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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 ti division nmultiplexing (T net wor ks i ncl udi ng

pUbl 6. 15 swi ¢ EHEHTDRI ANRGHES MR ERSBINCMETIASHRUIGES ol aphone
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 requi VB%GK?ROQ}M'D@P*)?[{E_QNVWH@I@ tally in packets.

Audi 0 can include but is not limted to voice, music, or other type of
audi o data. Voice over Internet Protocol systens (also called Voice over IP
or VAP sy transport the digital audio data belonging to a tel ephone
call in paﬁé@%‘épv EERet-swi t ched networks instead of traditional
circuit-switched, 25 networks. In one exanple, a VOD systemforns two or
nore connections using Transm ssion Control Protocol/Internet Protocol
(TCP/ | P) addr essd¥etinventioe relqiés genernllg onnelid exmimehieplimnevee ahbtwobevi ces t hat
connect to a VOD network nust follow standard TCP/ I P packet protocols in
er to interoperate with other devices within the VO D network. Exanples
of such devi phones, 30 integrated access devices, nedia
gat eways, ar%ggw%rgl{"gdégrvers. A nedia server is often an endpoint in a VOD
tel ephone call. The nedia server is responsible for ingress and egress
audi o streans, that is, audio streans_ which enter and | eave a nedia server

respectively. Théudighaslmedeen earisdiaiderhopgralscyeretyorkeitadiiopalossg - 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 prot;)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 wlosi3isspeech recognition, etc. In many appli caPCons2/d389
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 assenbl ed dynanmically in real time2-as they 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,t ntrol del ays, cket loss apd latency in
b audi o st PO 88 aoiS e ipfled BYee R iR, ¥, EoTirRp o B can be
pl ayed out yabpHbnEER] QMHIas FoicB PAMOESnfbiehke Britigd, mBRhctive WBicH ep&Re( SUCh as a
t el ephone) or a non-real-tinme device (such as an enmail client in unified

messagi ng) . (NP, speeclaresogmition,tc. dif manp applizatidns, thegirodised lhudibsenotDat agr am
Prot ocol (UDP),.whi.ch ‘is Eart Bf hhe P famly. RTE% @ackets i ncl.ude anong
ot her thi ng®" %@aaéﬂ BURLYARE Pasgfl 41 414 PrEdespRpsesTIEOTS SEugRReHA@dnunber
ald ows a desitol@hudseithis S&th R mnudii gt BT, Ess&ﬂbﬂ@tdzﬁémﬂ:ﬂ?yin?@a@Hﬁl‘éence of
| ost packets and to ensure a correct order of packets are presented to a

user. The t iastwlyanppleyadred pomdko steeantse tine at whi ch t he packet was

assenbl ed. The tijresta | | ows destination,  appli,cation.to ensure

Synchroni zed pl af A0k St Reofks: PORC\Reramifiiro dtlay abf 41T fofay and

jitter. Seegtrdlly b afdpd tdrid in%él'égl%ne@éﬁdgr ltinte t?a‘fﬁéor& Epot(MBI y H I
h 2001 p. 52-7 e

United States, Copyright , 2, the enti ook of which is

i ncor por at eds éfteni used erxtontret deldysy micketlhyss ané fatenep cean dvdiestreamgeayedr at an
endpoint in a VO P tel ephone call, uses protocols. . such a P to inprove
c ni cati GH' § %mefi_g? ﬁnger'a%QF Aydie Sgﬁgpgagﬁvpé) dQHEH?‘“&i{ﬂ‘b‘ieéaser vers,
however, haygnigRlink td‘éll &ﬁ%xﬁ@d&&k}eﬁkﬁé&'a@gtéiegfﬂgﬂ&)'cﬁa%ﬁ'—'rﬁlﬁitrﬁ&ﬂ gf RTP

packets for a given tel ephone call. conf nce call nks multiple

parti es over(swhastmemail clientinamifidimessdgding). RARfopemtes on taf dfs pretoevlor i gi nal | y
carried out over jrcuit-sw tche rk such | ajn old tel ephone
syst em ( POT&jCh8s tgﬁﬁlﬁ?rgs%teﬁr?‘@ﬁéﬂtofgl@ﬁ%ﬁ@‘ﬂbﬁ%ﬁ?ﬁ@%%@?ﬂ% l%égnf erence
call's are nouwisScha aindfg Btter Mifds P@Gk&H e Ahibeh & 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 (wl0/0e:abt ed Voice over |P or VOP systens) has ipaaresagzease he
demand 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’3rhe type 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 confer i r at i nvironne ere . vai ce signals
are i git al TSCCHRDISar ioh Toctb el iR BEa FRL W BfcterlC gRaee B 91728
10 Conf er eneeebgdn6@6f vidicd Ber thePhtbinad dybtén@albd@illed VhicedVer PRSP 14. | nputs
12 are connected through respective speech detectors 16 and swtches 18 to
a common  s§hsteme) hasprargdsed theglemgpe Easieonfisrence oallsi@edattwotks. speech by
sanpling an inpu ata stream and determ ning the anmoupt of .energy present
over time. (col .tcf,n ?rﬁ'éc.esorff%%@?n."eﬁd)@ﬁ"cé%a@&w ‘ifé’?"éﬁ‘f‘:&rcaﬁ% @bfﬁ‘?r?'btl s a switch
1& Wen no ty‘ﬂé@%‘?Boﬂlféra%@‘éﬁﬂges%5v§MEehQJ|§ec|11§eﬂe§dim !iﬁpﬁ’d@ﬁ?oﬁ fheltfsluge noi se.

During a conference call, inputs 12 of all ~ participants who ‘are speaking

are coupl ed netwask gird kawrmdingjissamied bvesthe@tvorkda tie cooferdnice bodgep @ne 14.

Subtractors 24 subtract each .pgrti.ci pant'.s,0 VQI a stream A nunber
of particip& es(’%fs’ ef‘w&%g‘a‘iﬁ? ‘gagsﬁf?g%cﬁ’&%réa?at\ggf?hé)’%?iggﬁsﬁe thf&ntigonnect i ons
made t hr oughpaai)f ereesnterénddBrids: 1G88erate8 38 MARTbnmER! wheke volbe 12- 20
col. 2, In. 16. Digitized voice is now also being carried I n packets over

packet - swi t ¢igadls areedigitalkyencaded in 864Kbpstdatat stitemdFlGhds cank, lex 2iq2be  of
nchr onou de transf ATM .packet s | sp call e ells To support a
g@f erence c%éﬂgfer?'}?etbﬁ'igge ?{%B?%lewg‘/ %ﬁW?%&Z@H‘? ?“@B‘ﬁflgr E?R%S iﬁ #8ge 10
converts i nRuhnetENtE@uLS rdspectiVe %w&&edg&féi‘igtaﬁd s@itaietsilgff:‘ﬂakf hfrfon! S
in ridg

extracted fromthe packets and processe conference e 12 as

descri bed alsemmingrdraplfien?0d Spegcpdetediogl 6 detects vpdeckeby samspling-anonmer t ed from
k K ATM cel | i [ t.t tici ts 1-n.

L A pd LA S ol & S 25EH b, (BT P e 11

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 packerCI/ee2/20359
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 inpu’t4'data aggregated in sanple and hold
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. 16-3gy, &%&&%@s&@@& igﬁpg@}eggg%t on?fe?eﬁl:@ﬁx&%ec%%%?s L@ control

329 and replicator ntr determmnes e

par tici pant S02s308peraifrarg ehassfdhopartitipantguhp oupuailospEeconastasi s s 314- 318.
When one speaker (such as participant 10 1) is talking, controller 320 sets
sel ect or 328h¢ partisipgnigatSpeeetoastecipmetl4shB amphyze inpit Aafoegasegatadoingh

t ti I I repl i r . icator .. repljcates the
Gatan ¢ he KRRl AR ot SpRHactiis FELILERbR imd Blslels  ucep
the speaker .sp&ef an/o396lupdt Fdetece@lspeeéh td sontdfle£380. S8, ‘89% pdtent WogN two or

nore speakers are sgeaking, the | oudest speaker is selected in a given
sel ection 1§’b'érl®a.- The next | oudest speaker is then selected in a

subsequent sel eCtdO%ﬂlgHQr?yZb?sd'Ouységﬁa?fj@%%@%ffg?%g%{gﬁéé??ﬁ léél.éq%geech is kept

up by scanni ng speec etecto and RBtor 328 at

appropri at e 330 €oabll&B20 determiieX whidhl 6fIBE PREUSipamie & speBAfig Bae@h, COl . 5,
Ins. 6-65. Another type of conference bridge is described in U'S. Pat. No.

5,983,192 2he qups phweesh detestqsad bhd18. Whennre Wi}(}mhm} paticipariter ence
byq d 12 i i t eal it i transport
0 oeol” Ribfaikine SORRIR S50 M QBATET] FealUafhffbhy BuliERioo), 1hE ' 50

Conf erence llafadg6veb2hiongh dRmnatia dinOcditidf 83S @ feplidaod 430, ﬁéﬁmt&ry audi o
processor 14c associated with a site C (i.e a participant C includes a

switch 22 arneplisates thedatoim thed T el selectedby srlextor28:fos plbpatticipaniect or whi ch
deter 12> WL R BT s 8 ff o o S 14 i s oo
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. Conference bridge 12 includes
audio processors 14a-14d. Exemplary audio processor 14¢ associated with a site
C (i.e., aparticipant 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 ewD,03/003187 sel ect or 26/ switches 22 out put a pl ural iPCy/ush2/bosdest
speakers in separate 30 streans to |local m xing end-point sites. The
Ioudest streans are sent to multiple WO 03/003157 PCT/ US02/ 20359 -5 sites.
See, 192 patent, col. 5, Ins. 8-67. ébnflguratlons of m xer/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,

. 29, VOLGRAONSL 08 LULELAFS (VAR SYSAIRGAD INEIGRdattr e 0

i nproved 5 conference exdnple t'SW Afchitecture

My use oneaRb desa{tfédft@dlaﬂd&eﬁl\dﬂfpiie kélﬁ a@l thee darde i Waterre@nbragl prot ocol
such as MGCP %RFC 2705). See, D. Collins, Carrier Grade Voi ce over | P,
u

M- Graw Hi | f'do lﬂhiaﬂ@dms mpé@tallcbp%cm ‘42 pateuty colpp, Inp¥kcals, Int2% entire book

of which is inc orate rety herein r ef er ence. uch medi a
servers are oftenocsce%lveig’ %‘t %ég@?)ﬁﬁ% S%qn lgg?rgoyrf’%m%nﬂn@gfl . These
ngdi a ser veggnfefeRcdbridR. POARAMPES a SHASTEchaVOParshitleRAFE mAl AsdWne’R I N a
conference call. These endpoints are also referred to as "conference

bri dge accegmr@medtasser\sqrswb@mg]e mestid gatgway eentiod psetocarrgplyianMGEBr e nedi a

streams fro e.calle are m xe OV|de t one or all
of the call @E@ Zggg é) ¢$IH Gyirrigy, ra%s it g%’p@ga(rli'iaf”yﬁﬂﬁd denand

for EP tel ephney sies V@b@r@ﬁ{ Izsm Npp.e25Ee344, N8 hindird PoYRIST WhRhepected to
handl e conference call processing with carrier grade quality. Conference

bri dges i n éncomraiedimiisentintydygraiobysfeatrice. $uchguedizservers argntierusgif f er ent

m f i Audi h RTR/ RTCP
oot o, neliitropss Bal Buedian YR RS Ferd bR e R AT by P saToer SUVMARY

OF THE | NVENWhEfMNuliltestRiafis @R mixedan aiconfeRingy tAES ThesBdnapoin® e akgt em f or
providing nedia services in Voice over |IP telephony. I'n one enbodinent, a

switch is coefpiredito 26" dpafareree bridge iaptess poilsh sinerthe snedirdseavards wor k

interface co ér%tl“ghere

%%iasmeta?ng 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 ewbadioomnst, an internal packet includes a packet Ireadso2/203689 a

payl oad. I n one enbodi ment, the packet header has information that
identifies 30 active speakers whose audio is mxed. The payload carries
the digitized m xed WO 03/ 003157 PCT/ 19302/ 20359 -6 audio. Accor di ng 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 SOUtGs (e B leayHer k) WG B 3 Bles the

audi o conte of ‘a gro I dent’ I'vée spéakers. eader 5

i nformati on strdamtof packetsemdh niimbeh 6f petialemsiedakidioStrieims Bepdcubtk yrem xed
stream In one exanple, the audio source inserts conference identification
nunbers (Cl E$peratgd ducamerdioviourcet (§e- reRSBLt The fally injixed pudivettgaint o header
fields int £.S.1 I O SOUf 1.xed digital .audio from
the active ts];g)cell(?l‘lfiegri'ﬁge aﬁlrc]i{oocB? ﬁeg?&gag?%acﬂﬂ%{hu{ﬁﬁégc%gv%ﬁg%ﬁsf(?r%ﬁ%&ﬁ# 5‘?@8‘?@ gital

awgli o cor r espfonEstidridsMeas Rach othb aétivelsPedkepEinQhe AUNI Rixkd 8fredn® Innput by the
active speakers in the conference call. Each of the partially m xed audio
streans i nclandésample, the andio seyeeimsertsrconfanency idenpifiegtiangwmbiers @dDsict i ve

speakers mnus the auydi,0 content of a tiVv reci pient active speaker.
The recipien Soé:%ﬁtel’dvvéll{g%heear%s o 978 5%{3?%?@8&3 %err fﬁ?cishlp e‘?aﬁgetﬁfr oup of

active speakpiesauluele iMdbr@ idedaigitaRhldio MoxrtheAUAVOspehkatd theld
directed. The audi o source inserts into the packet'g!payl oads the digital
S

audi o from naheadepbilip packetsd drire mixed) digital apdiosenseaspenss o ppesch protherdi o cont ent
of, t he recipien ctive eakern. In this way,.the recipient active speaker
o o QR Bt ERFEET o el bl ot (b Bty b

| not recdVE Hudi'G cHor audi o i nput .

Packet header i nfRach®f tRartidlthixkd @sdib Bee6d invRidePBa140diS coheitoraudi o
content is included in the respective 20 partially m xed audio stream 1In

one exanpl e the Bwupefidentfied activerspeakess raines gie audin eontentfoé paespective
dont 1 Cat | baBEa 2ot AR Sl B LIS Loyl Pkt
active speakps gfoaplos attivd §RakGOIGIRE Whichl d parfiiBy ived arlidlstdateisuded 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 "m x®0D0380316B it is m xing audi 0) dynam cal | y gener aPe3/ushy20359
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 appropri at’e QD 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 exarpl e 10 g Ol ShENREcSAblp N SALAS] S ASRARRL GRS of v ch

3 are identified as a Ve spe €n on audi o

stream wi | | 3 gondentifledbislictivt speikars|(1-3),akdn o faRP BRRIdSaudiddtieainibilly M xed
streamis eventuall sent to each of the 61 passive participants. Three

partial | y nicga@inandhofremralahactiyespeakarss dhigclivtly aniged stream issyvengaallyi al |y ni xed
stream 1 contai.ns. audi om speakers = 2-3 but not speaker. 1. A second
partially m'%%lit ?g?&e%ﬁﬁezgggﬁflal RATUSIRENGS: pﬁ&%pagtbaglg@gggiqc&o B ot speaker
2.5 A third pagdliddneraidds odfist pAAMENKCALRaNS1 soilhifs addiOfbmRBAdIRES 1-2 but
not speaker 3. The first through third partially mxed audio streans are

event ual | y Sehbutuptspeskretl.s Alsegondpystially mised streami2rdontaigsyausiid frofiour 10

m xed audi o strea eed be generated. by .the audi 0 source, . The fully m xed
audi o str ear?P%%&rSanE 131??%%91 SBF Lt géﬁwp%}‘%@mgis&a@tb’;rcé’aﬁtnséwglosent from

the audi o sGrg§seakdts U-2 Hablistlspéake 3. PRHEIREt tiol giEdird PartRIL) mikedb@Hiocan al so be
used. The packet switch nmulticasts each fully m xed and” partially m xed

audi o st r earstreamiageventnilly sene tof speekesd hidrrespeetivglNl &) thisTway silg fod t hen
prpcesses each packet to determ ne her tq. forward the packet for the
PPTY " xea SRR ARES hiodhe e e stthrdeaby Bl oy U1 1 ol panc. Thi s

determ nation cahebmiyasiRed Qudi6atredrh MRd REHBADG b DaltRK-Hikel 3BHD at the NIC
and the packet header information in the multicasted audio streans. In one

embodi ment , steamsgreisant fremitheaaudin safrcasie gcBAPerte aqacketiswitckadhcell20
participant ,in the cifcuit (SVO

is also asSBEf 5?%&&\%1! é%bsféﬁgsﬁkggagzggﬁ%vg{cgé@ﬁlt%\é\%t% feg&agélmyr ’tn)ti‘%:do%g- up table
i s gener at ethaptiilly 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 iwo)3ameds7 Cl D of a respective conference call parPcgigsanto3seook- 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 mixed amd-partially mixed 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 djscard or forward the ket for the fully
i xed V0 03PoBSTAY RiNoiCuEh siablo g PidigBont I audEe BARE Blsshlm 1o o
par tici pant jnyRBoRAMARLAY Backet ploBeRInRIRMminaf¥R Bhr B pdrformBakuicklys packet
processing determ nation can be perforned quickly and in real-time during a

conf erence @ad in roalstide duringaciosferénea dalt basad on packetheaderdnfo@n@iondndr mat i on
obt ai ned fr the | ookup.table, 1n one enbodinent, the . net wor k packet
which is sent’ i’ﬁ‘i‘?rﬂﬁ‘ggn {ORtaRed from; wﬁﬁf’ogu%é‘i%ﬁ)r E" é’Barc&l%O%f'ﬂ?’B;rl\ﬁ’ﬁti on
(1sP/ UDP) obtgiial H4cRER WAkh ROKedtPirchidks th&THarRaFHeE MBRSIR! addrdsor mati on
(ti mestanp/ sequence i nformation), and audio data. In sum advantages of the
present i nvanfoiroatiann@PAHRP) pbteined ifrgn abe fleskewg ¢abld r RTH epapkas desdérng usi ng

fewer resources with |ess bandw dth and procegsi than 10 is typically
requi red i n HPRPRPREpestamp Sﬁq‘lﬁ‘ﬁ%f"fﬁﬁﬂﬂé’%ﬁeaaﬁ‘%%@s. A conference bridge

system and met hogy Qfm tRGarRides Sfﬁﬁe bfé‘é&ﬁ‘ir&)\?ﬂtimnkiugéﬁfo%idi Snf@¥ndehat

relieves the m xing device of the wor replication. For a conference
call with MNridgepriocéssingusing feiver reaoticeewgipkakieandwidih azdpliocessiogtime onl y needs
to generate c + m xed, .audi o streans (one fully nixed audio streamand c
o £ a1y misemicaAPe O 1 e 5 icuRaR RHPECOREREBTER (AP PV R ¢ | cast or
[N a Swit ch pARLE 0y RE eth6Bt litAbr Qi HEnlTlh LhARSKE e WHy iR audi o
streans. A furTher advantage is that a conference bridge acCording to the
present i nveelidvesitheamxmgakece of the sonnuithaplcationr Her anonfrersechll patht i ci pant s.
For exanple, if N = 100 articipants, apd ¢ = 3 t] eakers then an

N actjve s
audi o spurcé\I BHHYPARE AN AEPVESBeAL eI, 4n au oFﬁ%%edo'ﬂﬁH?_ S\é‘bg‘?{%@éﬁﬁﬁ. Packet s
in mul ti castggaydifo SitdaGRMBndtuRy RiRsERERb1Rim3Andk farkifly fiedalbd®

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.



to determine the appropriate packets for output to a participant in the

conference <call. In one exanple, internal egress packets having a header
and payl owo oane3isused in the conference bridge to further pCcadisoR2@s®cessi ng
work at an audio source mxing the audio for the conference call. 25 In

addition, as the use of audio networking increases and the nunber of users
and applications rise, there is an i ner easi ng need for nultiple audio
streans even in a given tel ephone call. The inventors recogni zed that
multiple audio streans need to be switched dynam cally w thout introducing

RTP errors in Ca'fh%rq{Eieﬂggﬁbghig%rﬁ 1§59 m%tmrﬁdn%s&w%érorggrgegés% uch as a

voi ce over EP netwo €rrors can cause unwa i ses such

as clicks, poighingtbetwi¥a Ordepbmitht’ ab&d/ $fdRs20306h nokeldds swiehimgt | nvention
provi des a nethod and system for noiselesslg sw t chi ng between i ndependent
audi o st r earPiesesge yakid RIP infarmatipn ehthedime ok switchegveral s etpblishelor mat i on at

the time of 1t ch oyer.. r._est.abl | she P.call he pr nt i nvention
can noi sel ess csa\h/]\ns’tt\léﬁpéeﬁgﬁémfern E)l ngélrgn(gg%?sgfg? Ws’% ra(?éfot 5013&% %@&.0 Thi s

sv§ t chi ng sY&6reeté andlleranTHis SRACHIRN syststh & fhaRaddh® car'®ale todahdle | N
enbodi nents of the present invention, a switch is used to direct audio

dat a from mmanygsels.audi o sources to a network interface controller. The
switch can be a cell, switch a packet .switch. .The audi,0o sour.ces can be
‘nternal audio 10NERReRBhentsithe ptesFALIRER ol bditch i ecelo diRd AL, i
interface ceatalfedrh @kulpit @hdioGaitceddd adRyvoRliREfaeeonrbileraTHRAWIRhWor K and
i ncl udes one or nore packet processors. An egress audio controller

control s t heawpes sell itdforjapagkaawitely dTlee audénsoueses cambe iwidmallaudind t he

nefwork interface controller to carr t _noi sel es SW.1 chi ccording to
L "or sent SPHGEneTae oxfend ol soficky.  Phe ndtSpRCnfRGics Bitiromer ARICHTE D

i nf ormati on ch® besSAfy RYerfacBatliPak IPi n¥twokasfl FRRIES bh€or trRord§fagkdti Ne whi ch
audio streamfroman internal or external audio source is transmtted in

an est abl i sipsetessOrP Aregishvaudieegntrollenenitipds the pperadersef infernakoudipt er nal

i r . Th i r r iV i .
audi o sou C%gurces,‘?héle Evglt& asng;f']t'ilg %%t\&%?ﬂ?ntg z?ce c%% rg ér toecalary %u? 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.



streans of internal egress packets for one destination egress audio
channel. In 20 one enbodi nent, each internal egress packet includes a

payl oad caorogioogysaudi o and control header information. ThreTamsnr/emsss header
information has priority information. This priority information is then
used by a network interface controller to determ ne which audio streamis
transmtted because only one RTP strdlam can be output at a given tinme for
each VO P call. 25 In one feature of the invention, the internal egress
packets are smaller than |P packets and consist of payload and control

header information only. Ln this way, processing work required. .to create
conplete IP packé‘tcgorﬁ Oh{ﬂheb aﬁ’é‘?’taic'é](!lgw’éﬁich‘SBW’iqml‘él?ﬁé‘lfu&ﬂf*%'egources such
as DSPs but i sxg1té“ﬁ fuchut ed ATache s@ﬁ&kf}*&t hﬁrﬂ%@gﬂﬁilhﬂe%ﬁdmwm k

interface controller. WO 03/003157 PCT/ US02/ 2 -10 According to further
feature, a débintewmaltegtess packssdonii different adiaisttepmsastivedvertee toceld.t ch such as

car 655 packabé cebivisiEomtimes uagedssls GO8tditama WOE-e B e WG ool I's.  The
cell switch | e : { (sl : ivers them
S%acr 0SS a Sa€1th C sgﬁﬁ:\}/]???lg% ICEL:EH%ESX@()@G%TEt gfhggml%?%?%ggg\a/%qﬁhgﬁgssoci at ed

W th one eggessowpitputioahdnme] edraimgeah esablished taephest atll.i shed t el ephone
call. In one enbgodi nent, an egress audj o conbro_l ler, is used to control

noi sel ess  swi t c A PRE HIOOLITAETS: ansEies A QaBHREFS Bsgrtaconigf woisekiss el ess
switching a I I ] a g I 0 herein as
a "noi sel esg@g&ﬁ?gﬁf%@gﬁt\?ﬁ)ﬁﬂggﬁg@g Crea}rig'gfdl?lgg%ﬂts éle%g?xfs?tgr@gg\&fso\?mﬁﬁ{l h over of
addi ti onal aonthe prasentdaventienlisalso réferred &d heseiniafa Iviviselest bwitcls@vey.' de i S

avai lable. In thjs way, an _extra char may be made for . providing a
N8 sel ess swwﬁbw@ﬁnfg@9l§?1%9é.SW}tﬁh%qugfadé%%@lW@Fawaﬂggqf@%"ssm tch over

|5 perfor medy LRon3fX s6alck is FANEAEN TN waY SRERIGIER Vel Meqarlg i onal

audi o trigger the noiseless sw tch over. Is n ess swtch over is
carried out pusiidigg taheoisedéss awitel ovemsdreice.ndnsotbéresmbsoddimentts, woddseddss t he present
i nvention. Exanpl es ,of%‘%al | events _include but are not limted to the

fol | owi ng c8WHFh Pyrds perfermgd ey ¢alkondi ti on,

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



a call signaling condition, a call event based on callee or caller
information, or a request for different audio information. The request for
audi o i nfwomatbzin? can be 20 any audi o request such as a r equUasH2/L@s59
advertisenments, news sports, financial, nmusic or other audio content.
Audi 0 sources can generate any type of audio. For exanple, an audio stream
of egress packets can include audio pb&loads rrepresenting voi ce, 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 and audio feature nmanager in

2 red a_sor areen iRk b8 allio ey R erd (Y B Bachits et egfyec ™ o 1
processi ng RadkeiNr M thPOiMethe eRBAMI HBE: Pabhedd ¥8 Prodessed'hs ifahéy@eef audi o

streans including 30 an audio streamfroman external audio source. In
this case, @enfra@edbyeninernpPaud® g8%@0Ths Intewel eges/RoRI9may intlysecket s

tai ni ng the .audi . d t | P, packet i nt |
packets. A FRFD BITRENST LS Rieatl apesmetd® may kERGH a Backfio 0Bedla as P1 °°°
they were  GeRBE ALY HoudR alsiiRh Bihe AHAT WERGhE BxtefdaCaldié QEdda] hRIT €SS

packets may include priority information. The internal egress packets may
be sent as paclatvey bighgeiokity Hdzaviwh over iSiiprobeedugpackesprdtaskortabthehe NI C.

Wien the external audig stream.has .a relatively_.high priorit nd switch
over i to pibeedsoate kel Mioinafipnifdharder fromaunkisehe KePhacker s
W th synchr Qﬁ?oﬁﬁﬁid?ﬁﬁﬁ&éqn'dé‘ir&rlﬁ%bﬁéﬂs fofeRtimatioR Ryick nf or mat i on) and sends
the I P packets to a destination device. In one enbodi nent, a noisel ess

switch over syst dmoaecobodiment oa mhiseledsOswitsheover orystemvasicorking toethswi t chi ng of
.Nn anot her

aﬁgi o streans_ onl é dr im inter ntah. audi 0 .. sour ces such_as tDSPz'
eftbodi ment, "BVHUPLLNESESSAF SRHCBVE SW%WC%CS? i Y '8t He 2PHfent i on
i nvol ves t hgog\kd &lzh 28 DSIPs 2 iflhkbiidrleRoBintdn® A ﬁdﬁe@ésg_@{vitcﬁ’-li%r@yﬁ&w ces and
external audio sources. In another enbodinent, a noiseless Swtch over
syst em accoradiarding o thaénvientieminivolves the switehing hbawi stodaimsdront inkumklo 15
streans only from ext erd”ual auldi Q. Sources in V\,Qi ch case the swi.tch over
syst em 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 adiagram of a media server in a voice over the Internet example

30 environment according to the present invention.



acts a general switch for audio streans and no internal DSPs are required.
Furt her enbodi nents, features, and advantages of the present inventions, as
wel | as tweostoiisture and operation of the various enbodi memtsontosshe
present invention, are described in detail below with reference to the
acconpanying 20 draw ngs. BRI EF DESCRI PTI ON OF THE DRAW NGS The

acconpanyi ng draw ngs, which are incotporated herein and forma 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 per killed in.the pertinent art. to make and use the

i nvention. In thzﬂgrgw dgrarp ofan "1*%‘%“’85‘35?%(% ‘8?‘?‘8‘%@3 CYSr in a
voi ce over tiha rdsehiResedcofl Be Qe MWeh@bdrent according to the present
i nvention. WO 03/003157 P U802?20359 -12 FIG 2 is a diagramof an

exanpl e nedi a selles. IAaidid arg disgriing of en vudie processihgpdattarmaesordimgor di ng t o
the present .inven i&).n. Fﬁ. 3A and 3B are diagranms of an audi o processing
pl at f or m acdBAYPRGOUMEnLA BEBESFHEMCEP Yt he present invention. 5 FIG 4 is

a gli agram of a ayg504 Ry QAREFIrAGF R'addib PréBeding PAWSH 3s Bidam & Fracgor ding to
an exanple inplenmentation of the present invention. FIG 5Ai1s a flow

di agr am showcemdingdo es txdshple implementation ofathe peasentiinganéiss. packet processi ng
according to an odi ment of. the present inyention. Fl 5B is a flow
di agr am showi ng g:gaeg‘é 15&3&%9“‘%‘@5’&58‘5?%ﬁ%‘??aa\{’i‘éli’rpemféa G according
to an enmbodijerh pRiceddiiy REGURIY tolah LRIBbLRENt bf 8 préibnGfvéiipndi agr ams of

noi sel ess swtch over systens ‘according to enbodinents of the present
invention. FIG 6#Gi §Bds adleymdmgram slmveeg egess paickehpovessingyatanllt hat

carries out ccel . switching of ind end%n egress audi o streans generated
b@f i nternal “@ eé‘onfgc‘gg‘ﬁgg%gn %B‘Efﬁ&eﬂbo ttfﬁe B‘%Smﬁp%t of the present
I nvention. FIGs. 6A-6F 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.



FIG 6B is diagramof audio data flow in a noiseless switch over system
that carries out cell switching of independent egress audi o streans
gener at edwby3/00316Br nal audi o sources accordi ng to an enboaicrarsv2/af3se he
present invention. FIG 6C is diagram of a noiseless switch over system
that carries out cell 20 sw tching between independent egress audio
streans generated by internal and/or -I3xternal audi o sources accor di ng to
an enbodi ment of the present invention. FIG 6D is diagramof audio data
flow in a noiseless switch over system that carries out cell swtching

bet veen i ndenendytt; BTSRRI S SASEIE LERSIE! SUAY b aEARL, AT of

external audi o sources acc an enbodi present

i nvention. RWchiblg besvedh a@lependeiit egttds sudieéteafds @endrite@byditedhiesgiosw t ch over
system that carries out packet sw tching between independent egress audio

streams geriepreearcpidingtoantamboditagns of terpseseal in¥emtios. sour ces according to

an enbodi ment ofgkh resent inwenti.on. 3/ 003157 [ USO2/ 20359 -13
FlaoF T di agr E1Cor AN SR Febr O Bd B S AR TR out

sv§ t chi ng bet weelFIGNTR Red Bk at@0ilIasiSat i OF an SitérRaAfacks Aedordifg tdoneext er nal
audi o sources according to an enbodi rent of the present invention. FIG 7A

i s a schemmtembodimensof tieipsesentfinggntioP. packet with RTP information. 5 FIG

7B is a schemati g} Lustration _of an .interna acket..according.to one
enbodi ment of -t hiGr BIEH8MFetth sfowir e Bt R ARkt ng ¢ he
swi t chi ng f ypohé emBbdinénBSIARE Biebsht idven@e enbodi nent of the present .
invention. FIG 9A 9B, and 9C are fl ow diagrans show ng the call event

processing 10 fdAGa2widB,ond ¥aaredlon dirgrams abawingthegall eventprosedsingi nent  of

' ion. FILG 10 i bl ock. di. f a di.stri.buted
B b ence. PTG wnsutge 5ot e Rt bR T e PRI Py enc f on,
FIG 11 is an examgl €0 isaooskddibgaineoflasdéiribited B6nfeiehtd biddicafdcéraifger ence

bridge of FIG 10.
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.



15 FIG 12 is a flowhart diagramof the operation of the distributed

conference bridge of FIG 10 in establishing a conference call. FIGs. 13A
13B, and wB8@3a0xasf| owchart di agrans of the operation of tRreT/wozLe3shUt ed
conference bridge of FIG 10 in processing a conference call. FIG 14A is a

di agram of an exanpl e internal packet 4(gener ated by an 20 audio source
during a conference call according toldne enmbodi ment of the present
invention. FIG 14B is a diagramthat illustrates exanpl e packet content in
a fully mxed audio stream and set of partially m xed audi o streans
according to the resent.invention. 25, Fl S5 is.a di.agram t hat
illustrates exan'gpg Pdsséﬂ‘ef“VSB%?’bmlﬂdﬂ“érbet éc%eggc&'étﬁsreg? Go Tﬁ have been
mul ti casted a@d@)‘i‘n@ﬁ%ﬁg dri®ihgbavi theedtawin@s CRRE defedhe: nlmbBRCkELset 0 be sent
to appropriate particCipants in a 64 participant conference call according
to t he presdédenticalvefinicbonally@inddired3anrs. ACiditigedy 2bs Bft-most4ligiie) ofr esent

i nvention wl| b Grihed with ref ce t h i
dr ui ngs. | A TR AUPHGSOETITES PR WOD SRS OBt [ cal or
fgnctionallgp id lar elements. Additionally, the left-nost digit(s) of a

reference nunber identifies the drawing in which the reference nunber first
5 appears. DETAI LED DESCRI PTION OF THE I NVENTION 10 I. Overview and

Di scussi on The prese i t i ystem for
distributed confer eﬁgmﬁﬁgqgﬁbﬁgF&ﬁmg@%ﬁl P tel ephony. Work
is distributed away froma m xing 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
ri@duce work at amd audiQwverview agd Déscusston A conference call agent is used to

establi sh and end a conference call. An audio source such as a DSP m xes
audi o of active conference call participants. Only

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 a DSP. 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 switch iscoupled 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



one fully m xed audio stream and a set of partially m xed audi o streans
need to 20 be generated. A switch is coupl ed between the audi o source

m xi ng awmom3oesisent and a network interface controll er. PCrasesmRissh
includes a nmulti-caster. The nulti-caster replicates packets in the one
fully m xed audio stream and a set of partially m xed audio streans and
mul ti-casts the replicated packets told-inks (such as SVCs) associated with
each call participant. A network interface controller 25 processes each
packet to determ ne whether to discard or forward the packet for the fully

m xed or partially m.xe haudi 0 streamt par i cipant. T(ﬂ'i determ nation
can be. made PISIHRYSIPRINE Tt sgryer cnpRlude B cal pantal apd avipdeai ¢ he
packet headfanhpdr 5 Rbnathe He bpGatidtlslof aRSdoAttrédibridgé.r eans. 1 n one

enbodi ment, a conference bridge according to the present 30 invention is

i npl enent ed i n aTiregreacrgénvention Kclesaribed in teomeofrmdixamptesvoide aveeth\O 03/ 003157

PCT/ US02/ 20?%9 -15érgg_.esent i nvention, the nedia s r% r can i.nclude a call
gare © E‘Er

control and HEACLSPERNTR" 9&%‘?8_@%‘?“ o e??atﬁﬁﬁ‘(f HPTEH, U QOVYHE6f t he
canference Bpjydog s Fﬁﬁirﬁ’c{:ﬁ%&rﬂﬁat'tﬂé@rﬂkh%}m be li?rﬁf%ﬁrtb%gli_&d?ioh%rlﬁesgf an

exanpl e voi ceover the nternet environment. Description in these terns is
provi ded foexampleenvieommeentd nflagt, afiter readingthei follewohgdiesdriptionhié wilvent i on be

limted to application in these anpl e environnents. ILn fact, after
r eadi ng t he PP HRIHPIALE AECEOR SKillEH in fhe FICVBRCHEO% $p PRIMENbHE per son

skilled in theqfi&h ﬁ%ﬁi&haﬁ(r% eﬁ@il’&nhi%n{s%bmh 6:‘11%velioﬁé1/&6iﬁ}_t|h9ﬂlthﬂ3, alternative

envi ronnents known now or devel oped in the future. . Term nol ogy To
nore clearly delineate the present invention, an effort is nmade throughout
the specification to adhere to the following termdefinitions as

cbhsi stent| yl-as J6ERINGIY 15 The term noi sel ess according to the present
invention refers to swtching between independent audi o streans where
packet sequence information is preserved. The term synchroni zed header

i nformation refeM® morgalehdy slehasdterghe peactermvedteme apacfk@t isempdence

information is preserved.  Packet seqguence : L
throughout the spec1f? ﬁﬁere to the following term definitions as

catton to a
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.



information can include but is not [imted to valid RTP information. 20 The
termdigital signal processor (DSP) includes but is not limted to a

devi ce uswo wooxiete or decode digitized voice sanpl es acc@®Caiusg2/235a
program or application service. The termdigitized voice or voice includes
but is not limted to audio byte | es produced in a pul se code

nodul ation (PCM architecture by a st- dard 25 tel ephone circuit
conpressor/ deconpressor (CODEC). The term packet processor refers to any
type of packet processor that creates packets for a packet-sw tched

network. In one | e, ket rocessor .is.a speciali.zed...

i cr opr ocessor dg)éF%@d’“Fge"p%g‘Fﬁ’?féeé ?ﬁ?vogﬁ@'gﬁlgfcaﬁﬂg&{t@naccor di ng
to a program fg ExeaPpl i cation service. WO 03/003157 PCT/US02/20359 -16 The
t erm packeti v0| ce refers to digitized voice sanples carried within a
packet. The ter m’[headmtneabnmmomol (Kmmeano’éanhwfefcwmtbe segience to t he

sequence of RTP packets ass th o han of packetized voice. 5
The term swiof BIEPagksts EFéPCléﬁea ?‘t §¥¥I ne} 8?%4“ e'ﬁ‘} é’ofcénporary vi rt ual

Ggcutt that 1S ek i PAARCHRA Ardd (SRY &&réﬂ?&@terﬁ,gé}@ynanw@nsmtted

Oice the communication between the two host's 1s conple the S
di sappears. cirouit thatisrsetip, and qsertmijnemtongias tlatalis lnnmg;unmtsrr(impncedm ns

available at all times. 10 Il1]l. Au wor Ki nment The present

i nventi on c&RMBMNCAEAN betwEeD thedpe ESV\Br‘%QF'ng glpppﬁ\;%éréﬁﬁappeagh audi o

net wor ki ng epylfp Ep:e%ﬁneﬁ@(hrfugpél%ﬂ (Pth)%rﬂalﬂQﬁvaJll'aﬂi'eta?Qll lifheg Wi de area
and/ or | ocal ared twork environnent n exanpl e enbodi nents, the 15
present invention is incorporated within an audi o networking environnment as
a stand-al gne unit_or. as %ﬁof a nedia server, packet router, packet

sl tch or otfer Q\HPR’VQ?E‘H% ¥KONMERS, previty, the present invention is
described with respect to enbodi nents incorporated in a nedia server.

Medi a servers deliver audio on network |inks over one or nore circuit-
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.



20 switched and/or packet-switched networks to local or renote clients. A
client can be any type of device that handl es audi o including but not
limted twoa3sbediephone, cellular phone, personal conputerCTas0yo38d dat a
assistant (PDA), set-top box, console, or audio player. FIG 1 is a

di agram of a nedia server 140 in an voice over the Internet exanple

envi ronment according to the present -lhvention. This 25 exanpl e includes a
t el ephone client 105, public-switched tel ephone network (PSTN) 110,
softswitch 120, gateway 130, nedi a server 140, packet-swi tched network(s)

150, d t | ient 155. | eph lient 1 i S. t f h
(vi ted or vi rel odEJephfEk oRelR 1035a SBGRT UEerdee abbissBuditeebRionto, PsTn
110 is any w%rﬁtpﬁmfwdv\%ﬁwﬁfmna%wrk(150tor{;&{mwreér 13Di Bithis155 can be

a 30 personal conputer. 03/°003157 PCT/ US02/ 20359 -17 Tel ephone client
105 i s couplegaimpleraaligignalipgidid consoliis spamdteddionpthe meediapathsor knKsPBEN) 110,

130 d ) 150 di 1 I hi | e, [ 1
IR T I AT OIS MR WIS
cay 1y audi 0.14808L 541 AbA0pb st VifBhaRINBRAOII LTI aRa kiRl @ server 5

. Softswitch 120 suppor si-gnaling and control to establish and
renmove Vvoi oeiceghllsbdpetenaelephamiechbintri®S ahd madiat&yeahd. Medhaesmipler 140. I n

o0 vy 20 0B ot b o Sheinles Tiord SERLIGRA ity om bS
110 and net j, S i i [ - uncti ons
such as tra\rgésgpg?%ﬁlgf?ar%ﬁ?@d?@fb@f#ﬁ%ﬁgguﬁgﬁﬁlﬁglwgggw}g@g@ | nt er net

Prot ocol (| Ahisddisdsdendarictyef well-kaown flanporiseucke bs eantslatibg aicegcwibupl ed over

network 150 to media server 140. A nedia gateway contraoller (not shown)
cth al so uséwgphﬂtfsiaeghwdmm%m arsinmtiPﬁ@t%C%Mﬁ%eﬁfeﬁwdt\eceeW%| i sh and

br eakdown 11 nks 8 AR ES ORI BEbVE R SR TR S mefld Efler 186, and modi &

server 140. An application server shown) can 15 al so coupled to
medi a ser verA ihédiaigatesappantiol einbt sheww) caaalsamude SiPb supottoald signaling pr esent

invention is described in terns, of these _exanple environnments. Description
in these terfd Gogtrp} &t/iearélah%andcgméﬁlﬁ“éh&@k%ﬁvs}! ag vojcg 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 anetwork. 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



not intended that the invention be |limted to application in these exanple
environnents involving a nedia server, router, switch, network conponent,
or 20 st awa-0aloesie7 unit within a network. In fact, after readiusg2/tdses

foll owi ng description, it will become apparent to a person skilled in the
relevant art how to inplenent the invention in alternative environnents
known now or devel oped in the future-181V. Media Server, Services and
Resources 25 FIG 2 is a diagram of an exanple nedia platform 200 according
to one enbodinent the present invention. Platform 200 provi des scal abl e

VO D tel ephon 200 i udes ,a nedi a v 202 coupled to
resour ce(s) p?‘?f% ‘Fﬁeﬁ?@ %éﬁd M‘Egé? SﬂeZQBZrP&OYlﬂ?SerF?OéIE%e(S2;6 %er%eél a server
202 30 i ncl yqesp: Qﬂﬁx&:rs2@95&1@325&&%1‘)&%1&@%nﬁ)dﬁlé§9%'[z§ﬁa§7§’rﬂﬁﬂﬁh 220 and
audi o WO 03/003157 PCT/ US02/ 20 -18 processing platform 230. Media

server 202 HG. deesonesonodidss m@-fandu@eamnveetgonalzn.ezoumwh@sslaalo i ncl ude,
but are not limted to dul e Resour ce

modules 211 amRoEmERSc oA ahp s Trrobmhr 20 L5 aherdisi yeg scanning

arsnouncerrentzl. ogfb'eb‘ffﬁ tQh ol grdBuf 22 ¥ G6dio Feotdplay RRGAHE glltd ¥Qi-ce scanning
5 resource 211 transcodi ng resource Z11c, audio record/ play resource

211d, text- tcb-spéephemsbume%m and aﬁbed:ferecagmltlwpee@hcerkbldgh{ddlmr\n%ource 211f.
Medi a services ncl ude, . but are n mted . to, 3a- e,

Shown i H1 QL2 inchideq bl aro RO oot SRE B OB G o MR onal
services su nf erence
bri dge serv%grgﬂ%iﬁ&ﬁgs eolas%'?lrn glil#@%gn\\/éﬁ't16§all?r%,hh%e§e§u\éh%@ taég’gﬁi y 213e.
Medi a ser ver212fZoicechaibiesvien2 Hbptonferencerbridgaiserice 21 3¢ osdsiorsgreaming  ( CPU)

210, a resoy CPU 22 and an audi o processing pl atform 230.
AHbI i cati on%%&)%%@agé 2B S€sor t hat supports and executes program

interfaces for Médlgeérvﬂ%gqmu@dg% gﬁhcaﬁtgﬂlcérﬁﬁﬂ P%&P it cairgb! es

platform 15 200 to provi ne or he nmedi a serVi ces 21 Resource
manager CPU21020 resouareympnagee <R 220 aand emtandiosprooessiagt platfonn B34Q. ween
resources Zjigpp?llggtlénh%PU 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 (LAN) Ethernet 209b, digital subscriber line (DSL) 209c,

cable modem 209d, and channelized T1-T3 lines 209e.

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.



application CPU 210 and/or audi o processing platform 230. Audi o processing
pl atform 230 provi des communi cations connectivity with one or nore of the
net wor k iwpesfoaxies 208. Medi a pl atform 200 t hrough audi 0 PCEROSHHR03§9
platform 20 230 receives and transmits information via network interface
208. Interface 208 <can include, but it not limted to, Asynchronous
Transfer Mbde (ATM 209a, |ocal areal%fetwork (LAN) Et hernet 209b, digital
subscriber line (DSL) 209c, cable nodem 209d, and channelized T1-T3 |ines
209e. 25 V. Audio Processing Platformwith a Packet/OeII Switch for

Noi sel ess chi | nde ent Auydio Streans |In one enhodi nent of the
present i nvimt{ £”gu‘tsjls O H'Eg-g(g %Vﬁﬂ’a‘?‘gﬁrﬁr{f’ aﬂg’g’ Prﬂ‘é‘fsﬁﬂgélqa"%%am c
fully- masheq @lleLs s%mc},ﬁ.@ ﬁ&d&@qog{er}géseﬁpmm%ts for 30 the reception and

processi ng o packets, I nternet Protocol (I1P) packets. WD 03/003157
PCT/ US02/ 20359  AkSllidtmtedoaudi@ fdcessingtpdatformr23Blialuded awiatlivontegjand t o audi o

processing | ncI ud| ng noi sel s SWtc acco to the

i nvent i on. AYdip|tEaiute, manager é icg!l pﬁwd@géggr@lsﬁl %ﬁgfrﬁ 0 288 PaﬁE?‘EH’is a cal l
cantrol and ferred to
a? a packet /S gg‘?’?{(ﬂg&@% U%:lﬁs to I ndi éﬁ?%a%%ﬁdlg%%E%§%E%§ '%@V(gﬁcel | switch

or packet swbiireh)ions3O5ywetwokdnteeate conaolk306 aatiaodib chainel pracassaent r ol | er
306, and audi o channel processors 308 Network interface controller 306

further i ncPl¥edlepuerkdnteracscontalier @éf“nh@dp‘ﬂ“%rﬂa%qt PEORESSIPY - f eat ur e
manager 302 éfl afl c8 lafi@addo foblute ﬁ&‘ﬁéggﬁoé(?? o gf‘e‘d‘ﬁ@%éﬂ s(\)n;r%@h%ft FEvdgentrol I er

306, and au annel s processors Iguration, call
contr ol andnaunﬂla@ emttallee 306)aget aB0D ichameisn@rdeessots r308t | yIn tonet he net wor k
interface controller 306. Network jinterface controller 306 then controls

pcket pr oc&eafagurasion. ealksontrobandyaudieifeghire managsr P2 Is BReRishdirestnt by cal |
control and &Hfé'r%nt&ﬁﬁ%ga&%ﬁ&sper 51\5&7@ &g@gg@g@ﬁ%m 864 1 ﬁon”ol and

audi o feature manager contro netvvor interface
control | er 36firdls padkeichrogesradhe bpaaeresased sn t}{&%)molamhmmﬂs semtbannel
Processors 3 contral and mdio foators manager 305 9 ©f
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.



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

noi sel ess switching is described further below wth respect to FIGs. 6-09.
An enbodiwer/ooxf7t he call control and audi o feature manager/iZ022@szor di ng
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 al so coupl2® to cell switch 304. Cell switch 304
is coupled in turn to audio channel processors 308. In one enbodi nent,
audi o channel processors 308 include four channels capabl e of handling
four calls, i.e., there are 25 four audi o _processi ng sections. In

al t er nat i ve leasnslgrgEbodimant, dagkes procpsspes 397 arg %éblﬁﬂgl’BOQ: A&PICBr ocessor s

308. Data pgco‘gg:b%el{n\?%% A3 dogcc?gfi(g&éﬁgﬁarﬁ?‘%lsgggm payl oads havi ng audi o

data arriv rk cohnect’i ons ne’enbodi ment, packet

processors 307 gpHdditdaaloB@bedimeEnlse patket ipgdtiessba) Ba® aecb¥nizel the dBpl ex
Et hernet |inks capable of 30 high speed network traffic in the real m of
300, 000 paclhetderpel paskelsradhapdlei R TRaowHDdTisimsprith agoipimes®d - 20 | n

anot her enbaodi acket processors 307 are capable of 1,000 G 711 voice
pg’?ts per Iipﬁ‘f(krggﬁg%gr%tfﬁoo G 711 voice channel s per system |In additional

embodi ment s, pacigbndERbedifiRhcofIR plessi gieAton, packebcelhaiter 304af apacket s and
handl e all RTP routing decisions wth a mninumof 5 packet delay or

jitter. In oee-biogking svaieh voth 2.5Ebpy efdetel bandyadthi Fmanoghes Rebpdigient,swi t ch 304
is a non-blocki SW tch, w 2 R | ..bandwi dth. | n anot her
enbodi ment, t %%aéﬂ%é"c?ﬁnéﬁ‘%gw Eeﬁ ?(g%%fgzl&#agsa% dp%lg of total bandwi dth. In
one enbodi nent, henedtbodimERAEhudi6 SHRMAEIPEScestdfs 30BRPMpEHSe @Yrudivdi o 10
source, such as digital signal grocessors, as described in further detail

wi& h regar deurce, fucls as Aligivd signabiipeocessarsn e descsibed 4 furtimpgletaslnwihr f or m audi o
rel ated seryvices ipaclpdi ope or re r\Vi 1a- VI. Ex I
Audi o Proced®H tﬁlr‘gﬁf %m}‘fq% loeﬁ%arrllp éﬁ?proceggoI%E& & pert%ﬁ% aa&l%"?’el];ted e

I'on
services including one or more of the services 211a-f.

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 inFIG. 4,
packet processor 307a is coupled to network connection 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



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 oploagifor m 230 can be a shelf controller card (8CTuSOByssEM 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 audio channel 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. Net k i.nterface contraller 306.includes pac processors
55 3070, b Paiesion 26es N EoU0SS i A2l EaDfe dpatalis 5,

f orwar di ng doﬁ&bﬁérﬁ@%scdﬁp‘l%dt@%@tﬁi@%ﬂﬂigﬂ%l@ﬂ%ﬁﬁ&EPﬂﬁ@.F) 414, 418. As
shown in FIG 4, packet processor 307a i's coupled to network connection
424. Network codmensdmbpdirfent packe ppicessotsi30d@an boinhmemertéd oiGometarol | er 420

is coupled to baqt or war di taple 412 and EP] F 414, Packet ocessor
307b is couB?oéﬁat‘%N n‘i‘a{“ﬁﬁﬁgﬁaffg%l?g}’g%l%a TLEBE?%‘HI\?B'Q eag]?l“e&%‘gfkecti on 426.
Nef wor k- conRgitdcRbn 42P a4 %4RbEY 10OBERVTX Qr 1660BRET lifgont rol I er 422 is
coupled to both forwarding table 416 and EPIF 418. In one enbodi nent,
packet processor §h8@F packetshyeceivedbyrienpalietqrocsore 807 aepeodedddddaght er car d

nodul es. | n. anot her .enbodi ne ch network. 5 connectjon 424 and 426 can

nt,
be a 100Basi§Ral,packsifon 8 [op a??’eTH%“IS e KBS PRS2 @i Phe packet
processors 0fveiies (B'RACTARA TP Eelisy3|coRAetiRha solieiaiofi ey | aver s
used, the internal packets are then <converted to cell's (such as ATMcell s,
by a conventé¢assembly €gRhmtlinlen Hiredcells essfoewindyd bpprdketprduessdrs 30fFe cel |l s are
forwarded b cket . .processors 307 10 t ell switch 304 Th cket
fboessors HbFilaaicabif T8¢ paskemosssms S0 Herodgad Bindcdbmichdle azs, 430,
432, 434. Cgid cefiWub&:uo804hf 5 1as4ls flh@wi?&ﬂd(ﬁtf&ﬂudr@é EEéifé%i]ﬁﬁff& Itry 410
via cel|l buses 454,456, 458, 460. Ce sw tch 304 analyzes each o the cells
and f or war dsiredof 400 viatvell bedek 454,d 56 HS8p4aih elellsstitch304 andlyzeskdchimfises 454,

456, 458, 4Et50 b?lsed n an. au igftﬁQ§QP6| for whic tgg}ce(iell |25£est| ned.

Cel | he cells and forwards eac s to the proper cell bu 1 buses
456, 458, 460 based on 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 andfaudio 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.



15 switch 304 is a dynamc, fully-nmeshed switch. In one enbodinent,
interface circuitry 410 is a backpl ane connector. The resources and
servi ces woaledibe for the processing and switching of treTHSoN&1359 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-ZPIF) 436, a SAR, and a |local bus 437.
Local bus 437 is further coupled to a buffer 438. Buffer 438 stores and
gqueues instructions between the call control and audio feature manager 302

and the cell switch 304. 'l control and_audio feature manager 302 is

al so coupled to air'é?BV?la“ 5“%&9”56%23&'&538%\13@8”??@?%%‘8!?‘ €l e 440 via
bus connect L.on . I ypaterell ol by BandAP provides
control Iog};fgapg}fﬁ%?ieﬂgg%-ﬂﬁp, Q?Lrll?ﬁﬁaqpl i%&k%s%?atg,gégn opergtazi%onal

par anet ers applivation CPU 200 t@rid iatetfaoe catitty et 10mhnage emBOdAmehr) calhe

enbodi nent, nenmpry nodul e 442 conprises dual in-line npenory nodul es

(DI MMVB) f or coriFfl gidaridis Seatapananageiarf2 spaeitars Bastaips ehthe mgtacent r ol and
io feat . 7 . .= trol
2 audto 1 EaplTRRAand Auiieh DotnBotihi/coble FRe AkAACk circstef Rl POT2)

410. A net wix ¥notiten@nibbdifidBt, callgbtsolrand @udio Eeatirs ag@hgerBOR 2airoddniié or
application CPU 210 to the interface circuitry 410. In one enbodi nent, call
control andoRerationsiefthe campansaigsPuPed thihgiintsHace gircuitind \ingrderde i nterface
5 circuitry 1.Ld ) o the interface
circuitry 4?610]V9delatﬁgz§%g%§r%&%ﬁ%ﬁ?%%afEﬁgglﬁ?rgg " and audio feature

manager 302 cont Boténsbieeporod®0 & hlsdoopled he calbrpnmelniel adliplfetirto t he
interface ci rcuit(%é 410 1n order to provide the resources 210 and services
A of pl at maAnAger302. Kopwte Bere 4 provires directapesss tuthipoaeratienscficell cont r ol and
audi o featur n e i i: access to

t he operati Sﬁrétroé% nggf‘ﬁg?%a(t)n? r%(l)n%%gagugpgé#aénﬂ%rogé%‘Hgggrrnﬂgéggﬁjf:or exanpl e,
one coul d adperatisisgte-bdve theapedi@ptoeesSor, b€ othetiisé bifedrett erforassdr , or

ot herwi se affect the performance of )
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 more 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



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
ci rcui tr ywoIGoexd7 ot her conponents of the system 400 to mpcowisde2memsi st ent
means of tine-stanping 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%onprise 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 (DSP) and SDRAM
buffers. In one enbodfnent_ t here argé%gur card proc&iéors in: group 478
and 32 DSPs SPRPHies,d calkgvignaling dpanaeen i MAnag % 498 essor  of
group 478 M?H%gggisggﬁdgggmquﬁr i& 34kt h eight DSPs of group 480. 25 VIl

ol an

Call Contr udi o Feature nager FIG 3B is a block diagram of call
control and audi Cafleinalieg mamnage35230zhagesmatisiinaling opevatonasntioaticaint of t he
present invention. Call control and audio 30 feature g@?ager 302 is

i | | ust r at edestablishmspbind removal yrertacs Wit sofiswitch candrhanghng jrerpling 03157

PGT/ US02/ 20 - rises a call signaling manager 352, system manager
351, connec??og%m]%eg%ﬁgf 356, and feature controller 358. Call signaling

manager 352 nmanaggstemahdnagir@iapemgmspedatrapmddisgnoatic gpetdtioneet thbl | shiment
and renoval, interface with a softswi tch, and handling signalin

5
protocol s | PREPSIPLS CESYSIETHT- AR GEM BAWEHF SITHher BYoster b ysiRn 2éaagnosti c
operations opgf rolsc%%ﬁ@tt-&v@m@g@g?%&ﬁgmo SlisH manager 354 further

nonitors the system and ¢ vari ous hot-swappi ng and r edundant

oper ati on. ConneConf¢ctivhMa@ager356 nanigey EBTHHOHWwartlimguablel, nghtastabls, such as
tables 10 412 and 416, and provides the raouti ng protaocols (such as Routing
R

14 or mat i on 41Pped 4E6| andmreyideshe foutingmreierol pAuRh g Roptipgisbpmatignd ¢ he
like). FurtBeliocdiNRIP), 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.



connecti on manager 356 establishes internal ATM permanent virtual circuits
(PVC) and/or SVC. In one enbodi nent, the connection nanager 356 establishes
bi - di r ectwomaloozasnnect i ons between t he network connecti on®CTAIS0120859 net wor k
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 enbodi-#ent, connection manager 356 abstracts
the details of the EPIF and ATM hardware. Call signaling manager 352 and
the resource 20 nmanager CPU 220 can access these details so that their

operations are based on. the pr eryice set.and perfor ce ,paraneters.
Feature control | 3’? °§%§“&°&Wﬂg’st%§m4%d§f$gﬁovi’% @'Ffrgﬁoéléceéﬁﬂpqngt ocol s

such as, H. 3&Riceanth MFIRéMedo® CGateway Control Protocol). In one

enbodi ment, card processors 478a-d function as controllers with 25 |ocal
managers for thelimaneknhgdiofent, nsllrapntrobarsl fudpnieptvee vahager 302 obtheand audi o
feature manager 302 and any of its nodul es: |1 _signalin nager 352,
system  mand@RSFMBENTR erdEse SRl RAgdbe O of D aratiinyea e or 355,
Cayd  procesgonse 4ff fgpiéts ! NBNubRAA LA HRAY M manR P Chnfiflirfipf aces and
media streans, such as audio streans. WO 03/003157 PCT/ US0Z27 20359 -24 In
one enbodi mpatametdre(sDSPss pdBMAC addess, dert [Ihaldress cmd thedik2 ), Geaxcldtableer vi ces 212
of platform 200. In one. enbodjment, call control and audi o feature nanager
302 of the THNBEEREI HOHET GRloasiBec puC e i py mGERY USROS ¢ he

pr esent inv%f,lieQ_n through 5 the use of applets. In such an enbodi nent, the
commands for configuring paraneters (such as port MAC address, port IP

addr ess, and t he Thel&PIF pswades la seablh enginatodgediertbe fustaenadity eatedrboadi ng, and

e ot L S5SS DoUO 200 5o TOe EPLE Lo des =
and sear chi RgyeRhhd eRstimatid Of pPAckeR, 3hd BPIF PRI AR YR FuRidnfty 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

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

starts at step 502 and immediately proceeds to step 504.



source and destination of packets, the EPIF provides search functionality
of sources and destinations. The sources and destinations of packets are
stored i wolsmoxik7 t abl es for incom ng (ingress) and out goiPag/USeyLmsss)
addresses. The EPIF can al so manage RTP header information and eval uating
relative priorities of 15 egress audio streans to be transmtted as
described in further detail below. V31. Audio Processing Platform
Qperation The operation of audio processing platform230 is illustrated in
the flow 20 diagrams of FIGs. 5A and 5B. FIG 5A is a flow di agram show ng

embodi ment of ¢ REsEF S AAlieRTE e AR e TS B et 307 ST AGH show ng
egress packefith Brélfé%%oﬁﬁmﬁﬁéatﬁg' %aC@xWh&%ﬂ@ cORERIBANG050 D gagbodi ment  of
the present invention gress Audio Streans In FIG 5A, the process

for an ingr esdbodimieng cal Icenltrolnbndjrwl)hoafmhmegmamm 392 anagotiates sandp 502 and
i mredi ately proceeds to g 504, WD 03/003157 PCT/ US02/ 20359 25 In step
504, cal | cAINPBFOSAREFSaitihG CHelhy OPe HeRLEEFIn9BRTZEg| SUiROBa 484 | wi th

clg ent Commﬂals atﬁ}em@nggeérhgzgﬁ;vm@mﬁ@tau&%s lﬁﬁﬁmahanm?%ec%rrbodl ment,
call control audi o ature manager 302 negotiates and authorizes
access to tltmthelcﬂlem .Or0ecke cill isestablished sthe pragegshiomedeadcly paddeedsant r ol and 5

audi o feature rg_Bgager 302 provides | P and UDP address information for the

call to thé®c Once the call is established, the process i mediately
proceeds to step, é@?soé ’baél%e@ roeB&orPREKELei W IPGRERAE gAéd%ff@bMe I P
packets carrying audio via e net wor k connections 30 ny type of packet

can be used thd’ltBlt\Mdﬂkl’(@ﬂhﬂﬂthﬂS)BOS JAOn)t type bfphcket daﬁ’bpasﬁdehslpdmgdnbt wg Appl et al k,
R0 o NGRS 1P L ELIohEL, RASKEL 0,2 PackRl Ll Byl (e
and UDP heaggy.e 33dE1Re R rbtkived, the process proceeds to step 508.

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 acell 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



search table to find associated SVC, and then convert the VO D packets into
i nternal packets. Such internal packets for exanple can be made up of a
payl oad IWoan@oxisnt rol header as described further bel ow WCrhuSomsEect to
FIG 7B. Packet processors 307 then construct packets using at |east sone
of the data and routing information and assign a switched virtual circuit
(SVC). The SVC is associated with or2-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

nerged into cells, such as A[Mcells. | hi s , audio
payl oads i nPRHEaS{P@sHEEmQ 8R‘°e9%m°’§r@cg?fﬁv r?@&e'lt@nﬁltlﬂ?% "H%ﬂ'r'rga s in a
stream of O?BEK%d t&@gﬁﬁﬂmyﬁkﬂﬁ PAERAY EM BeQRRInaP EHER Padikdr 08} 1RN

reassenbl y used to convert Internal packets to ATM
cel | s. Once putletpaitkeiudicapaylcadsy éricedhe nels tieeconeéres inthéhe fermpalocess
proceeds to step 510. In step 510, cell switch 304 switches the cells to

the proper Xaekess Hieanpesss Pyreadsdo steRPb*-channel processors 308 based on the
SYC. The process ip@63e8 b cahfill prdiessokd13od fibeetl the AN Gaik BARAC!

processors 308 conve t’he ce 0 packets. Audi 0 payloads in the
arriving ATMaciehd ia tlieaespeaive aubdivhahneds. dn onsembddimientothaaadio chifane3/ 003157
PCT/ US02/ 20359 -26 payloads in_a stream of one or pore packeEs. A

convent i onalaresiiaterhtuPRe enmore,ef the dpedia syisee Al 3aervEPLeNetiesepacket s can

be i nternal n?e%liae@-pés%gﬁséﬁ brd»&’sin%@ﬁi&@trﬁail%éd?e 'bqidgﬂ%'(gﬁgéane@ce the
cells are converted rnto fne I nterna packets, the profess proceeds to
step 514. 5 cbiifesdnepcdllidg), aded streafdng) S/OPrgacswyaeyicdddeleplomyser dnfye audi o

data of the packets in the respective audio channels. |In one enbodi nment,
tie audi o cloHishdredia sgpdce for apdig coReRine or nore of the nedia services
213a-e. For exanple, these nedia services can be tel ebrowsing, voice nmail,
conference bridging (also called conference calling), video stream ng,
VO D gat eway ser\B.ces Egis3k @udiv$treapts any 10 ot her nedia service for audio
content.
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



B. Egress Audio Streanms In FIG 5B, the process for an egress (also called
out bound) audio stream 15 starts at step 522 and imedi ately proceeds to
step 524.wbr3wbrp7 524, call control and audi o feature nmanagerussp23s9
identifies an audio source for noiseless switch over. This audi o source
can be associated with an established call or other nedia service. Once
the audio source is identified, the -pfocess inmediately proceeds to step
526. 20 In step 526, an audi o source creates packets. In one enbodi nent, a
DSP in audio channel processor 308 is an audio source. Audio data can be

t d t.ed th th S di o.dat th
;aglr(gtl Izgd B:)?ngRAéﬁ‘; s%ﬁ%\'ggtdgz&%“)&e OfIAl?ﬁefh?%’élrS‘f ”&lgﬁ’ I g%(ﬁ}?a"gég%@@dep ncl udi ng

but not i migt&diched VAl Rduit BFESES coivehfomR KR oddldehn B8 uR@r net
packets. In one preferred enbodi ment, the 25 packets are internal egress

packet s geneoavet packetids ATMextls ﬂﬂnel’Séé(be&:asso@atEd@nh i of thesdip 528, an

audi o channe rocessor nvert.s the ackets intog ells, such as ATM
cells. Audi (flhfj‘g‘ﬁ?Bré)ﬁgssf’ﬁ%Bg’ém Jrpasticulap vt %ﬂ%‘?ttCQH“‘?CH“%ﬁﬁlrﬁsl’eﬁh‘S‘?l oads in a

sty eam of orwsl%ftﬁp&&n&smc%%hﬁdeét&ai%d fdrt 30916 NI2CHoe! @n@éﬁegé&%ﬁd 30 and
the data and routing information anal yzed. Audi o channel cessor 308 then

WO 03/ 00315hrm1vﬂ$ﬁ2m2ﬂth59clls the process$ proceeds ¢ Btsplj’s'ﬁ) ng at |east sone of the
data and routing._infor n and si. S .a hed vi rtual rcuit (SVO).
A ‘convent i onal APQSWBJSE e éW‘taé3@£ “trE’GS th&?ﬁme?ftc anptdigghanpe] ohthg g\ cells. The
SVC i's assogha{otfaiiel @rdé@é%o@f%g 88 2 BBt o RANBA cRHOGRAS5 DastdBn and i n

particular wth a circuit connecting the respective 5 DSP of the audio
source and aha®¥{ rMkeipoorepoproceddStadte\d32.306. Once the packets are

OB oL im0, e i kB o Brocess, BiPeesds 2 Shem sy pstep 530
ChanIe, P oRSAORSIG By ST UNT ko ysoEsh g diggesed on
processors 3Payloadnirea tstredne of eh¢ or inmire intBrmphphdes. 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, palmdevice, PDA, etc.). Packet processors 307 process the audio data
of the packets in the respective audio channels. In one embodiment, the audio
channels 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.



Audi o payl oads in the arriving ATMcells for each channel are converted to
audio payloads in a streamof one or nore internal packets. A conventional
SAR noduwe osamibe used to convert ATMto internal packet CTArsg2/203p® oOf
packet can be used including but not limted to I P packets, such as

Et hernet packets. Once 15 the cells are converted into the packets, the
process proceeds to step 534. In step2%&34, each packet processor 307
further adds RTP, I P, and UDP header information. A search table is
checked to find | P and UDP header address information associated with the
SVC. | P pac are thg r aydio via the network connections
305 over a tv@?‘ﬁeltaﬁ &‘Z’é‘t %%A&gi\‘ﬁgré ®4™hone, 20 conputer, palm
device, PDA, etc.). Packet processors 307 process the audio data of the
packets in the respective audio channels. In one enbodi nent, the audio
channel s are rel &cedrding wthe one axpeet off the peesemdineensionyviudesp@tSaing. For
exanple, these nedia services cgn be tele rowsi ng, voice mail, conference

bri dgi ng (alpi"é o4 30ppiselsssly rsaitches bty pef i el?ﬁ"&%‘& €ress AMTASTSYRE P gat eway
sej vi ces, Wﬁsa@églﬂfogg%oﬁlhﬁgtr@g' "Fhé eVdrt fveiorPaddi Rlaglnt ent . WO

03/ 003157 P X" Noi ess tching of Egress Audio
Streams Accas doisglessaswitvhingrof egepeaidiobir¢ane cpr bseset in amemediarservandi o

proce55| ng platform 230 noi sel essly WI t ches ween i ndependent egress
audi 0 st r eafBUter, SWiGH & B BLSFTIGT 6‘]‘ tsf ’Eﬂtrﬁ“fggecf © bg PH%'P&é‘P iaU‘g‘ The

pr esent '”Vg)%deg’ﬂnﬁla{f&rﬁebﬁt es to noiseless switching of egress audio
stream can be use n any nedi a server, router, switch, or audio processor

and is not intended to be linited to audio processing pI atform 230. 10 A
Cell Switch - Internal Audio Sources Fl %\ 6A. i s diagram of a noi sel ess
sl tch over system thdt &&Hiivakchg]ptepif pudiogquEsssng of i ndependent egress
audi o streans generated by internal audio sources according to an
enbodi ment of the present invention. FIG 6A shows an 15 enbodi nment of a
syst em 600A for &JGesA indidgansifasaisekess dwitvhoyef system thatearries outelli 0 sour ces.
Syst em 600A i ncl udes conponents of audi o processing ;[))I atform
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 one 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.



230 configured for an egress audio stream sw tching node of operation. In
particular, as showmn in FIG 6A, system 600A includes call control and

audi o feapbuwseozientrol | er 302 coupled to a nunber n of i ntremnaio2/2asdd o
sources 604n, cell 20 switch 304, and network interface controller 306.

I nternal audi o sources 604a- 604n can be two or nore audi o sources. Any
type of audi o source can be used ine€%ding but not linmted to DSPs. In one
exanpl e, DSPs 480 can be audio sources. To generate audi o, audi o sources
604 can either create audio internally and/or convert audio received from

external sources. 25 Call coptrgl a ip feature cqonfr er. 302 further
i ncl udes an egreﬁésceia!ﬁﬁrbmﬁ'&ﬂ?g gﬁﬁézg%%g %ﬁ"éé Ogﬂﬁ‘a\"gec{:o%#%&f%r 610 is
control | ogig, esuﬂlééweer&%nfs{vgbh S00RdlescH PARALR B0 FESARGSR. cel |
switch 304, and/or network Interface controller 306 to carry out noisel ess
swi t chi ng bétcempledibetee rdl atvitelgB@bamdaNkdl 806.st r eans according to the
present invention. The control | ogi¢ can inplenented 30 in software,

firmwvare, m crocdyencemiogiias. indepepdentegressrudiosiearpeinyglve sygamsof 003157

PGT/ US02/ 20 = - L 120§ §esh] » AR6rdifddtii s al so
prggvi ded. S acé(gé,gvl%ggbg}féﬁ%:{%{%laeg rggjtrl\?\g%én% g@f(ﬁégw% cﬁr é@y’éﬂnl each audio
sour ce 604ahelpfubARfios 4esdribedB yptlets el inesenal egldss pudkeH(FEG 7ARTBNI C 306. | n

one enbodi nent, independent egress audjo streans involve streans of 5 IP
packets wit NeREPYSEMoPORA 256 iEneperHion, s Mesedfedsiy detik evith re8peb Qi ngly, it
is helpful I h: tssgand i nternal egress packets (FlGs.
7A-7B) . Neir%@p‘térg/c%?%erﬁq%g81;&&1?%3%%&;&2&32rsz%)?on is described in detail with
respect to independent egress audio streans (FIGs. 8-9). 10 B. Packets In
one enbodi ment, the present invention uses two types of packets: (1) IP
pckets with RTP i nfoBrdtacksiSand (2) internal egress packets. Both of these
types of packets are shown and described with respect to exanples in FlIGs.
7A 15 and 7B. | P packets 700A are sent and received over a external

packet - sw t ched Imeteranbodiyenathi prespitimension 8se3@WoitypedloCpaikeéts: (1nt er nal
egress packets 700B are

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. 1P
- 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



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 WBo3pexaRet 700A is shown with various conponent s PCTABOZ2BSTESS
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. -3eal - Tine Transport Protocol (RTP) is
a standardi zed protocol for carrying periodic data, such as digitized
audio, froma source device to a destination device. A conpanion protocol,
Real - Ti ne ntorol Protocol (RTCP), . be .used with RTP to provide

i nf or mat i on9B¥cesHarignAnAdgst tlgﬂ%éﬁ?@ﬁﬂﬁ@r@%&? 0¥ RO NYMRET \wC 704 and
I'P 706 fiel doy cRALAL 2 RAPIARR HebamChanRdI HuRRet 981 tHaf itHah BY igRAfANPaCcket to
traverse an EP net\/\/or?( I nterconnecting two WO 03/003157 PCT/ US02/ 20359 -30
devi ces (or rgited &ndthed ewdio madcessor . desiiationewbery 08 evedtfadmsha ngtiyke port
nunber that identifies a P/ audi o stream channg_ltq%ﬁnber so that it can be

i nternal |y "HeACEd 17 gng ¢rabodaent ¢f thrpresent inygayen, 1Qperessdderved from

t net wor K pd > .one enbodi nent of the present invention, the

. DSPLEGS @ﬁﬁqgi f! ; Ne pres 1
alr}gl o pr ocessorgsles sa %g% as described herein. RTP field 710 contains a
packet sequence RIPbéeldaniD comesk aamnpackePaydqueace hithbeonahditinsestdnep. di giti zed

audi o byte sanpl es._and can be decoded t he ~endpoi nt audi o processors.
Any payl oad Peylped Bliroatensdhedisiizad andie gg'/‘e saraples andrcap g? d‘?ﬁogé‘gbxtyﬁes of nedia
conpatible wth. e son skilled
in the art gfl)%rl{ﬁ;gﬁfls 8%%?#%1 %8§$a%b%%§a%fg&£gég% egfoga%{)/ to verify
t he integri ayd/of videe tgpusi ofangiiia ketmpatBde witthRTBano rhepised ras ofouldRbE packet s
and payl oad types described by D. Collins, Carrier Gade Voice over |IP,
52-72 (PPRATEREP doperiqneskilifid ingdhe g8 gty me%cmmlqnncghiﬁofﬂﬁﬁ ddtherein by

reference). pfl&/ides a way to verify the integrity of the entire packet. See, the description of

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 sent internally over cell switch 304 to a packet processor 307 in network interface



2. Internal Egress Packets FIG 7B illustrates an exanple internal egress
packet of the present invention in greater detail. Packet 700B includes a
control (WoORBpotisader 720 20 and a payl oad 722. The advamcagsontossnt er nal
egress packet 700B is it is sinpler to create and snmaller in size than IP
packet 700A. This reduces the burden and work required of audi o sources
and ot her conponents handling the i nteknal egress packets. In one

enbodi nent, 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

audi o str ea%nlllgl)q?r 8680 Aif%r ?H&ec%ll,lg,a ifedc(g)%g?%e?f t%%n&:g'[}?a Egnjesg [ga{ec %tlrsr?é)a{cﬁay

downstr eam ontro nfo ion exarnp an

i nformation St 30 EdecodédandaeRavds mtdrad] hesdee STRAVTHD Telr8ABY thegacket 700B
is converted to one or nore cells, such as ATMcells, and 30 sent

i nternal |y &R@ackeginfompgtiontis 3dded: beferejhe Raxlogsk Beis deansmed as andPwor k
interface WD 3/9%51 PCE%J?OZ/Z 59 ,-31 c%rét rn%lll er 306. .Afteli( the cells
are convert %% QR AN Heirruerk. Jhisachigve LA1ags A REXEHINGN Y decodes and
reoves i nt gf heIDIMATRIAuEERD T OnlyTREet6 add ffelithvely hBriRBAHKELhehddror Mati on is
added before the payload 722 is transmtted as an | P packet 700A onto an

| P net wor k. topadozdshi heeremainingiprogesig werkmfodldingi infprmetién %o eteatehe DSPs i s

payl onds. A Aranfaks i RLE SR BB 38R by FARbPREPIRED cr car o

valid | P pagk&essorfs) oA/RTP header information can be distributed to packet.
processor(s% 307. 10 C. Priority Levels Network interface controller (N C
306 processes all internal egress packets, as well as all egress IP
p@)ckets desti nedéor ?w .Fx]%gr al network. Thus, N C 306 can nmake fi nal

fOr war di ng deci sions abdUtY €4€K packet sent to it based 15 on the content
of each packet. In sonme enbodi nents, NI C 306 manages the forwarding of

egress | P packets based on priority information. This can include
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



switching over to an audio stream of egress |P packets with a higher
priority and buffering or not forwarding another audio stream of egress IP
packet s wol3ao3ibower priority. 20 In one enbodi ment, intecmalSozdso
sources 604a-604n determine priority levels. Alternatively, N C 306 can
determne a priority for audio received from an external source at NIC
306. Any nunber of priority |evels ca¥-be used. The priority |levels

di stinguish the relative priority of audio sources and their respective
audi o streans. Priority levels can be based on any criteria selected by 25
a user incluydjing, but not lLimted to, tjnme of day, identity or group of the
cal ler or 5ﬂ|l g%‘,’uc&mﬁ YeEusedieht iy C?‘hc'h'tﬂsst%iiéqsgér&ﬁfnapﬁgeé&%?a@alﬂ)‘gmessi ng
and nedia s ' into 584D S : [ ward the
priority | e?gwrgﬁgg}t?mtl oﬁp&&n{sf gﬂls "{"E’g'eg% |1§W§?§%§rr}lbéltr¥ggﬁggé&%di ment, a
resour ce naoageomatically bhexhon@6rtaiapredefihat @entswiuthasesxgnalingComijtsinens to al ter
the priority levels of audio streans. For 30 exanple, an external system
can be an oéé? SR HPIG Gongition ngnergeNCY\FY e NPT et eN§8la WO 03/ 003157

PGT/ US02/ 20359 -32 billing notice or advertisenment on a call. Thus, the
resource manager is capable of barging into audio streans. This noi sel ess
switch over can e tr NojpelessiFilyy Mestied @all Sawitchmat i cal | y based on certain
predefined events such as signaling conditions |ike on-hold condition,
energency event, or timed event. 5 D. Noiseless Fully Meshed Cell Switch

Syst em 600A can : e I; A (i ngress)
and out put (egr elsg gﬁt&ggglglg%%ﬁgentﬁglf@ t Bi%gugrggg&fl uﬁ@ﬁuné%ﬁ@dﬁ 82@’%%%)/ cel |
swi tch 304 addoutputsgess) audio\tHanhelebecaase afully mested packes/célbswiecht304i pate in

allréy given call. Any egress audjo channel can_be called upon to participate
il9 a 't el ephénbseddpiswiich ggipss pydie chamnelsdg nasidpainn ay givelt cdlhl Anket up and
while the c | S,k [ g Ll 5 w t ched
into and outz'f%‘y(()a?g %ﬁke&%%ﬁﬁa C%Ele)e ?%Yﬁdﬁghezigﬁa gvmtgt"gﬁﬁ ((:)gﬁg)a }%1?&{1 of system
600A of t he tipdee Priting bothehd inftinl palbsehvpemdavhpleaiod call idin segicne hesereswi t chi ng
functionality which does not drop or corrupt the |P _Packet S

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 (audio 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



or the cells of the present invention. In addition, a two-stage egress
swtching technique is used. E. Two-Stage Egress Switching 20 System 600A
i ncl udes WD BwaES7 t wo stages of switching. In terns of egPeTaISOFM3ISThI ng,
the first stage is cell switch 304. The first stage is cell-based and uses
switched virtual circuits (SVCs) to switch audio streans from separate
physi cal sources (audio sources 604a3%04n) 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 audi o sources. The second

stage is contai.ned W thin the e S L C 306 such. that it selects which of
the audi o sPF¥A lf’rtli')em&q#& ‘ﬁag‘?réggﬁ-d?'by‘ Soﬁf%eassefw&}'-%%ﬁe)anf Wtﬁflocess_ and
send over anphekgioMENPbdforwatadd BENRNIGEGKAE sonk ERAaet &k B RgLu@bk. This
sel ection of which audio streans to 30 forward can be perforned by NI C 306

i s based onstrérm.priiromi thy perspectingt dlothe \WesIiBti00 ey iteRETwiUBR2h@ @640 - 33

provided in the RL headers, 720. In this way, .a second audiq streamwith a
hi gher pri offf¢3M% ‘B@W%Q/@Pﬁ%ﬁﬁoﬁéaﬁﬁw éhthf’ﬁga@&ﬂ’é rE‘f‘FéY‘Fﬁé‘Fa as a first
aydio st re%mselﬁﬁmikh%eﬁ%eﬁE’ﬁcfeﬁ).bl‘{cfen%ucfi@@tr&%ti nation device receiving the
audio streans, the insertion of the second audio streamon the channel is

received as a 5Maksptasllynint ale debodement] theegpeesd @ndioavwdichingtaaeans. Mor e
specifically, in on nbodi t,. . the egress dio switching can occur in a
el ephone. cAP§ur I3 dlemhong call 8 palLis st euabligheitising aiie e boda by
negoti ati ng nugdiihd itk 1R &idafBn WVices MAMP, ddd UBPAnkdPRatiot, Qs mation, as
previ ously descri béd. First audio source 604a begins generating a first

audi o 10 st peamoudlyr dascribdlde Kimk hudidhseurce 1664a heglho genargany a Sirstraddioup of

AR N I G I e L
egr ess packeh& RN AR ARid PE1SABRALTRE REaARE 720 8FofRitidnnA (,fé@érlé)edAny type of
audi o payl oad i ncludi'ng vol ce, music, tones, or other audio data can be
used. SAR 63Gthaespeento padkhefoimatdPORI Intarndlepsss packets Egress on the channel
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



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
t he fl ow Womaiood167 audi o source 604a, NI C 306 is decodi ng &ad/USoB2m3%9 ng t he
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-¥hcket and send a correspondi ng RTP
packet. NI C 306 evaluates the priority field. Gven the relatively high
priority field (the first audio source 604a is the only transmtting

, NI C 306 f - ds . I.P packets with hr.oni zed RTP head
0 or mad i on WAPRYPrith $5hq Frging REASlafealty Sl BRLOR FRaTRERI o ¢ he
desti nati on s@gyh GEmASS B bRIREMUY ddiess Packes Rdling ald\op8y16ddindi€RREr 720 can

al so include RTP or other synchroni zed header "information which can be
used or i gndeader GP0 NIf@TEO®N Ak dpicGbed &ithanspeat topaaket foratl SOPH P Amyader

i nformation). en .t he r,.es udi 0. controll er. 610 .determ nes a,call event
where o | mohing Qtasdiaray A Sidydhg VPisE TRuGf. oripd i bR EaLe 604

begi ns genergkimg the3cond 85RO dirédid iOgivbh %%eﬁ}&%ﬂtfﬁ&d%xﬂﬁ@%ﬁt ed by
audi o source 604n directly or WO 03/603157 CT/US0Z2/ 20359 -34 by

converting audioostoganyi nEdl gxagepler the dedvpdexudio nsticanie varc espresthe apecond audi o
streamis nage U%ﬁ‘(ﬁ)f i nt ernal dﬁgﬁess acket s havi au‘gi 0 Pa%l oad and CTRL
header 720 PAYSHYERG e ALTEReY AUPHE FERAGeTFesagse OF O™ BUBREtA Bt 700B. Any
type of audigsiRAbaade hBRbS st LMo MESiSe cihndllBbligkd Wafigea can be
used. 5 Assune the second audio streamis given a higher priority field

t han t he fi dsstinatiomlidevied.r eam For exanple, the second audi o stream can

represent an adyerti sement, energenc ublic service nessage,, or other
i 6 dnt a thay - 1De Seromf NGO ToRR S A A LSS ket &8, B PP Re 11 r ot

channel est abiid SNSAR B30 NCEN Switd£504 HAHchthd 841546 an §Q/tcgéib%té§§%9 eaudi 0

streanis internal egress packets are then converte ells by SAR 632.
Cel | swi t ch s2fd destinagdreNIE BO6 axthé §irdt audin s@&én dBARI G3ddofiwartstthecellsane
destination bla\llclzkCto?igtfcsema'}l?pztlcrl];((:é‘tsTc HIE%O% lillgi)vc%egetl\te%trg intse'?\nRal %gc egsofgy &E:tﬁ?stt he cells
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.



back to internal packets. NI C 306 now receives the internal packets for the
first and second audio streans. NIC 306 evaluates the priority field in
each streawmo3bs3iFhe second audi o stream havi ng internal pachatse2/ee3sh t he

hi gher priority are converted to |IP packets with synchroni zed RTP header
information and forwarded to the destination device. The first audio
stream having internal packets with-3he lower priority are either stored
in a buffer or converted to IP packets with synchroni zed RTP header
information and stored in buffer. NIC 306 20 can resune forwarding the

first audio stre n_t.he second_.audi o stre IS €0 eted,. after a
predeternined ti i@:'}gf%pggl W‘ﬁ?gfemé’ﬁaaoﬁéﬁffaﬁvf‘@}“&df‘é?f&w@ ac%?fﬂ‘t"rgol si gnal
i s recei vedd gnd @nbtmment-of 6 predeHEifventionF9QIIWI0 FIPbRSItgShe RkdIER Over 25
The functionality of the priority field in an enbodi nent of noiseless

swi t chi ng aswichinggoutine 80 ipdesendhred with/eespaco systean 6@ descri bed with regard

t FIGs. 8, 9A d WO 03/ 00 7 PCT/USD2/ 20359 . -35 | |G 8, fl
d?agram of a noi ?2‘?‘%8@0 E%‘?scﬂisf?g?g})gﬁf‘fl REPCSRA imppesiiately & StFBQQ)‘Ee enbod?mant?w

ofs the present i fygepBOM chif cGtdMAnd KiRfio RIaRE Mdnadehd S0 Qi ashS S caiM t Chi ng
routine 800 is described wth respect system 600. Fl ow 800 begins at step

802 and pr ofmets firsmmediosoaiog 60da ¢ @ dediddtiobdévicst €all 8@trol @ad laudiont r ol and
audi o feature manager 3 establishes a call .froma first audio source

604a to a dée_saf‘frﬁd{“’i‘q@ﬁerdg(é Beeoties Ingbﬂ’Fr‘g?St‘%aﬁ’d’“ Al orEiRrmne Penager 302
negoti ates WAfL, W‘&@@E@'Mt‘o%@e AEY Fifs® ah@o 6L SR Bk e phdiBts Miovek & and UDP

port to use in, a first audio streamof |IP packets sent over a network. 10
Audi 0 sour cect®®fle delivers a first audi o stream on one channel for the

established call. I.n one enbodj nent, a DSP.delivers the first audi o stream
i nternal egr&@‘%%‘E‘&@Grﬁegﬁ%rséﬁﬁﬁr?éﬁd‘qwe@@‘P“ a5 ¢ n@%ﬁr fid then to

NI C 306. Thgapipe@esl]. PIPSREAAbIAmEMER DX Pdelivers the first audio stream of
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



In step 806, egress audio controller 610 sets a priority field for the
first 15 audi o source. In one enbodi nent, egress audio controller 610 sets
t he priorwows/biletd to a val ue of one. In another enbodi neatr/uSbheo3p¥iority
field is stored in the CTRL header of the internally routed internal
egress packets. The process imediately proceeds to step 808. In step 808,
egress audio controller 610 determ ne¥-the call's status. In 20 one
enbodi ment, egress audio controller 610 determ nes whether or not the cal
all ows or has been configured to allow call events to interact with it. In
one enbodinment of th reseJ% i nvention, a call can be O nf| ured so that
op; such 8

only emer g&#the seaf FO Sytem @8 Feaypits for neps, S&’HBPWe‘P Ybnent, a
cal'l can beg (ﬁgrésgl(lg?ig 20%)9??1?%%15%ﬁﬁﬁ{oﬁlﬁbf‘b&ﬁlﬂte&‘éﬁf‘&% bassduprorei t her the

cal ler(s) or “ta e one or nore of” the parti'es on the

call). The pilbeens. iﬁmbmepmceqmsmﬁmd&tdlyotmmmo In step 810 egress

audi o controller 610 npnitors for cal| events, od| a call
lggvenﬁ

event can be gen@?ﬁ?@&lwgﬁﬁ%ﬁl‘@%%‘ygl@rﬁl G@Fel‘?ﬁéﬁa e Pl ons_ of
tisme, weat h@%}ms@:}%eﬁféohﬁgmlé’popﬁwek ﬂﬂn& iRraes te ﬂ?ﬁé 8ﬁﬂCIf {befhcﬁo coin” or

you have 5 S Temai ni ng ). 1N anot her ‘e events WO
03/ 003157 PEhb/ proebas pibdecs 1mﬂﬁzdmm1yhﬁstq28114t0 the system 600, such as

requests for news, sporting infornation, @? res io controller 610
can ronitor bot h1f HeB S eafessiudinganirqlien @1(} temeaf-at 8\?@ €¥entpRd process

proceeds | n’ggxlq#n%s‘%é/ (t)ﬂe?a}tg)'hg Hec%}%ﬁééﬁl% g{e%gll Bdent a’ﬁg{;ﬁ§§es§fﬁgh pliog%ts. roller 610

receives a event. not , egr ess contro

conti nues t @ sEPBIOWhaR itticieedndsorst@ms8d 6tep802sin ortehfmlbochrhmtpnhecess
proceeds imediately to step 814. |n step 814, egress audio controller 610
dét er mi nes PFRECEH00 réwmfoaﬁﬁlongéﬁ thercall COMEEHer at i ons necessitated by the

cal | event. The jg BRESA. bECROYAEASAD0P I G oA HIRLS forSidiber ends or

returns to step I"n” oné enbodT nent cess 800 repeats for as
| ong as t he sgédrh s@hechihgbsssd ohpribhify ac9é’rd9@,tofohemxﬁbdigreamﬂﬁé)pmﬁemhe cal |

svent pr Oce?ns\le?lgor]; grre s%gglno 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 part 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.



stream swi tchi ng based on priority according to one enbodi nent of the
present invention are shown. In one enbodinent, flow 900 shows in nore
detail thwooopesiati ons perfornmed in step 814 of FIG 8. 1PCRrozss5900
starts at step 902 and proceeds i Mmediately to step 904. In step 904,
egress audio controller 610 reads a call event for an established call. In
this operation, a first audio stream3tom source 604a is already being
sent fromNIC 306 to a destination device as part of the established call.
The process proceeds to step 906. 20 In step 906, egress audio controller
610 determ nes whether the call event jncludes a second audi o,source. |f

so, then the prodB&e€p BH}aserpadpydigsenrcapfiyn nglr‘.s goteratingaseqqnd afdigc es s .
proceeds to sﬁgzﬁ'ﬂi TRS Secohll aaaiglr}g?%’is fridbi€ap P?ﬁﬁ@@r@aléé%ﬁ%ﬁ phiRts Hithgdet er m nes

the priority o he secon 0 source. In one odi ment , eg?ess audi o
controll er Gh@io mglead aad CIRICheadan@2( infaremton andekicabed withaegBdttot hat
instructs the second audi o source_ tq generate adlisecond audi o stream of

i nternal eghasket frmak{OB. phnydype of qudiogiaioad gisluding vaiet muUsiCoN P di 0 st ream
b t j t i
can be aut onghiCall ¥, ARNGEa Q?lrdgy n?a:yrlkgndzgrﬁlgg@ lgt’;gillg tocaz)lﬁf{ngﬁdggﬂ&gor

gener at ed based on & conmand 10. The
process t henrlafriacledsastpartsif @pdeddata. Ve Pddee3thery pfocdédsSOeBOIB9 -37 In step
910, a second audi o source 604n begi ns generating a second audi o stream

The second audi o IB#EBL:the sreand aplio Flreai SERIEHS Pagkabsae ieRIGoperdyi ng  audi o
payl oad and L iQfaMa(% 1 1 t to
packet fornég%og‘%’i%xa@’g%%&gﬁ% pay ggg?li?%]%@g f%&&éés%g&%usi c, or

ot her 5 audisepdridya can be used. Audio payload is neant broadly to al so

i nclude audio data included as ggrt of video data. Th& Er ocess then
pthceeds to step [Dsep 914 call gyyiteh 304 switchewths Rellsdpan & V&t festinsdfortieess packet s

o L1 SONRE gy SR g b ONREHP b ST g0 L1 o The
swi t ches t heltegirbcss hemprodsédsdestep9es. f or the
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.



sane destination NIC 306 on the sane egress channel as the first audio
stream The process then proceeds to step 915. As shown in step 915 of
FI G 9B, 8AR3®®ISNow receives cells for the first and seeomtiSareidso
streans. The cells are converted back to streans of internal 15 egress
packets and have control headers that include the respective priority
information for the two audio streans381n step 916, N C 306 conpares the
priorities of the two audio streans. If the second audi o stream has a
hi gher priority then the process proceeds to step 918. If not, then the

d 930. 20, | 918., the.t f the first
P e ot Peammt o iR, 306 Bhen” Gepds dne, T NieEResd 3Vt YRS PRE RIPIRRAGY: "ot s oo
or even i SSYRRnAaGH S @k sarﬁeggsggbdchtaﬂnawtre fRQU0ER BR4A. 1PHIPWEy, he

transm ssion of the first au source The process proceeds 1mediately
to step 920.destinative ple@i2O recehes theaswmd sudin sttam heissgosseat! eflde dirstt r eam
starts. NIC 3Q6 25 ingtructs packet processo 307 to reate. | P packets
havi ng t he é’HgﬁooStf?éﬁ’;’f og{@feOde thfEnkl?‘ﬁ B‘%ﬁ%ﬁc“éﬁpté?) destipaiton lcl"’f‘fglssecond
augli 0 streang,.Jrac tre&.ﬁsxéofre&a%d?@f? reaqqﬁn@qgfs&k%ﬁ withole leRpi ged RTP
header information RT packet 1 nformation header I nformation
(MAC, | P, UDRefrupticts)St¢ps X1Band G20 of gayiecad bofpeltftmened ahtlmrsaaie tiogra@ss packets
of the second audio ream WO 03/.0031 /USOEJ 50359 -38 NI C 306 then
sends the | P"BRLREES PFP@WH?EGH?%‘E}C‘Z%?@{WB&?Q 2Zi hformation on the sane
egress channel ofaddigwhiih FiG akdiNICSH0bSRMitoldFok me%n%YtheQeccglﬁ%hﬂl'aat on

devi ce receives the second audio streamnoise instead of the first audio
stream Mor estream (step 922)t The percspeubioeds UﬁmBmeteUaststerpeﬂQFlon device this 5

second audi o str amis recej in real |se wi t hout del ay or
i Herruption. stépst eQJ?@“aHﬁéégg dgtermings §V<%‘ g'gﬁﬂ'&eseﬁ %‘bﬁf’c&f" h3se sarr)é tinme
or in any %ﬁ&{ In b€ R4 Iﬁﬁgsmcpﬁw&s@ssa mm@mroﬂae ol RBiocM@amAS shown in

FIG 9C, NIC 306 nonitors for the end of the second audio stream (step
922). The prwidelsbasyr pieiy &vehlower thiae lpyectding tpegkeB2 4f so, then 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 0 (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.



10 In step 924, N C 306 determ nes whet her the second audi o stream has
ended. In one exanple, NIC 306 reads a | ast packet of the second audio
stream wwWoab/obEs7a priority |evel |ower than precedi ng pachatss2/24389 so,
then the process proceeds imediately 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 (&%er step 906) or returns to
forwarding the first audio stream (after steps 916 or 924). The process
proceeds to step 932. In one enbodiment, NIC 306 maintains a priority |evel

threshold value. . NIC 306 then i.ncrenents d sets the threshold based on
priority infornafl Btﬁpigffg' ?ﬂﬁssaﬁfﬁq(’oo(g‘(ﬂi‘)@ﬁﬁgf&WéﬁssP%lﬁ%rWat‘WnﬁﬁP i pl e audio

streams, N g0 fIﬂE‘{flEéc‘é& %Qnyr?@ce {oostfsf) 082 W IRAY itNGriinh@§ luhi] fe2f or mati on

equal to or greater an the lority evel threshold value. For exanple,

i f the firsinstandbtedshraernivadingenpthastepsyof vtel abeve-déscibédpnocdshecquri ority

| evel threshold value |s set to 1 and the first audio streamis
transmitt edS{hstangally gt the enadons, S%Bﬁ“ theuaesssicyUes 'yndp PaRIELVTIA a hi gher

prs ority is ' " the priority

tr?r eshol d Zgﬁgg uag’ﬁglgqé?%hqﬁg%c%gnrﬂ&gJ’gllgcgssg)?glgatpngig)gf%ﬂggio'transm’ tted as
descri bed above in step 920. Wien the | ast 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 decrenented
back to 1 as pari; o In this case, the first audio streamwth
priority infornaﬁ'oé]ucga;ﬁsata?ﬁéﬁ 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 renmmining . call events. The
p‘%oc ess then pro&dedB s dgegéan@%aU%é?té Hop @elérlmtbﬁa@%%e?ﬁﬁﬁwcl} Quer
instantiate i : : t - i.bed process
occur subs?ﬁﬁ%@gﬁ@g@ ﬁﬂgéggﬁ%d@?ﬁté%?g@ﬁgz ’alit;l Gfﬁ%%ﬁ%@é@“é@ﬁ be run in

paral | el or internabpagkets fren aydin suyraen604a-n omSARS 680, 683; theffowcefsetiss in t he

system 600. G Audio Data Flow 10 FIG 6B is a diagramof audio data flow
615 in the Hypegh cedlswitchd30fh to,9AR 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



systemof FIG 6A in one enbodinent. In particular, FIG 6B shows the flow
of internal packets from audi o sources 604a-n to SARs 630, 632, the flow
of cells wolwwooggh7 cell switch 304 to SAR 634, the flow of Pcatisonai3spacket s
bet ween SAR 634 and packet processors 307, and the flow of I P packets from
NI C 306 over the 15 network. H. O her Enbodi ments The present invention is
not linmted to internal audio sources#®dr a cell 20 |ayer. Noisel ess switch
over can also be carried out in different enbodinments wusing internal audio
sources only, internal and external audio sources, external audio sources

only, a cell switch.or a.packet swtch. : For exanple,. Fl L di agram
of a noi sel @Eé\é‘%ﬁt}\ﬁ"@é‘?‘}‘ %ﬂyéq%?gﬂf&eé]ﬁ{%d’&em&)m&(g&P?gi@egﬁ? agéllcﬁcss‘é\ﬁt chi ng

bet ween i ndegpgpsipRtts BRIAFMabptkers 8 (P18 ARd SHRRALCANSsh Y SVTi s IRl6eaudi o source
25 604a-n and/or external audio sources (not shown) according to an

enbodi nent tlybughhswinhe¥d ack thvanghiliok 66460 SARES4 fangionuérsion ée intgyealem 600C
operates simlar t syst em 600A described in detail above except that
noi sel ess S\Eia‘flﬁ?' dig%?eS%%bMQV‘?’tt F infringy praglgeési Vgﬁ’q"rﬁfﬂ?eéﬁd t@?ﬁ%l audi o
sgurce. The &%Héhs%r R§7 {FCGEAY ﬁdpédikeﬂs':»’vitlp%lf%ﬁizéﬂlﬁeﬁéf b athiidh. NI€ 306 as
shown in FI 6C. NIC 306 strips IP 30 information (stores it in forward

t abl e ent ry 386 sl sndsitheiIP packetetondeistizatidn alesivar dre thiOwag/ 08t Bt7the

PCT/ US02/ 20359, -.40 .and .desti.nati on deyi ce) and genegrates internal packets
Foel gned © o desingiion dRe i S SBRDET MR T I BruP ke Roren Al s B

routes cell 9u@ bliRe SHGDlid Alagbfig of hiMiOWI M bSN1Rh BAGK abdibough | ink

664 to SAR 634 for conversion to internal packets. As described above, the
i nternal packeds regeeverdHeom phocxssrll abgdiopmoketin3hpnoselssoswitdizoves create | P

packets with sync i zed header infor ion, C 6 then.sends the IP
ket s 1o UL QAFtHoaeln Radicolas Tkt 6D Ags theylogs oblP P BB ERnat | on
device |5 nahpplieanly calttd (HEGoRHS fo NI SGEHalotinferdl R iher nal

audi o source. FlI di agram of audi o data flow 625 for an egress audio
st r eam r eceiNIEBObto FARNS4etht Bpwaif cellsdhwugl ogltevitah 30U dacioiosSAREH,swi t ch over

%L (r) OrSny Z; em OftheFtJlo%v ot6 i%t'errlla[l]pgciretts ibgtl\JAlze%rg SAIIZII 6%4 agg pgcrf(gy\groct:eggor]; 58’)’,Var?§ thle P packets

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



external audio source (not shown) to NIC 306, the flow of internal packets
from NC 306 to SAR 634, the flow of cells through cell swtch 304 back to
SAR 634, wohea/bdiew of internal packets between SAR 634 anaCpamsk®20359
processors 307, and the flow of IP packets from N C 306 over the network
to a destination device (not 15 shown). FIG 6E is diagramof audio data
flows 635, 645 in a noiseless switch-eker system 600E that carries out
packet swi tching between i ndependent egress audio streans generated by
internal and/or external audio sources according to an enbodi nent of the
present invention. Noisel esg switch over s%stem 600E 20 operates simlar to
i

syst err]n; 600AVHAR 08600 ANed0.i Hhydessribed abeves sy, Intemalopackets fre thenpack et
> b 694 . . ' cr . |
col | Tayer P S ph BRARAMaliss 091 crilte DO Wil b o RRAAT L B o6

i nternal pagikfetrBatfdnOVINIChB@AIgEN séhrels phecPepackets te HeGihtibn devicart rthsl  audi o

sources 604a-n to packet processors 307, | P packets flow out to the
networ k. | n WaYe? esepal thgdestipatipn deyise isnpisglesily pwitghedpvarfossaesiedudioaudi o
saurce (not i at NIC 306. The audio is received in
pggékets andf‘gﬁ)%%xet%%glt&ﬁ?%o&g% as shown in FIG 6E. NC 306 strips IP
information (stomRES. 6Risidagharh 0ed ibideddsk Switdh dver sy8ReDE00E R4t ciriehowxt er nal

audi o source and destination device) and generates internal packets
assi gned t o s¥itgyag befivess Hisdepengsat egrespandiy Stacamsageasiatedifiyonly exéerny

packet o 03P BbshEser it RlgH M sulREiR o 1E AR g Rys¥inch " GO3C  ped
above, the iopimtémallaupidclseicss 4t eequited NIT 30esspdiPlisfopmatia (spresdeiasor 307 to

create | P packets with synchroni zed header information. N C 306 then sends
tHb 1 P packdervardtagleeniny asspeiatedavitheaternal augip sourgggnd destinasion geviggle

destination i 1 S :Ralsel Lt ched ej | 5 froman
external audhs ccilieled MRRAT ERR SRHEAGLRISNGE (8 SREANE AU 2 Pot om

600F that cakdocRsedowtith tievddstinitiog deeicee @he iimeaEpatkels @gragal aiitheo St reans
generated by only external audio sources according to an enbodi nent of the

present i nvefG NIGR6s (NI B06 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. 10is 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



or internal audio sources are required. NIC 306 strips IP information
(stores it in 10 forward table entry associated wth external audio source
and dest iweato3oesisgevi ce) and generates internal packets agsirgrsezi2azsm a SVC
(or other type of path) associated with the destination device. The

i nternal packets are routed on the SVC to NIC 306. (NI C 306 can be a
common source and destination point)74%5 descri bed above, the internal
packets are then processed by packet processor 307 15 to create |IP packets
wi th synchroni zed header information. NIC 306 then sends the |IP packets to

desti nati on;dgyice, Lk RLAHEY neftdiR®hr 3 LB AESLIORL pOLARYIGe I

noi sel essly sw O Tecelve audi o ‘froman externa ' 0 source.

Functi onal i tcymBafeibh beith akereitwivitbhddedqinotk. t A AlAbEDST @nfféBncefl cafigr €ss
audi o switching system 600 can be inplenented in control |ogic. Such

control 20 pasiipantsdpal -6 ¢amgperashtheangh ek §BQto distiibuied eonféremagwar e or any

conbi nati on, the - X._ Conference Call Processi 5 A, D i .but ed
Conf er ence. BTEGLR, B0 gl Soefe e ai i [ Baskp i ¥Rce bri ge
1000 accor dicag thﬁbufﬁrhfbt@fmo@o@f'ﬂé cOhtath disBiRSRNton A bAdge Pogd.r i but ed
conference bridge 1000 is coupled to a network 1005. Network 1005 can be

any type of Dietrilauicld confesmee bridee1d00bis setlabletandcks hardle anysymbéreof] nt er net .
For exanple, network . 1005.ca 03/ 003157, PCT/ US02/ 2035 =42 include a
 packet - owi ¢ SREGTRE SRIEREORN, Kot AmRR iR omed el farserrdee 0fhat on with
5 @ Circuit - s\Wahd@lBREnfeRNVOEMIs WBIWRERIIRG cOAfcfMOE BAIEPAACIHA u?@@mw‘drpan_ts C
1-CN can connect through network 1005 to distributed conference bridge

1000. For exagrplcenfersnpé ealbpasticipants. partici pants C 1-CN can place a VAP 5
cgl{! through network 1005 coptact. distributed. cgnf ce,bridge 1000.
Eﬁstri but ed conf Seﬁ}?é‘_mom ﬁg(@ﬁf’g&g‘iﬁf’ Sfeélc%ﬁ&aéeaﬁbﬁgr‘ﬂﬂl‘@reﬁﬁy number  of
conf erence GBhferdddé EdICigAN030, eflorR KASHRICE corfofibr (INMOS BIR20CRIE@e8G,e bridge
1000 can handle conference calls between two conference call participants

up to 1000 @nd apdiossogrnef KON ConferenceralltagentpfHOsis coupled to NIC 1020,
switch 1030 and audio source 1040. NIC 1020 is coupled 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 callbagent 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



10 As shown in FIG 10, distributed conference bridge 1000 includes a
conference call agent 1010, network interface controller (N C)1020, switch
1030, amwtoaamozassource 1040. Conference call agent 1010 ipsTasopbssd to N C
1020, switch 1030 and audi o source 1040. NI C 1020 is coupl ed between
network 1005 and switch 1030. Switch 1030 is coupled between NI C 1020 and
audi o source 15 1040. A | ook-up tabl e43025 is coupled to NIC 1020. Look-up
tabl e 1025 (or a separate | ook-up table not shown) can al so be coupled to
audi o source 1040. Switch 1030 includes a nulticaster 1050. N C 1020

includes a packet processor .. Conference call nt.. tabl i shes a
conf erence d'é‘?qmlf‘%gacgetﬁmki?gz%ﬁf ‘i?glrsltf’@f’ qipsee Eﬁ‘gf "é((zégﬂg rence call,
packets car nyjng) ASicn aRBGR afy e OF 1def &l and8f Bifsichl Bk fERMdehBuCONT er ence
call participants CI-CN to the conference bridge 1000. These packets can

be | P packetnst limgedith, a@V®ot SYi6t |inmted to, RTP/RTCP packets. N C 1020
recei ves the packets and, rwardsl$§ packet s inks 1028 to switch

t l.ong |
1030. Links 1028 AHHC BOVifeg OVGpkn f@é@%@?ﬂe&rfg/‘g?'%bﬁl Frease Pidaes 25 such
ass PVCs or @Y ssiﬁ%&ﬂ&t%@beﬂmﬁmudi&" A)&eggglﬁ RS ot EdnfORRdelap (as

descri bed above w respect to FIG 7 ternal packets which only
have a headgarticiputspagt natdofla0de Sardidenh aléd be prosided internally (BrougB) . The use

of the internal packets further redu ogessi,n rk at, audi o source
1040. | nconi%®§ OTFS%%’RQF'E.‘S 3psk as sharmin K@ Kbosuehin 567 581 e by a SAR
into cells, . , I bl . switch
1050, Sui ¢ cPT6 0 e SR s B P s ey P e T

packet s fr onohietent®26i.( Gihedeletm) atdioaradibe movided by andiol sonkdesgr 1035.

Li nk(s) 1035 can al so be any type of | ogical and/or sical link
i bl udi ng, BGeesssddfom astarags deyice gognjed tyc .ncﬁg’aﬁdaeg%%i ded over |inks

1035 is referred g0ud Godrbl SORARLES S06S BF IH9BnferorRl RRES ALAM SRRkt as

"external audio" since It originates from con?er ence ca partici pants
over networ K020 @enerdtaslioatboand phaetsheontainmgdbe mired nodibl andt fendsugle one or
T ks et over InkGs) 104516 switeh 1030, In' phrticular, agcho 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.



speech, nusic, advertisenents, news, or other audio content to be mxed in
the conference call. The internal audio can be provided by any audio

sour ce orwoOlGoexisessed from a storage device coupled to cecafrasenzssdri dge
1000. Audi o source 1040 m xes audio for the conference call. Audio source
1040 generates out bound packets containing the m xed audi o and sends the
packets over link(s) 1045 to switch #¥80. 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. In one enbodi nent, audio source 1040 (or "m xer"

since it is mxi ,0) dynam cal | enerates the rd fully

m xed and parti awgilﬁ?&é‘az‘P’%&%?ﬁsﬁs%a?%%‘ﬂgag?¥sﬁﬂwgg%“??ﬁa€$&§qé%\a¢ﬁr ence

i dentifier iDHQEARKE Whelhel F) diddfd offoredr P ipacidy btlle IR, mpRUGMANce cal | .
The audi o source retrieves the appropriate CID infornmat’ion of conference

cal | parti cippaiatly nfixednaadipedtmbiny ¢d y @dfeaemeialll poticipmt tGBCY. (fhish as tabl e

1025 or a separate . table closer to audi o, source . 1040 enerated and stored
at the initOg€rmBinaggn ‘tsﬁ%ad&?ﬁ?eélr%‘rﬂ?éﬁifg'??qer P‘E"?aélggt"éfgakgg@ PEfcasts the

packets in %Qﬁeﬁeﬂ%%a&m%ﬁ?acﬁﬁ%lﬁt %’E{S@B“ £O0C ANKE[ 020 deRAir]e@ bhegm xed audi o

streans. In one e 1050 replicates the packets in
each of t he ohphtket hdadedinfurhiations, snchean TARIarsHA Sdielgsawhethkt the packet ised audi o

streans N tines whic¢h co({,responds to the N unﬁle g& copf er enc cal |

parti ci pant PPrPREARIQTSEN]iRE IoAPAFITRAY §558?‘éteal‘i‘6 té% G ggé@ﬁ B‘P'E‘Fs in NNC
1020 over L S i L LS = ) ctively. One
advant age g’?&g:l\lléstsf Mﬁ@f&é&ﬁ%ﬁ %C%g{%ﬁégggg%(%p?g%gé%u iggﬁtls)ource 1040
(i.e., the minetwgk phekétcmyl fosvardéd tovihd paftidipeat.WOtherviser dpl packetiion. Thi s
replication work is distrjbuted 30 to multicaster 1050. and itch 1030. WO
08) 003157 Pdrruided o gnsgnbodimeny the peiork H@ﬁie‘ﬁf' Bpede’ wt%ﬁ@eaacket s
arriving on lﬁea@ P : ; i : i g forward the
packet s of tt e gﬁ\ﬁ?n#al?ﬁ?ﬂ gﬂﬁﬂt Sggetrt\?{){aﬁ @3”&?@2‘3@3‘&?@4@ géﬁsdlgg S(% a

conf erence obtaineddioim ciopknip tdkle (25, KTPRTCRparket headdr infoirsativadémbased on

packet header information in real-tipe during a 5 conference call. For each
packet arri i/ sAUSNCRNEOIAGtioN), 3D aylip data; Rlsaydipdata s 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



on packet header information, such as TAS and | AS fields, whether the
packet is appropriate for sending to a participant associated wth the
SVC. If ywe,03t0b@n7t he packet is forwarded for further pa®katuSpz/eEsessi ng.
The packet is processed. into a network packet and forwarded to the
participant. O herw se, the packet is 10 discarded. In one enbodinent, the
networ k packet is an | P packet whi ch-4¥cl udes the destination call
participant's network address information (I P/ UDP address) obtained froma
| ook-up table 1025, RTP/ RTCP packet header information (tine

t / - j [ . - i ta i.s the m xed
audi o aa abuusARCFAPLlafe, iRt fo PRl Rron Mo TR Byt pant - he

oper ati on ofimifeddd IPrahiet BHFCAdERE @if6endtiondge 1000 is described further
bel ow with respect to an exanple | ook-up table 1025 shown in FIG 11,
fl owchart di agr afbstehbAR. lopk-uptable 1025 isgenern@d. Couferanseicalkagent 191Packet

di h ' . 24B . and B. Distributed Conf
B dgo. Oper Sh1 o ngkdBuae B gt i 1680 Bs A iaaibERp R ont o ence
bisi dge  pr oggsshong QRO etinigle oA FIGS 10f RORMD thbl¥ 025 @RoludeSte Rtritd00- 1280) .

In step 1220, a conference call is initiated. A nunber of conference call
parti ci pant sormaspopdipstodheN cenferepcanallpartisinanisinihe confetedegralldgoatedach

partici pant.can any. Vv termnal .in ing,, but dimted to, a

t el ephone, &nos}ﬁﬁti 2?0 7l %]IS]EY R g?)orpﬁ%(,tabieng(&%gﬂnﬁﬂ'gﬁ?)??gr}gte,‘éeé‘fqb?r’@nf erence
cal | agent. 6dferepee I (OW)CatMRMN bk EldrdsY RfolRiAienS ThE S MO idakfgwk edge that a
conference call participant wishes to participate in a conference call and

obt ai ns t heamenwwber eideg thatsidgntiieschpartietlar 8¥Ee Inoink eyonple) te3MT7

RET/ US02/ 20 . rtichpant. .For | e th et wor SS

ilﬁ;ror mat i on§d%§tﬁﬁ?rn'§ Iaﬁag,ualglfﬁh ?&senﬂg?r a"ﬁi)(@?@ﬁlac Q%?gll Igergﬁ%’f gﬁﬂ%ﬁ’addr ess

i nf or mat i on Aldenasivelp, th2$0C iddifretidr th@fGmbBdR cirbedtnaeatBeh losienf er ence cal |
agent 1010 can generate the | ook-up table or instruct NIC 1020 to generate

t he | ook- uptabihl(25 and ingead fhgvipherentkyiaesasiesgdhwvich the 1p¢aton bf the eatrigiup t abl e
1025 i nol udge NieNEh] S350 LESAANGE Otk B0at Bl SRR RL RAT Sl mfar L1 ol pants
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 conferenée 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.



in step 1220. Each entry in | ook-up table 1025 includes an SVC identifier,
conference ID (CID), and network address information. The SVC identifier is
any nunmbewoas/obm:g7t hat identifies a particular SVC. |n onecanaopkesothe SVC
10 identifier is a Virtual Path Identifier and Virtual Channel ldentifier
(WVPI/VvCl). Aternatively, the SVCidentifier or tag information can be
omtted fromlook-up table 1025 and-4thstead be inherently associated wth
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
associated with second eniry in the table, and 5. forth. The CIDis
any nunber or tag.hﬁé’QFrQH%‘aO{)Q%Weré]rcé’ﬁ e'l?ﬁibpaéﬁéﬁqb ‘i‘{ﬂ’@ ctoﬂ??er?apc(‘?onference
cal | parti cicgBlockskirght shbiih if PGHOTSALRY Gfeps 1 N0 IIRY.| Cotit bEdIRs art T k
address infornation collected by conference call agent 1010 for each of

t he N conf erstepd80@ ahd ppeaceds o stepl 310. [In sepdF 10,2600 shinCe 1020 mmsgomgns

respective SVCs to each of th 20 partijcipants. For N conf e call

par ti ci pant $NEISEHN the Gireming %“dgg §§“’gj’ﬁ§(ﬂf tl!lf‘c%ﬁl?f‘é?féﬁ&éﬁ@élﬂmp&gbﬁ[' 10
instructs NI j . ] A N SVC
cgfmect i ons @gﬁe&gﬁ&w?géﬁ&aﬁkﬁgﬁg&%lﬁg%gflj#mg(it?% ’Bﬁalgg(h)l?ﬁt?ﬁzo’conf erence
cal | then begiligitl sigmalpescessoe(I2SR) Angenhveh@dal sechnliguafos ngmitbring theNl C 1020

and switch 1030 and audi @ sqgurce 1040 to hegin conference call 25

pr ocessi ng. emrﬁmaﬁgﬁlgmz@g ay¢iosample £an P“bléﬁft‘)‘ T fiep B¥0eadie $ustsddlnd sve
identifiers, : i i i L e of link
(physi cal éiﬁ{ orngf galﬁ@ﬁa)%&\;%g’% ?é;bkak?rée%%%%d?@edp h%‘?\f?gﬁ?g%wﬁ% ,in
enbodi nent s 13h@&r Angmumnibot ef aive apetikerssmaurbeaselested ndi ookeeimbodimkest, ance cal |
agent 1010 adds the internal udi o . source as one of the potential N audio
pﬂh i ci pant SOpfsEraEe Fallyslimited tafhese actiys Seesiees s ehea s E%P%caime. VO

03/ 003157 PETI26:2045%ers # aHan ARSIk 2BreBlpofl i i kAl AT once

bri dge 1000 during conference ¢ processing IS s n FI Gs. 13A-13C

(st eps 1300-sfra3gfy havignthe alosbegirgysdwaing the mpnit&diy iarstepa3@80eceds to step 1310.
In step 1310, audio source 1040 nonitors in the i cpc;lrga?lg audi o

! ner
streans of the cOVRErAHOSONERE| I%Qrgﬂl%ratﬁaﬁlede eondgfly mixed an
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 sequence

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.



5 Audi o source 1040 can be any type of audi o source including, but not
limted to, a digital signal processor (DSP). Any conventional technique
for noni twoioamoitke energy of a digitized audi o sanpl e camcChasozedso I n step
1320, audi o source 1040 determ nes a nunber of active speakers based on
the energy nonitored in step 1310. Any nunber of active speakers can be
sel ected. In one enbodi nent, a 10 con‘rérence call islimted to three
active speakers at a given tinme. In this case, up to three active speakers
are determ ned which correspond to the up to three audio streans having

gener at es. and cotheePol 14" HBaoss T94prrads Po A el arib fibdane (steps
1330- 1360) . gbersie@n 3352330 REsWiteh! 10301 XA PasdiVe partiEPaALs $n @eNer at ed.
The fully m™xed audi o streamincludes the audio content of the active

speaker s detenfefeneel calh (diabps ®39 determioné nohive Bt methe numberf off aotivei xed audi o
streamis an audi o, stream.of ts.Wth packet. headers d payl oads.
Pnckot hoadapikf Qe i sehis 0o vill hett sBRSd Slaic BRIERE riRGBRYL oo
coptent is Zudielsyegd in the fully m xed audio stream |In one exanple, as

shown in FIG 14A 20 audi o source 1040 generates an outbound internal
packet 1400 havi fystap p3A2kendiolseude 1 040 gehevatestn SEASE partidlly mixedd Sedjoence fi el ds

d | oad 140 Th AS  field Jists ClDs of all of the cuyrrent active
apeaker val fuedit-( P v ol Bl Fised athdpiEamial thed gt fostvdeay 13051 ¢ he
active SpealfﬁéﬁI%S’.SLeacﬁ'é@!th pa®iail Sl xddRubid strBfms g’@n&%%d%fn §t@ﬁi‘350-5*ﬂ3 sequence

information can be a tinmestanp, nuneric sequence 25 value, or other type of
sequence i nsemtrmistepnl36Qtihenddsi the duxédandis homent afzhe groupl afddentifiedksum or

of her packet information dependin n.a partigcular application. In the
e o 5" aptVF sarakes St st 120 iR ety sdion BF RessBRe! ent i cat
Payl oad 1403.40BLakive PeRRL I TRYeQbichR1iYe HehkgethEhetRd sﬁéﬁ‘ﬂbﬂvi‘tlﬂnt he fully
m xed audi o stream WD 03/003157 PCT/ US02/20359 -47 In step 1340, audio

sour ce 1040 tlsegrdsp bhactifvalspgakers dettrmingd on step d 320 toyemds whiehl aipartmllgp 1330 to

swi tch 1030. .Eventual |y, sive participants in the conference call (that
is those def@??f%ﬁ%‘qg QCtFﬁ t he nunber of active

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



speakers determned in step 1320), will hear m xed audio fromthe fully
mxed 5 audio stream In step 1350, audio source 1040 generates a set of
parti al | ywoioseiaudi o streans. The set of partially m xesdcaudon269 eans i s
then sent to switch 1030 (step 1360). Each of the partially m xed audio
streans generated in step 1350 and sent in step 1360 includes the m xed
audi o content of the group of identif4%d 10 active speakers determined 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 active, speakers determned in step, 1320 towar which a partially
m xed audi o PEFHCERAMSITEORR FlAtive .starlﬁ?%lfeur&ﬁlals&q%éﬁ%t,abl\éﬁegioréo%apqsételozlo
ot 1R WBhRrdnc

inserts in pagkelnBakliond Sokdu tinfliagh f.he group of

identified acti've speakers m nus tﬁe auﬁl 0 content g%l the recipient active
speaker. I n this Roayxaniple i £conberemde call where thqre atedd patticipanat(N = @Dei ve audi o
corresponding to their own speech or audio inFut. However, the_  recipient
active spealehighthregargidengified apactive speakergi(hy3). thamonsfullyygixsd gudioact i ve
speakers. | I . i o LS, d ed in each
20 partiall 3“?“;{}123/31'1“?1“ %ug‘ag l?g%?n{; g‘*’f%?ﬁ?ﬁ?kg{éﬁ @Egsfgg}éb%?ég Q&h%}ge audi o
content is idévantidbdsém td Bachrafipe6l passivegatticipanys. MThtedpatisliyombieieam | n one
exanpl e, audio source 1040 uses the packet format of FlIG_14A and inserts
one or nor e ugigritieanas ate theregpnerateddp s 13080 Arfarsy rartidlly mixed stroem dnd | AS

header fi el i [ | f_al .
active spoakanans AR el Pl bl RRplad £ e pdtgihdpiael o “The

active speakgesn@rarisuiido frenspeakersi 53 bat hdtepedepecial thardpartallgl | y m xed
stream In the case of a partially m xed audio stream the TAS and | AS
ikl ds are myKed Heam Teantainspudiofrm speakess djapd 2 Rutnos preakerss Thefirst n one

exanple, to ' i ' Ce£,1040
retrieves t ﬁ@%g%lgtrhg%ﬁ%gliazly%éé At or %%Q%Sﬁﬁgfe é'%ﬁ%lg?%ﬂ{c@ Sg‘g%éFs\/%?’OS/ 003157
PCT/ US02/ 20 3&pectivedy. piarthisoydyesl s fdui aixed agdiabirsz@hsy/(ohé @lillycmixedlandp t abl e

(such as table 1025 or a separate table) generated and stored at the
initiation dhree partialhy,mizedhpgedbs 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



For exanple, in a conference call where there are 64 participants (N = 64)
of which three are identified as active speakers (1-3), then one fully

m xed audwo 03b0a5Teamw || contain audio fromall three aeCTusSoypsakers.
This fully mxed streamis eventually sent to each of the 61 passive
participants. Three partially mxed audio streans are then generated in
step 1350. A first partially mxed st4%2am 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 speaker 2. Athird partially 10 m xed stream 3

contains audiq froms er,s 1 and 2 but not speaker 3. The first through
Chird parti St GRBTbe ser @ niarssel Bin S ARG T pscke” dpoBRer s 1- 3
respecti vel ¥mpbffinfeht, Haviest pRitbdsof 2070 LonéRfksAHcRetHeh@RWRH ANast k! Y M xed
and three partially mxed) need be generated by audio source 1040. This

reduces t he pasioipansmebuatk addressnnformaio. (1A sdAs HMidaduréss) dtitatnedlf8Bn i n st ep
1370, multicaster 10 replicates pack int fully mxed audio stream
and set of  {IpRERGOIRIRES Bickrigreckon b Ot heras et MGG | cat ed
packet COP! S3ePA @rb/raicH kaé%dﬁrs}(ﬂ@g{me. 23 BileBthp! MdiPutpnt er ence

call. NIC then processes each pac received on the SVC (step 1380).
For cl ari ty typeacthsqumehaeet inforoatiosd Rankar pratésgor hOAD can enerbtet @xthconf er ence

bri dge 1000 (i ncludin ackets received at SVCs by NIC 1020) are referred
to as inter ﬁ%‘l“%%?c‘t@@?’g‘.agf”ﬁ aseflan ‘58 ﬁé%ﬁ‘?“t? p&%"ti 9?)‘30’0%333?)86 ket fornmat

| ncl udi ng, R ue%inﬁrféiig{'i&{j(e?g‘?thg'ﬁ?g{’?él{aéégﬁelt%i%gf%&rd ih g&&kre& ené%(e&%?espac‘(a S

descri bed above In 7Aan exanpl e 1 nternal eg S or

out bound padtheetudibesonrdei®d0\iort by mekioaster H060)-| RackédtdprocédSorHd@70 darthier SVC, NI C

1020 determ nes whether to discayd or forward a recgived internal packet
& further aB&c&B?ﬁ%do’é’e%aghﬁﬁt“éﬂﬁ Pagksh that inqlydes apdiosfram tﬂ?éecﬁlvé rr espondi ng

conf er ence, GkhnaAkkdHeRRTbrlafieRo d3ibkipaf NICCRRIOEHbIcRL FiBRksorpacket can

be froma f xed or “partially o strea I'T 'yes, the packet
is to be fone@d)dkeh sehiethe gomdratod IR pakeezhd particippnt(380 .1393). no, t he packet

30 is not to be forwarded, .then control proceeds ho step 1380 to process
the next WD 03/ 0&¥estratpeerpfdpe Prseniginvendon is that the packet processing

determination in step 1381 can be 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, control 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.



packet. In step 1390, the packet is processed into a network |IP packet. In
one enbodi nent, packet processor 1070 generates a packet header with at

| east t hewopawoiis? pant' s network address information (1P aad/uso2/ B
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/ o350t her 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) ovided in packets ra ed the audi.o rce 1040 (or
by nul ticaster 18’5@?9 I@é"tonﬂﬂaﬁ‘é%g QJB‘{% Fdﬁds gade zf%aw oad in

each networ KeRRGKCHehS (41! LR @ngﬁgé& 58 SE&InY ikl nal _packet

bei ng forwar par ti ci pant pac et p oce sor 1070) then

sends the geserdpadedds tpaelsaBsT.olntshep 1387 donirpbjuinpé $6 stpp 1386) If thae feature
of the present invention is that the packet processing determnation in

step 1381 caﬁ%dﬂéSﬁ@FW'éfl’}lléq{l“yalaﬂi'ﬂnF‘PPtWBFQCF?qﬁéoéi?Pllﬁ@é!‘ thg conference

C FI G ﬁg%ﬂg%\ﬁ gg exanpl e routine for carrying out the packet
p oce55| ng e na on 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
det er ni ni ng whi ck- faekeuns Backet Flow thipughiDistribuggd ConfareaceBrides ted to 1P

packets and sent to a call participant. 20 Wen an internal packet arrives
on a SVC, NIC 1020 | ooks up an entry in |look up table 1025 that

corresponds to t Drtipan psikeeflowydisthiturbtonfornee tridge 1000 isrlefibep 1382). NI C
1020 t hen determ nes whet her the obtained Cl D val ue rratches any Cl D val ue
il® the Tot aIfUIﬂ@[Wéf%ﬁ@é%fl&@%al{mlﬂ\s}idﬁetsépd 6dpersea cppfeemgarall havmd (st ep

1383). If , ds 25
step. 1386, PO 53 ATEE ol LiohBRehulid cohbotla iR pRICRISTEETS 02 L
mat ches any d@k&kdlay laa)rhéke't Rerrbuiriingdtd eebtiee ptiaipants wHodShaudioekd of the

internal packet. é control proceeds to step 1385. |If no, control
pr oceeds tonm(@:b(egks 1,CR{C o CIP3gEprmatien npacket headgrsse demrted bront r ol t hen

o oceeds 0yihgiad i el ol HEATbAtpdl BLEIRER Ep rprcss 2 nex
packet fromskigntinEsriditiod aCkifiply 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 O 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).



WO 03/ 003157 PCT/ US02/ 20359 -50 In step 1386, a conparison of the TAS and
|AS fields is nmade. If the fields are identical (as in the case of a fully
m xed audwo ospeaam packet), then control proceeds to stepCIAs@2203m8 step
1387, control junps to step 1390. If the TAS and IAS fields are not
identical, then control proceeds to step 1385 and the 5 packet is

di scarded. C. Qutbound Packet Flom/thﬁbugh Di stributed Conference Bridge
Qut bound packet flow in distributed conference bridge 1000 is described 10
further with respect to exanpl e packets in a 64-person conference cal

shown in FIGs. 1 d 15 - FlLGs... 1 n Ixed audio.content in a
packet payl oad igrh?‘%e%%?%]y '%i/’égc%flﬁ)cﬁirggmgﬁ{igmﬁra gfﬂgaﬁﬁgg’ﬁégﬁ Ve
partici pant souke964@UHI® 148 shdivsedo (packbts 14181 1424 6Bfivst phetiR1y pfidmat i on in
packet headers is denoted by wunderlining the respective active speaker

parti ci pant streamd@MI1.cPayloads @Bpackets. }412 ang14btjgentaip iniedravdia fsomi s si npl y

h b 0. 1 etc.. lg thi le, .th 64
partici bant SPEREtGe T RorspetieE L Prkls 1aTA I BasninSidestcfient i 1 ea as
ag i ve speakphadera!Ti mslﬁéldtcbﬁﬁﬁir(s@lb@%r-thebdé_ﬁﬂlE}geé)ﬁftifjvk@f)&ﬁ&rs%l%.%df are

consi dered passive and their audio is not mxed. Audio source 1040

gener at es orldeflAY fieldicoatrinsu@Ids for rthey w6 Nctive spegkersdT2 afid €% whose3 20 acti ve
speakers (d - . F1.G .. 14B sho t X | e i nternal C 1402, 1404
generated b °%hﬁ’8at861}yc@"‘f§46¥\%&ai\9ﬁ’§8f)ﬁ P2g te?@ﬁ@élgg’hsi Ret's 1402,
1404 in strqagiendd hF¥enatidn REKEY r@ﬁﬁ@@\velﬁwirRﬁé/dt@%QekeThalP?Yéce sin
packets 1402, 1404 each include mxed audio fromeach of the three active
speakers O -pacigt 19 HBGs14B1gws 10 packetshl 428 cl42d of perokd partiebipmizedhavi ng TAS

I AS fields, he, TAS.fi el d.contains for. the totgl three active
:ggaker s d -Sggémﬁgil %éyr%?fise_f'ﬂp%%(ﬁﬁsaféﬁg @P&%S i mxed jaygiogiiam er s C1- C3
whose cont eRpedkersH ahdlddbut HbesPeakePCENPadka¥!1928 1904 LS iRAGESackdtacket 1402,

1404 further include sequence information O and 1 respectively to indicate
packet 1402 hgadese dde Toetfield con@ins CING fazdhetotil thrée anivé spdakensiCleB.st r eam FM

a2 Phe SR b BRI EI For e 198 o8N Sftakers R Snd B3REhgs ' PR S
content is actually mixed in the payload of the packet. Packets 1422, 1424 have
15 sequence information 0 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 respectively 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



WO 03/ 003157 PCT/ US02/ 20359 -51 Three partially m xed audi o streans

PML- PM3 are generated by audio source 1040. FIG 14B shows two packets
1412, 141woaB/o6itsst partially m xed stream PML. Payl oads pca/ysazbkmsss 1412
andl 414 contain m xed audio from speakers C2 and C3 but not speaker C 1.
Packets 1412, 1414 each include packet 5 headers. The TAS field contains
ClDs for the total three active speak®-s Cl1-C3. The IAS field contains
ClDs for the two active speakers C2 and C3 whose content is actually m xed
in the payl oad of the packet. Packet 1412, 1414 have sequence information

0 and 1 respectively to indicat acket 1 recede acket 14. FIG

14B shows t\?@)aaai?ﬁgty\ge @&ﬁ?ncmﬁ l@ﬁl%m#ﬁ-‘ﬁ%‘?t ﬁa}wvﬁma&sas €2 Pt oam PV

Payl oads in 4 t.aj i i ers d d
y gaa&gsggl&égé%geggﬁaggdg@yﬁa%gg #b&s56r1990 Qﬁﬁjféﬂt {J BBYesPREAL an

C3 but not spea 1424 each 1 nclude packet headers. The
TAS fiel d cooferense €lDsarficparttld-C64.al three active speakers Cl-C3. The |IAS
field contains CiDs for the two active speakers Cl. and C3 whose content is

actual |y mixed i dstsHeWB&R FiSadl doforSyeC | pagksts 1494apd 1414 arssleterminedaye 15

sequence in i Al 1.NGH 2 precedes
packet 14245 Py R G0 el ERAE phRel néddelsl HrORE1 TR AR
partially nie@m 6tCEmthd’PRS flekd/bunadsthe BAP fiekk tPackedsSP4 12ratid 14 Blareont ai n

m xed audio from speakers C 1 an not speaker C3. Packets 1432,

d C2 but
1434 each i fenveaed gadrbyork paghkssy 4512rppd %ﬁg‘-fﬁé%"r}fdﬁ‘ﬁlﬁtﬁ@@’dsﬁf‘or t he
total th . { 4 f.] I f h
to-act i ve. Lielfie BRRRKESE O CPADER) A leiinich Sudio fidf Helfertt22 | Do "

payl oad of tahé@Cpdateit speRReiCE. Padkedll 5124 B 4haveseqaane énformativhdrandt i on 0 and
L respectively to indicate packet 1432 precedes _packet 1434, FIG 15 is a
Oagram t hatl Fespessivelyt ©sindicateppacksdRd? peesstienpacket dpld-ndforoSVidcket s of

FIG 14 hav c&%@ﬁ?ﬁﬂgﬂéﬂb%ﬁfeﬁa&c@@&h @%rﬁﬁgaﬁt'?%g, ;gbg}éft 18985 MQGesaRg 1 nto 1P

packets to be se appropriate ren participants according to
the presenteiférvardedenC2) Paplket t422harthe OHE 6EC3 inlthd TASH2PbuthéBthe 1402, 1414
are shown as they are nulticast across each of SVCl-SVC64 and arrive at MC

1020. As 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 C1 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 C1 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



descri bed above with respect to step 1381, MC 1020 determ nes for each SVCl
30 SVC64 whi ch packets 1412, 1422, 1432, 1402, 1414 are appropriate to
forward Wo003/00£13157 PCT/ US02/ 20359 -52 to a respective eonfiesozpses cal l
partici pant Cl-C64. Network packets (e.g. |IP packets) are then generated
by packet processor 1070 and sent to the respective conference call
participant C-C64. As shown in FIG -3%, 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 of C in the TAS field but not the IAS

field. Packet d 1414 ed to net r k kets 1512 ; and
1514. Net wor¢ b@é%@%@]ﬁﬁs of 55 (CHEAPDRY foquéned Tafbgndud nd e ADDR) and
the m xed aygdkgy SURTHBREAKS the Sawe%gélak% duicnehd epeaker C 1. Packets 1512,
1514 have sequence Information O and 10 1 respectively to indicate packet

1512 precedes packet 1514. For SVC2 (corresponding to conference call
partici pant C2), packet 1422 | ternhgﬁlgé be forwarded to C2. Packet
1422 has the CI Dbf erirql Wé‘“ PUBEOS he 1 AS field. Packet 1422
gsconverted to network packet 1522. Network packet 1522 includes the IP
address of C2 (C2ADDR), sequence information 0, and the 15 m xed audio from
speakers C and (Eﬁnhiﬂnahq{desqnﬁ:a&ebov@mnlﬁespe&\t%e dpentior shamdkrerget o

conf erence cal l rti c pant ), pa r m be forwarded
to C3. Packé&fid &91@ ‘{de‘;CGP red‘Fgeé %ﬂ'ﬁf@gﬁ@ qﬁéi E?B%%@ta“‘ih | AS
field. Pack packet

1532 i ncl udgéul%ﬁ%&td ﬁn& leég{sxk? lb%)%hwﬂﬁﬂgéggé%g@fo}]?? é,ngdlﬁgn 0, and

t he 20 m xedontuali gfor oan bpaaipbment@d andofGRarby firmetres hasdvare ©8.anfor SVCA

(correspondi ng to conference call participant C4), packet 1402 is
dt er mi ned €eMbHRLPRE ed to C4. Packet 1402 does not have the CID of C4

in the TAS fiel dmeﬂg& Gdirtem, 8f3fibuted donfdrélt < é@@éﬁl's‘fﬁklehl}q{eﬁat' ng a
am

fully-m xed stre 1402 1's converted to networKk et 150
Net wor k packet ré&d2 senvet smbhsastlhedlh BeEr Mrlasmecﬁntﬁdlmmpmmbptedequence

information O, and the m xed audio fromall _of the active sp ers C1,
C2, and C3. cefErPngs bridge d@ﬁgrw paelementedy i pudig prpeesyigg platform 535

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



C64 receive simlar packets. For exanple, for SVC64 (corresponding to
conference call participant C64), packet 1402 is determ ned to be forwarded
to C64. Waake313402 is converted to network packet 1503. petusoz/ko3packet
1503 WO 03/003157 PCT/ US02/ 20359 -53 includes the | P address of C64
(C64ADDR), sequence information O, and the mxed audio fromall of the
active speakers C, C2, and C3. D. Codrol Logic and Additional Enmbodi nents
5 Functionality described above with respect to the operation of conference
bridge 1000 (including conference call agent 1010, NI C 1020, switch 1030,

audi o sour 40, |.t.i -caster 1050) can be inplenented in contro
| ogi c. Suchwgéﬁi]%oqfwl%an be inplenmented in software, firmare,
hardware or any 10 conbination thereof. In one enbodi nent, distributed
conference bridge 1000 is inplenented in a nmedia server such as nedia
server 202. In orde Anmbedianpglatforndifert providirg] medan$ervieescevdrra defevotlQ00 i s

impl emented in audio processing platform230. Conference call agent 1010
is part of CE8MPIEBAEtrol and audi o feature manager 302. 15 NIC 306 carries

ouf the network inbenf@c apd;gﬁmaﬁ’?rﬁmQ esNb&oud@L Qs f@ﬁ&gghe peagessors 307

carry out the function o et processor 107/0. Sw 4 1s replaced
W th swtchsdfa@s;aand nul ti caster 1050. Any of audi o sources 308 can carry

out the function of audio squrce 1040. 20 Xl. ncl usi on Wil e specific
enbodi ments of tH8 2y @@é?&ewmemfp%th%wnﬁ%@éﬁacﬁse@@r'ﬁsgﬁdwassm@ﬁ it shoul d

be understo hats 110234 £ i . exanple only, and
not limtat :bg%‘wﬁm\t}mﬂle% lE’e Sdrﬁgl?és.'?%g%%ﬁ‘?p?ﬂo&s?é ﬂé@ﬁ@gd inthe art that 25
vari ous changes iamefworkimerfacddbeing 8 setey pavketmdeesidiethat provdss pawketsdepar t i ng

from the spirit and scope of the inventiqn_as defined in the appended
cAGins. Thudf a‘e%egaterea'&efla%%rﬂ%%t&e%ﬂdlqﬁ@fm@é?ﬁc lsbeing; eteﬁlgcgom d not be

limited by any of, &6r 1AHE BESEESH tHAPHroRAETRE hdto ARPSICERMASt Mt Shoul d be

defined only in
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



accordance with the following clains and their equivalents. 30 WO 03/ 003157
PCT/ US02/ 20359 -54- WHAT IS CLAMED IS: 1. A nedia platformfor providing
medi a serwioas®oxser a network, conprising: 5 a resource mrPaTAROL/2G38at
manages resources used to support the nedia services; and an audio
processing platformthat nmanages calls and the nedia services provided in
the calls; said audio processing plat¥ermincluding: 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 pr or rocess th ata according to the nedia
servi ces prﬁ\c/’ﬁlf crﬁp{;?fénggfqoggmg}mcgmgg\,,f?-lgﬁert%g}prgwgt ches packets of audio
data sent bet m%e{%&g%gple E&&@%R\F&k%‘é packet processors. 15 2. The
medi a pl atform acco ng to c alm 1, wherein said audi o processing

pl at f or m f ur t herwloeipr sasd neawarl intmfmbrfmlrthalnctompds@ ffenteacte paekeager t hat
controls resources and nedia servi #)rrow d din caHgs processed by said
audi 0 pr od¥eEsIN; a‘?épe\‘}“"el'ﬁ%m’f%l@f%l’dpq%é‘t’ ging inforgaiemigoleo cl ai m 2, wherein
sa d call control and audio feature manager includes: a call signaling
manager; system manager; 25 connection manager; and feature controller.
4. The nedi@ Phamkdiarplaforor sicoglifgtoctlaimml 2whevhir @idswiachocamtises pr ocessi ng |

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.



pl atform conprises a shelf controller card. 30 WO 03/ 003157 PCT/ US02/ 20359
-55 5. The nedia platformaccording to claim1, further conprising: a set
of ports wouplexisto t he network; and wherein said networ k PCTIEs0f/2w369 f ur t her
conprises, for each packet processor, a respective controller and
forwarding information table. 5 6. The medi a platformaccording to claim1,
wherein said switch conprises a packiﬁ swtch. 7. The nedia platform
according to claiml1, further conprising a cell layer that 10 conbines the
packets of audio data into cells of audio, and wherein said switch
conprises a cell switch that switches said cells. 8 The nedia platform
according to claim1l, wherein each audio processor conprises a digital

si gnal p_rOCBss,QhedﬂaSPlﬁfoﬁhﬁrBﬁ%ﬁn@h@alfa%m&se%rcuﬂwwm SoApriBidg: Wherein
each audi o processor conprises a plurality of card processors coupled to a
plurality of di gntals fen Igamigmgpﬁmm(usaltompm thﬂm@dnaem‘acqssl; atform
according to claiml1, wherein fo st ,one_ingress —audio stream each

packet processorMFas&r ’é‘%rfi‘qﬂ’%‘éiﬁﬁ%f‘%‘wﬁfq‘t?f?‘wrfaﬁ? PR “5‘?‘636’& he networ k
and conver tl%{ Bllbgeéslo § of hfdlid Hﬁtﬁreﬂﬁhnggﬁ& @il%n RCRedia pitfRh inPacket

havi ng a pay er. 25 11. The dia pl tforma cording to claim
10, wherei rcaﬂabélnghdmdieq)rocessor processes internal packets 12. The nedi a
pl atformaccording to claim]1, n for ess a treans, each
packet processormeansdoy PEOGEsHIg Ia"gﬁié‘tk'%‘?sacﬁ ngaife t‘@% PR ets with
RTP 30 inf e nt over the network. WO 03/003157
BCT/ US02/ Zc}géﬁ‘ﬁéd ftht QalR€ ané .

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



-56 13. A nedia platformfor providing nedia services over a network,
conprising: neans for managi ng resources used to support the nedia

servi ces;womsamasfor interfacing with a network, said intecrase/asans
including nmeans 5 for processing packets of audio data entering and exiting
the nedia platformin calls being handl ed; neans for processing the audio
data according to the media services-3hbrovided in the calls; and neans for
swi tching packets of audio data sent between the audio 10 processors and
packet processors. 14. A scal abl e audi o processing platformthat nmanages
voi ce over the |Internet catl | s an% rregi a.sgrvi. ces rov(jédetd in the calls,
the platform i ndiTPeksTRE ths TRETRLPACKEL OF pydie daty 1 ingress, audio stgams ang o
processors ég?e%& a@di@@t‘%&ﬁns_%%@&iée atleasPbnidiia sBiR iR Meal1fg and exiting the
platforminthe calls being handled; a set of audio processors that process
the audi o data according to the nedia services provided in the calls; and
a switch couple etyween said network interface ang sai d t of audio
processors that Wit h@gthﬁac étléroﬁ?SS‘a&d?‘-Hﬁ%ldPa? OferEnce ACqre AABAE S or

prsovi di ng i@pafd, ¥bipsiRY.eT @ network, conprising: managing resources
used to support at |east one nedia service provided to voice over the

I nternet calls; (p)gmessingg fuly maxcdetdiootreamadif packetsacaah pankgtdgsingudi o
streans and e% ess 25 audio streans in the calls being handled including
converting 3B Eﬁ%fi'i?é‘ﬂeéaf‘ pf‘)ﬂ?aéfnal packets in ingress audio streans and
converting inter t I I Mdi @Jﬁg t ns;
switching the in(tB Z%ﬁrz%?&p citsa%tgbféfmgﬁﬁ:ﬁ?%gtdgd%oﬁ&?%g?ess gg%t?’oéagtﬁr eans and
egr ess audimackdtihewing aipackehbexlat ired ppyload; handl ed; and WO 03/ 003157

PI%T/ US02/ 20359

- 57

(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



processing the internal packets of audio data in ingress audio streans and
egress audio streans to provide at | east one nedia service in the calls.
16. A nmetwod3bay1sprocessing audio in a conference call ampa®/uss2/20359
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 mixed audi o streans -8% packets, each packet havi ng a
packet header and payload; 10 (c) multicasting each packet in the fully

m xed audi o stream and the set of partially m xed audio streans; and (d)

determ ni ng whic ticaste ackets to.for. rdb sed on pac header
determnl g il cly ML LERRLOS Hack Bl S RS el B T 1
further Congén'eﬁdt@q)acl&rﬂmad&@ Bflifl SIcBPS spldkeRNHfortation Iakéd &hi B t he
conference call anong the participants; and storing conference identifier

i nf or mat i ondgt@nid)edomuntee biectiveaperkessand sai<bdetatnlmmga839dd) daterthindst h each

participant |n th initiated c nfer nce cal 8. .The .met hod of claim
D tr D her whihpm s pRUER R e Ak eirbdpyits Geist O M Hve edbese) ¢ o

respective pasddatbPaithe rds eéth% aCheippce call; wherein said storing step
further includes storing 8 | D and network address information such

that said CI D and network address information 25 for each participant can
16, furt her compt-sitHG MSHGH SFAHG naHeFh Hhe HEaE T AGLITOUHEEs of t e
o or ed. eRaraTes Tﬁg’ta&%r“a?}%%%%%%%%‘u%%‘z e R e P hod o
claim 19, wudyeiixedsadi sgeamofipackets baapgpdchet headerg 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
i 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



gener ate packet headers having active speaker information based on the

det erm ned nunber of active speakers, and said determning step (d)

det er m newo oatodxak7 nmul ti casted packets to forward to parti ecparsvy23ased on
the active speaker 5 information in the respective packet headers. 21. The
met hod of claim 20, wherein the active speaker information conprises TAS
and | AS fields, and wherein said gene?%ating step (a) generates a fully

m xed audi o stream of packets havi ng packet headers which include TAS and
10 I1AS fields, and said generating step (b) generates a set of partially

m xed audi o, streams of packets havin cket headers which include TAS and
S 1 ol ds derisaf B atkst RLOGFOeRH oA PEUIE: BIICG S HRE CPRTRG ot ep (d)
det er m nes Jahipafedmidids aﬁ@ﬁ&ﬁéerﬁﬁﬁktﬁ&?aél&t EA oeRdiskat@edpar ti ci pants based on
the information in 15 the TAS and TAS fields in the respective packet

headers. 23. The method of claim21, wherein said determ ning step (d)
further conprisgs . for eac cket . bein rocessed at .a SVC the steps of:
obtaining a CID alﬂ'@ ’T‘?}ﬁoc{]ﬁ‘g‘ﬁg ,1’2@“" P_@Hﬁ%?ﬁé‘%ﬁ%#ﬂé‘?ﬁff% “‘%Bt ained CID
val ue mat CliggudYinfdilakiph U WhelelifsadiRerlifd dele) iSRRGy mARY 1 a mat ch
exits, determning whether the obtained C'D value matches ‘any CID value in

the | AS fi eludicoftrdae of patiets, having glagket tHeaderpadiieh incduddi theasedashcehen a mat ch

exi sts between the obtained ClD val and any CID value jn the TAS field
Shd a mat cHUBRREan, 5ad SEERerRuRgS iR AL TEr s et BAGPIDIBEA GG D val ue |

the LAS fi esltr_gamgéfé)agltlﬁs & 1k h&ld@isghggh inEI4EE e ke uRAN ihfRirfGkionhen a mat ch

does not exist between the obtalned D value and any CID value in the TAS

field of a packet, conparing the TAS and | AS fields, whereby, when the

conpared fields gre WO 03/003157 PCT/US02/ 20359 -59 identical the packet
n be converteoz%t ?@%P%@?fg}ﬂ%&t‘*{heﬁﬂ'ﬁerm se when the conpared fields

ahor ei n 1 he packals RESHERE Fip fREeRRals ST R e R e on, and
wher ei n saiedclypadkethaving & pagke( h¢adge aet paydsada wheateliry thei paghbad 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 packéts 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.



audi o stream of packets having packet headers which include the sequence
information, and said generating step (b) generates a set of partially

m xed audwo 03mb31eans of packets havi ng packet headers whi @aTiuso2/endss t he
sequence information. 10 26. The nethod of claim 16, wherein: said
generating step (a) generates a fully m xed audi o stream of packets, each
packet having a packet header and payb®ad, wherein the payl oad incl udes

m xed audio fromat |east three active speakers; and said generating step
(b) generates a set of partially m xed audio streans of 15 packets, each

packet having a packet header and payl oad, wherein for each partially

m xed audi o stre&mc[}gf’ “beé'&%g?édf‘%lg’a%mg%focqni‘ﬂﬂsmﬂe@‘w&é 1gfefeefr om the  at
| east thre h MBerSREAUE. ] i el Y& ipi ent
active spgfé e%*.l % %7%@#@“‘%%%“0f eg#g‘%dr)no‘;%%?ﬁ? ur tﬁﬂgr orrlf): igilsng:
processi ng ipalekamnfereafecawhechre actbe spedkesst ded in said determning 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 ofy cd gliRLiee britf E@Jt? egﬁﬁ&]giﬂ;%?&gﬁrgﬁ&déaﬂ ahf‘a%gi ved over

a network from participants in onference c are active speakers.
WO 03/ 0031 partifdntiSeampasing - 60 29. The nethod of claim 16, further
conprising mxing audio received froman internal audi g squrce and audio

recei ved over a Uiy seurqedhatipanerrics pAmhsmized apdio sussmof eATESAHl who are
active SPEaKed st gﬁ%ﬁgy riixE@ A6 SREMPL rﬁlet%,h@aféh BRAGERAARe A4flcRer I 2

conference ¢ participants, co si ng: "an audi o°saource that
gener at es eehddrlayid paylead;audi o stream of packets and a set of partially
m xed audi o streans of packets, each packet having a packet header and
| oad: a switch; and
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



10 a switch; and a network interface controller, wherein said switch is
coupl ed between said network interface controller and said audi o source
and sai d waisobsifurt her conprises a nulticaster; and whereTruS®z2@59

mul ti caster nulticasts each packet in the fully m xed audio 15 stream and
the set of partially mxed audio streans to the network interface
controller, and said network interfaed-controller determnmi nes which

nmul ti casted packets to forward based on packet header information in the
respective packets. 31. The conference bridge of claim30, further

conprising . a conference 20 call agent that initiat cqnf erence cal
anong t he paitiated;g9nfarence sall, mﬂesatfggtpg}ggﬁgglcﬁﬁ}%@es%f EP? é‘i“an"gﬁ‘,'or urt her
conpri si ng I i i i fd Lnformation
(G0 and iQuEEehRAmHEH Lk ol bAoA Rk hant i 1
t he est abl ighripanocdrebenraievedbhsed oda résectiVecassignéeb¥lce bri dge of claim 32,

wherein said storage device conprises a |look-up table. 34. The conference
bridge of claim 32, wherein said network interface 30 controller assigns

swi t ched virtual,<Ci ' ﬁ,?%e j h& ' he WO

0\:?/ 003157 PCT/ UQOSZ/Lr %g@géreﬁ%\léﬁf%ﬁé%e é%h%%ﬁesﬁ%hggsp@gﬁlghg%ﬁsd st or age
devi ce st oredgrgyan thbohfll awdio sedanardf thegtaticipants, ahd deethines s nemhbdrivdt said CI D
and network address information for each participant can be retrieved
based on a acBypenreakerabasedogrlgymanitoredenpszy. The conference 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 t or ed ener gy36. 3%he thafetenoé eridpe of blaiml(3S, ofhetdinisaid3packethieradens sai d

packet headers 10 generated by said audi o source have active speaker
i ¥ or mat | orgepersted Wynsaih@udigesopicsi hael apityRoeieaksr igtarmption; Basgdnstheang sai d

network i nt gid AGRACAMBER! dhcyve SheiEh Giia WHaCRbe B Infdtflog LRttt S 1O
forward to participants based ' on e
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



active speaker information in the respective packet headers. 15 37. The
conference bridge of claim36, wherein the active speaker information
conpri seswOAS0e31a7 | AS fields, and said network interface ®@omusot/ess9
determ nes which nulticasted packets to forward to partici pants based on
the information in said TAS and I AS fields in the respective packet
headers. 20 38. The conference bridged®sf 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 stream of ckets have payl oad ich include m xed audio from
at least three %5 TP r"é‘ﬁégEgges?f‘gﬂé‘ ﬁgcfl"f“ Hr MRS xed audi o stream

of packets in sajgl ek é’s%r{?m’%l%@éi?ﬁ‘émgﬁég?%&ﬁﬂﬁ&itmmﬂéh%wOmthe at

| east three actiVe speakers m nus a respective recipient
active spealkerorkPackfs R ENwErkRddresist 2f paxdiSipants GiXthé@onfEremce call.er ence
bridge of claim 30, further conprising: a packet processor that processes
packets determ ned to be forwarded into network packets having network

addr esses of pargi chpaghidfe tohggeca@zh{lﬁm S/HERin said Audld soutBEmBRAT er ence

bri dge of claim30, wherein sal 0 source m xes audio recelved over a
net wor k f r qilideretdioedoover a rietw btk erarn pheicipas iaahd corferemveccallantio are speakers.
42. The conference bridge of claim 30, wherein said audio source m xes 10
audi o receiagive sReak§Tan i nt ernal audi o source and audi o recei ved over a
network fromparticipants in the conference call who are active speakers.
43. A system for processing audio in a conference call anong participants,
conprising: 15 (42) Theaoafekaice beidge et dldign 30, fwhetein said evtliasolirce mixesam of
packets, each packet having a packet header and payl oad; (bz neans for
géher at i ng %ldsfé‘tec‘?ﬁ’edpfé?@iaalm‘;@‘m‘??%‘ého sQHFHangd udigeceiveh Ay @nstworkach packet

having a paf?c}ﬁ%tpagﬁ?pqg{s iAAE RAY8RL call who are active speakers.

43. A system for processing audio in a conference call among participants,
comprising:
15 (a) 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. i

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



(c) nmeans for nulticasting each packet in the fully m xed audi o stream and
20 the set of partially m xed audi o streans; and (d) neans for determ ning
whi ch nulwomasbvad? packets to forward based on packet headem/isot/eo3snti on in
the respective packets. 44. A nedia server for use in a VO P network,
conprising: 25 a distributed conference bridge that processes audio in a
conference call anobng participants, -6&id 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 audio streans of packets, each packet
havi ng a packet header and payl oad; 30 a switch; and WO 03/003157

PCT/ US02/ 20359 2 eeiwork interiges «ontioller f ace controller, wherein said switch is

coupl ed between ol nAgkittn i RblAteFER kil Rlork Aterfa@) dndtifyo source

and said switch er conprises a nmulticaster; an ereln said

mul ti cast eraniihid mdRt sbufecid paidlsetitch furtHee coraptiges minnddcatedj and5 st r eam and
the set of partially m xed audio streans to the network interface
control l er, and whareingsaidmylicastiaranylticastscagh patkebin the flbnmixed apgipch

trol ler, ylkchsaren _ Peh
ebpect ve WAREPE gt of pUFRHy YRGS aBRORRESS: 1O Rl MRS D ovi ded

on an egr escntrblleraafd 6aid Mgk ifedhiceacontioner deterardingsr wisich @aul(i@stegener ati ng a
first audio stream of egress packets for the egress audio channel, wherein
each egres sP%k@R&fOF‘M@%G@ oR pesket basres Hifpymatign 1 theirespspliveapkstsl header
information; (b) switching and delivering said first audio streamto a
first 15 network interface controller associated with the egress audio

channel ; (c) gengs.ati AgnahseRpndisaleshly switcieagnadio pervidal qpgkeiréss Wher ei n
O o e et ohanndl bver s netwark, compnsing |7 19 audi 0 and control header
(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;
(c) 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.



(d) switching and delivering said second audio streamto the 20 first
network interface controller associated with the egress audi o channel; and
(e) eval vapioagozibe relative priority of the first and secaoad/0de@s5%t r eans
based on priority information in the control header information of the
egress packets to determi ne which of the first and second audio streans is
a higher priority audio streamto te@Asnmt on the egress audi o channel
over the network. 25 46. The nethod of claim45, further conpri sing:
packetizing the higher priority audio streamto create an output egress

audi o stream of packets wth synchroni zed header, information; and
transmtting théout ﬁiﬁ'@ﬁ?%gy“d@m P, Suthes APBPIIYAZK et s on the egress audio

30 channel over pzlgl?eti?ﬁgt\@ﬁé l%weﬁ%&ﬁé%&égeaﬁk%/c}ég’@%ﬁ%gﬁg%gré@éucﬁg . The

met hod of claim er ¢ I'ng: packeti zing ower priority

audi 0 st r eaffeif of pakes vath Smthehized heslsr iafutimtios,twieachyofynphokized Wi t h
synchroni zed header information, whereby, synchronized header information
i s noi sel edenderfampatipads naisalgssky pegserved IR packets tepsptedion tefesess 5 audi o
channel over .th e j - f cond audi o
s[g reans. 48?“dlf)hc§a‘?rr5{l \é\g%ﬁ%% 9@?@"2&@‘?%@%‘?“ gétrrrl%?i? Ss?ia*r%%g&(? gﬂ\g/%crﬁ ing the
first audi gtushmeam of egress packets into first cells; and 10 converting

t he 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 wth 4Etghe re%ﬁ&hg‘&‘gtcggiﬁp@%@ergﬁlﬂgﬁ?hgt switching step (d)

conpri ses switchihg the conver second C he SVC associated with
the egress audicenediang e firdCaudfb strbhm oTegleedpaekers lidtb fird@ellsphand ei n sai d

Sl%)nc hroni zed hea::?)g{'crtiilg ];hoersrgg;[)rildogud(i:(? grtrr)eralmS gfs eg\;gslsipcailclgtrsp init(g] fse%rogg tci:l(ljs?'
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;



50. The nethod of claim45, further conprising: 20 (f) determ ning
synchroni zed RTP header information for each of the first and second audio
streans pwoas/obxistransmtting | P packets contai ni ng audi o pcpasonasso of t he
respective first and second audi o streans on the egress audio channel over
the network. 25 51. A nethod for noiselessly switching audio froma second
audio source to an egress audi o charifel 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/ USQ2/ 20359 -65 m%%ching t he
converted cells %tcamgmcenwe\ﬁcplﬂﬁa@Swrtﬂ&éﬁvllm(aévesmtéééf asspeatedwi t h t he
egress audi\gmgﬁ%% Fels' alfcf?@XﬁarnHelng the switched cells back to the audio
stream of egress gacie S, packetizing the audio streamto create an out put

egress audi o st repanerthg the spacked slibatk ®the bidio i€ bbagiess packets; mat i on; and
transmtting the output egress audio stream of packets on the egress audio
channel over a reckiizing the gpdiestigamite srealedirooytpyireeress apdipsirealndito sour ce.

5% The neth f.clai 1 i I rating step generates an 10
a%di o] streapr%gg‘ftg‘évétrﬁgg*séﬁﬁ%&egms%gg? 1?@%%?200113%@361“& 0 source in response to a

call event. 53.trﬁbmitﬁﬁgim@@ugut@graésrﬁuaib,stmmroemksaiod tiedpeesabiidig St ep
generates an audi o stream of egress packets at the second audi o source in
response t cchaneghoyer artwqikrn plachef higddiodrers e fyst agiesosirggacket s i ncl udi ng
a type of audio selected from at |east one of voice, nusic, tones, or
sound. 54. The nethod of claim53, further conprising generating the call

event based on a82.1 eagtie méiBoddf cldif F1pWherdinngidaenetatin ey genbra®I@hgENCy
condition, 20 a call signaling condition, a call event based on callee or

cHl | er | nf otudin stepam efregsess pagligissat the pecand pvdip pwicendn response to a call

event.

53.  The method 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:



55. The nethod of claim53, further conprising generating the call event
based on a request for audio information, wherein the request for audio 25
i nf or mat iwo o3oadigtles at | east one of a request for advert PEEFMESL/2035NEWS,
sports, financial, music or other audio content. 56. A nethod for

i ntroduci ng noi sel ess switch over audio for voice over the Internet (VO P)
t el ephone calls, conprising: WO 03/00&it57 PCT/ US02/ 20359 -66 establishing
a VOP tel ephone call between a destination device and a nedia server;
setting priority information for a first audio source; delivering a first
audi o stream of egress packets that includes the set 5 priori

i nf ormati on; det“é?g*’ml?hl%aav QI WCI@PQ‘?%%&W@WC?%é detinatign QE‘&F‘F éﬁ)‘# %i ty of

recei ving q,gé&ﬁgqua. swi tch over audio; and processing a call event that

i ncl udes noi'seless &w tch over audio when the <call status determ ning step
i ndi cates the eskeaigipsiotidy ivfdriDatioh egphacfivet audid souscea 10 candi date for

recei ving noi sel ess swtch over audio. 57. The nethod of claim56, wherein

sai d processi ng delixgringa fifsfeandio geeam of SEIeES prokstsi thot ingludesdhs 86 for the

nQi sel ess sw tch. audio; and transmtting the noiseless switch over
a(édi oin a*wgﬁ%ﬁgﬁa&gg’ stream of 15 packets in the established VOD

t el ephone cal | vheimidifg dedlstmuaeith pispedtitd yvailabifiorofeédediing noisdlés® noi sel ess
switch over audio is greater than the set priority information of the
first audi cvdicheyei awg; axthe et hod of claim 57, further conprising: 20

generating a SeC;)‘%Qésje.-tsé;’igg%1]1 9?11g%{eﬁgﬂ%ﬁkclﬁgés%%FseE%MEc?iccﬁ?%r Sdi& g@i“gi ©

source, the audio € noi sel ess sw over audi

payl oads; @invgad daemiihidgstsgomdicateditie sdtattishedV OB nelsphopackiitis ai nt o cel | s;
swtching the converted cells to a SVC associated with an egress audio
ckannel of gandidaisanterejmiag noeloss wYitghryseaudio.| ;

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



25 converting the switched cells back to the second audi o stream of egress
packets; packetizing the second audio streamw th synchroni zed header

i nf or mat iwD 030@316T eat e t he out put audi o stream of packet s PCa/UtSa®20359
established VO D 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 the established VO D tel ephone calé7-over a network in place of the audio
from the first audio source. 5 59. A system for noiselessly swtching
audi o provided on an egress audio channel over a network, conprising:

first and second audio sqQurces; a switch _coupled to said f| rst and second
audi 0 sources; éfﬁllsﬁmﬁégWSPRtPPFﬁ”QFqSé@ém&SH%CrkSﬁSIOBFhet%[f’ﬁf’%}H‘h?%"%ﬁ‘?d swi t ch,

wher ei n 10 iﬁ?}%festa’bﬁ1§ﬁed%h9tef%8”§]&ecaﬂ%§f Eiofk it U ] M Of ear ess

packets for egress audi o annel erein e egress packet includes
a payl oad «age fiydt agdioadogice. and control header information, said second audio
source generates a second audi o stream of egress packets, wher ei n each
egress packet includes a payload carrying audio and control 15 header

rgorrration andsgsal %ﬁt%?ﬁls %eq&gg,c&qgh \é«fgér&,%g flz{nségg{gd second

audio streans to sal e con stem of claim

59, furtheravdghahndldger Anet@gilkesompridhg® control I er coupled to said second
audi o source, wherein 20 said egress audio controller sends a control
signal to said dtsoind sgerndaudiofodEcesio initiate the generation of said

second audi o stre ch6c%u81-gﬁ %ﬁhps%g% eglm%gr& dq@e%rgﬁdﬁ sai d egress audio
|

controller is sa o sburce, said switch, and

said network i ntaeﬂid‘taeﬁ mt%5fa6€_9¢tinh©llé1&foup&ﬂdoM&@@it@h,_&ﬂieﬁelﬁgreSS audi o
controller sends a control signal to said first audio source to initiate

tHe generati on oRidfiistaudie squree generates pdushaumiorstrganyof ggress 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



tel ephone call is established, sends a control signal to said switch
identifying said network interface controller as being associated with an
egress awpesooediput channel associated with the establi sired/0sa/B3s€l ephone
call, and sends a control WD 03/003157 PCT/US02/ 20359 -68 signal to said
network interface controller as being associated with an egress audio

out put channel associated with the esbé&bli shed VO D tel ephone call. 62. The
system of claim®61l, wherein said egress audio controller is 5 further
coupled to said first audio source, and wherein said egress audio
controller sends control signals to said first and second audio sources to

set pri ori t$84 Kridnetverk intariacsicanirolics as g assedidtad HihABCETIUML. 63, The
system of Codbichdne HbAGl4SAIMAE 84idlishla YeRP teigfiRnbRAket 10 processor

t hat generat packets having synchroni zed header information and audio
payl oads, the audi o payl oads includi ng audi o payl oads carried in said first
and second audi o _streans. 64. The system of claim 63, wherein said network
interface contrd®d-er Thesysigameaf elain plswhersinssaihegmgssorudiyeontillghisket s t o

t r§nsrri t b?\%ﬁy\ﬁ u féﬁ td s%d;ﬁsi{smy@ghcpsroiupcrei M Mer&ingaiﬁiﬁét%gsa%ﬂ Ccﬁﬁﬁf}ﬁ'& audi o

streans; a erefn sal conptirses a pac SW or a cell

sW tch. 65.sehlie oot Fignhlscloasaid 5i9st addedeeond atdibesatceone sef pHadiy first
audio 20 source and said second audio source internally generates the
audi o for si#famatigngewid et apd sseondepdiostmamsaudi o streans. 66. The system
of claimb59, wherein at |east one of said first audio source and said
second audi o source converts audio froman external source to 25 generate

the audio for saé3l reJpesyststa of ictabin 39 dursieet @ompaikiap At $dastediespacket. A system
for noiselessly switching audio froma second audi o source to an egress
alflii o channpcasperdhghererpiey {hpackelgibgving syachrgnizesk headetiinfosmatiqneand

conpri si ng: 5 i SRNEA3 1R aldfed piitOds30308ng 2880 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:



means for generating an audi o stream of egress packets at the second audio
source; neans for converting the audi o stream of egress packets into cells;
means forwemBehisng the converted cells to a SVC associ at edwiso2aske 5
egress audi o channel; nmeans for converting the switched cells back to the
audi o stream of egress packets; nmeans for packetizing the audio streamto
create an output egress audio strean®®df packets; and 10 neans for
transmtting the output egress audi o stream of packets on the egress audio
channel over a network in place of the audio fromthe first audio source.

68. A system for introducing noi sel ess swi.tch over audi o for, voi ce over 15
The Tniomnet (VO EaIERReaNRE Shatrte S EuRGE e s POHL IR oI 2b ! | shi ng 2

VO P tel ephgifecal | between a destination device and a nedia server; neans
for setting priority information for a first audio source; neans for
delivering a fi rmtanadoi cpnsentiagtheodudegstean gfagkss padkhatintorrellyydes t he 20 set
priority information;_ neans for determnpi a c status with respect to
avai |l abi ity of PEARSifor Ayitching &hy cwsersd el @v‘égk’l&EﬁSB‘f‘atﬁﬂd"‘%ﬁ}‘is f or
prpcessi ng &&allhdi6 Rt i;hat i ncl udes noi sel ess switch over audio when the
call stat us%aet gr rﬁsnlﬁngnest ep indicates the established VOP tel ephone call
25 i s a candi datmedmsforroeaedrting thenwitskkddxsHs baukite theaudio saah of eds€ss The system
of claim 68, wherein said processing neans includes: neans for determning
priority i iaKsttion for the noiseless switch over audio; and means for

transmtting the 0oicSE @Mc]é UL st R 8 chdt &Hﬁgggég dio stream
of packets having s;?nc{]ﬁ%nfze ﬁgaa er si nt or nﬁt%o%ﬂ} n F e (rast aagﬁﬁi shed WO
03/ 003157 REEAMSIDaERSHEANnd - 70
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. A system for introducing 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 audio 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



VO P tel ephone call when the determned priority information for the switch
over audio is greater than the set priority information of the first audio
stream 79O o3la31system of claim 69, further conprising: 5PpoFare2/as9
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; nmeans for converting the s#tond 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 VOP tel ephone call; 10

means for rti th wi tch cell,s back to the second.audi o stream of
egress pacﬁ\z@ﬁte#@ﬁg@ grw%agféﬁfmdtpﬁgngéemag%ﬁ%&?tSWétgﬁrPY% create the
out put aUdléﬁdiosirsrg?(?&%rQlflanQﬁgg&tpﬁoﬁf}' ihRRmaRsRbE the figd a¥GbRubahephone call; and
means for transmtting the output "audi o stream of packets on the egress 15

audi o channel in the established VOD tel ephone call over a network in
place of the augjo fromthe first audig source. 71. A nethod for

i ntroduci ng noi gﬁj'ess{?\/\iyﬁfﬂ’ Qf\?k‘ma@dqu‘?bfmwﬁ‘%’ég' over the Internet (VO D)
t ¢ ephone call s, ncoRRAGI ShBGiing@?s&oh@Rdi6 Birdifn 8f SErkde ph&leBPNIARE @l | © and
transmtting noi seless swtch over audio I n an output audio stream of
packet s wi tdudsysootvepthe aedio ktezaddravingthe meisaless switch dner esdiabl payhvads; VO D

tel ephone call. 25 72. A method for no(@l_sel €SS SWi tchi(g% het ween audi o
sources in a VO PBFaNiLengonKertingihs second gudip Afrearl phegress §agits 1894e B sour ce; (B)

transm tting audgysk 't'&ﬁngﬁJe%Sﬁ@éﬁe@@&lﬁHQisQ/@é%%&zﬁed Wit QLRut  audio

stream of packets wth synchroni zed header information on an egress audio
30 channel audicecicesdliofi #id estabbished MOIPWElepBIRGANS7 PCT/ US02/ 20359 -71 (O
Sl%l ecting anot her;legl% E)ro cosn(\)/grrtigg .iheasrégtchcd 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;



(D) transmitting audio fromthe sel ected another audi o source in an out put
audi o stream of packets with synchroni zed header information on the sane
egress awdios/oediannel to the destination device. 5 73. Thecratdozeo3sé cl aim
72, wherein the another audi o source conprises an internal audi o source,
and further conprising generating audi o payl oads for the output audio
stream of packets prior to said transhi-tting 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
audi o stream of ckets from | P packets nerated at the external audio
source prior to @isﬁle?tf‘%r?s“ﬁ’f P'ffgogf‘%ff;@%;. 15 75. A nethod, conprising:
(A) transmttin i : i ! : jq.stream of
packets wth syﬁ(cl?ﬁ?%h?’z’fé‘ﬁ?e“g err(%lin e%?%aet#?%ﬁmg%agﬁm%g?@ggnﬂﬂg{t@nchannel to
a desti natdudiv stesined packed wiB) syhclaosiaed lidader iafothinatién enthasohdegressndependent
audi o source in an qutput 20 audig stream of packets with synchronized
header infcﬂ“ﬁﬁ’cqlﬁﬂnﬂrﬁofhﬁ’éieét%%&?@% audi o channel to the destination
deyi ce, whereby a user at the destination device perceives a noiseless
swtch over between transmtted audio fromindependent audio sources in a

VA P networ k. 25737 @heAnalisd efitlaimorzpvheteligthe agtheraadio sbaice compssast ti ng audi o
fromone audi o source in an output audio stream of packets with
synchr oni z e inEERbaudipsQeea andiyIther cAmPEging geneatineaudiorpanioads fopthy

destinationg 680 Sﬁ%ﬂ@bg@m%&wiﬁaﬁ&ﬁg}jﬁﬁ%@?fepﬁ io from anot her

i ndependent i 0 source I'n*an output audio°s of packets with
synchroni zed header information on the WD 03/003157 PCT/ US02/20359 -72
sanme egress audi 0o channel to the destination device, whereby a user at the
d¥st i nation devite Pemeehedef caing2swhesin theapetherdidio SBRiCGEYRPECE NS i t t ed

audi o 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



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.



