WD 03/ 003157 PCT/ US02/ 20359 METHOD AND SYSTEM FOR PROVI DI NG MEDI A SERVI CES
5 BACKGROUND COF THE I NVENTION Field of the Invention The invention relates
gener al | ywomsausisp communi cati on over a network. 10 Backgoawrsd2/20359 Audi o
has | ong been carried in tel ephone calls over networks. Traditional
circuit-switched tinme division nmultiplexing (Tm net wor ks i ncl udi ng
public- 15 swit cheEEHOPhOND $|¥$1REWEEOBFRNRV MEPIA SERVIEE8phone

net wor ks (POTS) were used. These circuit-switched networks establish a
circuit across the network for each call. Audio is carried in anal og
and/or digital formacross the circuit in real-tine. The energence of
packet - swi t ched networks, such as the local area 20 networks (LANs), and

the Internet, now requires }ﬁ]ﬁ i i-Htal ly 1n packets.
Audi 05ncan i nclude but is no?‘})%:éanj#gj to%%?@ﬁ@u@?ﬂé%lr ot her type of

audi o data. Voice over Internet Protocol systens (also called Voice over IP
or VAP systens) transport the digital audio data belonging to a tel ephone
call in packetlBeldwéthedarssionswi t ched networks instead of traditional
circuit-switched, 25 networks. In one exanple, a VOP systemforns two or
nore connections using Transm ssion Control Protocol/Internet Protocol

(TCP/ 1 P) addresses tihe ifena0Rd1aBs ferROIREE hedo LEMARARAROS Bldr-a dRVd&ES t hat
connect to a VOP network nust follow standard TCP/|I P packet protocols in

orde¥0 to interoperate with other devices within the VOP network. Exanples
of such devi ce%aaf(e | P %t?nes, 30 integrated access devices, nedia

gat eways, and § goglé‘} s. A nedia server is often an endpoint in a VOP
tel ephone call. The nedia server is responsible for ingress and egress
audi o streans, that is, audio streans which enter and | eave a nedi a server
respectively. The tyhuliohasdontjeepcaded deleph@BcAlSHETnREDIMISTRARORED - 2

circuit-switched time division multiplexing (TDM) networks including public-
15 switched telephone networks (PSTN) and plain old telephone networks (POTS)
were used. These circuit-switched networks establish a circuit across the network
for each call. Audio is carried in analog and/or digital form across the circuit in
real-time.
The emergence of packet-switched networks, such as the local area
20 networks (LANs), and the Internet, now requires that audio be carried digitally
in packets. Audio can include but is not limited to voice, music, or other type of
audio data. Voice over Internet Protocol systems (also called Voice over IP or
VOIP systems) transport the digital audio data belonging to a telephone call in
packets over packet-switched networks instead of traditional circuit-switched.
25 networks. In one example, a VOIP system forms two or more connections using
Transmission Control Protocol/Internet Protocol (TCP/IP) addresses to
accomplish a connected telephone call. Devices that connect to a VOIP network
must follow standard TCP/IP packet proté)cols in order to interoperate with other
devices within the VOIP network. Examples of such devices are IP phones,
30 integrated access devices, media gateways, and media servers.
A media server is often an endpoint in a VOIP telephone call. The media
server is responsible for ingress and egress audio streams, that is, audio streams

which enter and leave a media server respectively. The type of audio produced



by a nedia server is controlled by the application that corresponds to the
t el ephone call such as voice nail, conference bridge, interactive voice
response wQISi3155peech recognition, etc. In many appl i caPCansp2/1389
produced audio is not predictable and nust vary based on end user
responses. Wrds, sentences, and 5 whol e audi 0 segnents such as nusi c mnust
be assenbled dynanically in real time as2they are played out in audio
streans. Packet-swi tched networks, however, can inpart delay and jitter in
a streamof audio carried in a telephone call. Areal-tinme transport

protocol (RTP) ,is often used to control delays, packet |oss and | atency in
an audi o st reanPpPdYedia SEVELAS G’F’mé&[%éd]?%ﬂ?ePRlé‘rC?‘thihéhaémSRCtnﬂééﬁ]th%n be

pl ayed out usi ” : 1l . AN i h as a
t el ephone) or ;}g lgﬁ@eg\éﬁ-s?%n? e%gﬂ’ é()g%(r:%’%ggnggégnr%%apﬁ‘éﬁdfo\é&rﬁc&sé?%g%i fied
messagi ng) . RTRIVR&rspteeh resoghitionpéte Alnphatyepplications,thaprddieedarlio Dabbagr am
Prot ocol (UDP) which js part of the IP famly. RTP packets include anong
other things a Redig@hleand mustyarybased an spgisaimgsponses. 1% oxdsgsateneess ander

allo a desti ' ' P c he. urrence of
| ost V\f?;ac ket s a%ﬁ(%lgg%(gggérglg& g&écsgg} %@f&g?gg?t bg S%gri:bg%{d 3‘?‘ é"aggg%%ﬁﬁgae to a
user. The ti mesdsahgy goplagepomds abdiotsiearhd. me at whi ch the packet was
assenbl ed. The tinestanp allows a destination application to ensure
synchroni zed pl ay- ouRackef-syvitgled ingiyrarky hesisveraean timper | deldyaans! fiédraip and

jitter. See, 2 k; cacr | de.,Vai ce over | P, M-G Ll
JUni ted States, 03&%&15?%%18%%%1 i %)%.Eep - ,1' %}rg%étﬁIPF Frgns[gggipr%tpc%iihi i's
i ncor porat ed i ris bften eRlitd edntrdnalays) piket o8 fideRERoy it aBEHIB sEIY Blayéd an

endpoint in a VAP tel ephone call uses protocols 'such as RTP to inprove
commifhi cati on duof eynadig seivesi niflecaudisdstrsant ¢anche playasthout 28ingeR{TR ovenraver s,

however, have My .out.putting a singl e audi o stream qf . RTP
packets for a }%\%%Jkth@( _té%%rgtﬁfezmclz%ld ch%tsg‘%hﬁsé?‘?[%lﬁ@éonfgﬂaqqnﬁﬁ%ﬁm}f’ ﬁ?‘ﬂ?ee
parties over a (s@hiekl emil Bli& AMIfi6dkssagikg)) REITes)eRatéAdil top WEA Sroficbpi nal |y
carried out over a circuit-switched network such ‘as a plain old tel ephone

system (POTS) duchapihe JssnPaiogwem PotasphdAP nehigh iskpa®0ofit milgo IR ence

calls are now a[la%ﬁets? flc u'd%%.moolﬁtg 0 Veef\rthiggs? zl1< getq_u%rvl\éet lgurllnelgjer and a timestamp. The

15 sequence number allows a destination application using RTP to detect the
occurrence of lost packets and to ensure a correct order of packets are presented
to a user. The timestamp corresponds to the time at which the packet was
assembled. The timestamp allows a destination application to ensure
synchronized play-out to a destination user and to calculate delay and jitter. See,

20 D. Collins, Carrier Grade Voice over IP, Mc-Graw Hill: United States, Copyright
2001, pp. 52-72, the entire book of which is incorporated in its entirety herein by
reference.

A media server at an endpoint in a VOIP telephone call uses protocols
such as RTP to improve communication quality for a single audio stream. Such

25 media servers, however, have been limited to outputting a single audio stream of
RTP packets for a given telephone call.

A conference call links multiple parties over a network in a common call.
Conference calls were originally carried out over a circuit-switched network such
as a plain old telephone system (POTS) or public switched telephone network

30 (PSTN). Conference calls are now also carried out over packet-switched



WO 03/ 003157 PCT/ US02/ 20359 -3 networks, such as |ocal area networks
(LANs) and the Internet. Indeed, the energence of voice over the Internet
syst ens (wb3g/0exHbt ed Voice over P or VOP systens) has ipagresazesse he
dermand for conference calls over networks. Conference bridges connect
participants in conference calls. Different 5 types of conference bridges
have been used depending in part upon the3type of network and how voice is
carried over the network to the conference bridge. One type of conference
bridge is described in U S. Pat. No. 5,436,896 (see the entire patent).

This conference bridge 10 operates in an epvironnment where voice signals
are digitally é‘r‘??%?fgg ﬁuﬁgélsg%@ilﬁgead%f’tt‘go r(géﬁﬁsgﬁpét}lqyt@@ﬁ: Indephothe 21- 26) .
10 Conference k4 el i | nput's
12 are connected hf%ggﬁ@?%‘zvﬁgg%I@S@%é@%@%%??ﬁ%ﬁ@g@%Egéu‘s‘t’éﬂ%s 18 to
a common sunmisygiems)hdsfinaeas2d theSjraend foedoaddrencelaliseteaicavaReech by

sanpling an input data stream and determ ning the anount of energy present
over time. (col. 1, C?q{&qren%brgi‘gf_s cennert BPHeipanty dp eerferenaseallsntDibferent swit ch

18. j - ' ' I i se.
Dur i g 8 con onanee SaTeroTEh briees g Bl et Bl SRR e 85 BB Bk g

are coupl ed t hmetwgirkandhdwgore dafriediovaftht Ret®agibito thE con@efidtRides. e
Subtractors 24 subtract each participant’'s own voice data stream A nunber
of parti ci pant $YPe-9f coplsrenca Rridgisidesgitbed émb - Xeh Not A4B6i8A6 (see thecamtizect | ons
made t hrough c e ri . ) patent. .col . n.12-. 20 col .
e 16,0 gt tiFDg " dehithed brids o ordrled S kiR Rmisal wdfie Fes

packet - swi t chedignaBtaveodiRallyldieoddif al5aKeps d4le sedanb@IGONRoR 1 B 2 -24).
asynchronous node transfer ATM packets (also called cells). To support a
conf¥t ence cal IConferengedridgedRdexp plyraityiof w2 andomtite ks elnputs dgearel 0

converts i nput I ets, Digit]zed voice is
extracted fromcﬁﬁﬁgc%gct %tu gﬁéeﬁgedgﬁtg‘é‘géeé g@%ﬁé?} Orsc{)?ﬁ"é&évﬁ_%ﬁeso § QgFommyy

descri bed aboveumfiieg smpliBer 20UtSpeéchtiefictdra@iewRtstPsechity shRpRRASYEHpRA from
net wor k packets back to ATMcells prior to being sent fo participants 1-n.

See, ‘896 pat eratasggam apd detgrminingdla amgunt pfenepgy present over time. (col. 1, Ins.
' 36-39). Each speech detector 16 controls a switch 18. When no speech is present
15 switch 18 is held open to reduce noise. During a conference call, inputs 12 of all
participants who are speaking are coupled through summing amplifier 20 to each
of the outputs 14. Subtractors 24 subtract each participant’s own voice data
stream. A number of participants 1-n then can speak and hear each other in the
connections made through conference bridge 10. See, ‘896 patent, col. 1, In. 12-
20 col. 2, In. 16.

Digitized voice is now also being carried in packets over packet-switched
networks. The ‘896 patent describes one example of asynchronous mode transfer
(ATM) packets (also called cells). To support a conference call in this
networking environment, conference bridge 10 converts input ATM cells to
25 network packets. Digitized voice is extracted from the packets and processed in
conference bridge 12 as described above. The summed output digitized voices
is re-converted from network packets back to ATM cells prior to being sent to

participants 1-n. See, ‘896 patent, col. 2, In. 17-col. 2, In. 36.
The °896 patent also describes a conference bridge 238 shown in FIGs. 2
30 and 3 which processes ATM cells without converting and re-converting the ATM



The " 896 patent al so describes a conference bridge 238 shown in FIGs. 2 30
and 3 which processes ATM cells wi thout converting and re-converting the
ATM WO 03w00308315PCT/ US02/ 20359 -4 cells to network packe@CI/use2/a3s59
conference 10. Conference bridge 238 has inputs 302-306, one from each of
the participants, and outputs 308-312, one to each of the participants.
Speech detectors 314-318 anal yze input data aggregated in sanple and hol d
buf fers 322-326. Speech detectors 314-318 report the detected 5 speech
an/or volunme of detected speech to controller 320. See, 896 patent, col.

4, ins. 16-39. ntroller 320 is coupled tq.a selector 328 in control
329 and repli cact%gF td %%B.Sﬂ%%g?%ﬁ e el}fgﬁgr ﬁoﬁﬁ?e%ibeﬁg%iﬁgﬁ@ mputs
participants i IepekbRdfrb@asach SMthe bHﬁicgﬂhﬁ}Jﬁ_ﬁ&l &ftﬁ)lﬁ_@@@&@lﬂ%@? cf op14-318.
When one speaker (such as participant 10 1) 1s talking, controller 320 sets

sel ector 328 tdhe @awcﬁug@.fsmb@ﬁmmrsz%gm%amﬁ mp;md&ta aggfegmg? in e
autonatic gain contro tor tor . Replicataor replicates
data in thg ATl\ﬁaE’Qh ang&oic&nggerﬁggs- g&gc Qﬁec@,g@eqtgtg 3&&13155‘?11% pdeiedted except
the speaker. Se@eech@RforRBhEM of deflcte eédﬁ-to%ﬁﬁt?&ler 390, 4. ‘g06 AR cH10_Or
nmore speakers are speaking, the |oudest speaker 1s selected i'n a’given

sel ection 15 pekimsdl6-BBe next | oudest speaker is then selected in a

subsequent selectio eriod. The earance of sinultaneous speech is kept
up byqscanni ng spee&ﬁmﬁ{?il?%&()d?%"@i -tgiﬂe%%cﬁ?r%cﬁﬁﬁ‘i%ﬁ:ﬁgg@@%@gm|3285at
appropriate I ntggpv x| L s . 5,
e B 65, Aoty eGSR G M erfis IR RB e iR -
5,983,192 20 (tbeeutpins obsycecledgedtanst3)i4-318. Wienambepiakenisuctbasganicgiance

brid 12 receiyes _conpressed di o packets through a real-tinme transport
pr ot ﬂgol ( RTP/ eﬁﬁ)a!km%&e?tmliegﬁagé?té felecteipp28 tg readdatgfomdufies ,322-n.Thmod_
Conference bri i difétﬁ 1.0 -14d e \ udi o
processor 14c g%?o%ﬁggéiﬁkw ﬁaué&g%cegﬂ%%ﬁ?@?{@aéég?lgc f&g)lr&?r?t %Ic%tg udes a

switch 22 and sepleatesth@@ata GethecATIVI 4 selected dgseRbton 339 &g 0l Hﬂaﬁ?ﬁ(ﬁ ¢ Whi ch
determ nes which of other sites A B, or D has the highest 1ikelihood of
speech. See,  FaeemsiesReakeropee, 489G paentqenle4, Inaf9-6ph At InySs When two or

more speakers are speaking, the loudest speaker is selected in a given selection

15 period. The next loudest speaker is then selected in a subsequent selection
period. The appearance of simultaneous speech is kept up by scanning speech
detectors 314-318 and reconfiguring selector 328 at appropriate interval such as
six milliseconds. See, ‘896 patent, col. 5, Ins. 6-65.

Another type of conference bridge is described in U.S. Pat. No. 5,983,192

20 (see the entire patent). In one embodiment, a conference bridge 12 receives
compressed audio packets through a real-time transport protocol (RTP/RTCP).

See, ‘192 patent, col. 3, In. 66-col. 4, In. 40. Confe;ence bridge 12 includes
audio processors 14a-14d. Exemplary audio processor 14c associated with a site
C (i.e., a participant C) includes a switch 22 and selector 26. Selector 26 includes

25 a speech detector which determines which of other sites A, B, or D has the
highest likelihood of speech. See, ‘192 patent, col. 4, Ins. 40-67. Alternatives
include selecting more than one site and using an acoustic energy detector. See,
‘192 patent, col. 5, Ins. 1-7. In another embodiment described in the 192 patent,
the selector 26/switches 22 output a plurality of loudest speakers in separate

30 streams to local mixing end-point sites. The loudest streams are sent to multiple



i ncl ude selecting nore than one site and using an acoustic energy detector.
See, 192 patent, col. 5, Ins. 1-7. In another enbodi ment described in the
©192 pat eWwD,03/003187 sel ect or 26/ swi t ches 22 output a pl ural iPC/ush2/b@Gadest
speakers in separate 30 streans to |local m xing end-point sites. The

| oudest streans are sent to nmultiple WO 03/003157 PCT/ US02/ 20359 -5 sites.
See, 192 patent, col. 5, Ins. 8-67. Confi-gurations of nixer/encoders are
al so described to handle nultiple speakers at the sane tine, referred to as
"doubl e-tal k" and "triple-talk."” See, 192 patent, col. 7, In. 20-col. 9,

In. 29. Voice-over-ghe:lnternet (VO D St . continue to require an

i nproved 5 conf&}etfte . ipdléeé‘?’ C@i‘rﬁ‘}ga?r%%e,(?og’% B’faflgva? 1 &W@F@W‘? ecture
My use one or A PARCHBA B ﬁ@r{dl@rn%li?ﬁ\é!sﬁg 1R BOHR GRlCURY F3BLEPto RS Ot ocol
such as MSCP (RFC 2705). See, D. Collins, Carrier G ade Voice over I|P,
Mc-Graw Hi || "doulledallst ande'Sripleapliri §éxt, - PO0datenp ol Z34m. 204:0l.thén. €8t i re book

of which is incorpqrated in its entj herein by reference, Such nedia
servers are often us %}C%Qvﬁréhg-&lgelgggﬂ\;ﬁwﬁ’sgegI}Sé:gﬁtgm}eI{or@ugeggpmgr_ovqchese

medi & servers baradi-e B8R RYr Bk sin llé“heir&t ach b ' LB 2
conference call. 'Ig ese gn poi nt's aﬁz e a sc? re?ﬂgﬁéﬁgcﬁfse%&ﬁr%?gpéﬁg:e

bri dge access pnomtsédis sereersthaeingedinadiaggatavayi coniol p@fsbiod sush asHEGCRedi a
streans fromnulti pl7eq§al | ers are mxed _and provided again to sone or all

of the callers.(REG2 &6F1 Pn&ollips, Sarrier\Grade Yaiee gegiPame-Grawdlilenand
for IP tel ephoRy,;and D - Shel easesSa s mdi -y e r ected to
handl e conf ere%nel%@a ﬁ\égps)r g%ggﬂé@r%gm\glf ra'i)ﬁbz??ijezra’ ﬂger %ﬁ%%qhgql€9§.%n$%rence
bri dges in a nminiapaetedaritseneeety herbi@ bybéferchee. Suah metiia setvendkeoftnfuk@t ent

nunbers of participants. Audio in (Sacket streans, such as RTP/ RTCP
packkl s, needs t® Brasessudicestiswgs imV O B¢alls; Faesemadid ssrvers/are ofieBRIdPPINGUMVARY

OF THE | VENT! hhel815udi6 S6MMs LB YRR Bk BRNLARSAA. "PAALS AT uR! 408 | of

provi ding nmedia services In Voice over ephony. e e Iment, a
switch is couplrefdrre@ %o het'vafarentd biiddecaceeddi pimoUSiIAES thrNfledia ke#vePisKan

'nterface cont regldll)o?rrlt' W-ll‘:g% Irslg?ﬁ}l gt?eams from multiple callers are mixed and provided
again to some or all of the callers. See, D. Collins, p. 242.

15 As the popularity and demand for IP telephony and VOIP calls increases,
media servers are expected to handle conference call processing with carrier
grade quality. Conference bridges in a media server need to be able to scale to
handle different numbers of participants. Audio in packet streams, such as

RTP/RTCP packets, needs to be processed in real-time efficiently.

20
BRIEF SUMMARY OF THE INVENTION
The present invention provides a method and system for providing media
services in Voice over IP telephony. In one embodiment, a switch is coupled
25 between multiple audio sources and a network interface controller. The switch

can be a packet switch or a cell switch. Internal and/or external audio sources
generate audio streams of packets. Any type of packet can be used. In one
embodiment, an internal packet includes a packet header and a payload.

In one embodiment, the packet header has information that identifies

30 active speakers whose audio is mixed. The payload carries the digitized mixed



can be a packet switch or a cell switch. Internal and/or external audio
sources generate audi o streans of packets. Any type of packet can be used.
In one ewbadiosast, an internal packet includes a packet [rexdES02/20389 a

payl oad. I n one enbodi ment, the packet header has information that
identifies 30 active speakers whose audio is m xed. The payload carries
the digitized m xed WO 03/ 003157 PCT/ US029-20359 -6 audi o. According to a
feature of the present invention, one fully m xed audio stream of packets
and a nunber of partially m xed audio streans of packets are generated by
an audi o source

. SP) . The full ' . audi. i. h
audi o content &uﬁ% 8;‘?%%?’6‘5‘)85 )t(? ag?‘ﬁ%iltf:il{)&%aénr??e ngvlégg%é’foté’.re%ﬁg% Ei%?gén%’gig(gr t 5e
information i defeirhic?pad@edardla dliebedef pMBaFPRRRY Mididstiddfis o bhcket¥axe d

stream In one exanple, the audio source inserts conference identification
nunbers (Cl Ds) geasrstedi kit enl anfichsaues (ees peDSPY.e Het fully mpedkad® stndamn header

fields in the packets, The audio.source..inserts mxed digital audio from
the active. spedROPES TR B HRo A GT SO L IS ROV SPEAFES POQEINEHRY t

audi o5 cor r esponge, ke SPRIBAYI QY ealh BEthe alfivd dREkPE i]ﬂ“glﬂﬂl}l d's&eélﬂ.pg'f by the
active speakers 1n the conference call. Each of the partially m xed audio

st reans i ncl udemehampladiho audintsemte ofsert dvmfeyemepdaftificdiort mdmlsals @Dy e
speakers mnus the, audi 0. content of a, respectiyve recirﬁélﬁsnt active speaker.

The reci pi ent #e¥qciAte i Khe respectiye activie;sperkersdatiodieag ingthe PKEEp of

active speaker j ; i1al: i: i O i
di rect edl.o The Zl; ?d\(‘)ya{s%%ru ?%' llﬁgbsrgr@%%? rﬁl?ééia%lﬁ‘galggf:&%gy@ p%g?%é@%ﬁ%ﬂgénté?féﬁ t al

audi o from t hepagload pf thie paclens. i Theadixad digial apkaketaspondsus spéeeh avdiher cont ent
of the recipient ea(Eafctive speaker. In this way, the recjpient active speaker

wi |1 Mot recei vEPeRIdUgIo thakis dus hy thegicive saeakers guthespatstancefalhudi o i nput .

Packet header i nfor i j Ve, 0 i O
cg(r:lt:nt ?2 i ncl udedrEfatr?ht éhé@a?%%b{éa@%d%@&ﬁg%%%ﬁéﬁ@ﬂ%@gg{g 313431%%;53 Fgfam In

one exanpl e, thhke grotp @f sdemtified iactber dpsal@nembius thoarlic ooitentesfGerespective
identification nunbers (CIDs) into TAS and. | AS header fields of packets.
The TAS (Tot al IBIPEHACHY@IEAFE) The gcipignt agtivespeskeris the actiye spepker #ithient

active speaker ({iablyp!dt dfife SHAkEE WNGGas Wtlich 4 Pardafly liked dudib BELaHigd Active
15 directed. The audio source inserts into the packet payloads the digital audio from
the group of identified active speakers minus the audio content of the recipient
active speaker. In this way, the recipient active speaker will not receive audio
corresponding to their own speech or audio input. Packet header information
identifies the active speakers whose audio content is included in the respective
20 partially mixed audio stream. In one example, the audio source inserts one or
more conference identification numbers (CIDs) into TAS and IAS header fields
of packets. The TAS (Total Active Speakers) field lists CIDs of all of the current
active speaker calls in the conference call. The IAS field (Included Active
Speakers) lists CIDs of the active speakers whose audio content is in the
25 respective partially mixed stream. In one embodiment, the audio source (or
"mixer" since it is mixing audio) dynamically generates the appropriate fully
mixed and partially mixed audio streams of packets having CID information and
mixed audio during the conference call. The audio source retrieves the
appropriate CID information of conference call participants from a relatively

30 static look-up table generated and stored at the initiation of the conference call.



Speakers) lists ClDs of the active speakers whose audio content is in the
25 respective partially mxed stream |In one enbodi nent, the audi o source
(or "mxepD'03®36E it is mxing audi o) dynam cal |y gener aP€3/1iSaz20359
appropriate fully mxed and partially m xed audi o streans of packets
having CID information and m xed audi o during the conference call. The
audi o source retrieves the appropriate €D information of conference call
participants froma relatively 30 static |ook-up table generated and stored
at the initiation of the conference call. WD 03/003157 PCT/US02/20359 -7

For exanple, in a copference call ere ere gre 64 part.icipants of which
S hre ot 1 od as HEEKYBDEoLaeanERne sl Widte fegade phppcirpRanl tigh o
streamwi |l conjuiiferiifidhi Qs hER s?lc;ike?s @ch)! i BREANR Hitxed Bhdio 'stbdny wily X ed
streamis eventually sent to each of thé 61 passive participants. Three
partially m xedoatehn sudio frmanell 3 aatie speslerg chids flbdmixkdfstreah ipevehivallyy ni xed

stream 1 contains audio from speakers, K 2-3 but not speaker 1. A second
partial |y mixed©8tP&arh Qg%‘ %]tlé’lai‘%veeﬂi’ﬂti“ﬁp%‘}t%rfﬁ“r%‘?)ggfé ymixes aydio sigpms peaker

2. Aghird partjalky o fesaed.SA F ; - A [ SREgK <2 but

not speaker 3. Tﬁe ?igr se%( t 'r%Elgﬁ%aggﬂ%%d{g ?IS%P?/ C%ntfieg(&gﬂ%i 0 gt{er?ﬂé%r?rs are

eventual | y sent2-8 uspaapedler 1- A seopd phitially ynixédstidains 2 vemtaids lapdibdtom 10

m xed audi o strea need be generated by the audio source. The fully m xed

audi o st ream ar@eakerutBdmt Bt sparker &1 Aythird patialyanized siqagbhgonipias audie from

t he audi o sour k i . . |, [ al so be
used. The pac kgf?&géﬁagﬁrs ?U%Dﬁtgggstpgﬂ%ggh eﬁ?ré{yth%ﬁ%léﬁugﬁ&n 1%1 rei 5? %@%1 xed
audi o stream t atizame hwosvienivalle sémce spakén dk3 pspédduve)y. Thhkis Ma$ ohfy foaen

processes each packet to determ ne whether to forward the packet for the
full §0m' xed or BEet pudipytrgamepeed he gsneated by thoaudip seureei pant . Thi s

determ nation can 'nﬁﬁlls i ~1] b - le.at the NIC
and t he packet heag@} I'n oljrnﬂn(g?ieaghmlér% Eﬁeﬁﬁ%jp?@lggﬁ éﬁf)’%ﬁlgﬁ%ﬁgﬁdg%u&g In one

enmbodi ment, durstiegmé aiel deat fraai the Audib sbiteec@Y. HSPRT & £ padket S7iedh. AL Qell
participant in the call is assigned a CID. A swi tched virtual circuit (SVC)
is also associlay@sanialie bnaseonibe padet switeh particastspeach. fully Ingized apd t abl e

i's generated arBjartially mixed audio stream to a network interface controller (NIC). The NIC
15 then processes each packet to determine whether to forward the packet for the
fully mixed or partially mixed audio stream to a participant. This determination
can be made in real-time based on a look-up table at the NIC and the packet
header information in the multicasted audio streams.
In one embodiment, during initialization of the conference call, each
20 participant in the call is assigned a CID. A switched virtual circuit (SVC)is also |
associated with the conference call participant. A look-up table is generated and
stored which includes entries for the conference call participants. Each entry
includes the network address information (e.g, IP, UDP address information) and
CID of a respective conference call participant. Look-up tables can be stored for
25 access by both the NIC processing packets and the audio source(s) mixing audio
during a conference call.
The packet switch multicasts each fully mixed and partially mixed audio
stream on all of the SVCs assigned to the conference call to the NIC. The NIC
processes each packet arriving on the SVCs and in particular examines packet

30 headers to determine whether to discard or forward the packet for the fully mixed



stored which includes entries for the conference call participants. Each
entry includes the network address information (e.g, |IP, UDP address

i nf or mat iwn)o3amds7 Cl D of a respective conference call parPCaiysantedsdook- up
tabl es can be stored for 25 access by both the N C processing packets and
the audi o source(s) mxing audio during a conference call. The packet
switch nulticasts each fully mxed and pa¥tially m xed audio streamon all
of the SVCs assigned to the conference call to the NIC. The NIC processes
each packet arriving on the SVCs and in particul ar exam nes packet 30

headers to determ ne whether to discard or. forward the packet for the fully
i xed WO 03/ 001 SHHPHY ATIHS RIS g0 8 PABIRATI PYe AANHEE it Beshm o a

partici pant. Ojg,AHGAN MeCHhR pabkG R d tb AR I ' cket
processi ng determ nation can pl?e pé)?(% or e %uﬁgﬁydnﬁgﬁipﬁgm%ﬂ@%ﬁduri ng
a conference calntihb@skdmedupagkednftreackarallibagedromgiacket haaddr infbimatioh andrat i on
obtained fromthe | gokup tahle. In one enbodinent, the 5 network packet

which is sent (P deanatioa optpined ffromy thes lgokppdakleq dl ergs embppdigiephithen

(1P ) obt ai 0 - pagck a i nf tion
(ti rrequfarrp/ seq&gﬁ%geﬂ(‘l E?%Hrgﬁg{t’@%)ly psgégqgﬁ%ﬁleog@gt E&Jﬁﬁiﬁfas Sémq&gv \I}ka%d%egg of the
present i nvent iinformagdn (/UPPY\obthintg fromf theelooR-upbtablég R T paskes hegletsi Ng
fewer resources with | ess bandwi dth and processing than 10 is typically
required in nidpfeEmaden daestanpisaquencedpioapalion., #id agisdata, conf er ence bri dge

in_m i Fncednd i angicsdatp
eri oves. the. mixi ng TASureR arpst EHRR R SRR drdu el Bndilbe

call with N paridgepasisinganthgfeweitrbdtRreed dahdess bagdwidthting pesuessis: im y needs
to generate ¢ + 1 m xed audio streans (one fully m xed audio streamand c
part 1l |y ni xeds &pisrBY 1oguised Bigpixyng dagicrs inothrsppfierpaeebridgsst Asonferpnre i cast er

' oamn. A 1 ur HOEE SONERT B ROl hE BBl VBl Rl lasfh ML e

present invent irelevesthesAklify deRicr®E CHEWSHROE repliditds. Poh esFeRhcdalwieh pant s.
For exanple, if N = 1000 participants, and ¢ = 3 active speakers then an

audi o source onY partisipaniganeé cackvesspeakiess, 4n gisiegonige ooly needs to generate ¢ -+

1 mixed audio streams (one fully mixed audio stream and ¢ partially mixed audio

15 streams). Work is distributed to the a multicaster in a switch which performs
replication and multicasts the mixed audio streams. A further advantage is that
a conference bridge according to the present invention can scale to accommodate
large numbers of participants. For example, if N = 1000 participants, and ¢ =3
active speakers then an audio source only need generate ¢ + 1 = 4 mixed audio

20 streams. Packets in multicasted audio streams are processed at a NIC in real-time
to determine the appropriate packets for output to a participant in the conference
call. In one example, internal egress packets having a header and payload are
used in the conference bridge to further reduce processing work at an audio
source mixing the audio for the conference call.

25 In addition, as the use of audio networking increases and the number of
users and applications rise, there is an increasing need for multiple audio streams
even in a given telephone call. The inventors recognized that multiple audio
streams need to be switched dynamically without introducing RTP errors in calls
placed in an audio networking environment such as a voice over IP network.

30 Such RTP errors can cause unwanted noises such as clicks, pops, etc.



20 streans. Packets in nulticasted audio streans are processed at a NIC in
real-time to determne the appropriate packets for output to a participant
in the cowbeseose? call. In one exanple, internal egress pPaTRsNY2(38vi ng a
header and payload are used in the conference bridge to further reduce
processing work at an audio source mxing the audio for the conference

call. 25 In addition, as the use of audi onetworking increases and the
nunber of wusers and applications rise, there is an increasing need for
mul tiple audio streans even in a given tel ephone call. The inventors

i zed that mul ti,pl e audi.o streans. ,need t e i tched dynam cal |
\r/mef ﬁgm Z:ant r oduci ng p@ﬁ? 'rlgvefniloed:rrpxgdesppégggoé)ﬁni\#y%%i rgr ﬁé’é%% ngy
environment SuGHiRhing BOtweBn AHEpehfem SRS Ktreand® Hisdh FdieILs" %ﬁcl‘ﬁ%SCause

unwant ed noi ses such as clicks, pops, etc. WO 03/ 003157 PCI/ US02/ 2 9 -9
The present i nywesern valid\RTR snfarmattonoad the timeysft ssritcharvenoFee kdatsishied

swi tching betvva? | ndependent audi 0. streans. Sych noi se|.ess sw tchjng
preserves valid @‘iél:‘sﬁﬁf g‘fr?é‘?ﬁeﬁﬁné{?m’c%éa?i“ﬁ?ekﬁﬁlé\ﬂv’ct@ha 8 IOTEgRe FYKXD! i shed
VO P galls, thaolfes8hothl OThis AWikRNa AOLeR 8 WhimRWUpcin AUAlE % himiRe One
audio 5 source to another. This SWItCﬁI g systemis élynamc and can scal e

to handl e nmanynasidafis. | n enbodi nents of the present invention, a swtch is

used to direct audio, data frompultiple audi.o sources to_a network
interface control | erI.“eFﬂé)déW‘?téﬂ the preseRd invealPn. asyyitch fs ysed fo drgskandiaw t ch.

The audi o_sour GBs, £ .Iﬂﬁti}?%ta%ﬁfbaéouf’clégi 8 %&z@\,flgn?e?ﬁc@ i1 > TRE ?\glrt?l?um 0

sources. The network interface contro can, be any’in ace with
an | P networ k amd beacktlldeiciooea packemsvetchadke tudipsomessande idermapaiss audi o
controller controls the operatjon of interpal audio sources, _the switch

and the net wor KOPERAIGERCRERE Biditouressc die pebiprk ifpdatecentrollei(NER) ng
according to trb%np(;eeﬁﬂ‘tintbﬁég%n&zitﬂ% @nét@zoﬂ?%{lﬁ Q@l{fﬁeﬁ &e 51}11‘?10@%?%56 on,

priority information 1's used by a network ‘1nterface contro
det er mi ne whi clpracedsars.s Ahegresk hodiv @onirsiles icoatrol® thesofiedtioalof ifterGihDawgigdir ce i s
transmtted in an established VO P tel ephone call. Consider the
sources, the switch and the network interface controller to carry out noiseless
switching according to the present invention.

15 In one feature of the invention, priority information is used by a network
interface controller to determine which audio stream from an internal or external
audio source is transmitted in an established VOIP telephone call. Consider the
case of two internal audio sources. The audio sources generate respective audio
streams of internal egress packets for one destination egress audio channel. In

20 one embodiment, each internal egress packet includes a payload carrying audio
and control header information. The control header information has priority
information. This priority information is then used by a network interface
controller to determine which audio stream is transmitted because only one RTP
stream can be output at a given time for each VOIP call.

25 In one feature of the invention, the internal egress packets are smaller than
IP packets and consist of payload and control header information only. In this
way, processing work required to create complete IP packets need not be carried

out by internal audio sources such as DSPs but is distributed to the packet

processors in the network interface controller.



case of two internal audio sources. The audi 0 sources generate respective
audio streans of internal egress packets for one destination egress audio
channel . Wp 02003182 enbodi nent, each internal egress packetrCirnsoeBss9 a

payl oad carrying audio and control header information. The control header
information has priority information. This priority information is then
used by a network interface controller -1® determ ne which audio streamis
transmtted because only one RTP stream can be output at a given tine for
each VO P call. 25 In one feature of the invention, the internal egress
packets are smaller than, |P pack?ts and consi st of payl oad and control

header information @Mcyrdingfodiyther e, 3fel switsh pgisedbwhichasp fullsmeshed:r eat e
lete I P . i i . i h
2e Do but | o o STOpRINS an PRl offfen Bk b pibll S A BB cS Sue

interface cont MbkligernalRréss pAEK3 T ér tRETIFIINER ARdi3d 50eamsllle daterted fecdlle. f urt her
feature, a cell switch is used which is a ful lfé meshed cell switch such as

an ATM cel | swikhgigell suitchgombinesngraed callpdrana difterans seinpestand detivass themer nal
ket i . i t cells. Th
ool T Sow roh cotbnd Rl (L AN I PRI SV ORISR Bl Gl o ¢ hom

5 across a sw egResdowtpiittaudio cHahfdlistrvinp\ie) establishddltélepHdiR cal¥C i s associ ated
wi th one egress output audi o channel serving an es?abl i shed tel ephone

call. I'n one enbodi Afkeemabpdigerisan egiss audio penteilieris uped tasertral poiselass ol

noi sel ess sw i di O A, V t el hope cal]s. Thi,s noi sel ess

swi t chi ng accoﬁsgit&ﬁ@gg;a gal?dﬁ'%"gygg%?gplﬁﬁg%%ﬁgbﬁﬂ}sgogf 5 ¥ C@l"f%a.cfc?r Nerein as
a "noi sel ess s\ thePredetiinvention Il vefeeraas héremtas aNRbisEbREHitHbl&!Y Rver of
additional audio is carried out for calls in which this service is

availOabl e. | n w©neembegimephneigeless syihigh guerod gdditoned dedip drcardwut fhir ngflsa

noi sel ess swit¢ch over, service. |r her enbodi nents,. noi sel ess sw tch over
s performed fOn il pERET: puiaBieath eE0URT M enlra ReteR By B2 B tonal
audi o trigger pRevidiag sehdisdlessswifch dvel seide. TbtheNBInBEdiRRALsS WbisElBssover 1S
carried out using the noiseless swtching systemand nmethod of the present

i nvention. Exaspltelowdr igp¢formeddosany call.

Certain call events which involve additional audio trigger the noiseless

15 switch over. This noiseless switch over is carried out using the noiseless
switching system and method of the present invention. Examples of call events
include but are not limited to the following conditions: an emergency condition,
a call signaling condition, a call event based on callee or caller information, or a
request for different audio information. The request for audio information can be

20 any audio request such as a request for advertisements, news sports, financial,
music or other audio content.

Audio sources can generate any type of audio. For example, an audio
stream of egress packets can include audio payloads representing voice, music,
tones, and/or any other sound.

25 The egress audio controller can be a stand-alone unit or a part of a call
control and audio feature manager in an aﬁdio processing platform. The present
invention can be implemented in a media server, audio processor, router, packet
switch, or audio processing platform.

Another embodiment involves the switching of audio streams including

30 an audio stream from an external audio source. In this case, a NIC receives IP



include but are not limted to the follow ng conditions: an energency
condition, a call signaling condition, a call event based on callee or
cal | er i nvoropmoilosn, or a request for different audi o i nf@cratSopm3sThe
request for audio informati on can be 20 any audi o request such as a request
for advertisenents, news sports, financial, music or other audio content.
Audi o sources can generate any type of addi o. For exanple, an audio stream
of egress packets can include audi o payl oads representing voice, nusic,
tones, and/or any other sound. 25 The egress audio controller can be a
stand-al one unit or a part of a.call control apd. gudio feature manager in
an audi o proce?gflﬁeéscﬁngat‘?lf}gﬁlea?ﬂ]é) SHF@E@H?COWVﬁ%ﬁWﬁRa%WtBB“‘FfH%PgWé%t ed in
a nedi a server pagkild, OAPIACSS#Othe ih 95915%16 i audi

processi ng pl atpf orm Anot her errbeodfié?rﬂeaﬁ%grienvol géetg ﬁ\ﬁe&gﬁsﬁdgﬁlﬁgg ?veg%di o]

st reans i ncl udigegera®0 byrnantdinal sudie sonrte. ohheinteendl egrea pavkeisongduclade | n
this case, a NIC recei.ves |P 03/0Q3157 PCJ/ US02/ 20359 -11 packets
contai ni ng the P&GH%H@FP’@EH?-a CBEest PREkei mayhesert s packatseglls egr ess
packefs. At 1 higrga0h B thiGighii Flltoﬂ‘%.rl@ﬁf WAEK B x?errﬁaliﬁﬁ&ﬁ%%ftéﬁﬂh% '
they were generated by an internal audio source. The 1 nternal egress
packets may i nalrekgvelphighrprioyity addswitthi cver isThpracaéd apatkee groesssopachet s may
be sent as pacﬁ\gltps or cells 5 acrqss a SVC through a switch to the N C.
Wien the exter gerrryes i pagksts yyth synelionized beasden infarmation (sych as R B wi t ch

over is to prog ag @gﬁa - N @eq?-ﬁrat es | P packets
w th synchroni z@?g‘ﬁ%aé'zr #%‘%ng?lrﬁgl ng%ggg%ég‘gsuﬁ%& I nforfmation) and sends
the | P packets to alnestiensicdimerntewinoiseless switeh entoshistepmccordingits ehess

switch over system according to the 10 inyention involves the swtching of
audi ¥ streans” dRYSALPR dRyqlygsethg switching of audiostieams galy Hempinternal| #udihot her

embodi ment, a %8&1%% ERA a5 Mt hh?\c’ut%théryéﬁ m&ﬁc%)ﬁgi's&?ssts(evign%\)ep%gfg on
invol ves the swtching of audio streans Tromihternal  ‘audio sources and
ext ernal audi o aseurdingso therin@ndbh atvobieb ki sWiching@f aadis elresss fromiiftemabver
system according to the invention involves the sw tching of audio
audio sources and external audio sources. In another embodiment, a noiseless
switch over system according to the invention involves the switching of audio
15 streams only from external audio sources in which case the switch over system
acts a general switch for audio streams and no internal DSPs are required.
Further embodiments, features, and advantages of the present inventions,
as well as the structure and operation of the various embodiments of the present
invention, are described in detail below with reference to the accompanying

20 drawings.
BRIEF DESCRIPTION OF THE DRAWINGS

The accompanying drawings, which are incorporated herein and form a
25 part of the specification, illustrate the present invention and, together with the
description, further serve to explain the principles of the invention and to enable
a person skilled in the pertinent art to make and use the invention.
In the drawings:
FIG. 1 is a diagram of a media server in a voice over the Internet example

30 environment according to the present invention.



15 streanms only fromexternal audio sources in which case the switch over
system acts a general switch for audio streans and no internal DSPs are
requi r ed. woRano1eT enbodi nents, features, and advantages @CTiUse2/pr36sent
inventions, as well as the structure and operation of the various

enbodi nents of the present invention, are described in detail below wth
reference to the acconpanying 20 draw nd8: BRI EF DESCRI PTI ON OF THE

DRAW NGS The acconpanyi ng draw ngs, which are incorporated herein and form

a 25 part of the specification, illustrate the present invention and,
together with the cripti.on, further serve to explaip the principles of
t he invention and tgﬁ@éﬁ%&a&ra@é} 2B SR ARPleMlia §eTYeR nchidding media seivices o make

and use the invgntion. .Lo. ﬁ%]gg@meriggsénﬁbg%m%ﬂi s a diagram of a nedia

server in a voice over the rnet “exanp “environnent according to
the present inventi dfiGsVIA &ad 88 arbhlfaghind &ISOAA1RIREcessid platfeim dcdogdifg di agr am
of an exanple nedia server including nedia services and resources

accordi ng to tHeapeebedimengpbfieipsesentinygntiona and 3B are di agrams of an

audi o5 processi ng pl 3&‘1&%%?2&3@%&5@? a dufli o@&@ﬁ%@@%&m"a{s s‘hpﬁrn% PG

invention. 5 FIG 47is a a audi o pro I'ng platrormas shown in
FIG 3 accor didegortiingad af%aamaple implintsieitioatof e @ésehbRveii®sent invention.

FIG 5A is a flow diagram show ng the establishnment of a call and ingress
packet processing aclﬂ&r-aAm‘gaﬂ@wdwg@mmthe@stabmmb@f@waﬂiand/@grqss)n. FI G

coml et on_ accdraapia i SRR AR IR RS Fle. onor

are diagrans of noi SEGESS 8w 6w _am%naw%ga@s@gfaekdwr&&ssiﬁg‘@m&mnts of
the present invention. FIG 6A is diagramof a noiseless switch over system

thatlQarries owompiation aseprding tagn emborigegsé pfidapresgidsyensioni o st reans
generated by inter nalJ"IG%uéjA-%F are diagrams of noiseless switch over systems according to

embodiments of the present invention.

FIG. 6A is diagram of a noiseless switch over system that carries out cell

switching of independent egress audio streams generated by internal audio
15 sources according to an embodiment of the present invention.

FIG. 6B is diagram of audio data flow in a noiseless switch over system
that carries out cell switching of independent egress audio streams generated by
internal audio sources according to an embodiment of the present invention.

FIG. 6C is diagram of a noiseless switch over system that carries out cell

20 switching between independent egress audio streams generated by internal and/or
external audio sources according to an embodiment of the present invention.

FIG. 6D is diagram of audio data flow in a noiseless switch over system
that carries out cell switching between independent egress audio streams
generated by internal and/or external audio sources according to an embodiment -

25 of the present invention.

FIG. 6E is diagram of audio data flow in a noiseless switch over system
that carries out packet switching between independent egress audio streams
generated by internal and/or external audio sources according to an embodiment

of the present invention.



15 sources according to an enbodi nent of the present invention. FIG 6B is
di agram of audio data flow in a noiseless swtch over system that carries
out cell waiBobdilny of i ndependent egress audi o streans gemeTatSen2(3y9

i nternal audi o sources according to an enbodi nent of the present invention.
FIG 6C is diagramof a noiseless switch ogver systemthat carries out cell
20 swit chi ng between independent egress dddi o streans generated by internal
and/ or external audi o sources according to an enbodi nent of the present
invention. FIG 6D is diagramof audio data flow in a noiseless switch over

t t hat i t [ 1. i t chinag. t i nd d di
Streams | gener at ed By FoR ndr BT} Peier BT NG SUR LY FRES M ng ¢ o
an enbodi ment sgxﬁtcﬁfngtﬂéﬁvéb‘}ﬁﬁ(gé%%nddﬁi/@éds‘ﬁﬂdioEﬂr&msﬁéénbﬁ_téé'b?gkt%ma%u(ﬁb'd' 0

data flow in a noiseless swt over system that Tarries out packet
swi t chi ng bet weenrdes denoedite fn aregmbadmantchf shaspressatrsvegeorer at ed by i nt er nal
and/ or external audi r.ces.accarging to an odi ment f the present
i nvention. WO 03/ 00;1)[@9 w@@gsa%gk@t?auopy ﬁp%ﬁgeli ‘glﬁﬂ}qgr‘%#%‘f&o&‘-
noi sed ess switch ovecs YR EALHRAati€ Aldsi&forPiitan iﬁt.‘éHaFéﬁc’.i&gt A&e&ee@rg% one
i ndependent egress audio streans generated by extern audi o sources
accordi ng to arenghrdodemefttheopresemeinyestsent i nvention. FIG 7A is a schematic
illustration of an I%’[ﬁogcke with RTP. i nformation.. FIG 7Bis a
schematic il ustratiidf- 878 aHlopiagam showmedhe spitelipg fyctionality accordiBgi nent
of the present {,RV%eRLLBHimd | ; i agram showi ng the switching
functionality accord%{r?g ?okéﬁrlggyﬁgﬁilﬁt%ﬁogﬁ‘ the present invention. FIG
9A, 9B, and 9C are fFIGw94i 2Braad®Canoflow diaghnsshbivirgibadalleventgrsdesgng 10 f or
audifﬁstream swi tching according to ‘gine enbodi ment of the present
invelion.  FI aoraugie SregmpwiicRingiaceprding b ong eprbetlinaentplthe RIsHMENEPRLIODY | dge
according to one enfedi o i I.Sq:
exanpl e | ook-up table uéggp%‘ Rﬁghgﬂ&ra@f({ ﬁsﬁgl%tedgﬁ iée?%g%g%ngglbﬁ‘dgé&cc&dlﬁf

to one embodiment of the present invention.

FIG. 11 is an example look-up table used in the distributed conference
bridge of FIG. 10.

15 FIG. 12 is a flowchart diagram of the operation of the distributed
conference bridge of FIG. 10 in establishing a conference call.

FIGs. 13A, 13B, and 13C are flowchart diagrams of the operation of the
distributed conference bridge of FIG. 10 in processing a conference call.

FIG. 14A is a diagram of an example internal packet generated by an

20 audio source during a conference call according to one embodiment of the present
invention.

FIG. 14B is a diagram that illustrates example packet content in a fully
mixed audio stream and set of partially mixed audio streams according to the
present invention.

25 FIG. 15 is a diagram that illustrates example packet content after the
packets of FIG. 14 have been multicasted and after they have been processed into
IP packets to be sent to appropriate participants in a 64 participant conference call

according to the present invention.



bridge of FIG 10. 15 FIG 12 is a flowhart diagram of the operation of
the distributed conference bridge of FIG 10 in establishing a conference
call. FI Gy0038#81513B, and 13C are flowchart di agranms of tReTaseraison of
the distributed conference bridge of FIG 10 in processing a conference

call. FIG 14A is a diagramof an exanple internal packet generated by an
20 audi o source during a conference cal l-l&ccordi ng to one enbodi ment of the
present invention. FIG 14B is a diagramthat illustrates exanple packet

content in a fully mxed audio stream and set of parti aIIy m xed audi o
streans according tqQ the present inventio a di agram t hat
illustrates exanpl e%ﬁ‘&ﬂﬁm&dﬁ‘feé‘ﬂfm a"f"ﬁe?o‘fﬂE’ 5??&5!2& é"”gY r‘ﬁ?‘@‘cel@ e been
mul ticasted and, &;rﬁﬁﬁyﬁlgeara%y bgleﬂleofh%. egick HER enlcg IR&EHJ&?% ﬁdﬁ& (€ sent
to appropriate partic nts ima 64 parti cipant conference ca accordi ng
to the present 1ddmﬁeﬂtdrtﬁlinctlml[}&ﬁﬁﬂ%éﬂmﬁﬁﬂ' ! ASia6RAB5 the leflfobhdiginspsfent
invention will now be described with reference to the _acconpanying

draw ngs. |n tRdeierengp aymber ideatifies e drveng impdich thadelernee nil@b@rtfirétm or
funct onal Iy si ?béag»’r el enments. Additionally, the left-nost digit(s) of a
reference numbé entifies the drawing in which the reference nunber first

> appears. DETAILED DESCRI PTION OF THE I NVENTION 10 I. Overvi ew and
Di scussi on The present inventi on rovides a nmethod and system for

distributed conferenceDHIAEEDLPESCRITHYN QR ENYENTION t e| ephony. Work

is distributed away fron1a m xi ng device such as a DSP. In particular, a
di stributed conference 15 bridge according to the present invention uses
internal nulticasting and packet processing at a network interface to

reduge work at an agdi 0 Eve-ewdaY Disusdon CONference call agent is used to
establish and end a conference call. An audio
The present invention provides a method and system for distributed
conference bridge processing in Voice over IP telephony. Work is distributed
away from a mixing device such as aDSP. In particular, a distributed conference
15 bridge according to the present invention uses internal multicasting and packet
processing at a network interface to reduce work at an audio mixing device. A
conference call agent is used to establish and end a conference call. An audio
source such as a DSP mixes audio of active conference call participants. Only
one fully mixed audio stream and a set of partially mixed audio streams need to
20 be generated. A switchis coupled between the audio source mixing audio content
and a network interface controller. The switch includes a multi;caster. The
multi-caster replicates packets in the one fully mixed audio stream and a set of
partially mixed audio streams and multi-casts the replicated packets to links (such
as SVCs) associated with each call participant. A network interface controller
25 processes each packet to determine whether to discard or forward the packet for
the fully mixed or partially mixed audio stream to a participant. This
determination can be made in real-time based on a look-up table at the NIC and
the packet header information in the multicasted audio streams.
In one embodiment, a conference bridge according to the present

30 invention is implemented in a media server. According to embodiments of the



source such as a DSP m xes audi o of active conference call participants.
Only one fully m xed audio stream and a set of partially m xed audio
streans weWM3na120 be generated. A switch is coupl ed bet ween/tushm2@edi 0
source m xing audio content and a network interface controller. The switch
includes a nmulti-caster. The nulti-caster replicates packets in the one
fully mxed audio streamand a set of p&¥tially mxed audio streans and
mul ti-casts the replicated packets to links (such as SVCs) associated with
each call participant. A network interface controller 25 processes each

packet to determ ne whether to djscard or forward. the 8acket ﬂgé the fully
mi xed or parti RFISGALHYEIEGORUF Sregha seavRr can inchide @l sentro! apd adiofep@eyi nat i on
can be made in - tel %ﬁ%ﬂ : = NI C and the
packet header féld?gée%ﬁ@ﬁ | ﬁg%ﬁgﬁa#?’%g%ﬁ{g%&gﬁ%f?%@ésﬁ ans. | n one

enbodi ment, a conf eMhopeesbiitidgmtian ¢dederitgedtin terine opareseaaniple 86ice owilid on i s

i npl emented in_a nedia server._According to enbodi nents of the WO 03/003157
PCT/ US02/ 20359 Internst eppvacopgrent. nlespripsian iq Hieserisgmg ispioyideddancomgpigaee a cal |

Cont il 210, 2U0hB. 5354 RRAIE 6 TIDHA0, 0 PRARE el

conf erence bri ion I's descri erns o

exanpl e voi ce exanplhavirbmheitneln Loy iaftoniRdihg thefllowdtd dicliptisn) @seilt erms i s
provi ded for convenience 5 only. It is not Intended that the invention be
linmted to appPPeas apparentitn aspersonasilicd iaihe redevpahems howrtorigplement the

readi ng the fol 1-ng. d I RLI | ] rent .t erson
skilled int henj%\%}%égrgh aqgér dtﬁ%ﬁg?%milﬁﬁ%}%efﬁr&rwpfﬁggp?%}égo i :éééthieﬁu%ﬁ?er native
envi ronnments known now or developed in the future. 10 Il. Term nol ogy To
nore clearly delineate the present invention, an effort is nmade throughout
t he ¥becificatibn t deasiwelagyto the following termdefinitions as
consistently as possible. 15 The term noi sel ess according to the present
invention refers to switching between independent audi o streans where

packet sequence i nf qohior®Ridafly dliasaE MBE prekBRt irEmicy, N&NEFBItZigdnA®Ader
information refers to packets having
throughout the specification to adhere to the following term definitions as
consistently as possible.

15 The term noiseless according to the present invention refers to switching
between independent audio streams where packet sequence information is
preserved. The term synchronized header information refers to packets having
headers where packet sequence information is preserved. Packet sequence
information can include but is not limited to valid RTP information.

20 The term digital signal processor (DSP) includes but is not limited to a
device used to code or decode digitized voice samples according to a program or
application service.

The term digitized voice or voice includes but is not limited to audio byte
samples prodﬁced in a pulse code modulation (PCM) architecture by a standard

25 telephone circuit compressor/decompressor (CODEC).

The term packet processor refers to any type of packet processor that
creates packets for a packet-switched network. In one example, a packet

processor is a specialized microprocessor designed to examine and modify

Ethernet packets according to a program or application service.



headers where packet sequence information is preserved. Packet sequence
information can include but is not limted to valid RTP information. 20 The
term di giwelo3®iysal processor (DSP) includes but is not | ipairttsd2/2m;s5a

devi ce used to code or decode digitized voice sanples according to a
programor application service. The termdigitized voice or voice includes
but is not limted to audio byte sanpled6produced in a pul se code

nodul ation (PCM architecture by a standard 25 tel ephone circuit
conpressor/ deconpressor (CODEC). The term packet processor refers to any

type of packet processor that  creates t.s. r .a packet -sw.tched

net wor k. lOI n onepexaE@Heéeth‘if ﬁtkzé{i"o’ﬁﬁ? § g‘P% ‘gv%ife%F&lf‘?sfé’a‘edWIthln

m croprocessor %ﬁk ned to exam ne and nodify Ethernet packets according
to a program or "app ication service. WO 03/003157 PCT/ US02/20359 -16 The
t erm packeti zed voi CGthenemeral time graoddl (RTP)smicam of andib esfesao thesdquentdii n - a
packet. The termreal tinme protocol (RTP) stream of audio refers to the

sequence of RWW&’CD@@!‘%‘%%@&@F%W %‘qq{"aﬁﬁfé Oéﬁé?ﬁ?éllzecb‘f’mﬁ"acketl zed voice. 5
The term swi tched vigltua Cstfé ,](,EXF zr% §§C§ 9 Ept‘éh? a.r%"vfr{'d*c{?l

circult that is set up an use y as ransmtted.

Once the commgiicaiatha®iy sbeﬁly\&ﬁi’nsbh enly\w Idipsdsslatasis balﬁg kﬁhﬁmtﬁeﬂ S0 Che
di sappears. In contrast, a permanent virtual circuit éPVC) remai ns
avail abl e at alcommypieationgbatween fheding hestiwisr RompletEn e S Niedisanmsarsp s ent

networ ki ng. envicp B R uRen R e R O BB s 0”5 B

and/ or | ocal area network environment. |In exanple enbodi nents, the 15
present invention is incorporated within an audi o networking environnent as
a st@ind- al one Wni t AvdiaNepaerkingfEnyitopaicat ser ver, packet router, packet
swtch or other network conponent. For brevity, the present inventi on is
described with respect to enbodinments incorporated in a nmedia server.

The present invention can be used in any audio networking environment.
Such audio networking environments can include but are not limited to a wide
area and/or local area network environment. In example embodiments, the
15 present invention is incorporated within an audio networking environment as a
stand-alone unit or as part of a media server, packet router, packet switch or other
network component. For brevity, the present invention is described with respect
to embodiments incorporated in a media server.
Media servers deliver audio on network links over one or more circuit-
20 switched and/or packet-switched networks to local or remote clients. A clientcan
be any type of device that handles audio including but not limited to a telephone,
cellular phone, personal computer, personal data assistant (PDA), set-top box,
console, or audio player. FIG. 1 is a diagram of a media server 140 in an voice
over the Internet example environment according to the present invention. This
25 example includes a telephone client 105, public-switched telephone network
(PSTN) 110, softswitch 120, gateway 130, media server 140, packet-switched
network(s) 150, and computer client 155. Telephone client 105 is any type of
phone (wired or wireless) that can send and receive audio over PSTN 110. PSTN
110 is any type of circuit-switched network(s). Computer client 155 can be a

30 personal computer.



Medi a servers deliver audio on network |inks over one or nore circuit- 20
swi tched and/or packet-swi tched networks to local or renpte clients. A
client cawoobeoany type of device that handl es audi o i ncl edirngobessnot
limted to a tel ephone, cellular phone, personal conputer, personal data
assistant (PDA), set-top box, console, or audio player. FIG 1 is a

di agram of a nedi a server 140 in an voi céd7- over the Internet exanple

envi ronnment according to the present invention. This 25 exanple includes a
t el ephone client 105, public-switched tel ephone network (PSTN) 110,

softswitch 120, gat 130, .nmedj a server 140, packet-sw tched. network(s)
150, and conputer cll Oﬂgﬁllelﬁeﬂggp‘ﬁc?ﬁépléﬂitwg}l@?q cxMitchsehelephong hone

(wired or wrel £ LR i I T . PSTN
110 is any typéﬁo &%k?gﬁﬁg?gﬁgﬁgﬁ%g?ﬂ%%morE%@%ﬁgggﬁggﬁgfmgﬁfgﬁg%gggfcan be

a 30 personal example el sighlinZatDhiél iPsehakdbePiraa Flmedid gatisdrdiphomat cl i ent
105 i s coupl ed through a public-sw tched tel ephone network (PSTN) 110,
gateway 130 andans@aidiok Softywitsh 2@ ispresided betivegn PSTN hl&andagdipiservet a| |

signal ing and t [.S.1S ' .1l hat

car r? audi o. Sgl?' p 's\%8#%"F'\ﬁcflz%%&?lgsv({aggg“%@?%@éogggﬁoﬁﬁggs%a nﬁé%?éveser ver 5
140. Sof t swi t choicdQaBsPRVEEBtelophbnesdlignel 057¢d andi e ler 040.t b dleRdthpleh and
renove voice calls between telephone client 105 and nedia server 140. In

one exanple, dSoftswisgh &3 follpvwisghe SegsiamnitBsion; Ryatocal (SIB: | Gatemapddeds (SIP) .
Gat 130 i ible f i i i { d.f PSTN
70" ant net vor KeFEB B htoR e AR Bl nh At BT STP aadnsfROR 18T one

such as trans| athig\éndnlbd€ sl viriekP oS well-kKhekn FiglceiphofRh A triflating adircliiit er net
Protocol (I1P) address and vice versa. Conputer client 155 is coupled over

net Wit k 150 t o switlghed tetaphene nugber tpapind¢raciotogal (IR baddrash pad viceyersahown)
can also use SIP to su rt .ca i gnal and control to.establish and
br eakdown |i nks suchéoé@?‘g%’i%}lgntiﬁfg%ggﬂﬁggxer%‘%%%t rOtglnileé!ﬁEfsePS% léllﬁd medi a
server 140. An opRHiaGaichal ceRFIRE (noNgHowh) OM BIsARB SiPtodlissorianseumifd t o
medi a server 140 to suiaport VO P services and applications. The present

invention i s deadrdoptral ite establish efd tieakdown dinks esuch as voice calls between

computer client 155 and media server 140. An application server (not shown) can

15 also be coupled to media server 140 to support VOIP services and applications.
The present invention is described in terms of these example

environments. Description in these terms is provided for convenience only. Itis

not intended that the invention be limited to application in these example

environments involving a media server, router, switch, network component, or

20 stand-alone unit within a network. In fact, after reading the following description,
it will become apparent to a person skilled in the relevant art how to implement

the invention in alternative environments known now or developed in the future.

IV. Media Server, Services and Resources
25
FIG. 2 is a diagram of an example media platform 200 according to one
embodiment the present invention. Platform 200 provides scalable VOIP
telephony. Media platform 200 includes a media server 202 coupled to
resource(s) 210, media service(s) 212, and interface(s) 208. Media server 202

30 includes one or more applications 210, a resource manager 220 and audio



environments. Description in these terns is provided for conveni ence only.
It is not intended that the invention be limted to application in these
exanpl e wowdoesENts i nvol ving a nedia server, router, sWwCraisp2/asswnork

conmponent, or 20 stand-alone unit within a network. In fact, after reading

the follow ng description, it wll become apparent to a person skilled in
the relevant art how to inplenent the i-h§ention in alternative
envi ronnments known now or developed in the future. V. Media Server,

Services and Resources 25 FIG 2 is a diagram of an exanple nedia platform
200 according to one enbodi nent the present invention. Platform 200
provi des scal aprecesapgplatiama b Nedippaver 2 prpgidss eerrssAl0dad se1visesi a

server 202 Couggs.dﬁégalur&ﬁsﬁﬂri 2bl§%a9e Iﬁ(gfﬁg%i@edstgrﬂdcfﬁ%sz)llg},%s\sﬁé\gn in

interface(s) 2 a server [ es one or nore ‘app | Cati ons

210, a resour cFIGR)aReJour2Gnedudes2idiact MEUAS LOD@hHINAPCIToWTOL 5B Dlay 18
processing platform 230. Media server 202 provides resources 210 and

servi ces 21% appeuwsemestsizotedt igitidEVR gagousges 2de. tongidigit veige Feanming
211a-f, i - fi. i |
a usf as s O‘y“fgsso'ugqe az@h% tgahségﬁ%%#és%%r O:f{:%@gi%é'%cgb‘r{vgia&%%%ea?PCY ¢Q) ona

resources such announc nts/c resources 211a,

tone/ di git Vvoi ¢6sp&Rhfésadred 21 &S aHd St ddeogiition f306lico g1 110 MeHis Servitds, audi o
record/play resource 211d, text- to-speech resource 211 e, and speech

recognition redddninadude] bpt arg/pefi limided tp) meduleo? 1Ba-¢,@p slefevn KIGa2eMeslia | i mi t ed

to, nodules 213a-e, a ho i.n Fl 2. Medi services,nodu 213a-e

el de conventrdiee TeRRcaeg, e ot bjeak RGeS Ty 8|8l
service 213b, QB &loRRGRAIDErHEE2 PR, ¥biiBreAdSBridad sdBGcesst 138 Ttestrebfhinkl 3d, and
a VO D gateway 213e. Medi a server 202 includes an application central

prockssing uni 213¢Rwy a2 YO gdewasdidece manager CPU 220, and an audio
processing Bl ai o sl sedBPASRLA SE AR ARl ASHERERN K
Application CPY131Q estmteemalhgd fCPuN2bD, 3R9 ah audid piddessaipepRatfofi®2800f t he
medi a services 212. Resource manager CPU
Application CPU 210 is any processor that supports and executes program
interfaces for applications and applets. Application CPU 210 enables platform
15 200 to provide one or more of the media services 212. Resource manager CPU
220 is any processor that controls connectivity between resources 210 and the
application CPU 210 and/or audio processing platform 230. Audio processing
platform 230 provides communications connectivity with one or more of the
network interfaces 208. Media platform 200 through audio processing platform
20 230 receives and transmits information via network interface 208. Interface 208
can include, but it not limited to, Asynchronous Transfer Mode (ATM) 209a,
local area network (LLAN) Ethernet 209b, digital subscriber line (DSL) 209c,

cable modem 209d, and channelized T1-T?3 lines 209%e.

25 V. Audio Processing Platform with a Packet/Cell Switch for Noiseless
Switching of Independent Audio Streams

‘ In one embodiment of the present invention, audio processing platform
230 includes a dynamic fully-meshed cell switch 304 and other components for

30 the reception and processing of packets, such as Internet Protocol (IP) packets.



220 is any processor that controls connectivity between resources 210 and
the application CPU 210 and/or audi o processing platform 230. Audio
processi ngO oploed1sor m 230 provi des communi cati ons connect i PCIUSHR/2d35DNne or
nore of the network interfaces 208. Media platform 200 t hrough audio
processing platform 20 230 receives and transmts information via network
interface 208. Interface 208 can includd9-but it not limted to,
Asynchronous Transfer Mdde (ATM 209a, |ocal area network (LAN) Ethernet
209b, digital subscriber line (DSL) 209c, cable nodem 209d, and
channelized T1-T3_lines 209e. 25V, Audio Processing Platformwth a
Packet / Col | SwRLPTFLEINGS; g@waég H@mﬁf\cwthge@rg [harapie PERSSESIRGIHICH dRE eans | n

one enbodi nent j ]%nﬁ%i I .ocessing platform 230

i ncl udes a dyne{l?n%isg F%ﬁ?‘ﬁ/&%gg@:’ tfs?ﬁmegﬁg?g'fagﬁ% ot her conponents for

30 the reception and\qitlastess, agdio fpravesdieg platfotns D3@mncludees 681 cdit@l asd! (1 P)

packets. WD 03/003157 PCT/ US02/ 20359 -19 Platform 230 is showmn in FIG 3A
with regard to 2ugdigifsatyroomanagen o2 neallueiviteh 30w eferredator asha packstledt ding to
t he esent inyention. il [ essin | atf.0orm. 230

i ncl &rdes a cal I\éa’g%fﬁﬁdrkgfiégtﬁﬁeﬁ gﬁ%‘lﬁg&(ﬁfe’cﬁp %rlég Cfgr%gggé]r g%ﬁ?etg‘évﬂfghéwmwgﬁ( 304

(al so referred coinetions 0BG K@ wbfEinterfade sotiotiBr 305, bildl@iad €hagfélipréiebdosd 304
can be a cell switch or packet switch), network connections 305, network

i nterface cont P8P &etwodk intgrfgcaemitollen3Pnbirthsr tchiles packeBp@cessiens\3d7 k

interface contrglil 06 . further includes.packet processors,307. |
control and au |a(l])1 Cg {é%%lﬂlg a‘f‘é%geﬁéw 55295% §%%11§89%6&8 CE@ FYVR%‘W{%‘CW‘%IB%
network i nter fieFacO oh@bll" 386)6 an@nshdid! deinAEIRNHRLSsBi0368S0MNE 8. I N
one 10 configuration, call control and audio feature manager 302 is

connkkt ed di r ecenfjguration, gall pentvod ard pudie featere managerci024s cauBcteNdimethk

i f | er . 306 .t | k : 0 i
based on the contieqle gk nitftes SRS Sod FRESR IFTaRFontinlle BB R o
manager 302. | Roféls 9am@ﬂgﬁe&tsor 3081 dpefeioh badeddndnabetitRd] ESRfAnEs SRNGger 302

controls 15 cell swtch 304, network interface controller 306 (including
packet process &aHB control and audio feature manager 302.

In one embodiment, call control and audio feature manager 302 controls
15 cell switch 304, network interface controller 306 (including packet processors
307), and audio channel processors 308 to provide noiseless switching - of
. independent audio streams according to the present invention. This noiseless
switching is described further below with respect to FIGs. 6-9. An embodiment
of the call control and audio feature manager 302 according to the present
20 invention is described further below with respect to FIG. 3B.

Network connections 305 are coupled to packet processors 307. Packet
processors 307 are also coupled to cell switch 304. Cell switch 304 is coupled
in turn to audio channel processors 308. In one embodiment, audio channel
processors 308 include four channels capable of handling four calls, i.e., there are

25 ' four audio processing sections. In alternative embodiments, there are more or
less audio channel processors 308.

Data packets, such as IP packets, that include payloads having audio data
arrive at network connections 305. In one embodiment, packet processors 307
comprise one or more or eight 100Base-TX full-duplex Ethernet links capable of

30 high speed network traffic in the realm of 300,000 packets per second per link.



307), and audi o channel processors 308 to provide noiseless switching . of

i ndependent audi o streans according to the present invention. This

noi sel esswOI#0031871 ng i s descri bed further bel ow with respect/uso2/#3&s. 6-9.
An enbodi ment of the call control and audi o feature manager 302 according
to the present 20 invention is described further below with respect to
FIG 3B. Network connections 305 are coudDed to packet processors 307.
Packet processors 307 are also coupled to cell switch 304. Cell switch 304
is coupled in turn to audio channel processors 308. In one enbodinent,

audi o channel processors 308 include four channels capabl e of handllng
four calls, i.dnanetherembodamery, pasket pa%swrﬁ)ﬁ%@ggamleﬁdmrﬁ 71} ypice

alternative e i di.o_channel processors
308. Data pacrkrgg)gt g?ﬁ%@# $$$§pac§ets %cﬁé#mhli gy“ay1oads havi ng audi o
data arrive at netViaridde@sae ehiboaEmeHes.- pablaetolﬁk@c@@&@mmf&o 2¢ gt P
processors 307 conprise one or nore or eight 100Base-TX full -dupl ex

Et hernet |inks l@a@m P& pagkegoarts @ndkﬁp%léBTlPemng deeisions withra pligimueabfn of
300, %’00 packet s condt i nk. WD 03/003157 PCT/ US02/20359 -20 In
anot ter enbodi ABHEC 3&%4 g?ocessors 307 are capable of 1,000 G 711 voice

ports per link and/ Qfl oﬁe@%o@n?ejﬂlof’%‘iﬁesﬁﬁﬁﬁﬂﬁitﬁmF%Ickét)’c%ll%%tch@O@@de tional
enbodi ments, packet processors 307 recogni ze the headers of packets and

handl e all RTP noothlodqngismt@ witls 2Gbips af twailbandwnith I apetbkie¢mihetimentor
jitter. In one t af .t ny packet/cell swi tch 304
is a non-bl oclz W&F‘W‘%’@g ‘%ﬁﬁggp%?f‘f’@?ﬁ @i dth. 1n anot her
enbodi nent, the paq{ﬂ%ﬁé&ﬁbédlﬁl\éhtt%aﬁ%chﬁ&eﬁéﬁ%s&%w@&% r&@ﬁ%&éﬁ&‘ lon

one enbodlnent t he audi o channel processors conprise any audi o
sourdk, such a§om094 suth asi digithl q;gmdqzrewssa,rs,a@ dssitbddoimdfurtherf detedheovitldet ai |

wth regards to FILG he, audi.o chan roc ors 3Q8 can form audi o
rel at ed gserV| degar f‘%‘&“ﬁ& %g%ﬂﬁéu‘iw Cﬁﬂ}rﬁp %ﬁafsg‘@?\fﬁ%a %alghcf_e'iawé_
Exanpl e Audi o %ERE&%%&%iEé 3hd 6F bl B iR i8td PN af.

VI.  Example Audio Processing Platform Implementation
15
FIG. 4 shows one example implementation which is illustrative and not
intended to limit the present invention. As shown in FIG. 4, audio processing
platform 230 can be a shelf controller card (SCC). System 400 embodies one
such SCC. System 400 includes cell switch 304, call control and audio feature
20 manager 302, a network interface controller 306, interface circuitry 410, and
audio channel processors 308a-d.
More specifically, system 400 receives packets at network connections
424 and 426. Network connections 424 and 426 are coupled to network interface
controller 306. Network interface controller 306 includes packet processors
25 307a-b. Packet processors 307a-b comprise controllers 420, 422, forwarding
tables 412, 416, and forwarding processor (EPIF) 414, 418. As shown in FIG. 4,
packet processor 307a is coupled to network conmection 424. Network
connection 424 is coupled to controller 420. Controller 420 is coupled to both
forwarding table 412 and EPIF 414. Packet processor 307b is coupled to network



15 FIG 4 shows one exanple inplenentation which is illustrative and not
intended to limt the present invention. As shown in FIG 4, audio
processi ngo oploattfor m 230 can be a shelf controller card (8CTQUSIByssEM 400
enbodi es one such SCC. System 400 includes cell switch 304, call control
and audi o feature 20 nmanager 302, a network interface controller 306,
interface circuitry 410, and audi o chand& processors 308a-d. Mre
specifically, system 400 receives packets at network connections 424 and
426. Networ k connections 424 and 426 are coupled to network interface

controller 306. Network interface controller 306 inclydes packet processors
25 307a-b. Pac If@f‘n‘i#\%ﬁ e‘?s(gr (;I(I%t@’f)ék [FoBBTRHOn s‘ézéé%tCPBPIPgr@ rollgp 2‘{,)22'
forwarding talt&srofittszAikRoumBd 1d MtWrWaMn%fa@FQﬁ%%d(ﬁﬁﬁ)lﬁé 14, 418. As
shown in FIG 4, packet processor 307a is coupled to network connection

424. Network connedhonneriBddiiment pagkegtotessae 80T cinlbeimgRthentadonionk ber 420
is coupled to both _ forwar (ﬂi ng table 412 and EPIF 414, Packet processor

307b is coupl ed™'6 %NV\_B?% {REs 03/ medHesy  rpanodey empedynent. sachoReiEiet on 426.
Net woy k connectd, ﬁl‘:cﬁ%ﬁéké aﬁ@ﬂ%ﬁf Eth 40 %a&%l é{llg)%aFasegPﬂhkm ler 422 is

coupled to both torwarding table 416 n one enbodi nent,

packet processors 3(ThedRipableets reptieckby the packed pocedsorsiBo ard pceksetbiater car d
nodul es. I n anqt her enbodi nent, each network 5 connection 424 and 426 can
be a 100Base- TX0{§al pocksise-Yhen aycelitiagen i pwdk dhesinteraali pasketsyare Hherpacket

Deod, the i nt o RaerRa PRI Lol & ATREERTLy R Rion Sl flen MR Cel

used, the interna are then conver cells,

by a conventi ornedssenblyEBARY inwsdube) d The ealfssaeBorwat®aAR)y prokdtipedcessbae3@rl | s are
forwarded by packet processors 307 10 to cell switch 304. The packet
procElsors 307 tardl swigh 3. tlbe ppeket processors3OR agowpupled o theicell pysels30s, 430,

(32 S ool e SRR R s A R,
and forwards eagbuiofy 4010 &itellibhsdsolsuiMs 6 R a60.Ccebll sWidsh 304 felyzeduasesr 454,
the cells and forwards each of the cells to the proper cell bus of cell buses 454,
456, 458, 460 based 6n an audio channel for which that cell is destined. Cell
15 switch 304 is a dynamic, fully-meshed switch.
In one embodiment, interface circuitry 410 is a backplane connector.
The resources and services available for the processing and switching of
the packets and cells in system 400 are provided by call control and audio feature
manager 304. Call control and audio feature manager 302 is coupled to cell
20 switch 402 via a processor interface (PIF) 436, a SAR, and alocal bus 437. Local
bus 437 is further coupled to a buffer 438. Buffer 438 stores and queues
instructions between the call control and/audio feature manager 302 and the cell
switch 304.
Call control and audio feature manager 302 is also coupled to a memory
25 module 442 and a configuration module 440 via bus connection 444. In one
embodiment, configuration module 440 provides control logic for the boot-up,
initial diagnostic, and operational parameters of call control and audio feature
manager 302. In one embodiment, memory module 442 comprises dual in-line
memory modules (DIMMs) for random access memory (RAM) operations of call

30 control and audio feature manager 302.



456, 458, 460 based on an audi o channel for which that cell is destined.
Cell 15 switch 304 is a dynamc, fully-neshed switch. In one enbodi nent,

i nterfacewoiospedisTy 410 is a backpl ane connector. The re®oNfusey2:5Y
services avail able for the processing and switching of the packets and
cells in system 400 are provided by call control and audio feature manager
304. Call control and audio feature mana@2+r 302 is coupled to cell 20
switch 402 via a processor interface (PIF) 436, a SAR, and a |ocal bus 437.
Local bus 437 is further coupled to a buffer 438. Buffer 438 stores and

queues instructions_between the call control and audio feature nmanager 302
and the cell switcHCabwntiohand apdiedpasyresnanagird0d isfagherceupladtogaierfaen i s

bus connect | on SHATS Aoy seREM Guckbs B sttt B BbPU T Eotur ces”

control |ogic fapplidakien THEW 240 .to théidterfdceHiRUMS41( In DA editdFhémRNEdll
paraneters of call control and audio feature nmanager 302. In one

enbodi nent, meseRtyol nadupudia featasnpenages 302 anoniters theestaiys radrthe rinigtfhess

DI f d \ RA ti f.call 30. | and
ot e ¥ entur o ARahE H1835e TR b H by R nEDR B ubthace sty MB ot o
and audi o feat g} gndiRI_eModiht) &lfdﬁhirb%ndca‘ﬁu@f@ﬁufe%&ﬂh%@rrzjz@(‘c%ntri@lgEl&é“i try

410. A network conduit 408 coupl es resource manager CP 0 and
appl i cat i on CPUperationsoofithe compenentsceoupleddaither iptesthoe cirenivpdlembodentnt , cal |

trol and audio.feature nan r 302 .nonj tors.the tus of the interface
go(r:\i rcuitry 42@@?’6 ‘3‘83?%%?8%?9@6‘}&95‘88‘?8251?&5&%}3@1? hg i njterfacia
circuitry 410. In anebh@le poRAGDTEMs0 EbledBallOdonBBH add dh@iof ALK ©

manager 302 controls the operations of the conponents coupled to the
i nt eblf ace ci r cmanager$0Q. iGonsold perttdd0 ppoviddsdiretiascessso thecmerRibs afchllser vi ces

2udi o 1eature. CRBTHAQERS Ios ORI ortior SramP o GeL e i Bos s (o
the operations ogfrafighd, re-6OR tFPedaProtdtios, dr@iethRe THBAIRE pdPomah& ofeXxanpl e,
one could adm ni ster the
call control and audio feature manager 302 and thus the system 400 using the
console port 470.
15 Reference clock 468 is coupled to interface circuitry 410 and other
components of the system 400 to provide consistent means of time-stamping the
packets, cells and instructions of the system 400.
Interface circuitry 410 is coupled to each of audio channel processors
308a-308d. Each of the processors 308 comprise a PIF 476, a group 478 of one
20 or more card processors (also referred to as "bank" processors), and a group 480
of one or mdre digital signal processors (DSP) and SDRAM buffers. In one
embodiment, there are four card processors in. group 478 and 32 DSPs in group
480. In such an embodiment, each card processor of group 478 would access and
operate with eight DSPs of group 480.
25
VII.  Call Control and Audio Feature Manager

FIG. 3B is a block diagram of call control and audio feature manager 302
according to one embodiment of the present invention. Call control and audio

30 feature manager 302 is illustrated functionally as processor 302. Processor 302



operations, re-boot the nedia processor, or otherw se affect the
performance of <call control and audi o feature manager 302 and thus the
syst em 4080uwsiooayst he console port 470. 15 Reference cl ockCcaa8802/3036Dupl ed
to interface circuitry 410 and other conponents of the system 400 to
provi de consi stent neans of tine-stanping the packets, cells and
instructions of the system 400. Interfac3circuitry 410 is coupled to each
of audi o channel processors 308a-308d. Each of the processors 308 conprise
a PIF 476, a group 478 of one 20 or nore card processors (also referred to
as "bank" processors), and a group 480 of one or nore digital signal
processors ( DSPPMPHECSSBHIEAN) Hgpalingsmansges o2, Shierai WarAger t33dr eortetiobur car d

processors in; ﬂn%ggoﬁ%g?%a%gﬁgﬁpi & oup 480. I n such an enbodi nment,

each card procésso access and operate with ei ght DSPs

of group 480. 25 VI ICalKeidralib®ianSger 358mAHSHR cAibaEHIR g MpBRAEGH sich@s cadB is a
bl ock di agram of call control and audi o feature nmanager 302 according to

one enbodi nent establishmeni andremaovialantetfaee With RIsoiwiteho knd hendlingisignaldag f eat ur e
nanaggr 302 is illqgtggtgﬂ,functionally as processor 302. Processor 302 WO
03/ 003157 PCT/ BEJIFLDIEE> 23 conprises a cal | signaling manager 352,

system manager 354, %Hﬁﬁﬁﬁég@rﬁlﬁi&?ﬁﬁhsﬁ&ﬁstra?!ﬁﬁdﬁﬁgﬁ&i’ti@.oﬁé}'aﬁ&%'dnf%ﬁe 358.
Call signaling managér 352 nanages call signaling operation such as call

est abl i shment  anthpoeersyelisystemi230f Systerninahager 3t fugthetradnitaasitie hystah 23y
O o Pl b A TRy Sy o o boot st ap 2
further nonitors thegystifon RakgePIwd rﬁﬁﬁ%és‘]ilﬁFY&WaﬁHﬁ HiBles SNBRR tAGlesNd
redundant operation. Connection manager 356 nanages | F forwardi ng tabl es,
suchlts t abl es 412Gind #26aamdl progides tiet nontng peotocolse(suahuasi Reptimgdnformhtor such as
Routing I nformglon | (RIP), Open Shortest Path First (OSPF), and the like). Further, the
connection manager 356 establishes internal ATM permanent virtual circuits
(PVC) and/or SVC. In one embodiment, the connection manager 356 establishes
bi-directional connections between the network connections, such as network
15 connections 424 and 426, and the DSP channels, such as DSPs 480a-d, so that
data flows can be sources or processed by a DSP or other type of channel
processor.
In another embodiment, connection manager 356 abstracts the details of
the EPIF and ATM hardware. Call signaling manager 352 and the resource
20 manager CPU 220 can access these details so that their operations are based on
the proper service set and performance parameters.
Feature controller 358 provides communication interfaces and protocols
such as, H.323, and MGCP (Media Gateway Control Protocol).
In one embodiment, card processors 478a-d function as controllers with
25 local managers for the handling of instructions from the call control and audio
feature manager 302 and any of its modules: call signaling manager 352, system
manager 354, connection manager 356, and feature controller 358. Card

processors 478a-d then manage the DSP banks, network interfaces and media

streams, such as audio streams.



Protocol (RIP), Open Shortest Path First (OSPF), and the |ike). Further,
the connection manager 356 establishes internal ATM pernmanent virtual

ci rcui ts woR¥@)31and/ or SVC. I n one enbodi nent, the connectPCorusiazsger 356
est abli shes bi-directional connections between the network connections,
such as network 15 connections 424 and 426, and the DSP channels, such as
DSPs 480a-d, so that data flows can be @durces or processed by a DSP or

ot her type of channel processor. In another enbodi nent, connection manager
356 abstracts the details of the EPIF and ATM hardware. Call signaling

manager 352 and the resource ., 20 n 20 can access these details
so that their operatPdH€ %@%@@gﬂ%aggkﬁgg&'éﬂ?wgﬁﬁw Ees0iees gfﬂj and

performance pargRetengs oFSatidkA 26Nt rol | er 358 provides conmuni cation
interfaces andsprotocoFg ssuc as, H. 323, and MECP (Medi a Gat eway Control

Protocol ). In one erthadereitiodimandcall ooess and addi8 deatureunaiagerB02sof the
controllers with 25 |local managers for the_handling of instructions from
the cal |l cont r ATes§RENYRINICH ex¢rglses rontrpkQyagbe EBEofheprasant isvention thisugh es:

call signaling S¥.S i 356,
and f§eat ure co%ﬁ?g?ﬁggi aé@%‘fs' C%‘r %}Emparng%{elg(gg?qggg%%?%g?\g ?}(%n%%@%?ﬁ%g DSP
banks, networ k pafin®stéra (sh asysbridGaddedst SRAEP addiess, asd thelke), sehicR@die WO

03/ 003157 PCT/ US02/ 20359 -24 |n_one enbodi nent, the DSPs 480a-d provide

t he resources Mamagergents siatisticsuptoagling, apd dbg ken areondirastly iesueditapgient |

call control aqg Aldi o feature manager 302 of the present invention

exerci ses cont r6f “over the EPIF of the present invention through 5 the use

of applets. In such Eie EPIPqEbVIEsHa sehitf ehgiBad BandiOthe §odtiogality Adatd kR et er s
(such as port MAC address, port |IP address, and the like), search table

manalfenent , st #rsagnecdeleinesadiseyching antrine SinRethe platformdi0paperaesiondied

]E BLg?iggnafiipflye';sg)}lrggglgdEgalsgnﬁfogvéfd};?a%kgts,St%gr]ﬁrtFepr} lid€s gé)arc%apu%lcgoﬁalﬁ?y of
sources and destinations. The sources and destinations of packets are stored in
search tables for incoming (ingress) and outgoing (egress) addresses. The EPIF
can also manage RTP header information and evaluating relative priorities of

15 egress audio streams to be transmitted as described in further detail below.
VIII. Audio Processing Platform Operation

The operation of audio processing platform 230 is illustrated in the flow
20 diagrams of FIGs. 5A and 5B. FIG. 5A is a flow diagram showing the
establishment of a call and ingress packet processing according to an embodiment
of the present invention. FIG. 5B is a flow diagram showing egress packet
processing and call completion according to an embodiment of the present
invention.
25
A. Ingress Audio Streams

InFIG. 5A, the process for an ingress (also called inbound) audio stream

starts at step 502 and immediately proceeds to step 504.



10 creating, deleting and searching entries. Since the platform 200
operates on the source and destination of packets, the EPIF provides
search fuwotmoemabity of sources and destinations. The SoRCEASOANISO
destinations of packets are stored in search tables for incom ng (ingress)
and outgoing (egress) addresses. The EPIF can al so nanage RTP header
information and evaluating relative priobties of 15 egress audi o streans
to be transmtted as described in further detail below. VIII. Audio
Processing Platform Operation The operation of audi o processing platform
230 is illustrated in the flow 20 diagrams of FIG. 5A and 5B. FIG 5A is
a flow di agram showlhgfep EQ‘L ‘é’%ltchﬁr‘iﬂséI‘?sréH‘?‘O(g?at'éfe(%ﬁnlag%fﬁgz estableshes aeatk et
processi ng acc%ﬁﬂ Qgcﬁéﬁta&n‘ﬁﬂmgét@{‘%a e hoiG.opk ec%ﬁgécti'o o5l Oy &G OB s
a fl ow di agram show ng egress pac processing and call conpletion

accordi ng to aembotieknteoill aontrbe apd efdid fedtivéenmahgger 3R Aegdtiagsessl Audi o
Streams In FIG 5A, the process for an ingress (also called i nboug‘g audi o
stream start s authogzesaceess toihg cliphte Ginge elignt prcsescis gethprzes eall gmirol

03/ 0%3157 PCT/ t%g%ﬁi/f%ag&fé%lanhé%g(ﬂ \m?#vﬁ@eg%@faﬁi’lde %’@FJ adﬁpegg fn% B l‘l?&‘th? (haile ature

manager 302 es esac communt cating via

net wor k connecto #iR<1i38% . Ohde the eall Rres8lisiRa] the paddesC@ithédhteBistoctidd @ feat ure
manager 302 negotiates and authorizes access to the client. Once client

access is authé®P286; call control and 5 audio feature nanager 302 provides
| P and UDP address knfor ion for the c t.0 e client.. Once the call
< ootablshed. ‘& ne Tprract Mt rorary st I Grfer EupgRa Y op 506,
packet process@icsnetRWdrkl @mabdtonk BORaskLtype 6ApikeNchndedis@d MR dirg bt A6L Wor K
connections 305. Any tH;/pe of packet can be used i ncl udi n&hbut not 10

linmkdkd to | P padiedite IP packiatsasnchap Aepktalk, IPEXor etheviypeef Ethpmevpackether net
packets. —nce g, Pa¢s&et iSreb &, ¥R robdi€ pRI-ASRTS sRp3pgeds to step S08.
In step 508, packet processors 307 check IP and UDP header address in
search table to find associated SVC, and then convert the VOIP packets into
internal packets. Such internal packets for example can be made up of a payload
15 and control header as described further below with respect to FIG. 7B. Packet
processors 307 then construct packets using at least some of the data and routing
information and assign a switched virtual circuit (SVC). The SVC is associated
with one of the audio channel processors 308, and in particular with one of
respective DSP that will process the audio payload.
20 When a cell layer is used, internal packets are further converted or merged
into cells, such as ATM cells. In this way, audio payloads in the internal packets
are converted to audio payloads in a stream of one or:more ATM cells. A
conventional segmentation and reassembly (SAR) module can be used to convert
internal packets to ATM cells. Once the packets are converted into the cells, the
25 process proceeds to step 510.
In step 510, cell switch 304 switches the cells to the proper audio channel
of the audio channel processors 308 based on the SVC. The process proceeds to
step 512.
In step 512, audio channel processors 308 convert the cells into packets.

30 Audio payloads in the arriving ATM cells for each channel are converted to audio



In step 508, packet processors 307 check I P and UDP header address in
search table to find associated SVC, and then convert the VO P packets into
i nternal waokeoas7 Such internal packets for exanple can becwamez/zqssof a
payl oad 15 and control header as described further below with respect to
FIG 7B. Packet processors 307 then construct packets using at |east sone
of the data and routing infornmation and2@ssign a switched virtual circuit
(SVC). The SVC is associated w th one of the audi o channel processors 308,
and in particular with one of respective DSP that will process the audio

payl oad. 20 When a cell layer is used, internal packets are further
converted or mRRYERAS IpSERBIAf §ne QFERICRACKSI qng?ﬂﬂqsla{ﬁ%%@{le%di 0

payl oads in thg, h%ﬁb@%ﬁ%ﬁﬁ%paﬁgﬁs.%}éﬁg L& iﬂte"i'ﬁ‘ﬂiagrteat dRads: tpn a

stream of one or; nore conventi onal segne on an

reassenbly (SAgickendwith audfd psylowisd Ocectho\cells ard cdreenad imackeimertal ATM
cells. Once the packets are converted into the cells, the 25 process
proceeds to st ®ackstsythe procaseprosagyls teslep 5ddi t ch 304 switches the cells to

SvC. e process pr auaas P oG RS RRRT o RRSERIA Bl RR e °" 1 1°

processors 308 paaewah thdBspec@vd fudiddhanias Ka bie emBEUiMNedi, thepaiodgiels) t he
arriving ATM cells for each channel are converted to audi o WO 03/ 003157

PCT/ US02/ 20359 are eiigshi ergier meraoktheanediaseryites dl3aer &op asarapls, thase

conventional SAR smodul.e can y to caonvert ATM ckets. Packets can
e nter nar egPBeliotiRes R by Rieo!S fllnk ok, bafiGitht CuftRinlafo B T

cel | s are convephffbntdtAlihFEvides stidrdting, FAOREESewdyerRéRCREPhHIPELANs O
step 514. 5 In step 514, audio channel processors 308 process the audio

dat allbf the padlemediaserviee fosgpdiercprtentaudi o channel s. I n one enbodi nent,
the audio channels are related to one or nore of the nedia services
213a-e. For exanple, these nedia services can be tel ebrowsing, voice mail,

conference bridgi ngH al sEgek|Rdio Seshey ence calling), video streani ng,
VO P gateway services, telephony, or any
In FIG. 5B, the process for an egress (also called outbound) audio stream
15 starts at step 522 and immediately proceeds to step 524.

In step 524, call control and audio feature manager 302 identifies an
audio source for noiseless switch over. This audio source can be associated with
an established call or other media service. Once the audio source is identified, the
process immediately proceeds to step 526.

20 In step 526, an audio source creates packets. In one embodiment, a DSP
in audio channel processor 308 is an audio source. Audio data can be stored in
a SDRAM associated with the DSP. This audio data is then packetized by a DSP
into packets. Any type of packet can be used including but not limited to internal
packets or IP packets, such as Ethernet packets. In one preferred embodiment, the

25 packets are internal egress packets generated as described with respect to FIG.
7B.

In step 528, an audio channel processor 308 converts the packets into
cells, such as ATM cells. Audio payloads in the packets are converted to audio
payloads in a stream of one or more ATM cells. In brief, the packets are parsed

30 and the data and routing information analyzed. Audio channel processor 308 then



10 other nedia service for audio content. B. Egress Audio Streanms In FIG
5B, the process for an egress (also called outbound) audio stream 15
starts atwetogpod22 and i medi ately proceeds to step 524. IpaTaiSep2B29, cal l
control and audi o feature manager 302 identifies an audio source for

noi sel ess switch over. This audi o source can be associated with an
established call or other media service.-20nce the audi o source is
identified, the process imediately proceeds to step 526. 20 In step 526,
an audi o source creates packets. In one enbodinent, a DSP in audi o channel

processor 308 is an audijo source. Audip data can be stored in _a SDRAM
associ ated wit Wopﬁg;cbgfg{s u?‘r’i‘ﬂét]ﬁﬁﬁﬁ??fnﬁ%ftﬁe 3%?&? uiRgInLematign gyd 255188 | nt o

packets. Any tyn&inheREKEN el ésgpﬁe& cb nﬁ@hﬂ%zﬁ%t& Qe & n”Betlfsgdtt

internal packets or P pac ets ernet packets. n one preferred
enbodi nent, t he:oﬁﬁerppadd&tsstoaA'EM cﬁller rEte S@Ces Saisqoainkel with @ne rofttiedariio

descri bed vmth respect to FIG In step 528, an audi o channel processor
308 converts t (FBapet REACESSPH3YS, %‘rm partisylapwifh a Srsniteqnnecting fhe @SEP&W%)ads in

the packets ar $)§1f’ Eé&@q‘g %&r@é‘rﬂxd%de C?hggﬂg%gﬂ?ﬁfeﬁi%?@é“a rgfe agf(etgmre ATM

cells. In brie e pac S are parse

i nformati on anakyzatiertddiitito thehvalisiehe p;roeesewee&dls stepeIBOVO 03/ 003157
PCT/ US02/ 20359 -27 construct cells using at |east sone of the data and
routing infornation IAREPDS0; @HSSWIT&hs"‘WlSYYﬁé'@PS\ih@ ¢alig|of an a@@pphq@vb)fthm

SVC i5 nssoci atnd G En ERs O e b SRR REnREF Ebel MhSEed 1

particul ar w t hh@SVvVO. C]:netprswg@ &dtl té beps8spective 5 DSP of the audi o
source and a destination gort 05 of NI C 306. Once the gackets are

conviited into the dalstep %avask%degeesmr@)é@acwnvw sheepelis3ipto Ilhpqu@fgs 530,
Cell 2 Leh SO0 R R 8 e AR R e S B
the SVC. The pragRads M 0GaesE dfonet@indB4nternal packets. A conventional SAR
module can be used to convert ATM to internal packets. Any type of packet can
be used including but not limited to IP packets, such as Ethernet packets. Once
15 the cells are converted into the packets, the process proceeds to step 534.

In step 534, each packet processor 307 further adds RTP, IP, and UDP
header information. A search table is checked to find IP and UDP header address
information associated with the SVC. IP packets are then sent carrying audio via
the network connections 305 over a network to a destination device (phone,

20 computer, palm device, PDA, etc.). Packet processors 307 process the audio data
of the packets in the respective audio channels. In one embodiment, the audio
channele are related to one or more of the media services 213a-e. For example,
these media services can be telebrowsing, voice mail, conference bridging (also
called conference calling), video streaming, VOIP gateway services, telephony,

25 or any other media service for audio content.



10 I n step 532, packet processors 307 convert the cells into I P packets.
Audi o payloads in the arriving ATMcells for each channel are converted to
audi o pawybmadssisn a stream of one or nore internal packetr€T/Usozaossent i onal
SAR nodul e can be used to convert ATMto internal packets. Any type of
packet can be used including but not limted to I P packets, such as

Et her net packets. Once 15 the cells are28eonverted into the packets, the
process proceeds to step 534. In step 534, each packet processor 307
further adds RTP, I P, and UDP header information. A search table is
checked to find_IP and UDP header address information associated with the
SVC. | P packet dXarNoispleps Switehing et Kgress AUWdPSUPA®S t he network connecti ons
305 over a network to a destination device (phone, 20 conputer, palm
device, PDA, etc.). Packet processors 307 process the audio data of the

packets in the respegddovdng@usihe dhbaspet 8f therpregeat Biveatin aidio prétRsangi 0
channels are related to one or nore of the nmedi a services 213a-e. For

exanpl e, t hes®latfurma2Hbreipddesslycamitabes belwepn dndepaedeny egress anshio streadst er ence

bri dgi | | | ed f | L i t i VO P gat
cervittos, tel ofNuRy POCeE IR RER AR B < A ReStpGR Nl o ThsleERt " V0
03/ 003157 PCT/ |4503{s8R58hitctil begrolaiafloaastiah b3 B arfUias s 0

Streans According to the one aspect of the present invention, audio
processing pl avditer,swaEh, oo rwdd @sedeysoswind dhast wended rio ibadapisgddonaudér ess
audi o streans. _5 Audi o pLace ing platform230 is illustrative. The
present invent PSAC5ENE P aEQFBt “to noi sel ess switching of egress audio
stream can be used in any nedia server, router, switch, or audi o processor
and is not intended to be limted to audio processing platform 230. 10 A
Cel I1Bwi tch - Internal AWl CedodSwitds- Fle@nalgyudig Sdiraey am of a noi sel ess
swtch over systemthat carries out cell swtching of independent egress
audi o streans generated by internal audio sources according to an

enbodi ment of the Prg&eaA is M@fin 8k ndiddiess SRitSONE sifend haBORAE JRBE Of a

system 600A for egress audio Stream sw tching frominternal
switching of independent egress audio streams generated by internal audio

sources according to an embodiment of the present invention. FIG. 6A shows an

15 embodiment of a system 600A for egress audio stream switching from internal
audio sources. System 600A includes components of audio processing platform
230 configured for an egress audio stream switching mode of operation. In
particular, as shown in FIG. 6A, system 600A includes call control and audio
feature controller 302 coupled to a number n of internal audio sources 604n, cell

20 switch 304, and network interface controller 306. Internal audio sources 604a-
604n can be two or more audio sources. Any type of audio source can be used
including but not limited to DSPs. In oné example, DSPs 480 can be audio
sources. To generate audio, audio sources 604 can either create audio internally
and/or convert audio received from external sources.

25 Call control and audio feature controller 302 further includes an egress
audio controller 610. Egress audio controller 610 is control logic that issues
control signals to audio sources 604n, cell switch 304, and/or network interface
controller 306 to carry out noiseless switching between independent egress audio
streams according to the present invention. The control logic can implemented

30 in software, firmware, microcode, hardware or any combination thereof.



audi o sources. System 600A includes conponents of audi o processing platform
230 configured for an egress audio stream sw tching node of operation. In
particul awp oeagoafpwn in FIG 6A, system 600A incl udes cal IpCxarsvz/2i3sand
audio feature controller 302 coupled to a nunber n of internal audio
sources 604n, cell 20 switch 304, and network interface controller 306.

I nternal audi o sources 604a- 604n can be2%wo or nore audi o sources. Any
type of audio source can be used including but not limted to DSPs. In one
exanpl e, DSPs 480 can be audio sources. To generate audi o, audi o sources

604 ith t io . internall / _ t audi ived f
oxt or nal Sour Cos. - 25 el FYGITIHONE SARK 64 626 4 o B iisns SARSGROr ur t et
i ncludes an egre8s5-c BHHALGHAL 9414 itch 584 allr:c?éa‘éﬁ ﬁnﬁl&%&c&&ﬁ%ﬁﬁ&ﬁi 6240 1S

control logic that 1ssues control signals to audi 0 sources cel |

swi tch 304, andd csupiel beowken sellemirh 804 aadNIOI3D6r 306 to carry out noisel ess
swi tchi ng between independent egress audio streans according to the
present invention. TReN¢YRpedmengigdepcadentiopesemisin depamsnyolvestremapk,

fir re, mecr Ak i Lon th f v VWD.03/ 003157

PCT/ Us02/ 20359%%‘3“%?&?39%@%% %gﬁqﬁfgep‘% e%sﬁ‘,%ﬁ"ggz‘?‘“é%ﬁmg{%/’ lgllsso

provi ded. SARs hefful todde: dvseriseoPRetetd ahdefemabédressWatkdls @ddsand-gch audi o
source 604a-n. SAR 634 is coupled between cell swtch 304 and NIC 306. In
one enbodi nent Naxhdejsent APA epdeiés operaiion iy desgribed v getpd withagaspsciofo 5 | P
packets with inf or 1L.on and_inter ess packets. Accordingly, it
is hel pful t?[lfcllepg{\&&ggérre?sbagﬁ]o&t% éf@saﬁ%s‘i nt er nal egress packets (FIGs.
7A-7B). Next, system 600A and its operation is described in detail with
respect to independent ggress audio streans (FIGs. 8-9). 10 B. Packets In
one ¥hbodi nent, the presdhtPadkgienti on uses two types of packets: (1) IP
packets with RTP information and (2) internal egress packets. Both of these
types of packets are shown and described with respect to exanples in FlGs.
7A 15 and 7B. |P pagkehserhBOARNE tifeqittscANvERIA 1R §pesofPatRiNA)

packet - swi t ched
IP packets with RTP information and (2) internal egress packets. Both of these

types of packets are shown and described with respect to examples in FIGs. 7A

15 and 7B. IP packets 700A are sent and received over a external packet-switched
network by packet processors 307 in NIC 306. Internal egress packets 700B are
generated by audio sources (e.g. DSPs) 604a-604n.

1. IP Packets with RTP Information

20
A standard Internet Protocol (IP) packet 700A is shown in FIG. 7A. IP
packet 700A is shown with various components: media access control (MAC)
field 704, IP field 706, user datagram protocol (UDP) field 708, RTP field 710,
payload 712 containing digital data, and cyclic redundancy check (CRC) field
25 714. Real-Time Transport Protocol (RTP) is a standardized protocol for carrying

periodic data, such as digitized audio, from a source device to a destination
device. A companion protocol, Real-Time Control Protocol (RTCP), can also be
used with RTP to provide information on the quality of a session.

More specifically, the MAC 704 and IP 706 fields contain addressing

30 information to allow each packet to traverse an IP network interconnecting two



networ k by packet processors 307 in NIC 306. Internal egress packets 700B
are generated by audio sources (e.g. DSPs) 604a-604n. 1. |IP Packets with
RTP | nf orwato3om1520 A standard Internet Protocol (1P) paclretr/is09235%s shown
in FIG 7A 1P packet 700A is shown with various conmponents: nedia access
control (MAC) field 704, IP field 706, user datagram protocol (UDP) field
708, RTP field 710, payload 712 containd®g digital data, and cyclic
redundancy check (CRC) field 25 714. Real -Tine Transport Protocol (RTP) is
a standardi zed protocol for carrying periodic data, such as digitized

audi o, froma source device to.a destjnati evi ce. conpani on _protocol ,
Real - Ti me Cont M§Yice% (Griginnd ion aJH‘Bil @388 CORIBHS '\’D’tg{gp‘tﬂjﬁmﬁ%vi de
i nformation on ]| : ' Jf ol 704 and
P 706 11 ol do. SuRArRich BRI RIS SESIE SparlBl fusBRe L ot ity 1O
traverse an | Progtdwo khé ntdibcarovesstr destinmbon\@Hes/ @63 tall fiBfal (HdSRAW3A359 - 30

devices (origin and destination). UDP field 708 contains_a 2-byte port
nunber that i d¥RERGE 48 one RmbPAimenbokthe RERPRIHRYFREPI HIPBG0 PEOCEHAT iS2 can be
interqnally ro L.0 processor destination when received from

t he nsgtwork i?igtsgf’ieggeegcnp%@g%g%énbodi ment of the present invention, the

audi 0 processor is RTH fldkP71ascotessr b jRdkdietequence finbdrednd #ikbsteMp! ai ns a
packet sequence nunber and tinestanp. Payload 712 contains the digitized

audi o byte sanplaz9aditP canipethe digiired agdiot Sa@!ﬁlﬁ?:@ll%?afbhfdieéofﬁﬁd@déls%?r s. |
A | oad ' h ' ' . i
ny pay’ oa ty%ﬁgﬁcgﬁcag@cgg}o@&s e%ﬁ%%g%egancﬁ%o‘a{qg" cHERe RS §lo° medi a

conpatible with used as apparen 0 a person skilled
in the art givandfohividedegpés ¢t inedia coRfpafibR! Wit RATP parobé desl & waldiise verify
the integrity of the entire packet. See, the description of RTP packets
and ¥ayl oad ty@BRarERisiera pergobskitled otheiantgiventhis descaptios (R G Seldolkh | P,

pp. 52-72 (the prtc?\?f&es%fw&ﬂg v@H%y' th& inpeog%%y gi‘f thx\@ﬁt?rg plaa(eL rge%[ gﬁeaé[c%%tigr? Bte in by

ref erence).

RTP packets and payload types described by D. Collins, Carrier Grade Voice
over IP, pp. 52-72 (the text of the entire book of which is incorporated herein by
reference).

15
2. Internal Egress Packets

FIG. 7B illustrates an example internal egress packet of the present
invention in greater detail. Packet 700B includes a control (CTRL) header 720
20 and a payload 722. The advantage of internal egress packet 700B is it is simpler
to create and smaller in size than IP packet 700A. This reduces the burden and
work required of audio sources and other components handling the internal egress
packets.
In one embodiment, audio sources 604a-604n are DSPs. Each DSP adds
25 a CTRL header 720 in front of a payload 722 that it creates in for a respective
audio stream. CTRL 720 is then used to relay control information downstream.
This control information for example can be priority information associated with
a particular egress audio stream.
Packet 700B is converted to one or more cells, such as ATM cells, and

30 sentinternally over cell switch 304 to a packet processor 307 in network interface



15 2. Internal Egress Packets FIG 7B illustrates an exanple internal
egress packet of the present invention in greater detail. Packet 700B

i ncl udes wWOomano031sT (CTRL) header 720 20 and a payl oad 72PCTNse2adsant age
of internal egress packet 700B is it is sinpler to create and smaller in
size than | P packet 700A. This reduces the burden and work required of
audi o sources and other components handl##g the internal egress packets.
I n one enbodi ment, audi o sources 604a-604n are DSPs. Each DSP adds 25 a
CTRL header 720 in front of a payload 722 that it creates in for a

respective audio s then u a ol
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Packet 700B is converted to one or nore cells, such as ATM l's, and 30
sent i nternal | yP packet daflokmation xsmdﬁawfbcforathpqubad (22 ¢etsmmiBeF as an MRt wor K
interface WO 03/ Olfeﬁ%@(z PCT/ USQ2/ 20359@1 contro|ller 306. After the cells
are converted tP8° Mantogg L network | Hhigachicyer an a VﬁP@S%%%RfPC@B“?g&’é’EI‘E)deS and

renoves i nter nat (RGeGIES s tekftbed 295P &ﬁ% aveto Oafddtar}slatllﬁﬁy ng(g'tcg(%ntﬁfgb daption is

added before the payload 722 is trans as an onto an
| P net wor k. Thits paylbadsv eEhearensdniag tpagpessing prodic of adding mfbilmeﬁloaétotdﬂ@at@SPs is
reduced. DSPs on ave to g d relatively short contro eader to

payl oads. The rvéhé [E RAGKSHs JREL & h?ﬁng Igpraiannean; bR distlutesh tq gackekat e
valid I'P packetygodmddis .header information can be distributed to packet
processor(s) 307. 10 C Priority Level s Network interface controller (N QO
306 processes all internal egress packets, as well as all egress IP
packets destined for_the exterpal network. Thus, N C 306 can nake fi nal

f or Wt di ng deci si on&-abodin®stkedtket sent to it based 15 on the content
of each packet. In sone enbodi nents, NI C 306 nmanages the

Network interface controller (NIC) 306 processes all internal egress
packets, as well as all egress IP packets destined for the external network. Thus,
NIC 306 can make final forwarding decisions about each packet sent to it based

15 on the content of each packet. In some embodiments, NIC 306 manages the
forwarding of egress IP packets based on priority information. This can include
switching over to an audio stream of egress IP packets with a higher priority and
buffering or not forwarding another audio stream of egress IP packets with a
lower priority.

20 In one embodiment, internal audio sources 604a-604n determine priority
levels. Alternatively, NIC 306 can determine a priority for audio received from
an external source at NIC 306. Any number of priority levels can be used. The
priority levels distinguish the relative priority of audio sources and their
respective audio streams. Priority levels can be based on any criteria selected by

25 a user including, but not limited to, time of day, identity or group of the caller or
callee, or other similar factors relevant to audio processing and media services.
Components of the system 600 filter and forward the priority level information
within the audio stream. In one embodiment, a resource manager in system 600
can interact with external systems to alter the priority levels of audio streams. For

30 example, an external system can be an operator informing the system to queue a



forwardi ng of egress |IP packets based on priority information. This can
include switching over to an audi o stream of egress |IP packets with a

hi gher prworisngsiand buffering or not forwardi ng anot her @aarusoy2a3sam of
egress | P packets with a lower priority. 20 In one enbodi nent, internal
audi o sources 604a-604n determne priority levels. Alternatively, N C 306
can determine a priority for audio recei-38d from an external source at NIC
306. Any nunber of priority levels can be used. The priority levels

di stinguish the relative priority of audio sources and their respective

audio streanms. Priority levels can be based on any criteria selected by 25
a user incl udi H.)gl,lmsafm%oqr adyertiseraent an acalle Thys, fhgresquiesimpnagents capablyy of t he
caller or call . - sipl L armf act. i si ng
and medi & ser viceae Ao T RO A B i b AR BEREES, T
priority |evel drafontEtalbrbased dhéettaimgredafthicd esémeanh ab sighilihgshdidbaent , a
resource nmanager in system 600 can interact wth external systens to alter
the priority I dikeog-held gendlitions epeegency ewnt. 2o timed@yent, an external system
can an operator informng the systemto queue a WO 03/ 003157

PCT/ US02/ 20359 -32 billing notice or advertisenent on a call. Thus, the

resour ce nanager isE,apam(ﬁselg)sfgmﬁygj{éggea@bpsmho streans. Thi s noi sel ess
switch over can be triggered by user or autonmatically based on certain

predefi ned events such as signaling conditions |ike on-hold condition,

Syet om 600a can’ be (RSEBTRA My e tholpplEhEE B bobt of e P hor o)
and out put (egraaashtpati@Rss)hadioehsmeRbrbaiRe affllyihdsheBsdRet/RARKAEH 56 |

switch 304 10 is used to switch egress audio channels to parti ciagate in
any ¥l ven cal | .is pesd egyveteh egirss @udivathaniels impasticipatelin dny gventaallpahny ci pat e

in a tel ephone call at. a inme. ring both the initial,call setup and
while the cal | &% il B! Sy calffd on X paTs e e e sl &P had
into and out oftinkd)@Edig bothfhE irfitihll il B&EH H whild the BAING i€ SR&Bh | dnly ¥eREs system
600A of the present invention provides a precise
audio channel can be switched into and out of the call. The fully meshed
switching capability of system 600A of the present invention provides a precise
15 noiseless switching functionality which does not drop or corrupt the IP packets
or the cells of the present invention. In addition, a two-stage egress switching

technique is used.

E. Two-Stage Egress Switching

20
System 600A includes at least two stages of switching. In terms of egress
switching, the first stage is cell switch 304. The first stage is cell-based and uses
switched virtual circuits (SVCs) to switch audio streams from separate physical
sources (alidio sources 604a-604n) to a single destination egress network
25 interface controller (NIC 306). Priority information is provided in the CTRL

header 720 of cells generated by the audio sources. The second stage is contained
within the egress NIC 306 such that it selects which of the audio streams from
multiple audio sources (604a-604n) to process and send over a packet network
such as an packet-switched IP network. This selection of which audio streams to

30 forward can be performed by NIC 306 is based on the priority information



15 noi sel ess switching functionality which does not drop or corrupt the IP
packets or the cells of the present invention. In addition, a two-stage
egress svwoDdRiogy57t echni que is used. E. Two- St age Egress $airtusaz/egso 20
System 600A includes at | east two stages of switching. In terns of egress
switching, the first stage is cell switch 304. The first stage is
cell-based and uses switched virtual ci®éuits (SVCs) to switch audio
streans from separate physical sources (audi o sources 604a-604n) to a
singl e destination egress network 25 interface controller (N C 306).
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way, second gj can be forwarded by N C
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est abl i shed usi n 0 source negoti ati h fati on
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established for the call. Any type of audio payload including voice, music, tones,
or other audio data can be used. SAR 630 converts the internal packets to cells

15 for transport through cell switch 304 to SAR 634. SAR 634 then converts cells
back to internal egress packets prior to delivery to NIC 306.

During the flow from the audio source 604a, NIC 306 is decoding and
removing the CTRL header 720 and adding the appropriate RTP, UDP, IP, MAC,
and CRC fields, as previously described. CTRL header 720 includes the priority

20 field used by NIC 306 to process the packet and send a corresponding RTP
packet. NIC 306 evaluates the priority field. Given the relatively high priority
field (the first audio source 604a is the only transmitting source), NIC 306
forwards IP packets with synchronized RTP header information which carry the
first audio stream over the network to the destination device associated with the

25 call. (Note CTRL header 720 can also include RTP or other synchronized header
information which can be used or ignored by NIC 306 if NIC 306 generates and
adds RTP header information).

When the egress audio controller 610 determines a call event where a
noiseless switch over is to occur, a second audio source 604n begins generating

30 a second audio stream. Audio can be generated by audio source 604n directly or



or other audio data can be used. SAR 630 converts the internal packets to
cells 15 for transport through cell switch 304 to SAR 634. SAR 634 then
converts welB®o3iback to i nternal egress packets prior to a@eriuser/3so N C
306. During the flow fromthe audi o source 604a, NI C 306 is decoding and
removi ng the CTRL header 720 and adding the appropriate RTP, UDP, |IP, MAC,
and CRC fields, as previously described.-3TRL header 720 includes the
priority 20 field used by NIC 306 to process the packet and send a
correspondi ng RTP packet. NIC 306 evaluates the priority field. Gven the

| atively hi iori.t Jdeld (the fi di rce 604a is, the onl
ransnitt) ng. oureByerting eudip grigmalygrmecirbpsinBeliicen T sparauia Rrp
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t he destination device associated wth the 25 ca er 720
can al so i ncl udead®TF20nfornatiorsasishentreidzeith tespate to packéofonmat 70BahAsh can be
used or ignored b | C. 306 i f NI C 306 generates and adds RTP header

i nformation). \N‘E%Pf{\l%‘g“b@?y&aéi ielyfinE Rt Blusisy opatheiidis fatasan be Bsedi event
where; a  noi sel £8§m8\Whd i : 39& i e 604n

begi ns gener at i[‘ré\% 30 ag%gg%%gdlgzsg{e %ngtg %ié%%aaixggé} cegfr%#’I gﬁg@l%g?kgetfélgpby

audi o source 6@édiodstreman. y For eM@mPR/, GBS 1sedofdCROMIGOMe20BTAn rerbsit an

converting audio originally generated by external devices. The second audio
streamis made dpCTHFCNGRt epRaTEcRGr BENIC SRVt Mesage Ry Atheti andimdata thpt dhd CTRL
header 720 inf ' ' L E . /00B. Any
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than the first audig stream For exanple, the second audi o stream can
repr¥ent an adver thhesfeend audistgapynisingl parestpaskes appeign genveded i her

audi o data that._j id.8d I y. _{hsert i,nt O e first
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Cell switch 304 switches the cells to an SVC destined for the
back to internal packets. NIC 306 now receives the internal packets for the first
and second audio streams. NIC 306 evaluates the priority field in each stream.
15 The second audio stream having internal packets with the higher priority are
converted to IP packets with synchronized RTP header information and
forwarded to the destination device. The first audio stream having internal
packets with the lower priority are either stored in a buffer or converted to IP
packets with synchronized RTP header information and stored in buffer. NIC 306
20 can resume forwarding the first audio stream when the second audio stream is

completed, after a predetermined time elapses, or when a manual or automatic

control signal is received to resume.

F. Call Event Triggering Noiseless Switch Over
25
The functionality of the priority field in an embodiment of noiseless
switching according to the present invention is now described with regard to

FIGs. 8, 9A and 9B.



sanme destination NIC 306 as the first audio stream SAR 634 converts the
cells back to internal packets. NI C 306 now receives the internal packets
for the fwoaB/ooasd second audi o streans. N C 306 eval uat ePCrhsSopei3sy ity
field in each stream 15 The second audi o stream having internal packets
with the higher priority are converted to |IP packets with synchroni zed RTP
header information and forwarded to the38estination device. The first

audi o stream having internal packets with the ower priority are either
stored in a buffer or converted to IP packets with synchroni zed RTP header
information and stored in buffer. N C 306.20 can.resune forwarding the
first audio stream }Bgﬁéﬁ\@%&%‘ﬁ@aﬁ{ﬁia@oﬁe eé%?ﬁ’v}t%hm%’ﬁﬂ#’ﬁp‘é?@@?“&? ¢ a
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switching according _to t present invention is now described with regard
to FIGs. 8 9A and F@@{V Sa@be&lpwﬁwqﬂcﬁpﬂwéw%@edm@bf torstem&4- 8, a flow

di agraam of a noi sel %§teﬁ%&,¢cﬁﬁ@gnt}8 hl 26489 AEGP nqgé}%OZte?tagﬂs‘?leg ;?f“ ment
of the present inventioh is shown. For brevity, the“noiSeless swiching
routine 800 i s frbasarfirktenhdiv ddurcesddacd asiestieimon@3vick] Qall&ddirbegiddudas st ep
802 and proceeds inmedi ately to step 804. 5 In step 804, call control and
audi 0 feature HeANEGERARAGT éé@ ApEatiafrsswith thy destination deviee & defgamise dhwur ce
604a to a desti i yjllﬁ,e] : I I d_.audi f er 302
negoti ates wt r@%ﬁéﬁg%‘g‘ﬁ nat Oorgf% d%as\?ﬁlggtf{r% aéllg esrt%ld'?e&gﬁé)%gwgqugo%ﬂad UDP
port to use innewvdrkrst audio stream of |P packets sent over a network. 10
Audi 0 source 604a delivers a first audio_stream on one channel for the
estalfl i shed cal | . | A\ushe s@ieR a0 tredalivers aibpt awdip vapam opene channebfptitee st r eam

of _internal equestRACHR! n Sfe BABoGARARS DSP fid:s B 1A olith bpen to

internal egress packets on one channel to cell switch 304 and then to NIC 306.
The process proceeds to step 806.
In step 806, egress audio controller 610 sets a priority field for the first
15 audio source. In one embodiment, egress audio controller 610 sets the priority
field to a value of one. In another embodiment, the priority field is stored in the
CTRL header of the internally routed internal egress packets. The process
immediately proceeds to step 808.
! In step 808, egress audio controller 610 determines the call’s status. In
20 one embodiment, egress audio controller 610 determines whether or not the call
allows or has been configured to allow call events to interact with it. In one
embodiment of the present invention, a call can be configured so that only
emergency call events will interrupt it. In another embodiment, a call can be
configured to receive certain call events based on either the caller(s) or callee(s)
25 (i.e., the one or more of the parties on the call). The process immediately
proceeds to step 810.
In step 810, egress audio controller 610 monitors for call events. In one
embodiment, a call event can be generated within the system 600, such as
notifications of time, weather, advertisements, billing (“please insert another

30 coin” or “you have 5 minutes remaining”). In another embodiment, call events



The process proceeds to step 806. In step 806, egress audio controller 610
sets a priority field for the first 15 audio source. In one enbodi nent,
egress awmpe3oeistol | er 610 sets the priority field to arealuse2ef3sbne. In
anot her enbodi nent, the priority field is stored in the CTRL header of the
internally routed internal egress packets. The process immediately

proceeds to step 808. i In step 808, egré6s audio controller 610 deternines
the call's status. In 20 one enbodi nent, egress audio controller 610
det erm nes whether or not the call allows or has been configured to all ow

call events to interact th n o enbodi_ment of the present
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call events. In oneln&fB8&&? r?BFﬁSS a‘éfh%ﬁ‘l’l}“(%k‘?éﬁ]fo 1ee6i Vet GURErt nokithén n t he
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billi'ng ("pleas I'nsert ano corn” or "you

remai ni ng") . | theprotdie prevgbdinimdtiiatelyad ktep8eat s WO 03/ 003157 PCT/ US02/ 20359
-36 can be sent to the system 600, such as requests for news, sporting
information, etc. EwSEDS4uaeEsTHIte 6‘Pflt6}1136§®0 datermimgs thsr calloewent acer nal | y

and exter nal Ly (a6, GRLLoGYER Sec R RIIRARESIRLBRCRHS ploTERAA Flakche St ep

812. In step 8 egress i 0 con receive even

not, then 5 egsew 8&66}¢}@r&1®6ﬁ1ﬁ&|eh&§ ofrkfirsOdt stepUsR. (A of® Binbodinat, St ed in
step 810. If so, then the process proceeds inmediately to step 814. In

stepl®14, egr ePEoEsuBQ woents Frlag fongrg thregallrgontineest he cal | event and
per one the oper e gRGTESRe e Hloy bl LyEuRD o TUgRTgEgAR Lo
enbodi ment, t hatredf sHitekias Daddbnl BRERT QCCBﬁﬁng?lﬁa dr@%b’iﬁiirhétﬁ of élel présenit | nues.
invention are shown. In one embodiment, flow 900 shows in more detail the
operations performed in step 814 of FIG. 8.
15 Process 900 starts at step 902 and proceeds immediately to step 904.
In step 904, egress audio controller 610 reads a call event for an
established call. In this operation, a first audio stream from source 604a is
already being sent from NIC 306 to a destination device as patt of the established
call. The process proceeds to step 906.
20 In step 906, egress audio controller 610 determines whether the call event
includes a second audio source. If so, then the process proceeds to step 908. If
not, then the process proceeds to step:930.
In step 908, egress audio controller 610 determines the priority of the
second audio source. In one embodiment, egress audio controller 610 issues a
25 command to second audio source 604n that instructs the second audio source to
generate a second audio stream of internal egress packets. Priority information
for the second audio stream can be automatically generated by the second audio
source 604n or generated based on a command from the egress audio controller

610. The process then proceeds to step 910.



In FIG 9A-9C, flow diagram 900 of the call event processing for audio
stream swi tching based on priority according to one enbodi nent of the
present WOEwan0ilsh are shown. I n one enbodi ment, flow 900 PEhANS2/2035N0r €
detail the operations performed in step 814 of FIG 8. 15 Process 900
starts at step 902 and proceeds i Mmediately to step 904. In step 904,
egress audi o controller 610 reads a call-38vent for an established call. In
this operation, a first audio streamfrom source 604a is already being
sent fromNC 306 to a destination device as part of the established call.
The process proceeds to step 906. 2Q In step 906, egress audio controller
610 determi nes whet Hastep AE0.@gpgongdaagio sopse P SNSEERTAZAErONdBIdiTe. | f

so, then the pr S 1. S . . q
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gener at ed baseqiagiingluded et 6ﬂ@d@dda@a.eme9ﬁac@yd1eg];ﬁmwmolsw 91810. The
process then proceeds to&ztzfe;gﬂmo. WO 03/ 003157 PC1/US02/ 20359 -37 In step

910, a second audi o Instsp sedpadiandiogipanaegiasp packeis eredheuennyerted r eam
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packet for mat LB 14ANy type of audi o payl oad including voice, nusic, or
other 5 audio data can be used. Audio payload is neant broadly to also
i ncl e audi o dat a InstspQdécelswitah BOHswigshge thedgtinto anieV @ destined fariilem

proveeds 10 ot oRoRtZultC Phon bl it PR e be A Aa R EBR Dok
process then preegR6sest then ptRedlit step 915.
As shown in step 915 of FIG. 9B, SAR 634 now receives cells for the first
and second audio streams. The cells are converted back to streams of internal

15 egress packets and have control headers that include the respective priority
information for the two audio streams.

In step 916, NIC 306 compares the priorities of the two audio streams. If
the second audio stream has a higher priority then the process proceeds to step
918. If not, then the process proceeds to step 930.

20 In step 918, the transmission of the first audio stream is held. For
example, NIC 306 buffers the first audio stream or even issues a control
command to audio source 604a to hold the transmission of the first audio source.
The process proceeds immediately to step 920.

In step 920, the transmission of the second audio stream starts. NIC 306

25 instructs packet processor(s) 307 to create IP packets having the audio payload
of the internal egress packets of the second audio stream. Packet processor(s) 307
add additional synchronized RTP header information (RTP packet information)
and other header information (MAC, IP, UDP fields) to the audio payload of the

internal egress packets of the second audio stream.



10 In step 914, cell switch 304 switches the cells to an SVC destined for
the sanme destination NIC 306 on the sane egress channel as the first audio
stream Wbe3poxsess then proceeds to step 915. As shown PeTAtSep2B3H of

FIG 9B, SAR 634 now receives cells for the first and second audio
streans. The cells are converted back to streans of internal 15 egress
packets and have control headers that indBude the respective priority
information for the two audio streans. In step 916, N C 306 conpares the
priorities of the two audi o streans. t he second audi o stream has a

f
hi gher priority the rocess proceeds ste 918. If t hen the
process proceeds tomgog en ﬁﬁ‘“q%nt%& ppyi(gt,s ‘EVHE %W%QWS%MP BPE} fie first
audi o stream i §nfiRhdriod O the®XRABRERss MamAQfF thiHifsEaRid E'@eafrﬁ.rﬁlttgfé‘ g?aSt ream
or even issues a control conmand to audio source 604a to hold t

t ransm ssi on ofdesti@tionrdelvicaudiedvesdhe second Hadiopsteanssoigs teteed ©f itarfick at el vy
to step 920. In 920, .the transm ssion of the second audi o stream

starts. NIC 3oéuﬁltz§qua§1-ry&r§0%& wem (Be perRedivef thp destipatipr dewice fipacket s
having the audi Qccgﬁlygﬁ’cﬁg st {}gsécgiggé qgljrgglgt‘i ésnol?s%ff%ﬂ Swit o&th(?ela(}ﬁgﬁprg

audi o stream Packet processor addrtional synchroni z
header i nf or matinterrupdhP? reedGt8 dndf9a0ficonsy candchepfoted Mighel eamd timebAat | on
(MAC, IP, UDP fields) to the audio payload of the internal egress packets

of the second dB@NbOYEF-ddnpregosopaests smmodipfalistiedh - 38 NI C 306 then
sends the 1P packet SAé"%htonntﬁ}{'ﬁ r W,'ﬁﬁde%Trﬁ?ﬂ?c?ﬁ?&thé LR ée%{}m?&[lcfi@e Sane
au ntns way, inatio

egress channel of the firs 1’0 ’stream a des n

devi ce recei vesticha (seg 022). dUdiprockkd pRLRIIS immetaslpaskiaf 9241e first audio
stream WMoreover, fromthe perspective of the destination device this 5

secold audi o streamIn$tapcPd M6 308 deteamines rehetfesr sk tesend) avdie liseam des ay or
U100 SHRBE 14 A9 BRONC 68N SR afScORAPLIR B e\
FIG 9C, N C 3Ghitiohad DpiSorit9NevieDBoven thaaf prédedinggmokels. afdbOthen the process
proceeds immediately to step 930. If not, then the process proceeds to step 922.
In step 930, NIC 306 either continues to forward the first audio stream
15 (after step 906) or returns to forwarding the first audio stream (after steps 916 or
924). The process proceeds to step 932.
In one embodiment, NIC 306 maintains a priority level threshold value.
NIC 306 then increments and sets the threshold based on priority information in
the audio streams. When faced with multiple audio streams, NIC 306 forwards
20 the audio stream having priority information equal to or greater than the priority
level threshold value. For example, if the first audio stream had a priority value
of 1 then the priority level threshold value is set to 1 and the first audio stream is
transmitted (prior to step 904). When a second audio stream with a higher
priority is received at NIC 306, then NIC 306 increments the priority threshold
25 value to 2. The second audio stream is then transmitted as described above in
step 920. When the last packet of the second audio stream having a priority field
value set to O (or null or other special value) is read, then the priority level
threshold value is decremented back to 1 as part of step 924. In this case, the first
audio stream with priority information 1 is then be sent by NIC 306 as described

30 above with respect to step 930.



stream (step 922). The process proceeds imrediately to step 924. 10 In step
924, NI C 306 determ nes whether the second audi o stream has ended. In one
exanpl e, WD@38035T eads a | ast packet of the second audi o ®CTds0?/2088% ch has
a priority level lower than preceding packets. If so, then the process
proceeds imedi ately to step 930. If not, then the process proceeds to step
922. In step 930, NIC 306 either continud8to forward the first audio
stream 15 (after step 906) or returns to forwarding the first audio stream
(after steps 916 or 924). The process proceeds to step 932. In one

enbodi ment, NIC 306 _maintgjns a priqgrity |level threshold value. N C 306
then increments and &P ﬁ?eeg’ﬁrs a Pd"%’é%‘iﬁ BPPeSPest 30Yi emgieg rdh in

Lhe audio Streqqgens el fBERY bl Probtlds ' Blskr WS Qrte! f Winindb Gyl OF var ds

20 the audio stream having priority 1 nforma equal to or greater than
the priority lisstaitiatedr &stwd embaliment, fhestepx afithk abovef destrgbeldipradesaotup St ream
had a priority value, of 1 then the priority level threshold value is set
to 1 and the fisPRytandially 8t hesammtime, suchihatihe pergesssanbe rupispaplldoerin Wien a

N C 906 i ner omineaoy upt i el O e 8 hilrt bibet ol TR SReRad. C 000 Lnai o

streamis then transmtted as described above in step 920. Wen the | ast
packet of the second audio streamhaving a priority field value set to O
(or null or other special value) is read, then the priority |evel

threshold value is Cly k to 1 as part of step 924. In this case,
the first audio stgga%ﬁém.’%%aqgf?oyi ty information 1 is then be sent by NIC
306 as described 30 above with respect to step 930. WD 03/003157

PCT/ US02/ 20359 -39 In step 932, egress audio controller 610 processes any
remalthi ng call evedlS: 6B 2 diagreasel audirdas Bewdds in hegpisplegsuwviigharver i t

term nates unti - ckpst iated, L.n one.enhodi,ne st eps, of the
above- descri bed glsﬁélgl(? gis:i;é'o@g}ﬁlronef %‘tl))g fi g’ﬁ‘inlt'a PT glarggul% Ef(g'a(;%&f’?vﬁg& %‘ﬁv& HIL t hat
the process canntegal patkefd fRshh abdi6lsodiced 604aTh B ANE6IBBBL NHe ABRBFIceP One or
nore processors in the system 600. G Audio Data Fl ow

through cell switch 304 to SAR 634, the flow of internal packets between SAR

634 and packet processors 307, and the flow of IP packets from NIC 306 over the

15 network.
H. Other Embodiments

The present invention is not limited to internal audio sources or a cell

20 layer. Noiseless switch over can also be carried out in different embodiments
using internal audio sources only, internal and external audio sources, external

audio sources only, a cell switch or a packet switch. : For example, FIG. 6C is

diagram of a noiseless switch over system 600C that carries out cell switching

between independent egress audio streams generated by internal audio source

25 604a-n and/or external audio sources (not shown) according to an embodiment
of the present invention. Noiseless switch over system 600C operates similar to

system 600A described in detail above except that noiseless switch over is made

to audio received from an external audio source. The audio is received in IP

packets and buffered at NIC 306 as shown in FIG. 6C. NIC 306 strips IP

30 information (stores it in forward table entry associated with external audio source



10 FIG 6B is a diagramof audio data flow 615 in the noi sel ess switch over
systemof FIG 6A in one enbodinent. In particular, FIG 6B shows the flow
of interwalo3pesnkets from audi o sources 604a-n to SARs 63@CTABB22038€ fl Oow
of cells through cell switch 304 to SAR 634, the flow of internal packets
bet ween SAR 634 and packet processors 307, and the flow of I P packets from
NI C 306 over the 15 network. H. QO her EABodi ments The present invention is
not limted to internal audio sources or a cell 20 layer. Noiseless switch
over can al so be carri ed out in different enbodi ments using internal audio
sources only, int rnal audi 0 so ext er(&al Edi sour ces

only, a cell S\ﬁnfi ﬁStH’iatlﬁn g%‘@?fé \gmegﬁes ingegpa Lié’i‘ BsIgpe agram
of a noisel ess EWLHLRYR in @H&l@%&amd%h& %ﬁBBHEheCsﬁ\}é 1?}%12 66 N9

bet ween i ndependent egress au streans generated by I nternal audi o source
25 604a- n and/ dhroagh ewitet SCMJﬂnh tirouglciesk G6dab SR063) forcarniethisrptotintemal

enbodi nent of the present jnvention. Noiseless switch over éstem 600C
operates sinil drackess. Ay dessribgbahovaethe intemal packets ars themprogessed )éB%Cthat

noi se ess swt r dio
sour ?e The augﬁo&}lsg{rr:}gz g?g:ggt %Fg%%p\ggﬁgf&'h 3""*6‘ t%?%e?glﬁ C 6 as
shown in FIG @06 thirlse3a6 tiet IPi paekdth tBBestinhpomadvicen Thshieves), htusérrt figs war d

tabl e entry associated with external audio source WO 03/ 003157
PCT/ US02/ 20359 destimtign devieaisingiselesyly suiiched pveriig r@eweraa@esfrqmaeﬁmmabac ket's

ed to a e e and
?23; gg cells o?{? ﬁ) S%é@& gﬁé[ ?ﬁ%é&? a{ﬂh%(r%oahgt Ja@?{]cﬁ%%f{%% ﬁragéb% i nk
664 to SAR 634 streimaetiesdsirom the dxtiredlnaldio @(ﬁﬁk@irﬁthe%lﬁééﬁrsml@ﬁl o¥bove, the

internal packets are then qg;rocess.ed bﬁéacket 5 processor 307 to create |IP
packkts with sy#hgpmEAREd eémléﬂrftl?lﬂ% tGDshowyites flggef Ihpasksts figsn ahe | P

packets to dest ee?‘ess%l ?lﬁdlg%%{l!llﬁg gnot nh(%\pé)go ’30% 13 it w otf]u%tgﬁa]a%acg gat | on

device is nois Yy SW recelve au

audi o source. MNIG 308k SARWGZIGthaTloN ofdls mraﬁgﬂ@eﬂlsw/clﬁﬂﬁmkt@smws@ss audi o
streamreceived fromthe external audio source in the noiseless switch over
the flow of internal packets between SAR 634 and packet processors 307, and the

B

flow of IP packets from NIC 306 over the network to a destination device (not
15 shown).

FIG. 6E is diagram of audio data flows 635, 645 in a noiseless switch over
system 600E that carries out packet switching between independent egress audio
streams generated by internal and/or external audio sources according to an
embodiment of the present invention. Noiseless switch over system 600E

20 operates similar to systems 600A and 600 C described in detail above except that
a packet switch 694 is used instead of a cell switch 304. In this embodiment, a
cell layer including SARs 630, 632, 634 is omitted. In audio data flow 635,
internal packets flow through the packet switch 694 from internal audio sources
604a-n to packet processors 307. IP packets flow out to the network. In audio
25 data flow 645, IP packets from an external audio source (not shown) are received
at NIC 306. The audio is received in packets and buffered at NIC 306 as shown
in FIG. 6E. NIC 306 strips IP information (stores it in forward table entry
associated with external audio source and destination device) and generates
internal packets assigned to a SVC (or other type of path) associated with the
30 destination device. The internal packets are routed on the SVC through packet



10 systemof FIG 6C 1In particular, FIG 6D shows the flow of EP packets
froman external audio source (not shown) to NIC 306, the flow of internal
packet s fworm/oM1€ 306 to SAR 634, the flow of cells througkTasbt2eestch 304
back to SAR 634, the flow of internal packets between SAR 634 and packet
processors 307, and the flow of IP packets from N C 306 over the network
to a destination device (not 15 shown).-4H G 6E is diagram of audi o data
flows 635,645 in a noiseless switch over system 600E that carries out
packet swi tching between independent egress audio streans generated by

i nternal and/ or ex}le nal audi o sources according tqQ an _enbodi nent of the

present i nvent iS8Ht S‘QII&Q-@@A’ téﬁ dﬁmegf@t)lé@n@@é@e%l Opekt @8 Behi | ar to
S toh 694 1 s (HeRrbdy DGR bREEbI O Bion AN Bk ithiroBnideice)

cel I layer i nclibftbrmgti®ARNIG306 tiEddendsddhe B packiets ©destinatndiedicd at@this ow 635,
internal packets flow through the packet switch 694 frominternal audio

sources 604a- VaYe2 PifE Ridhe destinatienieyicedynoisqesshysnaicBed o siageei vorudiee
net wog kK. In aquimqgl%geg@}n%l Q&a%va&f‘ré? | P packets froman external audio
ce.

source (not shown) are receive NI C 306. The audio is received in

packets and buff er ediiet 61Ns@iZEE8mIF a 5bie¥IBss switclrbier sfidrem BOCE B@fcasidsions | P
information (stores it in forward table entry associated with external

audi o sour ce arfvigbingbatydenindepondeal egiens aydiostraanas gerierated badnlp axtkeak
assigned to a SVG (or_ather t. of th ssociated with.the.30 .

dest ignat i on dev%ugg(soﬁlﬁcgs AP ‘Mgfo %la%ﬁ@?‘gﬁlgﬁeosf?lﬁwrgﬁe%wvteﬂtéo %fﬁ?%gh
packet WO 03/ 0Q5z1faémBaldidxdarotl 3ReSequirtll. SUCBOR s@iPé It Afdhrtatidl stordSit fieScr i bed

above, the internal packets are then processed by packet processor 307 to
creal® | P packdoevau tablespinyassosiatesivitieerdenal audfosonee enddesin@igoBvichkn sends
the EP packets t

destination device. In this a user at the
desti nation qe\ﬁngegeingmﬁeg [ @éﬁ%@s??k\s‘w '?Séllgg‘a&] &0 glt%j F%rcgli%re t%d?égpatg) from an
external audi o BHiAE] with the 8dstingtich AN e iAtehRl] PaLIRESars Whohted oR\RS System
600F that carries out swtching between independent egress audi o streans
gener at ed by or¥CexNEE 3. (NIC 306 can be a common source and destination point). As
described above, the internal packets are then processed by packet processor 307
15 to create IP packets with synchronized header information. NIC 306 then sends
the IP packets to destination device. In this way, a user at the destination device
is noiselessly switched over to receive audio from an external audio source.
Functionality described above with respect to the operation of egress

audio switching system 600 can be implemented in control logic. Such control

20 logic can be implemented in software, firmware, hardware or any combination
thereof.
X. Conference Call Processing

25 A. Distributed Conference Bridge

FIG. 10 is a diagram of a distributed conference bridge 1000 according to
one embodiment of the present invention. Distributed conference bridge 1000 is
coupled to a network 1005. Network 1005 can be any type of network or

30 combination of networks, such as, the Internet. For example, network 1005 can



audi o sources according to an enbodi nent of the present invention. No
swtch or internal audio sources are required. NIC 306 strips IP

i nformat iwo o3moaases it in 10 forward table entry associ at @dTWiSv28%¢ er nal
audi o source and destination device) and generates internal packets
assigned to a SVC (or other type of path) associated with the destination
devi ce. The internal packets are routed d@&-the SVC to NI C 306. (N C 306
can be a common source and destination point). As described above, the

i nternal packets are then processed by packet processor 307 15 to create IP

ackets with synchroni zed, header information. NI C 3Q6 then sends_, the IP
Bac_ket s ¥Mo de;%llpﬁﬁii? dh RP&WtCSé"fltcﬁ‘ﬁé t‘?ﬁt‘é{g%aﬁr 4 B@gf:tegtswtlﬁge%e%eﬂvﬂrét iBn
device is noi s@hssdibnSWith Cah&fkuﬁysgvgghg% nEGRIN e RAYdhibef of Totdred eapal

audi o source. Functionality descri ove Wwth respect to the operation
of egress audipartfipdnthCh@ N yat comméd throwgh deewonkdl0d fendiedibutedeconferente | 0gi C.
Such control %qo, I o%c can be inplenented in software, firmnare, hardware
or any conbi natirigige 100 s example sonfessncs call parfisipmpts €4 <N ggn place VOIP

Di strg buted Co Sgrtﬁg%%hBﬁét%Q( Hb&5 & dnfack ﬁﬁ%ﬁgﬁt@&ncﬁﬁe@?ﬂg Sﬁrﬁdég%@

conference bri according to one e I ment o e pr

i nvention. Di stDistibued cafdreicertarlghriod@és dARBId snd emupindl} 4ny munitrl 0or K
1005. Network 1005 can be any type of network_or 30 conbination of
networ ks, such cqaference calhpasticipauits. Fgr cxame, distribysed gonferarmo bridgml 0fPcas/ 003157

T U021 20355 by NS PRl S ARSI o i 4000 o

packet ed- swi t ched networ crrcul

A nunber of conheeeoaferat kall patitipetoant s C1- CN can connect through network
1005 to distributed conference bridge 1000. For exanple, conference call
par t1®i pants C 1- ON Anshpyméne FIG\EY, pdistribater qonfesenss bitderobOR0 tingiadasoa cont act

distributed co I 0 i I bri.d 1000 is
scal abl e and cargél)ﬁ{?g%gg88551%9{%0#@8%“8?&11?:%%%%%?%1%0W)gg%F‘é’ftf)l}:\ﬂﬁg > For
exanpl e, di stridadta@diocsvuier B0M0e Osnfe@acd MPagan 10TRRMoupkanbevenm@ocal | s

between two Const)v?trcﬁrllggo afl:nadI alud?oasglirc%ilggg tlgll(gJ POZtOCis c]-(?uOO b
. pled between network 1005
and switch 1030. Switch 1030 is coupled between NIC 1020 and audio source
15 1040. A look-up table 1025 is coupled to NIC 1020. Look-up table 1025 (or a
separate look-up table not shown) can also be coupled to audio source 1040.
Switch 1030 includes a multicaster 1050. NIC 1020 includes a packet processor
1070.
Conference call agent 1010 establishes a conference call for a number of
20 participants. During a conference call, packets carrying audio, such as digitized
voice, flow from the conference call participants C1-CN to the conference bridge
1000. These packets can be IP packets including, but not limited-to, RTP/RTCP
packets. NIC 1020 receives the packets and forwards the packets along links
1028 to switch 1030. Links 1028 can be any type of logical and/or physical links
25 such as PVCs or SVCs. In one embodiment, NIC 1020 converts IP packets (as
described above with respect to FIG. 7A) to internal packets which only have a
header and payload (as described with respect to FIG. 7B). The use of the
internal packets further reduces processing work at audio source 1040. Incoming
packets processed by NIC 1020 can also be combined by a SAR into cells, such
30 as ATM cells, and sent over link(s) 1028 to switch 1030. Switch 1030 passes the



nore conference call participants. 10 As shown in FIG 10, distributed
conference bridge 1000 includes a conference call agent 1010, network

i nt er f acewomawoxabt er (NI C) 1020, switch 1030, and audi 0 sS®OTASILONEE?
Conference call agent 1010 is coupled to NIC 1020, sw tch 1030 and audi o
source 1040. NI C 1020 is coupl ed between network 1005 and switch 1030.
Switch 1030 is coupl ed between NI C 1020 d8d audi o source 15 1040. A | ook-up
table 1025 is coupled to NIC 1020. Look-up table 1025 (or a separate

| ook-up table not shown) can al so be coupled to audio source 1040. Swtch
1030 includes a multicaster 1050. N C 1020 i ncl udes a packet. processor

1070. Conf er endBCQRNE Pagksttirorn NAC d Q2R or celiva to apdioyipuasedi048 op link(s) 19352 nunber

of 20 partici i 0 Al . I i 0, such
oS digitized  VaTE® PSR EARy i idoREH mdREBARLS SRL BB E LY | O
t he conf er ence rok lifiged td,C0OVCHASYE. packet s can be | P packets including, but

not Iimtedto, RTP/RTCP packets. N C 1020 receives the packets and
forwards the packet shudippiovidatkaver kipbs1Q3s iswpferpd tomahis donfesenve bgidgan be

any type of logical _.and/ or S Links 25 such.as PV r-SVCs. Ln one
oo et N SRR ol P RhfeRlal pS® s RS ReshOR sBhe TR kol £s oot
to FIG 7A) to paiicepddd orakeidik W03 hAGdibah axe b@prmmhte@mynﬁmhg@d (as
described with respect to FIG 7B). The use of the internal packets

further reducesngrasdeesslikswiBk astshawaiio HoulBe Stohdintemebaidig” cpabket s
rocessed by NIC 1020 can al so be conbi ned a SAR i.nt ell.s,,such 30 as

R corte. “hna stesth Bysh sdeRReRen St SEa fuco Soneisi BEiSend Bl oo

the WO 03/ 0031%4nfekcb/2aR/ 20bRternfl SuldRC oM B pRAEdeatisy ﬁlgpﬁﬂc% GodBL@r (or

cells) to audio source 1040 on link(s) 1035. "Link(s) 1035 can also be any
t ypel®f | ogi calacegssgdoliromiastoreas dgvieskeoupted el conferepeg bridgst1000ni ted to, a PVC

O UG o b ovt SR esleb DTS b BEULAST b Bt ARSI TS,
f(r)] tm; ﬂ\ g |nf 5 tcﬁlr Lll?gﬁag‘ehé&i@%ﬁmﬁﬁ%acﬂ% WBritkink0the MG aAd Sehd3GhPT OVi ded
packets over link(s) 1045 to switch 1030. In particular, audio source 1040
generates a fully mixed audio stream of packets and a set of partially mixed audio
15 streams. In one embodiment, audio source 1040 (or "mixer" since it is mixing
audio) dynamically generates the appropriate fully mixed and partially mixed
audio streams of packets having conference identifier information (CID) and
mixed audio during the conference call. The audio source retrieves the
appropriate CID information of conference call participants from a relatively
20 static look-up table (such as table 1025 or a separate table closer to audio source
1040) generated and stored at the initiation of the conference call.
Multicaster 1050 multicasts the packets in the fully mixed audio stream
and a set of partially mixed audio streams. In one embodiment, multicaster 1050
replicates the packets in each of the fully mixed audio stream and set of partially
25 mixed audio streams N times which corresponds to the N number of conference
call participants. The N replicated packets are then sent to endpoints in NIC 1020
over the N switched virtual circuits (SVC1-SVCN), respectively. One advantage
of distributed conference bridge 1000 is that audio source 1040 (i.e., the mixing
device) is relieved of the work of replication. This replication work is distributed

30 to multicaster 1050 and switch 1030.



one or nore |inks 1036 as shown in FIG 10. Such "internal audio" can be
speech, nusic, advertisenents, news, or other audio content to be mxed in
the confwoeamesisall. The internal audi o can be provi ded IPgTArSyg2/203689 0
source or 10 accessed froma storage device coupled to conference bridge
1000. Audi o source 1040 m xes audio for the conference call. Audio source
1040 generates out bound packets contai ni-A¢- t he m xed audi o and sends the
packets over link(s) 1045 to switch 1030. In particular, audio source 1040
generates a fully m xed audi o stream of packets and a set of partially

m xed audi o 15 streans, |n one enbodi nent, audi o source 1040 éfév"mxer"

since it is mixing MNGd03) theppaereesss PYbgwHagksatiNme B SaBTY N1y

ince it is mxing M B .
ot 11 er 1 nf 60 SeET B it 3 isSl 0 ol RSN BFMEMIET BT |

The audi o sour gartfalllyrixee autiitestraapRrop tatferehdddcalnpatidiphntoC1WN.CcAMiLr ence
call participants froma relatively 20 static | ook-up table (such as table

1025 or a separdgteamingfipe iinededrasedompasket hegderdaformatim ingedditeg duringrd st or ed

at t initiatign.of th fernen LI MUl i I nul ti.casis the

pack(tf S in the C?ﬁﬁe?e;;m%nca}e(i}é Ogﬁg‘lgh a%??t an\’m%%a;vgg@&@fw%@g%?%ﬁup?br?f?&ed_ audi o

streams. |n onengabied heRrRE infoRmdtios astiehs TAS@nd I£Plitlaa vafkttid theRckRisS | N

each of the fully m xed audi o stream and set of partially 25 m xed audio
SO

streanms N ti negpiopaptedorscadips teiapartciphet assosinsewitipthe elf gess then gl |
articipants. The N.replicated cket re then nt to endpoints. in NIC
0020 “over the PO ohuraey fir ittt ool pbopsiie. 1H€ roeky X PBESRAIRL y. one
advantage of ai gdwbiupREcCaH ﬁ)?@_éh@i@d%hﬂﬂ?a:ﬁ&@%ﬂ sOthBAtis@UHé pagi@bice 1040

(i.e., the mxing device) is relieved of the work of replication. This
replitati on wordiscaxledi ktone parbedimeng themetworkipaclet isian Mypgketrwhicvinclodes1 030. WO

03/003157 PCT/ Us02/ 20359 =44 N.C 1020 then processes. o acket s
arriving on ea(LgEe ‘%\7&%%“ RAGHRAD ¥ AT i Wéﬂrﬁg??ffoélgwacﬁﬁ rd the
packets of the ohtHided Fon ﬁ%cﬂtﬂ% tabiB 102 R RTP/RTEPPatethndsrtih RAMBL b tifne
conference call participant CI-CN. This determnation is nmade based on
packet header istdmy/sequénne informatign)tandrudiordatag The audio data is the mixed audio

data appropriate for the particular conference call participant. The operation of

15 distributed conference bridge 1000 is described further below with respect to an
example look-up table 1025 shown in FIG. 11, flowchart diagrams shown in
FIGs. 12 and 13A-13C, and example packet diagrams shown in FIGs. 14A, 14B

and 15.
20 B. Distributed Conference Bridge Operation

FIG. 12 shows a routine 1200 for establishing conference bridge

processing according to the present invention. (Steps 1200-1280). In step 1220,

a conference call is initiated. A number of conference call participants C1-CN

25 dial distributed conference bridge 1000. Each participant can use any VOIP
terminal including, but not limited to, a telephone, computer, PDA, set-top box,

network appliance, etc. Conference call agent 1010 performs conventional IVR

processing to acknowledge that a conference call participant wishes to participate

in a conference call and obtains the network address of each conference call



5 conference call. For each packet arriving on a SVC, NIC 1020 determ nes
based on packet header information, such as TAS and I AS fields, whether

t he packewoios/oomppropriate for sending to a participant apsvdisarzmsmith the
SVC. If yes, then the packet is forwarded for further packet processing.
The packet is processed: into a network packet and forwarded to the
participant. Otherw se, the packet is 104¢i scarded. In one enbodi nent, the
network packet is an IP packet which includes the destination call
participant's network address information (IP/UDP address) obtained froma

| ook-up table : R et _header. i nformat.ion (ti . _

st anp/ sequence %?ﬁ%ﬁa%ﬁ‘og n%@%’gh%%eéwgﬁ?ggﬁss ar SaW]gfﬁ?’é’uf 8% xed
audi o data appingpditel® dn@for lUTEP RddrédsGhforhasnf er ence call participant. The
operation of 15 distributed conference bridge 1000 is described further

bel ow wi th respect tostapl24oeptup thtde k02Xds gerisrated. CXmferbmercall r\gdﬁtmll?ll,

fl hart di h i FIGs,. 12 and -13C, and exa e packet
[Fovehart o1 a0 AR R e b e o s NIRRT e TR RSk L
Bri dge Cper at | opy foGn s eumpR GPHIG. M, 1R BblERIAPHERRENE gRter ence

bridge processing according to the present 1Invention. teps 1 1280).
In step 1220, cerreypahdingtatbe Nabhfersice callpaaticphntsin therdoaferafce calihiitfaesice cal |

bar 1 o pant calf 06 120" Jiseh shlrrifhcliup FehG ARG focides dor SVFrdeiiero,
t el ephone, conmpyghffencdBNCES! aﬁ@ﬂet%%k :ildcﬁ’@srs‘i\%i‘mgtmﬁl. | ARCSVChGminEP R er ence

call agent 1010 perforns conventiona VR processing to acknow edge that a
conf erence cal knpawmber graing that sdeatifieoa particillar S3ME Ini onecexaaple tigns¥Ccal | and

PCTI0502] 20356 e Yiewabeh e Ry el foanmel WoPRNEHISLD.
ot o0 PR, S el i en AU ML LS
agent 1010 catabireHEXSaind indtead tedkherpntlyedskeriated imthithacatdno 1B bnttyoingener at e
ELBSSl :)glél- 38 ets aai{egt'ﬁl?lp? g@fexsarrlr?pvl\g allfri1rstt g?]\? C(?:)a(lr;il rl;eplas?sogira]ltelczllw%th t%):é’firlstoe%lgr-y lillllj thteabl ©
table, a second SVC can be associated with a second entry in the table, and so
15 forth. The CID is any number or tag assigned by conference call agent 1010 to
a conference call participant C1-CN. The network address information is the
network address information collected by conference call agent 1010 for each of
the N conference call participants.
In step 1260, NIC 1020 assigns respective SVCs to each of the
20 participants. For N conference call participants then N SVCs are assigned.
Conference call agent 1010 instructs NIC 1020 to assign N SVCs. NIC 1020 then
. establishes N SVC connections between NIC 1020 and switch 1030. In step
1280, the conference call then begins. Conference call agent 1010 sends a signal
to NIC 1020 and switch 1030 and audio source 1040 to begin conference call
25 processing. Although FIG. 12 is described with respect to SVCs and SVC
identifiers, the present invention is not so limited and any type of link (physical
and/or logical) and link identifier can be used. Also, in embodiments where an
internal audio source is included, conference call agent 1010 adds the internal
audio source as one of the potential N audio participants whose input is to be

30 mixed at audio source 1040.



corresponding to the N conference call participants in the conference call
initiated in step 1220. Each entry in | ook-up table 1025 includes an SVC
i denti fi ewpo3pexiference 1D (CID), and network address inf@cratSoom3sdhe SVC
identifier is any nunber or tag that identifies a particular SVC. In one
exanple, the SVC 10 identifier is a Virtual Path Identifier and Virtual
Channel Identifier (VPI/VCl). Aternati¥éty, the SVCidentifier or tag
information can be omtted fromlook-up table 1025 and instead be

i nherently associated with the location of the entry in the table. For

exanple, a first SVC can be associated with the first entry in the table,

a second SVC can be%?%F%@@i\ﬂfsflﬂmﬁe‘g%@gﬁﬁn‘?nwclgei Wogﬁgnpgﬁp@f,eregﬁg so 15
forth. The CI D ALY -t i I n t 1010
to a confer enggﬁggﬁéssp t%‘f"%&ﬁ‘t ia%% %}g%tﬁétl\ﬁggégg dr%“g)ggrgilﬂrﬁggg%gti onis
the network adthpeSO0iandl provatdsao sepll1Bee.t Bxktdpy13d0nhelie pagce H040 mgstdrs 1010

for each of the N conference call tE}arti Ci gants. In step 1260, NI C 1020
assi gns r espectthigy vibs ipeonaing gudip sirpaims ofthp senferensaealkparigipanyCdo@Ner ence

|1 i Ci . | . f: 1010
st rbets N G 035 RaReloaY i BE GRS BY B R EIRERGE, i ho B
connecti ons betawgiral Nighal PadseordDSP). tAdY cbid3éntidnal t8¢igiRquefébonitdihgaRdf er ence

call then begins. Conference call agent 1010 sends a signal to N C 1020
and switch 103018y ohadigitized gpdio stople qap beagida e sigpd p2h@udiespyrcp 3040

onti 11 or's, o aehek aurtr o ol E SRLARE Wb of FREGRIR Bombordy AL i

(physical and/ig10.) egiyaaimbea b attivekspeal@nd &dn 6y seldtfed) EinUsREmbddiAent] &
enbodi nents where an internal audio source is included, conference call

agent0 1010 addsopfeeerica edl} isdimitegyielthgeasastive epegkers Alea given time.ptthiscasel UN audi o

ticipants i I e 0.m a udi o, .sgur.c 040. MO
631 003157 peT] CRDSHARRY heRtsd it elsadi B Blor B S BROE e el
bri dge 1000 dursirefn€RiVfigg heGRost 6Rdrby BRDELHS nitthitofing ROwep 82071 Gs. 13A-13C

(steps 1300-1398). Control begins at step 1300 and Froceeds to step 1310.
In step 1310, audi o Nestrayiolsprocetii0; gangrates and sends fully mixed and partially

mixed audio streams (steps 1330-1360). In step 1330, one fully mixed audio
15 stream is generated. The fully mixed audio stream includes the audio content of
the active speakers determined in step 1320. In one embodiment, the fully mixed
audio stream is an audio stream of packets with packet headers and payloads.
Packet header information identifies the active speakers whose audio content is
included in the fully mixed audio stream. In one example, as shown in FIG. 14A
20 audio source 1040 generates an outbound internal packet 1400 having a packet
header 1401 with TAS, IAS, and Sequence fields and a payload 1403. The TAS
field lists CIDs of all of the current active speaker calls in the conference call.
The IAS field lists CIDs of the active speakers whose audio content is in the
mixed stream. The sequence information can be a timestamp, numeric se(iuence
25 value, or other type of sequence information. Other fields (not shown) can
include checksum or other packet information depending upon a particular
application. In the case of a fully mixed audio stream, the TAS and IAS fields are
identical. Payload 1403 contains a portion of the digitized mixed audio in the

fully mixed audio stream.



energy in the incom ng audio streans of the conference call participant
Cl-CN. 5 Audi o source 1040 can be any type of audi o source including, but
not |im two oBop315a digital signal processor (DSP). Any comcentSonmesb9
technique for nmonitoring the energy of a digitized audio sanple can be
used. In step 1320, audio source 1040 determ nes a nunber of active
speakers based on the energy nonitored i4/-step 1310. Any nunber of active
speakers can be selected. In one enbodinent, a 10 conference call is
limted to three active speakers at a given tine. In this case, up to

th ti k t i d i dt, he . to th
ot o Sty vams ot T sBnaadBs fidh Gptrst Hofi0 setds GRASIY riifed fodif seds 1350,
Next , di . i Y . | |

xt, audio SO%@&%\t&pﬂ’pst%g @%c%es%v@nqo@@.n%vewahg,s%sggagggﬁpgﬂppﬁtg G el Y

m xed audi o stFeans (ste 1330-1360). In step 1 y m xed audi o
15 streamis gemdemhedcalll(thaf isl thpserdatermiaedinot $¢ bedamtheabmbesof beiveudi o
content of the acgi ve speakers determned in step 1320. In one enbodi nent,
the fully mi xetPeasgiddefeuningd in step 432 wilbhear puxed ¥idip rercihe fulfyt mixsdck et
headgrs and paylfadseam Packet header information identifies the active
speakers whose audio content is included in the fully m xed audi o stream

I n one exanpl e, as kw1330, Bhdio sddibe 204(Rghietateilet 6f fLdallyganed ahdis an

out bound internal packet 1400 having a packet header 1401 with TAS, |AS,
and Sequence f$EaES. i sst phpialy mapssl audie strgaans isjthangsent tor swichgd30f al | of
the current acg] . EEE f . Th field
lists ClDs of {sh%ﬁéé@f{%@ég@ﬁéé@gh%osedéﬁ%ﬁ%&%@ﬁf@?{? Ila|k:sd . %teﬁ#éﬁsaﬁldx ed

stream The seggmencstep 1660 iRdludes themikal sudid BBRERGT, thd dreipi of id@fRACEe 25
val ue, or other type of sequence information. O her fields (not shown) can

i nclllde checksHvespeakasdetarained in step A 30 minusdbg auio eepiens of a sespeativecul ar

application. | : fgl Ly -m xed..audi .r.eam.. the TAS and | AS
fields are i d%ﬁ’ I cé?&ﬁ%asé%%kgﬁ ’Jliilfdéc@fgﬁttagpﬁ%spaeglﬁ%:is[ I %??%VF SPHETI I zed

ni xed audi o i nthihpgoup ofl deyiverbpearers deiefmied @@ tep V82O @I RPESHick e Pakialiy/ 20359
-47 I n step 1340, audio source 1040 sends the fully m xed audio stream
generated i n sE¥pdrud® stgamip ditpcta®30. Eventual |y, passive participants in

the In one embodiment, audio source 1040 inserts in packet payloads the

15 digital audio from the group of identified active speakers minus the audio content
of the recipient active speaker. In this way, the recipient active speaker will not
receive audio corresponding to their own speech or audio input. However, the
recipient active speaker will hear the speech or audio input of the other active
speakers. In one embodiment, packet header information is included in each

20 partially mixed audio stream to identify active speakers whose audio content is
included in the respective partially mixed audio stream. In one example, audio
source 1040 uses the packet format of FIG.14A and inserts one or more {
conference identification numbers (CIDs) into TAS and IAS header fields of
packets. The TAS field lists CIDs of all of the current active speakers in the

25 conference call. The IAS field lists CIDs of the active speakers whose audio
content is in the respective partially mixed stream. In the case of a partially
mixed audio stream, the TAS and IAS fields are not identical since the IAS field
has one less CID. In one example, to build packets in steps 1330 and 1350, audio

source 1040 retrieves the appropriate CID information of conference call



conference call (that is those determ ned not to be in the nunber of active
speakers determned in step 1320), will hear m xed audio fromthe fully

m xed 5 wWOdBO0BESTeam |In step 1350, audi o source 1040 gememaisey2msset of
partially m xed audio streans. The set of partially m xed audio streans is
then sent to switch 1030 (step 1360). Each of the partially m xed audio
streans generated in step 1350 and sent-48n step 1360 includes the m xed
audi o content of the group of identified 10 active speakers determ ned in
step 1320 m nus the audio content of a respective recipient active
speaker. The recipient active speaker is the active speaker within the

group of acti vePastirapandyisorgagelatiyehedaticloak-up tabl(suehnrdables  ORfics Aseparaie t i al | y

Tnser o i npackarCpig B Rred & @R ERR TR B Rahs: Cup of

identified active sekeifiple]ifdsohfBRnadiciioykaoiRare ¢ pirhGiphfts (WE@AS active
speaker. In this way, the recipient active speaker w I? OP recei ve audio

correspondi ng tab vhid threswre idpeitfice ag actiedipeakenp(lt3), tHemenefully mised augis pi ent

epeaicor o T oreahsn 2 huhb  ARTRED o bR Pl B REOE RSB - eac
20 partially nijxesbnadiyQefit to@aeA bOtht 8¢ Pakdive ﬁﬁi&i}sﬁnt&pgﬁ%g?iﬁgiﬂﬂ?%ﬁx@d‘di 0

content is included in the respective partially m xe stream In one
exanpl e, audi o audmatrcems @reOthew generdied jnosteet 3300 rAvfitst phrtigllGnilixXedl siredmi hsert s

f i dentificat b | i T. d | AS
header 11l ds  SPIAIRARBIGIORAREAKEE 43 AuEHPT BraetTnd Seons Py ABked r ent
active speaker kit @mRnCARES BACH eI 1-3TR nbepehke!Hd Aitﬁ}éll)%iﬂi;y of the

active speakers whose audio content is in the respective part m xed
strein | n t he mixeéstofana3 pentainsiudio froimepdaksrsdl and bue aot spedker TABhetingt | AS

Lo 0o 20 e ot el e MRS bR oSl b Srler
e e pone PHLERVARL o ALY T AR RE e IR0 001T
(such as tabl e thi@2pamiallp mexgh ne¢dbe generated by audio source 1040. This reduces the
work on audio source 1040.
15 As shown in FIG. 13B, in step 1370, multicaster 1050 replicates packets
in the fully mixed audio stream and set of partially mixed audio streams and
multicasts the replicated packet copies on all of the SVCs (SVC1-SVCN)
assigned to the conference call. NIC 1020 then processes each packet received
on the SVC (step 1380). For clarity, each packet processed internally in
20 distributed conference bridge 1000 (including packets received at SVCs by NIC
1020) are referred to as internal packets. Internal packets can be any type of
packet format including, but not limited to, IP packets and/or internal egress
packets described above in Figs. 7A and 7B, and the example internal egress or
outbound packet described with respect to FIG. 14A.
25 For each SVC, NIC 1020 determines whether to discard or forward a
received internal packet for further packet processing and eventual transmission
to a corresponding conference call participant (step 1381). The received internal
packet can be from a fully mixed or partially mixed audio stream. If yes, the
packet is to be forwarded, then control proceeds to step 1390. If no, the packet

30 is not to be forwarded, then control proceeds to step 1380 to process the next



table) generated and stored at the initiation of the conference call. For
exanple, in a conference call where there are 64 participants (N = 64) of
whi ch t hrwe oanesisdenti fi ed as active speakers (1-3), thenremasshukd3ye m xed
audio 5 streamw || contain audio fromall three active speakers. This
fully mxed streamis eventually sent to each of the 61 passive
participants. Three partially m xed aud#® streans are then generated in
step 1350. A first partially mxed stream 1 contains audio from speakers
2-3 but not speaker 1. A second partially mxed stream 2 contains audio

from speakers 1-3 but not eaker 2. Athird partiall m xed_stream 3
cont ai Ir[:s audi o pﬁaﬁ% g"b@ﬁ?(é&g) ?}’eal?ﬂ?ﬁ? IBBfOCﬁ%%"dg‘ﬁ@éﬂ@?‘”‘%kﬁﬁédﬁtr It ong py ough
third tiall ) ' . 1-3
ospect tvel v Fboffflt loReri Rl 1076 sEREEbiokeBtlel DA RRARTR: 15

and three par tpasicipanti netwiprkndédsdiafgmator{Bdndyr BDBiaddis) ob@int@&Om Thi s
reduces the work on audi o source 10 showmn in FIG 13B, in step

40. 15 As
1370, mul ti casthsloakyp tablg)02e sPacketregassar 10y O further 3dds psaugnsedafognaian st r eam

d set of | ' ' : |ti j cat ed
20, 56 O, B2 Skl bR EPICEP gt RGBR TR Ron UL RS bl RO BPhER: o0
call. NI C 1020 tyeeof peqeass afompaionpacheker pecvesorl 1000 dahegen¥fatd stcp 1380) .

For clarity, each packet processed internal in 20 distributed conference
bri dge 1000 (i fedqusarhiforaadiendaseseen theqorder @i/@elmd packets Bod(or based aref er r ed

to as internal . n 1 acket format
I ncl udi ng, but Sn(g%’h?% %‘wf?%‘{é{‘%@'ﬂ?%%@% € (}gerllccli)%%cr’%la%% lgﬁlr%g]fe?%%?%gage acket s
descri bed abovehd audid gsurce’/ 48N Br BPmuitivdste 8030y aFRdket gfﬂceisﬂﬁllomtfuﬁﬁér or

out bound packet described with respect to FIG 14A. 25 For each SVC, NIC

1020i0et er ni negddhaparead i each ko packet ibatdnaludescausiio figm theeeerivedacket

for further pag 0 i e tual .transm ssi t correspondi ng
conf erence cal ff‘}ﬁg}é‘? fézgﬁgtzoﬁe%ﬂk%gﬁg%deé@%pfé?q%%g.n?.elggl 3@%[9 ﬁ'noﬁp %Cﬁﬁgﬁ)mc?)sﬁ%rket can
be froma full yondXaen &ndp ectdeabated TPpacked usihe pﬁﬁfc?ﬁﬁi (stef[p Bes). the packet
Is to be forwarded, then control proceeds to step 1390 f no, the packet

30 is not to be for/Rnedéature érthe coresent investierds thet theepackeBoracessiencess

the next WO Osldg e%%;tigrg-il;{ sl’gc%) %gloéga%gbe performed quickly and in real-time during a

15 conference call. FIG. 13C shows one example routine for carrying out the packet
processing determination step 1381 according to the present invention (steps
1382-1389). This routine is carried out for each outbound packet that arrives on
each SVC. NIC 1020 acts as a filter or selector in determining which packets are
discarded and which are converted to IP packets and sent to a call participant.
20 ‘When an internal packet arrives on a SVC, NIC 1020 looks up an entry
in look up table 1025 that corresponds to the particular SVC and obtains a CID
value (step 1382). NIC 1020 then determines whether the obtained CID value
matches any CID value in the Total Active Speakers (TAS) field of the internal
packet (step 1383). If yes, control proceeds to step 1384. If no, control proceeds
25 to step 1386. In step 1384, NIC 1020 determines whether the obtained CID value
matches any CID value in the Included Active Speakers (IAS) field of the internal
packet. If yes, contro]l proceeds to step 1385. If no, control proceeds to step
1387. In step 1385, the packet is discarded. Control then proceeds to step 1389
which returns control to step 1380 to process a next packet. In step 1387, control
30 jumps to step 1390 for generating an IP packet from the internal packet.



-49 packet. In step 1390, the packet is processed into a network I P packet.
In one enbodi nent, packet processor 1070 generates a packet header with at
| east t hewOpmatnoiis? pant' s network address infornmation (1P &00/us02/BR
address) obtained from the |ook-up table 1025. Packet processor 1070
further adds sequence information 5 such as RTP/ RTCP packet header
information (e.g., a tinestanp and/or ot-b@& type of sequence information).
Packet processor 1070 can generate such sequence information based on the
order of received packets and/or based on sequence information (e.g. the
Sequence field) provided in packets generated by the audio source 1040 (or

by mul ticaster 1050¥n S‘Pﬁdﬁgﬁ fp?%ﬁ%ﬂ#@ﬂ Oi@ﬁ)Tﬁﬁraﬂlﬁéﬁslf@ﬁl%@sm%depalﬁlﬂéﬁd in

each network p t th e i packet
bei ng forwar degl(érag aéé p%ih i paﬂ} éle%%%! ‘?fo‘lzﬁﬁ{? %gc§ lt% %r;%g%l sgg‘% r1%6’70) t hen
sends the genegghies] prdtebdrioatept IB87NEn 8 1387, @@ﬁiolgﬁhp@to%&%@womﬂtﬁ@ature
of the present invention is that the packet processing determnation in

step 1381 can ﬂ“é\spmdﬂélsrfmdwbnmlsielstml,“thﬁnrcealmltprﬁ@equSmy B85md ¢lanf er ence
call .. FIG 13C sﬂ#:s ‘f arrpl e routine for carrying out the packet

pr océsm ng det BPiChit Ep 1381 according to the present invention
(steps 1382-1389). This routine is carried out for each outbound packet
that arrives on each SVC. NIC 1020 acts as a filter or selector in

det er mi ni ng whi ch p&tkeutbowndPadtesClawdbrbugh disttibutad Slosferenveddridgd to | P
packets and sent to a call participant. 20 Wien an internal packet arrives
on a SVC, NIC 1020 | ooks up an entry in |look up table 1025 that

corresponds to the Qﬁﬁﬁé&ﬁ?@ék&ﬁ@wﬂﬂqlsﬁmlﬁécfb%n%r&lc@bnﬂgé HRolisi&erigaaB2) - NI C
1020 then determ nes whether the obtained CI D value natches any CI D val ue

in ti9e Total Adwithee wHhaaspecstoEeXaBplefpagkels mfa GApersont mnlfmbnce;mﬂ lekowif 8t ep
1383). If yes nt r ol 1384. |f no, contr eds 25 to
step 1386, 1 n G 14304 TS ek so bt BF it FEbSBeuEatE D val ue
ot ches any G ek By i R A5 FolochNE PRIl Fhodd Bl f ¢ e
internal packet. If yes control proceeds o no, control

proceeds to stemxedL&Bg {Ch, 2 ER}H1IBMD 1rtf¢nmamanhntpacbstdlesm ibedenotedrby ol t hen

roceeds to ste ich returns control to step 13 ocess a next
B acket. In st elgﬁi@'ﬁl}lngé & f§SpEctive active speaker participants ?e g % C% %r?, 3

15 Sequence information is simply shown by a sequence number 0, 1 etc.

In this example, there are 64 participants C1-C64 in a conference call of
which three are identified as active speakers at a given time (C1-C3). Audio
participants C4-C64 are considered passive and their audio is not mixed. Audio
source 1040 generates one fully mixed audio stream FM having audio from all 3

20 active speakers (C1-C3). FIG. 14B shows two example internal packets 1402,
1404 generated by audio source 1040 during this conference call. Packets 1402,
1404 in stream FM have a packet header and payload. The payloads in packets
1402, 1404 each include mixed audio from each of the three active speakers C1-
C3. Packets 1402, 1404 each include packet headers having TAS and IAS fields.
25 The TAS field contains CIDs for the total three active speakers C1-C3. The IAS
field contains CIDs for the active speakers C1-C3 whose content is actually
mixed in the payload of the packet. Packet 1402, 1404 further include sequence
information 0 and 1 respectively to indicate packet 1402 precedes packet 1404.
Mixed audio from fully mixed stream FM is eventually sent to each of the 61

30 currently passive participants (C4-C64).



30 junps to step 1390 for generating an |IP packet fromthe internal packet.
WO 03/ 003157 PCT/ US02/ 20359 -50 In step 1386, a conparison of the TAS and
| AS fiel owoiog/opde. |f the fields are identical (as in tireTamer289a fully
m xed audi o stream packet), then control proceeds to step 1387. In step
1387, control junps to step 1390. If the TAS and IAS fields are not
identical, then control proceeds to step3i385 and the 5 packet is

di scarded. C. Qut bound Packet Flow through Distributed Conference Bridge
Qut bound packet flow in distributed conference bridge 1000 is described 10

further with respectt 0o ex | e .packets in a -per.son conference gall
shown in FIGs. 12 an’gﬂf‘[%Pm%HHﬁP@?(ﬁl%ﬁ%ﬁtﬁe%,%Qﬁ%géﬁdg%‘e%‘ﬁf@hi‘u 1 a
acket payl oad g t b i . [V
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partici pants whose audio is mxed (e.qg., rmation in
packet header s strsamidfdil e dPdyjoadsinni@ackets hgl2 hmd Idd4 peatain eniaat hwdo Spaaker

articipants (e.qg. C3, etc.). .1 equence i nformption is sinply
g hown b§ a seé&@g%r%%ﬁﬂgc%)?mfoém‘??%qrr?lt ﬁ)ﬁg‘eg&];ﬁﬁb E‘,h“t%‘éh wckdg packet
artigi pants Cly [ : j [ ifi ed as
gcti v5é gpeakerile??é% gﬂ%@?&ﬁfe&éﬁ@@ .sﬁﬂtgfgmhlggﬁe%?é%aﬁ%%e%%? “are

consi der ed passhheelAghfieldheintains IDs ifer thettwoi active speglieds CaandcE3 Whdee
generates one fuln{eé?m' xed audi o st'&gam FM having audio fromall 3 20 active

speakers (Cl- CPntet i actafly apgsekingthe Payeadtdhe packet Hacketddd2sl4dddave 1404
db j - Op dug » f, | 1402,
generated by aydjq.,s@ %fsﬁn&t%k% t%ﬁ' i sﬁéygﬁg&% i glggt_%eqa%g&pgyl?ggrggetdgsn

1404 in stream FM have :a pac eade pay
packets 1402, phdket1¢bEFIGHd4B diows teechaakids 0432, d424esfabesid gahteallyhtiged act i ve
spe rs Cl- C3, Pa S 14?2 1404 each incl ude packet headers having TAS

and 1S fi el ds.SUSEMHRE2TARY, qads dn PaFleess 2o 4pd contan mikedl audip Semhct i ve
speakers Cl- @-sggﬁ(%rsl C‘;ﬁncf ¢ohet ng?gﬁeﬁkeﬁ%f eftsof42?bﬁ1ﬁcetahl¥%cﬁﬂg§§c§<‘%ts Cl-G3

whose content i S actu y mxed 1'n the payload o e packe et 1402,
1404 further i mehdae Bedltsfield donfans@lDsdor tle ei4l thret aapeapealetsyC1-a3i ndi cat e
packet 1402 precedes ;i)_acket 1404, M xed audio from ful li/ m xed stream FM
is eventual |y glﬁmlﬁt% igld-¢pngaing (dDg for the two active speakers C1 and C3 whose

content is actually mixed in the payload of the packet. Packets 1422, 1424 have
15 sequence information O and 1 respectively to indicate packet 1422 precedes
packet 1424. FIG. 14B further shows two packets 1432, 1434 of third partially
mixed stream PM3. Payloads in packets 1432 and1434 contain mixed audio from
speakers C1 and C2 but not speaker C3. Packets 1432, 1434 each include packet
headers. The TAS field contains CIDs for the total three active speakers C1-C3.
20 The IAS field contains CIDs for the two active speakers C1 and C2 whose
content is actually mixed in the payload of the packet. Packets 1432, 1434 have
sequence information O and 1:tespectively to indicate packet 1432 precedes
packet 1434.
FIG. 15 is a diagram that illustrates example packet content after the
25 packets of FIG. 14 have been multicasted and after they have been processed into
IP packets to be sent to appropriate conference call participants according to the
presentinvention. In particular, packets 1412, 1422, 1432, 1402, 1414 are shown
as they are multicast across each of SVC1-SVC64 and arrive at NIC 1020. As
described above with respect to step 1381, NIC 1020 determines for each SVC1-
30 SVC64 which packets 1412, 1422, 1432, 1402, 1414 are appropriate to forward



30 currently passive participants (C4-C64). WO 03/003157 PCT/ US02/ 20359

-51 Three partially m xed audi o streans PML-PM3 are generated by audio
source 10w0.03803857 14B shows two packets 1412, 1414 of fir®eCcTasnr2@sey m xed
stream PML. Payl oads in packets 1412 and 1414 contain m xed audio from
speakers C2 and C3 but not speaker C 1. Packets 1412, 1414 each incl ude
packet 5 headers. The TAS field contains5ZI Ds for the total three active
speakers C1-C3. The IAS field contains CIDs for the two active speakers C2
and C3 whose content is actually mxed in the payl oad of the packet

Packet 1412, 1414 have sequence information O and 1 respectively t
i ndi cate packetto ﬂéIi@eﬁ‘i*‘éf‘c@@g%fen‘E?a%qUePa@!@P@t -6641 Metepdiprackes (?}acﬂ’et s

1422, 1424 of kets
T435" and 1494 SRR aREheh Beactadh 87 Backd: BEEROE (OBrapHN OB JelbebBR S 2 e
C2. Packets 14%3nfeM3écgapm1b@@hwgmacket headers. The TAS field contains

CiDs for the total three active s;zeakers Cl-C3. The IAS field contains
ClDs for the two actAsshoypdaldoslcionhViCtpankess &41cusk kg aresdetermingd y ni xed

|t orhaton 0. e I aBREE I rPES 58 Phek ok hEAdhE Y88 3FE IR Bove ac e
1424. FI G 14Bthaictiief C$ o TARrid1a 6ki@ict tHeABS, fieldt PacRbts 181 7 shdrriagd | Y

m xed stream PMB. Payl oads in packets 1432 and 1434 contain m xed audio
from speakers cohveried tonebworknpacketp daft 2 randd S 14Padhesweorkl pgXets 1633, &3kh

i ncl ude packet . he r e TAS,. fiel ntains Cl for.the total three
active speaker d® %13%5 i%@cﬂ}ﬁg q%i‘é @@S)c}ﬁg qp?iéﬁﬁgn)@la%gdlfoofforpﬁgea%% C<¥tcti ve
speakers O  angn@e3wMies& spskef €Nt Pdcketd 518 54 Wivs 8hueRicd ifforR@abP@shof the
packet. Packets 1432, 1434 have sequence information O and 1; respectively

to i Hdicate padkwpmzlypt(emuﬁ%e ppeksk eli5S12434cedes @ackes Id4a HomGVAIA t hat

illustrates ex t ent ter. t he of, FIG 14 have
been mul ti cast 2533%%8 r&f‘?’éfo ?%2?3W§§3 llﬁélé“ﬁlpﬁpbgés Bg% Fﬁ‘{% 18 e’ﬂ%‘&ﬁ%f"s to be
sent to appropryedbSyae@i 8 (SN CRackad 1420854 the CRBRE 823% &féﬁ%@ﬁelh%uﬁ H& thePr esent
invention. In particular, packets 1412, 1422, 1432, 1402, 1414 are shown
IAS field. Packet 1422 is converted to network packet 1522. Network packet
1522 includes the IP address of C2 (C2ADDR), sequence information 0, and the

15 mixed audio from speakers Cl1 and C3 but not speaker C2. For SVC3

(corresponding to conference call participant C3), packet 1432 is determined to
be forwarded to C3. Packet 1432 has the CID of C3 in the TAS field but not the
IAS field. Packet 1432 is converted to network packet 1532. Network packet
1532 includes the IP address of C3 (C3ADDR), sequence information 0, and the
20 mixed audio from speakers Cl1 and C2 but not speaker C3. For SVC4
(corresponding to conference call participant C4), packet 1402 is determined to
be forwarded to C4. Packet 1402 does not have the CID of C4 in the TAS field
and the TAS and IAS fields are identical indicating a fully-mixed stream. Packet
1402 is converted to network packet 1502. Network packet 1502 includes the IP
25 address of C4 (C4ADDR), sequence information 0, and the mixed audio from all
of the active speakers C1, C2, and C3. Each of the other passive participants C5-
C64 receive similar packets. For example, for SVC64 (corresponding to
conference call participant C64), packet 1402 is determined to be forwarded to
C64. Packet 1402 is converted to network packet 1503. Network packet 1503



as they are nulticast across each of SVCl-SVC64 and arrive at NIC 1020. As
descri bed above with respect to step 1381, NI C 1020 determ nes for each
SVC1 30 Svadd/ownsth packets 1412, 1422, 1432, 1402, 1414 aCe/tsppeop¥iate to
forward WD 03/ 003157 PCT/ US02/ 20359 -52 to a respective conference call
partici pant Cl-C64. Network packets (e.g. |IP packets) are then generated
by packet processor 1070 and sent to the53espective conference call

partici pant Cl-C64. As shown in FIG 15, for SVCl, packets 1412 and 1414
are determined 5 to be forwarded to C based on their packet headers.

Packets 1412, 1414 have__the CID o in the TAS field but not the |IAS
field. Packets M®ydes ﬁ%mlﬂ‘i‘ﬁesérog C‘{%ﬁ?ém 66(}?89‘6&)1“@%5‘%105311%1@9 - and
1514. Network %gg@&?di&%% ali-éﬁcée agﬁ?%gﬁi?&ml"& adqg ss of O (ClADDR) and

;
the m xed audi 0 from speakers ut not 'speakér O . Packets 1512,
1514 have sequence information O and 10 1 respectively to indicate packet
1.512 precedes packet 1514. For SVC2 (corresponding to conference cal
partici pant C2), padketontzold.agic apdiAdditionad BEmbodgeentyr war ded to C2. Packet
1422_§as the CID of C2in the TAS field but not the 1AS field. Packet 1422
is converted to network packet 1522. Network packet 1522 includes the IP

address of C2 ( C2ADDihctiGlitedeseritedhbéveavitiorspct @ihe dpgation ofcardereastdi 0 from
speakers C and C3 but not speaker C2. For SVC3 H&i‘:orrespondin to

conf erence cal brigae G0 (ehdimonfasencresell ageap1 19, NKE £939, swidch W30pmdicor war ded

to C3. Packet 14 t f W the .TAS field hut t th | AS
field. Packet %ﬂ%%e ;fgi%gﬁ@énﬂhg&%tt%qﬁgpﬂ%rn %%6%ﬁ8}%3£en§%§ﬂ.c°%@agglﬁ' S%C et
1532 i ncl udes tcBgirdlPloaitd c&$ He Gimplemdédted BORdftwaR) URASEd, MPdWRle! 6Nay;  and
the 20 m xed audi o from speakers O and C2 but not speaker C3. For SVC4

(corHespondi ng combingtipeihased. cal | partici pant C4), packet 1402 is

determned to be fqorwarded t.o CA4... Packet 1402 dqes, n ave the CID of C4
' the TAS field afd Thensaliferh @il st Fhedbol R Pttty s
fully-m xed sthigammediagksier sdchOzs msdia @eMer DO, nOorRedMBEHmBRS HRkribkelR -

Net wor k packet 1502 includes the IP 25 address of C4 (C4ADDR), sequence

i nformation 0, canfgrenge bridge dl0Q(0dis dnfplespemi¢d in audio processing platform 230.

Conference call agent 1010 is part of call control and audio feature manager 302.
15 NIC 306 carries out the network interface functions of NIC 1020 and packet
processors 307 carry out the function of packet processor 1070. Switch 304 is
replaced with switch 1030 and multicaster 1050. Any of audio sources 308 can

carry out the function of audio source 1040.
20 XI.  Conclusion

While specific embodiments of the;present invention have been described
above, it should be understood that they have been presented by way of example
only, and not limitation. It will be understood by those skilled in the art that

25 various changes in form and details may be made therein without departing from
the spirit and scope of the invention as defined in the appended claims. Thus, the
breadth and scope of the present invention should not be limited by any of the
above-described exemplary embodiments, but should be defined only in

accordance with the following claims and their equivalents.
30



of the active speakers C 1, C2, and C3. Each of the other passive
participants C5- C64 receive simlar packets. For exanple, for SVC64
(correspowoioagoxis7 conference call participant C64), packe@CTABOR23(359
determined to be forwarded to C64. Packet 1402 is converted to network °
packet 1503. Network packet 1503 WO 03/ 003157 PCT/ US02/ 20359 -53 i ncl udes
the I P address of (C64 (C64ADDR), sequencg-information O, and the m xed
audio fromall of the active speakers Cl, C2, and C3. D. Control Logic and
Addi ti onal Enbodi nents 5 Functionality described above with respect to the
operation of conference bridge 1000 (including conference call agent 1010,
Nl C 1020, swi t 8WHADIS CIaABMED ISour ce 1040, and nul ti-caster 1050) can be

i npl enented in control logic. Such control logic can be inplenented in
software, firmwvare, hardware or any 10 conbination thereof. In one

enbodi nent, distribyte ; i ; 135, L4 | medi a
server such as nedi g' Sg@gg&%g&ﬁ?%%g&g%@%ﬁ#g% I,Sé}glicgs{??‘iblﬁ?é%ﬂ%é%’nference
bri dge 1000 i scomptigngnted i n audi o processi ng pl atform 230. Conference
call _,agent 1010 is gart of call cqntrol and audio feature manager 302. 15
NI C 306 carries out *HFROUFETFIIEST Mk MaRREes ERAUFses psedfo N}PEOYEGE‘EH’&H@ packet
processors 3075&@ch§faﬂHt the function of packet processor 1070. Switch 304
is replaced wth switch 1030 and nul ticaster 1050. Any of audi o sources
308 can carry out bheudiopeddessingplatfionn thas manages talOanPBe Xledidepdtdssi on
Wil e specific enb&ggi,rrents of the present invention have been descri bed

above, it shouPtPViedin s llysaiq Hiho pioesssingiatiaaringludingnt ed by way of
exanple only, and i M j . i | @r killed
in the art that 25 52&%‘*‘6”6@“&%&82@“#%#%9 ﬁ%ﬁ(gf‘;gg%?c}rg&%g ¥)B'l’;eslgﬁr% glsst her ei n
wi t HOut depar t bfigndio data ettbeing pad éxitimgnitie sedpeptaforhhia the R being hasdldgf i ned i n
t he appended clains. Thus, the breadth and scope of the present invention
should not be limt é@elb?f gﬁiy) Brocessors that process the audio data according to the

media services provided in the calls; and
a switch that switches packets of audio data sent between the audio
processors and packet processors.
15
2. The media platform according to claim 1, wherein said audio processing
platform further comprises a call control and audio feature manager that controls
resources and media services provided in calls processed by said audio
processors.
20
3. The media platform according to claim 2, wherein said call control and audio
feature manager includes:
a call signaling manager;
system manager;
25 connection manager; and

feature controller.

4. The media platform according to claim 2, wherein said audio processing
platform comprises a shelf controller card.
30



above-descri bed exenpl ary enbodi nents, but should be defined only in
accordance with the following clains and their equivalents. 30 WO 03/003157
PCT/ US02/\03588031554- WHAT |S CLAMED IS: 1. A nedia pl atforerfuso2/pisvi di ng
medi a services over a network, conprising: 5 a resource nanager that
manages resources used to support the nedia services; and an audio
processing platformthat nanages calls ag§gl the nedia services provided in
the calls; said audio processing platformincluding: a network interface
having a set of packet processors that process packets 10 of audi o data
entering and exiting the nedia platformin the calls being handled; a set
of audi o procéssdiesnediaplagiornn escording taclding 1 gfarthenenmopréhing to the nedia

services provided in the calls:, and.,a swt hﬁ:@;at swi t ches packets of audio
data sent between fﬁ§¥gﬁﬂF%COBPB§3%§83§&%ﬂg’ ket processors. 15 2. The
medi a platform accoydiéid §4d Glehoklint¥pREChuMheAl DnRkEbL Ok 0%8R ShddRet
platform further conprises a call control and audi 0 feature manager that
control s respuoEsramspretvacadrolicr el foremidiednformatidn blr ocessed by sai d

audig processors. 20 3. The nedia platformaccording to claim?2, wherein
said”call control and audio feature manager includes: a call signaling

manager;  sySsleMRPRREE plaforntRRBRERE AcIFRN 296 heref'shid SERLHESmHNAL Ro! | er .

packet switch.

7. The media platform according to claim 1, further comprising a cell layer that
10 combines the packets of audio data into cells of audio, and wherein said switch

comprises a cell switch that switches said cells.

8. The media platform according to claim 1, wherein each audio processor
comprises a digital signal processor.

15
9. The media platform according to claim 1, wherein each audio processor
comprises a plurality of card processors coupled to a plurality of digital signal

processors.

20 10. The media platform according to claim 1, wherein for at least one ingress
audio stream, each packet processor receives IP packets with RTP information
from the network and converts the IP packets to internal packets, each internal

packet having a payload and header.

25 11. The media platform according to claim 10, wherein each audio processor

processes internal packets.

12. The media platform according to claim 1, wherein for egress audio streams,
each packet processor receives internal packets and generates IP packets with RTP

30 information to be sent over the network.



4. The nedia platformaccording to claim2, wherein said audi o processing
pl atform conprises a shelf controller card. 30 WD 03/003157 PCT/ US02/ 20359
-55 5. Thwomsaoaspl atform according to claiml1, further cecpriss/zgs9 a set
of ports coupled to the network; and wherein said network interface further
conprises, for each packet processor, a respective controller and
forwarding information table. 5 6. The m#dia platformaccording to claim1,
wherein said switch conprises a packet switch. 7. The nedia platform
according to claim1l1, further conprising a cell layer that 10 conbines the
packets of audio data into cells of audio, and wherein said swtch
conprises a cell switch that switches said cells. 8 The nedia platform

according to aiym 1.. wherej n. each. audi o ..processar__conprises a.digital

S anal procesddr A g P IoE BV P el SR TSR Bher RV RRC PR Siher o
each audi o process@hean§ fihiragmg@eddutted ibddtoQhpSaf Gle HERLEPALS; coupl ed to a
plurality of digital signal processors. 20 10." The nedia platform

accordi ng to cl ai mmeanginsirdénfiacing wigh a heswork, smidintarfacemsansinadidingmneaam each
packet processor receives |IP packets with RTP information, fromthe network
nd Sonver t o THePPE R B e fahien Gtk and SoBRERNS Mede Aoz iaKer
having a payl eagk s heReEer . 25 11. The nedia platformaccording to claim
10, wherein each audio processor processes internal packets. 12. The nedi a
pl at f or m accor di ng maane|fed protessigethei audicodategaeesslirguh thesmediarssrvicesach

packet processor .receiyves jnternal packets and generates |P packets with
RTP 30 i nf or PEIY ‘P&h%%aﬂée?ﬂd’over t he network. :

means for switching packets of audio data sent between the audio

10 processors and packet processors.

14. A scalable audio processing platform that manages voice over the Internet
calls and media services provided in the calls, the platform including:
a network interface having a set of packet processors that process packets
15 of audio data entering and exiting the platform in the calls being handled;
a set of audio processors that process the audio data according to the media
services provided in the calls; and
a switch coupled between said network interface and said set of audio

processors that switches packets of audio data.

20
15. A method for providing media services over a network, comprising:
managing resources used to support at least one media service provided to
voice over the Internet calls;
processing IP packets of audio data in ingress audio streams and egress
25 audio streams in the calls being handled including converting IP packets to internal

packets in ingress audio streams and converting internal packets to IP packets in
egress audio streams;
switching the internal packets of audio data in ingress audio streams and

egress audio streams in the calls being handled; and



WO 03/ 003157 PCT/ US02/ 20359 -56 13. A nmedia platformfor providing nedia
services over a network, conprising: neans for managi ng resources used to
support twe oaeailar servi ces; mneans for interfacing wth aPogtusor/ko3ssai d
interface nmeans including nmeans 5 for processing packets of audio data
entering and exiting the nedia platformin calls being handl ed; nmeans for
processi ng the audi o data according to t3w nedia services provided in the
calls; and nmeans for sw tching packets of audio data sent between the audio
10 processors and packet processors. 14. A scal abl e audi o processing

pl atform that manages voice over the Internet calls and nedia services
provi ded in the calpresessingthgliniemmal packets ofiaidigdata imimgress kudipseeamscadhavi ng a

set of packet processors that proce ckets.. 15 of .audi o,.data entering
and exi Ui ng t REHT SHPQPTRATR (PREDAdH ReeBEPirmdindrtee B MEallsy udi o
processors that process the audio data according to the nedia services
provided in the calls; and a switch coupl ed between said network interface
and said set of audbo Hrmwetheddios rrbeessingi ausliesnpacioafaese ealbiamodgt a. 20
15. A method for. providing.nedia services over a network, conprising:
managi ng r eso®PLE aﬂ?eﬁ"?ﬁ“%%port at | east one nedia service provided to

voi ce over the |ntghngheGaht 8 fullf AHRIZLED sk@mﬁ%ﬁ&lléﬁs?%%&%icﬁtgﬁ%igghS

i ngress audi o streadnms and egress 25 audio strea e ca
handl ed i ncl udipagket beader andipayliéadpackets to internal packets in ingress

audi o streans and converting internal packets tqo IP packets in egress

audi o streans; sw K@hg?{’&rﬁtﬁg g ?ﬂtéﬁfﬁéﬁlaglé(crﬂjé‘teé aflios Sferagnsqelt BRckefsy ¢R5hess

audi o streans ¢ ' RAH1da8; t he calls being handled; and WO
05/ 003157 PO FORSANEHAER BadtetheaSt A1,

10 (c) multicasting each packet in the fully mixed audio stream and the set of
partially mixed audio streams; and
(d) determining which multicasted packets to forward based on packet

header information in the respective packets.

15 17. The method of claim 16, further comprising, prior to said steps (a) and
(b):
initiating the conference call among the participants; and
storing conference identifier information (CID) and network address

information associated with each participant in the initiated conference call.

20
18. The method of claim 17, further comprising:
assigning switched virtual circuits (SVCs) to respective participants in the
conference call; wherein said storing step further includes storing said CID and
network address information such that said CID and network address information
25 for each participant can be retrieved based on a respective assigned SVC.

19. The method of claim 16, further comprising:
monitoring energy in inbound audio streams of the participants; and

determining a number of active speakers based on the monitored energy.
30



-57 processing the internal packets of audio data in ingress audio streans
and egress audio streans to provide at |east one nedia service in the
call s. 1ewoOA3meiiipd for processing audio in a conference eariusarensg 5
participants, conprising: (a) generating a fully m xed audi o stream of
packets, each packet having a packet header and payl oad; (b) generating a
set of partially m xed audi o streans of pgackets, each packet having a
packet header and payload; 10 (c) multicasting each packet in the fully

m xed audi o stream and the set of partially mxed audio streans; and (d)
determ ning which nmulticasted packets to forward based on packet header
information in the esPeemethody{ailaims19, wéherdin sTidegemeratiog seps (4)aanch (b,

further conprisin prior to . said steps.(a) and - i.nitiating the
conf erence cal&"&fth agkel fﬂ%’fi?rrscﬁ YA sa,c_tlgﬁd;pg{‘]@fi ‘ﬁ?g‘zrg’(?ﬂf”_érgéaﬁﬁ‘i ‘?q’dél?ﬁl fier
information (ekdmaRd MR bk a@fd sBeskers, QﬁcPM?@Héth‘?niﬁﬁx?%f@?Qet%ﬁjheseach
participant in the initiated conference call. 20 18. The nethod of claim
17, further cowbpichsiulticastd packetanty femward beparticipants basedonubd activEvmsaket o

respective par.t'toci pants in the . conf er%nc call; wherein said storing step
ﬁ@e"&brk address information such

furtRor i ncl udBOTTRGo he s5SHeRs S Barket

that said CID and network address information 25 for each participant can
be retrieved based on a respective assigned SVC. 19. The nmethod of claim
16, further conpri silngThemmthat bfglagm &0y wherein rliso avtiveaspdaler dhfoemaatorof t he
participants; and . determ ning a. nunber of actjve speakers based on the
noni t or ed enerC@??P“S%%&é a@gllégé ’P’@jd?' Yhesghy Sgrherperating step (a) generates a

fully mixed audio stream of packets having packet headers which include TAS and
10 IAS fields, and said generating step (b) generates a set of partially mixed audio
streams of packets having packet headers which include TAS and IAS fields.

22. The method of claim 21, wherein said determining step (d) determines
which multicasted packets to forward to participants based on the information in

15 the TAS and IAS fields in the respective packet headers.

23. The method of claim 21, wherein said determining step (d) further
comprises for each packet being processed at a SVC the steps of:
obtaining a CID value for the SVC;
20 determining whether the obtained CID value matches any CID value in the
TAS field of the packet, and if a match exits, determining whether the obtained
CID value matches any CID value in the IAS field of the packet, whereby, the
packet is discarded when a match exists between the obtained CID value and any
CID value in the TAS field and a match exists between the obtained CID value and
25 any CID value in the IAS field.

24. The method of claim 23, further comprising, when a match does not
exist between the obtained CID value and any CID value in the TAS field of a
packet, comparing the TAS and IAS fields, whereby, when the compared fields are



20. The nethod of claim 19, wherein said generating steps (a) and (b)

gener ate packet headers having active speaker information based on the

det er m neworamES7 of active speakers, and said determ ni N@CIIESP2/LaBF9

determ nes which nmulticasted packets to forward to participants based on
the active speaker 5 information in the respective packet headers. 21. The
nmet hod of claim 20, wherein the active speaker information conprises TAS
and | AS fields, and wherein said generating step (a) generates a fully

m xed audi o stream of packets havi ng packet headers which include TAS and
10 IAS fields, and said generating step (b) generates a set of partially

m xed audi o ddendigalthefpapiet ken be havenigd a8 lmetwdik padet, ofherwisei whemthe TAS and
I AS fields. 22. Th hod of..cl.aim21, wherejn_ sai eterm ning step (d)
det er m nes whi“CH™® f}%‘i sqI%BOtdgﬁl?fﬁag%hF@a?Wﬁﬂ} @180315‘%‘% ci pants based on
the information in 15 the TAS and IAS fields in the respective packet
headers. 23. The nethod of claim2l, wherein said determning step (d)
further conprises 25orTheant¢thpdhokdrinb@i nghaueio tespeiictdicaderSuithertiacisdasps of :

obtai_ning a CID value_.for the SVC 20 determ.nin et her. the obtained CI D
val u8 mat ches Sﬁ‘ﬂﬂﬁnfﬁ‘Bf‘?/rﬁ}aﬂ@n’i3H§F’|%8remlﬁ§3qn8‘iaﬁn6?tg? ggg?ﬂ’f&%%gta,fug}ﬁ@lﬁeﬁ a match

exits, determyRiadstant B@@ta{s;&@s Hmiﬂ% f}ﬁ?ﬁ%qegdélxgle\?ﬁps Q&S tl%g%eck%lxgeval ue in

the IAS field of the pack wher eb pac I scar en a nmatch
exi sts bet weennfohmatodn, anchendd Gtridratalgseepabiiganeyates@ ot vhpartaliynmixed addis fi el d
and a match exi sts between the obtained CID value and 25 any CID value in
the | AS fi el dStregms eﬁwe\@ﬁ&qrww&ﬂacléqt pafersavhigh inclyde 8@6?&1%‘?“%‘? wéqnw«\% a mat ch
does not exist between the obtained CID value and any CID value in the TAS
field of a packet, conparing the TAS and |IAS fields, whereby, when the
conmif@red fiel ds ar @eWIhe3aD& I &f7clRaT16)30420:359 - 59 identical the packet
ot herwj. se when the conpared fields

can be converted to a network packet, .
are not identical lsﬁ‘g gFRereEPe 8'SR (Qe'geﬂF@Ef’éra(fBH}.’ myxed ando sHsarbef RIEKESai m 21,
wherein the pagkehadietfiffing Hphdlet nbAet Y€ Payload, wherein the payload includes
mixed audio from at least three active speakers; and
said generating step (b) generates a set of partially mixed audio streams of
15 packets, each packet having a packet header and payload, wherein for each
partially mixed audio stream of packets the payload includes mixed audio from the

at least three active speakers minus the audio of a respective recipient active

speaker.

20 27. The method of claim 16, further comprising:
processing packets determined to be forwarded in said determining step (d)
into network packets having network addresses of participants in the conference
call; and
sending the network packets to the participants.
25
28. The method of claim 16, further comprising mixing audio received

over a network from participants in the conference call who are active speakers.



5 sequence information, and wherein said generating step (a) generates a
fully mxed audio stream of packets havi ng packet headers which incl ude

t he sequewoas3/odxifor mati on, and said generating step (b) gecarEany3s set of
partially m xed audio streans of packets having packet headers which

i nclude the sequence information. 10 26. The method of claim 16, wherein:
said generating step (a) generates a fulgy m xed audi o stream of packets,
each packet having a packet header and payl oad, wherein the payl oad
includes mxed audio fromat |east three active speakers; and said
generating step (b) generates a set of partially m xed audio streans of 15
packets, each packe&9.Aheimmghed phdriat 1hetadber comaprising mazdng whdipatceifedr each

artiaII m x audi o stre mof et the Ioad in des m xed audi o
1P romt hey at E%gqég fragl ag lt‘}s{?‘ércgﬁ‘écg %reﬁ‘?‘ﬁ %H%It‘f&?lbg%mpaﬂw&aﬂ@cu ve

reci pi ent actijyehe ORERFRE-call Widlare I&lﬁze%g&{k@f&. of cI aim 16, further
conprising: processing packets determned to be forwarded in said
determning step (d) into network packets havi ng net wor k addresses of
participants in the conference and sendi ng.the network_ packets to
the Participants. 9395 #gonf qqqgcq@qcf&gdh%fprgqegqeﬁla%o 19 3 PRHBIENeSHAN ARGy i i ng
audi o receive fromparticipants in the conference call who
are active spceb g:?lgd'ntsac gf/%ﬁ%.lw PCT/ US02/ 20359 -60 29. The met hod of
claim 16, further comodicsiongerthatigegeratesliaduliyemiedaddiofsteamart packetyandl audi o
source and audio r celv d over a network frompartjcipants in the

conf erence cald se{r,\,ﬁgpg,“ug 1y, mixedaudie steeams Ofﬁ’@betsﬁaébli’ﬁ@lfeéﬁé@nﬁral Rﬂ'ﬁ%ett hat
processes audi aéle'i'aﬁdé qgﬁf ence call anmong participants, conprising: an
audi o source that genérates a fully mixed audi o stream of packets and a
set 16f partially mawsdtchyalid streans of packets, each packet having a
packet

a network interface controller,
wherein said switch is coupled between said network interface controller
and said audio source and said switch further comprises a multicaster; and
wherein said multicaster multicasts each packet in the fully mixed audio
15 stream and the set of partially mixed audio streams to the network interface
controller, and said network interface controller determines which multicasted

packets to forward based on packet header information in the respective packets.

31. The conference bridge of claim 30, further comprising a conference

20 call agent that initiates a conference call among the participants.

32. The conference bridge of claim 31, further comprising a storage device -
that stores conference identifier information (CID) and network address
information associated with each participant in the established conference call.

25
33. The conference bridge of claim 32, wherein said storage device

comprises a look-up table.

34. The conference bridge of claim 32, wherein said network interface

30 controller assigns switched virtual circuits (SVCs) to respective participants in the



header and payl oad; 10 a switch; and a network interface controller,
wherein said switch is coupl ed between said network interface controller
and sai d wodBooHSUr ce and said switch further conprises apamlusorasser; and
wherein said nulticaster nmulticasts each packet in the fully m xed audio 15
stream and the set of partially m xed audio streans to the network
interface controller, and said network-ginterface controll er determ nes
which nulticasted packets to forward based on packet header information in
the respective packets. 31. The conference bridge of claim 30, further
conprising a conference 20 call agent that initiates a conference cal
anong t he par tinitiatpdicosiergde caheanclonidksterage dovice gtorest sapd Glllthagd nefworkher

i Si devij. t st f i denti fi i nf ti
(GD) and net AR ABIAFRRUS such 3P s 1D Fed BE AL EBAELPt Fcpant 1 n
the establi Sh?gni% heERNeSrefiRvbd bast@ oﬁ%-res{ﬁ@@ti%ﬁi?ﬁ&f‘ﬁct’” dge of claim 32,

wherein said storage device conprises a l'ook-up Uable. 34. The conference
bridge of claim 32, wherein said network interface 30 controller assigns

switched virtual circyuts (SVCs) tor ectiv artjcipants in the WD
03/ 083157 PCT/ US02PB0keront %ﬁnqezhﬂ@g%?ﬁdq@&r% Wherkisadaiio sauge mepHoms; of age

devi ce, st or es <l nhBpARFaReS Whklhs A ASS:bATCLIRULRARIRbRRL: 52 d O D

and network a S information for eac ticipant can be retrieved
based on a r eap®wtspeskeasiasgd ed tieMbonifor8benctine conf erence bridge of claim
30, wherein said audi o source nonitors energy in inbound audio streans of
the participants, and determ nes a nunber of active speakers based on the

moni Lor ed ener oy 38 FHEcSANLALEBARLLEE A Ofs, SRl 3hg hRECldaSR! d

packet headers 10 generat sal d”audi o sour ave active speaker
i nf domat i on bagsedated biyhwaid awdiersoiuee hanel abitve ealesttinfoematienbased, onathd sai d
network interface controller ] . )
determined number of active speakers, and said network interface controller
determines which multicasted packets to forward to participants based on the

active speaker information in the respective packet headers.

15 37. The conference bridge of claim 36, wherein the active speaker
information comprises TAS and IAS fields, and said network interface controller
determines which multicasted packets to forward to participants based on the

information in said TAS and IAS fields in the respective packet headers.

20 38. The conference bridge of claim 37, wherein said packet headers

generated by said audio source further include sequence information.

39. The conference bridge of claim 30, wherein said fully mixed audio

stream of packets have payloads which include mixed audio from at least three

25 active speakers, and each partially mixed audio stream of packets in said set have
payloads which include mixed audio from the at least three active speakers minus

the audio of a respective recipient active speaker.

30



determ nes which nulticasted packets to forward to participants based on
the active speaker information in the respective packet headers. 15 37.
The conf ewensmodisT dge of claim 36, wherein the active speakerusor/mf3sy mati on
conprises TAS and IAS fields, and said network interface controller

determ nes which nulticasted packets to forward to participants based on
the information in said TAS and | AS fié2ds in the respective packet ‘
headers. 20 38. The conference bridge of claim 37, wherein said packet
headers generated by said audi o source further include sequence
information. 39. The conference bridge of claim30, wherein said fully

m xed audi o st r eaffPoffhg senfercachbrideefrlaimdd, faither comprisidg: ni xed audi o from

at least three 25 j ) nd eagh tially mxed LQ stream
of packets in sai dagg‘%ﬂeﬁgwggsgglléﬁétéj&%&\ﬁﬁsg A eﬁ%ﬁ%’ém?ﬁdﬁgle ﬁ%&'ia’gﬁg?'g?n t he at
| east three aggtiwoek pRRelsasin n@tiﬁorktab&e@éﬁib%ﬁic'@aﬁt@%@%bﬂ@réﬁ@&éﬂl. ent
active speaker. 30 03/ 003157 PCT/ US02/ 20359 -62 40. The conference

bridge of claim 30, further conprising: a packet processor that processes

kets deternined f d.into. . k_packet s havi t wor k
Bar Ssses of par i1 & pARE COMREHE B A0 Rhfeol G AN SRR oo

bridge of cl apifié%eceMealoveRa adtwbrR AP pRALHERLs Th ¥R ARIER'@ASNEHe OVer a
network from participants in the conference call who are active speakers.
42. The conf epddiveespeakietige of cl ai m 30, wherein said audio source mxes 10
audi o received froman internal audio source and audi o received over a

network fromparticipants in the conference call who are active speakers.

43. A systemfor pioCeRstoiTeRHEl Brid (ﬁc%ﬁfﬁrﬁlﬂ%ﬂpﬁkdalﬁﬁ'@g&r&?ﬁ]ﬂegi pants,
u

conmprising: 15 (a) neans for generating a fully m xed audi o stream of

pack@ts, eachaphe kestivet dronmgn mtgaalkeatidwaderandnddipaytaied oveb ) nawanls f or

enerating a set of .parti al m xed audj o, strea of packets,
9 9 1$rom partlglpants 1% tlhg contérence ca f who are actrlrge speafers.

43. A system for processing audio in aconference call among participants,
comprising:
15 (2) means for generating a fully mixed audio stream of packets, each packet
having a packet header and payload;
(b) means for generating a set of partially mixed audio streams of packets,
each packet having a packet header and payload;
(c) means for multicasting each packet in the fully mixed audio stream and
20 the set of partially mixed audio streams; and
(d) means for determining which multicasted packets to forward based on

packet header information in the respective packets.

44. A media server for use in a VOIP network, comprising:
25 a distributed conference bridge that processes audio in a conference call
among participants, said distributed conference bridge comprising:
an audio source that generates a fully mixed audio stream of packets and
a set of partially mixed audio streams of packets, each packet having a packet
header and payload,;

30 a switch; and



each packet having a packet header and payl oad; (c) neans for multicasting
each packet in the fully m xed audio streamand 20 the set of partially

m xed audwo ospexaans; and (d) neans for determ ning which morttiSozsi3su
packets to forward based on packet header information in the respective
packets. 44. A nedia server for use in a VOP network, conprising: 25 a

di stributed conference bridge that proceggses audio in a conference call
anong participants, said distributed conference bridge conprising: an audio
source that generates a fully m xed audi o stream of packets and a set of
partially m xed audi o streans of packets, each packet having a packet
header and payl oad;a iB®wearksinietfabs cantrblle¥) 03/ 003157 PCT/ US02/ 20359 -63 a

network interface caontroller, wherein said swtch is cqupled betwen said
network interface ‘FIBISFlgrSW“\gR(’JF ‘é‘%‘?lfdiﬁﬂ’i’??“%‘ﬁlr@éw%f?fdn Hace CORPRer f urt her

conprises a my g:s%iﬁscﬁuﬁiro; sgﬁg&g cﬁl{lg@éﬁ%meﬁ ?&rﬂme%érhéﬁ?e%tﬁfé?lﬁ%swrc {s each

packet in the y m xe stream and set partially m xed
audi o streams to t vheneihseidkmualtitetdrandticassrdath pheket inathe fisldy ghived tavdiok
interface controller determ nes which nulticasted packets to forward based

on packet headBFamrimgy BatsebAl PartisHy migedepdip\airepme e the natyork intgiarsd f or
noi sel essly S%ﬁ&&i&g?xgcygdéé? Bk ql‘?tgrfg% fo@{r%ﬁérﬁ&%erérﬁ?egg\&fffgﬁ fA0RkY over a

net wor k, conprising: enérating a audi egr éss” packets

for the egregackdidiofophadneded onjrtkithefie Ife@ifivg iparkedpetivd padeds.a
payl oad carrying audio and control header information; (b) swtching and
delivering said first audio streamto a first 15 network interface

control |, 3530ct 2L L bl FRDBBEAPA ISR UGk, BMdEOREPLAIA %1 e
a payl oad car rayitiodhanithl @ vérinet @ik, ebmisﬂﬁdgr
(a) generating a first audio stream of egress packets for the
egress audio channel, wherein each egress packet includes a payload carrying
audio and control header information;
(b)  switching and delivering said first audio stream to a first
15 network interface controller associated with the egress audio channel,
| ©) generating a second audio stream of egress packets, wherein
each egress packet includes a payload carrying audio and control header
information;
(d) switching and delivering said second audio stream to the
20 first network interface controller associated with the egress audio channel; and
e) evaluating the relative priority of the first and second audio
streams based on priority information in the control header information of the
egress packets to determine which of the first and second audio streams is a higher
priority audio stream to transmit on the egress audio channel over the network.
25
46.  The method of claim 45, further comprising:
packetizing the higher priority audio stream to create an output egress
audio stream of packets with synchronized header information; and
transmitting the output egress audio stream of packets on the egress audio

30 channel over the network.



information; (d) switching and delivering said second audio streamto the
20 first network interface controller associated with the egress audio
channel ; wpd3/003}7 eval uating the relative priority of thePCirrsp2/zm8 second
audi o streans based on priority information in the control header
information of the egress packets to determ ne which of the first and
second audio streans is a higher prioriggy audio streamto transmt on the
egress audi o channel over the network. 25 46. The nethod of claim45,
further conprising: packetizing the higher priority audio streamto create
an out put egress audio stream of packets with synchroni zed header
informati on; and #7ansnihetmethod dleclaot 4 furter esmpesidgo st ream of packets on
the egress audio 30 channel .over the neftwork. WO 03/003157 PCT/ US02/ 20359
-64 47. The met hod PBFkeCFimEtheigwer m%%?udﬁ%mp A ORIt SgTRg 2R | ower

priority audi Qusf BRPA s TP Ac Bk B eﬁaf&ﬁﬁﬁeﬁ%&w% bR diizeRacket s

wi th synchroni zed header information, ereby, synchroni eader

i nformation i header sbrmssion ignoesdesslg graser vedPindR plieltess tranamstadioneht epmesk he
egress 5 audi o channel over the n tvvork,f?r udio_from both of the first
and 3econd audhgo channehfer thanetwae fopauieitgm kath phihgdirstrnd serond @edpr i si ng:
converting thgtr%a{lﬁsst audi o stream of egress packets into first cells; and
10 converting the second audi o stream of egress packets into second cells;
wherein said switching step (b) conprises switching the converted first
cells to a SVC associated with the egress audio channel, and said

swi tching step (d) 48conpgmedasthedph dsmdy. fythes spgrsiBE second cells to the

SVC iated wt . i . f clai
4 associ ated w sgﬂf%rél}ﬁeg%gﬁﬁeag{g@'rs&e&%@@gﬂess dié intd BRstTBRNQdg of claim

10 converting the second audio stream of egress packets into second cells;
wherein said switching step (b) comprises switching the converted first cells to a
SVC associated with the egress audio channel, and said switching step (d)
comprises switching the converted second cells to the SVC associated with the
egress audio channel.
15
49. The method of claim 46, wherein said synchronized header

information comprises valid RTP information.

50. The method of claim 45, further comprising:
20 (f) determining synchronized RTP header information for each of the first
and second audio streams prior to transmitting IP packets containing audio
payloads of the respective first and second audio streams on the egress audio

channel over the network.

25 51. A method for noiselessly switching audio from a second audio
source to an egress audio channel already carrying audio from a first audio source,
comprising:

generating an audio stream of egress packets at the second audio source;

converting the audio stream of egress packets into cells;



information conprises valid RTP information. 50. The nethod of claim 45,
further conprising: 20 (f) determ ning synchroni zed RTP header information
for each wbDoshesif1rst and second audi o streans prior to Pcarssoetrasng | P
packets contai ning audi o payloads of the respective first and second audi o
streans on the egress audio channel over the network. 25 51. A nmethod for
noi sel essly switching audio froma secagg. audio source to an egress audio
channel already carrying audio froma first audio source, conprising:
generating an audi o stream of egress packets at the second audi o source;
converting the audi o stream of egress packets into cells; WO 03/003157

PCT/ US02/ 20359 6sivimhiing:th¢': cngwehexi @bis toerr svatthedVirtmalkaircait 6SW € dseatiated t ual
circuit (SVO soci at ed é’i} e egress audi o channel ; converting the

swit ched cel I@a]géttq@gfﬁstaﬁ%‘o ’st ream of egress packets; packetizing the

audi o streamto Cr@cﬁ‘{vﬁ?ﬁxg tﬁ’é‘évl?i‘tﬁheﬁg ‘?ssl?acﬁ‘ﬂ&'h{% anlld eﬁﬁh&fogtegﬂegé‘g&%é Wi th

synchroni zed header mat | on; transm tting t gress audio
stream of packets mkédnzanggreaamcamham tocdreate @h oyt egrepeiustds kirdam pf ace of
the audio fromthe first audio source. 52. The nmethod of claim51, wherein
sai @ gener at i PRgkels aithgeneiraniged hspdeninformafignsandeam of egress packets at the

second audi o SOur Sl ik AR SgfsCaldo BURNEpefRrs TR TBDORRL cf 21 m

51, wherein said generati es an egress

packets at t hehagifsl@ver anétivorisaiplae dfthe ariEA6M the fidst @adib sodféeevent t he
audi o stream of egress packets including a type of audio selected from at
| east one of voice, nusic, tones, or sound. 54. The nethod of claim53,

further comprising zgenefeé;ngﬁaoanﬁcl&%h oA sRESEH-RhedtepbEfghieone Of the
ol I owi ng condltlons an eie condi't a cabl glgn 1'’hg
conth tion, a mmlid steasenbf b@a@obaalaetg al iheee@indCaldi Csourdd @I f88ionedto HEalp

event.

53.  Themethod of claim 51, wherein said generating step generates an
audio stream of egress packets at the second audio source in response to a call
15 event, the audio stream of egress packets including a type of audio selected from

at least one of voice, music, tones, or sound.

54.  The method of claim 53, further comprising generating the call
event based on at least one of the following conditions: an emergency condition,
20 a call signaling condition, a call event based on callee or caller information, or a

request for audio information.

55.  The method of claim 53, further comprising generating the call
event based on a request for audio information, wherein the request for audio
25 information includes at least one of a request for advertisements, news, sports,

financial, music or other audio content.

56. A method for introducing noiseless switch over audio for voice

over the Internet (VOIP) telephone calls, comprising:



request for audio information. 55. The nmethod of claim53, further
conprising generating the call event based on a request for audio

i nf or mat iw0,03b3BEIi N the request for audio 25 informati olCirrushzeissy at

| east one of a request for advertisenents, news, sports, financial, nusic
or other audio content. 56. A nethod for introducing noiseless switch over
audio for voice over the Internet (VO Bj6-tel ephone calls, conprising: WO
03/ 003157 PCT/ US02/ 20359 -66 establishing a VO P tel ephone call between a
destination device and a nedia server; setting priority information for a
first audio source; delivering a first audio stream of egress packets that
i ncludes the set ®stablighing ¢ YOFotetaphpom caltibeteeen pidegtinationldevise aindst wi t h
respect to availability of receiving noiseless swtch over audio; and
processi ng a CHY2EETH that includes noisel ess switch over audi o when the
cal | status det er mgpiting p3ofily infsHifaAbe Sorld ErsERiRPIduzbied VO P tel ephone cal |
is a 10 candidate for recei'ving noi seless switch over audio. 57. The

met hod of cl ai m 56 delibening n fosti ahdio stems ioiggsdse packetd thoesncludbettbe seni ng
priority information_for the noiseless switch over audio; and transmitting
the Roi sel ess PERARCHIAAIO0,di 0 in an output audi o stream of 15 packets in
the established VOGd:ehanbRBAl Gabl Wil #lpkito Q@éil%irﬁ'tg)n@ﬁe&rﬂliﬁ hb¥eloss
information for the noiseleéss svmtch, overp audio I's greater than the set
priority infcewmitehiover audid;laedfirst audio stream 58. The method of claim
57, further conprising: 20 generatin second_ audi o stream of egress
packets at a second)r%qfawsgag%}ﬂw@@f thefiaclygles nisclsseafitRMeR gudin FhaB e ess
switch over audijQ¢4 ; [ : ' t of

car css packer & it BAARRE, terk RNKRleh RclhchRE FOIP L Ror G

assdoi at ed wi tchndidate forsseininginoiseless switch over audio.

57.  The method of claim 56, wherein said processing step includes:
determining priority information for the noiseless switch over audio; and
transmitting the noiseless switch over audio in an output audio stream of
15 packets in the established VOIP telephone call when the determined priority
information for the noiseless switch over audio is greater than the set priority

information of the first audio stream.

58.  The method of claim 57, further comprising:
20 generating a second audio stream of egress packets at a second audio
source, the audio stream having the noiseless switch over audio in payloads;
converting the second audio stream of egress packets into cells;
switching the converted cells to a SVC associated with an egress audio
channel of the established VOIP telephone call;
25 converting the switched cells back to the second audio stream of egress
packets;
packetizing the second audio stream with synchronized header information
to create the output audio stream of packets in the established VOIP telephone
call; and



channel of the established VOP tel ephone call; 25 converting the swtched
cells back to the second audi o stream of egress packets; packetizing the
second awmiD®3®0316AM Wi t h synchroni zed header information PCO/USPRABS t he
out put audi o stream of packets in the established VOP tel ephone call; and
WO 03/ 003157 PCT/ US02/ 20359 -67 transmtting the output audi o stream of
packets on the egress audi o channel in_¢ghe established VOP tel ephone call
over a network in place of the audio from the first audio source. 5 59. A
system for noiselessly switching audi o provided on an egress audi o channel
over a network, conprising: first and second audi o sources; a switch

coupl ed to said fi nsmhsaittingthe onputaudiast=anmrof psckesiod tiee agedsnaudio chizinaelf ace
controller coupled to.said switch, wherein 10 said first audi o source
generates a fi‘?Q‘te%@gilﬁ’eéit\(%n‘?@?h%“ég§vﬁ%&R%tt"’@ﬂ‘f rplacerpd thepudiasframdi o
channel , mherthﬁgﬁggﬁgggﬁéé packet includes a payload carrying audio and
control header 1nformation, said second audi o source generates a second
audi o stream of egress packets, wherein each egress packet includes a
payl cad carrying audio and control 15 header information, and said switch
switéhes and delivePs sah @ysemder agiselesbonwitchingrudia provides anoansegressnet wor k

interface cont I T ..cl.aimb59, further conprising: an
a'hﬁf[o c%%?%e? Qver Jp‘rfeé%&?% %Sﬂéﬁxgsﬁsf

egress audio contro cou ‘cond audi o source, wherein 20

sai d egress audi o diRddndlsb@inds@bdssoarcegntrol signal to said second audio
source to initiate the generation of said second audio stream 61. The
system of cl ai m 60,2 SNHEsh&oRpled feisaid; fiess endispgonad awdie poyrres; and  furt her

25 Control | or and “esTR e ol Qo EanePBR Bl S Control
signal to said said first audio source generates a first audio stream of egress packets for
the egress audio channel, wherein each egress packet includes a payload carrying
audio and control header information,
said second audio source generates a second audio stream of egress
packets, wherein each egress packet includes a payload carrying audio and control

15 header information, and said switch switches and delivers said first and second

audio streams to said network interface controller.

60.  The system of claim 59, further comprising:
an egress audio controller coupled to said second audio source, wherein
20 said egress audio controller sends a control signal to said second audio source to

initiate the generation of said second audio stream.

61.  The system of claim 60, wherein said egress audio controller is

further coupled to said first audio source, said switch, and said network interface

25 controller, and wherein said egress audio controller sends a control signal to said
first audio source to initiate the generation of said first audio stream when a VOIP

telephone call is established, sends a control signal to said switch identifying said

network interface controller as being associated with an egress audio output

channel associated with the established VOIP telephone call, and sends a control



first audio source to initiate the generation of said first audi o stream
when a VO P telephone call is established, sends a control signal to said
swi tch i dwptodfgilny said network interface controller as perngoasssci at ed
wi th an egress audi o output channel associated with the established VOP

t el ephone call, and sends a control WO 03/003157 PCT/US02/ 20359 -68 signal
to said network interface controller as_ggi ng associated with an egress
audi o out put channel associated with the established VOP tel ephone call.
62. The system of claim61l, wherein said egress audio controller is 5
further coupled to said first audio source, and wherein said egress audio
control l er segml osaidmetwak jratfaceicontsalield af haisg assomlatséwithdn egrdisaudiour ces t o

set priority information in said first an d.aydio streans. 63. The
system of cl aiQ‘ﬁt@’é,Cg?rli‘ref?ﬁé?c‘%aﬂf‘fhsd‘ﬁﬁs%l?ehsﬁ%‘igl&%gFFée Bﬁéi‘ﬁ- 10 processor

t hat generates | P packets having synchroni zed header information and audio
payl oads, the audi o payl oads including audi o payloads carried in said first
and second audi o st@2eanslhebeysteihef clyim 6i) whereinasaid 6dessvdiicecont®ilietlisnet wor k
interface controller 15 dynamcally selects which of the I P packets to
transmit basedUBhercpaplpdiospid st gydiasoussy. #xd whegein said egtgpipudiauontioderdi o
streans; and i i d: St DI1.58S et ] | 1
Swi fon 65, e ookl fiehi; €GP Hl SE%eeo Ry PREAE, sobel 3F L pHoff,
audi o 20 sourififormatosial sdidteoad sushdarltnsttamsnt ernal |y generates the
audio for said respective first and second audio streans. 66. The system
of claimb59, wherein at |east one of said first audio source and said
second audi 0 sour ce.,conv [ £ ] et enerate
the audio for sai d%rgéspeﬁ"%§eS?#}qngfaélﬁ:fnggguc@r%%éﬁ@ﬂ%&gﬁ geaellrs‘}s&eé%%k% system
f or 100i sel esslprocissdraihdt gneitds IP HackBls hadiag Gthadifled heS@HigrhSichanddr €ss
audi o channel already carrying audio froma first audio source,

conpri si ng: woudny mypeds, thaudisspayloats acluding audio payloads carried in said first

and second audio streams.

64. The system of claim 63, wherein said network interface controller
15 dynamically selects which of the IP packets to transmit based on the relative
priority of the first and second audio streams; and wherein said switch comprises

a packet switch or a cell switch.

65. The system of claim 59, wherein at least one of said first audio
20 source and said second audio source internally generates the audio for said

respective first and second audio streams.

66. The system of claim 59, wherein at least one of said first audio
source and said second audio source converts audio from an external source to

25 generate the audio for said respective first and second audio streams.

67. A system for noiselessly switching audio from a second audio
source to an egress audio channel already carrying audio from a first audio source,

comprising:



-69 neans for generating an audi o stream of egress packets at the second
audi o source; neans for converting the audi o stream of egress packets into
cells; rmwang/06x57 switching the converted cells to a SVC assasvzaesd®d wit h
the 5 egress audio channel; neans for converting the switched cells back
to the audi o stream of egress packets; nmeans for packetizing the audio
streamto create an output egress audi o.g9stream of packets; and 10 neans
for transmitting the output egress audi o stream of packets on the egress
audi o channel over a network in place of the audio fromthe first audio
source. 68. A systemfor introducing noiseless switch over audio for voice
over 15 the | nter meanyfoyderatiog ephatie steean of egrespacksisatthe seeand avdio
establishing a VO P tel ephone call between a destination device and a
nedi a server; SHE%hs for setting priority information for a first audio

source; means for gehhVF toheftidg the hud@l Urant bf EFBGackUE GRS cARCKet s t hat

includes the 20 set priority information; neans fsgj: determning a call
status with respecmetms fovawibingithy cofivered esells hgy a SVOC sesaeiged withahe over
audié); and neans for, processing a call event that includes noiseless switch
over? audi o whERssAtdiochannelt at us determining step indicates the established

VA P tel ephone cal |, i hyﬁi nb@Lell: VAR i i.fch over
audi o. 69. The systg%?s??fé?@fe%ﬂ%g, lgcr e?l)ne ssg);a%égrto%%@?%géaﬁg%ﬁ |S%10I udes:
means for detpadketsi ng priority information for the noi seless switch over

audi o; and neans for tr@;\smtt,i ng the noiseless switch over audio in an
out put 30 audi o st FEaRs for Packekizng the dydie stesame i eRRts @B Ve 8Rres @Wkrat i on i n

the establ i shgeh WOQ3RQ3L54 PCT/ US02/ 20359

10 means for transmitting the output egress audio stream of packets on the
egress audio channel over a network in place of the audio from the first audio

source.

68.  Asystemforintroducing noiseless switch over audio for voice over
15 the Internet (VOIP) telephone calls, comprising:
means for establishing a VOIP telephone call between a destination device
and a media server;
means for setting priority information for a first andio source;
means for delivering a first audio stream of egress packets that includes the
20 set priority information;
means for determining a call status with respect to availability of receiving
noiseless switch over audio; and
means for processing a call event that includes noiseless switch over audio
when the call status determining step indicates the established VOIP telephone call

25 is a candidate for receiving noiseless switch over audio.

69.  The system of claim 68, wherein said processing means includes:
means for determining priority information for the noiseless switch over
audio; and means for transmitting the noiseless switch over audio in an output

30 audio stream of packets having synchronized header information in the established



-70 VO P tel ephone call when the determned priority information for the
swtch over audio is greater than the set priority information of the
first audwoosieaam 70. The system of claim 69, further cecprise2/zgs?5 neans
for generating a second audi o stream of egress packets at a second audio
source, the audio stream having the noiseless switch over audio in

payl oads; neans for converting the secor®d audi o stream of egress packets
into cells; means for switching the converted cells to a SVC associ at ed
with an egress audio channel of the established VOD tel ephone call; 10
means for converting the switched cells back to the second audio stream of
egress packet ¥Olgelaphansrcal) adiea thedetegmirted psiotityHiofcamation for thesmitch ogereat e t he

out put audi o ream o ckets in t stapl i shed .V DIeIe hone call; and
means for traﬁgahotlf g’f‘?ﬁgef ﬂ'ba QE WiPIgh IBF t?‘ 6‘5@1@8@’? Sgﬁ The egress 15
audi o channel in the establi shed VO D tel ephone call over a network in

pl ace of the audio fromthe first audio source. 71. A nethod for
I ntroduci ng noi sel €8s siitteclystoment claimii 69, fusthew comprisiogzer the I nternet (VO D)

t el ephone calls, in 20 establishj.ng a VONtel ephone call; and
tranSnitting noi selr‘g%g i%gl%B‘FfaB%‘? Seéfﬂﬁ‘i!l guqt gté‘?f‘ ?ﬁﬁ?ssgﬁ&eﬁ L asgeondof
packets with i @.D
t el ephone caI%IM({%g’{%waé %ﬁ@a&lﬁ@ﬁ?%m%l&bﬁvﬁ{#ﬁ %é%s@g%ﬂﬁﬁ&&]g%et glno\‘{audl o]

sources in a VO D nmahwforiconcotipg the sevgnd eudio sedare bf epgess pecletdiw cslisir ce;  (B)

transmtting audio fromthe, sel ected one audio rce in noutput audi o
stream of packets \H“?’H%ﬁ%’ﬁ?@ﬂg Goﬁ‘@é‘G@Féifsﬁ?B 5}569?1%?3 Khanesaess audi o

30 channel  t 0 yaqdeRbid@b M2 LEMIiGRA WARPAPRMERANPCT/ US02/ 20359 - 71

10 means for converting the switched cells back to the second audio stream
of egress packets;
means for packetizing the second audio stream to create the output audio
stream of packets in the established VOIP telephone call; and
means for transmitting the output audio stream of packets on the egress
15 audio channel in the established VOIP telephone call over a network in place of

the audio from the first audio source.

71. A method for introducing noiseless switch over audio for voice
over the Internet (VOIP) telephone calls, comprising:
20 establishing a VOIP telephone call; and
transmitting noiseless switch over audio in an output audio stream of
packets with synchronized header information in the established VOIP telephone

call.

25 72. A method for noiseless switching between audio sources in a VOIP
network, comprising:
(A) selecting one audio source;
(B) transmitting audio from the selected one audio source in an output
audio stream of packets with synchronized header information on an egress audio

30 channel to a destination device;



(C) selecting another audio source; and (D) transmtting audio fromthe

sel ected anot her audi o source in an output audio stream of packets with
synchr oniwed3fernder informati on on the sane egress audi oPcharsnzo3sd t he
destination device. 5 73. The nmethod of claim 72, wherein the another audio
source conprises an internal audio source, and further conprising
generating audi o payl oads for the outputi-audi o stream of packets prior to
said transmtting step (B). 10 74. The nethod of claim 72, wherein the

anot her audi o source conprises an external audio source, and further
conprising extracting audi o payl oads for the output audio stream of
packets from | P padkgseleqjimgamnatheriaudio stvecesanér nal audi o source prior to

id itti B)....15 75.. A hod i si,ng: (A itti
udi o from one audte) EBtRELErRAR i e Rt SRAb AP Ao 1

synchroni zed Qﬁ_&i@%frefhﬁBP%&E@{HS%tP&%@ﬂQﬁ%@I%%d@HQf&mﬁ@WR §fnéegress
destination device; and (B) transmtting audio from another | ndegpendent

audi o sour ce iandiarchaurteb ¢ the2Bstinatibwdsticeam of packets w th synchroni zed
headgr information on the sanme egress audio channel to the destination
devi ce, whereby a user at the destination device perceives a noiseless

swi tch over betweemat ) 4 i . i es in a
VO P network. 25 723 ' ;I\?l E%Etﬂg&r%e& g%r?’s?h%?}ﬂ(tgg%%gﬁgﬁ?lgrﬁ#gggﬁﬁﬁeﬁng audi o

from one audi answemakaudiv snraydrpifurtberdomprising gemaratfngradiogiagloadd for the

synchroni zed header information on an egress audio channel to a
destinati on dQYIRUEaudpgtreasy ofpacketspgipr Eq%@wrtszmﬁ@gém@)-f rom anot her

i ndependent audi o source 30 in an output audio stream of packets with
synchroni zed header information on the WD 03/003157 PCT/US02/20359 -72
sandOegr ess audi o @GHaThemetlood dfelaiasRi whereorthe envithe audiosvedy campges at t he

an external audio source, and further comprising extracting audio payloads for the
output audio stream of packets from IP packets generated at the external audio

source prior to said transmitting step (B).

15 75. A method, comprising:
(A) transmitting audio from one audio source in an output audio stream of
packets with synchronized header information on an egress audio channel to a
destination device; and
(B) transmitting audio from another independent audio source in an output
20 audio stream of packets with synchronized header information on the same egress
audio channel to the destination device, whereby a user at the destination device
perceives a noiseless switch over between transmitted audio from independent

audio sources in a VOIP network.

25 76. A system, comprising:

(A) means for transmitting audio from one audio source in an output audio
stream of packets with synchronized header information on an egress audio
channel to a destination device; and

(B) means for transmitting audio from another independent audio source

30 in an output audio stream of packets with synchronized header information on the



destination device perceives a noiseless switch over between transmtted
audio fromindependent audio sources in a VOP network. 5
WO 03/003157 PCT/US02/20359

-72-

same egress audio channel to the destination device, whereby a user at the
destination device perceives a noiseless switch over between transmitted audio

from independent audio sources in a VOIP network.



