SE5F59 10-0244854

ches] Aol 3 lo] 7159 SIS AE Fulste] BAGE FgBte] A 879 A%l
FUSS ZAlof ATak7] 2% damy 2N AR oA Al Alagal ool

i e I :} 2},
A7) Qe Melel ARG el e teel BREE FEO] LR uE Aolshe w3 Ao,

$7 AL A 3 Foid Ade] o mEk A7 siguA v ee] 55
shedsba 2 g o A chere] A Shdol] WiEd vieler 22HE0] A
el s o, A7 A HE Y Exde Ao doly 2B BAY Ho g AL
Srxle] ag ATkl i3 dol E& v elal, I glo] Bl &St dole ’\ij of AFAHEE #
=2EY AA5Y oo

A7) dseA wiso] AAE A delel AEHEE AW Ho g Aeshr A SA e

A7 e AAZ

Y]

e

= < [ei T E i
w AGH FAT G Aol el AT & 7-ﬂas F:I 22t} o F g Bi ]E} N m s o /u /] 1 .w} e
Ab7] AL Wy &o s ALt ol,ft: ;17} W3 Aol s ﬂ Q‘i% EISET P
AR e Ros “5'} ’g"??t AL 2anBGT 2AL0E Sk 2u)Et A8 EA
Foh A A F A E
A% 3
;ﬁ ] ﬁ‘mﬂ 91 (}3 pa;
F7) FAY FEerio]l BAYY ohE Ao R TEFhs oo B
o g Bl AR d—’* o; = )\] -
Fobe W R A 2

IPR2022-01227
EXHIBIT 1003 - PAGE 01151



v A
EEER L)
AL 54 E4 AR

[=wio] Zhehgl 2]

10-0244854

Al = 2 ke Al o whE AsmA BA S AT A dSuA Auis AlaEe)
A2 S ALz ZAE A& wE e 8 oo WAdEE ZASe Rl
A S R Alzd SAE 22 AFged] gl 2dE g 27l F A A8 £
A4 = dSA el B thed] dlelE] 2Efe] SANE AR G0 eR AFH e
*re] e RR gt R 4
10 780 28 12 0 A2 Qe s oo
14 ¢ 71 = 7 20 : B4
30: Ad BE 32 ALF F e el
34: 2EY £AET 36: A% =25F A7)
38 : uF A )7 40 : A5 9
42 . Ad 225 A 7| 44 . Of5
CIDq W7 CIDg : AT YA A 40D 247
ool A REYE Ko
ool T AbEe] 29+
05 AHA = g A%
! ?»*E ofth
T dsad e »ﬁ aHEe] A “ﬂf%E 2 FAE ede B T—Ji—‘{’— Z205 AR E ffuieinh. of 4
U E e iaﬁx om OH o] 7 Mol w Sk ol A “% ot} 25, ol Ev "MPEG HH S
o] Eg 9‘} siak T1E (LJOP Group of Pic turoskv; T 0%71 /’% \’Ei’h‘b EE 0] i ----- o
______ =t (Mﬂﬁ‘mn Picture Expert Group)el] &3 7§ o= «uejgo mep 54 Vv e
ﬂ»’;ﬂ-—g’ dsic 22w A5uA YL A 99w Lﬂ»’;ﬂ *E")Sﬂr wel A ’;‘&df—h

IPR2022-01227
EXHIBIT 1003 - PAGE 01152



SE5E 100244854

— .m‘_J"’

Jfl}” o] S @
Aﬂ 1% ((‘enter}i

I A (UNIX) &
quat,O/S & quet, s:Jr )2 g ek

e FUAE MR S O/SE FAGN 28 UEFA Akl AU HES 2ol ]

WA a7l W] P20z el Asul @ ol cheel hiabEe] 14570
VAT, ), AT Mo n o O/SE Q5ulAl 592 T4 14&554@@7;

T LEEE ﬂ”ﬂ oA Wel M A2 BRE Fow, A%oA o] Y Hole 2=
= ’\Eﬂﬂ&i 74l A Ejr“rﬂ o= Agor) 2 ~¢1TM. o] 2 ¢idhe, ?i-‘f%‘-ﬁﬂi%‘i A8

oAl Mule g 7hY }"Olfﬂ AFE 4 ik

mpeba, B ool 5L chpe] b abEe] gk AS A SFYES AS5H el AATHH e g o)

o 7R I E S0 2 HAET o o ASHA S FATAE Ag el vk

Hodbyel o BAL vhe ] Y AbEo] 93 ASHA StY B e dolt 2EHEE HAT

HOo® 7t AE '/lﬂ HEED 7 UEE st A5MA AR AlF Tl A

Ai-‘;'} 2R Ee wAsly] ¢ Ele], B owbd e odoiz Aula

A T—’H /<ﬂ T A2 "% ”P"r-ﬂ' AL A Fd gl o

e @A W slg, @ S S YA T BEE -

A Ao ebd, QA FRAALY |

52 @uey o B9E A4 Hae BB na Qg ]
ﬂ“@-%r%ééﬁéﬂé%%%ﬂ£@%ﬁﬂﬂﬁﬂﬂ%%ﬂOQAE%%%%ﬁ%%o¥
ASH7) AT AT FE SO, FAY TESUN ASA FIHAA) TATE FAHL &

£Y ~AEY 208 Aose A A58 FASDHE g

g WL o LA %
Ao
0% ol AET ]
= I_L'A“UH’KH Qﬂ'? T:()%E "’% J} B; } - S i
CEAY wow A5 Al 2nAzel G AN Hel
ol ke @ el A 59 o] XA dolet AEYES A5 A9
| 5% obe A8 ZEnh
47 £Ag o] £ 4ol The B4 W o AL BY WL F2T T wEA S A oo o
g 49 Betel e mel oA g Roloh
olsf, B o] Al ol F AEG ALEE G238t A3 dstrig gidd
A1 i 2 odee) A4 oo WE damAlE B4 S A 488 A% Ans Aade
gEsolth Also] Yol A& Aujz Aade AL RE(10)7 5 )
zﬂﬂﬁ%@m%%ﬁ%@m#&iﬁ&iﬁéﬁﬂ$4i-PC !
¥k AR R E(10)2 A 20 Ad 28 (80)E 7
A STpiel &wste] 744 AF:% 1 2 gk Aol A Y EES A

IPR2022-01227
EXHIBIT 1003 - PAGE 01153



SE5E 100244854

& A9 BRE0H AT GH4 A8 AR ~(12)5 1S A4S o dok
l*ﬂ&hbéﬂﬂwﬂpﬁ“Lﬁﬁﬂ) E 5AH20)T A BEGOE

= Fol SR FUAHE(ST] A STpel Ao A%oA 2o g A0 E 3
87 A o) A12)E AR E ] 7 A HUEE AFANLEEE FEAT 7 2

=g A4 SAES A DEB0)F EAR20)E Afste] FHAA SUIE(STy WA ST E
giﬁ%&wﬁwiﬂ%ﬂxﬂ®m7®“6P¥®®4ﬁ WA Baso] ARE el vt e
A

Ad 2E(30)2 TR YA BRI E(ST] WA ST R4 e 249200 473 3(Cal) 4%

287 B EQ0)ES S 45T obee ALSA THO)ELEY A%l HAFL O 719
A SD71S(ST) UA ST es $A0] dddelu A den s o Aol A =
E(30)2 AE A HE(L0)2] AHg A B30l 2(12)0] 18 B4 2 FA7(32), 229 &

A3, A% BEEE A2 71(36), 517 A0171(38) W A4l #5I(10)E 78l bk,

ol (12} Ad A28 247(42)28 & Ay 45 9
27 *»F-—ﬁ e el ~(12)F A/ 7IEmA(12) 255 9

dgghoh, o 7i A, AR A A s el n(12)E F4% Of

fatel A A2 $7AA2)ELR HE

. 1?2.‘?"3};]% T ATEL Aad 2 98] 2(32)

E-F—%El 228 2AE2(34)e Alad 2 U { SALSHe] AR AL Rl B o] 2 (12) 2 5 F]

| A5mA stdee “ii"—‘f‘ﬁ“»} ol Al 45T HM) 2 5 < Tﬂ sl @47%3 =

JRAEE qegh 2en 25y 24 'f : Al 71(38)of ol s FEE AGoiA v

(403 =9 wisg o - g S A 7HReal Time) Hoz *JH#@.?_S_?_% VoI Byl f*ﬂ >0

A shdE E%f“ ~EYE 2AZY ot o AR L A S, 2EY 2AEH G
A FA Al o g A

d ol wet 7 A e R sy 2 59 ¥E5(ssb)2 A259 2ol B
el AEE AASEUHGAE A% GIRSIRS U adesy B uﬂ,(bbﬁ}"% A7 }

FA} 23 s L
o £19) B0 B2

oz i BAPQ0)ECR A4 vm.,/qo £
1&od el

& A3Es hﬁi 3
v@i ’vlﬁ}i} 4

f
"é*q Fich ETH AER ~H & %(34} = ”a L}M
HAse A el A 2 s 2

1.

e}

= X%uﬂ('ﬁﬁ}w Alojgtet, of 4. 5¢](34) 7@4LV3 & 03 ?Wﬂ 0% A% [’ﬂ%’ﬂ ‘1‘3?‘”—
e NAS Holeh 22 To] FA) B4 =% 24T

=AY AeY AU RYE ) 25 2T BRSO
303/ o 2EY &7 ‘qﬂ(iﬂ)i%ﬂ -«E 2 -*--UH Al gl digh -l
Ao <oz msto] A EESo] dzuld W
{40 e s ’*‘5%‘ fi:ﬂg"‘ Bgo] AdHE= *% "Liliil Zﬁ-’}‘- ..lf.:'Ea A2 71{36)= A
d AWy FAV R He 25 A5 Y y—%;ﬂ et ozl HES B2 Ao A28 W
-4 Ao 71(38)F 2 g oA SUHR0ECR HHE A5A FdE fﬂﬂ ‘?ﬂ olgf 2= ¥
R e G e H38)~.i el gleEgieh w3, A4 228 E A 360 Ad 489 471409
*‘}OIF} n?, EH = }1 }1 _L'C'h “_.J‘ ) b o} I

zﬂ o] qloﬂ tﬂo E} ~EE 0} Qw54 1,}(20)&] o s
- * = A 2 71363 ;;—;;;x
54 FAZIS(CID)E AR 2ot %
C?-—., ﬁ 4 O} O LiE} i "](3 )= Ad Bed S JMZ}% xii U x] ‘-ﬂi = A ) 2= 7))
(CID1 WA CIDY2el & AEE Phgos A6, of 29, 46 2252 42360 £
2} TCP/IP 3 XTP 5 ¥k obuig} ATM wo)Ae] 71 Abeh Hul kel W3 E29 5= Z(Buffer
Flow Cantm}_) o r~} gk 7H U2 M $(Variable Bit Rate) 7152 Aot 124 Suer

O ﬂzll A—‘i Fa } xﬂ 1 R 2

IPR2022-01227
EXHIBIT 1003 - PAGE 01154



SE5E 100244854

AW ZA7CID] WA CIDYE 242 A4 489 FA71(42)8 Aol Sol $4320) 7] 3

[eRR WA«

S5z g 7 gt

e, A W 0)E BARQOES A5 chhel Ghi BB G doj 2

& 2 A AR AASo 28 ue] Aol 7(38)s dE 2R EF AT 3(36}5} F4l 3

£Y 2AZNG) 8 TRY FAE 50l QoA A Y Holeh 2=gES

A w38y e} AR A EY B2 E(ssb)o] B AAGT ofge = v ~q2T

(ssbhiell A4&H vold 2E2-ES 3% 22 8F A< /I(36)of &5 8h

UAMLE, A AT BANUNE A3 2IET AAGEZRE TUSE Nad 2 A

7 el: ----(32}” mr"f‘“ ol }H/@ “F 4 Hola(12)Fom ALt obge] AHE Tr A o] 2 (12) 2 5

| S5 B ATE AL ERE &2l 713 6},{: Aastoh 283

e ol A A2} ¢ E }A(lz)#”“i Azag E ? B 1] o] 2~(32)

2 Age B2 m A ] Ae@ —Htla}«-m 0/S n:w- A mREE A2 7E36)8 B4 REg Aold

= # : %7&“7 (42)= 82 9B 3’\(12‘)%—,'— ) o} o v —“(ﬂ &]_o‘i Zo] alg ;q 1l

HEE o g ST 0} o) ~EY A ET3)REE Y o = ’%1:\ ?f% | 9}

gl m/ElolE Hojila s HAE Figﬂ_ Hel7i{36)% o7 FA 5k oy ek 24 232 48 ai__tj;i

WA ALy A T E(30)0] ABA BE(LO)] HEE x| 97 Chore §us Of

55 5d40E

e ulel gol, B Ae] wE A% s Aade] A5 FA $A AL 25D A7)

%2 o] B8lo] A& rI TS YNGR SR SR A% 0 o

Aqared ol L] YL o] A BAAZAe A AL FLEL 2N d4H e AYAE

AA dEeh 4 vk oo mheh, 2 el mhE A5 A%i Mule Alxdie] d5oA SA S A

B ASA Sdso] AAUH2s A = 5T = o] o

a2 Azde] Al FA

Ao M FAY FFo

s = O
YETA ol B oA
e Wee mA AL A
of 5ol 7 ahol A ok B,

IPR2022-01227
EXHIBIT 1003 - PAGE 01155



5 10-0244854

P~
s£2 7S
a EL dagon A E oA ¢
48555 -
/( 3G
- ; pra
LeE & damol
71
24
% a2
i ~EY DREA
& 38 40
& 34
ors u H e
' % g A223 Hel7) *
2 217 8 H
%
] ! ; ) |
4 v .
o 4z Az
3 74 é 48 &4 g_,:gw—
EAN BANL g A9
&z Cibe erp eroi Ay2E
L AL
3 <3 gt
@ ! ’ |
Fr i ST&‘ { ST
a2k s 2 78
& er o 7} & gr 7
sabll sxh2l ssb3t ssh4 i gabni
sshl2 s5h22 ssb32 ssh4? ssbn?
ssbhln ssbZn sshi3n gsbhdn ssbnn

IPR2022-01227
EXHIBIT 1003 - PAGE 01156



2223 10-0244854

Linked 35B Delta Time Tabile

CHi CHi+1 | CHi+2 | CHi+3 CHi+N

N 7§ EA] Streams 27 <70

IPR2022-01227
EXHIBIT 1003 - PAGE 01157



8/17/2016 Espacenet - Bibliographic data

\ %Y ‘
2NN
%\\%E\

= Espacenst

Bibliographic data: KRAD0253230 (B1) — 2000-04-15

UNEX NETWORK SUB-SYSTEM FOR CORNTIRUQUS STREAM TRANSBFER

Inventor(s): LIM HYUN-CHANG [KR] # (LIM, HYUN-CHANG)
Applicant(s): LG ELECTRONICS INC [KR] # (LG ELECTRONICS INC)
Classification: - international: HO4L12/28; (IPC1-7): HO4L.12/28

- cooperative:
Application number: KR19970072518 19971223

Priority number(s): KR19970072518 19971223

Abstract of KRT00253230 (B1}

PURPGOSBE: A unix network sub-system for continuocus medium stream transfer is
provided (o minirmize a radiation movement of 3 data by clients by directly transmitting
a continuous medium stream daia received from a file system through a buffer through
a network when a stream control command is recsived from a server managsy,
CONSTITUTION: A plurality of operating modules{COM)} transmit a continuous medium
stream data received from a buffer through a pre-set connection, and is dynamically
generated or terminated. A managemeant module{ CAM) dynamically manages the
aparating module{COM) for every stream according to a stream control command
raceivad from a server manager. The management module{CAM) includes a manager
agent for interpreting the received stream controd command and performing a
command, an operation module manager for generating, controlling and managing the
operation module{COM), a8 connection manager for setling up and releasing a
connaction, a (o8 repeater for converting a QoS{Quality of Service) of a user received
from the buffer to a Gobd of a network and maintaining 3 connection by means of the
connection managey, an address repeater for converling a session 1D received from the
buffer o an address of a client and outputiing i, an admission checker for checking the
amount of a network resource for a new session requast by the buffer and checking
whether the request can be admitted; and a system tuner for changing a tuning
parameter value of a continuous medium network sub-systern. The operation
module{COM) includes a command receiver for receiving & management command
from the management module{CAM) and processing it, a discarder for discarding a
frame remaining in the buffer after releasing the connection, an srror controller for ra-
fransmitiing a data lost during transmission for accurate transmission, a frame stamper
for informing a transmission state of 3 frame being transmitted, a frame divider for
dividing the received frame suitably to each client, and a flow controller for controlling a
fransfer rate.
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SYSTEM & METHOD FOR DISTRIBUTING MULTI-MEDIA

PRESENTATIONS IN A COMPUTER NETWORK

5 FIELD OF THE INVENTION

The present invention relates to a method and system for distributing

video, audio graphic and textual information on a compuler network.

BACKGROUND OF THE INVENTION

Computer networks, in particular the INTERNET network, allow users
10 pperating user operated displays (UOD) connected to the network, 1o receive and
display multi-media presentations. Usually, multimedia presentations are stored as
files which are downloaded from sites of the network in which they are stored and
to which thay were fed from any source.

in the prior art, each muiti-media file stored in a network site contains all

15 the data of a presentation, i.e. if the multi-media presentation is a video clip of a
song, the file stored in the network site includes the video, audio, graphic and

textual data of the particular video clip and therefore, when retrieved by a natwork

user, a relatively long delay exists before the user can display the presentation on

his computer since the volume of data that needs to be transferred from the

20 network site {o the user is very large.

For example, if the multi-media presentation is a 6680 Kbyte file, it willbe
transferred via a 14.4K modem in about 12 minutes. An example of such 660 Kbyte

file is & 1 minute audio file at 11 Ksamp/sec.
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SUMMARY OF THE INVENTION

An object of the present invention is o provide an improved method and
system for distributing multi-media presentations to users of a computer network.

Ancther object of the present invention is to provide substantially in real
time multi-media preseniations to at least one user operating a UOD connected to
the network.

A further object of the present invention is to enable a user operating a
UOD to selsctively display portions of or the entire multi-media presentation. The
user operating the UOD may display the preseniation with a desired delay, to re-
display portions of the presentation or 1o display portions of the presentation out of
order.

it will be appreciated that the term multi-media refers herein to video,
audio, graphic, textual, music instrument device interface (midi) or any other digital
data, each taken alone or in any combination therebstween. The term display refers
herein to the display of any data included in the multi media presentation.

According to an aspect of the present invention, the system enabling the
selective display includes a feeding unit which feeds the multimedia presentation,
& forming and distribution unit which feeds the muliimedia presentation as data files
including segments of the presentation and a UOD, all connected in any suitable
computer network. Preferably, the data files include consecutive segments of the

presentation,

According to a preferred embodiment of the present invention, the
computer network is the INTERNET network,

According to a further aspect of the present invention, for the INTERNET
network, the forming and distribution unit reside in World Wide Web (WWW) sites.
The forming unit and the distribution unit may be either in the same WWW site or
in a different WWW site.
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According to yet another aspect of the present invention, the forming unit
may be part of the feeding unit wherein the distribution unit is a HyperText Transfer
Protocol (HTTP) server in a WWW site.

According to yet another aspect of the present invention, additional
distribution units located in additional sites of the WWW may retrieve the data files
including the segments of the multi-media presentation from the distribution unit and
distribute them to additional users employing UODs communicating with these

additional sites.

One advantage of the present invention is that the communication
protocol employed for connecting the UQOD, the HTTP WWW server and the multi-
media presentations feeding computer is a communication protocol presently used
in the INTERNET, preferably a reliable TCP/AP communication protocol. TOP/IP is
compatible with HTTP WWW and browsing applications used for browsing the
WWW.

According 1o a second preferred embodiment of the present invention,
the communication protocol is any suitable communication protocol, such as a non-

reliable UDP communication protocol.

There is thus provided, according to a preferred embodiment of the

| present invention, a method for distributing a mulli-media presentation in a

computer network which includes the following steps:

A, feeding at least one site of the computer network with a stream of dala

of the presentation;

B. forming, in each site a plurality of data files, each data file including a
segment of the multi-media presemtation;

C. distributing the plurality of data files to at least one display; and

O. displaying the distributed data files.

in accordance with a preferred embodiment of the present invention, the
fesding includes providing at least one parameter characterizing the segment and
the forming includes forming consecutive data files, each including the segment in

accordance with the at least one parameter,
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Further, according to a preferred smbodiment of the present invention,
the step of forming includes forming the data files as a sequence of files.
Alternatively, the step of forming includes forming the data files in a cyclic fashion.

Additionally, according to a preferred embodiment of the present
invention, the steps of distributing and displaying include the step of activating an
interactive display application operating to receive the distributed data files and to
display them in a user selected sequence. Preferably, the user selectad sequence
is selected from the group which includes displaving a most current file, displaying
a formerly formed file, displaying a formerly distributed file, re-displaying displayed
files and displaying the files out of order. The most current file refers herein 1o the

file most recently formed by the forming unit.

Further, according to a preferred embodiment of the prasent invention,
the method may include the step of selecting a time lag between the sieps of
feeding and forming and the steps of distributing and displaying, the time lag
determined whether the display is substantially a real time display or a delayed
display.

Still further, according to yet another preferred embodiment of the
present invention, the step of distributing may alsc include the step of distributing
the data files to additional distribution units operating to distribute the data files to
additional displays.

According to a preferred embodiment of the present invention, the
computer network is the INTERNET network.

There is also provided, in accordance with a preferred embodiment of
the present invention, a method for displaying substantially in a real time a multi-

media presentation which includes the steps of:

Al forming data files representing segments of the multi-media presentation:
and
B. displaying the data files in a user selected sequence, the user selected

sequence includes at least one of the group which includes displaying a most
current file, displaying a formerly distributed file, re-displaying displayed files and
displaying the files out of order,
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There is further provided, in accordance with a preferred embodiment of
the present invention a sysiem for distributing a multi-media presentation in a
computer network which includes:
A, a feeding unit for feeding at least one site of the computer network with
a stream of data of the preseniation;
B. a forming manager for forming, in each site a plurality of data files, sach
file including a segment of the multi-media presentation;

C. a distribution unit for distributing the plurality of data files to at least one
U0D; and
D. a UOD for displaying the distributed data files.

According to a preferred embodiment of the present invention, the
computer network is the INTERNET network and the distribution units are one or
more HTTP servers in WWW siles.

There is further provided, in accordance with a preferred embodiment of
the present invention, a method for distributing a2 multi-media presentation in a
computer network which includes the following steps:
A, feeding at least one site of the computer network with a stream of daia
of the presentation;
B. forming, in each site a datla file including the multi-media presentation;
C. repeating the steps of feeding and forming, thereby rewriting portions of
the data of the presentation in a cyclic fashion;
0. distributing, substantially simultaneously with the steps of feeding and
forming, the current data file to at least one display; and
E. displaying the distributed data file,

wherein a seleciable time lag exists beiween the steps of distributing

and displaying.

Finally, according 1o a preferred embodiment of the present invention,
thers are provided systems which includes units operating to carry out the steps of

the methods of the present invention.
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BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will be understood and appreciated more fully from
the following detailed description taken in conjunction with the appended drawings
in which:

5 Fig. 1 is a schematic block diagrams of a multi-media presentation
distributing systemn, constructed according to a preferred embodiment of the present
invention;

Fig. 2 is a schematic block diagram illustration of a preferred method for
feeding and forming the files of consecutive segments of the multi-media
10 presentation;

Fig. 3 is a schematic ilustration of a plurality of files including

consecutive segments of the multi-media presentation formed in a cyclic mode;

Fig. 4 is a schemalic #lustration of a plurality of files including

consecutive segments of the multi-media presentation formed in a sequential mode;

15 Fig. 5 is a schematic block diagram illustration of a preferred method for

distributing and displaying the files of segmenis of the multi-media presentation;

Fig. 6 is a schematic block diagram illustration of an alternative preferred
method for feeding and forming a multi-media presentation; and

Fig. 7 is a schematic block diagram illustration illustrating the steps of
20 distributing and displaying of the method of Fig. 6.
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DETAILED DESCRIFTION OF THE PRESENT INVENTION

Reference is now made to Fig. 1 which illustrales a rulti-media
presentation distribution system, constructed according to a preferred embodiment

of the present invention.

The system of Fig. 1, generally referenced 10, comprises a multi-media
presentation feeding unit 12 for feeding a stream of data which forms the multi-
media presentation to be distributed through the computer network via a forming
and distribution unit 14 to a plurality of user operated display (UOD} units of which

one, referenced 18, is shown herein.

The unit 12 may comprise any suitable means for generating a multi-
media presentation. Preferably, it comprises a computer equipped with suitable
sottware and hardware for receiving the multi-media presentation from any suitable
source. For example, if the multi-media presentation is an audio presentation, the
computer forming the unit 12 will include an audio card capable of receiving audio
signals, such as Sound Blaster, manufactured and sold by Creative Lab
Technologies of the USA. If the multi-media presentation is a video presentation,
the computer forming the unit 12 will include a video card capable of receiving video
signals, such as Video Blaster, manufactured and sold by Creative Lab
Technologies of the USA.

According to a preferred embodiment of the present invention, the unit
12 receives a real time broadcast of a multi-media presentation, for example an
audio presentation from a radio station, and feeds its content 1o the forming and

distribution unit 14.

The forming and distribution unit 14 is preferably a site in a computer
network operating 1o receive the stream of multi-media data from the unit 12 and

to form therefrom a plurality of files forming together the multi-media presentation.

According to a preferred embodiment of the present invention, the
system is operating to provide substantially in real time the multi-media presentation
to the users and therefore the feeding and forming are substantially simultaneous,

Le. the unit 14 receives the stream of data according to parameters defined by the
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feeding unit 12 and substantially simultaneously forms the files inciuding the
segments of the multi-media presentation.

The forming and distribution unit 14 preferably comprises a file forming
manager 18 which receives the data of the multi-media presentation and forms data
files including segments of the presentation therefrom. Preferably, the data files are
consecutive data files representing consecutive segments of the multi-media

presentation.

in the Hiustrated embodiment, the feeding unit 12 and the forming unit
18 are located in different sites of the network. Alernatively, the forming unit 18
miay form part of the feeding unit 12 and not of the forming and distribution unit 14.
Also, the feeding unit 12 and the forming and distribution unit 14 may reside
together on a single WWW site.

The preferred network of the present invention is the INTERNET network
and therefore the distribution unit is preferably an HTTP WWW server 20 which
receives the files including segments of the multib-media presentation and is
operative 1o distribute them to any number of UODs of users of the network as

described in detail with reference to Fig. 5 hereinbelow.

Additionally, the distribution unit 20 is operative 1o distribute the data files
including segments of the multi-media presentation to additional distribution units
{not shown), i.e. HTTP servers in other WWW sites, whereby the multi-media
presentation may be distributed substantially simultaneously to even a larger

number of users.

Alternatively, each additional distribution unit may receive the data files
including segments of the multi-media presentation from a corrssponding retrieving
unit {not shown) which operates to retrieve the data files from the unit 14 and to

transfer it to the corresponding additional distribution unit.

Referring now also to Fig. 2, a preferred method for feeding and forming
the files representing consecutive segments of the multi-media presentation is
described. The method staris with the step 22 of activating the computer comprising
the feeding unit 12.
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Next, as shown in block 24, the feeding unit 12 provides the parameters
defining the characteristics of the segments of stream of data of the multi-media
presentation that are transferred to the file forming manager 18. The stream of
data representing each of the files including the segments of the multi-media
presentation is then transferred to the file forming manager 18 as indicated by step
28 and the file forming manager forms the files of the data segments of the multi-
media presentation {step 28).

The characteristics provided in siep 24 may be any suitable
characteristics of the segment data files. Non limiting examples include the size of
the data file and the cycle size in case the data is provided in a cyclic fashion as

described hereinbelow with reference to Fig. 3.

it will be appreciated that the method of Fig. 2 is particularly
advantageous in an environment in which it is desired fo display the multi-media
presentation substantially in real time. While in the prior art the stream of dala
representing the entire multi-media presentation is transferred to a single file in the
HTTP server, thereby causing a relatively long delay between feeding and
subsequent non-continuous displaying, the segmented forming of the present
invention enables to display the multi-media presentation substantially

simultaneously with its feeding and forming.

Furthermore, according to one preferred embodiment of the present
invention, as shown in Fig. 3, the files are formed in the HTTP server 20 in a cyclic
fashion. In the first cycle, files 3A - 3N, L.e. the files allocated 1o save segments of
the multi-media presentation in the first cycle, are formed. The files of the next
cycle, Le. files 3N + 1, 3N + 2 efc. will replace files 3A, 3B etc., respectively, and

the files of a further cycle represented by file 3(2N)+1 will replace file S3N+1 elc,

Forming in a cyclic fashion enables not only to display the multi-media
presentation substantially simultaneously but also continuously as new files
presenting segments of the multi-media presentation replace older files for any

desired period of {ime.

it will be appreciated that forming the files in the forming unit 18 in a

cyclic fashion is particularly advantageous for relatively long real time display of
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multi-media presentations such as the display of a radio station broadcast to users
connected to the network.

According to an alternative embodiment of the present invention, as
shown in Fig. 4, the plurality of files may be formed in a sequential mode, i.e. as
a string of data files 4A - 4N representing the content of the entire multi-media
presentation.

Reference is now made to Fig. 5 which is a schematic block diagram
ilustration of a preferred method for distributing and displaying the files of segments
of the multi-media preseniation.

The method starts at block 52 whers a user views a WWW page on its
UQD's display 16. According to a preferred embodiment of the present invention the
commurtication between the UOD 18, the HTTP server 20, and the feeding unit 12
is via a TCP/IP communication profocol, thereby allowing the user o empioy
existing browsing application, such as the National Center for Supercomputing
Applications (NCSA), NCSA Mosaic browser and the NeiScape browser,
commercially available from Netscape Communication Corp. of California, U.S.A.

The WWW page includes an indication to a connection file which is
selacted by the user (step 54). Upon selection, the UQD receives the connection
file (step 58) which includes reterence to an interactive display application capable
of receiving and displaying the files of the segments of the multi-media

preseniation.

in the preferred embodiment, the user activates the interactive display application

{step 58) via the browsing application.

The connection file is updated in the WWW and therefore includes the
status of all the files currently in the distribution unit 20. Therefore, once the
interactive display application is activated, i also receives the current status of the

files including the segments of the multi-media presentation.

The interactive display application now has all the pertinent information
about the files currently available in the HTTP server and in 80 the user receives
the files to be displaved as shown in 82. If the presentation is a real time
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presentation, the information regarding the status of the files may include the file
having the most current segment of the multi-media presentation, the size of cycle
and the user options {o delay and/or to re-display some of the files. Preferably, the

steps 80 and 62 are substantially simultaneous.

it will be appreciated that the steps 80 and 82 may continue in a cyclic
fashion as indicated by the cycle 84 substantially simultaneously with the cyclic

forming of new files described hersinabove.

it will be appreciated that the time lag between the feeding and forming
described with reference to Fig. 2 and the steps of distributing and displaying
described with reference to Fig. 5 may be selected by the user. If a substantially
real time display is of interest a minimal lag time will be selected and if a delayed

display is of interest, the lag therebetween will be longer.

A particular advantage of the present invention is that the user operating
the UOD may interact with the displayed presentation o select which part thereof
will be displayed. in case of a substantially real time presentation, the user is not
fimited to displaying the content of the most current part of the presentation.
According to the present invention, the user interacts with the interactive display
application 1o select whether to display files which were distributed at an earlier time
or the current file, or may "jump" and display only selected files, thereby displaying
segments of the multi-media presentation out of order.

Reference is now made to Figs. 6 and 7 which illustrate an alternative
embodiment for feeding, forming, distributing and displaying a multi-media
presentation employing the system 10 {(Fig. 1). in the embodiment of Fig. 8, the
feeding unit 12 operates to feed a stream of data (step 128} 1o the forming unit 18
which forms a single data file therefrom (step 128). The steps 126 and 128 are

continuous as indicated by the cycle schematically referenced 127,

it will be appreciated that the cycle 127 effectively forms a data file to
which data of the multi-media presentation is written in a cyclic fashion, data which
may be displayed substantially simultanecusly with the cycle 127 as described with

reference to Fig. 7 hereinbelow, provided that there is a sufficient ime lag between
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the step 128 and the display of the same segment by the UOD. This time lag may
also be varied selectably by the user.

As shown in Fig. 7, the user views a WWW page on its UCD's 16 (step
152). Then, the user aclivales an interactive display application capable of
receiving and displaying the data file currently formed in step 128 (Fig. 8) employing
its LUOD browsing application (step 154).

The interactive display application now has all the pertinent information
about the file currently available in the HTTP server 20 and in 160 the user receives
the file to be displayed as shown in 182, Preferably, the steps 160 and 162 are
substantially simultaneous.

it will be appreciated that the steps 160 and 182 may continue in a cyelic
fashion as indicated by the cycle 164 substantially simultanecusly with the cyclic

forming of the data file described in step 127.

it will be appreciated that while the present invention is not limited by
what has been described hereinabove and that numerous modifications, all of which
fall within the scope of the present invention, exist. For example, while the present
invention has been described with reference to the INTERNET network, the method
and system of the present invention is not limited thersto and may be employed in

any suitable computer network.

Another example is that the daia fed by the feeding unit can be
compressed and subsequently decompressed by the UOD. Similarly, the data files
including segments of the multi-media presentation or the single file may be
compressed in the HTTP server and subsequently decompressed in the UQGD.
These compression and decompression steps may be performed by any suitable

compression and decompression algorithm known in the art.

it wiil be appreciated by persons skilled in the art that the present
invention is not iimited to what has been paricularly shown and described
herginabove. Rather, the scope of the present invention is defined only by the

claims that follow:
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CLAIMS

A method for distributing a multi-media presentation in a computer

network comprising:

a. feeding at least one site of said computer network with a stream
of data of said presentation:

b. forming, in each site a plurality of data files, each data file
including a segment of said mulli-media presentation;
distributing said plurality of data files io at lzast one display; and

d. displaying said distributed data files.

The method of claim 1 whersin sald feeding comprises providing at least
one parameter characterizing said segment and said forming comprises
forming consecutive data files, each including said segment in

accordance with said at least one parameter.

The methed of claim 1 wherein said forming comprises forming said data

files as a sequence of files.

The method of claim 1 wherein said forming comprises forming said data

tiles in a cyclic {ashion,

The method of claim 1 wherein sald distributing and displaying
comprises activating an interactive display application operating to
receive said distributed data files and to display them in a user selected

sequence.

The method of claim 5 wherein said user selected sequence is selected
from the group consisting of displaying a most current file, displaying a
formerly formed file, displaying a formerly distributed file, re-displaying
displayed files and displaying the files out of order.

The method of claim 1 comprising selecting a time lag between said
steps of feeding and forming and said steps of distributing and
displaying, said time lad determines whether said displaying is

substantially a real time display or a delayed display.
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A method according to any of the previous claims and wherein said
distributing further comprises distributing said data files to additional
distribution units operating to distribuie said data files to additional
displays.

A method according any of the previous claims and whersin said
computer network is the INTERNET network.

A method for displaying substantially in a real time a multi-media

presentation comprising:

a. forming data files representing segments of said multi-media
presentation; and

. displaying said data files in a user selected sequence, said user
selected sequence comprising at least one of the group consisting
of displaying & most current file, displaying a formerly formed file,
displaying a formerly distributed file, re-displaying displayed files
and displaying the files out of order.

A system for distrbuting a multi-media presentation in a computer

network comprising:

a. a feeding unit for feeding at least one site of said computer
network with a stream of data of said presentation;

b. a forming manager for forming, in each site a plurality of data
tiles, each file including a segment of said multi-media
presentation;

c. a distribution unit for distributing said plurality of data files 1o at
least one UOD; and

d. a UOD for displaying said distributed data files.

The system of claim 11 wherein said feeding unit comprises means for
providing at least one parameter of characterizing said segment and said -
torming unit comprises means for forming consecutive data files, each

including said segment, in accordance with said at least one parameter.

IPR2022-01227
EXHIBIT 1003 - PAGE 01184



[€3}

10

18

20

25

W 97783447

13.

14,

15.

16.

17.

18.

19.

20.

21.

PCT/ILOG/O0104
15

The system of claim 11 wherein said forming unit operates to form said

data files as a sequence of files.

The sysiem of claim 11 whersin said forming unit operates to form said

data files in a cyclic fashion.

The system of claim 11 wherein said distribution unit and said UOD
comprise means for activating an interactive display application operating
to receive said distributed data files and to display them in a user

selected sequence.

The system of ciaim 15 wherein said user selecied sequence is selected
from the group consisting of displaying a most current file, displaying a
formerly formed file, displaying a formerly distributed file, re-displaying
displayed files and displaying the files out of order.

The system of claim 11 comprising means for selecting a time lag
between said steps of feading and forming and said steps of distributing
and displaying, said time lag determined whether said displaying is
substantially a real time display or a delayed display.

A system according to any of claims 11 - 17 and wherein said network
includes additional distribution units operating to receive said daia files
and to distribute them to additional UODs.

A system according to any of claims 11 - 18 and wherein said computer
network is the INTERNET network.

A system according to claim 19 wherein said distribution unitis an HTTP

sarver.

A method for distributing a multi-media presentation in a computer

network comprising:
a. feeding at lsast one site of said computer network with a stream

of data of said presentation;
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forming, in each site a data file including said multi-media
preseniation;

repeating said steps of feeding and forming, thereby rewriting
portions of the data of said presentation in a cyclic fashion:
distributing, substantially simultaneocusly with said steps of feeding
and forming, the current data file to at least one display; and
displaying said distributed data file, wherein a selectable time lag

exists between said forming and distributing.

A system for distributing a multi-media presentation in a computer

network comprising:

a.

a feeding unit for feeding at least one site of said computer
network with a stream of data of said presentation;

a forming unit for forming, in each siie a data file including said
multi-media presentation;

means for repeating the operation of said feeding unit and
forming unit, thereby rewriting portions of the data of said
presentation in a cyclic fashion;

means for distributing, substantially simuBltaneously with the
operation of said feeding unit and forming unit, the current data
file to at least one display; and

a UOD for displaying said distributed data file, wherein a

selectable time lag exist between said forming and distributing.

A method according to any of claims 1 - 10 and 21 substantially as

dascribed hersinabove.

A method according to any of claims 1 - 10 and 21 substantially as

illustrated in any of the drawings.

A system according to any of claims 11 - 20 and 22 substantially as

described hereinabove.

A system according to any of claims 11 - 20 and 22 substantially as

fllustrated in any of the drawings.
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Multimedia Reception in a Digital Broadcasting Svstem

The present invention relates to the transfer of a
multimedia programme and in particular to the mechanisms
used to initiate such transfer in a receiver in a digi-
tal broadcasting system.

In the Digital audic Broadcasting (DAB) system,
which has been developed to allow an efficient utiliza-
tion of frequency bands, the transmission path is com-
pletely digital. The system is designed to replace the
analogue broadcasting system commonly used at present,
which 1s based on the use of freguency modulaticn. DAR
defines a digital radic channel hased on multiple carri-
ers which is applicable for the transmission of bot
audic and data services. In a completely digital trans-
migsion channel, it iz possible to transmit a continuous
data or audioc stream, or the channel may be a packet
chamnnel. Packet transmission is more flexible and per-
mits easier transmission of data units of a limited
length. The DAB system is defined in ETSI (European
Telecommunication Standards Institute) standard 300 401,
February, 1985,

From the user’s point of wview, the highest level of
abstraction in the DAB system is called ensemble, Fig.
1. It contains all the services that are available to
the user in a given frequency band. A change from one
ensemble to another in the receiver is effected by tun-
ing into a different freguency band, just as one changes
channels in current FM radic reception. The enssmble is
divided into services, exemplified in Fig. 1 by Alpha
Radie 1, Beta Radic and Alpha Radic 2. In addition,
there may be data services, although these are not shown

in the figure. Each service is consists of one or more

PCTRES6/005%4
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service components, and each of these is placed in a
subchannel, which may be either an audic channel or a
data channel. For comparison, let it be stated that FM
radio contains only one service and one service compo-
nent (audic) in each chamnesl. At the lowest level, the
transmission frame, whose duration is either 24 ws or 96
ma depending on the DAB mode, consists of three chrono-
logically comsecutive parts. The first part is a Syn-
chronizing Channel, which containg no service informa-
tion. The next part is a Fast Information Channsl FIC,
which has a mode-specific fimxed length. The last part is
a Main Service Channel MS8C, which contains all the sub-
channels. The position, size and number of subchannels
within the MEC mavy vary, but the size of the MBEC is con-
stant. The MSC contains a maximum of 63 different audic
and/or data subchannels. The subchannels are numbered on
the basis of a so-called Channel Id from 0 to 2. Moreo-
ver, the MSC may contain an Auxiliary Information Chan-
nel AIC, which has a fixed channel number €3, The AIC
may carry the same type of information as the FIC.

At the transmitting end, in addition to audioc serv-
ices, the service supplier may alsc offer e.g. multime-
dia services, hypermedia services, fille-based services
and hypertext. From the audic information and data pro-
vided by the service suppliers, the DAB operator ganer-
ates a DABR transmission signal, which comprises succes-
sive transmission frames as shown in the lower part of
Fig 1.

In the receiver, the information channel FIC and
the MSC, which contains the audio and data services, are
separated from each other from the transmission frame.
The subchannels are separated, channel-decoded and then

passed on for further processing. Frowm .the FIC channel
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received, the customer obtains information about the
services contained in the ensemble received and can thus
gselect the service or services he/she wants. By combin-
ing subchannel service components in accoordance with the
application software, it is possible to compose &.g. a
desired multimedia servics.

As stated above, information can be transferred in
packet mode, in which case data capacity can be reserved
for service suppliers dynamically, or as a continucus
stream. The maximum capacity in packet transfer is 1.728
Mbit/s. In continucus audio transfer, successive audio
frames are transferred. Briefly speaking, to transfer
information in data packets, the information data is
first placed in the data field of a so-called data
group. The data group contains header fields and after
these a data field, in which the data to be transferred
is placed. The length of the data field may vary and is
at most 8131 bytes. The last field is the checksum of
the data group. The data packets to be sent out to the
transmission path are formed from the data group by sim-
ply chopping it inte sections of equal length and plac-
ing each section in the data field of a data packet .
Fill bits are used if the last data group section to be
placed is shorter than the length of the data field of
the data packet. The data packet length has one of four
possible values, 24, 48, 72 or %6 bytes. Based on thse
packet headers, the data group can be assembled again in
the receiver. Generally, a data group consists of the
data fields of a number of packets transmitted in suc-
cession, but in the simplest case a single packet is
sufficient to form a data group.

A continucus audic stream or data stream is trans-

ferred in frames, the structure of which is illustrated

PCT/FIS6/045%4
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by Fig. 2. At the transmitting end, audic samples coming
in at a frequency of 48 kHz and encoded into 1é6-bit for-
mat are divided into subk-bands, and the samples of the
sub-bands are ccded into the audio frame by making use
of the masgking effect of the human ear so that the in-
coming bit rate 768 kbit/s is rveduced e.g. in the case
of a mono channel to a rate of about 100 kbkit/s. The
four~-byte header of the frame contains information in-
tended for the decoders in the receiver, such as syn-
chronisation data, bit rate data, and sampling freguency
data. A bhit allocation field coming afterx the checksum
indicates how the bits are allocated to each one of the
audic field sub-bands containing 36 encoded samples and
which bits have besen removed from the samples in making
use of the masking effect. A scale factor selection in-
formation field indicates how the group of audio samples
has been scaled (normalized) in the decoder. After this
there is a field that contains the audioc bits proper.
The information in it corregponds to 24 ms of audio. The
field contains 26 encoded sub-band audio samples divided
into twelve triplets, each of which contains 3 sub-band
samples. Thus, four triplets corresponds to 12 ms of
audic. After this there are £ill bits if the number of
audio bits amounts to less than the audioc field length.
Finally there are an X-PAD and an F-PAD field, the mean-
ings of which are dascribed next.

Fig. 2 presents the last part of the audio frame.
Rach audic frame containe byvtes that transmit data re-
lating to the programme {(Programme Assoclated Data).
This data is in synchronism with the audio data in the
frame. The PAD-bvtes of successive frames wmake up a so-
called PAD channel. The field consisting of the two last

bytes, called the fixed PAD field, is intended for the
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transmission of real-time information related to audio,
but it can also be used as a very slow data channel. The
PAD channel can be extendesd by employing a so-called ex-
tended PAD field X-PAD, which is intended for the trans-
mission of additional information to the listener, such
as text associated with the audic, e.g. the lyrics of
songs. The X-PAD field may be absent altogether, and its
length in each frame can be four bytes, a so-called
short X-PAD, in which case it is located in the frame
area which is better protected against errors, indicated
by the shading in the figure, or its length may change
from frame to frame, in which case only a part (4 bytes)

it is in the well-protected area. Between the FPAD

En)]

o
fields there is a Scale Facter Error Check - Cyclic Re-
dundancy Check £ield ScF-CRC associated with the audio
field. The frame always has a fixed-length F-PAD field,
and if an X-PAD field exists, its length is enceded in
the F-PAD. The X-PAD field has at its beginning one or
more contents indicators CI. The CI is a number which
indicates the nature or application type of the data
placed in the X-PAD data field or in its sub-fields. Ac-
cording to the specification, the maximum number of ap-
plication types available is 287. Numbers 0, 2-11, 332
and 33 arve defined under item 7.4.3 of the specifica-
tion.

The DAB system allows the transmission of multime-
dia type services, but the wmultimedia techniques cur-
rently used are not adeguate for this purpose. At pres-
ent, each multimedia producer uses its own technical so-
lutions for digital audio and video, presentation script
language, coding, protocols, operating systems, ete. So
far there is no standardized method for generating a

complex, interactive multimedia presentation using the
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producer’s computer, storing it in a data medium, trans-
mitting it over a transfsr network and reproducing the
presentation on another computer. The producer has to
store e.g. a multimedia bock on a compact disc in numer-
ous different formats, such as CD-I {Compact Disc Inter-
active), MPEG-1 and QuickTime (a system used by Applel.
A recording in appropriate format is then transferred to
an industry-standard computer PC, a MacIntogh or a Unix
computer, for these to be able to present the multimedia
book. Transfer over a network or data exchange bhetween
heterogensous systems 1s not possible. The main problem
is a lack of international standards for the creation
and presentation of the contents of multimedia. In par-
ticular, the final multimedia script lacks conditicnal
links and spatial as well as temporal relationships be-
tween content elements. For example, the JPEGC and MPEG
standards only describe the contents of information ob-
jects, but they cannot be used to describe the relation-
ships between the objects in a multimedia presentation.
To solve this problem, in other words, to define and
standardize the structural information of a multimedia
presentation, the IS0 (International Crganization for
Standardization) has established a working group called
MHEG (Multimedia and Hypermedia Information Coding Ex-
perts Group), which has made a proposal for a multimedia
standard, known by the same designation.

In its philosophy, the standard follows the layered
structure of the 08I model, in which the abstract syntax
and the transfer syntax are sepavrated from each other.
The standard is based on an object-oriented approach. It
has been developed in five parts, of which the first
part, called ASN.1 (Abstract Syntax Notation 1}, is a

complete definition of objects, whereas the fifth part
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MHEG-5 describes the implementation at application
level, with special focus on TV applications. ASN.1 is
also used in MHEG-5. MHEG-5 is defined in the proposed
standard IS0/IEC CD 13522-5%, September 20, 199%. An
MHEG-5 application is composed of scenes and obhiects
common to different scenes. A scene is used to present
information (text, audic, wvidec, and so on}, whose be-
haviour is based on the triggering of events. For exam-
ple, pressing a button visible on the screen starts a
video sequence or activates the sound. At least one
scene is active at any given instant. Navigating within
a presentation thus means moving from one scene to an-
other.

To make the present invention easier to understand,
certain MHEG concepts are now briefly described. Links
are objects which contain a trigger for triggering an
evant and a reference to an action obiject, which again
contains a list of elementary events. Thus, a link is
associated with a given event. When a certain condition
is encountered, the event is triggered and the elemen-
tary events {(e.g. the starting, running and closing of a
video sequence} are executed in the order prescribed by
the list of elementary events. A contaliner cresated for
the transfer contains a combination of MHEG obijects, so
it can be thought of as a complex cbject consisting of
simple basic objects. The container wmay contain e.g.
JPEG, MPEG and text files. Containers can be linked to
each other. For the receiver to be able to present the
received multimedia programme correctly, it must be pro-
vided with a certain software package, called the MHEG
engine. It is a process or a number of processes that
are able to interpret the encoded MHEG cbjects in acoor-

dance with the specification.
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Running an MHEG application on-demand in a multime-
dia receiver connected to a fixed network is basically
guite simple. The receiver first identifies the starting
ohiject in the received data, downlcoads it and prepares
it. The starting cbiect may be any one of the chiects in
the container. Usually this is the first scene. After
the starting object has been prepared, one or wmore
linked cbiects are triggsred, and this wmay result in the
loading of several objects referenced by the elementary
avent. This ig also the way an audio stream is started.
The receiver naturally starts the reception of an audio
stream right from the beginning.

The proposed MHEG multimedia is excellently suited
for use in the DAR system. In this case, the principle
could be as illustrated by Fig., 4. At the transmitting
end, the service supplier encodes his multimedia service
compeonents, which may have a different internal format,
to convert them into objects consistent with the MHEG
specification. The objects can be placed in containers.
The DAB operator places the containers or objects in a
DAR multiplex and transmission frames to be transferred
via a packet channel and/or as continuous audio and
data. The receiver decodes the sub-channels from the
multiplex and passes the objects decoded according to
the MHEG specification to an MHEG sngins, which decocdes
the multimedia presentation from them.

In the DAB system, however, the situation is more
problematic as compared with a fixed network. A multime-
dia presentation is wvery likely to start with audio.
Shortly after the start of the audic stream comes a
starting image, which may be a still picture. However,
as DAB i3 a broadcasting system, the receiver is fre-

gquently switched to a multimedia service in the middle
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of a programme and therefore in the middle of an audio
stream. The first part of the presentation is therefcre
not present in the memory of the receiver, so the start-
ing image is missed and there are no mechanisms for in-
voking starting it. The only alternative is to wait for
a retransmission so that reception can be started from
the very beginning. However, there should be a starting
mechaniem that would allow multimedia reception even af-
ter transmission has already begun.

This invention presents a solution to the problem
described above. The solution is characterized by what
is said in the independent claims.

According to the invention, the audic stream is di-
vided into successive segments of different lengths and
the sagments are marked. For the marking, a specific
marker is provided at the boundary between segments.
Segment boundaries indicate a change in the multimedia
presentation. The change may be e.g. the disappearance
of a still picture. A porticon of a multimedia presenta-
tion that contains still pictures, video and text con-
tains links. Besides the starting scene, such links are
also present in other scenes. A marker in the audio
stream activates a link in s given scene, whereupon the
presentation continues as programmed by the producer.
When the receiver is switched on, the decoder decodes
the markers found in the audic stream and sends them to
the MHEG engine. At the same time, the MHEG engine has
received and decoded objects belonging to the presenta-
tion and generated a sgcene which is not displaved. The
links in the scene are waiting to be activated, and when
& marker associated with one of the links and acting as
an excitation is decoded from the audio stream, it acti-

vates the link concernsd. As a result, either the scene
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is displayed or the link causes a transition to another
scene, which is displayed. The transition is invigible
to the user, s0 the user perceives the presentation as
starting with the right scene.

In the following, the invention is described in
greateyr detail by referring to the attached drawings, in

which:

Fig. 1 presents the levels of abstraction in the DaR
system;

Fig. 2 presents an audio frame;

Fig. 3 presents the PAD fields of the audico frame;

Pig. 4 illustrates MHEG transmissiocon;

Fig. 5 presents the F-PAD field;

FPig. 6a indicates how a marker is encoded in a short
L-PAD field;
Fig. &b indicates how a marker is encoded in a vari-

able-length X-PAD field.

As is known, in a multimedia programme there must
be some way to indicate the file that the receiver has
to load first and from which the multimedia presentation
ig to be started. In the present application, the start-
ing file is referred to as start-up file. In conjunction
with the DAR system, this start-up file is preferably
notified to the receiver via the data transfer protocol
for multimedia files by the method described in patent
application FI 254752 by the applicant. ther methods
can be used as long as the receiver is enabled to find
and load the start-up file. The start-up file contains a
link which automatically starts the reception of the

audio stream as well.
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First, according to the invention, the start-up
file contains a number of links associated with evente
that are awaiting to be triggered. When a trigger ap-
pears, the link activates certain events as determined
by the producer, so the result of these events has been
accurately defined.

Second, according to the invention, specific stream
marker IDs are included in the audic stream. The length
of a stream marker ID is two bytes or preferably three
bytes. The stream marker IDs divide the audioc stream
into segments of varying lengths. The service supplier
places the stream marker IDs in the PAD fields of the
audio frames in such a way that the segment boundaries
are certain clearly distinguishable changes in the mul-
timedia presentation, e.g. the audic stream portion be-
tween any given stream marker IDs refers to a given
scene and within this scene to a given still picture. In
other woxds, as long as the still picture is visible,
the sound decoded in the audio frames betwsen the mark-
ers is to be heavd via the speakers of the receiver.

Now, when the user switches the receiver to multi-
maedia reception in the middle of a multimedia transmis-
sion, the MHEG engine of the receiver first finds the
start~-up file among the incoming files and decodes it as
described in the above-mentioned patent application. It
centains the mechanisms and references to the reguired
files that are nesded for the preparation of the first
scene, which is then prepared by the MHEG engine. The
scene is associated with so-called presentables, which
are objects that the user can see or hear. However,
these presentables are not activated as vet and the
scene 1s therefore not digplayed on the screen of the

receiver. The start-up file alsc containsg a command to
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start the reception of the audic stream associated with
the multimedia, but in this case the reception begins in
the middle of the audio strzam. The first scene contains
links that are triggered by a certain marker embedded in
the audio stream. The receiver decodes the X-PAD fields
of the audio framss and distinguishes the stream marker
ID placed in the field and passes it to the MHEG engine.
The MHEG engine directs the marker to the links, with
the result that the marker triggers the eventes defined
in at least one of the links. The events have besn sat
in the MHEG language by the service supplier. They in-

clude loading the objects determined by the service sup-

(el

plier intc the receiver and preparing them. The resul
is #.g. a new scene that the ssrvice supplier has meant
to be displaved at this point of the audic stream. Its
presentables are activated and the scene is displayed on
the screen of the receiver. All the preceding actions
are part of a chain of internal events in the programme
that ave not visible to the usey. To the ussr’'s percep-
tion, the multimedia starts at the right point in rela-
tion to the audic. After this, the normal interactive
procedure is followed. At this stage, objects that are
no longer needed because the presentation has Jjumped
from the starting scene directly teo a later scene are
cleared and removed.

As gtated above, the stream marker ID is trans-
ferred in the X-PFAD field of the audic frame. A stream
marker ID is placed at each boundary between audio seg-
ments, in other words, the stream marksey ID changss at
sach segment boundary. The stream marker ID refers to
the audic information in the frame concerned as well as
the audio information in subseguent frames until the

stream marker ID changes. However, 1t 1s advantagecus to
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place the same stream marker ID at regular intervals in
other frames within the segment as well because this al-
lows faster start-up of the MHEG presentation. It is not
necessary to provide every frame with a stream marker
ID. In this case the procedure could be such that the
receiver decodes an odd number of successive stream
markers and the MHEG engine carries out a majority vote,
the resulting stream marker ID being then used to acti-
vate2 the link. This provides an advantage when in the
vicinity of a segment boundary, becauge it prevents
“premature” progress in the multimedia presentation.

The stream marker ID can be encoded in the X-PAD
field in the manner shown in Fig. 5, 6a and éb. Fig. 5
presents the F-PAD part defined by the specification
that comes at the end of the audio frame. This part be-
gins with a 2-bit field, F~PAD type. If it has the wvalue
“00”, this means according to the specification that ths
first two bits in the following 6-bit data field are re-
served for an X-PAD indicator. If the indicator bits are
017, this means that an X-PAD field is included and
that it 1s a so-called short X-PAD comprising 4 bytes.
If the bits are ®10”, this means that an X-BAD field is
included and that the field is of wvariable length,
called variable X-PAD. From the above information, the
decoder detects the presence of an X-PAD field and also
learns its type. It then examines the contents indicator
CI of the X-PaD.

In the case of a short X-BAD, Fig. 6a, there isg
irst an 8-bit field which is reserved for an applica-
tion type indicator. According to the invention, this
field is filled with the decimal number 1 (binary number
00000001) to indicate that the three data fields of the

X-PAD contain a stream marker ID as used in the inven-
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tion. The bit pattern of the siream marker ID can be se-
lected by the service suppllier. 24 bits provide a suffi-
clent scope of variation. In the case of a short X-PAD,
contents indicator value (0000001 thus means that the
next thres bytes contain a stream marker 1D.

In the case of a variable X-PAD, the contents indi-
cator ig as illustrated by Fig. &b. Its length is two
bytes and the Length field indicates the number cf bytes
included in the X-PAD. In particular, if the length in-
dicator has the value *000", this means that the X-PAD
comprises four bytes. The maximum is 48 bytes. According
to the specification, the next 5-bit field is reserved
for the application type. According to the invention,
this field ig given the wvalue of decimal 1 (binary num-
bexr 00001). The “application type external” field is not
in use. In the case of a variable ¥X-PAD, contents indi-
cator value 000 00001 thus means that the X-PAD field is
four bytes long and contains a stream marker ID and that
the stream marker ID is given in the first three bytes.
The last byte is a checksum CRC with the polynome x* 4 x*
+ ®x + x° +1 over the stream marker ID.

In the DAB specification, a meaning has already
been defined for application type numbers 0, 2-131, 32
and 33, so the number of the application type referring
to the stream marker ID must have a value other than
those indicated above. The number 1 is still available
and the applicant proposes that it be used for the pur-
pose described in the present invention.

It is obvious tc a person skilled in the art that
technological development allows many different ways of
implementing the basic idea of the invention. The inven-

rion and its embodiments ares therefore not limited to
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the examples described above but may be varied within

the framework of the claims.
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Claims

1. Multimedia programme which has been produced in
a gpecific programming language that tells how monomedia
programmes arve spatlially and temporaily linked to each
other and in which programme a monomedia stream contains
stream marker IDs, the recesption of each of which is an
event that triggers functions defined in a given link,
and in which multimedia programme a number of objects
form a scene intended to be displayved on a display de-
vice,
characterized in that

the monomedia stream iz an audic stream and the
stream marker IDs placed in it divide thes audic stream
into zegments of variable length, each boundary betwsen
segments indicating a changs in the multimedia presenta-
tion,

the objects forming a scene in the multimedia pres-
entation have been provided with links whose triggering
avent is the reception of a stream marker ID associated
with the link, so that the triggering results in a tran-
sition from one scene to another in the multimedia pres-
entation.

2. Multimedia programme as defipmed in claim 1.
characterized in that the programming language is MHEG
{(Multimedia and Hypermedia information coding Expert
Group) .

3. Transfer of a multimedia programme 1in a DAR
breoadcasting system, in which

the audio stream of the programme is transmitted in
audic frames which have at their end a first field F-PAD
of fixed length, which is intended for the transfer of

data associated with the programme and contains data in-
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dicating whether a second field ¥-PAD for the transfer
of data associated with the programme is present the at
the end of the audic frame, said second field containing
a contents indicator €I which indicates the nature of
the data in the data field,

the rest of the multimedia components are transmit-
ted as files, and the receiver assembles from the ve-
ceived programme a scene to be displayed on a display
device,
characterized in that

the audic stream is divided into segments of vari-
able length by providing those audio frames in the audio
stream which involve a change in the multimedia presen-
tation with an individual stream marker ID, which is de-
coded by the receiver and transferred to the software
processing the multimedia presentation,

the cobjects forming a scene in the multimedia pres-
entation contain links, the triggering event of at least
one of which is the transfer of said individual stream
marker ID to the software, such triggering causing the
software to perform certain specified actions.

4. Transfer of a multimedia programme as defined in
claim 3, characterized in that the specified actions
cause the scene to be changed into a scene corresponding
to the current audio stream.

5. Trangfer of a multimedia programme as defined in
claim 4, characterized in that, when the raception of
the multimedia programme is started in the middle of the
transmission, the first scene displaved on the display
device is the scene corresponding to the current audio
stream.

6. Transfer of 3 multimedia programme as defined in

claim 3, characterized in that audio frames within the
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segments also contailn strsam marker IDs, and that the
stream marker ID at the beginning of the segment and
those elsewhere in the segment refer to the same link.

7. Transfer cof a multimedia programme az defined in
claim 6, characterized in that, when the same segment
contains several stream marker IDs, after removal of the
CRC a majority vote 1lg carried out and its result acts
ag a trigger that triggers the link.

8. Transfer of a multimedia programme as defined in
claim 3, characterized in that the stream marker ID is
placed in the sgecond field X-PAD intended for the trans-
fer of data asscciated with the programme.

9. Transfer of a multimedia programme as defined in
olaim 8, characterized in that the application typs
field incliuded in the contents indicator CI contains an
individual wvalue indicating that the data field contains
a stream mavker ID and that the stream marker ID has
been placed in the data field.

10. Transfer of a nmultimedia programme as defined
in claim 3 or 9, charscterized in that the stream marker

il is a 3-byte number.
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{57) Abstract

In 8 digital broadcasting system (DAR), audio is transmitted as a continuous stream in audio frames, According to the invention,
this is achieved by transmitting exactly one audio frame in the data ficld of each data group. Audio can be qansferred as a file, in which
case a given number of successive andio frames make up an audio file and the audio file is transferred in accordance with the file transfer
protocol of the systern. In this case, the transfor speed may vary. Audio can be tsansforred in packet mode as 2 continuous stream and the
audic frames are transferred at the same speed by forming successive data groups from audio frames coming as a stream and by selecting
the wransfer speed of the data packets so that the wansfer speed of an audio frame assigned to the data group is the same as the tramsfer
speed of an andio frame transmitted as a continuous stream,
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THANSPORT OF AUDIC IN A DIGITAL BROADCASTING SYSTEM

The present invention relates to audio transport in
a digital breoadcasting system in which services can be
transported as a continuous stream or in data packets.

The Digital Audio Broadcasting (DAB) system, which
has been developed to allow an efficient utilization of
frequency bands, uses a completely digital transmission
path. The system is designed to replace the analogue
broadcasting system commonly used at present, which is
based on the use of freguency modulation. DAR defines a
digital radio channel based on multiple carriers, which
is applicable for the transmission of both audio and
data services. A completely digital transmission channel
may be either a continuous data stream channel or a
packet channel. Packet transmission is more flexible and
allows easier transmission of data units of finite
length. The DAR system is presented in ETSI {Buropean
Telecommunication Standards Institute}l standard 300 401,
February, 19%5.

From the user’'s point of view, the highast level of
abstraction in the DAR system is called ensemble, Fig.
1. Tt contains all services existing in a given fre-
quency band. A change from one ensemble to another is
effected by tuning to a different frequency band, just
as one changes channels in current FM radio reception.
The ensemble is divided into services, exemplified in
Fig. 1 by Alpha Radio 1, Beta Radio and Alpha Radioc 2.
iIn addition, there may be data services, although they
are not shown in the figure. Each service is further d&i-
vided into service components. A service component  can
be transported either via an audio channel or via a data
channel. For comparison, let it be stated that M radio

contains only one service and one serxrvice component
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{audio} in each channel. At the lowest level, the trans-
mission frame, whose duration is 24 ms or 96 ms depend-

ing on the DAB mode, consists of three chronologically

congecutive parts. The £first part is a synchronizing
channel, which contains no service information. The next
part iz a fast information channel FIC, which has a
mode-gpecific fixed length., The last part is a main
service channel MSC, which contains all the subchannels.
The position, size and number of subchannels within the
MEC may wvary, but the size of the MSC is constant. The
MSC contains a maximum of 63 different audic and/or data
subchannels. The subchannels are numbered on the basis
of a so-called sub-Channel Id from ¢ te 62. Moresover,
the MBC may contain an auxiliary information channel
AIC, which has a fixed channel number 63. The AIC may
contain the same type of information as the FIC. The MEC
information is transmitted using time interleaving such
that in DAB mode I the MSC part of the frame is dividad
into four parts and these are placed in successive
transmigsion frames. These parits are known as CIF
{Common Interleaved Frame), 50 the MSC part of the frame
in mode I contains four CIFs. In other modes no inter-
leaving is used, go the MSC is the same as the CIF.

At the transmitting end, besides audioc services,
the service supplier may also provide data services and
e.g. multimedia seryvices. From the audio information and
data supplied by the service suppliers, the DAB operator
produces a DAB transmission signal, which consists of
gsuccessive transmissicon E£rames such as those presented
in the lower part of Fig. 1.

In the receiver, the information channel FIC and
the channel MSC containing the audic and data services
are geparated from each other from the transmission

frame. The subchannels are separated and channel decoded
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and then passed on for further processing. From the in-
formation in the received FIC channel, the user will
know which sexvices are included in the ensemble re-
ceived and 1is thus able to select a desired service or
services. By combining subchannel service components ac-
cording to the application programme, it is possible to
compose e.¢g. a desired multimedia service.

One advantage of the DAB system is that data ca-
pacity can be reserved for different service suppliers
on a dynamic basis. The capacity way be 1.728 Mbit/s at
most. The data is transmitted in packets as illustrated
by Fig. 2, consisting of a header field, a data field
and a checksum. The meanings of the fields are in accor-
dance with the DABR standard. The packet header contains
packet length data (Pkt Len), a continulty index (Cont
ind), first/last packet data (First/Last), an address
(Pkt Address) identifving the service compoenent, a com-
mand {(Command) and the actual data field length (Data
Len). The data £field contains the actual data to be
transmitted plus f£ill bits if reguired. At the end is
the packet checksum {(Pkt CRC).

By combining the data fields of packets in the re-
ceiver, a so-called data group is formed, ¥Fig. 2B. The
packets are formed at the transmitting end from the data
group by simply cutting it into sections and placing
each section inte the data field of a data packet. Gen-
erally a data group consists of the data fields of a
number of consecutive packets transmitted. In the sim-
plest case, ones packet is sufficient to form a data
group.

The data group is formed as illustrated by Fig. 3.
The meanings of the abbreviations of the data group
header and session header fields are as indicated in the

table below:
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Data Group header Session header
EXTFL sxtension flag | LASTFL last
CRCFL CRC flag SEG NUM segment number
SESFL session flags RFA reserved for fulure applications

DG TYPE data group type | LENIND  length of next address field
CONT IND continuity index | ADDRFIELD  end user's address

REP IND  repetition index
EXT FIELD extension field

These header fields are followed by the actual

data and the data group checksum DG CRC.

LA

A continuous audio stream is transmitted in frames
having a structure as illustrated by Fig. 4. At the
transmitting end, 16-bit PCM coded audio samples coming
at a frequency of 48 kHz are divided into sub-bands and
the samples of the sub-bands are encoded into the audio
10 frame by making use of the masking effect of the human

ear sc that the incoming bit rate 768 kbit/s is reduced
e.g. in the case of a monoe channsl to a rate of about
100 kbit/s. The four-byte hsader of the frame contains
information intended for the decoders in the receiver,
1S such as synchronization dats, bit rate data, and sam-
pling frequency data. A bit allocation field coming af-
ter the checksum indicates how the bits are allocated to
each one of the audio field sub-bands containing 38
coded samples and which kits have been removed from the
20 zamples in making use o©f the masking effect. A Scale
Factor Selection Information field indicates how the
group of audio samples has been scaled (normalized} in
the decoder. After this there is a field that contains
the audio khits proper. The information in it corresponds
25 to 24 ms of audio. The field contains 36 encoded sub-
band audio samples divided into twelve triplets, each of

wnich contains 3 sub-band samples. Thus, four triplets
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corresponds to 12 wms of audic. Next there are f£ill bhitse
if the number of audic bits amounts to less than the
audio field length. Finally there are an X-PAD and an F-
2AD field, which transmit Programme Associated Data
{(PAD} . This data is in synchronism with the audic of the
frame. The PAD bytes of successive frames make up a so-
called PAD channel.

The audic part of multimedia is proposed o be
transmitted in audio frames, vyet there may be certain
reasons to transmit audio in packet mode as well. Packet
mode transmission could in principle be applied e.g. to
send audio filesg, which would first be stored in the
memory of the receiver and then played back via the
speakers at the appropriate time during the multimedia
presentation. This type of audio transport has the ad-
vantage that the file can be transmitted at any bit
rate, so the transport rate need not be the same as Che
fixed bit rate which is used in the transmission of
audio frames or an audio stream and which has been as-
signed a number of allowed bit rate values in the DAR
gpecification.

A disadvantage with this type of transmission is
that the audio file has to be stored in memory if the
transport rate is lower than the audio stream bit rate,
or it needs to be buffered if the transport rate is
higher than the audic stream bit rate. In the former
case, playback cannot be started immediately upon recep-
tion of the file, whereas in the case of buffering,
playback can be started immediately. However, the disad-
vantage 1s not a real one, because in wmost of the possi-
ble practical applications there is no need to transmit
an audio f£ile at the audio stream bit rate. The veal

problem is that the audioc stream in audio frames cannot

PCT/FI96/60595

IPR2022-01227

EXHIBIT 1003 - PAGE 01226



28

WO 971776

be transmitted in packet mode because there is no mecha-
nism for indicating the audioc frame boundaries.

However, there are certain applications in which
it is desirable to implement audic transfer in real time
packet wmode. Real time packet transmission here wmeans
that the bit rate is the same in the transmission of
both the audio stream and the audic packets, and that it
would be possible in some way to extract from the pack-
ets the same information that is contained in the audio
fyrames. This principle could be applied e.g. to locate
bit errors in audio frames by comparing the received
audio frame with the checksum CRC of the received pack-
ets that carry the same audio information and with the
checksum CRC of the data group formed from the packets.
In this way, the audio samples in the audioc frames would
end up being covered by CRC checking. Using packsts for
this purpose would involve extra auxiliary signalling of
audic, which might be acceptable as a temporary sclu-
tion. If audio transmission is to be protected on a
lasting basis and as efficiently as packet transmission
is, it would of course be preferable to improve the er-
roy protection of the audic bits in audic frames di-
rectly.

Another possible application of real time transfer
of audio packets is found in the case where audio is to
be addressed to a given user group only. This applica-
tion makes use of the fact that the packets contain an
address. Ag shown in the table above, the session header
contains a field reserved for the end user’s address,
ADDR FIELD. This could be utilized to dirsct audico in-
formation to a given grvoup, allowing real time packet
transmisaion to be used as an information channel for
different user groups. The DAB specification alsc de-

finez the transmigsion of announcements via the fast in-
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formation channel FIC. The definition describes the in-
terruption of an active broadcast-type service by an an-
nouncement, but the transmission profile for the an-

nouncement can only be defined by specifying the serv-

L

ices to be interrupted. There is no way to address the
announcement to a given user group only.

Therefore, the object of the present invention is

to achieve audic transport in packet mode s¢ as to allow

bt

both addressed audio transport and indication of audic
10 frames in a packet stream.

This object is achieved in the manner described in
the independent claim.

According to the first embodiment of the inven-
tion, audio is transmitted over a packst channel as a

15 file. An audic frame is placed in the data field of a
data group. Thus, one segment in the file transfer Dro-
tocol corresponds to cone audic frame. From the packsts
received through the channel, a data group is assembled
in the normal manner, so the data field of the datra

20 group will contain a file segment, which in this case is
an audio frame. To enable the audio frames obtained from
the data field to be arranged in the correct chronologi-
cal order in the receiver, a file transfer protoccl
needs to be used. Since the transfer can be performed at

25 any speed, the frames have to be stored or buffered in
the receiver prior to presentation.

According to the second embodiment, the audio
frames are transmitted over a packet channel in the form
of a continuous stream. An audic frame is placed in the

30 data field of a data group. The transmission speed is
exactly the same as the audio channel bit rate. In this
case, individual data groups are transmitted at exactly
the correct pace, so the transmission consists of an

endless train of data groups. Therefore, no file trans-
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fer protocol is needed. No buffering needs to be used,
ut the receiver presents the audio frames directly as
it receives data groups from the packet channel.

The invention is illustrated by the attached draw-

ings, in which

Pig. 1 presents a known DAB hierarchy,
ig. 2a presents the structure of DAB packets,

Fig. 2b shows how a data group 1s formed from

nackets,
Fig. 3 presents the structure of a data group,
Fig. 4 presents a DAB audio frame, and
Fig. 5 illustrates the use of an IDG.

According to the invention, to allow the audio
frame poundaries to be clearly indicated when audic in-
formation is transmitted in packet mode, one and only
one audioc frame in its entirety, including the PAD part,
is assigned to each data group.

According to the first embodiment, the audio
frames are transmitted as an audio file, in other worxds,
the audio, which has a beginning, a duration and an end,
constitutes one file. In accordance with the file trans-
fer principle used in DAB, the file is divided into seg-
ments and each segment is placed in the data field of a
data group. The protoccl will be briefly described be-
low. According to the invention, a segment is exactly
egquivalent to an audic frame. Since the audio is trans-
mitted as a file, it is necessary to use a file transfer
protocol to enable the receiver to arvange the data
groups assembled from the packets into the correct se-
quence. The file transfer speed may be higher than, the

same as or lower than the audio stream bit rate.
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The file transfer protocol can be implemented ac-

coerding to the general basic principle proposed by the

Eureka-147 project, in which each segment forms one data
]

group. Successgive segments of the file are numbered ge-

guentially so that the first segment number in the ses-

header is 0. The last segment of the file is indi-

sion
cated by a flag in the LAST field of the session header

of the data group formed from it. The receiver receives

the data packets and forms data groups out of them. If

bit

n

its checksum indicates that errorsg occurred during

the transfer, the receiver picks up the data packets of
the relevant data group from the retransmission of the
file,

To enable the receiver to pick up the correct

files from the packet stream transmitted and identify

the file type in question so as to ensure proper file

management, the Eureka-147 project includes a proposgi-
tion that an additional Information Data Group

{IDG}

gpecial
a file transfer descriptor,

the

be created. This is

i.e, information about

file

it provides the necessary

it refers to and it is multiplexed with the file

segments .
idea of the IDG in file

Fig. 5% illustrates th

transfer. One IDG is associated with only one file. It
ig placed at least at the beginning of the packet stream
at the beginning of the file

of

relating to the file, i.e.

transfer, but IDGs can also be placed in the middle

the packet stream, in other words, the IDG may appear at

any point during the file transfer or the IDG can be

transmitted some time before the actual file transfer,

80 1t can be used to announce a file transfer before it

is started. In Fig. 5, files X, Y and 2 are tyansferred

and the IDGs referring to them are identified by corre-

gponding letters. The important thing that can be accom-

PCT/FE96/00895

IPR2022-01227

EXHIBIT 1003 - PAGE 01230



30

WO 97/17776

plished by means of the IDG ig contained in its data
field, which is called the 'file descriptor’. The file
descriptor can be used to give the receiver the required
detailed information abhout the file to be transferred.
The file descriptor includes a field containing so-
called transfer parameters (T-parameters). A T-parameter
called File Type declares the type of the file, so the
application software of the receiver is able to decide
which algorithm to use for file analysis and interpreta-
tion of its contents.

The applicant proposes that a new file type pa-
rameter called “DAER audio” be added to let the receiver
know that the incoming file anncunced by the IDZ is an
audioc file.

According to the DAR specification, the informa-
ticn about the services 1s transmitted over the fast in-
formation channel (FIC). It is used to announce the lo-
cation and nature of ithe service components. A sarvice
description for each service is placed in a separate
field, which contains a parameter field called service
component description. One of the parameters is service
component type and this parameter is set to File Trans-
fer.

From the FIC channel information the receiver thus
learns that a file is being transferred and from the IDG
information that the file is an audio file. The receiver
is therefore able to receive the file, decode the audio
and present 1t. Depending on the £ile transfer speed,
the receiver must either stoxe the audic £ile or use
buffering for it.

According to the second embodiment, the audio
frames are transmitted in packet mode, yvet as a continu-

us audic stream. The transfer speed is exactly the same

as it would be if audio frameszs were used. At the trans-
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mitting end, as audio frames are coming as a continuos
stream, each audie frame is first assigned te a data
group, then packets are formed from the data group and
transmitted. The audico frame also contains the PAD.
Thus, the transmisgion is not a file transfer procedure
as in the first embodiment, sc no file transfer protocol
is needed. Therefore, no information data groups IDG are
needed, either. An audic data group may never cross the
CIF boundary, sc¢ the entire data group must be trans-
ferred in a single common interleaved frame CIF. In
other words, the data group must be transferred in a
single transmission frame. If repetition is used at the
data group level, then the data group and all the repe-
titions of it must be transmitted in a single CIF, i.e.
each repetition is transmitted in a single CIF.

When a data group is formed, a session header is
not necessarily needed, but it is advisable to use it
because it contains an address field ADDR FIELD, which
iz intended for the end user’s address. By means of this
addregs, an audio transmission can be addressed to a de-
sired user group. If the session header is used, then
the SEGC NUM field is used as a counter that is incre-
mented by one on every data group. This helps the re-
ceiver keep in synchronism, because 1if a data group
fails to be tramsmitted or is defective, the playback is
delayed by the duration of an audic frame. The flag in
the LAST FL field is always zero because the transmis-
gion is a continuous audic stream, albeit in packet
mode .

The data group can be interleaved with other
packet mode serxvice components in the same subchannel,
but the data group must still fit inteo a single CIF. If
a data group is interleaved with other service compo-

nents carrying audic data groups in the same subchannel,
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then all the data groups must be transmitted in a single
CIF.

Az in the case of the first embodiment, the appli-

cant propoges that the service component type parameter
5 “DAB Audic Stream” be sent in the service component de-
scription field in the fast information channel FIC,

It is obvious tc a perseon skilled in the art that
technological development permits many different ways of
implementing the basic idea of the invention. The inven-

10 tion and its embodiments are thus not limited to the ex-
amples described above but may be varied within the

framework of the claims.
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Claims

1. Procedure feor the transfer of audio in a digi-

tal broadcasting system, in which an audio programme

§  transmitted as a continucus stream is transferred in the
form of audio frames and in which, in packst mode, the

information to be transmitted iz assigned to the data

e

ield of a data group (DG} and the data group is divided
into segments which are placed in the data fields of the
0  data packets,
characterized in that the audio is transmitted in
packet mode by placing the audio frame in the data field
of the data group.
2. Procedure as defined in claim 1, characterized
15 in that a certain number of successive audio frames make
up an audio file and the audic file is transferred in
accordance with the communication protocol of the sys-
tam.
3. Procedure as defined in claim 2, characterized
20 in that the transfer rate of the audio frames can be
freely selected within the limits of the packet transfer
speaed of the system.
4. Procedure as defined in claim 1, characterizad
in that successive data packsats are formed from succes-

25  sive audio frames and that the transfer speed of the

data packets transferred as & continucus train is so se-

i

&)

ec that the transfer speed of an audio frame placed

&
h

st
o
[a)
i

*

data group is the same as the transfer speed of
an audio frame transmitted as a continuous stream.

30 5. Procedure as defined in claim 5, characterized
in that the entire data group is transmitted in a single
transmission frame, in which case the data group is not

time-interleaved into several transmission frames,
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§. Procedure as defined in claim 1, characterized
in that a segment number field in the data group header
is used as a counter which is incremented by one each
time a data group is transmitted.

7. Procedure as defined in claim 1, characterized

in that an address field in the data group header i

0

used to address a given user group.

8. Procedure as defined in claim 1, characterized
inn that the receiver is informed via mechanisms consis-
tent with the system that the data field of the data
group contains audio information.

9. Procedure as defined in claim 1, characterized
in that the digital broadcasting system is DARB.

10. Procedure as defined in claim 9, characterized
in that the information that the datra field of the data
group containg audico information is conveved in the File
Type field of the Infermation Data Group (ID3G).

11. Procedure as defined in claim %, characterized
in that the information that the audic is transferred as
a file is conveyed wvia the Fast Information Channel
{FIC) bv zetting the service component tvpe paramstey o

File Transfe

8

>

12. Procedure as defined in claim %, characterized
in that the informaticon that the audio is transferred as
an audlc stream is conveyed via the Fast Information
Channel (FIC) by setting the service component type pa-

ramaeter to DABR Audio Stream.
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{87} Abstract

The architecture of numercus networks, inciuding the Intemet with its World Wide Web (WWW) browsers and servers, support full
file transfer for document retrieval, In order for the WWW to support continuous media, it is necessary to transmit video and audic on
demand and in real-time, as well as new protocols for real-time data. The invention extends the architecture of the WWW 1o encompass
the dynamic, real-time information space of video and audio. The inventive method, called Vosaic, short for Video Mosaic, incorporaies
reaf-time video and audio into standard hypertext pages and which are displayed in place. Video and audio transfers occur in real-time;
there is no file retrieval latency. The video and sudio result in compelling Web pages. Real-time video and audio data can be effectively
served over the present day Internet with the proper transmission protocol. The invention includes a real-time protocol, called a video
datagram protocol (VDP), for handling real-time video over the WWW, VDP minimizes imer-frame jitter and dynamically adapts to the
client CPU load and network congestion, The video server in accondance with the invention dynamically changes transfer protocols, adapting
to the request stream. The invention also is applicable to other networks using Internet-type protocols such as TCP/P, including local area

etworks, metropolitan area networks, and wide area networks.
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METHOD OF AND SYSTEM FOR TRANSMITTING AND/OR RETRIEVING
REAL-TIME VIDEO AND AUDIO INFORMATION
OVER PERFORMANCE-LIMITED TRANSMISSION SYSTEMS

FIELD OF THE INVENTION
The present invention relates to a method of and systermn for transmitting
andfcr retrieving real-time video and audio information  The inventive method
compensates for congested conditions and other performance limitations in g
transmission system over which the video information is being transmitted  More
particularly, the invention relates to a method of fransmitting and/or retrieving real-

time video and audio information aver the internet, specifically the World Wide Web

BACKGROUND OF THE INVENTION

"Surfing the Web" has entered the common vocabiulary relatively recently.
Individuals and businesses have come to use the internet both for electronic mail (e-
mail) and for access to information, commonly over the World Wide Web (WWW. or
the Web} As modem speeds have increased, so has Web traffic.

Web browsers, such as National Computer Securty Association (NCSA)
Mosaic, allow users to access and retrieve documents on the Internet These
documents most often are written in a language called HyperText Markup Language
(HTML). Traditional information systems design for World Wide Web clients and
servers has concentrated on document retrieval and the structuring of document-
based information, for example. through hierarchical menu systems as are used in
Gopher, or links in hypertext as in HTML.

Current information systems architecture on the Web has been driven by the

static nature of documeni-based information. This architecture is reflected in the use

IPR2022-01227
EXHIBIT 1003 - PAGE 01243



82}

15

W3 9722208 PCT/US96/19226

of the file transfer mode of document retrieval and the use of stream-based
protocols, such as TCP. However, full file transfer and TCP are unsuitable for
continuous media, such as video and audio, for reasons which will be discussed in
greater detail celow.

The easy-to-use. point-and-click user interfaces of WWW browsers, first
popularized by Mosaic. have been the key {0 the widespread adoption of HTML and
the World Wide Web by the entire Internet community.  Although traditional WWW
browsers perform commendably i the static information spaces of HTML
documents, they are ill-suited for handling continuous media, such as real time audic
and video.

Earlier Web browsers, such as Mosaic, required a user to wait untii a
document had been retrieved completely before displaying the document on the
screen. bEven al the faster transfer speeds which have been become possible in
recent years, the delay between retrieval reguest and display has been frustrating
for many users. Particularly in view of the astronomical increase in Internet traffic,
during especially busy times, congestion over the Intermnetl has negated at least
some of the speed advantages users have obtained by getting faster modems.

Viden and audio files tend to be much larger than document files in many
mstances. As a resuilt, the delay involved in waiting for an entire file to download
before it is displayed is even greater for video and audio files than for document
files. Again, dunng busy times, Intemel congestion wouid make the delays
ntolerable. Lven in networks which are separate from the Intermet, transmission of

sizable video and audio files can result in long waits for file transfer prior to display.
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Multimedia browsers such as Mosaic have been excelient vehicles for
browsing information spaces on the Internet that are made up of static data sets.
Proof of this is seen in the phenomenal growth of the Wab  However attempts at
the inclusion of video and audio in the current generation of multimedia browsers
have been limited to transfer of pre-recorded and canned sequences that are
retrieved as full files. While the file transfer paradigm is adequate in the arena of
traditional information retrieval and navigation, it becomes cumbersome for real time
data. The transfer times for video and audio files can be very large. Video and
audio files now on the Web take minutes to hours to retrieve, thus severely limiting
the inclusion of video and audio in current Web pages, because the latency required
before playback begins can be unacceptably long.  The file transfer method of
browsing also assumes a fairly static and unchanging data set for which a single uni-
directional transfer is adeqguate for browsing some piece of information. Real time
sessions such as videoconferences, on the other hand, are not static  Sessions
happen in real time and come and go over the course of minutes to days.

The Hypertext Transfer Protocol (HTTP) is the transfer protocol used between
Web clients and servers for hypertext document service. The HTTP uses TCP as
the primary protoco! for reliable document transfer. TCP is unsuitable for real time
audio and video for several reasons.

First, TCP imposes its own flow control and windowing schemes on the data
stream.  These mechanisms effectively destroy the temporal relations shared
between video frames and audio packets.

Second, unlike static documents and text files, in which data Inoss can result in

retrievable corruption of the files. reliable message delivery is not required for video

3
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and audic. Video and audic streams can tolerate frame losses. Losses are seidom

fatal, although of course they can be detrimental to picture and sound quality. TCP

retransmission, a technigue which faciliiates reliable document and text transfer

causes further jitter and skew internally between frames and externally betwesr
5  associated video and audio streams.

Progress has been made in facilitating transfer of static. document-based
information.  Web browsers such as Netscape(tm) have enabled documents {o be
displayed as they are reineved, so that the user does not have o wait for the entire
document to be retrieved prior to display. However, the TCP protocol which is used
to transfer documents over the Web is not conducive to real-time dispiay of video
and audio information. Transfers of such information over TCP can be herky-jerky,
intermittent, or delayed.

Several products have attempted to combine real time video with Web
browsers like Netscape(im) by invoking external player programs. This approach is
15 clumsy, using standard TCPAPR internet protocols for video retrieval.  Also, external

viewers have not fully integrated video into the Web browser.
Several commercial products, such as VDOlive and Streamworks, allow users
o retrieve and view video and audio in real time over the World Wide Web.
However, these products use either vanila TCP or UDP for network transmission.
20 Without resource reservation protocols in use within the Internet, TCP or UDP alone
do not suffice for continuous media. Adapiable and media-specific protocols are
required. Video and audio can also only be viewed in a primitive, linear, VCR-mode.

The issues of content preparation and reuse are also not addressed.

Y

IPR2022-01227
EXHIBIT 1003 - PAGE 01246



(@2}

20

WO 97/22101 PCT/US6/19226

Sun Microsystem’s Hotdava product enables the inclusion of animated
multimedia in a Web browser Hotdava allows the browser to download executable
scripts written in the Java programming language. The execution of the script at the
client end enables the ammation of graphic widgets within a Web page. However,
Haotdava does not ermpioy an adaptive algorithm that is customized for video transfer
over the WWW.

While the foregoing problems of video and audio transmission over networks
have been discussed in the context of the Internet, the problems are by no means
fimited 1o the Internet.  Any network which experiences congestion, or has
computers connected io it which experience excessive load, can encounter the
same difficulties when transferring video and audio files. Whether the network s a
local area network (LAN), a metropolitan area network (MAN), or a wide area
network (WAN), transmission congestion and processor load limitations can pose
severe difficuities for video and audio transmission using current protocols.

In view of the foregoing, it wouid be desirable to reduce the delays in display
of video and audic files over networks, including LANs, MANs, WANs. and/or the
internet.

It also would be desirable to provide a system which enables real-time dispiay
of video and audic files over LANs, MANs, WANzs. and/or the Internet,

Moreover, multiple views of the same video and audio should be supported.
Parts of a video and audio clip, or the whole clip, can be used for different DUIPNOSEs.
A single physical copy of a large video and audio document should suppor different
access patlerns and uses. All or part of the originai continuous media document

should be contained within other documents without copying. Content preparation

5
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would be simplified. and the flexible reuse of video content would be efficiently

supported.

SUMMARY OF THE INVENTION
The inventors have concluded that to truly support video and audio in the

WWAW one requires:

e
~—r

the transmission of video and audic on-demand. and in real time: and
2) naw protocols for real time data.
The inventors' research has resulted in a technigue that the inventors call

Vosaic, short for Video Mosaic, a tool that extends the architecture of vaniila NCSA

Vosaic incorporates real time video and audic into siandard Web pages and the
video is displayed in place. Video and audio transfers occour in real time. as a result,
there is no retrieval latency. The user accesses real time sessions with the familiar
“follow-the-link” point and click method that has become well-known in Web
browsing. Mosalc was considered to be a preferrad software platform for the
inveritors’ work at the time the invention was made because it is a widely available
tool for which the source code is available. However, the aigorithms which the
inventors  have deveioped are well-suited for use with numercus Internet
applications, including Netscape(tm), Internet Explorer(tm), HotJavaiim) and a
Java-based ccllaborative work environment called Habanero,  Vosaic also is
functional as a stand-alone video browser.  Within Netscape(tm). Vosaic can work

as 3 plug-in.
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In corder to incorporate video and audio into the Web. the mnventors have
extended the architecture of the Web to provide vides enhancement Vosaic s A
vehicle for exploring the integration of video with hypertext documents. allowing one
to embed video links in hypertext. in Vosaic, sessions on the Multicast Backbone
(Mbone) can be specified using a variant of the Universal Resource Locator (URL)
syntax. Vosaic supports not only the navigation of the Mbona's mformation space,
out also real time retrieval of data from arbitrary video servers. Vosaic supports the
streaming and display of real time video, video icons and audio within a WWw
hypertext document display. The Vosaic client adapts to the received video rate by
discarding frames that have missed their arrival deadiine. Early frames are buffered.
minimizing playback jitter.  Periodic resynchronization adjusts the playback to
accommodate network congestion. The resuit is real time playback of videc data
streams.

Present day hitpd ("d” stands for “daemon”) servers exclusively use the TCP
protocol for transfers of ali document types. Real time video and audio data can be
effectively served over the present day internet and other networks with the proper
choice of transmission protocols.

in accordance with the invention, the server uses an augmented Real Time
Protocot (RTP) called Video Datagram Protocol (VDP), with built-in fault tolerance for
video transmission. VDP is described in greater detail below. Feedback within VDP
from the client allows the server 1o control the video frame rate in response to client
CPU load or network congestion. The server also dynamically changes transfer
protocols. adapting to the request stream. The inventors have identified a forty-four-
fold increase in the received video frame rate (0.2 frames per second (fps) to 9 fps}

7
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with VDP in lisu of TCP, with a commensurate improvement in observed videc
quality. These results are described in greater detail below.

On demand, real time videc and audic solves the problem of piavback
fatency. In Vosaic, the video or audio is streamed across the network from the
server 1o the client in response {0 a client request for a Web page containing
embedded videos. The chent plays the incoming multimedia stream in real time as
the data s received in real time

However, the real ime transfer of multimedia data streams introduces new
problems of maintaining adequate playback quality in the face of network congestion
and chent load. In pariicular, as the WWW is based on the internet, resource
reservation to guaraniee bandwidth, delay or jitter is not possible. The delivery of
internet protocol (1P} packets across the international Internet is typically best effort,
and subject to network variability outside the conirol of any video server or client.

A number of the network congestion and client load issues that anse on the
Internet also pertain to LANs, MANs, and WANs. Therefore, the technigue of the
invention could well be applicable to these other network types. Howaever, the focus
of the mventors' work, particularly so far as the preferred embodiment is concerned,
has bean in an Internet application.

in terms of supporting real time video on the Web, inter-frame jitter greatly
affecis video playback guality across the network. (For purposes of the present
discussion, jitter 15 {aken to be the vanance in inter-armival time belween subsequent
frames of a video stream.}) A high degree of jiiter typically causes the video

playback to appear “jerky”. In addition, network congestion may cause frame delays
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or losses. Transient load at the client side may prevent the client from handling the
full frame rate of the video.
in order to accomplish support for real time video on busy networks. and in
particular on the Web, the inventors created a specialized real time transfer protocol
5  for handling video across the internet. The inverttors have determined that this
protocol successiully handles real time Internet video by mumimizing jitter and
incorporating dynamic adaptation to the client CPU load and network congestion
in accordance with another aspect of the invention, continucus media
organization, storage and retrieval are provided  iIn the present invention,
10 conbinuous media consist of video and audio information. There are several classes
of so-called meta-information which describe various aspects of the continuous
media itself. This meta-information includes the inherent properties of the media,
hierarchical information, semantic description, as well as annotations that provide
support for hierarchical access, drowsing, searching, and dynamic composition of
15 the continuous media.
To accomplish these and other objects, the invention provides a method and
a system for real time transmussion of data on a network which finks a piurality of
computers.  The method and sysiem invoive at least two. and typically a larger
number of netweorked computers, wherein, during real time transmission of data,
20 parameters affecting the potential rate of data transmission in the system (e g
network and/or performance) are monitored periodically, and the information derived
from the feedback used to moderale the rate of real-time data transmission on the

network.
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According to one embodiment, first and second computers are provided, the
second computer having a user output device connecied to it. To establish real-time
transmission, the first and second computers first establish communication with each
other. The computers determine transmission performance between them. and also
communicate processing performance (e ¢ processor load} of the second computer.
The first computer transmits data to the second computer for output on the user
output device in real time. The rate of transmitting data is adjusted as a function of
network performance andior processor performance.

In accordance with a further preferred embodiment. the first computer has a
resident program which provides for real time transmission of data, and which
determines network performance. The second computer has a resident program
which enables receipt of data and routing of that data 1o the user output device in
real time. The second computer's program may condition the data further, and aiso
may communicate processor performance information to the first computer. The
program in the first computer may degrade or upgrade real time data transmission
rates to the second computer based on the network and/or processor performance
information received.

in accordance with a still further preferred embodiment. the first and second
computers communicate with each other over two channels. one channel passing
control information between the two computers. and the other channe! passing data
for real time outpul, and also feedback information, such as network andior
processor performance information. The integrity of the second channel need not
be as robust as that of the first channel, in view of the dynamic allocation ability of

the real time transmission.
10
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Communication between the first and second computers may involve static
data, such as for document transmission, as well as continuous media. such as for
video and audio transmission.  Preferably the inventive method and system: are
applied to handling of continuous media.

In normal, larger applications, the first computer, or server, will have a number
of computers, or chents, with which the server will communicate. using the dual-

channel, feedback technique of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

The foregoing and other objects and features of the invention will become
apparent from the following detailed description with reference to the accompanying
drawings, in which:

Fig. 1 shows a four-item video menu as part of the invention

Fig. 2 i1s a diagram of the internal structure of the invention:

Fig. 3 shows a video control panel in accordance with the invention:

Fig. 4 shows structure of a server configured n accordance with the
invenhon;

Fig. 5 depicts the connection between a server and a client in accordance
with the invention;

Fig. 6 depicts retransmission and size of a buffer queue:

Fig. 7 depicts a transmission queue;

Fig. 8 is a flow graph for moderating transmission flow:

Figures 9-13 are flow charts depicting operation of the invention, and in
particular, operation of a server and ils associated clients:

it
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Fig. 14 shows the hardware environment of one embodiment of the present
invention,

Figs. 18a-15g show interface screens which demonstrate the invention:

Fig. 16 is a graph of a frame rate adaptation in accordance with the invention

Fig. 17 depicts siructure of continucus media:

Fig. 18 depicts hisrarchical organization and indexing of an exampte of
continuous media;

Fig. 18 contains a list of keyword descriptions for providing links to continuous
media;

Fig. 20 shows a display screen of the invention side ny side with the
hierarchical architecture of the continuous media to be displayed;

Fig. 2118 a screen displaying the results of a key word search;

Fig. 22 15 a screen displaying an example of hyperlinks embedded in video
data;

Fig. 23 depicts dynamic composition of video streams: and

Fig. 24 depicts interpoiation of hyperiinks in video streams.

DETAILED DESCRIPTION OF PREFERRED EMBODIMENTS
As was mentioned earlier, Vosaic is based on NCSA Mosaic.  Mosaic
concentrates on HTML documents. While all media types are treated as documents,
each media type is handled differenily. Text and inlined images are displayed in
place. Other media types, such as video and audio files, or special file formats (e.q.,
Postscript{tm)) are handled externally by invoking other programs. In Mosaic,
documents are not displayed until fully available. The Mosaic client keeps the

12
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retneved document in temporary storage until all of the document has been fetched.
The seguential relationship between ransferring and processing of documents
makes the browsing of large videc/audio documents and real time video/audio
scurces problematic.  Transferring such documents require long delay times and
large client side storage space. This makes real ime plavback impossible.

Real time videe and audio convey more information if directly incorporated
into the display of a hypertext document. For example, the mnventors have
implemented real time video menus and video icons as an extension of HTML in
Vosaic. Figure 1 depicts a typical four-tem video menu which can be constructed
using Vosaic. Video menus present the user with several choices. Each choice is in
the form of a moving video  One may, for example, click on a video menu item to
follow the link, and watch the clip in full size. Video icons show a video in an simnall,
unobtrusive icon-sized rectangle within the HTML document. Embedded real time
video within VWWW documents greatly enhances the iook and feel of a Vosaic page.
Video menu items convey more information about the choices available than simple
textual descriptions or static images.

Locking more closely at the internal structure of Vosaic, HTML documents
with video and audio integrated therein are characterized by a variety of data
transmission protocols, data decoding formats, and device control mechanisms
{e.g., graphical display, audio device control, and video board controf). Vosaic has a
layered structure to meet these requirements. The layers, which are depicted in
Figure 2, are document transmission fayer 200, document decoding fayer 230, and

document display layer 260.

13
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A document data stream flows through these three layers by using different
components from different layers. The composition of components along the data
path of a retrieved document cccurs at run-time according to document meta-
information returned by an extended HTTP server.

As discussed eariter. TCP is only suitable for static document transfers, such
as text and image transfers. Real time playback of video and audio requires other
protocols.  The current implementation in the Vosaic document transmission layer
200 includes TCP, VOP and RTP. Vosaic Is configured to have TCP support for text
and image transmission. Real time piayback of real time video and audio uses VDP.
RTP is the protocol used by most Mbone conferencing transmissions. A fourth
possible protocol is for interactive cormmunication (used for virtual reaiity, video
games and interactive distance learning) between the web client and server.

The deccding formats currently implemented in document decoding layer 230
include:

For images: GiF and JPEG

For video: MPEG1T, NV, CUSEEME, and Sun CELLB

For audio: AIFF and MPEGH

MPEGT includes support for audio embedded in the wvideo stream. The
display layer 260 includes traditional HTML formatting and inline image dispiay. The
display has been extended {o incorporate reai ime video display and audio device
control,

Standard URL specifications include FTP, HTTP. Wide Area Information
System (WAIS), and others, covenng most of the currently existing document
retrievai protocols. However, access protocols for video and audio conferences on
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the Mbone are neither defined nor supported. In accordance with the invention. the
standard URL specification and HTML have been extended ¢ accommuodate real
time continuous media transmission. The exiended URL specification supports
Mbone transmission protocols using the mbone keyword as a URL scheme, and on-
demand continuous media protocols using cm {for "continuous media”} as the URL
scheme. The format of the URL specifications for the Mbone and continuous real
time are as follows:

mbone://address port: it format

cmy/faddress:portformatfilepath
Examples are given below:

mbone://224.2 252 51:4739:127 nv

cm:/’/showt‘ame.ncsa.uiuc,edu:SGSO:mpegvideoipuﬁer.mpg

cm://shawtéme.ncsa.uiuc.edu:BGSG:mpegaudiofpuﬁer.mpz

The first URL encodes an Mbone transmission on the address 224 2 252 51,
on port 4739, with a time to live (TTL) factor of 127, using nv {for "network video")
video transmission format. The second and third URLs encode continuous media
transmissions of MPEG video and audio respectively.

incorporating inline video and audio in HTML necessitates the addition of two
more constructs to the HTML syniax. The additions foliow the syntax of inline
images closely  infined video and audio segments are specified as follows:

<video sre="address:port/filepath option=cycliclcontroi™>

<audio src="address port/filepath eption=cyclicicontrol™>
The syntax for both video and audio is mads up of a src part and an options part.
Sre specifies the server information including the address and pont number. Options
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specifies how the media is to be displayed. Two options are possible: control or
cyclic. The control display option pops up a window with a control panel and the first
frame of the video is displayed, with turther playback controlled by the user. Figure
3 shows a page with a video controt panel, as will be described.

The cychic display option displays the video or audio clip in a loop. The video
stream may be cached in local storage to avoid further network traffic after the first
round of display. This is feasible when the size of video or audio chip is small. If the
segment is too large to be stored locally at the client end, the client may also request
the source to send the clip repeatedly. Cyclic video clips are useful for constructing
video menus and video icons.

if the control keyword 15 given, a control panel is presented to the user. A
controt interface, also shown in Figure 3, allows users (o browse and control video
clips. The following user control bultons are provided:

Rewind: Play the video backwards at a fast speed.

Play: Start to play the video.

Fast Forward: Play the video at a Tasier speed. in accordance with the preferred
embodiment. this is implemented by dropping frames at the server sie.
Determination of circumstances surrounding frame dropping. and implementation of
frame dropping techniques, are discussed in greater detall below.

Stop: Ends the playing of the video

Guit.  Terminates playback. When the user presses "Play” again, the video is
restarted from the begimning.

Real time video and audic use VDP as a transfer protoco! over one channel
between the client and the server. Control information exchange uses a TCP
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connection between the client and server.  Thus, there are two channels of
communication between the client and the server, as will be described

Vosaic works in conjunction with a server 400, a preferred configuration of
which is shown in Fig. 4. The server 400 uses the same set of transmission
protocols as does Vosaic, and is extended to handle video transmission. Video and
audio are transmitted with VDP. Frames are transmitted at the originally recorded
frame rate of the video. The server uses a feed forward and feedback scheme o
detect network congestion and automatically delete frames from the stream in
response o congestion.

in previously preferred embodiments, the server 400 handled HTTP as well
as continucus media.  However, HTTP applications can be handied cutside of
Vesaic, 5o inclusion of HTTP. and of an HTTP handier no longer is essential to the
implementation. Also, among continuous media formats, the inventors had
experimented with MPEG, but since have confirmed that Vosaic works well with
numerous video and audio standards, including (but by no means imited to) H 263,
GSM, and G.723.

The main componenis of the server 400, shown in Figure 4 are a main
request dispatcher 410, an admission controller 420, continuous media (cm) handier
440, audic and video handlers 450, 460, and a server logger 470.

In operation, the main request dispatcher 410 receives requests from chents,
and passes them to the admission controller 420, The admission controlier 420 then
determines or estimates the requirements of the current request’ these requirements

may include network bandwidth and CPU load. Based on knowledge of current
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conditions. the controller 420 then makes a decision on whether the current reqguest
should be serviced.

Traditional HTTP servers can manage without admission control because
document sizes are small, and request streams are bursty. Requests simply are
queued before service, and most documents can be handled quickly. In contrast,
with continuous media transmissions in a video server, file sizes are large. and real
time data streams have stringent time constrainis. The server must ensure that it
has enough network bandwidth and processing powsr to maintain service qualities
for current requests.  The criteria used to evaluate requests may be based on the
requasted bandwidth. server available bandwidth, and system CPU load.

in accordance with a preferred embodiment of the invention, the system limits
the number of concurrent streams to a fixed number. However, the admission
control policy s flexible, a more sophisticated policy is within the inventors’
conternplation. and in this context would be within the abilities of the ordinarily skilled
artisan.

Once the system grants the current request, the main request dispatcher 410
hands the request to cm handler 440, which then hands the appropriate part of the
request to the corresponding audio or video handler 450, 460, While the video and
audio handlers use VVDP, as described below, in accordance with the invention, the
server design is flexibie enough to incorporate more protocols.

The server logger 470 s responsible for recording the request and
transmission statistics. Based on studies of access patterns of the current Web

servers, it is expected that the access paiterns for a video enhanced Web server will
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be substantially different from those of traditional WWW servers that support mainly
fext and static images.

The server logger 470 records the statistics for the transmission of continuous
media n order to better understand the behavior of requests for continuous media.
The statistics include the network usage and processor usage of each request, the
quality of service data such as frame rate. frame drop rate, and jitter. The data will
guide the design of fulure busy Internet video servers. These statistics are also
tmporntant for analyzing the impact of continuous media on operating systems and

the network.

Video Datagram Protocol (VDP)

Locking now at the protocot for transmitting video in real time, the inventive
video datagram protocol, or VDP, is an augmented real time datagram protocol
developed to handle video and audio over the Web  VDP design is based on
making efficient use of the available network bandwidth and CPU capacity for video
processing. VDP differs from RTP in that VDP takes advantage of the point-to-point
connection between Web server and Web client. The server end of VDP receives
feedback from the client and adapts to the network condition between client and
server and the client CPU load. VDP uses an adaptation algorithm to find the
optimal transfer bandwidth. A demand resend algorithm handles frame losses. VDP
differs from Cyclic-UDF in that it resends frames upon request instead of sending
frames repeatedly, hence preserving network bandwidth and avoiding making
network congestion worse.,

in accordance with the invention, the video aiso contains embedded links to

other objects on the Web.  Users can click on objects in the video stream without
19
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halting the video. The inventive Vosaic Web browser will follow the embedded
hyperlink i the video. This promotes video to first class status within the World Wide
Web. Hypervideo streams can now organize information in the World Wide Web in
the same way hypertext improves plain text.

VDP is a point-io-point protocol between a server program which is the source
of the videc and audio data, and a client program which allows the playback of the
received video or audic data. VDP is designed to transmit video in internet
environments. There are three problems the algorithm must overcome:
¢ bandwidth vanance in the network,

s packet loss in the network, and
» the variable bit rate (VBR) nature of some compressed video formats.

The amount of available bandwidth may be less than that required by the
complete video stream, due to fluctuating bandwidth in the network, or due to high
bandwidth stretches of VBR video. Packet loss may also adversely affect playback
quality.

VBF Is an asymimetric protocol. As shown in Figure 5, between the client 500
and the server 550, there are two network channels 520, 540, The first channel 520 is
a reliable TCP connection stream, upon which video parameters and playback
commands (such as Play, Stop. Rewind and Fast Forward) are sent between client
and server. These commands are sent on the reliable TCP channel 520 because it is
imperative that playback commands are transmitted reliably. The TCP protocol

provides that reliable connection between client and server.
The second network channe!l 540 is an unreliable user datagram protocol

(UDP) connection stream, upon which video and audic data. as well as feedback
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essages are sent. This connection stream forms a feedbark loop, i which the client
receives video and audio data from the server, and feeds back information to the
server that the server will use to moderate its rate of transmission of data. Video and
audio data is transmitted on this unreliable channel because video and audio can
tolerate losses. It is not essential that all data for such continuous media be
tfransmitted reliably, because packet loss in a video or audio siream causes only

momentary frame or sound loss.

Note that while, in accordance with g preferred embaodiment, VIDP is layered
directly on top of UDP, VDP can aiso be encapsulated within internet standards such

as RTP with RTCP as the feedback channei.

VDP Transmission Mechanism

After the admission controller 420 (Figure 4) in server 550 (Figure 5) grants
the request from the client 500, the server 550 waits for the play command from the
client. Upon receiving the play command, the server starts to send the video frames
on the data channel using the recorded frame rate. The server end breaks large
frames into smaller packets (for example, 8 kilobyte packets), and the client end
reassembles the packets into frames. Each frame 18 time-stamped by the server
and buffered at the client side. The client controls the sending of frames by sending

server control commands, like stop or fast forward, on the control channe!.

VDP Adaptation Algorithm
The VDP adaptation algorithm dynamically adapts the viden transmission rate
to network conditions along the network span from the client to the server, as well as

o the client end's processing capacity.  The aigorithm degrades or upgrades the
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server transmission rate depending on feed forward and feedback messages
exchanged on the control channel. This design is based on the consideration of
saving network bandwidth.

Protocols for the transmission of continucus media over the internet, or over
other networks for that matter, need 1o preserve nefwork bandwidih as much as
possible. I a client does not have enough processor capacity, it may not be fast
enough to decode video and audic data. Network connections may also impose
constraints on the frame rate at which video data can be sent. In such cases, the
server must gracefully degrade the guality of service. The server iearns of the status
of the connection from client feedback.

Feedback messages are of two types. A first type, the frame drop rate,
corresponds to frames received by the client but which have been dropped because
the client did not have encugh CPU power to keep up with deceding the frames.
The second type, the packet drop rate, corresponds to frames lost in the network
because of network congestion.

If the client side protocol discovers that the client application is not reading
received frames guickly encugh, it updates the frame loss rate. {f the loss rate s
severe, the client sends the information to the server. The server then adjusts is
transmission speed accordingly.  In accordance with a preferred embodiment, the
server slows down its transmission i the loss rate exceeds 15%, and speeds up if
the ioss rate is below 5%. However, it should be understood that the 15% and 5%
figures are engineering thresheolds, which can vary for any number of reasons,

depending on conditions, outcomes of experiments, and the like.
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in response to a video request, the sarver begins by sending out frames using

the recorded frame rate. The server inserts a special packet in the data stream
indicating the number of packets sent out so far. On receving the feed forward
message from the server, the client may then calculate the packet drop rate. The

5 chent returns the feedback message {0 the server on the control channel  in
accordance with a preferred embodiment, feedback occurs egvery 30 frames.

Adaptation occurs very quickly - on the order of g few seconds.

Demand Resend Algorithm
The compression algorithms in some media formats use inter-frame
10 dependent encoding. For example, a sequence of MPEG video frames has [P and
B frames. | frames are frames that are intra-frame coded with JPEG COMPIession.
P frames are frames that are predictively coded with respect to a past picture. B
frames are frames that arg bidirectionally predictive coded.

MPEG frames are arranged into groups with sequences that correspond io

—
(83}

the pattern |1 BB P BB P BB. The | frame is needed by all P and B frames in order
to be decoded. The P frames are nesded by all B frames. This encoding method
makes some frames more important than the others. The display quality is strongiy
dependent on the receipt of important frames.  Since data transmission can be
unireliable over the Internet, there is a possibility of frame loss. If. in a seqguence
20 group of MPEG video frames | BB PR R P B B recorded at ¢ framesisec, the |
frame is lost, the entire secuence becomes undecodable.  This undecodability
produces a one second gap in the video stream.

Some protocols, such as Cyclic-UDP, use a priority scheme in which the

server sends the important frames repeatedly within the allowable time interval sa
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that the important frames have a better chance of getiing through. VDP's demand
resend is similar to Cyclic-UDP in that, in VDP, the responsibility of determining
which frames are resent is put on the client based on its knowiladge of the encoding
format used by the video streamn. However, unlike Cyclic-UDP, VDP does not rely
on the server's repeated retransrmission of frames, because such repeated
retransmission would be more likely to cause unacceptable jitter. Accordingly. in an
MPEG stream. the VDP aigorithm may choose to reguest retransmissions of only
the | frames, or of both the | and P frames, or all frames. VDP employs a buffer
gueue at least as large as the number of frames required during one round trip time
between the client and the server. The buffer is full before the protocal begins
handing frames to the client from the gueue head. New frames enter at the queue
tail. A demand resend algorithm is used to generate resend requests to the server
in the event a frame is missing from the qusue tail. Since the buffer queue 1s large
enough, it is highly likely that re-sent frames can be correctly inserted into the queue
before the application requires it.

The following is the client/server setup negotiation, in which a client computer
contacts the video server to request a video or audio file. Referring to Figure & which
is a schematic depiction of a client-server channel setup, the sequence 15 as follows:

s The client 500 first contacts the server 550 by initiating a refiable TCP network
connection to the server over channet 520.

s if the connection is successfully set up, the client 500 then chooses a UDP port
(say u}, and establishes communication over channel 540. The chent 500 then
sends to the server 550, over the port u, the name of the video or audio file

requested.
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= If the server 550 finds the requested file. and the server 550 can accept the video
or audio connection, then the client 500 prepares to receive data on UDP port .

s When the clent 500 wishes to receive data from the server 550, the client sends a
Play command to the server 350 on the reliable TCP charnal 520. The server 550
wilt then start streaming data to the client 500 at port .

The particular setup sequence just described, which the currently preferred
mplementation of VDP uses, illustrates how the two connections reliable and
unreliable, are set up. MHowever, the particular sequence is not essential to the proper
functioning of the adaptive algorithm.

The VDP server 550 is in charge of transmitting requested video and audio
data to the chent 500. The server receives playback commands from the client
through the reliable TCP channel, and sends data on an unreliable UDP channet to
the client. It also receives feedback messages from the chient, informing & of the
conditions detected at the client. It uses these feedback messages to moderate the
amount of data transmitted in order to smooth out transmission under congested
conditions.

The server streams data at the proper rate for the type of data reguested. For
example. a video that s recorded al 24 frames per second will have its data
packetized and transmitied such that 24 frames worth of daia is transmited every
second.  An audio segment that is recorded at 12 Kbit/s will be packetized and
transmitied at that same rate.

For its part, the client sends playback commands, including Fast Forward,
Rewind, Stop and Play, to the server on the reliable TCP channel |t also receives

video and audio data from the server on the unreliable UDP channel
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As packets armving from the network are subject to some degree of jitter. a
playout bufferis used to smooth jitter between continuous media frames. The playout
buffer is of some length /, measured in frame time. For reasons described later / = o X
RTT, where RTT is the Round Trip Time between the client and the server. and D s
some factor < 1.

Figure 6 depicts retransmission and size of the buffer queue. On the client side
610, a playout buffer 620 is also used to allow retransmission of important frames
which are lost. VDP uses a refransmit once scheme, i . retransmit requests for a lost
frame are only sent once. The protocol does not require that data behind the lost
packet be held up for delivery until the lost packet is correctly delivered. Packets are
time stamped and have seguence numbers. Lost frames are detected at the tail of the
queus. A retransmission request 650 is sent to the server side 860 if a decision is
made on the client side 610 that a frame has been lost {a packet with a seguence
number more than what was expected arrives). p must be greater than or equal to 1
in order that the lost frame have enough lime to arrive before its slot arrives at the
head of the queue. The exact value of p is an engineering decision.

The protocol must also guard against retransmission causing a cascade effect.
Since a refransmitted frame increases the bandwidth of data when it is transmitted
again, it may cause further loss of data. Retransmit requests issued for these
subseguent tost packets can irigger more loss again. VDP avoids the cascade effect
by limiting retransmits. As a retransmission takes one round trip time from sending the
retransmission request to having the previously lost data arrive. the limit is one
retransmission request for any frame within a retransmit window 620, egual to w x RTT

forw> 1.
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The VDP adaptive algonthm detects two types of congestion. The first type.
network congestion, resuits from insufficient bandwidih in the network connection to
sustain the frame rate required for videe and audio. The second type, CPU
congestion. results from insufficient processor bandwidth required for decoding the
compraessed video and audio.

To wdentify and address both types of congestion, feedback is returned to the
server in order for the server to moderate its transmission rate.  Moderation is
accomphished by thinning the video stream, either by not sending as many frames. or
by reducing image quality by not sending high resolution components of the picture.
Audio data is never thinned. The loss of audio data results in glitches in the playback,
and are more perceptually disturbing to the user than is degradation of video quality.
Thinreng techniques for video data are well known, and so need not be described in
detail here.

When the network is congested, there is insufficient bandwidth to
accommoadate all the traffic. As a result, data that would normally armve fairly quickly is
delayed in the network, as network gueues build up in intermediate routers between
cient and server. Since the server transmits data at regular intervals, the interval
between subsequent data packets increases in the presence of network congestion.

The protocol thus detects congestion by measuring the inter-arrival times
vetween subsequent packets. Inter-arrival times exceeding the expected value signal
the onset of network congestion | such information is fed back to the server  The
server then thins the video stream 0 reduce the amount of data injected nto the

nebyork.
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Because of packet jitter within the network inter-arrival tmes between
subsequent packets may vary in the absence of network congestion. A low-pass filter

is used to remove the transient effects of packet jitter. Given the difference 1n arrival

time between packets 7/ and packets / + 1 of 8¢ the inter-arrival tme Loy attimer+ 1is;

fr ==yl +axdf D<o <

The filter provides a cumulative history of the inter-arrival time while removing
transient differences in packet inter-arrival times.

Packet loss is also indicative of network congestion. As the amount of gueuing
space in network routers is finite, excessive traffic may be dropped if there is not
enough queue space. In VDP, packet loss exceeding and engineering threshold s
also indicative of network congestion.

CPU congestion occurs when there is too much data for the chent CPU to
decode  As VDP transports compressed video and audio data, the client processor is
required to deccde the compressed data. Some clients may possess insufficient
processor bandwidth to keep up. In addition, in modermn time sharing environments,
the client's processor is shared between several tasks. A user starting up a new task
may reduce the amount of processor bandwidth available to decode vides and audio.
Without adaptation o CPU congestion, the client will fall behind in decoding the
continuous media data, resulting i slow motion playback. As this is undesirable, VDP
also detacts CPU congestion on the client side.

CPU congestion is detected by directly measuring if the client CPU is keeping

up with decoding the incoming data.
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Figure 7 depicts buildup of a gueue of continuous media nformation in the
presence of network congestion. Figure 8 depicts a flow graph for handiing feedback
and transnussion/reception adaptation under varying loads and levels of congestion.

Figures 9-13 are flow charts depicting the sequence of VDP aperations at the
respective client and the server sides. In Figure 9, depicting a top level cperationat
flow at the client side. the connection setup sequence is initiated. if the setup is
successiul, video/audio transmission and playback is initiated.  If the setup is not
successful, operation ends.

In Figure 10, depicting the flow of setup of a client cannec‘filen, first a TCP
connection is set up, and then a request is sent to the server. ¥ the request is
granted, the connection is considered successful, and playback is initiated.  If the
reguest is not granted, the server sends an error message, and the TCP connection is
terminated.

In Figure 11. once the TCP connection is set up  successfully, and
communication established successfully with the server. 3 UDP connection 15 set up.
Round trip time (RTT) is estimated, and then buffer size is calculated, and the buffer is
set up. The client then receives packets from the UDP connection. and decodes and
displays video and audio data. The presence or absence of CPU congestion 13
detected, and then the presence or absence of network congestion is detected. if
congestion at either point s detected. the client sends a message to the server, telling
the server to modify its transmission rate. If there is no congestion, the user command
is processed, and the client continues to receive packets from the UDP connection.
As can be seen from the Figure, a feedback loop is set up in which transmission from
the server to the client is modified based on presence of congestion. Thus. rather
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than the chent simply telling the server to continue sending, the client actually telis the
server, under circumstances of congestion, to modify its sending rate.

Figure 12 shows the server's side of the handling of client requests The server
accepts requests from a client, and evaluates the client's admission control request if
the request can be granied, the server sends a grant, and initiates a separate process
1o handle the client's request. [f the request cannot be granied, the server sends a
denial to the client, and goes back to looking for further client reguests.

Figure 13 depicts the server's internal handling of a client request. First, a UDP
connection is set up. Then, RTT is estimated. Video/audio parse information then is
read in, and an intial transfer rate is sel. If the server receives a message from the
client, asking for a modification of the transfer rate, the server adjusts the rate, and
then sends out packeis accordingly. If there is no request for transfer rate
modification, then the server continues to send out packets at the previous (most
recent) transfer rate. If the client has sent a playback command, then the server looks
for an adaptation message, and continues to send packets. if the client has sent a
"quit" command, the TCP and UDP connections are terminated.

Figure 14 shows, in broad oulline, the hardware environment m which the
present invention operates. A plurality of servers and clients are connected over a
network. I the preferred embodiment, the network is the internet. but it is within the
conternpiation of the invention to replace other network protocols, whether in LANs,
MANs, or WANs, with the inventive protocol, since the use of TCP/IP is not fimited to
the Internet, but indeed pertains over other types of networks.

Figures 15a-15g, similarly to Figures 1 and 3, show further examples of types of

dispiay screens which a user would encounter in the course of using Vosaie. Figures
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13a-15d depict various frames of a dynamic praseniation. Figure 15a shows an
introductory text screen. Figure 15b shows two videos displayed on the same screen,
using the present invention. Figure 15¢ shows a total of four videos displayed on the
same screen. Figure 15d illustrates the appearance of the screen at the end of the
videos presentad in Figure 15¢.

Figure 15e shows the source which invokes the presentation depicted in
Figures 18a-15d. Figure 15f illustrates an interface scresn with hyperlinks in video
objects, in the boxed ares within the video. Also, similarly to Figure 3, a control panal
15 shown with controfs similar to those of a videocassette recorder (VCR), to control
playback of videos. Clicking on the hyperiinked region in Figure 15f results in the page
shown in Figure 15¢g, which is the video to be played.

The inventors carried out several experiments over the internet. The test
data set consisted of four MPEG movies. digitized at rates ranging from 5 to 9 fps.
with pixel resolution ranging from 160 by 120 to 320 by 240

Table 1 below

identifies the test videos that were used

Name Frame Rate (ips) | Resolution Number of Frames | Piay Time {secs)
model mpg 2 160 by 120 127 14
startrek.mpg 5 208 by 156 642 128
puffer.mpg 5 320 by 240 175 35
smalllogo.mpg 5 320 by 240 1622 324

Table 1. MPEG test movies.

The videcs listed in Table 1 ranged from a short 14 second segment to one of

several minutes duration.

in order to observe the playback video quality, the inventors based the client

side of the tests in the laboratory. In order to cover the widest possible range of
configurations, servers were set up corresponding to local, regional and international

sites relative (o the geographical iocation of the laboratory. A server was used at the
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National Center for Supercomputing Applications (NCSA) for the local case. NCSA
is connected to the local campus network at the University of lllinois/Champaign-
Urbana via Ethernet. For the regional case, a server was used at the University of
Washington. Finally, a copy of the server was set up at the University of Osio in
Norway to cover the international case.

Table 2 below lists the names and IP

addresses of the hosts used for the experments.

Name IF Address Function
indy1.cs.uiuc.edu 128.174 240,80 incal client
showtime .ncsa uiuc.edu 141.142.3.37 iocal server

128.95.78.229
128.240.106.18

agni.wtc.washington.edu
gioinifi.uio.noc

regional server
irernational server

Table 2: Hosts used in our {ests,

Name % Dropped Frames | Jitter {ms)
model i 8.5
startrek 0 58
puffer 7.5 43.6
smalilogo 0.5 225

Table 3. Local test.

Name % Dropped Frames | Jitler (ms)
model ¢ 463
startrek o 57.
puffer 0 34.3
smalilogo 0.2 50.0

Table 4: Regional test.

| Name % Dropped Frames | Jitler (ms)
model 0 201
starirek G 22.0
puffer 18 1214
smalllogo 0.8 48.7

Table 5. International test.

Tables 3-5 show the resulls for sample runs using the test videos by the Web
client accessing the local, regional and international servers respectively. Each test

involved the Web client retnieving a single MPEG video clip. An unloaded Silicon

Graphics (SGH Indy was used as the client worksiation.
32
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average frame drop percentage and average application-level inter-frame jitter 1n
miliseconds for thirty test runs. Frame rate changes because of to the adaptive
algorithm were seen in only one run. That run used the puffer.mpg test video in the
international configuration (Osio, Norway to Urbana, USA). The frame rate dropped
from 5 ips to 4 fps at frame number 100, then increased from 4 fos to § fps at frame
number 126. The rate change indicated that transient network congeastion caused
the video to degrade for a 5.2 second pernod during the transmission,

The results indicate that the Internet supports a video-enhanced Web service.
inter-frame jitter i the local configuration is negligible, and below the threshold of
human observability (usually 100 ms) in the regional case  Except for the
puffer mpg runs, the same holds ifrue for the international configuration.  In the
putfer mpg case, the adaptive algorithm was invoked because of dropped frames
and the video quality was degraded for a 5.2 second interval. The VDP buffer
queue efficiently minimizes frame jitter at the application level.

The last test exercised the adaptive algorithm more strongly. Using the local
configuration, a version of smalllogo mpg recorded at 30 fos at a pixel resolution of
320 by 240 was retrieved. This is a medium size, high quality video clip, requiring
significant computing resources for playback. Figure 16 shows a graph of frame rate
versus frame sequence number for the server transmitting the video.

The client side buffer queue was set at 200 frames, corresponding to about
6.67 seconds of video. The buffer at the client side first filled up, and the first frame
was handed to the application at frame number 200, The client workstation did not
have enough processing capacity to decode the video stream at the full 30 fns rate.

The client side protocol detected a frame loss rate severe enough to repor to the
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server at frame number 230, in accordance with a presently preferred embodiment,
transmission is degraded when the frame loss rate exceeds 15%. Transmission s
upgraded if the loss rate is below 5%

The server began degrading its transmission at frame number 268, that is
within 1.3 seconds of the client’s detection that its CPU was unable to keep up. The
optimal transmission level was reached in 7.8 seconds, corresponding to a § frame
per second transmission rate. Stahility was reached in a further 14.8 seconds. The
deviation from optimal did not exceed 3 frames per second in either direction during
that period.  The results show a fundamental tension between large buffer quaue
sizes that minimize jitter and server response times.

The test with very high quality video at 30 fps with a frame size of 320 by 240
represents a pathological case. However, the results show that the adaptive
algorithm is an attractive way to reach optimal frame transmission rates for video in
the WWW.  The test implementation changes the video quality by 1 frame per
second at each deration. it is within the contemplation of the invention to empioy
non-tinear schemes based on more sophisticated policies.

n accordance with another aspect of the invention, confinuous media
organization, storage and retrieval 1s provided. Continuous media consist of video
and audio information, as well as so-called meta-information which describes the
contents of the video and audic information. Several classes of meta-information
are identified in order to support flexible access and efficient reuse of continuous
media. The meta-information encompasses the inherent properties of the media,

hierarchical information, semantic description, as well as annotations that provide
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support for hierarchical access, browsing, searching, and dynamic composition of

continuous media.

As shown in Figure 17, the continucus media integrates video and audio
documents with their meta-information.  That is, the meta-information is stored
together with the encoded video and audio. Several classes of meta-information
include:

« inherent properties: The encoding scheme specification, encoding parameters,
frame access points and other media-specific information. For example, for a
video clip encoded in the MPEG format, the encoding schems is MPEG, and the
encoding parameters include the frame rate, bit rate, encoding paitermn, and
picture size. The access points are the file offsets of important frames.

s Hierarchical structure: Hierarchical structure of video and audio. For example, a
movie often consists of a sequence of clips. Each clip is made of a seguance of
shots (scenes), while each shot includes a group of frames.

o Semantic descriptions: Descriptions of the parts. or of the whole video/audio
document.  Semantic descriptions facilitate search. Searching through large
video and audio clips is hard without semantic description support.

«  Semantic Annotations:  Hypertink specifications for objects inside the media
streams. For example, for an interesting object in a movie, a hyperlink can be
provided which leads to related information.  Annotation information allows the
browsing of continuous media and can integrate vidso and audio with static data
types iike text and images.

inherent properties assist in the network fransmission of continusus media.
They also provide random access points into the document.  For example,
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substantial detail has been provided above, describing the inventive adaptive
scheme for transmitting video and audio over packet-switched networks with no
quailty of service quarantees. The scheme adapts {o the network and processor
load by adjusting the transmission rate. The scheme relies on the knowledge of the
gncoding pararmeters, such as the bit rate, frame rate and encoding pattern

Information aboul frame access points enables frame-based addressing.
Frame addressing allows accesses to video and audio by frame number For
example, a user can request a portion of a video document from frame number 1000
to frame number 2000, Frame addressing make frames the basic access unit
Higher level meta-information, such as structural information and semantic
descriptions, can be built by associating a description with a range of frames.

The encoding within the media stream often includes several of the inherent
properties of meta-information.  These parameters are extracted and stored
separately, as on-the-fly extraction is expensive. On-the-fly extraction unnecessarily
burdens the server and limits the number of requests that the server can serve
concurrently.

A video or audio document often possesses a hierarchical structure.  An
example of hierarchical information in a movie 1s shown in Figure 18. The movie
example in that Figure, "Engineering College and CS Department at UIUC” consists
of the clips "Engineering College Overview" and " C3 Department Overview”. Each
of these clips 15 composed of a seguence of shots; in the case of "Engineering
College Overview." the sequence consisis of "Campus Cverview”, "Message from

Dean.” and others. The hierarchical structure describes the organizational structure
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of continuous media, making hierarchical access and non-linear views of continuous
media possibie.

Semantic descriptions describe part or the whoie video/audio document. A
range of frames can be associated with a description. As shown in Figure 19, the
shots in the example movies are associated (indexed) with keywords.,  Semantic
annotations describe how a certain object within a continuous media stream is
related to some other object. Hyperiinks can be embedded to indicate this
relationship.

Continuous media allows multiple annotations and semantic descriptions.
Different users can describe and annotate in different ways. This s essential in
supporting multiple views on the same physical media. For example 3 user may
describe the campus overview shot in the exampie movie as "UIUC campus”, while
another user may associate it with "Georgian style architecturs in the United States
Midwest”  That user may have a link from his/her presemtation to introduce the
UIUC campus, while another user may use relative frames of the same video
segment {o describe Georgian-style architecture.

—~y

Supporting multiple views considerably simplifies content preparation. This is
because only one copy of the physical media is needed. Users can use part or the
whole copy for different purposes.

The meta-information described above is essential in supporting flexible
access and efficient reuse. The hierarchical information can be displayed along with
the video to provide the user a view of the overall structure of the video, It allows
the user to access to any desired clip, and any desired shot. Figure 20 shows an

implementation of the video player in Vosaic specifically, a movie is shown along
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with its hierarchical structure. Each node is associated with a description. A user
can click on nodes of the structure and that portion of the movie will be shown in the
movie window.

Hierarchical access enables a non-iinear view of video and audio. and
faciliiates greatly the browsing of videc and audio materials. Video and audio
documents traditionally have been organized linearly. Even though traditional
access methods, such as the VCR type of operations, or the slide bar operation,
allow arbitrary positioning inside video and audio streams. finding the interesting
parts within a video presentation is difficult without strong contextual knowledge,
since video and audic express meanings through the temporal dimension. In other
words, a user cannot easily understand the meaning of one frame without seeing
refated frames and shots. Displaying hierarchical structure and descriptions
provides users with a global picture of what the movie and each part iz about.

Searching capability can be supported by searching through the semantic
description.” For example, the keyword descriptions in Figure 19 can be quened.
The search of keyword tour will return alf the tours in the movie, e.qg, One Lab Tour,
DCL Tour, and instructional Lab Tour. One implementation of a search is shown in
Figure 21, in which the matched entries for the query are listed.

Browsing is supported through hyperlinks embedded within video streams
and through hierarchical access  Hyperlinks within video streams are an extension
of the general hyperlink principle, in this case making objects within video streams
anchors for cther documents. As shown in Figure 22, a rectangle outlining a black
hole object indicates that it is a anchor, and upon dlicking the outline. the document
to which it is linked is fetched and displayed (in this case, an HTML document about
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black holes). Hyperlinks within video streams integrate and facilitate inter-operation
between video streams and traditional static text and images.

Continucus media also aliows dynamic composition. A video presentation
can use parts of existing movies as components. For example, a presentation of
Urbana-Champaign can be a video composed of several segments from other
movies. As shown in Figure 23, the campus overview segment can be used in the
composition. The specification of this composition is done through hyperlinks.

Vosaic's architecture is based on continuous media, as ocutlined above.
Meta-information is stored on the server side together with the media clips. Inherent
properties are used by the server in order to adapt the network transmission of
confinuous media to network conditions and cdlient processor load  Semantic
description and annotations are used for searching video material and hyperlinking
inside video streams. In the design and implementation of tools for the extraction
and construction of coniinuous media meta-information, a parser was developed to
extract inherent properties from encoded MPEG video and audio streams. A link-
editor was yimplemented for the specification of hyperlinks within video streams.
There also are tools for video segmentation and semantic description editing.

Frame addressing uses the video frame and the audio sampie as basic data
access units to video and audio, respectively.  During the initial connection phase
between Vosaic server and client, the start and end frames for specific video and
audio segments are specified. The default settings are the start and the end frame
of the whole chip. The server transmits only the specified segment of video and
audio to the client. For example, for a movie that 1s digitized as a whole and is

stored on the server, the system allows a user to request frame number 2567 o
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frame number 4333, The server identifies and retrieves this segment, and transmits
the appropnate frames to the client.

A parser has been develaped for extracting inherent properties from MPEG

video and audio streams. The parsing is done off-line. The parse file contains:

1. picture size, the frame rate, pattern,
2. average frame size, and

3. offset for each frame

in the clip file.

A example parse file is shown below:

H o R

# cs.mpg.par

#

# Parse file for MPEG stream file

# This file is generated by mparse, a parse too! for MPEG stream file.
# For more information, send mail to;

#

# zchen@cs.uiuc.edu

# Zhigang Chen, Department of Computer Science

# University of lineis at Urbana-Champaign

#

# format:

# i1 h_size v_size frame rate bit rate frames total size

#i2 ave_size |_size p_size b_size ave_time {_time, p_lime, b_time

# p1 pattern of first seguence

# p2 pattern of the rest of the sequence

# hd header_start header_end

# frame_number frame_type start_ofiset frame_size frame _time

# ed end start

#oee

12 15 262143 12216 8841080
2152 510 76 12511 20911 10442 8828
1 7 ipbbibb
pZ 7 ipbbibb
hd § 12
01122234 20377

[S3 I #)]
-~ O
-

4%
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A link editor enables the user 10 embed hyperiinks into video streams The

specification of a hyperlink for a object within video streams includes several

parameters
1 The start frame where the object appears and the ohject's position.
2. The end frame where the object exists and the obiect's position.

The positions of the object outline are interpolated for frames nestled in
vetween the first and last frames specified. A simple scheme using linear
nterpolation is shown in Figure 24. The position of the outline in the start frame
{frame 1} and end frame (frame 100) are specified by the user. For frames in
between, the position is interpolated, as shown, for exampie, in the frame 50.

In the currently preferred embodiment. linear interpolation is employed, and
works well for objects with linear movement. However, for better motion tfracking,
sophisticated interpolation methods, such as spline interpolation, may be desirable.

With respect to dynamic composition of video. for example, Figure 21
fiustrates the result of a search on a video database. The search result is a server-
generated dynamic composition of the matched clips. The resulting presentation is
a movie made up of the video clips in the search result,

In general, users may use the dynamic composition facilities of the invention
o create and author continuous media presentations by reusing videc segments
through this facility. The organization of video through dynamic composition reduces
the need for the copying of large video and audio documents.

Video segmentation and semantic description editing currently is performed
manually.  Video frames are grouped and descriptions are associated with the
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groups. The descriptions are stored and used for search and hierarchical structure
presentation.

Meta-information and continucus media have been the subject of several
studies. The Informedia project at CMU has proposed the use of automatic video
segmentation and sudio transcript generation for building large video librares.
Algorithms have been proposed for video segmentation.  Hyperlinks in video
streams have been proposed and implemented in the Hyper-G distributed
information system, as well as 1 a World Wide Web context in Vosaic.

While previous work has focused on a particular aspect of meta-information,
for example, in ferms of support for search only, or for hyperlinking only, the present
invention calegorizes and integrates continuous media meta-information in order to
support continuous media network transmission, access methods, and authonng.
This approach can be generalized for sialic data. The generalized approach
encourages the integration of coniinuous media with siatic media, document
retrieval with document authornng. Multiple views of the same physical media are
possible.

By integrating meta-information in the continuous media approach, flexibie
access and efficient reuse of continuous media in the World Wide Web are
achieved. Several classes of meta-information are included in the continuous media
approach. Inherent properties help network fransmission of and provide random
access {o continuous media. Structural information provides hierarchical access and
browsing.  Semantic specifications allow search in continuous media. Annotations
enable hyperlinks within video streams, and therefore facilitates the browsing and

organization of irregular information in continuous media and static media through
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hyperlinks. The support of multiple semantic descriptions and annoctations makes
multiple views of the same material possible. Dynamic composition of video and
audio is made possible by frame addressing and hyperlinks

While the invention has been described in detail with reference to preferred
embodiments, it is apparent that numerous variations within the scope and spirit of
the invention will be apparent to those of working skill in this technological field.
Consequently, the invention should be construed as limited only by the appended

claims.

43

IPR2022-01227
EXHIBIT 1003 - PAGE 01285



10

i1

[N

[eS)

no

WO 97722201 PUT/AUSSG/19226

What is claimed is:
1. System for transmitling realtime continuous media information over a
network, said continuous media information comprsing video information and audio
information, said system comprising:

a server,

a chent connected to said server;

communicating means for communicating control information hetween said
server and said client, and for transmilting said continuous media information from
said server {o said client; and

moderating means for causing said server to change its rate of transmission
of said video information when a quality of transmission of said video information

changes by a predetermined amount within a predetermined time

2. A system as claimed in claim 1, wherein a change in said guality of
transmission of said video information includes a change in an amount of loss of

said video information.

3. A system as clamed in clam 1, wherein a change in said quality of
transmission of said video information includes a change in an amount of jitter in

said video information.

4 A systemn as claimed in claim 1, wherein a change in said guality of
transmission of said video information includes a change in an amount of latency in

said video information.

5. A system as claimed in claim 1, further comprising a plurality of clients

connected to said server, said communicating means communicating said control
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3 intormation between said server and each of said clents said control information

4 being transmitled separately between said server and each respective one of said

5 clients.

1 6 A system as claimed in claim 1, wherein said communicating means
2 COMPprises:

3 a first channel for communicating said control information between said

4  server and said client; and

o

a second channel for transmitting said continuous media information from

&  said server o said client,

4 =
i i

A system as claimed in claim 8, further comprising performance means,

2 responsive to said client, for compiling first performance information about said client
P ¢

@8]

and providing an output to said server accordingly, said moderating means CaUSING

4 said server to change its rate of transmission of said video information when said

jox)

quality of transmission of said video information changes by said predetermined

8  amount between consecutive measurements of said first performance information.

18 A system as claimed in claim 7, wherein said second channel also transmits

2 said output of said performance means from said client to said server.

L A system as claimed in claim 7, wherein said performance means further is
2 responsive to sald communicating means for compiling second performance
3 information about said communicating means and providing a further output to said

4 server, sad moderating means causing said server to change its rate of

(62

transmission of said video information when said quality of transmission of said
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video information changes by said predetermined amount between consscutive

measurements of said first and second performance information.

10. A sysiem as ciaimed in claim 6, wherein said first channe! includes a first

communications protocol.

11 A system as claimed in claim 7, wherein said first communications protocol is

Transmission Control Protocol (TCP)
12, Asystem as claimed in claim 8 wherein said network is the Internet.

13, A systern as claimed in claim 1, wherein said moderating means causes said
server to transmit said video information at a slower rate when said predetermined

amount is above an engineering threshoid.

14, A system as claimed in claim 1, wherein said moderating means causes said
server to transmit said video information at a faster rate when said predetermined

amount 1s below an engineering threshold.

~

15 A system as claimed in claim 7, wherein said moderating means causes said
server to transmit said video information at a slower rate when said predetermined

amount is above an engineering threshold.

16, A systemn as claimed in claim 7, wherein said moderating means causes said
server to transmit said video information at a faster rate when said predstermined

amount is below an engineering threshold.
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17 A system as claimed in claim 8 wheremn said moderating means causes said
server (o transmit said videc information at a siower rate when said predetermined

amount is above an engineering threshold.

18 A systern as claimed in claim 9, wherein said moderating means causes said
server {o fransmit said video information at a faster rate when said predetermined

amount is below an engineering threshold.

18, Asystem as claimed in claim 1, wherein said server comprises:

a main request dispatcher for receiving requests from said client for
transmission of said continuous media information:

an admission controller, responsive to said main request dispatcher, for
determining whether to service said requests, and advising said main request
dispatcher accordingly; and

a continuous media handler for processing reguests for continuous media

information from said main request dispatcher,

20 A system as claimed in claim 19, wherein said continucus media handler
separates said requests for continuous media information into reguests for video
information and requests for audio information, said server further comprising:

a video handler for processing said requests for video information; and

an audio handler for processing said requests for audio information.

21 A system as claimed in claim 9, wherein said server comprises a logger for

recording statistics concerning said first and second performance information.
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22. A system as claimed in claim 1, wherein said control information includes a
play command from said client to said server to play said continuous media
information; a stop command from said client to said server to halt transmission of
said continuous media information; a rewind command from said client to said server
to play said continuous media information in a reverse direction: a fast forward
command from said client {o said server to cause said server o play said continuous
media information at a faster speed; and a quit command from said client to said

server o terminate playback of said continuous media information.

23, A method of transmitting continuous media information over a network, said
network having a server and a client connected to it said continucus media
information comprising video information and audio information, said method
COMPrising.

transmitting a request, from saild ciient to said server, for transmission of said
continuous media information;

transmitling said continuous media information from said client to said server:

sending control signals from said client to said server to control said
transmitting of said continuous media information:

recetving said continuous media information at said client in accordance with
said sending step;

detecting congestion in said client and, if there is, advising said server
accordingly: and

altering a rate of transmission of said continuous media information from said

server to said chent based on an cutcome of said detecting step.
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24, A method as claimed in claim 23, further comprising the step of detecting
congestion on said network and, if there is, advising said server accordingly;
said altering step being performed based on an outcome of at least one of

said client congestion detecting step or said network congestion detecting step.

25 A method as claimed in claim 23, wherein said network is the Internet,

26 A method as claimed in claim 23, wherein said step of sending control signais
is performed over a first channel, and said step of transmitting continuous media

information is performed over a second, different channel.

27, A method as claimed in claim 26, wherein said first channel includes a first

communications protocol.

28, A method as claimed in claim 27, wherein said first communications protocol

is a reliable transfer protocol for transmitting said control signals.

29, A method as clamed in claim 27, wherein communication over said first
channe!l is established before communication over said second channel s

established.

30, A mesthod as claimed in claim 27, further comprising the steps of;

after said reguest is transmitted from said client to said server. evaluating said
request at said server to determine whether said request can be granted; and

if said request can be granted, transmitiing a grant from said server to said

chent.
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31, A method as claimed in claim 29, further comprising the steps of:

after said request 1s evaluated at said server, and it is determined that said
request can be granted, establishing communication between said client and said
server over said second channel:

estimating a round trip time (RTT) for trave! of data betwesn said server and
said client over said second channel: and

seiting an mitial transfer rate for transmission of said continuous media

information from said server to said client

32, A method as claimed in claim 30, further comprising the step of if said
request cannot be granted, terminating communication between said server and said

client over said first channel.

a3
o

A method of organizing continuous media information. comprising:

dividing said continuous media information into groups of frames: and

for sach of said groups of frames, providing at least one keyword
corresponding thereto, so that entry of said keyword causes a pointer to be placed

at a beginning of said corresponding group of frames.

34 A method as claimed in claim 33, further comprising the step of providing at
least one hyperlink in sald continuous media information, so that activation of said
nyperlink causes a pointer 1o be placed at a location in said continuous media

information corresponding to said hyperink.

35 A method as claimed in claim 34, further comprising the step of for each of a

plurality of continuous media information, providing at least one hyperlink, so as to

5{
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”

3 enable compiiation of a presentation of continucus media information through

4  achtvation of each said hyperlink.
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