, then the process ends at 620. If there is a
match, then control is transferred to step 604 and it is determined whether the packet is a
look up request. If the packet is a look up request, then the process ends at 620. If the
packet is not a lookup request, then control is transferred to step 606 and the global time
reference is checked. In step 608, it is determined whether the global time reference is a
special value. If itis, then control is transferred to 620 and the process ends. If the global
time reference is not a special value, then control is transferred to step 610 and the
difference between the global time reference and the local time reference is calculated.
Then, in step 612, the free running clock offset is updated. The free running clock may be
updated according to any of the linear or nonlinear schemes described above or any other
appropriate scheme. The process then ends at 620.

Figure 7A is a flow chart illustrating a process for including a global time reference
in a packet. The process starts at 700 when a clock sync sequence is written. Next, in step
702, the frame sync sequence is written. As soon as the frame sync sequence is completed
the local time reference of the transmitting device is read in step 704. This value will be
inserted into the packet as the global time reference corresponding to the time that the frame
sync sequence was finished. Next, in step 706, the global time reference is written into the
packet. It should be noted that other steps may intervene between steps 704 and 706. The
key point is that the global time reference is stored either immediately after or at some
specific time after the frame sync sequence is completed so that the receiving device can
compare its local time reference to the transmitted global time reference at a specific
reference point.

Figure 7B is a flow chart illustrating a process executed by a receiver to prepare to
update its free running clock offset. The process starts at 710 when the frame sync
sequence is detected. The local time is immediately stored in step 712. It should be noted

that although it is preferred that the local time be stored immediately, it is also possible to
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store the local time at a set period of time after the assertion of the frame sync signal. Then,
in step 714, the global time reference is read from the packet. In this manner, the
transmitted global time and the local time are stored at a specific point in time referenced to
the writing of the frame sync sequence and the detection of the frame sync sequence,
respectively. In this manner, the local time reference and the global time reference can be
compared and the free running clock offset can be appropriately adjusted.

Maintaining a global time reference in an ad hoc network has been disclosed. Each
device maintains a local free running clock and a local free running clock offset, which
together comprise a local time reference. Each free running clock is adjusted toward a
received global time reference that is the local time reference of whatever device happens to
be broadcasting. In this manner, eventually all of the local time references of devices in the
network converge. A device may participate in more than one network by keeping track of
one free running clock offset for each network.

Although the foregoing invention has been described in some detail for purposes of
clarity of understanding, it will be apparent that certain changes and modifications may be
practiced within the scope of the appended claims. It should be noted that there are many
alternative ways of implementing both the process and apparatus of the present invention.
Accordingly, the present embodiments are to be considered as illustrative and not
restrictive, and the invention is not to be limited to the details given herein, but may be

modified within the scope and equivalents of the appended claims.
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WHAT IS CLAIMED IS:
1. A method of maintaining synchronization among a plurality of network devices
having local clocks that participate in a network comprising:
broadcasting a first packet from a first network device to other network devices that
participate in the network wherein the first packet includes a global time reference derived
from the local clock of the first network device; and
adjusting the clocks of the network devices that receive the first packet to be closer to
the local clock of the first network device.
2. A method of maintaining synchronization among a plurality of network devices as
recited in claim 1 further including:
broadcasting a second packet from a second network device to other network devices
that participate in the network wherein the second packet includes a global time reference
derived from the local clock of the second network device; and
adjusting the clocks of the other network devices network devices that receive the
second packet to be closer to the local clock of the second network device.
3. A method of maintaining synchronization among a plurality of network devices as
recited in claim 1 wherein the global time reference includes the least significant part of the
local clock of the first network device and does not include the most significant part of the
local clock of the first network device.
4. A method of maintaining synchronization among a plurality of network devices as
recited in claim 3 wherein the most significant part of one of the network device local
clocks is broadcast periodically and the most significant parts of all local clocks are
conformed to the broadcast most significant part.
5. A method of maintaining synchronization among a plurality of network devices as
recited in claim 1 wherein adjusting the clocks of the network devices that receive the first
packet to be closer to the local clock of the first network device includes adjusting the
clocks of the network devices according to a linear function of the difference between the
unadjusted value of the clock being adjusted and the broadcast global time reference.
6. A method of maintaining synchronization among a plurality of network devices as
recited in claim 1 wherein adjusting the clocks of the network devices that receive the first

packet to be closer to the local clock of the first network device includes adjusting the
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clocks of the network devices by approximately one half the difference between the
broadcast global time reference and the unadjusted value of the clock being adjusted.
7. A method of maintaining synchronization among a plurality of network devices as
recited in claim 1 wherein adjusting the clocks of the network devices that receive the first
packet to be closer to the local clock of the first network device includes adjusting the
clocks of the network devices according to a nonlinear function of the difference between
the unadjusted value of the clock being adjusted and the broadcast global time reference.
8. A method of maintaining synchronization among a plurality of network devices as
recited in claim 7 wherein the nonlinear function of the difference between the unadjusted
value of the clock being adjusted and the broadcast global time reference causes
substantially no adjustment to the clock being adjusted when the difference between the
unadjusted value of the clock being adjusted and the broadcast global time reference is
greater than a maximum adjustable difference.
9. A method of maintaining synchronization among a plurality of network devices as
recited in claim 1 wherein the global time reference is derived from the local clock of the
first network device immediately after a frame synchronization portion of a packet is
transmitted.
10. A method of maintaining synchronization among a plurality of network devices as
recited in claim 1 wherein adjusting the clocks of the network devices that receive the first
packet to be closer to the local clock of the first network device includes comparing the
local clock of a receiving network device at the instant that frame synchronization is
detected to the transmitted global time reference.
11. A method of maintaining synchronization among a plurality of network devices as
recited in claim 1 wherein all data packets broadcast by any network device that participates
in the network includes a global time reference derived from the local clock of the
broadcasting network device so that as more data is transmitted, the local clocks of the
receiving network devices are updated more frequently.
12. A method of maintaining a first network local time reference and a second network
local time reference for a device that participates in a first network and a second network
comprising:

maintaining a free running clock on the device;

determining the difference between the free running clock and a first network global

14
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time reference;

calculating a first network offset to account for the difference between the free
running clock and the first network global time reference;

determining the difference between the free running clock and a second network
global time reference; and

calculating a second network offset to account for the difference between the free
running clock and the second network global time reference.

13. A receiving network device configured to maintain synchronization with a
transmitting network device comprising:

a receiving network device local clock;

an interface configured to receive a first packet from the transmitting network device
wherein the first packet includes a global time reference derived from a transmitting
network device local clock; and

a processor configured to adjust the receiving network device local clock to be closer
to the transmitting network device local clock.

14. A receiving network device configured to maintain synchronization with a
transmitting network device as recited in claim 13 wherein the receiving network device
local clock includes a free running clock and a free running clock offset.

15. A transmitting network device configured to maintain synchronization with a
receiving network device comprising:

a transmitting network device local clock;

an interface configured to transmit a first packet wherein the first packet includes a
global time reference derived from the transmitting network device local clock and wherein
the global time reference is used by the receiving network device to adjust the receiving
network device local clock to be closer to the transmitting network device local clock.

16. A network of devices comprising:

a transmitting network device configured to transmit a first packet wherein the first
packet includes a global time reference derived from a transmitting network device local
clock; and

a receiving network device configured to receive the first packet from the
transmitting network device and to adjust a receiving network device local clock to be

closer to the global time reference.
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5 17. A network device comprising:
a free running clock;
a processor configured to:
determine the difference between the free running clock and a first network
global time reference;
10 calculate a first network offset to account for the difference between the free
running clock and the first network global time reference;
determine the difference between the free running clock and a second network
global time reference; and
calculate a second network offset to account for the difference between the

15 free running clock and the second network global time reference.
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LOCALIZED AUDIO NETWORKS AND ASSOCIATED DIGITAL ACCESSORIES

Cross Reference To Related Patent Applications

This application is related to and claims priority from Provisional Patent Application
No. 60/378,413, filed May 6, 2002, titled "Localized Audio Networks and Associated Digital
Accessories," and from Provisional Patent Application No. 60/388,887, filed June 14, 2002,
tifled " Localized Audio Networks and Associated Digital Accessories," and from Provisional
Patent Application No. 60/452,230, filed March 4, 2003, titled " Localized Audio Networks
and Associated Digital Accessories," the contents of each of which are incorporated herein by

reference.

Technical Field

The present invention relates to localized wireless audio networks for shared listening
of recorded music, and wearable digital accessories for public music-related display, which

can be used in conjunction with one another.

Background

Portable audio players are popular consumer electronic 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
important considerations are the technical difficulties of reproducing 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.

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
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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.

Given the sharing of music, listeners will on occasion 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.

The carphones 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.

Furthermore, many people like to show their individual preferences, to exhibit
themselves, and to demonstrate their group membership. Furthermore, music preferences and
listening to music together are among the more important means by which individuals
express their individual 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.

One means for a person to express their identity through motion would be through
having wearable transducers 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.

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.

It is to the solution of these and other problems that the present invention is directed.
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Summary of the Invention

It is an object of the present invention to provide users a means of listening to music
together using mobile devices.

It is also an object of the present invention to provide users a means of choosing with
whom to listen to music.

It is additionally an object of the present invention to provide users the ability to
monitor the people that are listening together.

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.

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.

It is still further an object of the present invention to provide users to provide users
with means to choreograph the visual displays.

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 methods particularly pointed out in the
appended claims.

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 invention 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 wirelessly 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.
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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 enjoyment on the first
sharing device and simultaneously transmits 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 simultaneously.

The present invention yet further is related to a wireless communications system for
sharing audio entertainment 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 transmitted 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 announcement 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.

The present invention additionally is related to an audio entertainment device. The
device includes a signal 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 sclected from the group of stored audio
entertainment signals or audio entertainment signals transmitted from the transmitter of
another such device.

The present invention yet still is related to a system for identifying a first device that
introduces a music selection 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 selection

transmitted by the transmitter and received by the receiver, an individual musical identifier
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that is associated with the music selection, and an individual transmitter identifier that
identifies the transmitter. The transmitter identifier and the individual music identifier are
stored in association with each other in the receiver.

The present invention is still further related to an audio entertainment device. The
device includes a wireless transmitter for the transmission of audio entertainment signals and
a wireless receiver for the reception of the transmitted audio entertainment signals from a
transmitter of audio entertainment signals. A first manually-scparable connector 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.

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.

The present invention also is related to an earphone for listening to audio
entertainment allowing for the controlled 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.

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
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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.

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.

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 wirelessly transmitting synchronization signals from the first
music player device to the at least one second music player device. The method also includes
receiving the synchronization 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.

The present invention yet furthermore relates to a wireless communications system
for sharing audio entertainment 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
d§vice 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.

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
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selection, transmitting the control signals wirelessly, receiving the control signals, and
converting the control signals to a humanly-perceptible form.

The present invention further yet relates to a method for generating and storing
control signals corresponding to musical signals. The method includes the steps of playing
musical signals for a user and receiving manual 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.

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 fransducer
receptive of the output transducer signal provides a humanly-perceptible signal. An energy
source powers the input transducer, controller and output transducer.

The present invention also still relates to a wearable personal accessory controlled via
wireless communications. 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 receptive 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.

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.

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 controller further

generates the control signals. A transducer converts the audio signals into sound audible to
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the user and a wireless transmitter transmits the control signal to the wearable electronic
accessory.

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.

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 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.

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.

The present invention also relates to a device for transmitting control signals to a
wearable accessory receptive 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

Figure 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.
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Figure 2A is a schematic block diagram of a DJ with multiple independently
controlled LED arrays.

Figure 2B is a schematic block diagram of a DJ with an LED array with
independently controlled LEDs.

Figures 3A-C are schematic block diagrams of unit elements used in inter-unit
communications.

Figure 4 is a schematic flow diagram of DJ entraining.

Figures 5A-B are schematic block diagrams of DJs associated with multiple people
bound to the same master unit.

Figure 6 is a schematic block diagram of a cluster comprising a broadcast unit and
multiple receive units, with an external search unit.

Figure 7 is a schematic diagram of a broadcast unit transmission.

Figure 8A is a schematic block diagram of audio units with self-broadcast so that
audio output is highly synchronized.

Figure 8B is a schematic flow diagram for synchronous audio playing with multiple
rebroadcast.

Figures 9A and 9B are schematic block diagrams of hierarchically-related clusters.

Figure 10 is a top perspective view of an earphone with manually adjustable external
sound ports.

Figures 11 A and B are cross-sectional diagrams of a earpiece with an extender to
admit additional ambient sound.

Figure 12A is a schematic diagram of a modular audio unit.

Figure 12B is a schematic diagram of modular digital jewelry.

Figure 12C is a schematic block diagram of a modular transmitter that generates and
transmits control signals for digital jewelry from an audio player.

Figure 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.

Figure 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.

Figure 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.
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Figure 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.

Figure 13E is a schematic cross-section through a search unit and a broadcast unit in
which communications are provided via sonic transmissions in broadcast transmission mode.

Figure 13F is a schematic cross-section through a search unit and a broadcast unit in
which cqmmunications are provided via radio frequency transmissions in broadcast
transmission mode.

Figure 14A is a schematic block diagram of the socket configurations on the
broadcast unit and the receive unit.

Figure 14B is a schematic block flow diagram of using IP sockets for establishing and
maintaining communications between a broadcast unit and the receive unit, according to the
socket diagram of Figure 14A.

Figure 15 is a schematic block diagram of the IP socket organization used with
clusters comprising multiple members.

Figure 16 is a schematic block flow diagram of transfer of control between the
broadcast unit and the first receive unit.

Figure 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.

Figure 18A is a screenshot of an LCD display of a unit, taken during normal
operation.

Figure 18B is a screenshot of an LCD display of a unit, taken during voting for a new
member.

Figure 19 is a table of voting schemes for the acceptance of new members into a
cluster.

Figure 20 is a time-amplitude trace of an audio signal automatically separated into
beats.

Figure 21A is a block flow diagram of a neural network method of creating DJ
transducer control signals from an audio signal as shown in Figure 20.

Figure 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 Figure 20.

Figure 21C is a schematic flow diagram of a method to extract fundamental musical
patterns from an audio signal to create DJ control signals.

Figure 21D is a schematic flow diagram of an algorithm to identify a music model

resulting in a time signature.
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Figure 22A is a top-view diagram of an audio unit user interface, demonstrating the
use of buttons to create DJ control signals.

Figure 22B is a top-view diagram of a hand-pad for creating DJ control signals.

Figure 22C is a schematic block diagram of a set of drums used for creating DJ
control signals.

Figure 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.

Figure 24 is a schematic block diagram of a DJ unit with associated input transducers.

Figure 25 is a schematic flow diagram indicating music sharing using audio devices,
providing new means of distributing music to customers.

Figure 26 is a schematic diagram of people at a concert, in which DJs conveyed by
multiple individuals are commonly controlled.

Figure 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.

Figure 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.

Figures 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.

Figures 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.

Figure 30 comprises tables of ratings of audio unit users.

Figure 31 is tables of DJ, song and transaction information according to the methods
of Figure 25.

Figure 32A is a schematic block diagram of maintaining privacy in open transmission
communications.

Figure 32B is a schematic block diagram of maintaining privacy in closed
transmission communication.

Figure 33 is a schematic block diagram of a hierarchical cluster, as in Figure 9A, in
which communications between different units is cryptographically or otherwise restricted to

a subset of the cluster members.
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Figure 34A is a schematic block flow diagram of the synchronization of music
playing from music files present on the units 100.

Figure 34B is a schematic layout of a synchronization record according to Figure
34A.

Figure 35 is a schematic block diagram of DJ switch control for both entraining and
wide-area broadcast.

Figure 36 is a schematic block diagram of mode switching between peer-to-peer and

infrastructure modes.

Best Mode for Carrying-Out the Invention

Overview

Figure 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 DJ B. In this patent specification, “DJ” is used to denote either the singular “digital
jewel” or the plural “digital jewelry”.

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 transmitter/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 separately below,
but will be described with respect to the general functioning of the unit 100.

In operation, Unit A audio player 130 is playing recorded music under the control of a
person to be designated 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, removable disks, hard-disk drives or other hard storage media. Alternatively, the
audio signals can be received from broadcasts using analog (e.g. AM or FM) or digital radio
receivers. 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.

-12 -
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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 interchangeably.

The DJ 200 transduces the signal received by the DJ receiver 220 to a form
perceptible to the User A or other people near to him. This transduced form can include
audio, 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 transducers.

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 Aanda 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.

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
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
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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.

In general, the unit 100 will comprise, in addition to those elements described in
Figure 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 removable digital
storage, and other components.

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.

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 inexpensively.

Unit 100 Audio Qutput

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.

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
headphone’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
microphone associated with them, through which signals received are played back in
proportion through the headphone speakers, 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
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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.

Figure 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.

Figures 11 A and B are cross-sectional diagrams of an earpiece with an extender 980
that admits additional ambient sound. In Figure 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 Figure 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).

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 Figure 10, or accessories that can modify the structure of existing earphones
and headphones, as in Figure 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.

DJ 200 Transducers
DJs 200 will have a number of common elements, including communications
elements, energy storage elements, 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 transducers will be described.
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Light Transducers 240

The DJ 200 transducers are used to create perceptible 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 properties 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.

Figure 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 temporal patterns.

It 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 temporal 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.

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 100. In such
case, the controller 242 can modify the signal so 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
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invention for the different arrays to respond differently to the amplitude of the signal within a
frequency band or the total signal.

An alternative control of LED arrays is presented in Figure 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.

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,

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 Figures 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.

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
womn 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.

It is also convenient for there to be modular lighting arrangements in which the
configuration can easily changed by a user. One example of such a modular arrangement is

a light pipe made of a flexible plastic cable or rod, at one or both ends of which is positioned
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a light source that directs light into the rod. At predetermined locations along 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 refraction 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.

It 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-rechargeable batteries, rechargeable batteries, motion generators that can convert energy
from the motion of the user into electrical energy that can be used or stored, fuel cells or

other such energy stores or converters as are convenient.

Sound Transducers 260

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.

Alternative to headphone or earphone audio production, external speakers, which can
be associated with light transducers 240 or tactile transducers 250, can be used to enhance
audio reproduction from external speakers associated 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 accompanying 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.
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Tactile Transducers 250

DJs 200 can be configured with tactile transducers, which can provide vibrational,
rubbing, or pressure sensation. 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
transduction of a particular frequency, or light amplitudes can be converted into pressure
values.

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 alternatively
comprise a rubbing device, with an actuator that propels a tactile element tangentially across
the skin. The tactile transducer can also alternatively comprise a vibrational device, with an
actuator that drives an element normally to the skin. The tactile transducer can further
alternatively 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.

The tactile transducer can lack any moveable element, and can confer tactile sensation
through direct electrical stimulation. Such tactile elements are best used where skin
conductivity is high, which can include areas with mucus membranes.

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

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. Figure 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
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DJ receiver 220 and input transducers 1326. The input transducers 1326 can comprise one or
more of a microphone 1328 and an accelerometer 1330.

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.

For example, on a dance floor, the microphone 1328 can provide electrical signals
corresponding to the ambient music. These signals can be converted into transducer 1324
control signals in a manner similar to that described below for the automatic generation of
control signals according to Figures 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 input transducer 1326 output or as an input to the controller
1322 as it generates the signals for the output transducers 1324.

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 converted 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 directions 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-linecar combination of sensed acceleration can be
combined in aesthetic fashion.

It 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
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general, the information from the DJ receiver 220 and from the microphone 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 combination of the DJ receiver 220 and the accelerometer 1330.

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 DJ transducers provide constant illumination. 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 te Unit Communication

Units 100 transfer audio signals from the audio player in one unit 100 to the audio
player 130 of another unit 100. Figures 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.

In Figure 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 transferred
to a signal decompressor 302, where the compressed audio signal is converted into an
uncompressed form suitable 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.
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In Figure 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
transmitter/receiver 110. The Unit A decompressor 302 conditions 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 embodiment,
because compressed audio signals are transmitted between the units 100 transmitter/receivers
302, lower bandwidth communications means can be used in comparison with the
embodiment of Figure 3A.

In Figure 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 DJ 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.

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
transmitter/receiver 110, and thence to the Unit B signal decompressor 302 and speaker 300.

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.

Various hardware communications protocols will be discussed below with respect to
unit-to-unit communications, 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 preferably 500 feet, in order to allow units 100 sharing music to 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.
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Communications Protocols

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, HiperLAN,
ultra-wideband, 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 transmissions
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 capabilities, though it is possible for a unit to have only
reception capabilities. While the bandwidth of the broadcast is dependent 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.

‘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.

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.

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
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identifiers as part of the protocols. Custom radio frequency based protocols will require
protocols to allow signals to be tagged with specific identifiers.

A unit 100 that is transmitting signals can, within the spirit of the present invention,
be prevented from simultaneously 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 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. Alternatively, 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

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 requirement of the
DJ 200 is for reception only, although it is permissible for the DJ 200 to include transmission
capabilities (e.g. to indicate to the unit 100 when the DJ 200 energy storage 270 is near
depletion).

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 incorporates 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.

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 DJ control signals.

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
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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 DJs 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 distance.

Because there can be multiple unit 100/DJ 200 ensembles within a relatively short
distance, communications 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.

Figure 4 is a schematic flow diagram of DJ entraining. To entrain a DJ 200, the DJ is
set into entraining mode, ﬁreferably 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 mormal mode of operation, and will respond only to control signals

accompanied by the identifier of its master unit 200.
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It 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.

While DJs 200 will generally be bound to a master unit asso;iated with the same
person, this is not a requirement of the present invention. Figures SA-B are schematic block
diagrams of DJs 200 associated with multiple people bound to the same master unit. In
Figure SA, DJ A 200and DJ B 200 are both bound to the same DJ 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.

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
Figure 5A, configured with sound transducers 260 (see, for example, Figure 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 DJ B — that are carried by Person A and
Person B, respectively. In this case, both persons can listen to the same music.

Figure 5B shows the operation of a wide-arca broadcast 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
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.

Figure 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.
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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 individuals use a hand-pad to tap out control signals.
These control signals are either broadcast directly from the area of the broadcast DJ controlier
1374, or alternatively are broadcast 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 wireless 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 transmission
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.

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 transmiiters 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.

As described above, the wide-area broadcast transmitter 125 can transmit entriaing
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 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).
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Figure 35 is a schematic block diagram of DJ 200 switch control for both entraining
and wide-area broadcast. The DJ 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 conirol 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 alternatively 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.

Figure 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 electrically 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 wanis 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 arrangement
of output transducers 1324 with an alternative display module 1933 with a different
arrangement of output transducers 1325.

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. Figure 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 comprises 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 DJ transmitter
120.

The audio output from the player 131 is split both to the earphone 901 and to the

controller 241 (except, perhaps where the DJ transmitter transmits to a wireless earphone).
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The controller 241 automatically generates control 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 arrangement has the advantage that the digital jewelry
functionality can be obtained without the const of the components for the audio player 131,
and in addition, that the modular transmitter 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

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.

An important aspect of the present invention is the means by which groups of
individuals join together. Figure 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 transmits music, while the receive unit 730
receives the broadcasted 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.

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. Figure 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 Internet) and the
system determine the optimal mode to use. A peer-to-peer mode 1952 is well configured for
mutual communications 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 infrastructure mode 1956, which is of

particular usefulness in gaining access to a wide area network such as the Internet, through
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