wo 2011/002901 A1 | [0 0K 00 OO

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

(19) World Intellectual Property Organization

International Bureau

(43) International Publication Date
6 January 2011 (06.01.2011)

(10) International Publication Number

WO 2011/002901 Al

(51) International Patent Classification: HN, HR, HU, ID, IL, IN, IS, JP, KE, KG, KM, KN, KP,
HOSK 11/02 (2006.01) KR, KZ, LA, LC, LK, LR, LS, LT, LU, LY, MA, MD,
. L ME, MG, MK, MN, MW, MX, MY, MZ, NA, NG, NI,
(21) International Application Number: NO, NZ, OM, PE, PG, PH, PL, PT, RO, RS, RU, SC, SD.
PCT/US20 10/040627 SE, SG, SK, SL, SM, ST, SV, SY, TH, TJ, TM, TN, TR,
(22) International Filing Date: TT, TZ, UA, UG, US, UZ, VC, VN, ZA, ZM, ZW.
30 June 2010 (30.06.2010) (84) Designated States (unless otherwise indicated, for every
(25) Filing Language: English kind d regional protection available): ARIPO (BW, GH,
o ) GM, KE, LR, LS, MW, MZ, NA, SD, SL, SZ, TZ, UG,
(26) Publication Language: English ZM, ZW), Eurasian (AM, AZ, BY, KG, KZ, MD, RU, TJ,
(30) Priority Data: TM), European (AL, AT, BE, BG, CH, CY, CZ, DE, DK,
61/222,025 30 June 2009 (30.06.2009) us EE, ES, FI, FR, GB, GR, HR, HU, IE, IS IT, LT, LU,
LV, MC, MK, MT, NL, NO, PL, PT, RO, SE, S, SK,
(72) Inventors; and SM, TR), OAPI (BF, BJ, CF, CG, Cl, CM, GA, GN, GQ,
(71) Applicants : BLANCHETTI, Fosco [IT/IT]; Vide Za GW, ML, MR, NE, SN, TD, TG).
ccagna, 6, 1-54033 Carrara (MS) (IT). KATSAVOUNI- .
DIS, loannis [US/US]; 10754 Westminster Ave., LosAn- Declarations under Rule 4.17:
geles, California 90034 (US). — d inventorship (Rule 4.17(iv))
(81) Designated States (unless otherwise indicated, for every Published:

kind d national protection available): AE, AG, AL, AM,
AO, AT, AU, AZ, BA, BB, BG, BH, BR, BW, BY, BZ,

with international search report (Art. 21(3))

CA, CH, CL, CN, CO, CR, CU, CZ, DE, DK, DM, DO,
DZ, EC, EE, EG, ES, F, GB, GD, GE, GH, GM, GT,

(54) Title: SYSTEMS AND METHODS FOR TRANSMISSION OF UNINTERRUPTED RADIO, TELEVISION PROGRAMS
AND ADDITIONAL DATA SERVICES THROUGH WIRELESS NETWORKS

[Fg 1]

TRADITIONAL
(ANALOG) RADIO
STATION SIGNALS

DIGITAL RADIO
STATION SIGNALS

INTERNET RADIO
STATIONS

OTHER
SOURCES

ENCCDER /

COMPRESSOR BUFFER

SPLITTER

J {NTH\ J [

@ NMBMS —L MISSING —/—
—)06 j‘] (—us
VVV\V\\VVﬁ
L

ONE AUDIO PACKET
BUFFER —1

H

TSSM

PLAYER

o

QUTPUT "L 11

(57) Abstract: A method and system for In-Dash Multimedia Players
or Portable Multmedia Players for automotive, aviation, boating, and
personal use that, exploiting the services and capabilities of the Digital
Wireless Network DWLN (107), such as 3G network, and buffering
the live stream data on both the Server (101) and User Equipment
(111), combines in anovel synergistic integration a suite of new and
known features such as: immediate and uninterrupted listening/view-
ing of Live Streaming Media LSM (109) by the user with or without
optimization of the data bandwidth, and the provision to customize the
commercial messages according to the user location, and the capability
of reporting the customer choices and habits, and the automatic dele-
tion of LSM after the time- shift time to benefit from copyright agree-
ments.
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Description

SYSTEMS AND METHODS FOR TRANSMISSION OF UNIN-
TERRUPTED RADIO, TELEVISION PROGRAMS AND AD-
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DITIONAL DATA SERVICES THROUGH WIRELESS

NETWORKS

Cross-Reference to Related Applications

This application claims the benefit of provisiona patent application Ser. No.:
61/222,025, filed 2009 June 30 by the present inventors, which isincorporated by
reference.

Definitions

In-Dash Multimedia Player(s): an equipment(s) capable of playing multimedia
content such as audio, video, images that isinstalled on the dashboard or mounted in
other ways on avehicle such asacar, atruck, arecreational vehicle.

Portable Multmedia Player(s): aportable equipment(s) such as amobile phone, a
persona navigator, aportable music player capable of playing multimedia content
such as audio, video, images

RF: Radio Frequency

LSM: Live Streaming Media 109 is acontent such as audio, video, data, streamed
live by a source such asaradio station, aTV channel, aweather station and encoded in
digital packetized form by an encoder/compressor.

DWLN: Digita WireLess Network 107 isadigital wireless network capable of
high data rate transfer such as GPRS, EDGE, CDMA, UMTS, WCDMA, LTE, WiFi,
WIiMAX

Server: an equipment or acombination of equipments capable of receiving
multimedia data or content from a source having areal-time nature, such asaradio or
TV and of encoding the content in LSM and of buffering the LSM and of connecting
to DWLN and of communicating using optionally simultaneously different commu-
nication protocols such as TCP/IP or UDP or using different services such asMBMS
optionally simultaneously with different communication protocols..

UE: an apparatus 111 that communicates with the DWLN and performs the
buffering and multimedia playing at the user side or acombination of two or more
apparatus, one which communicates with the DWLN and re-transmit or buffer and
transmit the received data via awired or awireless communication such as BlueTooth
to other apparatus which perform actions described in the embodiment.

MBMS: Multimedia Broadcast/Multicast Service 108 isaservice including a com-
munication protocol to allow the simultaneous reception of LSM by aplurality of UE.
TSSM: Time-Shift Stream Media 113 isLSM time-shifted for the total buffer

duration that isthe output of UE
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Dropout: short term interruptions of LSM signal

Outage: long term interruptions of LSM signal

Technical Field

The present invention relates to a method and a system for In-Dash Multimedia
Players or Portable Multmedia Players for automotive, aviation, marine, and personal
use; and more particularly, to a system for live wireless streaming of media, such as
audio/video, to amultitude of In-Dash Multimedia Players.

LSM: Live Streaming Media (109) isacontent such as audio, video, data, streamed
live by a source such as aradio station, aTV channel, aweather station and encoded in
digital packetized form by an encoder/compressor.

DWLN: Digital WireLess Network (107) isadigital wireless network capable of
high data rate transfer such as GPRS, EDGE, CDMA, UMTS, WCDMA, LTE, WiFi,
WiMAX

In-Dash Multimedia Player(s): an equipment(s) capable of playing LSM that is
installed on the dashboard or mounted in other ways on avehicle such as acar, atruck,
arecreational vehicle.

Portable Multmedia Player(s): aportable equipment(s) such as a mobile phone, a
personal navigator, aportable music player capable of playing LSM

UE: an apparatus (111) that communicates with the DWLN and performs the
buffering and multimedia playing at the user side or acombination of two or more
apparatus, one which communicates with the DWLN and re-transmit or buffer and
transmit the received data via awired or awireless communication such as BlueTooth
to other apparatus which perform actions described in the embodiment.

MBMS: Multimedia Broadcast/Multicast Service (108) isa service including a
communication protocol to allow the simultaneous reception of LSM by aplurality of
UE.

Server: an equipment or acombination of equipments (101) capable of receiving
multimedia data or content from a source having areal-time nature, such asaradio or
TV and of encoding the content into LSM and of buffering the LSM and of connecting
to DWLN and of allowing multiple connections of aplurality of UE using optionally
simultaneously different communication protocols such as TCP/IP or UDP and
different services such asMBMS and of executing machine-readable instructions and
of storing information on aplurality of databases.

TSSM: Time-Shift Stream Media (113) isLSM time-shifted for the total buffer
duration that isthe output of UE

Dropouts: short term interruptions of LSM signal

Outages. long term interruptions of LSM signal

Technical Field

The present invention relates to a method and a system for In-Dash Multimedia

Players or Portable Multmedia Players for automotive, aviation, marine, and personal
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use; and more particularly, to a system for live wireless streaming of media, such as
audio/video, to amultitude of In-Dash Multimedia Players.
Background Art

The vast mgjority of vehicles currently in use incorporate vehicle communication
systems for receiving signals. For example, vehicle audio systems provide information
and entertainment to many motorists daily. These audio systems typically include an
AM/FM radio receiver that receives radio frequency (RF) signals. These RF signals
are then processed and rendered as audio output. Originaly live multimedia content,
such asreal time audio/video, was delivered to In-Dash Multimedia Players by analog
wireless modulation like FM radio or analog TV. These analog broadcast networks
allow the use of only alimited number of channels, are subject to cross channel in-
terference and have apoor signal quality. Satellite or ground based digital broadcast
networks such as Digital Radio and Digital TV in various embodiments such as DAB,
HD Radio, XM Radio, Sirius, Sat TV, DVB, DTT and DMB have removed or reduced
these limitations using digital transmission in various forms and with various methods
to deliver live streaming media (LSM) such as audio/video, but these systems do not
have aprovision to assure the continuity of reception when the vehicles moves into
areas of signal obstruction or lack of coverage. As such areas can be quite large, or the
vehicle can bein such areas for along time (e.g. because of slow moving traffic in
long tunnels, urban canyons, mountainous terrain), interruptions of the LSM can be
quite long and annoying. Recently, digital wireless networks (DWLN) capable of high
data rate transfers such asthose found in later generation mobile telephony (e.g.
GPRS, EDGE, CDMA, UMTS, WCDMA, LTE) or in Internet oriented cellular
networks such asWiFi and WiMax have been widely deployed and are continuously
expanding in coverage and data bandwidth. The DWLN can aso be used to stream
media such audio/video to avehicle with protocols such asradio or video on Internet,
but the DWLN are subjected to similar limitations of signal obstruction, or lack of
coverage, asthe other systems. The DWLN, differently from the digital and analog
broadcast networks, provide abidirectional communication with the users thus
allowing the retransmission of missing data and also the introduction of functions that
can relate the LSM to the specific user. For purposes of clarity within this document
werefer to LSM, or live streaming media, as material that originates from a source
having areal-time nature, such asaradio or TV broadcast. The LSM has asits source
a system or arrangement that by definition can only be transmitted to users asfast as
the materia is generated; for example, adisk jockey speaking into a microphone. The
two fundamental ways of transmitting LSM in digital form to the users are by: (i) the
digital-broadcast networks such asused in Digital Radio and Digital TV where the
same stream of dataistransmitted inrea time, generally with some degree of error
correction, to all users that are able to tune-in and decode the signal, and (ii) the
DWLN that can deliver media streams such asinternet radio or internet TV to users
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that are connected to the network. One difference between the two types of
transmission isthat in the digital-broadcast networks the number of users isunlimited
while in the DWLN the maximum number of users that can receive the LSM depends
on the available data bandwidth, the requested quality of service, and the system and
method used for the transmission. A live streaming multimedia service to in-car users
viathe DWLN isthe focus of this patent application. The DWLN are generally
composed of awireless segment such as an Access Network, and aland segment such
as aCore Network, to connect the users to the source of the real time media. The LSM
are generally transmitted over the DWLN using one or more protocols of the Internet
Protocol Suite such as TCP or UDP or protocols specific to the DWLN such as
described in the 3GPP or IMS specifications.

Today most Internet streamed audio and video are compressed to be listenable or
viewable to less than 64,000 bits per second (bps) bandwidth and when the available
bandwidth falls below the streaming bit rate the playback isinterrupted. The nominal
bandwidth of the DWLN isgeneraly higher, such asfrom 200,000 to 7,000,000 bps,
but the actual bandwidth can vary from 0O bps (i.e. the transmission isinterrupted) to
the nominal maximum bandwidth. The reductions of bandwidth can be of short
duration (e.g. less than 100 sec) or long duration (e.g. between 100 sec and 15
minutes). The short duration reductions of bandwidth are caused by many factors such
as congestion of the wireless or land segment of the network, interference and
transmission quality issues. The long duration reductions of bandwidth are generally
caused by problems in the wireless segment of the network such as obstructions, in-
terference, cell changeover and distance from the transmitters. Depending on the used
protocol the reduction of bandwidth can cause only adelay (e.g. asin TCP/IP protocol)
or also aloss of data (e.g. in UDP/IP protocol). Each of these factors can cause delays
and interruptions in the transmission of data thus preventing the user from being able
to listen to or view uninterrupted LSM unless some specia provisions have been in-
corporated. The short term interruptions are commonly referred to as 'dropouts,
meaning that the data flow to the user has been shortly interrupted (i.e., the audio
‘drops out'). Dropouts can be extremely annoying, for example, while listening to
music. The long term interruptions are even more annoying and within this document
werefer to them as outages. If areliable protocol isused (e.g. TCP, SCTP) acommon
solution to the problem of dropout isto use apre-buffering technique to store up
enough audio or video data in the user device so that it can play the audio or video
with continuity. When the user connects to the network, audio/video output at the
user's system is delayed while the user's buffer isfilled to apredetermined level. This
process requires the user to wait until enough of the media file i sbuffered in memory
before listening or viewing can begin. Typical pre-buffering wait times range from 10
to 30 seconds, determined by the vendor providing the audio or video media. This pre-
buffering process avoids dropouts due to transmission delays shorter than the pre-
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buffering time, but it isnot effective against loss of streaming data. In these systems
the audio or video data isdelivered from the source at the rate it isto be played out. If,
for example, the user islistening to an audio stream encoded to be played-out at
24,000 bits per second, the source sends the audio data at the rate of 24,000 bits per
second. Provided that the user waits 10 seconds, and the receipt of the buffering data
has not been interrupted, there isenough media data stored in the buffer to play for 10
seconds. Cumulative delays in the receipt of audio/video data longer than 10 seconds
cause the buffer to deplete. Because transmission of audio/video media data to the user
takes place at the rate it isplayed out, the user's buffer level can never beincreased or
replenished while it isplaying. This method can be applied only to dropouts and
streaming media of limited duration, otherwise the size of the pre-buffer has to be
increased and the time required to fill it would require the user to wait for an uncom-
fortable time. US Pat. No. 7,716358, to Price discloses amethod and a system that
exploits the fact that the data bandwidth of Internet ishigher than the data bandwidth
required by the streaming media. Price's patent uses a double buffer, one buffer at the
source (e.g. in aserver) and one buffer at the user, to eliminate the dropouts due to
delays or loss of data without the need for an initial user wait time. This patent is
focused on fixed Internet networks and does not consider issues typical of DWLN such
asthe bandwidth limitations related to the number of connected users in the mobile
cell or the functions that relate to the specific users and their mobility.

Conventional streaming media systems may incorporate buffering systems for pro-
grammatic purposes. For example, the system may buffer media data at the server for
the purpose of packet assembly or disassembly. Media data may also be buffered at the
server to permit programming conveniences such asdealing with chunks of data of a
specific size or offer time- shift functions to the user.

The sending of audio or video files via a network isknown inthe art. U.S. Pat. No.
6,029,194 to Tilt describes amedia server for the distribution of audio/video over
networks, in which retrieved media frames are transferred to a FIFO buffer. A clock
rate for alocal clock isadjusted according to the fullness of the buffer. The media
frames from the buffer are sent in the form of data packets over the networks in
response to interrupts generated by the local clock. In this manner, the timing for the
media frames is controlled by the user to assure a continuous stream of video during
editing. US Pat. No. 6,014,706 to Cannon, et al. discloses an apparatus and method for
displaying streamed digital video data on aclient computer. The client computer is
configured to receive the streamed digital video data from a server computer via a
computer network. The streamed digital video data istransmitted from the server
computer to the client computer as a stream of video frames. US Pat. No. 6,002,720, to
Yurt, et al. discloses a system of distributing video and/or audio information wherein
digital signa processing isemployed to achieve high rates of data compression. US
Pat. No. 5,923,655, to Veschi et a. discloses a system and method for communicating
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audio/video data in a packet-based computer network wherein transmission of data
packets through the computer network requires variable periods of transmission time.
US Pat. No. 5,922,048 to Emura discloses avideo server apparatus having a stream
control section which determines akeyframe readout interval and akeyframe playback
interval that satisfy aplayback speed designated by aterminal apparatus. US Pat. No.
6,014,694 to Aharoni, et al. discloses a system and method for adaptively transporting
video over networks, including the Internet, wherein the available bandwidth varies
with time. US Pat. No. 6378,035 to Parry et al. discloses a system and method for
managing at the user end abuffer for streaming information. US Pat. No. 7,280,662 to
Walker et al. discloses a system to use atime shifting buffer to manage the availability
of received datain a satellite-based digital audio radio. US Pat. No. 6,034,746 to Desal
et al. discloses amethod and system to insert additional data such as commercialsin a
media stream. US Pat. Application No. US 2003/0139966 to Sirotaet al. discloses a
method for replacing pre-cached advertisement into amedia stream. US Pat. Ap-
plication No. US 2009/0260030 to Karlsson et a. discloses a mechanism to replace
default advertisements with other advertisements in amedia stream. US Pat. A p-
plication No. US 2005/0094815 to Walker et al. discloses various embodiments that
manage the availability of amedia stream in atime-shift buffer. US Pat. Application
No. US 2008/0126420 to Wright et a. discloses systems and methods to meter media
content presented on awireless communication device. There remains aneed in the art
for amethod and system for In-Dash Multimedia Players or Portable Multmedia Player
for automotive, aviation, boating, and personal use that, exploiting the services and ca-
pabilities of the DWLN, such as 3G networks, and buffering the live stream data on
both the both the transmitting and receiving ends, combines in anovel synergistic in-
tegration a suite of new and known features such as: immediate and uninterrupted
listening/viewing of live streaming media by the user with or without optimization of
data bandwidth, and the provision to customize the commercial messages according to
the user location, and the capability of reporting the customer choices and habits, and
the automatic erase of the LSM after the time-shift time to benefit from copyright
agreements.

The vast majority of vehicles currently in use incorporate vehicle communication
systems for receiving signals. For example, vehicle audio systems provide information
and entertainment to many motorists daily. These audio systems typically include an
AM/FM radio receiver that receives radio frequency (RF) signals. These RF signals
are then processed and rendered as audio output. Originaly live multimedia content,
such asreal time audio/video, was delivered to In-Dash Multimedia Players by analog
wireless modulation like FM radio or analog TV. These analog broadcast networks
allow the use of only alimited number of channels, are subject to cross channel in-
terference and have apoor signal quality. Satellite or ground based digital broadcast
networks such as Digital Radio and Digital TV in various embodiments such as DAB,
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HD Radio, XM Radio, Sirius, Sat TV, DVB, DTT and DMB have removed or reduced
these limitations using digital transmission in various forms and with various methods
to deliver live streaming media (LSM) such as audio/video, but these systems do not
have aprovision to assure the continuity of reception when the vehicles moves into
areas of signal obstruction or lack of coverage. As such areas can be quite large, or the
vehicle can bein such areas for along time (e.g. because of slow moving traffic in
long tunnels, urban canyons, mountainous terrain), interruptions of the LSM can be
quite long and annoying. Recently, digital wireless networks (DWLN) capable of high
data rate transfers such asthose found in later generation mobile telephony (e.g.
GPRS, EDGE, CDMA, UMTS, WCDMA, LTE) or in Internet oriented cellular
networks such asWiFi and WiMax have been widely deployed and are continuously
expanding in coverage and data bandwidth. The DWLN can aso be used to stream
media such audio/video to avehicle with protocols such asradio or video on Internet,
but the DWLN are subjected to similar limitations of signal obstruction, or lack of
coverage, asthe other systems. The DWLN, differently from the digital and analog
broadcast networks, provide abidirectional communication with the users thus
allowing the retransmission of missing data and also the introduction of functions that
can relate the LSM to the specific user. For purposes of clarity within this document
werefer to LSM, or live streaming media, as material that originates from a source
having areal-time nature, such asaradio or TV broadcast. The LSM has asits source
a system or arrangement that by definition can only be transmitted to users asfast as
the materia isgenerated; for example, adisk jockey speaking into a microphone. The
two fundamental ways of transmitting LSM in digital form to the users are by: (i) the
digital-broadcast networks such asused in Digital Radio and Digital TV where the
same stream of dataistransmitted inrea time, generally with some degree of error
correction, to all users that are able to tune-in and decode the signal, and (ii) the
DWLN that can deliver media streams such asinternet radio or internet TV to users
that are connected to the network. One difference between the two types of
transmission isthat in the digital-broadcast networks the number of users isunlimited
while in the DWLN the maximum number of users that can receive the LSM depends
on the available data bandwidth, the requested quality of service, and the system and
method used for the transmission. A live streaming multimedia service to in-car users
viathe DWLN isthe focus of this patent application. The DWLN are generally
composed of awireless segment such as an Access Network, and aland segment such
as aCore Network, to connect the users to the source of the real time media. The LSM
are generally transmitted over the DWLN using one or more protocols of the Internet
Protocol Suite such as TCP or UDP or protocols specific to the DWLN such as
described in the 3GPP or IMS specifications.

Today most Internet streamed audio and video are compressed to be listenable or
viewable to less than 64,000 bits per second (bps) bandwidth and when the available
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bandwidth falls below the streaming bit rate the playback isinterrupted. The nominal
bandwidth of the DWLN isgenerally higher, such asfrom 200,000 to 7,000,000 bps,
but the actual bandwidth can vary from O bps (i.e. the transmission isinterrupted) to
the nominal maximum bandwidth. The reductions of bandwidth can be of short
duration (e.g. less than 100 sec) or long duration (e.g. between 100 sec and 15
minutes). The short duration reductions of bandwidth are caused by many factors such
as congestion of the wireless or land segment of the network, interference and
transmission quality issues. The long duration reductions of bandwidth are generally
caused by problems in the wireless segment of the network such as obstructions, in-
terference, cell changeover and distance from the transmitters. Depending on the used
protocol the reduction of bandwidth can cause only adelay (e.g. asin TCP/IP protocol)
or also aloss of data (e.g. in UDP/IP protocol). Each of these factors can cause delays
and interruptions in the transmission of data thus preventing the user from being able
to listen to or view uninterrupted LSM unless some special provisions have been in-
corporated. The short term interruptions are commonly referred to as 'Dropouts,
meaning that the data flow to the user has been shortly interrupted (i.e., the audio
'drops out'). Dropouts can be extremely annoying, for example, while listening to
music. The long term interruptions are even more annoying and within this document
werefer to them as Outages. If areliable protocol isused (e.g. TCP, SCTP) acommon
solution to the problem of Dropouts isto use apre-buffering technique to store up
enough audio or video data in the user device so that it can play the audio or video
with continuity. When the user connects to the network, audio/video output at the
user's system isdelayed while the user's buffer isfilled to apredetermined level. This
process requires the user to wait until enough of the media file isbuffered in memory
before listening or viewing can begin. Typical pre-buffering wait times range from 10
to 30 seconds, determined by the vendor providing the audio or video media. This pre-
buffering process avoids Dropouts due to transmission delays shorter than the pre-
buffering time, but it isnot effective against loss of streaming data. In these systems
the audio or video data isdelivered from the source at the rate it isto be played out. If,
for example, the user islistening to an audio stream encoded to be played-out at
24,000 bits per second, the source sends the audio data at the rate of 24,000 bits per
second. Provided that the user waits 10 seconds, and the receipt of the buffering data
has not been interrupted, there isenough media data stored in the buffer to play for 10
seconds. Cumulative delays in the receipt of audio/video data longer than 10 seconds
cause the buffer to deplete. Because transmission of audio/video media data to the user
takes place at the rate it isplayed out, the user's buffer level can never beincreased or
replenished while it isplaying. This method can be applied only to Dropouts and
streaming media of limited duration, otherwise the size of the pre-buffer has to be
increased and the time required to fill it would require the user to wait for an uncom-
fortable time. US Pat. No. 7,716358, to Price discloses a method and a system that
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exploits the fact that the data bandwidth of Internet ishigher than the data bandwidth
required by the streaming media. Price's patent uses a double buffer, one buffer at the
source (e.g. in aserver) and one buffer at the user, to eliminate the Dropouts due to
delays or loss of data without the need for an initial user wait time. This patent is
focused on fixed Internet networks and does not consider issues typical of DWLN such
asthe bandwidth limitations related to the number of connected users in the mobile
cell or the functions that relate to the specific users and their mobility.

Conventional streaming media systems may incorporate buffering systems for pro-
grammatic purposes. For example, the system may buffer media data at the server for
the purpose of packet assembly or disassembly. Media data may aso be buffered at the
server to permit programming conveniences such asdealing with chunks of data of a
specific size or offer time- shift functions to the user.

The sending of audio or video files via a network isknown inthe art. U.S. Pat. No.
6,029,194 to Tilt describes amedia server for the distribution of audio/video over
networks, in which retrieved media frames are transferred to a FIFO buffer. A clock
rate for alocal clock isadjusted according to the fullness of the buffer. The media
frames from the buffer are sent in the form of data packets over the networks in
response to interrupts generated by the local clock. In this manner, the timing for the
media frames is controlled by the user to assure a continuous stream of video during
editing. US Pat. No. 6,014,706 to Cannon, et al. discloses an apparatus and method for
displaying streamed digital video data on aclient computer. The client computer is
configured to receive the streamed digital video data from a server computer via a
computer network. The streamed digital video data istransmitted from the server
computer to the client computer as a stream of video frames. US Pat. No. 6,002,720, to
Yurt, et al. discloses a system of distributing video and/or audio information wherein
digital signa processing isemployed to achieve high rates of data compression. US
Pat. No. 5,923,655, to Veschi et a. discloses a system and method for communicating
audio/video data in a packet-based computer network wherein transmission of data
packets through the computer network requires variable periods of transmission time.
US Pat. No. 5,922,048 to Emura discloses avideo server apparatus having a stream
control section which determines akeyframe readout interval and akeyframe playback
interval that satisfy aplayback speed designated by aterminal apparatus. US Pat. No.
6,014,694 to Aharoni, et a. discloses a system and method for adaptively transporting
video over networks, including the Internet, wherein the available bandwidth varies
with time. US Pat. No. 6378,035 to Parry et a. discloses a system and method for
managing at the user end abuffer for streaming information. US Pat. No. 7,280,662 to
Walker et al. discloses a system to use atime shifting buffer to manage the availability
of received data in a satellite-based digital audio radio. US Pat. No. 6,034,746 to Desal
et al. discloses amethod and system to insert additional data such as commercials in a
media stream. US Pat. Application No. US 2003/0139966 to Sirota et al. discloses a
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method for replacing pre-cached advertisement into a media stream. US Pat. Ap-
plication No. US 2009/0260030 to Karlsson et a. discloses a mechanism to replace
default advertisements with other advertisements in amedia stream. US Pat. Ap-
plication No. US 2005/0094815 to Walker et a. discloses various embodiments that
manage the availability of amedia stream in atime-shift buffer. US Pat. Application
No. US 2008/0126420 to Wright et al. discloses systems and methods to meter media
content presented on awireless communication device. There remains aneed in the art
for amethod and system for In-Dash Multimedia Players or Portable Multmedia Player
for automotive, aviation, boating, and persona use that, exploiting the services and ca-
pabilities of the DWLN, such as 3G networks, and buffering the live stream data on
both the both the transmitting and receiving ends, combines in anovel synergistic in-
tegration a suite of new and known features such as: immediate and uninterrupted
listening/viewing of live streaming media by the user with or without optimization of
data bandwidth, and the provision to customize the commercia messages according to
the user location, and the capability of reporting the customer choices and habits, and
the automatic erase of the LSM after the time-shift time to benefit from copyright
agreements.

Summary of Invention

For purposes of clarity within this document werefer to live streaming media
(LSM) asmaterial that originates from a source having areal-time nature, such asa
radio or TV broadcast. Werefer to digital wireless networks (DWLN) as networks
such asfound in cellular telephony of third-generation or later, WiFi and WiMAX
networks, similar systems that provide awireless bidirectional packetized commu-
nication with the user. We refer to user equipments (UE) asthe apparatus that com-
municates with the network and performs the specified functions at the user side.

An embodiment of the present invention isa system and method for sending via
digital wireless networks (DWLN) live streaming media (LSM), such asradio,
television, information, to aplurality of In-Dash Multimedia Players that constitute the
user equipment (UE) of this embodiment. The embodiment isconceived asa re-
placement of present in-dash AM/FM and satellite equipment providing higher quality
while increasing the number of available stations and improving the continuity of
service. Systems and methods to deliver LSM to UE over DWLN are described in
prior art and already in commercial use, but the embodiment improves on the prior art
by providing: immediate and uninterrupted playing of the LSM, and data bandwidth
sharing of the wireless and land segment of the network by aplurality of UE thus in-
creasing the network capacity, and location dependent customization of the live
streaming media such asreplacing non-local content of advertising with local content,
and information to the source about the users habits such asthat provided by a Portable
People Meter, and prevention of storage of LSW so to be compliant with certain
management-rights requirements. The present embodiment provides a system and
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method that integrating the above mentioned features and functions creates a new type
of inln-Dash Multimedia Player for vehicles. Generally stated, LSM in digital form
can be delivered to the users by: (i) the digital-broadcast networks such asused in
Digital Radio and Digital TV where the same digital signal istransmitted inreal time
to al UE that are able to tune-in and decode the signal, and (ii) the DWLN where the
LSM isusualy transmitted to each connected user as a separate digital signal. One
difference between the two types of transmission isthat in the digital-broadcast
networks the number of users isunlimited while in the DWLN the maximum number
of users that can receive the LSM depends on the available data bandwidth, the
requested quality of service and the system and method used for the transmission.
Digital-broadcast networks are used to deliver few LSM (hundreds) to many UE
(millions) while DWLN can deliver achoice of many LSM (thousands) to few UE
(hundreds) per area. The total number of serviceable UE depends on the number of
areas in the network. The present embodiment exploits the DWLN and, whenever
possible, anew type of service of DWLN such asMBMS (Multimedia Broadcast/
Multicast Service) to allow the simultaneous reception of a stream of packetized data
by aplurality of UE within aparticular cell or routing areato reduce the data
bandwidth requirements thus increasing the maximum number of connected users
within the area. This media MBMS stream from the DWLN to the plurality of UE is
unidirectional and transmitted at the data-rate required by the specific LSM. This
service isthen combined with ahigh data-rate bidirectional connection between each
UE and the DWLN that, exploiting real-time time- shift based on a double buffering
system, one buffer at the source or network node and one at the UE, provides
immediate playback and uninterrupted service. This embodiment includes aprovision
to customize the advertising messages in function of the mobility of the vehicle and, as
allowed by the law, the capability of reporting to the LSM providers customer
selection choices and habits. The embodiment includes afeature that, by automatically
erasing the LSM after the real-time time-shift time, mimics the characteristic of
present in-dash AM/FM receivers to exploit the current copyright agreements of LSM
providers based on the fact that the content isnot stored in the equipment and cannot
be replayed.

In another embodiment the user equipment (UE) isapersonal portable device, such
as a smart-phone, but all the functions of the first embodiment are maintai ned.

In another embodiment the user equipment (UE) and the functions are identical to
the first embodiment apart from the possibility of independently disable: the provision
to customize the messages, and the capability of reporting the customer choices and
habits, and the automatic erase of the LSM after the time-shift time.

In another embodiment the user equipment (UE) isapersonal portable device, such
as a smart-phone, and the functions are identical to the first embodiment apart from the
possibility of independently disable: the provision to customize the messages, and the
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capability of reporting the customer choices and habits, and the automatic erase of the
LSM after the time-shift time.

For purposes of clarity within this document we refer to live streaming media
(LSM) asmaterial that originates from a source having areal-time nature, such asa
radio or TV broadcast. Werefer to digital wireless networks (DWLN) as networks
such asfound in cellular telephony of third-generation or later, WiFi and WiMAX
networks, similar systems that provide awireless bidirectional packetized commu-
nication with the user. We refer to user equipments (UE) asthe apparatus that com-
municates with the network and performs the specified functions at the user side.

An embodiment of the present invention isa system and method for sending via
digital wireless networks (DWLN) live streaming media (LSM), such asradio,
television, information, to aplurality of In-Dash Multimedia Players that constitute the
user equipment (UE) of this embodiment. The embodiment isconceived asa re-
placement of present in-dash AM/FM and satellite equipment providing higher quality
while increasing the number of available stations and improving the continuity of
service. Systems and methods to deliver LSM to UE over DWLN are described in
prior art and already in commercial use, but the embodiment improves on the prior art
by providing: immediate and uninterrupted playing of the LSM, and data bandwidth
sharing of the wireless and land segment of the network by aplurality of UE thus in-
creasing the network capacity, and location dependent customization of the live
streaming media such asreplacing non-local content of advertising with local content,
and information to the source about the users habits such asthat provided by aPortable
People Meter, and prevention of storage of LSW so to be compliant with certain
management-rights requirements. The present embodiment provides a system and
method that integrating the above mentioned features and functions creates a new type
of inin-Dash Multimedia Player for vehicles. Generally stated, LSM in digital form
can be delivered to the users by: (i) the digital-broadcast networks such asused in
Digital Radio and Digital TV where the same digital signal istransmitted inreal time
to all UE that are able to tune-in and decode the signal, and (ii) the DWLN where the
LSM isusually transmitted to each connected user as a separate digital signal. One
difference between the two types of transmission isthat in the digital-broadcast
networks the number of users isunlimited while inthe DWLN the maximum number
of users that can receive the LSM depends on the available data bandwidth, the
requested quality of service and the system and method used for the transmission.
Digital-broadcast networks are used to deliver few LSM (hundreds) to many UE
(millions) while DWLN can deliver achoice of many LSM (thousands) to few UE
(hundreds) per area. The total number of serviceable UE depends on the number of
areas in the network. The present embodiment exploits the DWLN and, whenever
possible, anew type of service of DWLN such asMBMS (Multimedia Broadcast/
Multicast Service) to alow the simultaneous reception of a stream of packetized data
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by aplurality of UE within aparticular cell or routing areato reduce the data
bandwidth requirements thus increasing the maximum number of connected users
within the area. This media MBMS stream from the DWLN to the plurality of UE is
unidirectional and transmitted at the data-rate required by the specific LSM. This
service isthen combined with ahigh data-rate bidirectional connection between each
UE and the DWLN that, exploiting real-time time- shift based on a double buffering
system, one buffer at the source or network node and one at the UE, provides
immediate playback and uninterrupted service. This embodiment includes a provision
to customize the advertising messages in function of the mobility of the vehicle and, as
allowed by the law, the capability of reporting to the LSM providers customer
selection choices and habits. The embodiment includes afeature that, by automatically
erasing the LSM after the real-time time-shift time, mimics the characteristic of
present in-dash AM/FM receivers to exploit the current copyright agreements of LSM
providers based on the fact that the content is not stored in the equipment and cannot
be replayed.

In another embodiment the user equipment (UE) isapersonal portable device, such
as a smart-phone, but all the functions of the first embodiment are maintai ned.

In another embodiment the user equipment (UE) and the functions are identical to
the first embodiment apart from the possibility of independently disable: the provision
to customize the messages, and the capability of reporting the customer choices and
habits, and the automatic erase of the LSM after the time-shift time.

In another embodiment the user equipment (UE) is apersonal portable device, such
as a smart-phone, and the functions are identical to the first embodiment apart from the
possibility of independently disable: the provision to customize the messages, and the
capability of reporting the customer choices and habits, and the automatic erase of the
LSM after the time-shift time.

Brief Description of Drawings

Fig. lisshowing the overall system architecture

Figs. 2.a- 2.d are showing the initial Server/UE data flow and synchronization at
different time instances.

Fig. 2.aisadiagram of the Server and UE buffers corresponding to T=0.

Fig. 2.b isadiagram corresponding to the time when the UE buffer is ap-
proximately full, which for the example presented happens at T=8.8min.

Fig. 2.cisadiagram of the Server and UE buffers corresponding to the time after
the UE inspects which packets are missing, which for the example presented happens
at T=8.8min+dtl, where dtl isavery short time.

Fig. 2.d isadiagram of the Server and UE buffers corresponding to the time after
the Server receives the list of missing packets from the UE, which for the example
presented happens at T=8.8min+dtl+dt2, where dt2 isavery short time.

Figs. 3.a- 3.b are showing subsequent, periodic Server/UE dataflow and synchro-
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nizations, taking place at T=8.8min+n*15min, n=1,2,..., i.e. a 23.8min, 38.8min, etc.
since selecting a certain radio channel, at different time instances.

Fig. 3.aisadiagram of the Server and UE buffers corresponding to atime after ap-
proximately the duration of the UE buffer since the previous synchronization and after
the UE inspects which packets are missing, which for the example presented is
T=8.8min+n* 15min+dt 1.

Fig. 3.b isadiagram of the Server and UE buffers corresponding to atime after ap-
proximately the duration of the UE buffer since the previous synchronization and after
the Server receives the list of missing packets from the UE, which for the example
presented happens at T=8.8min+n* 15min+dtl+dt2.

Fig. 4 isthe first embodiment architecture

Fig. 5isan example of application of the first embodiment

Fig. 1isshowing the overal system architecture

Figs. 2.a- 2.d are showing the initial Server/UE data flow and synchronization at
different time instances.

Fig. 2.aisadiagram of the Server and UE buffers corresponding to T=0.

Fig. 2.b isadiagram corresponding to the time when the UE buffer is ap-
proximately full, which for the example presented happens at T=8.8min.

Fig. 2.cisadiagram of the Server and UE buffers corresponding to the time after
the UE inspects which packets are missing, which for the example presented happens
at T=8.8min+dtl, where dtl isavery short time.

Fig. 2.d isadiagram of the Server and UE buffers corresponding to the time after
the Server receives the list of missing packets from the UE, which for the example
presented happens at T=8.8min+dtl+dt2, where dt2 isavery short time.

Figs. 3.a- 3.b are showing subsequent, periodic Server/UE data flow and synchro-
nizations, taking place at T=8.8min+n*15min, n=1,2,..., i.e. a 23.8min, 38.8min, etc.
since selecting a certain radio channel, at different time instances.

Fig. 3.aisadiagram of the Server and UE buffers corresponding to atime after ap-
proximately the duration of the UE buffer since the previous synchronization and after
the UE inspects which packets are missing, which for the example presented is
T=8.8min+n* 15min+dt 1.

Fig. 3.b isadiagram of the Server and UE buffers corresponding to atime after ap-
proximately the duration of the UE buffer since the previous synchronization and after
the Server receives the list of missing packets from the UE, which for the example
presented happens at T=8.8min+n* 15min+dtl+dt2.

Fig. 4 isthe first embodiment architecture

Fig. 5isan example of application of the first embodiment

Description of Embodiments

An embodiment of the present invention isa system and method for sending via

digital wireless networks (DWLN) live streaming media (LSM), such asradio,
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television, information, to aplurality of In-Dash Multimedia Players that constitute the
user equipment (UE) of this embodiment, fig. 4. The embodiment isconceived asa re-
placement of present in-dash AM/FM and satellite equipment providing higher quality
while increasing the number of available stations and improving the continuity of
service. Systems and methods to deliver LSM to UE over DWLN are described in
prior art and already in commercia use, but the embodiment improves on the prior art
by providing: (i) immediate and uninterrupted playing of the LSM, and data bandwidth
sharing of the wireless and land segment of the network by aplurality of UE thus in-
creasing the network capacity, (ii) and location dependent customization of the live
streaming media such asreplacing non-local content of advertising with local content,
(iii) and information to the source about the users habits such asthat provided by a
Portable People Meter, (iiii) and prevention of storage of LSW so to be compliant with
certain management-rights requirements. The present embodiment provides a system
and method that integrating the above mentioned features and functions creates anew
type of In-Dash Multimedia Player.

Immediate and uninterrupted playing of the LSM.

Generally stated, LSM in digital form can be delivered to the users by: (a) the
digital-broadcast networks such asused in Digital Radio and Digital TV where the
same digital signal istransmitted in real time to all UE that are able to tune-in and
decode the signal, and (b) the DWLN where the LSM isusually transmitted to each
connected user as a separate digital signal. One difference between the two types of
transmission isthat in the digital-broadcast networks the number of users isunlimited
while in the DWLN the maximum number of users that can receive the LSM depends
on the available data bandwidth, the requested quality of service and the system and
method used for the transmission. Digital-broadcast networks are used to deliver few
LSM (hundreds) to many UE (millions) while DWLN can deliver achoice of many
LSM (thousands) to few UE (hundreds) per area. The total number of serviceable UE
depends on the number of areas in the network. The present embodiment exploits the
DWLN and, whenever possible, anew type of service of DWLN such asMBMS
(Multimedia Broadcast/Multicast Service) to alow the simultaneous reception of a
stream of packetized data by aplurality of UE within aparticular cell or routing areato
reduce the data bandwidth requirements thus increasing the maximum number of
connected users within the area. This media MBMS stream from the DWLN to the
plurality of UE isunidirectional and transmitted at the data-rate required by the
specific LSM. This service isthen combined with ahigh data-rate bidirectional
connection between each UE and the DWLN that, exploiting real-time time-shift based
on adouble buffering system, one buffer at the source or network node and one at the
UE, provides immediate playback and uninterrupted service. The above mentioned
immediate playback and uninterrupted service isintegrated in the present embodiment
using either Prior Art such asdisclosed by US Pat. No. 7,716358, to Price or exploiting
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the above mentioned MBMS functionalities according to the following detailed de-
scription.

LSM data rates can be very different according to the type of media and coding
method. For the purpose of describing the present embodiment we assume aradio
transmission at about 20,000 bps (20kbps) Such choice isin no way limiting the scope
of the presented method and greater or lower bitrates may be used. At the same time,
we will assume aUMTS wireless cellular network, with only 54kbps average
bandwidth, although other networks of lesser or greater bandwidth may be used. This
chosen bandwidth isunrealistically low, itisonly provided to facilitate the calculation
of this detailed description of the present embodiment. The systems and methods
described herein can be utilized with other networks, athough preferably the
bandwidth of the selected network ismany times higher than that of the LSM. Fur-
thermore, asthe present embodiment addresses not only the dropouts, but also the
outages, we will use as an example abuffer with alength of 15 minutes. Once again,
such choice isnot restricting the scope of the system and greater or smaller buffer
delays may be used. The buffer delay isalso referred to asbuffer size, since data enter
from one end of the buffer and exit from the other end, once the buffer iscompletely
full (e.g. for circular buffer or FIFO buffer). So, in our example

buffer _size = 15mm

Once the user operates the UE to select acertain radio station to listen to, say at
time
t=0
, the system establishes two connections that are optionally substantially simultaneous
between the Server and the UE. The first connection uses a point-to-point protocol,
such as TCP/IP while the second uses abandwidth sharing one-to-many protocol, such
asMBMS. The two mentioned protocols are well known in the art, but other protocol
with similar properties can be used.

The first connection (TCP/IP) starts transferring the older (e.g. the oldest) available
data in the Server's buffer as soon asthe UE requests the reception of the LSM. In our
example, that means that the first packets of the LSM transferred to the UE buffer are
time-shifted with adelay of 15 minutes.

t(TCP/IP_stait) = - 15mm

The second connection (MBMYS) isestablished by synchronizing on the packets of
the existing real time MBMS protocol stream or causing the initiation of areal time
MBMS protocol stream on which to synchronize. For purpose of clarity we note that
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the use of the MBMS protocol, or of a similar one, conceptually requires aplurality of
connected UE, because it has the scope of saving bandwidth when more UE are
connected and receiving the same LSM. With real time MBMS protocol stream we
describe aLSM that istraveling via MBMS protocol without any time-shift, that isa
LSM only subject to network propagation delays.

[75] The MBMS datarate is obviousy equal to that of the LSM, which in our example
is

[76]
rate(MBMS) = 20kbps

[77] The datarate of the first connection (TCP/IP) transmission isthe remainder of the
data bandwidth allowed by the wireless connection, which in our example is

[78]
rate{TC?fIP) = 54 - 20 = ZAkbpe

[79] Assuch, the first (TCP/IP) transmission will reach the starting point of the second
(MBMS) transmission in the approximate time of

buffer _sizs x rafe{MBMS)t rate{TCVIP)
, which in our example is

15mun % 20/ 34 = 8 8mmn
.Inthisway, after 8.8min since 'tuning' to the radio station or other LSM source, the
UE will have received
88+ 15=238min
of LSM, and since the first 8.8 min have already been '‘consumed' (=decoded by the UE
to play to the user of our system), it means that in the UE buffer there are 15min of
available playing time. In this way, the UE can stay out of network coverage, but still
be able to continuously play the SLM. Thus, for the user, reception of the selected
station i suninterrupted, or appears to be continuously playing, regardless of the
dropouts or outages of the DWLN, for atime duration related to the amount of
buffered data

[80] After the UE has reached acertain fill stage, such asthe point when the buffer is
filled up toits full capacity (15 min. worth of radio programming, or 8.8 min since
tuning to the desired radio station in our example), the UE inspects for any MBMS
data packets that are missing, something that can happen, since thereisno re-
transmission mechanism in some MBMS services. To detect whether any datais
missing, the present embodiment uses one of the many means known in the prior art
such as checking the serial number, or other timing or sequence information, that is
attached to any transferred data packet for synchronizing the LSM at the two ends of
the connection. When there isadiscontinuity in the packet serial number, it indicates
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missing data. The list of missing packets iscommunicated by the UE to the Server,
using a secure (TCP/IP) connection and the Server substantially immediately starts
resending these data to the UE using the TCP/IP connection. Under norma network
coverage, such retransmission isexpected to generally last very short time (dropouts)
since it needs to cover only afew MBMS packets that are missing. In case of an
outage, the amount of missing data i s expected to be significant. In the present em-
bodiment the user, by a ssimple setting such as strong, medium, normal and automatic,
has the possibility of defining the length of the buffer to different predefined values
such as 15min, |Omin and 5min and to adynamic length that is continuously updated
on the basis of the dropouts and outages measured over aperiod of time. For the
purpose of clarity werepeat that each setting trades the length of recoverable inter-
ruptions against the time-shift delay.

The amount of data that need to be transmitted over the TCP/IP protocol, or
similar, varies according to the amount of missing data, which isrelated to the amount
of time that the UE suffers dropouts and outages. In the present embodiment, the vast
majority of data isexpected to be received through MBMS, which offers better com-
munication method from the point of view of data bandwidth and network utilization.
Moreover, due to the random characteristics of the individual UE dropouts and
outages, the TCP/IP traffic and number of connections isexpected to be fairly
balanced, further improving the DWLN bandwidth utilization.

Fig. 1: Overall system architecture. Reference numeral 100 shows aplurality of
media that includes groups of live signal receivers, such astraditiona (analog, e.g. FM
or AM) radio signals, digital radio e.g. HD-radio and DAB, station signals, internet
station signals and other sources. The Server 101 has appropriate components to
receive the above mentioned signals and includes a software or hardware component
102 and 103 that can compress and encode into a packetized live stream media (LSM)
the received signals. The output of component 103 is stored in the encoder buffer 104
which can be implemented as a solid-state or magnetic, or otherwise. The buffer can be
acircular buffer or a FIFO buffer or otherwise, aslong asit allows for data of acertain
duration (15min. in the example presented) to be stored and new data overwrite older
data. Each packet isassigned aunique sequence number or timestamp. The packets
from this buffer are sent to the user equipment (UE) 111 through the data wireless
network (DWLN) 107 as multimedia broadcast/multicast service (MBMS) packets 108
or TCP/IP packets 110.

The UE 111 has the appropriate hardware or software components, including op-
tionally any antennas, cables or otherwise, to connect to the DWLN. Example such
components (not shown) are SIM cards that allow a device to connect to a GSM/
2.5/3G network. It also includes abuffer 112 capable of receiving MBMSTCP/IP
packets which provides temporary storage of such data. Reference number 106 shows
one such packet stored in buffer 112. The structure of this buffer isacircular, FIFO or
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other buffer that allows a certain amount of data to be stored, and overwrites the oldest
available data with new data. Such buffer isusually implemented as solid-state,
magnetic, or otherwise. The next component that reads data from the UE buffer isa
player 114. This component can be implemented in hardware, software or a com-
bination of these. It can be easily implemented, in way of example, on an embedded
computer. This component outputs a signal 115 suitable to drive standard multimedia
equipments such as audio players, video players, amplifiers.

Figure 2.a: Initial Server/UE data flow and synchronization @ t=0min. We show
the Server side buffer 104, the UE buffer 112 and the digital wireless network
(DWLN) 107, aspreviously discussed. At T=0, in response to a UE request (not
shown) for acertain LSM; 2 packets, one using MBMS 108 and one using TCP/IP 110
are transmitted. The MBMS packet has time stamp T=0 and the TCP/IP packet has
timestamp -15sec. This paralel transmission continues for 8.8minutes, with MBMS
packets filling the decoder buffer from the left and TCP/IP packets filling the decoder
buffer from the right.

Figure 2.b: Server/UE data flow and synchronization @ t=8.8min. We show the
Server side buffer 104, the UE buffer 112 and the digital wireless network (DWLN)
107 aspreviously discussed. At T=8.8min, the Server sends the last fill-ip TCP/IP
packet (T=-25msec) 121 together with current (T=8.8min) MBMS packet 120 at which
point UE's buffer isfull. The UE has already received, decoded and played 8.8min
worth of TCP/IP packets 122 shown in dashed boxes on the right of UE buffer. We
show the position in the buffer of the first MBMS packet 122, the first TCP/IP packet
sent 124 and also the packet sent through TCP/IP that isnow ready to be played at the
end of the UE buffer 123 corresponding to approximately T=-6.2min.

Figure 2.c: Server/UE data flow and synchronization @ generic time. We show the
Server side buffer 104, the UE buffer 112 and the digital wireless network (DWLN)
107, asdiscussed previously. During the reception of MBMS packets, the UE inspects
and maintains alist of missing packets, determined on the basis of discontinuities
(jumps) in packet sequence number. Packets 141 and 142 are missing (marked with
white) and alist 140 is sent to the Server through TCP/IP.

Figure 2.d: Server/UE data flow and synchronization @ generic time.. We show
the Server side buffer 104, the UE buffer 112 and the digital wireless network
(DWLN) 107, asdiscussed previously. Upon reception of the list of missing MBMS
packets the Server resends them via TCP/IP packets 151 and 152 to replace the
missing packets 141 and 142 of Fig. 2.c. At the end of retransmission 150, UE buffer is
completely full with 15min of audio data. As such UE can sustain an outage of DWLN
of up to 15 minutes with no brake in playing of the LSM.

Location dependent customization of the live streaming media

In the present embodiment aposition determination means known in the art such as
GPS receiver or acell based triangulation isincorporated in the UE and provides the
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UE position to aLSM transit Server node of the DWLN that according to a specified
logic based on the geographic area of the UE replaces at default message such as a
commercial with another area-related predefined message using one of the methods
and systems commercialy available or disclosed in prior art such asUS Pat. Ap-
plication No. US 2009/0260030 to Karlsson et al., that describes amechanism to
replace default advertisements with other advertisements in amedia stream.

Information to the source about the users' habits

In the present embodiment the UE, in way compliant with the local privacy laws
and regulations, incorporates a method to send to the source of the LSM, viathe
upstream DWLN functionality, information to perform statistical analysis of the LSM
fruition time of the user to meter the effectiveness of advertisement. In the present em-
bodiment, the UE sends via TCP/IP to the Server of the source, or some other specified
Server, at predefined regular times, or upon request, a message with 1D number of the
specific LSM that isbeing played. The information isused for purposes such as ad-
vertising or program metering.

Prevention of storage of LSM

In the present embodiment the UE has aprovision to discard the played LSM at the
output of the UE buffer and to prevent the user from accessing the LSM. In this way
the UE behaves exactly asaclassical AM/FM or TV receiver, apart from the time- shift
functional to avoid the DWLN outages. In practice this provision of this embodiment
creates an extension of the broadcasting sources, like aradio repeater, maintaining all
the characteristic of the broadcast such asthe volatility of the radio/video content, thus
avoiding certain additional royalties such as the Performance Royalties applied to
Internet and Sat radio in certain countries.

In another embodiment the user equipment (UE) isapersonal portable device, such
as a smart-phone, but all the functions of the first embodiment are maintai ned.

In another embodiment the user equipment (UE) and the functions are identical to
the first embodiment apart from the possibility of independently disable: the provision
to customize the messages, and the capability of reporting the customer choices and
habits, and the automatic erase of the LSM after the time-shift time.

In another embodiment the user equipment (UE) isapersonal portable device, such
as a smart-phone, and the functions are identical to the first embodiment apart from the
possibility of independently disable: the provision to customize the messages, and the
capability of reporting the customer choices and habits, and the automatic erase of the
LSM after the time-shift time.

An embodiment of the present invention is a system and method for sending via
digital wireless networks (DWLN) live streaming media (LSM), such asradio,
television, information, to aplurality of In-Dash Multimedia Players that constitute the
user equipment (UE) of this embodiment, fig. 4. The embodiment isconceived asa re-
placement of present in-dash AM/FM and satellite equipment providing higher quality
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while increasing the number of available stations and improving the continuity of
service. Systems and methods to deliver LSM to UE over DWLN are described in
prior art and already in commercial use, but the embodiment improves on the prior art
by providing: (i) immediate and uninterrupted playing of the LSM, and data bandwidth
sharing of the wireless and land segment of the network by aplurality of UE thus in-
creasing the network capacity, (ii) and location dependent customization of the live
streaming media such asreplacing non-local content of advertising with local content,
(iii) and information to the source about the users habits such asthat provided by a
Portable People Meter, (iiii) and prevention of storage of LSW so to be compliant with
certain management-rights requirements. The present embodiment provides a system
and method that integrating the above mentioned features and functions creates a new
type of In-Dash Multimedia Player.

Immediate and uninterrupted playing of the LSM.

Generally stated, LSM in digital form can be delivered to the users by: (a) the
digital-broadcast networks such asused in Digital Radio and Digital TV where the
same digital signal istransmitted in real time to all UE that are able to tune-in and
decode the signal, and (b) the DWLN where the LSM isusually transmitted to each
connected user as a separate digital signal. One difference between the two types of
transmission isthat in the digital-broadcast networks the number of users isunlimited
while in the DWLN the maximum number of users that can receive the LSM depends
on the available data bandwidth, the requested quality of service and the system and
method used for the transmission. Digital-broadcast networks are used to deliver few
LSM (hundreds) to many UE (millions) while DWLN can deliver a choice of many
LSM (thousands) to few UE (hundreds) per area. The total number of serviceable UE
depends on the number of areas in the network. The present embodiment exploits the
DWLN and, whenever possible, anew type of service of DWLN such asMBMS
(Multimedia Broadcast/Multicast Service) to alow the simultaneous reception of a
stream of packetized data by aplurality of UE within aparticular cell or routing areato
reduce the data bandwidth requirements thus increasing the maximum number of
connected users within the area. This media MBMS stream from the DWLN to the
plurality of UE isunidirectional and transmitted at the data-rate required by the
specific LSM. This service isthen combined with ahigh data-rate bidirectional
connection between each UE and the DWLN that, exploiting real-time time-shift based
on adouble buffering system, one buffer at the source or network node and one at the
UE, provides immediate playback and uninterrupted service. The above mentioned
immediate playback and uninterrupted service isintegrated in the present embodiment
using either Prior Art such asdisclosed by US Pat. No. 7,716358, to Price or exploiting
the above mentioned MBMS functionalities according to the following detailed de-
scription.

LSM datarates can be very different according to the type of media and coding
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method. For the purpose of describing the present embodiment we assume aradio
transmission at about 20,000 bps (20kbps) Such choice isin no way limiting the scope
of the presented method and greater or lower bitrates may be used. At the same time,
we will assume aUMTS wireless cellular network, with only 54kbps average
bandwidth, although other networks of lesser or greater bandwidth may be used. This
chosen bandwidth isunrealistically low, itisonly provided to facilitate the calculation
of this detailed description of the present embodiment. The systems and methods
described herein can be utilized with other networks, although preferably the
bandwidth of the selected network ismany times higher than that of the LSM. Fur-
thermore, asthe present embodiment addresses not only the Dropouts, but aso the
Outages, we will use as an example abuffer with alength of 15 minutes. Once again,
such choice isnot restricting the scope of the system and greater or smaller buffer
delays may be used. The buffer delay isalso referred to asbuffer size, since data enter
from one end of the buffer and exit from the other end, once the buffer iscompletely
full (e.g. for circular buffer or FIFO buffer). So, in our example

buffer _size = 15mm

Once the user operates the UE to select acertain radio station to listen to, say at
time
t=0
, the system establishes two connections that are optionally substantially simultaneous
between the Server and the UE. The first connection uses a point-to-point protocol,
such as TCP/IP while the second uses abandwidth sharing one-to-many protocol, such
asMBMS. The two mentioned protocols are well known in the art, but other protocol
with similar properties can be used.

The first connection (TCP/IP) starts transferring the older (e.g. the oldest) available
data in the Server's buffer as soon asthe UE requests the reception of the LSM. In our
example, that means that the first packets of the LSM transferred to the UE buffer are
time-shifted with adelay of 15 minutes.

t(TCP/IP_stait) = - 15mm

The second connection (MBMYS) isestablished by synchronizing on the packets of
the existing real time MBMS protocol stream or causing the initiation of areal time
MBMS protocol stream on which to synchronize. For purpose of clarity we note that
the use of the MBMS protocol, or of asimilar one, conceptually requires aplurality of
connected UE, because it has the scope of saving bandwidth when more UE are
connected and receiving the same LSM. With real time MBMS protocol stream we
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describe aLSM that istraveling via MBMS protocol without any time-shift, that isa
LSM only subject to network propagation delays.

[106] The MBMS datarate is obvioudy equal to that of the LSM, which in our example
is

[107]
rate(MBMS) = 20kbps

[108] The datarate of the first connection (TCP/IP) transmission isthe remainder of the
data bandwidth allowed by the wireless connection, which in our example is
[109]

rate{TC?fIP) = 54 - 20 = ZAkbpe

[110] Assuch, the first (TCP/IP) transmission will reach the starting point of the second
(MBMYS) transmission in the approximate time of

buffer _sizs x rafe{MBMS)t rate{TCVIP)
, which in our example is

15mun % 20/ 34 = 8 8mmn
.Inthisway, after 8.8min since 'tuning' to the radio station or other LSM source, the
UE will have received
88+ 15=238min
of LSM, and since the first 8.8 min have already been '‘consumed’ (=decoded by the UE
to play to the user of our system), it means that in the UE buffer there are 15min of
available playing time. In this way, the UE can stay out of network coverage, but still
be able to continuously play the SLM. Thus, for the user, reception of the selected
station i suninterrupted, or appears to be continuously playing, regardless of the
Dropouts or Outages of the DWLN, for atime duration related to the amount of
buffered data

(1] After the UE has reached acertain fill stage, such asthe point when the buffer is
filled up toits full capacity (15 min. worth of radio programming, or 8.8 min since
tuning to the desired radio station in our example), the UE inspects for any MBMS
data packets that are missing, something that can happen, since thereisno re-
transmission mechanism in some MBMS services. To detect whether any datais
missing, the present embodiment uses one of the many means known in the prior art
such as checking the serial number, or other timing or sequence information, that is
attached to any transferred data packet for synchronizing the LSM at the two ends of
the connection. When there isadiscontinuity in the packet serial number, it indicates
missing data. The list of missing packets iscommunicated by the UE to the Server,
using a secure (TCP/IP) connection and the Server substantially immediately starts
resending these data to the UE using the TCP/IP connection. Under normal network
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coverage, such retransmission isexpected to generally last very short time (Dropouts)
since it needs to cover only afew MBMS packets that are missing. In case of an
outage, the amount of missing data is expected to be significant. In the present em-
bodiment the user, by a ssimple setting such as strong, medium, normal and automatic,
has the possibility of defining the length of the buffer to different predefined values
such as 15min, |Omin and 5min and to adynamic length that is continuously updated
on the basis of the Dropouts and Outages measured over aperiod of time. For the
purpose of clarity werepeat that each setting trades the length of recoverable inter-
ruptions against the time-shift delay.

The amount of data that need to be transmitted over the TCP/IP protocol, or
similar, varies according to the amount of missing data, which isrelated to the amount
of time that the UE suffers Dropouts and Outages. In the present embodiment, the vast
majority of data isexpected to be received through MBMS, which offers better com-
munication method from the point of view of data bandwidth and network utilization.
Moreover, due to the random characteristics of the individual UE Dropouts and
Outages, the TCP/IP traffic and number of connections isexpected to be fairly
balanced, further improving the DWLN bandwidth utilization.

Fig. 1: Overall system architecture. Reference numeral (100) shows aplurality of
media that includes groups of live signal receivers, such astraditiona (analog, e.g. FM
or AM) radio signals, digital radio e.g. HD-radio and DAB, station signals, internet
station signals and other sources. The Server (101) has appropriate components to
receive the above mentioned signals and includes a software or hardware component
(102) and (103) that can compress and encode into a packetized live stream media
(LSM) the received signals. The output of component (103) is stored in the encoder
buffer (104) which can be implemented as a solid-state or magnetic, or otherwise. The
buffer can be acircular buffer or a FIFO buffer or otherwise, aslong asit alows for
data of acertain duration (15min. in the example presented) to be stored and new data
overwrite older data. Each packet isassigned aunique sequence number or timestamp.
The packets from this buffer are sent to the user equipment (UE) (111) through the
DWLN (107) asMBMS packets (108) or TCP/IP packets (110).

The UE (111) has the appropriate hardware or software components, including op-
tionally any antennas, cables or otherwise, to connect to the DWLN. Example such
components (not shown) are SIM cards that allow a device to connect to a GSM/
2.5/3G network. It also includes abuffer (112) capable of receiving MBMS/TCP/IP
packets which provides temporary storage of such data. Reference number (106)
shows one such packet stored in buffer (112). The structure of this buffer isacircular,
FIFO or other buffer that allows acertain amount of data to be stored, and overwrites
the oldest available data with new data. Such buffer isusualy implemented as solid-
state, magnetic, or otherwise. The next component that reads data from the UE buffer
isaplayer (114). This component can be implemented in hardware, software or a com-
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bination of these. It can be easily implemented, in way of example, on an embedded
computer. This component outputs a signal (115) suitable to drive standard multimedia
equipments such as audio players, video players, amplifiers.

Figure 2.a: Initial Server/UE data flow and synchronization @ t=0Omin. We show
the Server side buffer (104), the UE buffer (112) and the DWLN (107), as previously
discussed. At T=0, in response to aUE request (not shown) for acertain LSM; 2
packets, one using MBMS (108) and one using TCP/IP (110) are transmitted. The
MBMS packet has time stamp T=0 and the TCP/IP packet has timestamp -15sec. This
paralel transmission continues for 8.8minutes, with MBMS packets filling the decoder
buffer from the left and TCP/IP packets filling the decoder buffer from the right.

Figure 2.b: Server/UE data flow and synchronization @ t=8.8min. We show the
Server side buffer (104), the UE buffer (112) and the DWLN (107) as previously
discussed. At T=8.8min, the Server sends the last fill-up TCP/IP packet (T=-25msec)
(121) together with current (T=8.8min) MBMS packet (120) at which point UE's
buffer isfull. The UE has already received, decoded and played 8.8min worth of TCP/
I P packets (122) shown in dashed boxes on the right of UE buffer. We show the
position in the buffer of the first MBMS packet (122), the first TCP/IP packet sent
(124) and also the packet sent through TCP/IP that isnow ready to be played at the end
of the UE buffer (123) corresponding to approximately T=-6.2min.

Figure 2.c: Server/UE data flow and synchronization @ generic time. We show the
Server side buffer (104), the UE buffer (112) and the DWLN (107), as discussed
previously. During the reception of MBMS packets, the UE inspects and maintains a
list of missing packets, determined on the basis of discontinuities (jumps) in packet
sequence number. Packets (141) and (142) are missing (marked with white) and alist
(140) is sent to the Server through TCP/IP.

Figure 2.d: Server/UE data flow and synchronization @ generic time.. We show
the Server side buffer (104), the UE buffer (112) and the DWLN (107), as discussed
previously. Upon reception of the list of missing MBMS packets the Server resends
them via TCP/IP packets (151) and (152) to replace the missing packets (141) and
(142) of Fig. 2.c. At the end of retransmission (150), UE buffer iscompletely full with
15min of audio data. As such UE can sustain an outage of DWLN of up to 15 minutes
with no brake in playing of the LSM.

Location dependent customization of the live streaming media

In the present embodiment aposition determination means known in the art such as
GPS receiver or acell based triangulation isincorporated in the UE and provides the
UE position to aLSM transit Server node of the DWLN that according to a specified
logic based on the geographic area of the UE replaces at default message such as a
commercial with another area-related predefined message using one of the methods
and systems commercially available or disclosed in prior art such asUS Pat. Ap-
plication No. US 2009/0260030 to Karlsson et al., that describes amechanism to
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replace default advertisements with other advertisements in amedia stream.

Information to the source about the users' habits

In the present embodiment the UE, in way compliant with the local privacy laws
and regulations, incorporates a method to send to the source of the LSM, via the
upstream DWLN functionality, information to perform statistical analysis of the LSM
fruition time of the user to meter the effectiveness of advertisement. In the present em-
bodiment, the UE sends via TCP/IP to the Server of the source, or some other specified
Server, at predefined regular times, or upon request, a message with ID number of the
specific LSM that isbeing played. The information isused for purposes such as ad-
vertising or program metering.

Prevention of storage of LSM

In the present embodiment the UE has a provision to discard the played LSM at the
output of the UE buffer and to prevent the user from accessing the LSM. In this way
the UE behaves exactly asaclassical AM/FM or TV receiver, apart from the time- shift
functional to avoid the DWLN Outages. In practice this provision of this embodiment
creates an extension of the broadcasting sources, like aradio repeater, maintaining all
the characteristic of the broadcast such asthe volatility of the radio/video content, thus
avoiding certain additional royalties such as the Performance Royalties applied to
Internet and Sat radio in certain countries.

In another embodiment the user equipment (UE) isapersonal portable device, such
as a smart-phone, but all the functions of the first embodiment are maintained.

In another embodiment the user equipment (UE) and the functions are identical to
the first embodiment apart from the possibility of independently disable: the provision
to customize the messages, and the capability of reporting the customer choices and
habits, and the automatic erase of the LSM after the time-shift time.

In another embodiment the user equipment (UE) isapersonal portable device, such
as a smart-phone, and the functions are identical to the first embodiment apart from the
possibility of independently disable: the provision to customize the messages, and the
capability of reporting the customer choices and habits, and the automatic erase of the
LSM after the time-shift time.
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Claims

A method of integrating into an In-Dash Multimedia Players anumber of syn-
ergistic methods comprising:

a) providing aDigital Wireless Network (DWLN) to send aLive Stream Media
(LSM) that will use,

i.amethod to eliminate short term interruptions of said LSM signal (Dropouts)
and long term interruptions of said LSM signal (Outages) asdescribed inclaim 5
b) providing aposition determination means that,

i.areceiver or User Equipment (UE) will use to send its position to a specified
Server

ii. and said Server will use said position to replace adefault commercial chunk of
streaming media enclosed in said LSM with another predefined commercial
chunk of streaming media related to said position according to a set rule

c) providing means to report to a source of said LSM information about the
user's playtime of the LSM,

d) providing means to preserve the volatility of said source broadcast,

whereby auser of said In-Dash Multimedia Player will enjoy apractically
unlimited selection of stations and a service without Dropouts and Outages and
receive advertising commercial related to the area that the In-Dash Multimedia
Player istraveling while data bandwidth is shared by aplurality of UE and while
the provider of the said source of said LSM will receive an immediate feedback
of the user playing habits and will not be required to change its copyright
agreements.

A method of integrating into a Portable Multimedia Players anumber of syn-
ergistic methods comprising:

a) providing aDigital Wireless Network (DWLN) to send aLive Stream Media
(LSM) that will use,

i.amethod to eliminate short term interruptions of said LSM signal (Dropouts)
and long term interruptions of said LSM signal (Outages) asdescribed in Claim
5

b) providing aposition determination means that,

i.areceiver User Equipment (UE) will use to send its position to a specified
Server

ii. and said Server will use said position to replace adefault commercial chunk of
streaming media enclosed in said LSM with another predefined commercial
chunk of streaming media related to said position according to a set rule

c) providing means to report to a source of said LSM information about the
user's playtime of the LSM,

d) providing means to preserve the volatility of said source broadcast,

whereby auser of said Portable Multimedia Player will enjoy apractically
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unlimited selection of stations and a service without Dropouts and Outages and
receive advertising commercial related to the area that the Portable Multimedia
Player istraveling while data bandwidth is shared by aplurality of UE and while
the provider of the live media will receive an immediate feedback of the user
playing habits and will not be required to change its copyright agreements.

A method of integrating into an In-Dash Multimedia Players a number of syn-
ergistic methods comprising:

a) providing aDigital Wireless Network (DWLN) to send aLive Stream Media
(LSM) that will use,

i.amethod to eliminate short term interruptions of said LSM signal (Dropouts)
and long term interruptions of said LSM signal (Outages) asdescribed in prior
art

b) providing aposition determination means that,

i.areceiver or User Equipment (UE) will use to send its position to a specified
Server

ii. and said Server will use said position to replace adefault commercial chunk of
streaming media enclosed in said LSM with another predefined commercial
chunk of streaming media related to said position according to a set rule

c) providing means to report to a source of said LSM information about the
user's playtime of the LSM,

d) providing means to preserve the volatility of said source broadcast,

whereby auser of said In-Dash Multimedia Player will enjoy apractically
unlimited selection of stations and a service without Dropouts and Outages and
receive advertising commercial related to the area that the In-Dash Multimedia
Player istraveling while the provider of the said source of said LSM will receive
an immediate feedback of the user playing habits and will not be required to
change its copyright agreements.

A method of integrating into a Portable Multimedia Players anumber of syn-
ergistic methods comprising:

a) providing aDigital Wireless Network (DWLN) to send aLive Stream Media
(LSM) that will use,

i.amethod to eliminate short term interruptions of said LSM signal (Dropouts)
and long term interruptions of said LSM signal (Outages) asdescribed in Claim
5)

b) providing aposition determination means that,

i.areceiver User Equipment (UE) will use to send its position to a specified
Server

ii. and said Server will use said position to replace adefault commercial chunk of
streaming media enclosed in said LSM with another predefined commercial
chunk of streaming media related to said position according to a set rule
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c) providing means to report to a source of said LSM information about the
user's playtime of the LSM,

d) providing means to preserve the volatility of said source broadcast,

whereby auser of said Portable Multimedia Player will enjoy apractically
unlimited selection of stations and a service without Dropouts and Outages and
receive advertising commercial related to the area that the Portable Multimedia
Player istraveling while the provider of the live media will receive an immediate
feedback of the user playing habits and will not be required to change its
copyright agreements.

A method of sending packetized live streaming media information (LSM)
comprising:

a) providing a Server which is able to encode said information into a series of
digital packetized data, or receive said information in digital form and packetize
it, or receive said information in digital packetized data

b) providing auser equipment (UE) which isable to decode said digital
packetized datainto said live information,

c) providing abidirectional digital wireless network (DWLN) which isable to
transfer said digital packetized data from the Server to the UE,

d) providing means to send requests and other control information and data from
said UE to said Server,

e) providing a server buffer in said Server which is able to orderly store said
digital packetized data,

f) providing areceiving buffer in said UE which is able to store said digital
packetized data, received either in order or out-of-order,

g) providing in said Server acontroller which will:

I transfer from said Server said digital packetized data into said server buffer
beginning in afree location of said server buffer and filling said server buffer
until said free locations are available and

i. overwriting the oldest said digital packetized data when no more said free
locations are available and

ii. attaching aprogressive serial number to the packets of said digital packetized
data and

I1. transfer from said server buffer said digital packetized datato said DWLN at a
rate equal to the buffer filling rate, such that

i. approximately one packet of datais sent to said DWLN for each packet of data
that iswritten to said server buffer, and

ii. using amulticast transmission method that allows reception of the same data
packet by more than one UE, such asin Multimedia Broadcast Multicast Service
(MBMS)

1. transfer from said server buffer, upon request of said UE, said digital
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packetized data to said DWLN according to said progressive serial number
starting from

i.the smallest said serial number of said server buffer at the first said request and
ii. the smallest from alist of specified said serial numbers in the following said
requests and

iii. using aunicast protocol method that allows reception of the data packet by
only the UE that requested it, such as TCP/IP and

iv. stopping when the highest said serial number packet has been transferred or
when the serial number packet that isbeing transferred has progressive serial
number that corresponds to alater time than the serial number of MBMS packet
sent over the DWLN asdescribed previoudly, at substantially the same time

h) providing in the UE areceiver controller which will:

I. send to said Server via said DWLN alive information transfer request and

I1. receive from said Server via said DWLN a series of digital packetized data
and store into said receiving buffer beginning in afree location of said receiving
buffer and filling said receiving buffer until said free locations are available and
i. overwriting the oldest said digital packetized data when no more said free
locations are available and

ii. retrieving the progressive serial number from the packets of said digital
packetized data and create alist of missing packets based on gaps in the serial
number of said digital packetized data

I11. send to said Server alist of serial numbers of missing packets, either peri-
odically, or inresponse to a Server request that will initiate anew UE request
IV. establish amulticast connection such asMBMS multicast in order to receive
packets from said Server sent via said multicast method; the establishment of
multicast connection can be requested either at substantially the same time asthe
live information transfer request, or at alater time, such like once the amount of
data in said receiving buffer exceeds the amount of data that isin said server
buffer, said amount either agreed upon and known to both Server and UE ahead
of time, or communicated by the Server to the UE when the first live information
transfer request isbeing acknowledged by the Server

whereby said LSM isplayed without short term interruptions (Dropouts) and
long term interruptions (Outages) and data bandwidth is shared by aplurality of
UE .

The method for transmitting multimedia signal, asdescribed in claim 5, where
the bidirectional network isacellular wireless data network, such as GSM,
UMTS, GPRS, EDGE, HSDPA

The method for transmitting multimedia signal, asdescribed in claim 5, where
the user equipment is adevice mounted and operated on an automobile.
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[Fig. 8]

100
g~ LSM
> GPS

BUFFER
SERVER
|
107
l - (TN
DWLN g

112

UE BUFFER

301 302

RECEIVER
~_. GPS FIX AND

! ' PERSONAL DATA

114




WO 2011/002901 PCT/US2010/040627
9/9

[Fig. 9]




| NTERNATI ONAL SEARCH REPORT International application No
PCT/US 10/40627

A CLASSIFICATION OF SUBJECT MATTER
IPC(8) - HO5K 11/02 (2010.01)

USPC - 455/345
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)
USPC 455/345

Documentation searched other than mimimum documentation to the extent that such documents are included 1n the fields searched
USPC 370/310, 455/186 1, 345 (keyword limited, terms below)

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

PubWEST (USPT, PGPB, EPAB, JPAB), GoogleScholar

Search Terms Used transmitting receiving deliverying obtaining retrieving providing se mal sequential ordering smallest highest oldest
newest missing lost retransmission re-transmitting broadcast data digital signal radio packet stream live multimedia song movie overwrite

C DOCUMENTS CONSIDERED TO BE RELEVANT

Category* Citation of document, with indication, where approp Ttate, of the relevant passages Relevant to clam No

Y US 2004/0249969 A1 (Price) 09 December 2004 (09 12 2004), 1-7
entire document, especially, abstract, para [0007]-[0010], [0013], [0016]-[0018],
[0020]-[0022], [0025], [0028]-[0031], [0038], [0040], [0041], [0043], Fig 1,2

Y US 6,014,706 A (Cannon etal) 11 January 2000 (11 01 2000), 1-7
entire document, especially, col 8, In 10-35, col 10, In 10-35, col 12, In 30-65, col 13, In 1-35,
COM4, In 1-65, col 15, In 1-67

Y US 2005/0177416 A1 (0 nden) 11 August 2005 (1108 2005), 14,7
entire document, especially, abstract, para [0005], [0007], [0010], [0022], [0023], Fig 1

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

- Special categories of cited documents "T" later document published after the international filing dateor priority

"A" document defining thegeneral state of theart which isnot considered date and not in conflict with the application but cited to understand
to be of particular relevance the principle or theory underlying the invention

"E" earlier application or patent but published on or after theinternational »x* document of particular relevance, the claimed invention cannot be
filing date considered novel or cannot be considered to involve an inventive

"L document which may throw doubts on priority claim(s) or which is step when the document is taken alone

cited to establish the publication date of another citation or other .. ) . . .
. o Y" document of particular relevance, the claimed invention cannot be
special reason (as specified) ] . ! . g
- ) o considered to involve an inventive step when the document is
"0O" document referring to an oral disclosure, use, exhibition or other combined with one or more other such documents, such combination
means being obvious to a person skilled in the art
"P"  document published prior to theinternational filing datebut later than . g+ gocument member of the same patent family
the priority date claimed

Date of the actual completion of the international search Date of mailing of the international search report
05 August 2010 (05 08 2010) 17 AUG 201@

Name and mailing address of the ISA/US Autho Tized officer

Mail Stop PCT, Attn ISA/US, Commissioner for Patents Lee W Young

P O Box 1450, Alexandria, Virginia22313-1450

Facsimile No  571-273-3201 P ek ST 2721300

Form PCT/ISA/210 (second sheet) (July 2009)



	front-page
	description
	claims
	drawings
	wo-search-report

