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| nvention The invention rel’ates generally to audi 6 ¢omun n-over

net work. VBAOKBI3dEd Art Audi o has |ong been carried in telpemusog26:ad | s over
networks. Traditional circuit-switched tine division nultiplexing (TDVM
net wor ks i ncl udi I c-_sw tched tel ephone networks STN) and plain old
t el ephone netmr@%&h\%mé@ R PREMDINGG W@vﬁé&%&%etmrks
establish a circuit across the network for each call. Audio is carried in
anal og and/or digital formacross the circuit in real-tinme. The energence
of packet-sw tched networks, such as the |ocal area networks (LANs), and
the Internet, now requires that audio be carried digitally in packets.

Audi 0 can include but is ey | | or other type of

augi o data. Voice over Inﬁ&?@%@o@glﬁ%iﬁgﬁwgﬁo call ed Voice over IP
or VOP systens) transport the digital audio data belonging to a tel ephone
«call in packets over packet-sw tched networks instead of traditional

ci rcuit - swi t Gielsbof thebtventises. | n one exanple, a VO P systemforns two or nore

connections using Transm ssion Control Protocol/Internet Protocol (TCP/IP)
addresses to acconplish a connected tel ephone call. Devices that connect to
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dé0i ces are EP phones, integrated access devices, nedia gateways, and nedia
'servers. A nedia server is often an endpoint in a VOP tel ephone call. The
nmedia serv 3qk£f9"é'§p°€l'hsi ble for ingress and egress audio streans, that is,
audi o streans which enter and | eave a nedia server respectively. The type
of audi o produced WO 03/ 003157

Audio has long been carried in telephone calls over networks. Traditional

)

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 anélog and/or digital form across the circuit in
real-time.

The emergence of packet-switched networks, such as the local area
20 networks (LANSs), 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 calied 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
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predi ctabl e and nust vary based on end user responses. Wrds, sentences, and
whol e audi o segnents such as nusic nust be assenbled dynamcally in real
time as they are played out in audio Sx-reans. Packet-switched networks,
however, can inpart delay and jitter in a streamof audio carried in a

tel ephone call. A real-time transport protocol (RTP) 1is often used to
control delays, packet |loss and |latency in an audi o stream played out of a

medi a ser ver OY Th&esifiserver ieerntiodad hy fheaapplicasian that sgrespendy ¢o the net wor k
link to a realstd L ge ch as a telephone).or a.non-real-tinme device
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ti mest anp. Tpeediciahie end musuvdre basellloowend asatesdponsdsi Wordp¥ehreatdspindisi ng RTP
to.detect the ccurrence of |ost packets and to ensure a correct order of

patkets are P8 seemgnts sprhas musieamust he assempled sivpamisallyin read timwe ti ne at

whi ch the pagkgle WASp ﬁ.ﬁs&{gﬂ{ . i mestanp all ows a destination
application to e?%surela sync r%ﬁ?%g'g&ﬁséy-out to a destination user and to
cal cul ate del ay aidcketstwitchedSegtworls, hé@blerNcan frpdrt QelaPandGideiiga over | P,

*Mc-Graw Hill: United States,. Copﬁ(:ri ght 2001, pp. 52-72, the entire book of
whi ch is i ncBiem af adi sarmiedinaieiephang calbr Airealdime trastspere protocol(RAERY a ser ver
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RTP packets for a given tel ephone call.
network link to a real-time device (such as a telephone) or a non-real-time device
(such as an email client in unified messaging). RTP operates on top of a protocol
such as the User Datagram Protocol (UDP) which is part of the IP family. RTP
packets include among other things a sequence number and a timestamp. The
15 sequence number allows a destination application using RTP to detect the
occurrence of lost packets and to ensure a Correct order of packets are presented
to a user. The timestamp cormresponds 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




A conference call links multiple parties over a network in a common call.
Conference calls were originally carried out over a circuit-swtched network
such as a plain 'oldtel ephone system (POTS) or public svp gcped 20Phephone
network WBIM318Zonf erence calls are now al so carried out poYARIS02/20359

packet -sw tched WD 0310031 57 2 8 DEC 2005 PCT/ US02/ 20359 -3 5 10 15 20 25
30 networks, such as l|ocal area networks (LANs) and the Internet. |ndeed,
the energence of voice over the Interdet systens (al so called Voice over |IP
or VO P systens) has increased the demand for conference calls over

net wor ks. Conference bridges connect participants in conference calls.

Different types of conference bridges have been used depending in part upon
the type of Xeﬁ‘@?‘ﬁﬁrﬂ’ n$ Ilr% e petwoskscHyANDang e Intemenedndsed, the t he
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data stream (FIG _1, col. 1, Ins. 21-26). Conference bridge 10 has a
plurality of i npuEenfereneebiridgesmonsect participantssin tanference esibneDiffegenit hr ough
@and switches 18 to,a comon_ sunmin
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36-39). Each speech detector 16 cont S a Sw _ Bech is
present swityphofk®nfeservelbtidge isrdescribeddn TS 1ok 260, SAB6i998 (@cemdRirence cal |,

“inputs 12 of al I) ,B rticipants who are speaking are coupl ed through summ ng
ea

anplifier 2Id’afet5‘t S C@qurﬁé’edlﬂqﬂﬁt@ qperates, i ata@nvir@r?@t Shiorer awit:f:' ﬁa'fﬂen .
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110 See, " 8dEonferemueibridgel10 hbs alpluraliy-of ﬁqiu_ts ) 22 aﬂdbuéﬁtﬁs 14 Biphis39Gr/ Ol CE 1S NOW
al so being %%Llﬁéc?e% thpou%%(x:'é(s%gcstiv%\/sgéec ec‘i(él(c%{orss i/\g ;ncdhs?witches 18 to acommon
summing amplifier 20. Speech detector 16 detects speech by sampling an input
data stream and determining the amount of energy present over time. (col. 1, Ins.
' 36-39). EBach 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. 1,1In. 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




networ ks. The " 896 patent describes one exanple of asynchronous node
transfer (ATM packets (also called cells). To support a conference call in
this networking envirfornent, conference bridge 10 converts) §npEE W0W cells
to netwonkopaosass. Digitized voice is extracted fromthe gegkabseaed
processed in conference bridge 12 as descri bed above. The sumed out put
digitized voices 1is re-converted fromnetwork packets back to ATMcells
prior to being sent to participants 14a. See, 896 patent, col. 2, In.
17-col. 2, In. 36. The 896 patent al so describes a conference bridge 238
shown in FIGs. 2 and 3 which processes ATMcells w thout converting and
re-converti nE }he ATM X\D 03/ 003157 2 8 DEC 2005 PCT/ US02/ 10359 -4 5 10 15 26
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314- 318 reportd":he get ect ed s?)éetg&éﬁrs?g?oﬁSV%@%q@tﬁ'?a:gg%ﬁ&g%@ch to
control | er 3s@nplgend holddmfieest322t326c Speechdletectuns 3 [UB3 BPrepbR M dekdctid 320 i s
cogpled to a_selector 328, ? I n cgntrol 329 and replicator 330. Controller
320 det er i nSRECGIMANRAT ¥elumsof detected spraph to GontroHen:3A0n Seay a8%patent, adhe out put s
of speech dea’qﬁf_qr6§39’3_14-318. When one speaker (such as participant 1) is
tal king, controller 320 sets selector 328 to read data from buffer 322. The

data noves t hr ougGonubieraRl s cgapled wantleotor 32 ghifl cHRPII 2O AR repRQtorRep! i cat or
‘replicates t data in the ATMcell sel ected gy sel ector 328 for all
50,8

partici pants enfrolier 4 2Q detspmines which ofglgfapapaci@mts ispeaking based 040- col . 5,
L0 o oo 89 SRR E A OGRS SRR SRR 1,
stPected in B iseiikiagpeontrotied 320 sesclepfr 308 to RS dRARRAL BHGE L. Thau! t aneous
speech is kegz;[ta lrijov?:g/ thsrggghn im?tgmigg Eégit} control 329 to replicator 330. Replicator
replicates the data in the ATM cell selected by selector 328 for all participants
except the speaker. See, ‘896 patent, col. 4, In. 40-col. 5, In. 5. When two or
more speakers are speaking, the loudest speaker is selected in a given selection
15 period. The next loudest speaker is then selected in a subsequent selection
period. The appearance of simultaneous speech is kept up by scanning speech
detectors 314-318 and reconfiguring selector 328 at appropriate interval such as
six milliseconds. See, ‘896 patent, col. 5, Ins. 6-65.
Another type of conference bridge is described in U.S. Pat. No. 5,983,192
20 (see the entire patent). In one embodiment, a conference bridge 12 receives
compressed audio packets through a real-time transport protocol (RTP/RTCP).
See, ‘192 patent, col. 3, In. 66-col. 4, In. 40. 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 Jocal mixing end-point sites. The loudest streams are sent to multiple




detectors 314-318 and reconfiguring selector 328 at .appropriate interval
such as six mlliseconds. See, '896 patent, col. 5, Ins. 6-65. Another type
of conference bridge i's described in U S. Pat. No. 5,983, 1927 §( SEE 2005
entire pat@03/003157 one enbodi nent, a conference bridge 12 rmeqaisies0359
conpressed audi o packets through a real-tinme transport protocol (RTP/ RTCP).
See, '192 patent, col. 3, In. 66-col. 4, In. 40. Conference bridge 12
i ncludes audi o processors 14a-14d. Ex&nplary audi o processor 14c associ ated
with a site C (i.e., a participant C) includes a switch 22 and sel ector 26.
Sel ector 26 includes a speech detector which determ nes which of other

ood of ,speech. See, '192 patent,
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endpoint where media streams 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 intemal 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



again to sone or all of the callers. See, D. Collins, p. 242. As the
popularity and demand for IP tel ephony and VO D calls i ncimam, Zp di a
servers are expected to handl e conference call processing C I er
grade quaWw@y93/00308f er ence bridges in a nmedia server need t @dirsibhesho scal e
to handle different nunbers of participants. Audio in packet streans, such
as RTP/ RTCP packets, needs to be processed in real-tinme efficiently. BRI EF
SUMVARY OF THE | NVENTI ON 25 30 The predent invention provides a nethod and
system for providing nedia services in Voice over |IP telephony. In one
enbodi ment, a switch is coupled between nultiple audio sources and a

net wor k interftﬁce controller, The Evm'tch can be a packet switch or a cell
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ol&er type of audio that is input by the active speakers in the conference call.

Each of the partially mixed audio streams includes the audio content of
the group of identified active speakers minus the audio content of a respective
recipient active speaker. The recipient active speaker is the active speaker within
the group of active speakers towards which a partially mixed audio stream is

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
appropriaté CID information of conference call participants from a relatively

30 static look-up table generated and stored at the initiation of the conference call.
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t Mixedeaudio stream and a number of partially mixed audio
streams are sent from the audio sources (e.g. DSPs) to a packet switch. A cell
layer can also be used. The packet switch multicasts each fully mixed and
partially mixed audio stream to a network interface controller (NIC). The NIC
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
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
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

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

Thr ee



are also generated. A first partially m xed stream | contains audio from
speakers 2-3 but not speaker 1. A second partially_ m xed stream 2 cont ai ns
audi o from speakers 1-3'but not speaker 2. A third partial | ¢ gripged 268 eam 3
cont ai ns ANAWN¥0MASDOM speakers 1-2 but not speaker 3. The fiwcwusoanoeasgh third
partially m xed audio streans are eventually sent to speakers 1-3
respectively. In this way only four m xed audio streans need be generated
by the audio source. The fully m xed atfdi o stream and a nunber of partially
m xed audio streans are sent fromthe audio sources (e.g. DSPs) to a packet
switch. A cell layer can also be used. The packet switch nulticasts each
fully mxed and l%’]tlally m xed audio streamto a network interface
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| ook-up tabl gndin réilﬂlrﬁﬁ&lﬁi%jaddﬂ&rﬁ%‘éﬁﬂ baﬂ%ﬂ%ﬂ%ﬁcl&eﬁ‘ﬁ&ﬂ@ﬁhf&ﬂ)ahﬁn e

nmul ti casted audi o streans n one enbodi nment, "during initialization of the .
' conf erence c&id m&umlatmtpanbtmlmcb&nm the lobleupzaablel dnamei gmbatliment] Ehe A swi t ched

tual ci rcwt g]gv?ﬁ S%o associ at ed th the conference call
pa ticipant. betty job iss sedninclndes the partigipand DHVERK iddesfdes entri es

for the confgy t n wor k
address infor rratlon (agi; )tP{)&?j%g&lafgodn Egrgh?ﬁ?[lé% 1%.0%1'?2%%1(&&?%9%# a
respective cnﬁématme(nmatthmp&eqdmb@mfbnndmmbt,-anﬂ abdibldag.can be stored for

"access by both the N C processi g packets and the audi o _source(s) m xing
audio during a c -afvantages of the peesent dnventieninchude pravidipaconfersegen ful |y

m xed and Paplig dricdtlitg itk Hivibr (bR AR 1636 barfdlvideh Snd e el L0 Lhe

conference ca processes ea packe IVI ng on the

SW&s and in paypically requirddmimitiag devikedin oftRaciaiterehce iiges. A Esnfwvemdener to
di scard or forward the packet for the fully m xed WO 03/003157 2 8 DEC 2005

PCT/ US02/ 203Badgegsysterm and mathad; of the present invention multicasts in a way that
relieves the mixing device of the work of replication. For a conference call with

N participants and ¢ active speakers, an audio source only needs to generate ¢ +
1 mixed audio streams (one fully mixed audio stream and ¢ partially mixed audio

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

20 streams. Packets in multicasted audio streams are processed at 2 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.




30 or partially mxed audio streamto a participant. One advantage of the
present invention is that this packet processing determ zaq m
performed quickly and in real-time during a conference ¢ n packet
header i nW@A%0038%¥ and CI D i nfornmation obtained fromthe |PoTRIR02REIHe. | n
one enbodi nent, the network packet which is sent includes the participant's
networ k address information (I P/ UDP) _gbt ained fromthe | ook-up table, RTP
packet header information (tinmestanp/¥equence informtion), and audi o data.
In sum advantages of the present invention include providing conference
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-streamandc tiall m xed_audio streans). Wirk is distributed to the a
mul ti caster VIR calh P'Mﬁ"éFFVGEW'I)?%HO’?E&?FEY@&WCBﬁudwdﬂi’mloméa@Ps t he ni xed

e pr asent. RO VRS TUERLERTe Selsifl ol wi B falsp digg o' 19 1

partici pant smafrpealxanpl e, if N = 1000 participants, and ¢ = 3 active
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processing work at an audio source mxing the audio for the conference
cd0l . I n addsauress and@rpmemﬁeumo sourdéso Tt netwiaiknigteifiace eontmblea@MIhe nunber

of users and a Ilcat s ri.se reasi ng need foyr multiple
udi st reangen B0 anY RS Wil 2 kst 30, OGAE™ 306 Br (RE modkesgni sed ¢ ha
mul tiple audpl@ces%&ﬁsemeg}eﬁchu% &Qt@mﬁ&hﬁéls%@a@rﬁ%ﬁ Of itlehfiP dhdibNt r oduci ng
RTP errors in calls placed in an audi o network envi ronnent such as a
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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

2L 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
streamn 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.




15 21 25 The present invention provides a nethod-and system for noiselessly
swi tchi ng between independent audio streanms. Such noi sel esd BsBECCRB050
preserves valid RTP information at the time of switch over. For established
VO D cal | O e¥83¥7esent inventi on can noi sel essly swtch aPdr/use29as%one
audio source to another. This switching systemis dynam c and can scale to
handle many calls. In enbodinents of the present invention, a switch is
used to direct audio data fromnulti{fle audi o sources to a network
interface controller. The switch can be a cell switch or a packet swtch.
The audi o sources can be internal audio sources and/or external audio
sources. The network interface controller (NIC) can. be any interface with

an | P network andAscerdingitefugher featurepa eelksadtehds uspd phichdse Bllymeshed ess audi o

troll trols t ' f. i | di . . i tch d.
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switch over is performed for any call.

Certain call events which involve additional audio trigger the noiseless

15 switch over. This noiseless switch over is carried out using the noiseless
switching system and method of the present invention. Examples of cali 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 audio 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



5 10 15 20 25 30 According to further feature, a-cell switch is used which
is a fully meshed cell switch such as an ATMcell sw tch Eaﬁ] fzﬁmﬁ)l enty of
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different sources and delivers them across a switched virtual circuit (SVC
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serving an established tel ephone call -l1lFn one enbodi nent, an egress audio
controller is used to control noiseless swtching of audio in VO D

t el ephone calls. This noiseless sw tchi ng accordi ng to the present

invention is also referre ‘g to, . herein "noi sel ess switch over." In one
enbodi nent , Kets cartaining the andio streagy &B?qu@'r‘lléﬂ IPpagkess todntemalagaess out f or
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audio sources and external audio sources. In another embodiment, a noiseless

switch over system according to the invention involves the switching of audio

15 streams only from external audio sources in which case the switch over system
acts a general switch for audio streams and no internal DSPs are required.

Further embodiments, features, and advantages of the present inventions,

as well as the structure and operation of the various embodiments of the present

invention, are described in detail below with reference to the accompanying
20 drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

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

30 environment according to the present invention.




an audio streamfrom an external audio source. In this case, a NI C receives
| P WD 03/ 003157 2 8 DEC, 2005 PCT/ US02/20359 -11 5 10 15 2G packets
contai ning the audio stream and converts the | P packets to in§ PErRI206pPr ess
packets. MAO03}0081550i nt, the internal egress packets are progeaseshasy ! they
were generated by an internal audio source. The internal egress packets may
include priority information. The internal egress packets may be sent as
packets or cells across a SVC throught2x switch to the NIC. Wen the
external audio streamhas a relatively high priority and switch over is to
proceed, a packet processor at the N C generates |IP packets with
synchroni zed head i.nformation (such as RTP information) and sends the IP
packets to a destﬁ%@'éﬂdﬂ’ém@fm%am'@ﬁﬁééﬁﬁéﬁﬂ?ludingmesliaseséc&sm tch over
system accor gli jsnventd on i nyolves the switching of audio streans
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switching of audio streans frominternal audlio sources an al audio
sources. | n torastembodimbrtdif theepreseat imvesiédress  switch over system according to
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augi 0 sources in ekal‘dﬁ‘scaa agrameofa,pydio pragessing plaorm acvshowa igdflGr 3l switch
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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 andio sources according to an embodiment of the pfesent 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.




a person skilled in the pertinent art to make and use the invention. In the
drawings: FIG | is a diagramof a nedia server in a voice over the Internet
exanpl e environnent "actording to the present invention. N QFLO9RES7 2 8
DEC 2005 R@é3#60#~20359 -12 5 10 15 20 25 FIG 2 is a di agpagnshyanseexanpl e
medi a server including nedia services and resources according to the
present invention. FIGs. 3A and 3B are diagrans of an audi o processing

pl atform according to an enbodi nent ef3-the present invention. FIG 4 is a
di agram of a audi o processing platformas shown in FIG 3 according to an
exanpl e inplenentation of the present invention. FIG 5A is a flow diagram
showi ng the establishnment of a call and ingress packet processing according
to an embodi nent BIGt6fcispdiageam of aneiselessh switchcovasystematht easrieli ayr am showi ng

‘e’ provent PR SR Bbeiiin erE PP andstR el Sendutilaifoch over
systems accogshnd aburdgle dh BRBOdint of\he PHAERThveniYRNt | On. FIG OA IS
.diagram of a noi seless switch over system'that carries out cell swtching

of independent egFK3dAdsdischentatie diostratoresfandd phoket with RTH infomtaion. sour ces

acgording to an e L.ment of the present_invention. FIG 6B is diagram of
augi o data flow iﬁ}gd’bdﬁ asehematic iystration of angptemal pagkebaccerding Wongut cel |

swi t chi ng oferhm,%ﬂp(ﬁqﬁeﬁggﬁﬁ%@w&? streans generated by internal audio
odi ment o

sources according to an e the present invention. FIG 6Cis

di agram of a noi sEIGRSSs avfiowediagraay shoyai e shathing Tandionglity a6&rdingswi t chi ng
* bet ween i ndependent egress _audi o streans generated by internal and/or
ext ernal audiPPn§simhedanent obtheipmsennyentdibodi ment of the present invention.

FIG 6D is di agr aoa2yl! fha%®!de hbHidgParfls WSS e RalPVehfoSiSing SY St €M
10 for audio stream switching according to one embodiment of the present invention.

FIG. 10 is a block diagram of a distributed conference bridge according
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.




that carries out cell swtching between independent: egress audi o streans
generated by internal and/or external audio sources accorgérag to an

enbodi mrent of the present invention. FIG 6E is diagram alaCollf8t a 1 ow
i n a noi sav@e¥omast ch over system that carries out packet pgwitsabhome bet ween
I ndependent egress audi o streans generated by internal and/or external

audi o sources according to an enbodi nent of the present invention. WO

03/ 003157 2 8 DEC 2805 PCT/ US02/ 20359-143 5 10 15 26 25 FIG 6F is diagram
of a noiseless switch over systemthat carries out swtching between

I ndependent egress audi o streans generated by external audio sources
according to an enbodi ment of the present invention. FIG 7A is a schematic
i | lustration of ahhg Presgatiinveniiam wittmaw berdaseribad. with) @ferv:[ccu © teschematic

il lustration, of anlnte nal pagket accordin t of the

present i nveﬂ:?f’m? anygpg r@v:lngg ‘iP % ‘é{ﬁﬂgénﬁg Sﬁﬁﬂc"t REMOH, t'Eﬁ'icﬁ'ﬁ

functi onal i tigeRGae dﬂ&ug{aﬁ SiGIR n@?m o&apf tﬁéré?ﬁﬂbst' diREYdfOn FIG

9A, 9B, and 9C are flow grams show ng t e call event pro SSI ng for

audi o streana sefetends mgmberddendifieg theodmamén geimbwhiichebn rcﬁérendmmnlgsﬁm i nventi on.

Flng 10 is a block diagramof a distributed conference bridge according to
enmbodi me¥APCBM: t he present invention. FIG 11 is an exanple |ook-up table

used in the distributed conference bridge of FIG 10. FIG 12 is a

fl owmchart diagramof the operation of the distributed conference bridge of

FIG 10 in establishi DETAICEDDESCRIPTION OF FTHBINVERTIORB, and 13C are
“flowchart diagrans of the operation of the distributed conference bridge of

FIG 10 in processing a conference call. FIG 14A is a diagram of an exanple
i nternal packet generated by an

10 I Overview and Discussion

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 is coupled between the audio source mixing andio content
and a network interface controller. The switch includes a multi;caster. The
multi-caster replicates packets in the one fully mixed audijo 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




audi o source during a conference call according to one enbodi nent of the
present invention. FIG"14B is a diagramthat illustrates éﬂi&jiﬂﬂ cket
content in a fully mixed audio stream and set of parti aII;Ze ' e}
streans aw@osmgsto the present invention. FIG 15 is a grpakendiat

Il lustrates exanpl e packet content after the packets of FIG 14 have been
mul ticasted and after they have been processed into |P packets to be sent
to appropriate participants in a 64 pdStici pant conference call according
to the present invention. WO 03/003157 2 8 DEC 2005 PCT/ 1S02/20359 -14 5 The
present invention will now be described with reference to the acconpanying
drawings. In the drawings, like reference nunbers indicate identical or

f unct i onal | ypresent inyentising thermedia setulért Ganrisdlide, a caibedngeiol ambaudiaifegturé s) of a

_reference nunber i%gntifi.es the drawing.in ich %hggref erence nunber first
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is distri butiagrned\eayirdringsnt.a Deseripiipnda \theze teriiis dsovadddSRr chivepinte cul ar, a
distributed conference bridge according to the present invention uses
i M ernal  nul:adt ismpt dntendad that thepinyention; beglimited, toappiisation in theseice to

reduce work ' L XI V] ence ,cal.l .agent ..is used to
cotab i oh asaemRl Aighrdhd, 8 G 4R seatingGRE IGLGRE de@rpaBBIiben ot xes
audi o of aCtHeM@m@Qan&éﬁrtﬁQt kén $laNéd R B8 RélevanPaltthow BLinigléh¥nttheed audi o
"streamand a set of partially m xed audio streans need to be generated. A

switch is cdnyindigntealigrastivereavigoements snewenow or dgveloptiddn thenfutime.
10 . Terminology

To more clearly delineate the present invention, an effort is made
throughout the specification to adhere to the following term definitions as
consistently as possible.

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

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

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 phckets according to a program or application service.




and a network interface controller. The switch includes a nulti-caster. The
mul ti-caster replicates packets in the one fully nixed aud@i® BEC 2886 and a
set of partially mxed audio streans and nulti-casts the replicated packets

to |inks Groighoospsy SVCs) associated with each call partici papiysePediss wor k
interface controller processes each packet to determ ne whether to discard
or forward the packet for the fully mxed or partially m xed audi o stream
to a participant. This determ nation.jgan be nmade in real-tinme based on a

| ook-up table at the NIC and the packet header information in the

mul ticasted audio streans. In one enbodi nent, a conference bridge according
to the present invention is inplenmented in a nmedia server. According to
enbodi ments of t hEheétefin Phke A0y olt@réfors@OdipRize@UhcLERpIeOQNPed Withih 10 15 20
25 present invention, the media server can include a call control and audio
feature naﬁhﬁ%*ﬂ$or managi ng the operations of the conference bridge. The

present inventiongs, deschibed in t an_ex Le Vvoice over the

I nternet environi %t.enﬁé‘é%f%ﬁrgﬁc?ﬁkﬁggb%?@ﬁwgegr%@iﬂiees(?a!f'?)"rcecpnve_ni ence
only. It is sfRTPpackeeiafisdciasd Wi ohd¥RdiinkDET paekétizel WeRke! O application in
these exanple environnents. In fact, after reading the foll ow ng
decription, it wihd terisevuirdhed ypauad wircuiy (SVER mefers toka ledmporamy vitealr el evant

art how to inplenent the invention in-alternative enviro nt s, known now or
devel oped i rFItcHE tRajitte up ppd used oo 188 st asrbeing (EABmiHtedcPRestbe ot he
present 1 nvefirhlnicAorbliWekn e A8 Bosts i QB hESVORGbpGR ign to adhere
"to the followmng termdefinitions as consistently as possible. The term

noi sel ess acamtrdstng pérmankst yirtedeirtuit (Ré0) remminsedvailsble ot AlMimehi ng  bet ween

i ndependent audi o streans where packet sequence information is preserved.
The term synchroni zed header information refers to packets having headers

S T ade T i e N SR B e T or maton,
The present invention can be used in any audio networking environment.
Such audio networking environments can include but are not limited to 2 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 client can
be any type of device that handles audio includin g but not limited to a telephone,
cellular phone, personal computer, personal data assistant (PDA), set-top box,
console, or audio player. FIG. | 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 an.y type of circuit-switched network(s). Computer client 155 can be a

30 personal computer.



The termdigital signal processor (DSP) includes but is not limted to a
device used to code or decode digitized voice sanples according to a program

or application service. The termdigitized voice or "voi S but is
not |imtexDozodusti o byte sanples produced in a pul se ZC@Q%%“W (PCVM
architecture by a standard tel ephone circuit conpressor/deconpressor
(CODEC). The term packet processor refers to any type of packet processor
that creates packets for a packet-sw-ixthed network. In one exanple, a
packet processor is a specialized mcroprocessor designed to exam ne and
nodi fy Ethernet packets according to a programor application service. 2 8
DEC 2005 WD 03/003157 PCT/ US02/ 20359 -16 5 10 15 20 25 30 The term

packeti zed voi ce Tetphanetaliegt ¢035 iix ecipled theoughnpipeblicawitihed teleplione a packet .

RTP packet s etvat @SIR0Fi6 edravialian ﬁ%ﬁ%i&o‘i@&éﬁ&%&&otf?\ﬁeéfg‘#ﬁ?ce °
Sul t ched V!« Sflol€ LA HEhallg i DR iieha@d AHIRE Floliaalib bPlinksdiC 1 £t 1
fip ik ksl

.is set up an ed on ong as ce the

conmuni cat i Onrdge&umn%ﬂmmdmlmtpﬁow&ecﬂﬁmhﬁi BSTNHQO&H@MHWF s. In
cont rast, &prrranent virtual circuit Q(!PVC remai ns available at all tines.

M 5 Audi 0 Net 8 |§ofigwitaly 20 pupperts Taibsignalingend conteel tto gﬂahiéh andregwyd i n any

audi o net wor S MWor Ki vironnments can

el ude- bt SPEkAR SrOERR el Eangn iy 305 bt BEGHSErS e L B ob SIS o i

envi ronnent . sofIwRSR TR0 Folewo tHeSe3tion Ihiligtiod PRASHH ésmemzﬁaﬁw o jgcor porat ed
"W thin an audi o networki ng environnment as a stand-alone uni't or as part of
a medi a serv@ﬁporpdmkfetcmﬂmga"émmngstwatl@fromd’&fﬁmmandaemmrklﬁbnponent
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10 switched telephone number to an Internet Protocol (IP) address and vice versa.
Computer client 155 is coupled over network 150 to media server 140,

A media gateway controller (not shown) can also use SIP to support call signaling

and control to establish and breakdown links such as voice calls between

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

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

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

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.

V. 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 '
resourcc(é) 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




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

swi tched and/ or packet-switched networks to | ocal or_ renot Iims. A
client can be any type of device that handl es audi o ind I&J(:DE%QZ not
limted t WQO¥WBHThone, cellular phone, personal conputer PCRAISORNINY dat a
assistant (PDA), set-top box, console, or audio player. FIG 1 is a diagram
of a nedia server 140 in an voice over the Internet exanple environnent
according to the present invention. Thi&s exanpl e includes a tel ephone
client 105, public-sw tched tel ephone network (PSTN) 110, softsw tch 120,
gateway 130, nedia server 140, packet-switched network(s) 150, and conputer

client 155. Tele hon IS an e.of phone red or wirel ess)
that can senRfo&n %ghd#@%%WBP%{EW “mﬂrcealm sﬁmcqsype of

ﬁ'oﬁn‘iﬂ'tterSwv&@e%%ﬁ'%?g%@BE&@B"B‘EW“%W?E&%S@E‘S”‘%%& e 99050 L5 50

Tel ephone clFiG2. Rebource filvdhles 211Hf tichideaonvdiitionasiesdurtddutiRagphgne  net wor k
(PSTN) 110, gateway 130 and network 150 to nedia server 140. In this .

exanpl e, cal annghpgemeantsicalieat digits IYR resoursesa? hlae done/digit tvoicenscahpingat hs or
i pks that sarr Sof.tswitch d betwe PST 110 and
e ser veriesous 2l PunsPOding Habiite A0S, b QieRHTEn AR IHE BBkt o1t
establish aﬁ@-s’p@é@ﬂ"r@san\‘@ FAeCaid M&%ﬂ:tio%'r@ﬁﬁ%ezl‘ﬁ 'ﬁl@&na%@ﬁ:&@d medi a
server 140. In one exanple, softswitch 120 follows the Session Initiation

Pr ot ocol (SIII)ZmGatie.\ABlyMt hnmedaspumklildsl%%-orascsbnwenmﬂ@ 2Mdediapassing to
and from PSTN 110 an s.can i ude .a variety of well-known

Pt ! oms oustrices mpduler 2058 iaTude cqveniGY SERGATe SOrAn LS8 To an
I nternet Pr OiB%OJ/OIé%(IEﬁ}n!%Q%&%B@%nl’érﬁﬁe‘ﬁﬁ'ﬂg@scr@@g@léjce91&5'sﬁ@irm?a S5is

coupl ed over network 150 to nmedia server I a gateway controller
(b@t shown) Zldd, altkaﬁl{Egﬂeﬁraydlwpport call signaling and control to

establish and br eﬁlkegla server 95? mcFudes gr? al\)/p(iljcgt?oncgc!nlugl lt))r%;[:gggmg unit (CPU)
210, a resource manager CPU 220, and an audio processing platform 230.
Application CPU 210 is any processor that supports and executes program
interfaces for applications and applets. Application CPU 210 enables platform
15 200 to provide one or more of the media services 212. Resource manager CPU
220 is any processor that controls connectivity between resources 210 and the
application CPU 210 and/or audio processing platform 230. Audio processing
platform 230 provides communications connectivity with one or more of the
network interfaces 208. Media platform 200 through audio processing platform
20 230 receives and transmits information via network interface 208. Interface 208
can include, but it not limited to, Asynchronous Transfer Mode (ATM) 209a,
local area network (ILAN) Ethernet 209b, digital subscriber line (DSL) 209c,
cable modem 209d, and channelized T1-T3 lines 20%e.

25 V. Audio Processing Platform with a Packet/Cell Switch for Noiseless

Switching of Independent Audio Streams

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

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




conmputer client 155 and nedi a server 140. An application server (not shown)
can also be coupled to nedia server 140 to support VOLP services and
applications. The present invention is described i'nterns? 8 DEQed}f§exanpl e
envi ronmeme03/emsIri ption in these terns i s provided for cpoves®ge only.
It is not intended that the invention be limted to application in these
exanple environnents involving a nedia server, router, switch, network
conponent, or stand-alone unit wthid9a network. In fact, after reading the
foll owi ng description, it will become apparent to a person skilled in the
rel evant art how to inplenment the invention in alternative environnents
known now or developed in the future. IV. Media Server, Services and

Resour ces FIRkatfam 23GiscshaymamBG. 3A withipgard te dudio precessmgrin2D@limgccor di ng to
.one enbodi nent . the present ipvention. Pl atform 200 provi des scal able VOP
tel ephony. NiQgeless,swiighipgacs ‘i‘&\@‘hﬁl@?s%l“r'f@(ﬁ“ﬂ"%‘erver 202 coupled to
resource(s) 210, ' e s | fac | a server

. 202 includes one@?h%roaﬁgd’\é%%ﬁi(@%ﬁeg%ﬁ%p%%@ggt?@goﬂfﬁé:g}ﬁg%glggr 0 and audi o
WO 03/ 00315 hudicSfellute AaAgePG0LUSKIRERRADI04 tllsd rebbirebtolss 2pack@ug¥lpcessi ng
platform 230. Media server 202 provides resources 210 and services 212.
Resour ces 2BWiichéeindisateisell switeh 34 canibeiaccell swischherdrackes switch)angtwors shown i n
FI G 2. Resouyr ; l,a-f Lncl ude co ntional .resqurces such as play
announcemnﬁgﬁﬁe&wgﬁﬁzpéﬁ%k’I IFeE 0(1,%55%1'5‘{,8‘{ 1 ehaneiPrOcgRBe “scanni ng
resource 211308, INeWsAAdicice E5HO1RE 364 fifitheR Hidludles ?E&E%ﬂ&é’s‘éo{fs%?.urce 211d,
"text- to-speech resource 21l1le, and speech recognition resource 211f. Media
services 2Xaliasstroliad audip feature manager 302 is¢ovpled wowdll bwitcloXBanaworks shown i n

FIG 2. Medi, [ 13aze i,ncl ud ti | [ h
t el ebr owsi nldr?teﬁ%r ?élogieﬁl!:%o%'lesag r%‘fa%g %Bfﬂs g@%&%@%cé(? ?i d’gg‘g’\é{::a(r:\e/?czuglgs

vigleo st r eamgolfigurdtictf] cal® Béhtaol bl Rudid ifEe mdandBer 302 is connected directly

10 the network interface controller 306. Network interface controller 306 then

controls packet processor 307 operation based on the control commands sent by
call control and audio feature manager 302.

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

20 invention is described further below with respect to FIG. 3B.

Network connections 305 are coupled to packet processors 307. Packet
processors 307 are also coupled to cell switch 304. Cell switch 304 is coupled
in tum 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 aiternative 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 ei ght 100Base-TX full-duplex Ethemnet links capable of

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




Medi a server 202 includes an application central processing unit (CPU) 210,

a resource nanager CPUé 220, and an audi o processing pl at %Brrpééo
Application CPU 210 is'any processor that supports and e u @Uggram

i nterfacewdeyooarmyl i cati ons and applets. Application CPU 2p8reRednids
platform 200 to provide one or nore of the nedia services 212. Resource
manager CPU 220 is any processor that controls connectivity between
resources 210 and the application CPlgg210 and/ or audi o processing platform
230. Audi o processing platform 230 provides comuni cations connectivity
with one or nore of the network interfaces 208. Media platform 200 through
audi o processing platform 230 receives and transmts information via

net wor k i nt dnfanothe2éifibodimeny; haket proessaraBOT Are kcaphble dfULO0OIG.MO] voicei ted to,
Asynchronous Transfer Mde (ATM_209a, |ocal area network (LAN) Ethernet )
209b, di gi t AorsPsslink ped/or §, yvoxgahannelsparsysiem 209d, and channel i zed

TI-T3 lines 209e., .V, ,Audi 0 Processing Platformwt Packet /.Ce Switch for
Noi sel s sni ¢ criPniftdional SRR sk et T R ME Rene of the
present i nvaRLH&GH of Pdelieds BEPRAR MY RIPOIuBhP decididns WGthUA Rinifnusty BRM C

fully-meshed cell switch 304 and ot her conponents for the reception and
priocessi ng gfacketelelywr jistech as I nternet Protocol (IP) packets. WO 03/003157

2 8 DEC 2005 PCT/US02/2Q3539 -19 10 15 20 25 30 Pl atform IS shown in
FIG 3A with regaﬂn&npﬁﬂﬁﬁamew&ﬁ@wsagf inKeACiea; Pﬂgﬁc%ﬁlé&"@@%m;m ng
~according t%&ntlﬂf)agﬁgé’ﬁﬁcﬂ ﬂiﬁ'ﬂ $ O tﬂ'bhhﬁgirdﬁ{.qq’anéfﬂgf Enbddifénmy! NY

pl atform 230 1 ncludes a ca control an audi o feature nanager 302, cell

swi tch 304 (thé packeg/tal sveitkh 204dms 3Gbpc bftofat bandwidihi t ch to i ndi cate cell
switch 304 can be a cel| switch or packet switch), network conpections 305,

network interf aceI“@GﬁF‘F‘BP‘I“@?e“BQ'G,a_UQW&hMl RJOEeH801R 498 CARRIESE 8By audiz0g .  Net wor k
I{g erface copifce! k&th A08ightdl 5iphd) fro&dsHilE SasPRekSbedPinOfbHe L Btat With

regards to FIG. 4. The audio channel processors 308 can perform audio related

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 in FIG. 4,
packet processor 307a is coupled to network connection 424. Network
connection 424 is coupled to controller 420. Controller 420 is coupled to both

forwardin' giable 412 and EPIF414. Packet processor 307b is coupled to network



Call control and audio feature nmanager 302 is coupled to cell switch 304,
network -interface controller 306, and audi o channels processors 308. In one
configuration, call control and audio feature manager 3028i BECo2085ct ed
directly wooydgismmetwork interface controller 306. Networ kpenussiase
controller 306 then <controls packet processor 307 operation based on the
control commands sent by call control and audi o feature manager 302. In one
enbodi ment, call control and audi o fe&lure nmanager 302 controls «cell switch
304, network interface controller 306 (including packet processors 307),
and audi o channel processors 308 to provide noiseless swtching of

I ndependent audi o streans according to the present invention. This noisel ess
swi t chi ng i sonneationb42p.f uNetwork enoeetiont #26 ds meupled otoFt@roller H#22An

The.pr osent ConiiobRt #24s c600led i bR ormiardie bl I Al pect o FIG 3B,
Network connect | %%n?@x'ﬁb&&iﬁ]efife? HPJR%PpréﬁsQ&G 564 ﬁﬂst%jﬁx?%grﬁ%teﬁ%-onﬁ ﬁg ket

.processors 307 are al so coup toc swtc swtc 04 is

coupl ed i n morenLAN daphecrcdrannedules. ode smoter Fdsbodimemneachmhadioent , audi o
channel processors 308 include four channels capabl e of handling fourcalls,
i 2., there cappectiogde4 and A6 padecca Lo0Rpse-det prol90Base-Rllinks nat i ve enbodi nent s,

[P packet s, that TSCPAASREl Py SATON R RO FRRE G P arr PHOeSEFORL o ™

connect i ons j#@knal lpackdte eWhedliang@mt jJaybra ik dedP HIRC fEEARISpARéts HORéN Se one or
"nmore or eight 100Base-TX full -dugl ex Ethernet |inks capable of high speed

net wor k t r afdopyerted toheellsclaugh ax ,celio by c kenvenipenal segroendatpay and nk. f f - 2

8 DEC 2005 [ 00 PCT/ US02/ 20359 -20 5 15 20 25 In an er

enbodi ment, Vf\g%%%@?”g%%&&%{"g%%e 8%35 ¥ %aé&eglfbquaﬁ p{fcﬁ?rilg(?‘;;e ports
PEY | ink andbeéll &ui@aﬁso&.mpu&e@grdé&%aﬁ@m aRedoupledts the ckl switeh Sa40nal

enbodi nents, packet processors 307 recognize the |P headers of packets and

handl e al | RFPcalbmsesdp8l420,988/34wiCeH switah ADh{arwerds the cells to interface
circuitry 410 via cell buses 454, 456, 458, 460. Cell switch 304 analyzes each of

the celis and forwards each of the cells to the proper cell bus of cell buses 454,
456, 458, 460 based bn 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 a local bus 437. Local
bus 437 is further coupled to a buffer 438. Buffer 438 stores and queues
instructions between the call control and/audio feature manager 302 and the cell
switch 304,
Call control and audio feature manager 302 is also coupled to a memory
25 module 442 and a configuration module 440 via bus connection 444, In one
embodiment, configuration module 440 provides control logic for the boot-up,
initial diagnostic, and operational parameters of call control and audio feature
manager 302. In one embodiment, memory module 442 comprises dual in-line
memory modules (DIMMs) for random access memory (RAM) operations of call

30 control and audio feature manager 302.



packet delay or jitter. In one enbodi nent of the present invention,
packet/cell switch 304 is a non-blocking switch with 2.5Gps_of  tatal

bandw dt h. I n another enbodi ment, the packet/cell sw t ch? BoBEG a0 Gop' s of

t ot al banwe o/603197n one enbodi nent, the audi o channel proceesaseyRAIS
conprise any audio source, such as digital signal processors, as described
in further detail with regards to FIG 4. The audi o channel processors 308
can performaudio related services i#luding one or nore of the services 21
la-f. VI. Exanple Audio Processing Platform I nplenentation FIG 4 shows one
exanpl e implenentation which is illustrative and not intended to limt the
present invention. As shown in FIG 4, audio processing platform 230 can be
a shel f control | e€Call cendre] dEudiSy stueamatgeri@osfuethermvapled tinte®fac: Syst em 400
i ncl udes cell, sw t{lg 384, call control and audi o feature . manager 302, a
network i nt STCHEE AA0nAnsty ek condnit 408conplss reseyrce manager GRH 229 9ad/op , dj o

etwork conabhraen CHE A0 48 imBRfcd Sy BV GRLMELARER. 1BE 07C°'° ¢

coupl ed to nehtdr knd Audibf ReRre fARAZeP| 102" m3hitors \Ré WANS ofihe! ineeRceont rol | er
306 includes packet processors 307a-b. Packet processors 307a-b conprise

cohtrol | ers cirzoitry/P andadditionalepmpoabite soupled torthe intexfabefcincwisrydt 199 processor
(EPIF) 414, .418.

R
420. Contr oldpgfatidré of the CBHIPofichts Soupfidio thO MG e Rechit! 48044 rdtnto EPI F414.
" Packet processor 307b is coupled to network WO 03/003157 2 8 DEC 2005
PCT/ US02/ 20359vide thegresapraes 220 aatsseif@ice&)hﬁemftplaﬁ?m. Net wor k connection 426
It begugllgd a;g Egr rcg)lﬂlga% pgl2124‘70 icsjoarllstor 8¢'!1ulp?crd tA(')2gali Control %lns dau;[il% egi[urlle forwarding
10 manager 302. Console port 470 provides direct access to the operations of call
control and audio feature manager 302. For example, one could administer the
operations, re-boot the media processor, or otherwise 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



I n one enbodi nent, packet processors 307 can be inplenented on one or nore
LAN daughtercard nodul es. In another enbodi ment, each netgp k% gqmugction
424 and 426 can be a 100Base-TX or 1000Base-T link. The | ga % ts received
by the pawa@es@srscessors 307 are processed into internal pathsbizosithen a
cell layer is used, the internal packets are then converted to cells (such
as ATM cells' by a conventional segnentation and reassenbly (SAR) nodul e).
The cells are forwarded by packet pro@8ssors 307 to cell switch 304. The
packet processors 307 are coupled to the cell switch 304 via cell buses
428, 430, 432, 434. Cell switch 304 forwards the cells to interface circuitry
410 via cell buses 454, 456, 458, 460. Cell switch 304 anal yzes each of the
cel I s and f compriges aacall signaling ownkgert 352 isystomomanages| 354b gonugictior| | buses

.454, 456, 458, 46 as on an aydi hannel for which that cell is

desti ned. @P?“aggﬁquégﬂncgg‘ﬁtqrgC%P‘Eyﬁégﬁé, full y-nmeshed switch. In one

enbodi nent, inter et G UL ' . ' e resources
.and services avaiﬁf:@gﬁ%@lg@%@gg%?égéds@?%éggﬁéﬁé@mnﬁc@?@%’g%&rht?gmgackets and
cel | s in sysisablisiiferannd permovaliadiebface avith agofiswinth, and handling sigmating e nmanager

304. Call control and audio feature manager 302 is coupled to cell swtch
402 via a prrsewsalslike By face (PIF) 436, a SAR and a |ocal bus 437. Local

bus 437 is furth f gueues
i nstructions bet \igeyg%%?ﬁéﬁ%gk?5&8%%&%(?\[%%&@??8Ta%é3{}%§’g§’tr?§%§§%"?n€02 and the
cel | swit chogfpbneftabf sysei 230l Sodte aisslhger B Sefurther mMbnitaeihe$Pderh23@ so coupl ed
"to a nmenory nodule 442 and a configuration nodule 440 via bus connection

444. | n one andepouplswariousdmifswgppiag aothredyadant operation-ovi des control |ogic for

the boot-up, initjal diagnosti a ' . r all control
and audio feature °_ té%'ﬁ%rﬁ6ﬂgﬂ§%§§&eﬁ%“g%§$§%h§5ﬁfﬂg 442

cpgrpr i ses dugi2 dnd-416N8nd PRVRICY IND@LIRS ptodddS(sudlPis RamepInfsriRESn MENDI Y
(RAM) operations of call control and audi o feature manager 302. WO

03/ 003157 - Prowcoh(RIB),10persShortest Path First (OSPF), and the like). Further, the

connection manager 356 establishes intemal 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 Coniro} Protocol).
In one embodiment, card processors 478a-d function as controliers with
25 local managers for the handling of instructions from the call controt 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.




2 8 DEC 2005 PCT/ US02/ 20359 Call control and audio feature manager 302 is
further coupled to interface circuitry 410. A network coh@uDEC42085coupl es
resource nmanager CPU 220 and/or application CPU 210 to the interface

ci rcui t r yYWAOL@B/008 570ne enbodi nent, call control and audi o PEEUSIE203Ehager
302 nonitors the status of the interface circuitry 410 and additi onal
conponents coupled to the interface circuitry 410. 1|In another enbodi nent,
call control and audio feature rranager24302 controls the operations of the
conponents coupled to the interface circuitry 410 in order to provide the
resources 210 and services 212 of platform 200. A console port 470 is also

coupled to call ntrol angd audi o tu manager, 302. Con e port 470
provi des direct c%'?sﬂf‘ﬁ“ﬂﬁ@"bﬁ'& b%?’ér@sﬁ'p pIgyiue tbﬁﬁ?ﬁoﬂpeﬁégbéﬂ io feature
manager 302. R Rkes®93 W fatfc@me20g0u! d admi nister the operations, re-boot the
medi a processor, or ot r?ervm se affect the performance of call control and

audi o feature nmanagsie ehbhdivent] tdl chitgolayd taadiodeftutesiamagen 802 ofthsol e port
470. Reference clock 468 is coupled to interface circuitry 410 and ot her
conponent s ofre§eRbinyoRticnexamises epnsioboyes the EHIE phthe present invsnign thragb st anpi ng

t packets, cellg and.instructions,of. t S . circuitry
410 is coupl%ﬁ%‘ia&?ﬁﬂﬁsﬁ §h R %%gqug?mbe?gc@gscé&gﬂﬁ%gég{ g%@[é'ﬁégch of the
processors 3NBamaeR(sih adpdit MACT 8ddrdssOp P addiks) an@ibe 1ike), seddtraslar d

processors (also referred to as "bank™ processors), and a group 480 of one

or nore di gi managsingntstatisticscuploading, BeR) the dike SpRANDIseAthyeissned| thraypgh
“enbodi nent th?re are four card processors in: group 478 and 32 DSPs in
group 480. ¥R'%%hch an enbodi nent, each card processor of group 478 woul d

access and _OPEr atf, bl pr6i ki » KR Glpifa"@WandiBthe AlhbuionGhty reiupol and

Audi o Feature Manager FIG 3B is a bloc i agram of call control and audio
f #t ur e nmanageating)@eleting andieaghing eotries e finod theeplatfarin 2 kopsrasescon thenvent i on.

Call control and audi,o 30, feafure mna 02 is illustrated functionally as
o ocessor | SOUNS BbuSHRstiaof Backef, IecEBBOBYeD P [ iR $B2) 20350 - 23
> 10 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,




15 20 25 conprises a call signaling manager 352, system nmanager 354,
connection manager 356, ,and feature controller 358. Call _sj I'h manager
352 manages cal |l signaling operation such as call 'e'st'abl?in%ﬁt @ﬁd

renoval , W0e3mts? with a softswitch, and handling signal i rgr/tUsontesol s |ike
SI P. System manager 354 perforns bootstrap and di agnostic operations on the
conponents of system 230. System nmanager 354 further nonitors the system 230
and control s various hot-swappi ng and-23edundant operation. Connection
manager 356 manages EPIF forwarding tables, such as tables 412 and 416, and
provi des the routing protocols (such as Routing Information Protocol (RIP),
Open Shortest Path First (OSPF), and the like). Further, the connection
manager 356 est ablistepeid4; saldeonrol amhaysio faatisemanager 303 establishastagall ( pvC)

.and/ or SVC. | enbodi the. i 3 bl i sh
b1 i 1 ect  onklth B iFHERL o Blseyne i e Tk, TRRAGs 3ie " bdreas et wor k

connecti ons éRiodiment 211 8diird] NéhdDRGdi6NARRRE Smartge 302 ddgbBad8QRad, so that
.data flows can be sources or processed by a DSP Or other "type of channel

processor. |authorizehaccesstodlal chient., Onmerolient dcoess iemmhyrized <4l gbstrolacds t he
details of the EPIF and ATM har dwar e, | ]._signal.i manager, 352 and the
resource o EaWQ'ﬂgeE E@&@ggﬁ’m@ébﬁé# ?Séng’gm?‘llﬂt or feicall oper at i ons
are based o olAe) r ALinG : .+ Feature
controller ggé"g?‘é@#d?@%ﬁ%ﬁﬁﬁ%% ?%lr?ﬁlgkﬂ’ttgf?%gées angd%?%f‘g?gﬁé& tguch as,

H. 323, and M#gs@evedi a Gateway Control Protocol). In one enbodi nent, card

"processors 478a-d function as controllers wwth_ |ocal nmanagers for the
handl i ng of i nst riacteroi, packet preecssans|30¢ seneivs [P packess eiFiyingravdiouyia nanager

002 a0t a8k pbh B Ron 2! 0B e PBPRRL o 0% 551
t ben manage lisitedfoPiyackes, soeh ¥0AEpletatle IPXcasotiret dypead iBtheradt/packes. such as
AUAT O StT CaTB ¢ a packet s received 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 a cell layer is used, internal packets are further converted or merged
into cells, such as ATM cells. In this way, audio payloads in the internal packets
are converted to audio payloads in a stream of one or:more ATM cells. A
conventional segmentation and reassembly (SAR) module can be used to convert
internal packets to ATM cells. Once the packets are converted into the cells, the

25 process proceeds to step 510.

In step 510, cell switch 304 switches the cells to the proper audio channel
of the audio channel] processors 308 based on the SVC. The process proceeds to
step 512.

In'step 512, audio channel processors 308 convert the cells into packets.

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



5 10 15 In one enbodi nent, the DSPs 480a-d provide the resources 210 and

services 212 of platfprm 200. |In one enbodi nent, call C(i r angij audi o
feature nmanager 302 of the present invention exercises®c y gd Q#?,r t he

EPI F of wbe3porasent i nvention through the use of applets. 2t an

enbodi nent, the commands for configuring paraneters (such as port MAC
address, port |IP address, and the |like), search table nmanagenent,
statistics uploading, and the |iKke, -4Pe indirectl y issued through applets.
The EPIF provides a search engine to handle the functionality related to
creating, deleting and searching entries. Since the platform 200 operates on

the source and destination of packet t he EPIE,. ' I
f unct i onal ipryloads insoaireaBof g 0f QTP RAG 'eg;ns‘fc Jgﬁg@x&aﬁ?&é@ﬁ)@ﬂgg{@l nations of
packets are stored in e dah e itera a dgiest packetsandP out goi ng '
(egress) ad¥Mé @sqonmiéﬁ@p%cggﬂsé?g{)@[rﬁaﬁgge RTP hea_derp i nformati on and
eval uating I{;,@*&Ei & E)Jdi@rpia?lb%s.OOnce@ieesallsaardiconm‘wdan@ the pemaAl ansnitted as
described i'n turther detail below VIII. Audio Processing Platform QOperation
20 25 The ogekets,ithaputesspaoceeds @sees?My platform 230 is illustrated in the
flow diagranms of FIGs.,K 5A.and 5B, FI | dRPdAbEImeW ng t he
Bt 14 B0 STEL Brop spty S5Tosdchs e 4

&St abl i shnent of Ingt prlocessi ng according to an

enbodi ment LGSRkl Tl 6he cnfbddimentf thewndip alnaisshowi ng
egress pack%@ket%p@gggéﬁﬁdéﬁgn lcaII conpl eti on_accordi ng to an, enbodi nent of

the present yreirBedttoame ok mbregifabe mkdin sroceeahia-¢. nFer exanple, PEE o ocess for
“an ingress (also called inbound).audig stre I PalRd2 and
i mredi at el ympdigsemires 64 @%’6%%%??“8/\&’%%3%6%&5%@%%%&/ Us02/ 20359

"255 conference calling), video streaming, VOIP gateway services, telephony, or any

10 other media service for audio content.
B. Egress Audio Stceams

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 datais then packetized by aDSP
into packets. Any type of packet can be used including but not limited to internal
packets or IP packets, such as Ethemet packets. In one preferred embodimgnt, the
25 packets are internal egress packets generated as described with respect to FIG. ‘
7B.
In step 528, an audio channel processor 308 converts the packets into
cells, such as ATM cells. Audio payloads in the packets are converted to audio
payloads'in a stream of one or more ATM cells. In brief, the packets are parsed

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




10 15 26 25 30 In step 504, call control and audio feature manager 302

establishes a call wth a client comunicating via the :zh E¢ @@Snect I ons
305. In one enbodinmeht, call control and audio feature \qu

negot i at |9 @RMs1saut hori zes access to the client. Once cliRGEUSBHEEY | s

aut hori zed, call control and audio feature manager 302 provides |IP and UDP
address information for the call to the client. Once the call is

est abl i shed, the process i mmedi at el y-2fff oceeds to step 506. In step 506,
packet processors 307 receive |IP packets carrying audio via the network
connections 305. Any type of packet can be used including but not |imted
to | P packets, such as Appletalk, |PX or other type of Etaernet packets.
Once a packemstractceltsisingaht leasisompe ofths datgapd rouling IHOTRUGNENAASS|ZRS st op 508,

packet processors 307 check [ d,UDP h r ' table to

find associ%ﬁ‘éﬁc@qdm'éﬁ&“ﬂ%bp% vér@“f‘?@%%ﬂ?ﬁ%ﬁge {:'ﬁ} %é&?:?\ltq anal

packets. Sucgd?wkﬁ?ﬁgibﬂ tooﬁ‘iﬁf%é‘llsf OPhee ¥ U Qis§RTatEE withme T thé aadipay| oad  and
er as des e

control hea cri urther below with respect to FIG 7B. Packet
processors @Rfnélpeocesuns30a,)end ippakiular usthaginmtit bennertingthe respeqtiyé dat a and
routing information and assign a Ssw tChedﬁQ [ rgiél Péiécmd" @é% The SVC is
a§soci at ed DiPwhthssudigsopnsea estipatignment 390 gENIG PR Qi MaRERFR parti cul ar
wi th one of _respect.i. S ' idi o payl oad. Wen a cell
| ayer is us%,eopﬁ?@%ﬁ’%a%iltépgag%k#sﬁt&%r%@oﬁ e?:l?wed or nerged into cells,
such as ATM cel | g stég530)kcéll ¥vai¥ch 304ciwitchesythoaelts ofrantandiciohanredaf theacket s are
"converted to audi o payloads in a stream of one lls. A

am or, nore ﬁg’M ca
convent i onahudie ghasmebproesssern 08 xadasHtionmsikTk 9RO 25 BEGLBY t o convert
i nternal pagk t, ATM cel | s, packets are converted into the
cells, the ﬁl‘fﬁ%@%’s?hﬁp'boggsgcpgoﬁegaé}t%gsﬁépg?&' In step 510, cell switch 304
q¢i tches the cel Iy siep 3326 pRskepprocassdiso3Thegmett thefcellhdntaJiti pack¢tannel
processors 308 based on tﬁe SVC. The process proceeds to ‘i{?%ﬁ{ﬁglz' | nst ep

512, audi o edinpiylqadsindbearivingdd M selsdpreach ghange] are vy . Audio
payl oads | np%)nga Vg ATMSELE Sndr@ intERGp&IRBANEA RhferftAYIESAR O audio

module can be used to convert ATM to internal packets. Any type of packet can

be used including but not limited to IP packets, such as Ethernet packets. Once

15 the cells are converted into the packets, the process proceeds to step 534.

In step 534, each packet processor 307 further adds RTP, IP, and UDP

header information. A search table is checked to find IP and UDP header address

information associated with the SVC. IP packets are then sent carrying audio via

the network connections-305 over a network to a destination device {phone,

20 computer, palm device, PDA, etc.). Packet processors 307 process the audio data

of the packets in the respective audio channels. In one embodiment, the audio

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.



WO 031003157 2 8 DEC 2005 PCT/ US02/ 20359 -26 5 10 payloads in a stream of
one or nore packets. A conventional SAR nodule cap ,be used to vert ATM
to packets. Packets can be intern al egress packets, or 18 Bﬁﬁkﬁﬁ W th
audi o pawvoagdmesi€nce the cells are converted into the intdMTANSI238¥Ret s, the
process proceeds to step 514. In step 514, audi o channel processors 308
process the audio data of the packets in the respective audio channels. In
one enbodi nent, the audio channels aR& related to one or nore of the nedia
services 213a-e. For exanple, these nedia services can be tel ebrowsing,
voice mail, conference bridging (also called conference calling), video
stream ng, VO P gateway services, telephony, or any other nmedia service
for audi o cdXt dNoiselBss Switehing ofEgresshpdiafireams 20 25 |n FIG 5B, the process
for an egress (also called outbound) audio stream starts at step 522 and

| medi ately proceeds to step 524. In step 524, call control and audio

feature manager 3)9&0}&?@%{& fheShe AbpecRBfline preseRCRvERIon) idi6lpRsessivg t ch over.
an

This audi o source C associated with an established call or other nedia-
service. Onggatfdim 2B0dheiselesstycoviiches tetmeki indgépendent egresscandio $trasddi at el y
proceeds to step 526. In _step 5 6,_Pn audi mource .Creates iI;‘eaq ets. In one
erfbodi nent , @%WFWW?@'EF%%H%II usiraiNes s OF PREgnGIaveROu A/ 88 Ur ce.  Audi o
data can be st | Dyeg o i ] li$sepvgli 0 data is

t hen packet itéggfsgesaﬁﬂ@l%%%%ﬁ%f?ﬁ%ﬁy\%{l%g%Bﬁgg‘{“‘ﬁan be used

i ncl udi ng bupueptswiichi beaudio pradessonahnd ipaokstended to IbP ipsitddetosgudiaich as

"Et hernet packets. In one preferred enbodi nent, the packets are internal

egress packeprecegeing pltferma3’tescribed with respect to FIG 7B. 30 In step
528, an audi o channel processor 308 converts the packets into

10 A. Cell Switch - Internal Audio Sources

FIG. 6A is diagram of a noiseless switch over system that carries out cell
switching of independént egress audio streams generated by intenal 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 intemal
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 iimited 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 contro! 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 a'ccording to the present invention. The control togic can implemented

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




cells, such as ATM cells, Audio payloads in the packets are converted to
audio payloads in a streamof one or nore ATMcel,ls. In brief, tge packet s
are parsed and the data and routing information anal yzédﬂ DEi280% hannel
processorWOIB/PHSA WO 03100 3 1 5 7 2 8 DEC 2005 PCT/ US02/PAU3B2203895 10 15
20 25 construct cells using at |east sone of the data and routing
information and assigns a switched virtual circuit (SVC. A conventional
SAR nodul e can be used to convert paékets to ATMcells. The SVCis
associated with one of the audio channel processors 308, and in particul ar
with a circuit connecting the respective DSP of the audio source and a

ol l s, the pr ocedcrlBuerindudine SARS G005 RSE ipoemavided s BARSI0n S04
To o dosti gt s e AL SIRERIG Rl cald o QMR S S S ae” 7

proceeds t 0jsdopledbitween cllewieR 304 KR 3p6.ocessors 307 convert the cells
into I P packets. Audio payloads in the arriving ATMcells for each channel

are converted tolmoqsembgsimensaindependent sgnessandisf stegams prvolwgistreams &fr nal
packets. A g¢onventi o g nodul e .can_be used to copvert. ATMto internal
Dokt s, Anj? PYBloRRE R AbtophRon A iEm sfEG erkrs ACHEnEN o o W
packets, SU‘BE!pﬁﬂ tgtfﬁﬁrdé%riwkﬁbﬁets Qi@ﬁterhﬂﬁeg?@&s'pic@i@(fqgg.vﬂflﬁi into the
packets, the process proceeds to step 534. In step 534, each packet
processor 3WNexf,nystesr 66QA sanllTily opdeatiomts dideribék &d detail nivioh megpeainte A search
"table is checcred o find IP. and UDP &eaéigfi address information associ at ed
with the SV& ePF‘ﬁﬁﬂ&E&{%%%ﬂﬂQPe“‘iﬂﬁ@ﬁ@vﬁt ‘Carrying audio via the network
connections. 305 over a network to a destination device (phone, conputer,
pal m device, PDA, etc.). Packet processors 307 process the audio data of
tle packets in the redpekdackets audi o channels. I n one enbodi nent, the audio
channels are related to one or nore of the nedia services 213a-e. For
exanpl e, these nedia services can be tel ebrowsing, voice mail, conference

bridging (al so  1p one embodiment, the present invention uses two types of packets: (1)

IP packets with RTP information and (2) internal egress packets. Both of these
types of packets are shown and described with respect to examples in FIGs. 7A

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

1. IP Packets with RTP Information

20
A standard Intemmet Protocol (IP) packet 700A is shown in FIG. 7A. IP
- packet T00A 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



call ed conference calling), video stream ng, VO D gateway services,
t el ephony, or any other,  nmedia service for audio content. WO 03/003157 i -28
5 10 15 20 25 30 |1 X. Noi sel ess Switching of Egress Audi ¢ 6tDEG02 8 DEC
2005 PCT/ waD®/@0339 According to the one aspect of the preBERUSIWOF i on,
audi o processing platform 230 noi sel essly switches between i ndependent
egress audi o streans. Audio processing platform?230 is illustrative. The
present invention as it relates to ndlsel ess sw tching of egress audio
stream can be used in any nedia server, router, switch, or audi o processor
and is not intended to be limted to audio processing platform 230. A Cell
Switch - Internal Audio Sources FIG_6A is diagramof a noi seless switch

over syst emdeNiges nigin ard destinatign). UDR fieldi 70§ containsedrBie PRIt WNMbEEs audi o

streans gen t.ed [ al. audi o ,so e ondi n di ment of
the present qﬁ%d@?ﬂt%ﬁ _a.'}%f]g&u%g ngﬁ%%_fha‘?{‘%f éﬂ%ggf%eﬁg{ lé% a.;Bg ;?}itf @gﬁf)OOA for
egress audi Gogred 98 "the Hulifo pidedsb Bedtiafbri) Whendktdéived Gttt @ nédwriem 600A

i ncl udes conponents of audi o processing platform 230 configured for an

egr ess audi ontetfaceaninsne eatbiodgnend dEthefprespatriaverdion, the augdiamrocassagiis @ as shown in
FI G 6A Syjﬁﬁ? 600A | n&kudes call control and audio feature controller 302
coupl ed to 5 describgd hetsiner nal  audi o sources 604n, cell switch 304, and

net wor k interfacq{fpr}ferlgl-}lgr%@q}?g%lgn%?k& gﬁqgﬂﬁ@eon&ﬁﬂélcﬁﬁdb%%fa 04n can be

a
two or nore audi 0 sources. Al au source can be use I ncl udi ng

but not | i mRagtbatld1DEhRaink theligititadoamdicchytd ¥ansplebdnd cambéxdecadel ty thsour ces. To
"generate audi o, audi o sources 604 can ejther create audio interpally and/or
convert audit®dpeinbandiel Processoes e AryiaRYlewl tyee and earqdinginhetse fahandiRidi o feature

control l er 303 fUi4Llypkd 6 HHLGR AGHbRSRith RTP can be used as would be
10 apparent to a person skilled in the art given this description. CRC field 714

provides 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




audio controller 610. Egress audio controller 610 is control |ogic that

i ssues control signals to audio sources 604n, cel| ,svm'tcz ([}En apsy or
network interface controll'er 306 to carry out noiseless swtching between
i ndependeMO ®#0388 audi o streans according to the presentPCTUSNI0dsY. The
control logic can inplemented in software, firmwvare, m crocode, hardware or
any conbi nation thereof. WO 03/003157 2 8 DEC 1005 PCT/ US02/20359 -29 5 10
15 A cell layer including SARs 630, 633: 634 is al so provi ded. SARs 630,
632 are coupl ed between cell switch 304 and each audi o source 604a-n. SAR
634 is coupled between cell switch 304 and NIC 306. In one enbodi nent,

| ndependent egress di p. st I nvol ve streans of ackets with RTP

i nformation & Qﬂ{f ﬁ"rft@lrt frey F‘%ﬁ SPE R@RpVerte {:Q;H}tgpﬂgquess,p@&eés, PA®HSHf ul to
first descrlﬂ?gc sﬁ}r%qlﬁg&?deg%}em gﬁp?tlltc Al ﬁ?saﬁcxggflgﬁtﬁo(fhﬁest df'th B) Next,

system 600A ‘a Its operation I's descri respec

i ndependent [Egpraelset nmﬁmm@t fseaided bEFoEﬁhe?pa%oad B22 Ragksinsitkd a@a@mnbodl nent,
-the present invention uses two té pes of packets: (1) |IP packets with RTP

i nf or mati on Mﬁkpt('fQQAuontOeaanBmete@r sEhipaghiemes an Bbuntage agpreesssingoeks of packet s

are shown an | bed, wi ct to e d 7B. EP
pbkets. T00A L SEL S Feaplia REPEBEY bt oo FrafueY sharkon e et wor k
by packet pnggagpeds @Wredimmﬁgp%&@ssmg%maf a&ﬁﬁf%&oﬁﬁ&wﬁ cfORB are
generated by audi o sources . DSPs) " 604a-604n.” 1. | P Packets with RTP

| nf or mati on VADdZB mkﬂsswdndkéﬁfﬂhmdeemfetht capobe @isﬁjbtpatkcepac'/l@t)A i's shown
“in FIG 7A ? fggé 700A is shown with various conponents: nedia access
contr ol (NA@‘OCGF Ifs33%ba, 1P field 706, user datagram protocol (UDP) field
708, RTP field 710, payl oad 712 containing digital data, and cyclic
redundancy check (CRC) field

10 C. Priority Levels

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




714. Real -Tinme Transport Protocol (RTP) is a standardized protocol for
carrying periodic data, such as digitized audio, froma fgtﬁ%’e @gyi ce to a
destination device. A conpanion protocol, Real-Tinme Cont4 bl ot ocol
(RTCP), cwo ileesmisbe used with RTP to provide infornmati on poTAke2/oss ity of
a session. Mirre specifically, the MAC 704 and IF 706 fields contain
addressing information to allow each packet to traverse an | P network
i nterconnecting two WO 03/003157 2 8 BEC 2005 PCT/ US02/ 20359 -30 5 10 15
devices (origin and destination). UDP field 708 contains a 2-byte port
nunber that identifies a RTP/audio stream channel nunber so that it can be
internally routed to the audio processor destination when received fromthe
net wor k i ntbiiingoetice or agmestisernerd iomeartallo Thus dheeeaireg miapagenis capable he audi o
processor is E DSP, as.described .herei.n. RIP field 710 conégi ns a packet
sequence nuiPbBRBHEIORHOSTRAMS. Bigpejsdless s E YL CARPG HEBIPGPY VP audi o
byte sanpl e aS&E . danl ' 8RS Any
payl oad typ?rgﬁ%n%ﬁgzggiﬁong s@ﬂ%ﬁiﬁ%&wgﬁeﬁgbﬁgg @ig%ﬂ.}cgfa'égi;gggl@{ ypes of nedi a
conpat i bl e WikelonFhoR canditivn, efetkensy ewmsnt chrititnedavpm ent to a person skilled in
the art given this description. CRC field 714 provides a way to verify the
iMtegrity of the entire packet. See, the description of RTP packets and
payl oad types describgd . D. LW gl S rek i G ade Voice over IP, pp.
52-72 (the text i? th (’é%ﬁ’sg‘@(g&&sydﬁg}wﬁ: i ncor porated herein by
reference). 2. Internal Egress Packets 20 25 30 FIG 7B illustrates an
~exanple internal egress packet of the present invention in greater detail.
Packet 700B i ncl JiyetemebQOdmanbe thoaggh of ape Seerpopl®f maddplainpay(iegiessy22. The
advant age of i,nternal eqgress packet, 700B i.5,it iS,Si er, t0 ate and
sl Ter o n ans guppbfere st shams it hrre ibiestle BB riRa
10 is used to switch egress audio channels to participate in any given call. Any

egress audio channel can be called upon to participate in a telephone call at any

time. During both the initial call setup and while the call is in session, any egress

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



wor k required of audi o sources and ot her conponents handling the internal
egress packets. In one enbodi nent, audi o sources 604a- %gn gﬁezrﬂ?Ps. Each
DSP adds _a CTRL header 720 in front of a payload 722 t D creates in for
a respect WRWMHETo stream CTRL 720 is then used to rel ayPEBRISPHI0359

I nformati on downstream This control information for exanple can be
priority information associated with particul ar egress audi o stream
Packet 700B is converted to one or noire cells, such as ATMcells, and sent
internally over cell switch 304 to a packet processor 307 in network
interface 2 8 DEC 2005 WD 03/ 003157 PCT/ US02/ 20359 -31 5 10 15 20 25 30

cacker  pr ocB0yiges Y el CFREReaderEh S, MRINE A a/sBodnl A BR A0 100 %) oot
-of the 1P pg K&tpﬁbﬁkﬂéaﬁ%if&ﬂ«aﬁcdm 1% W tRe bdife AAYNA2Ga fittaidiot ransm tted

as an EP packet 700A onto an IP network. This achi eves an advant age as
processi ng wdrekm. afFranh g¢hOpBspécsive ed ube desti@Hen alevige lresedving thedaudior el ati vel y

-short control header. to payloads. The remainin ocessi ng, work of addin
i nf or mat i on Y&2EF Fé"se(}'é’gi"é‘heﬁeﬁ%f@l@é‘@? WCPWQQT&CEQ%QF‘S F‘??I%B’F $fon can bg
digtri but ed ﬁd?se‘?fk?Eﬁﬁtflk%%g%@%%éé?deﬁ’toaﬂdio%tfegﬁ{sOr' ty Level s Network

I nterface contro ocesses a I'nternal egress packets, as

wel | as all egresMorPspeeifically i emiticntddiment] the egrdseandib swixchag lcan Thus, NEC
306 can make final forwarding decisions about each packet sent to it based

on the cont edfCubin atglephonectedl A ¢ail isdiret cstblishesunsing, aujesogss RdmbYes t he
B T e R
hi gher pri orpreyioasid dekuibedr IFigt Adie edurb® 6O Blgigs gdietdling 0@t fudsé r eam of
e% ess 1P paﬁrl:agltfnsdmntghthg call. The first audio stream is made up of internal egress
packets having audio payload and CTRL header 720 information as described
with respect to packet format 700B. Intemal egress 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 intemal 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 controiler 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




| ower priority. In one enbodi nent, internal audio seurces 604a-604n
determne priority |evels. AIternatlver NI C 306 can d@terAMeIEs priority
for audio received from an external source at NI C 306. Any nunber of
priority WoeyW3Itsdn be used. The priority |levels distinguPelvustossd ati ve
priority of audio sources and their respective audio streanms. Priority

| evel s can be based on any criteria selected by a user including, but not
limted to, time of day, identity or efdeup of the caller or callee, or
other simlar factors relevant to audi o processing and nmedi a services.
Conponents of the system 600 filter and forward the priority |evel
information wthin the audjoiﬁtreanl one enbodi ment, a resource nanager

in system 60 CORXEFiNg2udig ongly MEERQT@FFIQV extpmabdeviges. he sacophaudiei ority

| evel s of a r I rn an operator .
I nf orm ng thkngeg?sl en‘r?n 0 quetq}tem"’gfﬁ%EE¢ %E@%%& "8‘9}%@1@?@%@'@2/ 20359 -32
5 billing ndica8& 1O infbieiatibs eBkribd auﬁaéslpecﬂb gcket PRMAEFOOB . CRpPEBNAGETr S
capable of barging into audio streans. This noi sel ess switch over can be

triggered bytypsefaudie pax]oaﬂm&:ludmg yoiba grubic or othet andio drtedeh bassedevent s such
as 5|gnaI|ng cond| I ons e on-hol d _condition, r eve or timed
ovint Peube Beifang sy StFagois s ¢ Bleheoprianty b g tis Biskm 600A can
be thought re 0, I S d,put put
(egress) augiugﬁ)zﬁgﬁnﬁél sq:ggc?usg@é #Hé é)‘/:%r(gs uﬁﬁi’%géirﬁ%a@eﬁpr%s%ﬂt ch 304 is

used to swi talverigemsnt, ndrgenchpubléd servioe peastdge| podther mdimydagitkgriscal | . Any
-egress audi o, chann can . be called upon to participate in a tel ephone call
at any t| Iﬁ#%éa‘ﬁo‘i%s@%@yl‘ﬂﬁqe&lm@a‘hF %tclbﬂn'&rln&“ﬁﬂiﬂhéd M@ el is in
sessi on, dcﬁgﬁdﬁ%de@ jidi o channel can be switched into and out of the call.
The ful I y nmes sw tching capability of system 600A of the present

i Iventi on provi defEhasepomtamBo sthent' e i RalBiirdse Padi@ts e dien@oAtdried tohi ch does
not drop or corrupt the IP ackets or the cells of the present invention.
In addition,ceHsp A&@}}e ach IR swHEhgs the cells to an SVC destined for the

same destination NIC 306 as the first audio stream. SAR 634 converts the cells
back to intemnal packets. NIC 306 now receives the internal packets for the first
and second audio streams. NIC 306 evaluates the priority field in each stream.
15 The second audio stream having internal packets with the higher priority are
converted to IP packets with synchronized RTP header information and
forwarded to the destination device. The first audio stream having internal
packets with the fower 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.



technique is used. E. Two-Stage Egress Sw tching System 600A incl udes at

| east two stages of swi.tching. In terns of egress 'switching, the first
stage is cell switch 304. The first stage is cell -basedz%nﬂggs « SW tched
virtual cWw@ed/a3157SVCs) to switch audio streans from separ ;Lg%mgal
sources (audi o sources 604a-604n) to a single destination egress network

I nterface controller (NIC 306). Priority information is provided in the CITRL
header 720 of cells generated by the 88di o sources. The second stage is
contained wthin the egress NIC 306 such that it selects which of the audio
streans from nultiple audio sources (604a-604n) to process and send over a
packet network such as an packet-switched |IP network. This sel ection of

whi ch audi o st r edAFIE8, aflpwdiagrapnef anoissdess switehinggouting 880 acdosdibgsed on t he
_priority infor ' WO 03157 2 8 C. 2005 PCT/ USO2/ 20359 -33 5 10 15 20
25 30 provi dﬁgﬁ?&ﬁmﬁﬁcgnﬁ%{l %Bﬁéﬂ'"ﬁfﬁ%’fﬁ fve. TeY s EGIRLselfstli o st ream
w th a hi gh®htchineGbhi : on the sanme channel as a
first audio st regg]bbl}:t?éoﬁ]ﬂt]ﬁgﬁsggrﬁé%"ggtﬁﬁgsg%tfswﬁ%j{g@éti nati on device

recei ving the audflow &0rbegims at dtéye80 el proceedofminbdiardcontepe8di 0 st ream on

thf channel is recei vgg as.a noiseless switch between independent audio
stteams. More spdBisteP8it il coptrelandapdigdeatuseimanager A establishesipsaldwi t chi ng
can occur i t 0 S e bl i | g audi o
sour ce 604a f&/ﬁa%ﬁaﬁ?{&%‘&%@éﬁ?ﬁ% Eagdéate"lﬁ%lohac[eﬂ)cﬁ' %@i Jgéﬁ??%dc{ﬂ% and UDP

i nf or mat i on,fesdtsre Magaged 302 e gstiatasi WK thd-détinativrldevisO wi detefiflihd thegi ns
"generating a first audiqo streamduring the call. The first audio streamis

made up of iMASH BpndFsport neskedn @ firshaudip sttpampofdR\packets s61d oFRL. header 720
information ag,gdescribed with respect to packet format 700B. Internal
egress packets egress on the channel

10 Audio source 604a delivers a first audio stream on one channel for the

established call. In one embodiment, a DSP delivers the first audio stream of
intemal 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 controlier 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 BOS, 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



established for the call. Any type of audi o payl oad-including voice, nusic,
tones, or other audio data can be used. SAR 630 Conv%bs é@i&ﬂ' gternal
packets to cells for transport through cell switch:'3 tg J 34. SAR 634
t hen convwiras/oomishs back to internal egress packets priorpCDuUSE/203®ry to
NI C 306. During the flow fromthe audi o source 604a, N C 306 is decodi ng and
renovi ng the CTRL header 720 and addi ng the appropriate RTP, UDP, IP, MAC,
and CRC fields, as previously describ8@8 CTRL header 720 includes the
priority field used by NIC 306 to process the packet 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
transnitti ngasbesen o thel spsteo6600, snchaasaequeptsfathews spetting &faamationi zed RTP

header i nformatjon which car e first audio strgam,over network to

t he desti natf H%ﬁ?i“(?g“’acg'éré’hé'fé@ %“t’ﬂo’f'Wé%oﬂh‘I“fe.ma(lﬁicﬁ"g cééﬁlﬁgg%er 720 can
al so i nclud j 3 Lnhermati on whi ch can be used
or ignored E?‘Fﬁf"&%o@%ﬁ“ﬁ%ﬁg%g%géﬁgﬁ%‘?gygﬁ8“’*’?53@ RTP header .
i nformation). Wdnstep812@pass addidconteniet 61 feeeivésldcatletvenurifves, thercal | event

where a noiseless switch over is to occur, a second audio_soufce 604n
b&gi ns geneegessrpdiacensoblagt Kl rangndeste monitoy a5 statedin stsp 88nHSattBeN by audi o

source 604n directly or 8 /003157 PCT/ US02/ 20359 -34 5 10 15
20 by conve?l?q?fgc%isﬁéf%%% '&'ﬁgﬁ?(égggﬁ%\?asﬁgd by external devices. The second
audi o stream i s |FREQ 814, ehrebNhRIio abntpdlled 530 iRl iy tlDevndasd payl oad and
*CTRL header 720 information as described with respect to packet fornmat

700B. Any tpprferros tha apératignsyicecssitatedbybie el sventc dhe prosess thenpreeesdy audi o data

can be used. As t he. second .audi 0 stream |  ven | fority
field than t“P\étePi%HgS"_’he%‘&F %rtelng%ﬂ{reﬁgps g’x@?ﬁ)#@'%ﬁ@%%@%ﬁ' g.]l[,f&lﬁé(;) stream can
rRpresent a'broéégé’ﬁﬁdéeﬁé‘éf?l’ﬁnas%@r&(iﬁ&&qlpé&kihﬁesserVl ce message, or other
audio data that 1s desired to have noiselessly inserted into the first

channel est abl i sHpdIGi 94-9Chdlow dizgranaP0bef the ealteventrprocessgder iR o stream s

i nt er nal r ke r hen nvert. .
ternal eg stergasm %ar(l:tcﬁ:tng b%sc% c;n gnon g acc%rélﬁg tc} Sne embodiment of the present

invention are shown. In one embodiment, flow 900 shows in more detail the
operations performed in step 814 of FIG. 8.

15 Process 900 starts at step 902 and proceeds immediately to step 904.

In step 904, egress audio controler 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 controtler 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 automaticaily generated by the second audio

source 604n or generated based on a command from the egress audio controlier

610. The process then proceeds to step 910.




cells by SAR 632. Cell swtch 304 switches the cells to an SVC destined for
the sane destination MC 306 as the first audio stream SAR 634 ,p(ﬁnverts t he
cells back to internal packets. MC 306 now receives the 4 Bt BEGadl packet s
for the f WQ@03/00dam&¥ second audi o streans. NI C 306 eval uat espthspriogse ty
field in each stream The second audi o stream having internal packets with
the higher priority are converted to IP packets with synchroni zed RTP
header information and forwarded to {3ie 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

I nformation and stored in buffer. NIC 306 can resune forwarding the first
audi o st r eam whenlnstep 948 cpsseond auidio source 041 beginsgepkmtiog a sexbndaudao

.predeterm ned ti el apse or when. a nual..or automatic, control signal is
Iroecei ved to gggﬁh”grheﬁpgmséud&wmﬂsiraﬁﬂpﬁ 'NST'?!F@%S W‘E‘éﬁa‘@%r 259The

functionalit dATRY, hE hE i : 1 00 ' swi tching
.accordi ng tqutcﬁéepi)frigagg?fj | nver?%?%lrrlq?g%@W%@%iﬁ%ﬁbﬁt‘ﬁ@gggﬁ§¢o FI Gs. 8,

9A and 9B. VifacR&/fofl 300B. Rngfyp20Basiie BoyldadlifclhdingGorte, Mbsitorbtier 8, a flow
di agram of a noi sel ess sw tchi ndq routi ne 800 according to one enbodi nent of
the present diQAMR&AN be usadofudieppylppchisinpeant broadlydp slsodaeludesaydiahi ng

routi ne 800 } ' ] e C .l 8 ins at step
802 and pr ocaeaz%ig‘%ﬁﬁm%gf gﬂ%\qﬂwg‘%’ éﬂquf%%ﬁ%g\hggg)ﬁogﬁgﬁocsg% P@gnt rol and

audi o feature nmanmgep AR2thestediasbRStieati8legresd pARe@ afd theh c@ivdihed sour ce 604a
"to a destination device. Call control and audio feature manager 302

negoti at es wiotaslls.nle ane sxample theicellsare ATMbcellst dhaipresestiben pmcgeds 0 and UDP
port to use étngf’hfi rst audio streamof |IP packets sent over a network.

10 In step 914, cell switch 304 switches-the cells to an SVC destined for the
same destination NIC 306 on the same egress channel as the first audio stream.
The process then proceeds to step 915.

As shown in step 915 of FIG. 9B, SAR 634 now receives cells for the first
and second audio streams. The cells are converted back to streams of internal

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

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

20 In step S18, 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 o create IP packets having the audio payload
of the intemal 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.



Audi 0 source 604a delivers a first audio stream on one channel for the
established call. In one enbodi nent, a DSP delivers-the first audi o stream
of internal egress packets on one channel to cell swit@hd 3 afidithen to
NI C 306. wOm/gesxeess proceeds to step 806. In step 806, eprpESI2R06890
controller 610 sets a priority field for the first audio source. In one
enbodi nent, egress audio controller 610 sets the priority field to a val ue
of one. In another enbodinent, the pri3d8ity field is stored in the CTRL
header of the internally routed internal egress packets. The process

I mmedi ately proceeds to step 808. In step 808, egress audio controller 610
determines the call's status. In one enbodi nent, egress audio controller

610 det erm nes whiIGS06othemasendshthec R Ipackats) with synchrasized BTR begdegured t o
allow call events .to interact with it. In ope. epbodi ne f the present .
vent | on.  AMiadmaticE an the Segtraedtes chano! ot Fsn A0 Sitamdn B ot a By ent o wi 1)
I nterrupt itg.ef; 0, fgga ' i g receive
certain cal Idcéé\}@?ﬁ?@ %é;gég on%egl {ﬁﬁ;&r&?@e&@kﬁ ftg%?.s?&(sﬁ ﬁ@fﬁ" gg Igjﬁ&?i .e., the

one or nore guklid heeagp@r Mergowt, friom thalperspedihe ¢fribe dadinatioredevtethis proceeds
to step 810. In step 810, egress audio controller 610 ponitors for call
evints. |n oweondandigi seesm 1%y recgivedcipereal-ime Briselpsply, Withoptyfalas ATt he system

600, such as I.E1 cati | TR, ' - hilling

("ol case i nabiePpliBhreirbS 3T fia S0 colBRLNEe pftHREL iOGERRRSHmELY ' 1D

anot her eaneliaﬁgm-dcrpﬂ{d prov@B peocéAARinttIftély t@stép PEX. 20a5  PCT/ US02/ 20359
*-36 5 10 15 20 25 can be sent to the system 600, such as requests for news,

sporting i nf or mat ApshowreindFIGEGEeNIC d0eimenisem ferohe end eftbe sesanddidie or bot h
R e e U
I fpnot, then egrRSsePysh, NKOBIE @tb@iinslOh&Rd the s&ond Qudiotiesh has stated in
step 810. If so, then
ended. In one example, NIC 306 reads a last packet of the second audio stream
which has a priority level lower than preceding packets. If 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 te 1 and the first andio 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 strearn having a priority field
value set to O (or null or other special value) is read, then the priority level
threshold value is decremented back to 1 as part of step 924. In this case, the first

audio stream with priority information 1 is then be sent by NIC 306 as described

30 above with respect to step 930.




the process proceeds imedi ately to step 814. In step 814, egress audio
controller 610 determ nes the call event and perforns the operations
necessitated by the call event. The process then proced@dd D 288kp 816 where
it either wined008rs7returns to step 802. In one enbodi ment, eO®uUSmrmesss 800
repeats for as long as the call continues. In FIG 9A- 9C, fl ow di agram 900
of the call event processing for audio stream sw tching based on priority
accordi ng to one enbodi nent of the pr88ent invention are shown. |In one
enbodi ment, flow 900 shows in nore detail the operations performed in step
814 of FIG 8. Process 900 starts at step 902 and proceeds imedi ately to
step 904. In step 904, egress audio controller 610 reads a call event for an
establ i shed cal | Inistep 93% egrssy andiesonwolen i proerssessanyergmainiagrealbur ce 604a
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.audi o source. so, then the process rocee s to step 908. | not, then

t he process spbslammﬂs at thestmp tin®3 Guchl thatsthe prd2@S; caadeass irapaiabelooii r ol [ er 610
determ nes the pr| ority of the second audio source. In gne enbodi nent,

egt ess audi @“dUﬁ’i?Rﬂ"l‘&F’aB’moﬂé’ﬁ‘ﬁééﬂ'ﬁ’fe PIOGEREAT 1P ShesweismPWudi o source 604n
that instructs the second audi o source to generate a second audi o stream of
i nternal egress packets. Priority information for the second audi o stream
can be automatically generated by the second audio source 604n or generated
-based on a command fromthe egress audio controller 610. The process then
proceeds to step @16udiaP@afFbp8157 2 8 DEC 2935 PCT/ US02/ 20359 -37 5 10 15
20 25 Instep 910, a second audi o source 604n begi ns generating a second
audio stream The second audio streamis nmade up of internal egress packets

hgyi ng FIG. 6B is a diagram of audio data flow 615 in the noiseless switch over
system of FIG. 6A in one embodiment. In particular, FIG. 6B shows the flow of
internal packets from audio sources 604a-n to SARs 630, 632, the flow of cells
through cell switch 304 to SAR 634, the flow of internal packets between SAR
634 and packet processors 307, and the flow of IP packets from NIC 306 over the

15 network.
H. Other Embodiments

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

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

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 extemnal audio source




audi o payl oad and CTRL header 720 information as described wth respect to
packet format 700B. Any type of audi o payl oad i ncl udi r?g \m fusi c, or

ot her audio data can be used, Audio payload is neant ba ?Ui]q) al so

i ncl ude awdias/08Eza | ncl uded as part of video data. The prPCPRESIYI859
proceeds to step 912. In step 912, the second audi o streanl s egress packets
are then converted to cells. In one exanple, the cells are ATMcells. The
process then proceeds to step 914. In4tep 914, cell switch 304 sw tches the
cells to an SVC destined for the 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 FIG 9B, SAR 634 now receives cells forthe
first and Jadekstingion degee)andgenerpies internal packets assigmed tap BYEK SAR st reans of
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first audio stream_js held. For . exanple, N C 306 huffers the fjrst audio
st} eam or e\%ﬂcels%'@@? ‘%C%Fﬁll;&aCReé%WE‘Sﬁﬁ“Q}Eo'ﬁmﬂ '@ag?fﬂ@é’“é@% Iﬂff hol d t he
transm ssio f L ' . The,:pLo [ diately to
St ap 0. 1 rpUB b Sl e TP 0 Welifmarion UEYIBL OB PEESRRERa BT MY

NI C 306 i nSfestimdtivpnpiacikets noiniessew(tshed3Dér loaecsi wadudid fromaa kketemahavi ng t he

~audi o payload of the internal egress packets of the second audjo stream
Packet proceddisy gayyee3 G, SB4s adiagrapoeliaudia data flot 6o foRmpegesIdio nf or mat i on

(T ket kg B Aol SR050, BRASEn P ARSI e 0P Tl 9
stg eam WO GystefFIG26C. Dirpartiodar, TG/ aX5ehdwOBe AowdF IB pddketsTrofan
external audio source (not shown) to NIC 306, the flow of internal packets from
NIC 306 to SAR 634, the flow of cells through cell switch 304 back to SAR 634,
the flow of internal packets between SAR 634 and packet processors 307, and the
flow of IP packets from NIC 306 over the 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 10 systerns 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



25 30 NIC 306 then sends the Il' packets with synchronized RTP header
information on the sanme egress channel of the first audio rsﬂ%:gm Izn 4 his
way, a d({:&ghﬂ‘?tion devi ce receives the second audi o strea [ [ @:{ead of
the first 031%t ream Moreover, fromthe perspective of PERASBRMBSNat i on
device this second audio streamis received in real-tine noiselessly

w thout delay or interruption. Steps 918 and 920 of course can be perforned
at the same tine or in any order. Th'é”process proceeds i medi ately to step
922. As shown in FIG 9C, NIC 306 nmonitors for the end of the second audio
stream (step 922). The process proceeds immedi ately to step 924. In step

924, NI C 306 _d ' th t d I o st h ded. |
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priority information equal to or greater than the priority level threshold
val ue. For cwitehing betweenlindependent egreisaudiorstraamb gehesatpd bponlygxiemiale  of |
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L roam s (RIS coiE o S Tt RlE AT B pehens raent NadMioht - oam i t h
a higher  pror@iteindi dudlid Rfafde¥ 8 BduiRldCNICB06 bipe I foraRioh (i6BEFRM S the

priority threshold value to 2. The second audio streamis then transmtted
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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. Dustributed Conference Bridge

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

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




5 1n step 932, egress audio controller 610 processes any remaining call
events. The process then proceeds to step 934 where it tergi Bgt;,ezwuntil re-
instantiated. In one enbodi nent, the steps of the above- dédcbkib Iprocess
occur suMdIGMRBIN7Iy at the sanme tinme, such that the proceBETA&MR/A5Y un in
parallel or in an overlapping manner on one or nore processors in the
system 600. G Audio Data Flow 10 15 FIG 6B is a diagramof audio data flow
615 in the noiseless switch over syst‘"e?m of 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 through cell switch 304 to SAR
634, the flow pf. interna ket s between SAR, 634 an acket pr.ocessors
307, and t hel™Ugd¢ 8f P eL—&@&@}e PESAKEE So@acketed-spiched ptWOrK il ox her
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di fferent enpaticipent €1-ONicag conieerthriughnetworis bMSaedisaitiuyed donfepérzal and
external audi 0 sources, external audi o _sources onl(%, a cell switch or a
packet swi t cbridgedfP0cKenmypmple-ranferuss call partisipantnl-CH canplase 8YOIRwWi t ch over
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i nvention. Noiseless switch over system 600C operates sifmlar to system
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10 As shown in FIG. 10, distributed conference bridge 1000 includes a
conference call agent 1010, network interface controller (NIC) 1020, switch 1030,
and audio source 1040. Conference call agent 1010 is 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 call agent 1010 establishes a conference call for a number of
20 participants. During a conference call, packets carrying audio, such as digitized
voice, flow from the conference call participants C1-CN to the conference bridge
1000. These packets can be IP packets including, but not limited to, RTP/RTCP
packets. NIC 1020 receives the packets and forwards the packets along links
1628 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



510 15 20 25 30 and destination device) and generates internal packets
assigned to a SVC. SAR 634 converts the internal packgtaﬁgtg gﬁ]al s and
routes cells on the SVC on link 662 through switch 30 rough Iink
664 to SAN@8HMBHY conversion to internal packets. As desBEThSo/zbsve, the
I nternal packets are then processed by packet processor 307 to create IP
packets with synchroni zed header information. NIC 306 then sends the IP
packets to destination device. In thi #3may, a user at the destination
device is noiselessly switched over to receive audio froman external audio
source. FIG 6D is diagramof audio data flow 625 for an egress audio
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i nvention s switch over system 600E operates sinm’lar systens
600A and 6000N€ ercrore kaks 1036dastmolwnaubd€/16 dﬂcajincht'hmmahaqmokean baitch 694 is
"used i nstead of ,a cell Qév tch 304. In thi,s enhodi ment, cel | Layer
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604a-n to packet processors 307 network. In

alio data ﬁCICGMﬁcBﬁEmamlpgczkleIm ¢0uplndan cexﬁemnnabndgﬁdl(ﬁ)ﬂsource (not shown)
are received RI% 306. ggg aydio is receive packets and buffered at
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pat h) associpickets wiveihlink(e) 1045 to switch 1030. In particular, audio source 1040
generates a fully mixed audio stream of packets and a set of partially mixed audio
15 streams. In one embodiment, audio source 1040 (or "mixer" since it is mixing
audio) dynamically generates the appropriate fully mixed and partially mixed
audio streams of packets having conference identifier information (CID) and
mixed audio during the conference call. The audio source retrieves the
appropriate CID information of conference call participants from a relatively
static look-up table (such as table 1025 or a separate table closer to audio source

1040) generated and stored at the iﬁitiation 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
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

to multicaster 1050 and switch 1030.




destination device. The .internal packets are routed-on the SVC through
packet WO 03/003157 2 8 DEC 2035 PCT/ US02/20359 -41 5 12 B;EQE%? qggﬁ 30 switch
694 to NIC 306. As described above, the internal packet r Ken processed
by packet WO OZ¥®8ssr 307 to create EP packets w th synchronPCddSap20389

i nformation. NIC 306 then sends the EP packets to destination device. In
this way, a user at the destination device is noiselessly switched over to
receive audio froman external audi o-4urce. FIG 6F is diagramof a

noi sel ess switch over system 600F that carries out swtching between

I ndependent egress audi o streans generated by only external audio sources
according to an enbodi nent of the present invention. No swtch or internal
audi o sources ar eNKelfiOthen prapessesowtbaupd packets ammiying ongachaVEd 1 it in
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10 discarded. In one embodiment, the network packet is an IP packet which includes
the destination call participant’s network address information (IP/UDP address)
obtained from a look-up table 1025, RTP/RTCP packet header information (lime
stamp/sequence information), and audio data. The audio data is the mixed audio
data appropriate for the particular conference call participant. The operation of
15 distributed conference bridge 1000 is described further below with respect to an
example look-up table 1025 shown in FIG. 11, flowchart diagrams shown in
FIGs. 12 and 13A-13C, and example packet diagrams shown in FIGs. 14A, 14B

and 15.
20 B. Distributed Conference Bridge Operation

FIG. 12 shows a routine 1200 for establishing conference bridge

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

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

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

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

processing to acknowledge that a conference call participant wishes to participate

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



one enbodi nment of the present invention. Distributed conference bridge 1000
Is coupled td a network .1005. Network 1005 can be any,t fa twork or
2ILEC 4l

conbi nation of networks, such as, the Internet. For ex: rk 1005

can WO 03VOPIMBHSL g DEC 2Q05 PCT/ US02/ 20359 -42 5 10 15 REBESBEINC ude a

packet - swi tched network or a packeted-sw tched network in conbination with

a circuit-switched network. A nunber 8§_ conference call participants C 1-CN
can connect through network 1005 to distributed conference bridge 1000. For
exanpl e, conference call participants C1-CN can place a VAP call through

network 1005 to contact distributed conference bridge 1000. D stributed
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“interface ¢ I i ic and audi o. source .1040.
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Alternatively, the SVC identifier or tag information can be omitted from look-up

table 1025 and instead be inherently associated with the location of the entry in
the table. For example, a first SVC can be associated with the first entry in the
table, a second SVC can be associated with a second entry in the table, and so
15 forth. The CID is any number or tag assigned by conference call agent 1010 to
a conference call participant C1-CN. The network address information is the
network address information collected by conference call agent 1010 for each of
the N conference call participants.
In step 1260, NIC 1020 assigns respective SVCs to each of the
20 participants. For N conference call participants then N SVCs are assigned.
Conference call agent 1010 instructs NIC 1020 to assign N SVCs. NIC 1020 then
. establishes N SVC connections between NIC 1020 and switch 1030. In step
1280, the conference call then begins. Conference call agent 1010 sends a signal
to NIC 1020 and switch 1030 and audio source 1040 to begin conference call
25 processing. Although FIG. 12 1s 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.




packets. N C 1020 receives the packets and forwards the packets al ong |inks
1028 to switch 1030. Links 1028 can be any type of |ogical and/or physical
links such as PVCs or SVCs. In one enbodiment, N C10R§ REQVERRs | P packets
(as descMYQRYMILTve with respect to FIG 7A) to internal BETREOY28¥9ch only
have a header and payl oad (as described with respect to FIG 7B). The use
of the internal packets further reduces processing work at audi o source
1040. Incom ng packets ptocessed by M&% 1020 can al so be conbi ned by a SAR
into cells, such as ATMcells, and sent over link(s) 1028 to switch 1030.
Sw tch 1030 passes the 2 8 DEC 2435 WD 03/ 003157 PCT/ US02/ 20359 -43 5 10 15
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streams having the most energy during the monitoring in step 1320.
Next, audio source 1040 generates and sends fully mixed and partially
mixed audio streams (steps 1330-1360). In step 1330, one fully mixed audio
15 stream is generated. The fully mixed audio stream includes the audio content of
the active speakers determined in step 1320. In one embodiment, the fully mixed
audio stream is an audio stream of packets with packet headers and payloads.
Packet header information identifies the active speakers whose audio content is
inciuded 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 secjuence
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 [AS fields are

identical. Payload 1403 contains a portion of the digitized mixed audio in the

fully mixed audio stream.

o



appropriate CID information of conference call participants froma
relatively static |ook-up table (such as table 1025 or Sﬁ) @56 tabl e

cl oser to\ggg',ﬁoﬁ'\ﬁrce 1040) generated and stored at t'He Yon of the
conf erence |ticaster 1050 nulticasts the packets i Rcﬂ'ﬂ@"?"m-’ﬂ/ m xed
audio stream and a set of partially mxed audio streans. In one enbodi nent,
mul ticaster 1050 replicates the packa47s in each of the fully m xed audio
stream and set of partially mxed audi’'o streans N tinmes which corresponds
to the N nunber of conference call participants. The N replicated packets
are then sent to endpoints in NIC 1020 over the N switched virtual circuits
(SVCl -SVCN), resp ¥ el t h f ce bridge
1000 i s t hat audigpg%ﬁﬁggoléahg ?g.yregl 1056 se'ﬂmjsx‘ﬂ%%" 2@{‘%{;3’%@ Fefifeved of the

work of repl gmrammsxepsamplsmhuom mm\)enuuaug p%ﬁd"lrtﬂbﬁnﬁéi ait@in Mkt i cast er
1050 and switch 1030 2 8 DEC L803 VO 03/ 003157 PCT/ USCR/ D0359 “44 5 10 15

20 25 NI C 10%900fensess %ﬂf]bﬁbétslilslhém desemeingrh oRle tos bevin ithe mgmber efaactiveV/Cl - SVCN
'to determ ne forward the ts e fully m xed
and partial fp;/gggnérggé c}'ﬁ‘&g% 5%)1‘51" %H\"&ﬂe"ﬁ@@ %‘P‘Itg?)g-h{;’l'ﬁﬁxﬁgnt C1- CN.

Thps det er muyihd ktedam.S nade based on packet header information in real-tine
during a conference call. For each packet arriving on a SVC, NI C 1020
det ermi nes based Ilmﬁemblﬂﬂeaumeamjme 1(i0cgeneraies m, setsaf plartiadly Ti%edumetie AS fi el ds,

whet her the packet ate for sendl a participant associ ated
with the SVC relapasyél@e sf’ﬁgﬁ ?ﬁ%ﬁy muxed Audjasstye &F&dﬁ" ﬁ‘@ﬂ seiyrtomswitchdP3®acket
‘processing. &gy 1969‘}<§Tach§ftﬁé€£6§gﬁ-ﬁad eaﬁﬁd?os gt @gérgtcﬁﬁﬂfﬁ}nlﬁﬁq jorwarded to

the participant. Q'herw se |sc & enbodi nment, the
net wor k packsent irsstep 1860 peedrides tlmmotedl anxiiwctmsenttolﬂmallgﬁtnp ofiidentifieal |

paiti ci pant net wo ddress .i.nforpgtion I Pl UDP address) obtained froma
g@k up tabl@“ﬁi@,a&?ﬁ%}eﬂwe nuen P%@a@&“—ﬂ}?f WW‘?@WCQFam/sequence

i nf or mati on) ecipnght a9 ka&a Thz%#ém a&&%@@ﬁeﬁlsm gﬂgﬁé‘f%ﬁun dat a

appropriate for t he par I cular co rence artici p e operation of
di stribut ed tbegfapardaetity spetalerd ddermisediassep nm thwatdserhikieh paviiwily h respect
to an mixed audio stream is directed, |
| 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 [AS 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




exanpl e | ook-up table 1025 shown in FIG 11, flowhart diagranms shown in
FIGs. 12 and 13A-13C, and exanpl e packet diagrans shovvnz Enngg(‘@giMA, 14B
and 15. B. Distributed Conference Bridge Qperation FIG#¢ ¥2 0 a routine
1200 for M@ 8HM3INi ng conference bridge processing accor dPREUSB2ME pr esent
i nvention. (Steps 1200-1280). In step 1220, a conference call is initiated.
A nunber of conference call participants C1-CN dial distributed conference
bri dge 1000. Each partici pant can use"!’;@ny VO D termnal including, but not
limted to, a tel ephone, conputer, PDA, set-top box, network appliance,
etc. Conference call agent 1010 perforns conventional |IVR processing to

acknow edge that. a conference call. participant w shes articipate in a
conf er ence cﬁﬁ"ﬁc’amsﬁﬂ{‘%rﬁggf’ﬂ@gﬁ%&?i‘ﬂ’% ?Esggheﬁrlgﬁa&wf’é@ﬁmaéﬁee call WO
03/003157 ' . ; = 5 30 participant.
For exanpl e,ztatgﬁggtﬁq]eet?%? ﬁnde:@reg?ga{eﬁﬁ‘gi?ﬁ% I@'@t&égé&c&ﬁ%%%lé, but Ioi S not P
limted to, |P anBérexakipR, mdcroafesericetall whiredhitre A 63 pamicibad@ (N=w@al- up tabl e

1025 is generated. Conference call agent 1010 can generate the | ook-up
tabl e or i ns@frwiich fares aro identiiedjasrstizg epeakess (lod) thep opefilly mixed audiown in t he

| . 1 00k-up.. t abl i.ncl ud i es. di
Cre N on er ke 0Bl dic Ramiuthiee sl st eree 1BR Hl RineRRbFR 0™ st op
1220. Each egtevintuily akrodack ablie 6107:Rsive phiteRan@N Thide darteiMyithixed

conference ID (CID), and network address iInformation. The SVC identifier is
any nunber oaudigfreamstare thenigengraicd in ptap 13501 Afirg\partially npined gtreanpl e, t he SVC

I E S W ALK M- R TR IR N Ao

O o R SR R 4Pl 15 Bkt s g o0 e

a¥@oci at ed winidedtstrearf Bicontaimnandiofrom speakers 1 and 2 but not speaker 3. The first
through third partially mixed audio streams are eventually sent to speakers 1-3
respectively. In this way only four mixed audio streams (one fully mixed and
three partially mixed) need be 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 fo be forwarded, then control proceeds to step 1390. If no, the packet

30 18 not to be forwarded, then control proceeds to step 1380 to process the next




tabl e, a second SVC can be associated with a second entry in the table, and
so forth. The CIDis any nunber or tag assigned by cogﬁrﬁgge«;‘e@gll agent
r

1010 to awaoog; ﬁ:;hence call participant Cl-CN. The net

i nformat i NG 0HE” network address information coll ected RCEBREHIMACce cal |
agent 1010 for each of the N conference call participants. In step 1260,

NI C 1020 assigns respective SVCs to ea of the participants. For N
conference call participants then N SVE§ are assigned. Conference call

agent 1010 instructs NIC 1020 to assign N SVCs. N C 1020 then establishes N
SVC connections between NIC 1020 and switch 1030. In step 1280, the

conference ¢ EHdAS nference call .agent 1 sends. a signal to
NI C 1020 andﬁé%eé'zﬁﬁi%%gwaahﬂ’e%%eg '%Bi?FESée‘ib‘A‘bgt“S“’%gi'gPE%ﬁFe!“ém?e cal |
processing. &mbba@ht, Pabket brodeSsof 8670 g&ﬁﬁatwéﬁhdk%r&gﬂér With sk ffad SVC
identifiers, the present invention is not solimte and any type of link
(physi cal  aparticipantsgietvwdrk addresslinfiokmatien{P iridior [TRP adidredsSaistaindd o6m i N

‘embodi nent s re an . j |  audi o source is included, conference call
agent 1010 aﬁ@‘j‘“ﬁ%@ﬁahlﬂgbﬁifﬂcgwmewﬂwfagh@rﬁédmumebﬁomiom N audi o

paktici pants R ' A 1 Q.S ce 1040. WO 03/ 003157
2 8 DEC 29353%\"“0%/5' US%‘Q?%&@“?%&%%@%@@@%E “G’Beg{‘glﬂ BT st r i but ed
conference btypegd seqOencduinforgnacion). erFaoket prodéssoldN0TESaH MBndrateSHRWn in Fl Gs.
13A- 13C (steps 1300-1398). Control begins at step 1300 and proceeds to step

1310. I n st effIPeNs, inkararetion; bused onitha ordas of reaeivedenackeyy andfot based nooni ng audi o
"streans of t f. cal I cipani,,Cl-CN... Audi o source 1040 can be
any type of 32 ?@Eslg%r%@g&fnn 14,31??55&%\5?%5@9 quV%\Ie[déBp?cg(’e% g&“ﬂ?ﬁﬁlbél si gnal

processor (D&B)audiﬁmuaenwwtdmahumesmi1%@).chka&&EAM7b*ﬁﬁmcgner gy of a

digitized audi o sanple can be used. In step 1320, ‘audi o source 1040
dd¥er mi nes aadl§rikayled iacerk actsyosk packet Hres inthudes tandiocftemghe nasrivedr ed in step

1310. Any nufm&ﬁal%facl?e? BLME férgi%.?cl%%rtg a%grrﬁcﬁ:v%m? %f&g'(orl lg]acggeproecrys)s%gi ment. a
1070} then sends the generated IP packet to the participant (step 1395).
One feature of the present invention 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. I 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.




conference call is limted to three active speakers at a given tinme. In this
case, up to three acti.ve speakers are determ ned whjch corﬁrgﬁf.ond to the up
to three %Uﬁll% gg,éeams havi ng the nost energy duri ng2tﬁ1@5‘mm dbring in step
1320. Next"O8UM3%5ource 1040 generates and sends fully mi PEF/GHY2BPti al |y
m xed audi o streans (steps 1330-1360). In step 1330, one fully m xed audio
streamis generated. The fully m xed dio streamincludes the audi o content
of the active speakers determ ned i n™5tep 1320. In one enbodi nent, the
fully mxed audio streamis an audio stream of packets with packet headers
and payl oads. Packet header information identifies the active speakers

whose audi o content .jS,~dNcluded in t ful ' dio stream In one |
exanpl e, as shovmeﬁ'i #&Fééffﬂm%ﬁ?%ogﬁﬁﬂ% %W%gﬁ&gdf B?ga'n?&]i‘f’bound |
I nt ernal pac [ ; . -\ and :
Sequence fiel:{éd?l&sls gﬁggﬁmgﬂzﬁég t?ﬁgzgs.%to{'ﬁgﬁ %@ﬁx#%fdéﬂm sl%@ﬁ%@@nall of the
current act i contropprakends ¢cabtep 1387.t Inastepd382reonae! jumips to stéh¢390ASH dhel d | i sts

Cl Ds of the @g%vq?yﬁggaﬁers whose audio content is in the mxed stream The -
sequence i nf p slds gee nptidentisal othen contied praseedsdastepd38yandide or ot her
type of seq L ilon. OQther fields (not shown) can include checksum
orfpot her paﬁggaiI%P%?%a I'on dependi ng upon a particular application. In the
case of a fully m xed audio stream the TAS and IAS fields are identical.
Payl oad 1403 contains a portion of the digitized mxed audio in the fully

mi xed audi o stredm Outbaysd Racks Flow thromh DgsdurdCadozn@iBidge 47 5 10 15 20
25 In step 1340, audi o source 1040 sends the fully m xed audi o stream
generated in step 1330 to switch 1030. Eventually, passive participants in

the conference o@htbolidgickéTIdvhmBstaBied fdt&en hricfg@lbﬁ)?s'ﬂéc‘i’i%c&‘“”ber of
ea

active speakers determned in step 1320), wll m xed audi o fromthe

ity m xed fuaben\ﬂtlsmsmtrfo examplepackets in a 6drpersos conferendOeill shewerimt es a set
of partiall yFI@s.Xﬁfjan%ul%'. %n FIGs. 14 and 15, mixed audio content in a packet payload is

denoted by a bracket surrounding the respective participants whose audio is

mixed (e.g., {C1,C2,C3}). CID information in packet headers is denoted by
underlining the respective active speaker participants (e.g., Cl, C2, C3, etc.).
15 Sequence information is simply shown by a sequence number 0, 1 etc.

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

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

30 curtently passive participants (C4-C64),



streans. The set of partially m xed audio streans is then sent to switch
1030 (step 1360). Each of jthe partially m xed audio s%me@@@ 0%l3erated in
step 1350884 m@ﬁgg in step 1360 includes the m xed audi o caontent of the
group of identtPied active speakers determined in step 1336THMZ®3e audio
content of a respective recipient active speaker. The recipient active
speaker is the active speaker within _&he group of active speakers
determned in step 1320 towards which a partially mxed audio streamis
directed. In one enbodi nent, audi o source 1040 inserts in packet payl oads
the digital audio fromthe group of identified active speakers m nus the

audi o content of Thive praﬁi‘dllpirﬁi!ibdaﬁaib}é&eﬁﬂﬁkﬁlPMg_narE*gkﬁcr by alifio" €C! PI ent
active speaker will not receive audio correspondingto t el?, own speech or

"audi 0 i nput . SeWR0, KiGe 14B sbows one packetsvisl 12p béiddeof fivist partisly mided speech or
audi o input of the.othgr acfive e s. .In one enbodi nent, packet header
i nf or mati on ?‘?%?}Vﬁdegﬂ‘ﬂa&éd&wmgﬁﬁ ﬁhiﬁl@dm%ﬁp'&ﬂﬂi@@@ raadign fremi dent i fy

inf ) . i seinioixed e i dent i fy -
i xed audi o Srree A CIbA AR CF, packas 1975 4y T shdRRGRUE R

fofmat of FIleatldn. The TWSTrid somaiis CID$N the t6RNMHRESREGe sstaRdr: £l &2, i on nunber s
(ADs) into ,B;AS and. | AS header fields of packets. The TAS field lists ClIDs
of all of th&n¢dhsdicld sentaips WPsdRethe tWp astive spenkers £1cendc @B whokbe JAS fiel d

15t 1 Do Chokif RIS ARBRIFHS pIIBREo bRk DA 103, il 25Bect v
' TAS and 1 AS dqatrte iaformaesn ARGt I epedtiveRetol #didafSpidke! @'4111@,%.:683? less CID.
In one exanple, to build packets in steps 1330 and 1350, audio source 1040

retrieves t herckgigddpy FIGt d4Bishowsin prckets #4283, 162hbEscconitpartidlly ied3/ 003157 2
PAPEC, 2005 PRBHPR S hoid T bbb 20 o] A AT EALIOR ol
gener at ed anspeskess €¢lawd C3 bt riodbfeaRér ©) Fakkétd 8420 1A% GRE fachitle packet
headers. The TAS field contains CIDs for the total three active speakers C1-C3.
The IAS field contains CIDs for the two active speakers C1 and C3 whose
content 1s actuaily mixed in the payload of the packet. Packets 1422, 1424 have
15 sequence information O and 1 respectively to indicate packet 1422 precedes
packet 1424. FIG. 14B further shows two packets 1432, 1434 of third partially
mixed stream PM3. Payloads in packets 1432 and1434 contain mixed audio from
speakers C1 and C2 but not speaker C3. Packets 1432, 1434 each include packet
headers. The TAS field contains CIDs for the total three active speakers C1-C3.
20 The IAS field contains CIDs for the two active speakers C1 and C2 whose
content is actually mixed in the payload of the packet. Packets 1432, 1434 have
sequence information O and | 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 10 be sent to appropriate conference call participants according to the
present invention. 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 SVCI -
30 SVC64 which packets 1412, 1422, 1432, 1402, 1414 are appropriate to forward




For exanple, in a conference call where there are 64 participants (N = 64)

of which three are identified as active speakers (1_-3,é, ﬁﬂqp@)e fully m xed
audio streamw |l contain audio fromall three activ BSE] vkers. This fully
m xed str S¥OMNBIE ent ual |y sent to each of the 61 passive RSAVYS02REENL S.
Three partially mxed audio streans are then generated in step 1350. A
first partially mxed stream 1l contains audio from speakers 2-3 but not
speaker 1. A second partially nixed s#%eam 2 contains audi o from speakers
1-3 but not speaker 2. Athird partially mxed stream 3 contains audio from
speakers 1 and 2 but not speaker 3. The first through third partially m xed

audi o streans are eventually sent to, speaker - respectively. In this way
only four ni St TesRERtEYeSGONEES °(°@hd’W'PV“ ﬁxé@iaﬁlﬁtw "f?r@ék%&ﬁ%ﬂ-df' ly m xed)

need be gene | LS 1 e audi o :
source 1040. bﬁkgg?]%ﬁ#ﬂéﬁc@?&%@ﬁp&?ﬁp@@%h}ﬁyHfir(ﬁ%nft an[shf Egsrp% replicates
packets in tmekud:daalmamapmdjlocea.r eam and set of partially m xed audio
streans and nulticasts the replicated packet copies on all of the SVCs

(SVC1- SVCN) assi éisshown in FIG.ddnfarrSich packets 1NR2@ndd4d4 atealetepminedsses each

Kk I ved he S 330) . larjty, h d
PPt ernal Ly 1 1P BefRpiog i s hal phoel Beaditiod apkese FEEH A PERRRel s °°°
received at @é@amf@ilﬁ?thelﬁxg)ﬁefdwm%memsﬁrelm.gﬁcwﬁl&%dﬂaf$%8- I nt ernal

packets can be any type of packet format including, but not limted to, IP
packet s and/ convierted toaktvagk easketpdf ke and debe r Neeworklpackets A15F2,0k5147A and 7B,

R Tan Trefyce BT RSO RFRY (L aDID AR e BAH SO FRrLRIRREAEA or 1 orverr
a received HH@iB@t'noPﬁfe‘éﬁér(fJQ%Ek&& Pan, pﬂ%%?fyqeaﬁa%dfaﬂnamo%\sant ual

transm ssion to a corresponding conference call “participant (step 1381).
TH® recei vedlimspectingly tpamklizatec packoe 1612 precefied pyckei X6&d.orFga8VCal |y mi xed

audi o strea If yes, the acket |[s t.o be rwayr de t hen control proceeds
P en | Sootcomesngding 18 SpnBRacs coll Paint 73, RigkstIAdREs deterEnedsnt « o

'3 E?f 528 3 / t2 83?9 Fo?%érﬁgg i‘% €2PPaCER 343 BastEIDYS E3{HHSFAS idrd bt ot e

IAS field. Packet 1422 is converted to network packet 1522. Network packet
1522 includes the IP address of C2 (C2ADDR), sequence information 0, and the
15 mixed audio from speakers Cl1 and C3 but not speaker C2. For SVC3

(corresponding to conference call participant C3), packet 1432 is determined to
be forwarded to C3. Packet 1432 has the CID of C3 in the TAS field but not the
IAS field. Packet 1432 is converted to network packet 1532. Network packet
1532 includes the IP address of C3 (C3ADDR), sequence information 0, and the
20 mixed audio from speakers CI 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




15 20 25 30 packet. In step 1390, the packet is processed into a network IP
packet. In one enbodi nent,. packet processor 1070 geperates_ a packet header
with at least the participant's network address infored il (0B

and/ or UDPAYRAPULISTopt ai ned from the | ook-up table 1025. PRERAISIHRBELSSOr
1070 further adds sequence information such as RTP/ RTCP packet header
information (e.g., a tinmestanp and/or Qther type of sequence information).
Packet processor 1070 can generate sutiY” sequence information based on the
order of received packets and/or based on sequence information (e.g. the
Sequence field) provided in packets generated by the audio source 1040 (or
by multicaster, 1050).,Packet O further, adds yload in each
net wor k pack'@fl“%’ﬁsa@ei[ﬁ@ﬁgﬁéssm%@fgéwgﬁ’eseﬂg%F\}'éfam%fﬂ“e@r?ﬁﬁ {S’ﬁcket bei ng
‘forwar ded t Omxepaliiottréta Al -of WeGcki0 OpdaRérs RAC kL af @geSSOr  1070) then sends
the generated | P packet to the participant (stép 1395). One feature of the
present invention is that the packet processing determnation in step 1381
~can be perforned quickly and in real-ti during a conference call. FIG
13C shows one exaﬂpﬁ@“ﬂ@hﬁ?ﬁ%ambﬁdeﬁmeﬂﬁab@HFWﬂﬁe packet processing
determ nation step 1381 according to the present invention (steps
1382-1389). This routine is carried out for each outbound packet that
arrives on each Rctiohliity d&2fbaribdvawith réspeies theloperaliecéfonfererdet er ni ni ng
whi ch packets are discarded and which are converted to |P packets and sent

to a call pabrideeil@adfinclygiag cenfereneesallagersd k@ MNIG10R0.switsh 1830wadion) C 1020

"l ooks up an g Vi aah . 1,00k . , L espo t particul ar
SVC and obt asloﬁgeal Oép‘[?"d\)ﬁlllﬁﬂg&féfgéjﬁﬁig’g% ﬁ%ﬁ%"%@ﬁ%"} ‘ﬁoé'ﬂrgglé)%%r' n§1}' g‘és whet her
t he obt ai nededatdal Iagit can " Ghipiementéd Ghofewdde, fiinwhe, hetddlar ok iang Speakers
(TAS) field of the internal packet (step 1383). If yes, control proceeds to

si@p 1384. |gomhinationtherepf.pr oceeds to step 1386. In step 1384, N C 1020
det erm nes whet h t he qbt.ai ned,.Cl.D val mat ches .Cl D wval in the
et uded act ve QB Eria et qitipyteBict fecdheh B 006 implteiifa) o'
control procigegdmelifa el shdBas nlcdil erverU Oh oRé eAMBEIMdnD, diitBButed 387. I Nn
step 1385, the packet is discarded. Control then proceeds to step 1389

whi ch r et ur nepnfesemaecbridgs $0&) is1 Beplementsd dpeslian presessing plasiorm| 230Gt ep 1387,
control VB34S 4381010l FRATER Lelkond ERERRe Mbsiel S 1Tl
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 X1. 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




2 8 DEC 208 PCT/ US02/ 20359 -50 5 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 audi o stream packet), then control proceeds to st@f DEE7 20050 step
1387, control junps to step 1390. If the TAS and IAS fields are not
identical, then control proceeds to step 1385 and the packet is discarded.
C. Qutbound Packet Flow through Di st ri*But ed Conf er ence Bridge 10 15 20 25 30
Qut bound packet flow in distributed conference bridge 1000 is descri bed

further w xanpl e packets in a 64-person conference call shown
in FIGs. 4~g§§8E§th% Gs. 14 and 15, m xed audi o content in a packet

payload is denoted by a bracket surrounding the respective participants

whose audio isA fetRd €8 rocedstnl, @ddi63In a GbMelicRELOTART hRbng paRAFHaREs, headers
is denoted by, —underlining the respective active speaker participants (e.g.,
Cl, C2, Q@ompreing: Sequence information is sinply shown by a sequence nunber
O, 1 etc. Inthis exanple, there are 64 participants Cl-C64 in a conference

call of whic hree.are d dentified. as _acti.ve speakers at.a .given,t|ne
(G 3. A 0 BaFfacBh 3T e Lo hhisr RaRPC R ReR ol ¥ Bkl "B o
i's not m Kader aAdghagloadiour ce 1040 generates one fully m xed audi o stream FM
havi ng audio fromall 3 active speakers (C 1-C3). FIG 14B shows two
exampl e internal packets 1402, 1404 generated by audi o source 1040 during
thi s conf er enc®) @sngratimzae jset of paiplly mined apdio strearmsnof Wapkels cacthpatkst header

and payl oag....T. I ' kets 1402, 1404 each include m xed audio
from eachﬁ%lmgtaﬂrg“?ﬁ?ﬁg%&g%ﬂ€@@%géakers G - C3. Packets 1402, 1404 each

i ncl ude packet headers having TAS and I AS fields. TheTAS field contains

ClDs for the t@y ahulfithseRy aadh yackeP AR flGlmbed b lsheam fand! e Genbai ns Cl Ds
for the active speakers Cl-C3 whose content is actually mxed in the

payl oad oPmﬁﬂb”Bﬁé@éWﬁoﬁ@@W@ﬁthOZ, 1404 further include seguence
information O and 1 respectively to indicate packet 1402 precedes packet

1404. (d) determining which multicasted packets to forward based on packet header

information in the respective packets.
2. The method of claim 1, 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.
3. The method of claim 2, 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 for each

participant can be retrieved based on a respective assigned SVC.
4. The method of claim 1, further comprising:

monitoring energy in inbound audio streams of the participants; and




M xed audio fromfully mxed stream FMis eventually sent to each of the 61
currently passive participants (C4-C64). 2 8 DEC WO 0 3100 3 1 5 7

PCT/ US02/ 20359 -51 5 10 15 20 25 30 Three partially mxedz@uﬂﬁg Z%earns

PML- PMB are generated by audio source 1040. FIG 14B sho ket s
1412, 1414 of first partially m xed ;Stsr eam PML. Payl oads in packets 1412
and1414 contain m xed audio from spedakers C2 and C3 but not speaker CI1.
Packets 1412, 1414 each include packet headers. The TAS field contains ClDs

for the total &Jﬂérﬁ&:ﬁ@&hﬂﬁb&&ﬁ%&%e\%ﬁ%e%sedﬂh%é f%%nftbﬁbgﬁ} ptains QDs for

the two active speakers C2 and ose content 1s actu ‘mixed in the
payl oad of the packet. Packet 1412, 1414 have sequence information O and 1
respecti vel y t"ﬂm’ mehhodméclpim HeWhéréihZSainlrmadﬁSg stp@cﬂ&Ehndl@bllgendFitEipa&éB shows

two packeis 1424 of cor}& artl >i1 stream PI\/IZ Payl oads in
packets 1 eré 1‘1‘54“3?5?1?8‘? @%“"‘Hﬁ'&l e)f/ir?}hf es‘ﬂﬁé%’i‘% eymber Pf ARGt not
speaker %eal@@& kg4 §a1&413t%rmﬂaﬂ?gﬂstﬁﬁ@|)‘ dbt@ﬁlluH&ewﬁ@H lﬁﬁfltlcag‘l‘%@%ﬁﬂéts tyT&w-Eﬁﬁ field

cont ai ns for the total ree active speakers Cl-C3. [AS field
cont ai ns ‘CIFEEIciRsNtsttaeed athe setivespeakeninbarmaiin iarthe @@mmmck@dmm is
actually mxed in the payload of the packet. Packets 1422, 1424 have

sequence jnforymatio lyrse ctlvel to indic acket 142 ecedes
packet  1a%a. “ATE mefed ol iia S SHBRED Cedivk Rt smabas sSpprses 1A

partiall Yandl ASefieldd, aRd whEYR saF@%dn@ﬁdﬁg bt8p RA GRirRes 4 BAlyantted 4dflo s@RAI N M xed
audio from speakers Cl and ut not speaker C3. Packets 1432, 1434 each

i ncl ude peldreskets h@ﬁ%&p@kenh@‘édermhfqhemiu@f‘om&an% L4 figlds candysaial geperating hr ee

active sp%gik g IS @ﬁ I L ive
speakers @2% v@no%eé of gﬂ% n Heg agglt%(t}g}s g1grﬁpﬁé}e%l flévl?‘ge létw%a %)f t he
packet. PabkkihiléIAS dntlIhShitalds. sequence | nf ormation O and | respectively
to indicate packet 1432 precedes packet 1434. FIG 15 is a diagramthat
illustrates exanpl e packet content after the
7. The method of claim 6, wherein said determining step (d) determines which
multicasted packets to forward to participants based on the information in the TAS and

IAS fields in the respective packet headers.

8. The method of claim 6, 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; and

determining whether the obtained CID value matches any CID value in the TAS
field of the packet, and if a match exits, determining whether the obtained CID value
matches any CID value in the IAS field of the packet, whereby, the packet is discarded
when a match exists between the obtained CID value and any CID value in the TAS field
and a match exists between the obtained CID value and any CID value in the IAS field.

9. The method of claim 8, 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 identical the packet can be
converted to a network packet, otherwise when the compared fields are not identical the

packet can be discarded.



packets of FIG 14 have been nulticasted and after they have been processed
into |P packets to be sent to appropriate conference call participants
according to the present invention. In particular, packe8 DA 2008422,

1432, 1402, 1414 are shown as they are nmulticast across each of SVCl- SVC64
and arrive at NIC 1020. As descri bedvﬁbove with respect to step 1381, NIC
1020 determ nes for each SVCl- SVC64 i'ch packets 1412, 1422, 1432, 1402,
1414 are appropriate to forward '2 8 DEC 2033 WD 03/ 003157 PCT/ US02/ 20359
N 18, 20mRE rth 6258 FONTRS BAGE: fidld: Ghatalls (edadibd-

Net wor k packets (e e ge acké;(ﬁse are tﬁen tgenerrate ty pac est&'f)rocessor
1070 and s¥ortmation, talné w}m&mesmal gmcratmgfs&péamnmaielsa;fmll}tmmepaudlo@treméfAs shown
in FIG 15, for. SVCl1, pa et 1412 and 1414 are deter ned. to he forwarded
to O basbirkeR havine padkeE diefad dunet heltid dud shadsted it rstie. s D or G
in the TAémfefa@ih skt (b bnérh@s hAst bf allyPaftedt fudist dideaBR bt ket hvingonver t ed
to netwo ackgt?ﬂ(s?% 1514. ﬁ{etvvo}rk packets 1512, %14 mcl%de t he
EP addr esB@ Ftlﬁﬁdqrwmtm)dwh@mu@ﬂcﬁmfoﬁwob from speakers C2 and C3 but
not speaker C 1. Packets 1512, 1514 have sequence information O and 1
respectiv et 1512 precedes packet 1514. For SVC2
(correspoﬁ |ng dthﬂqﬂgﬁé% "’gfelr artl ci pant C2), packet 1422 is determ ned
to be forvvarded to C2. Packet 1422 has the CID of C2 in the TAS field but
not the [IAS fig gencaﬁﬁ)%e&eplf@ ehé’ra&ﬁ"&vﬁg%iixéd) alkBh Warekm RFCpeRketd 2én  Net wor k

packet 1522 includes the I'P address of , seguence i nformation O,
and the packeichaxing ® paeksirheadem it Bamadawdim@sl tatpayiead gdudesmical agy SVC3

(correspo |1 _gparticipant C3), packet 1432 is determ ned
Lo be PR RN ER I L e o B8 the 7AS fiel d but

not the LAS field. Packet 1432 is converted to network packet 1532. Network

packet 1532 i tiﬁgestbi? (aﬂ@em@te@fa @ﬁ%m) mixAJeNe 8tredthobiat i on 0,
and the m xed au from speakers C and but not speaker C3. For SVC4

(cor r espoPRFKels €as cﬁﬂﬁk@r]@r‘{&@ wavkebélﬁadeeuaﬁémay@q wheemetor agp ppsialliet er i ned

to 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.
12.  The method of claim 1, further comprising:

processing packets determined to be forwarded in said determining step (d) into

network packets having network addresses of participants in the conference call; and
sending the network packets to the participants.

13, The method of claim 1, further comprising mixing audio received over a network

from participants in the conference call who are active speakers.

14, The method of claim 1, further comprising mixing audio received from an internal
audio source and audio received over a network from participants in the conference call

who are active speakers.

15. A conference bridge that processes audio in a conference call among participants,

comprising:




be forwarded to C4. Packet 1402 does not have the CIDof C4 in the TAS field

and the TAS and IAS fields are identical indicating a fuglyggpxgﬂﬁstreant
Packet 1402 is converted to network packet 1502. Networ 502
includes the IP address of ¢4 (C4ADDR), sequence information 0, and the

m xed audio fromall of the active spgakers C 1, C2, and C3. Each of the

ot her passive participants CS- C64 receive simlar packets. For exanple, for
SVC64 (corresponding to conference call participant C64), packet 1402 is

determ ned to feaded veuréledat %bnel@% -a fIA¢ kitkedlfdi én%aﬁl%}\{:ﬁéﬁe‘?éj geioyor k
packet 1503. Network packet 03 WO 037003157 2 DEt C'20 3 5 PCT/US02/ 20359

-53 i ncl ub@talphamigm aw@pes;@ams @m*mmackgemg pavketr headepand, and

t he nlxe&aﬁﬁﬂlo fromall of the active speakers G, C2, and C3. D. Contro
Logi ¢ and tional Enbodinments 5 10 15 26 25 Functionality descri bed above
with respect to the operation of conference bridge 1000 (including
conference cal § swig@nhnd 010, NI C 1020, switch 1030, audio source 1040, and
mul ti-caster 1050) can be inplenented in control logic. Such control |ogic
can be inplenented in software, firmmvare, hardware or any conbination

t hereof . | n onengiwbtkdntesface cagitrelleri but ed conference bridge 1000 is

i npl emented in a nmedi a server such as nedi a server 202. I n one enbodi nent,

di stributed copf er ence b iS i Ienent audi o pr

o1 5t 1 orm 530, “VRURPGRE RLcha FoR e esp ORI epiE e o EolRt REF S0 auai o
feat ure nMaRR@SSurcdd saitils&witdl QuriRf EdrBisrisedls mulRafigt Wy k i nterface functions of
NI C 1020 and packet processors 307 carry out the function of packet

processor 1070. Switch 304 is replaced with switch 1030 and nulticaster
1050. Any of awblt':remsﬁ@ut mel;waﬂ@ wakicastaeach packet tith thef fuly tniiged addiastieam sour ce

ﬁgjg' bg/len u?tlb dJartlally fnix %1!1 1'0 %trgarrg)sqg the IQCttvsvorcl)( m%eﬁ%ée B ﬁer ancrl il tion

network interface controller determines which multicasted packets to forward based on

packet header information in the respective packets.

16.  The conference bridge of claim 15, further comprising a conference call agent that

initiates a conference call among the participants,

17.  The conference bridge of claim 16, further comprising a storage device that stores
conference identifier information (CID) and network address information associated with

each participant in the established conference call.

18.  The conference bridge of claim 17, wherein said storage device comprises a look-

up table.

19. The conference bridge of claim 17, wherein said network interface controller
assigns switched virtual circuits (SVCs) to respective participants in the initiated
conference call, and said storage device stores said CID and network address information
such that said CID and network address information for each participant can be retrieved

based on a respective assigned SVC.




above, it should be understood that they have been presented by way of
exanple only, and not |limtation. It will be understoog[ﬁ%ﬁﬁh?ﬁg skilled in
the art that various changes in formand details nay be rein

wi t hout departing from the spirit and scope of the invention as defined in
t he appended clains. Thus, the breadtdy and scope of the present invention
should not be limted by any of the "above-described exenplary enbodi nents,
but should be defined only in accordance with the follow ng clainms and

their equpyal eﬁﬁécon@&e&e%n@?@ogglgﬁn IF%M shi® afthd! sWirlde romitdrs e‘ﬁ‘e&gtnb()d for

processing audio in a conference call’ among participants, conprising: (a)
gener at i nglbamfdjaucym nircaonh @ﬁﬂhﬂ pagicirens) afd deokons, a eaoberpdaictve bpeekary a

packet r and payl b) generating a set of partially m xed audio
st reans o ‘i&}ﬁ}%{l%‘é& havi ng a packet header and payl oad; (c)

mul ticasting each packet |n the fully m xed audi o stream and the set of

parti al | v xehatitiaesicnFRIS of Afith $6lvILRAE LA Phoker HALGY gBRtkikEBpLARS packet s

to forward based on packet header information in the resSpective packets. 2.
The net hoarded saired have activy speeker dolepmativinrigsedoon the detcnsmed ngmbpsof(afivand (b):

BT i e R T M T T

associ at efbrwhidho @agftigaatst basédamthel dttitd epdakértihfonasti O e enpectivalpackeB. The
nmet hod of claim 2, further conprising: assigning switched virtual circuits

(SVGCs) toh‘?aégfﬁectl ve participants in the conference call; wherein said
storing step further includes storing said CID and network addr ess

| nformation Can}thbthx?fte Sl & gﬁ% o?“cﬂmﬂmetz‘{‘“%el%%d 55 3l § ﬁeqﬁéd %\Efm‘&ﬁoﬁa”‘

partici pan S Tt T eved®hased on“a respectlve assi
met hod of campmsm TASf atrdtn&es ﬁeldsrmnldssamgnemmkl 1hmrﬂamcmtlgydetﬁmmﬂsauma1 audi o

t f t 5 -5 t f
Ao R WIS S
IAS fields in the respective packet headers.

23.  The conference bridge of claim 22, wherein said packet headers generated by said

audio source further include sequence information.

24.  The conference bridge of claim 15, wherein said fully mixed audio stream of
packets have payloads which include mixed audio from at least three 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.
25.  The conference bridge of claim 15, further comprising:

a packet processor that processes packets determined to be forwarded into

network packets having network addresses of participants in the conference call.

26.  The conference bridge of claim 15, wherein said audio source mixes audio

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



5. The method of claim4, wherein said generating steps (a) and (b) generate
packet headers having active speaker information based onzjghg dei@rn‘i ned
nunber of active speakers, and said determ ning step (d) t BEGi ¢088 whi ch
mul ti casted packets to forward to participants based on the active speaker
information in the respective packet aders. 6. The nethod of claim§5,
wherein the active speaker information’conprises TAS and |AS fields, and
wherein said generating step (a) generates a fully m xed audi o stream of
packets hayi ngTﬂ@%Kﬁferéﬂ@@%?iﬁge W Gdind rl‘?,l Hﬂ@raﬂfﬁ%:&’h%ld“ olrk& nfifes A0f, sai d
generating step (b) generat8s a set of partially mxed audi 0 Streans of
packet s heeeeimed dookedn hsemiel sudinhsoincel and wddioTASeixad] dvas af inetwask fiom The

met hod of cl.aim 6 t\q/nerefin saiﬂ eterrn'nin%f(tep (d) determ nes which

mul ti cast BIUEREBR{nsthe sonterenes lly opaé??‘it’é(ieﬁg YSphased on the information in
the TAS and I|AS fields in the respective packet headers. 8. The nethod of
claim6, wherepn sl £8t 8fottNRinBd asdisPin( d) | : ach
packet being pr_ocy}ztésed at 56(1)@%%0@,[ ﬁg&gtlgpg 8{’*%%?% ncﬁgg&gb%e%baﬁal ag%for t he
SVC, and ecemgstighi ng whet her the obtained CI D value matches any CID value in
the TAS field of the packet, and if a match exits, determ ning whether the
obt ai ned CI D val ue ches any CI.D value in.the | AS field of the packet,
wher eby, the p@iﬂ’é?anf %8@?&4‘&&%& f eﬂméf’%nﬂ'{bé% sisany of 3kt fach MackSht ai ned
Cl D val uehamgh kéiH2adectlaH@piyloddne TAS field and a match exists between the
obtai ned CI D val ue and any IC):I D value in the AS field. 9. The nethod of
claim@8, further conprising, when a match does not exist between the

obt ai ned Cl D vé) neeanhtbrageyerdliny ¥ attud partiallyenikéBaidielstteiis of pmkéteteackconpari ng
the TAS and |LAS. fields re n the conpared fields are identical the
packet cah® %thagg‘ﬁ\?é’la?lé%h\f,\%e%a%ﬁ%% packet, otherwi se when the conpared
fields are not identical the packet can be discarded. 2 8 DEC 2005 -56 14.
The nethod of @) Hesfor MARIBhthgtdagh PR&KSH theRASmMikdd LR stidfnl dd SR stequence
informati on, and wherein said generating step {(a) generates a fully m xed
audi o st retpartly mizedeudio izgamsgandacket headers which include the sequence
information, and said generating step (b) generates a set of partially

m xed audi o streans o ackets hawi acket header.ss which include the
sequence i nf or@gm%ﬂs. FOI%?te‘i‘ﬂ’é"%‘?miﬁgrB‘FtP"@ftﬁ‘?H’i‘cff’ts\%é‘?@iaﬁd g%gﬁii Sné’éﬁiﬂ ating
step (a) Bederiafoemator lthe/rebposare paelét stream of packets, each packet

havi ng a packet header and payl oad, wherein the payl oad includes m xed audio

29. A media server for use in a VOIP network, comprising:

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,
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




fromat |east three active speakers; and said generating step (b) generates
a set of partially m xed audi o streans of packets, each pack ﬁﬁhaving a
packet header and payl oad, wherein for each partially 28 Vel 2' i 0 stream of
packets the payl oad includes m xed audio fromthe at |east three active
speakers mnus the audio of a respecguﬁﬁ reci pient active speaker. 12. The
nmet hod of claim 1, further conprising: processing packets determned to be
forwarded in said determning step (d) into network packets havi ng network
addresses of pghdrkii daﬁﬁﬁﬁmcast&muﬁie&ft@éa%ﬂgﬁcl&?hﬂ the2ffl %ﬁ?gd gib Rfcdgt work
packets to the participants. 13. The neth 0 cIa|n1{, urther conprising
m xi ng aughdothe getedfipadiablyanixed mediowsiréamsfto die pawoikcinafatscantrotltre anbsdidr ence

call who are active speakers., 14.. The th of .claim 1, .further conprising
ni xi ng aua?t‘gor%el éalrga %IQ?'%f)oﬂeéﬁetf"ﬁ?lg?sngpgﬁdﬁ”ﬁﬁ‘basggﬁraﬁ Etsaﬁ)dfoéﬁﬁ‘idg’afﬁﬁ‘é’f ved over
a net wor kpdckevhepdur tinfoiraivhsn ke rbdpactoRpheetice call who are active speakers.
15. A conference bridge that processes audio in a conference call anong
participants, conprising: 2 8 DEC 2005 -57 an audi o source that generates a
fully m x&y au-élifﬁentg@d E&xmaagelgsaly leatitshiap dudioguovidéd opantdgedss pudiv ebannglidi o

streans o packet having a packet header and payload; a
sw tch; anc gqﬁg%ﬁ%fﬁﬂﬁﬁﬁg face controller, wherein said switch is coupl ed

bet ween said network interface controller and said audio source and said

switch further(af gaierdtmngs FrstMldid SRSHEST eghR€ pidkefsabthe difbsdMidié simhar
mul ti casts each packet in the fully m xed audio stream and the set of

parti al | yWheIRBd caglid peresst peckats incdudepea paylaest leairying rdudice apdraontpl deadennd sai d
net wor k iﬂ&ﬁﬁ%ﬁ&@ controller determ nes which nulticasted packets to forward
based on packet 'header information in the respective packets. 16. The
conference bridge of claim15, further conprising a conference call agent
that initiated)awichihgaadcelicaing NGt hitko Raedn ¢b pairkSnetd-érk hhgfacoNf er ence
bridge of clajm 16, further conprisjing a storage device that stores

conf er encEPnTQEsHASscEAted With hegereshaydes %}an&ﬂd networ k address i nformation

associated wwth each participant in the established conference call. 18.

The confer ence(CS) rgjetqé}gtir{g aCJeétHﬁ] é]l]dio \@H‘gz{n? iorf' esg?ésg p%El?ertse,lg\ghqulw &éh Ce%FEQ£ Ises a

| ook-
packet includes a payload carrying audio and control header information;

{d) switching and delivering said second audio stream to the 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.
31.  The method of claim 30, 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 channel

over the network.




up table. 19. The conference bridge of claim17, wherein said network |

interface controller assigns switched virtual circuits (SVCs) to respective
participants in the initiated conference call, and saizéngZ?g‘rdevice
stores said CID and network address information such t ' | D and
networ k address information for each %grt|0|pant can be retrieved based on
a respective assigned SVC. 2 0 DEC 20 58 20. The conference bridge of
claim15, wherein said audio source nonitors energy in inbound audio
streanms of,therpar I 1 a nunber of active speakers
based on %%e nDnlt%?ggggﬁgﬁjM?%QTE$¥ﬁé&%%ﬁ$erence bridge of claim 20,
wherei n said packet headers generated by said audio source have active

speaker i nf or npdckerivirpasied lower tporite bedioi steemniebRitcOfn 8l egresspPeaker s, and
said network interface ﬁontroller determ nes which nmulticasted packets to

forward t ¥538Yy of RacKeH M glopized headgicinformation axheretiyn sichipnized headet he
respect i venaakish is ﬁi‘)@&%ﬂg{)re%&ve&r H‘leIPﬁﬁE!ze?sr & ﬁlt@g q%qg ?ére%» (fghmc%érmey\’her ein

the active speaker infor Ion conprises sai d
net wor k |meertlfﬂa@emrkrfmmtkﬂoeﬁrombbélruﬁthrm*st/dmdehconmahdmcs&sarmd packets to
forward to participants based on the information in said TAS and |AS fields

in the respectjve heagders. 23. The conference bridge of claim 22,
wher ei n sg? @m?ﬁﬂ‘iaé‘é AUther GOMPRS%AI d  audi o source further include
sequence information. 24. The conference bridge of claim15, wherein said

P o xed AUty BNl audRARKEN b BAYR AANIORRAUILAD diacl ude i xed audi o

fromat |east three ctlve spea parti y m xed audi o stream
of packets in said set have payl oads which include m xed audio fromthe at

| east three amdnvmisgeladmrwndrhudﬂs strév@n aflerossqfackets RAP e&ohy ells; et
active speake 25. Th conf erence pridge of claim 15, further conprising: a

packet pr3¢ §‘§‘6‘ih"%g”|%f?p ) GEEEES syAehing éheo@%?rltﬁdrfgat tedls tea SYGasserdted nt o
networ k Paglahe diavi MddelkRd, A06RASRAA A 8] Bl TARng Rl €T ence

call. 26. The conference bridge of clalm15 ource m xes
audi o r ecanveued ssoend callﬂ@tmswﬁasmwwnlmﬂpagtess audid ¢tenognf er ence call who
are active speakers. 2 8 DEC 2005 -59 27. The conference bridge of claim 15,

wher ei n S?‘l.d a"l']lg:I method of Salm ) leswh%ye% gald synchronized header information comprises

valid RTP information.
35.  The methed of claim 31, further comprising;

(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.

36. 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;

switching the converted cells to a switched virtual circuit (SVC) associated with

the egress audio channel;




-
received froman internal audio source and audi o received over a network
from participants in the conference call who are activ pqarake_rﬁ 28. A
system for processing audio in a conference call anong a@t 6a§qs
conprising: (a) neans for generating a fully m xed audi o stream of packets,
each packet having a packet header and payl oad; (b) nmeans for generating a
set of partially mxed audio streanms of packets, each packet having a
packet header and payload; (c) neans for mnulticasting each packet in the

fully m xed a%m@eﬁhé%@ﬂe&%sﬁﬁkm%ea%afotétl%ﬁ%fg‘%% &agkidi;0 streanms; and
(d) means for deternining which nmulticasted packets To forward based on

packet header information in the respective packets. 29. A nedia server for
use in a VO P peeketizitg theampiol Sfean. toarelites an obiptieegressrfudioesicambefi ghgleets hat

processes a dio,in nce .call ;anong participants, said distributed
conf er enc ¥t Symgleen Hﬁﬂ%f"i‘ rH§°mEH °L, 70 source that generates a fully nixed

audi o stream of packets and a set of partially m xed audi o streans of

packets, each IPQ'EMmQQ'}é' d?.lgplfi‘ e Q%Hlmgﬁ fof ﬁMets%%h@@%essaauﬁw dhkher and a

network i nterface contr ereln sald swtch is co bet ween sai d
net wor k imeelaﬁlan'@rbmlnozﬂdfehemm&an@e fastdudicsswurcee and said switch further
conprises a nulticaster; and 2 8 DEC 2005 -60 wherein sai d mul ticaster

mJIticast eac i.n, th fuI .m' d audi o stream e set of

Tt Srr T eI ERGHE0 o Piias: yhein ML SsPiatng sBp b it AS sFEm g sai d
net wor k 'M@Eés@?fck@@m ﬂﬁ'sb&fnd%&%@ﬂhr@@&fé&ﬂoﬁ& wudlchiieasited packets to forward
based on packet header information in the respective packets. 30. A nethod

for noiselessly switching audi o provided on an egress audi o channel over a
net wor k, 8®nprTisd mgthod af cliem eibawherginosaid geieratingstop genaatns af aedje essanpac ket s

for the e h k | oad
carryi g SLAGS BABATOTCHLHED SR ARPPER. o Ao S0 TehE AGUAAGTREI | ver | ng
sai d firsbf gielspatkdte MBNidgda fypeSIf dudioidetddirsi @ tdast GRS Alitgmagsoci at ed

with the egress audi o channel;
tones, or sound.

39.  The method of claim 38, further comprising generating the call event based on at
least one of the following conditions: an emergency condition, a call signaling condition,

a call event based on callee or caller information, or a request for audio information.

40.  The method of claim 38, further comprising generating the call event based on a
request for audio information, wherein the request for audio information includes at least

one of a request for advertisements, news, sports, financial, music or other audio content.

41, A method for introducing noiseless switch over audio for voice over the Internet

(VOIP) telephone calls, comprising:

establishing a VOIP telephone call between a destination device and a media

Server,
setting priority information for a first audio source;

delivering a first audio stream of egress packets that includes the set priority

information;




(c) generating a second audi o stream of egress packets, wherein each egress
packet includes a payload carrying audio and control hea eé ﬁ%?ti on; (d)
switching and delivering said second audio streamto the&¥r hor k
interface controller associated with the egress audi o channel; and (e)
evaluating the relative priority of th% first and second audi o streans based
on priority information in the cont r'd¥ header information of the egr ess
packets to determine which of the first and second audio streans is a

hi gher priorit .0 Str ] ' . ress_audi g _channel over
the net wor k. AcieHffifle 8 GRSyl ARSELto I NI HESIESRIE ng T ne
hi gher proworiatdiogandi 0 streamto create an output egress audio stream of
packets with synchroni zed header information; and transmtting the output

egress audi o stream of packets on the egress audi o channel over the
network. 2 8 DEECSHOS a ¢l event thab inghides goiseless| ayitth3orer pudie tréhenctbergall si ng:

packeti zi ggh.t Eet R&J Qi ' : ..Qu ss audio
st ream of pgckete S \;thgh jyncLcrg%?l?%%’2%@%??%@?‘?%%@%%%@%&? feHof
synchr oni weeivingadseless sWiwhmeei amdia. s noi sel essly preserved in | P packets
transmtted on the egress audi o channel over the network for audio from
both of th fitst aﬂd second, audi o.streans. 33. The nethod of claim 30,
further c%ﬁpr' hegethed aldpim ly wheeein said progesaing step inchidest egress packets into
first cells; and converting the second audi o stream of egress packets into
second cells; M%ﬁ’ i I@g{] i i SW t.chi ng the
converted first ce 1§gP§6’1‘g9 a@isbgglgrattﬁég&s‘\g}mg%ﬁ&?ﬁggteg?ig%@y\%ﬁdi o channel,
and said switching step (d) conprises switching the converted second cells
to the SVC asstpanismiteilg iet ividelias egitessverdddio is kaoopht auddo stfdac dEjakds of cl aim
3l, wherejn, sai dbsﬁgfhr(}ni zed header inforpation conprises valid RTP
i nf or mat i Wnthe seablished YOIR sejepirone icall whan therdptermaned puiopty wiermatipn fordhs er ni ni ng
synchr oni &gl & Bwiter 89L: dufhs TRAA IndiDhe S8y ItSimaibit br AirsP AN audi o
streans prior tgwtransrﬁtuti ns P packetg cg[ﬁjtoghut ng ffuldﬁo paylrga s of the
respecti vérepinr st and second audi o streans on the egress audi o channel over
the network. 36. A nethod for noiselessly swtching audio froma second
audi o sourgce to an ess . audi.o channel  already carrying audio froma first
audi o sou?ie, @}ﬁﬂ}?‘ﬁ&ﬁ H&ﬁalﬁbﬁgﬁéﬁ}leﬁ&’%ﬁ’f‘%i o stream of egress packets at
t he second audi o source;

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;

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

transmitting the output audio stream of packets on the egress audio channel in the
established VOIP telephone call over a network in place of the audio from the first audio

source.




converting the audi o stream of egress packets into cells; swtching the
converted cells to a swtched virtual circuit (SVC) associated wth the
egress audi o channel; 2 8 DEC 2005 -62- converting the sw tcgead Eell, ~back
to the audi o stream of egress packets; packetizing the audi p Bati“Po
create an out put egress audio stream_%f4_packets Wi th synchroni zed header
information; and transmtting the output egress audi o stream of packets on
the egress audi o channel over a network in place of the audio fromthe
first audjp SoNr&Slemdfor nbiRles®y BRfciRhg Ghdlb Prdlded DL LR Bre3ftafdig R&LRI | Ng step
generates an audiio stream of ‘egress packets at the second audio source in
response ©Yeranetyark,cwpmprisings. The net hod of claim 36, wherein said
generating step generates an audi o stream of egress packets at the second
audi o source iF espons %18 a call event, the audio stream of egress
packets i ncl ud'ﬁg""ﬁiﬁ“%@ 1944i°6%sel ect ed from at | east one of voi ce,
musi c, tones, or sound. 39. The nethod of claim 38, further conprising
generating the, Gakdh RUBIRE td@AE HrsPihdecoddeRaio BBReQhind e fol 1 owi ng
conditions: an enmergency condition, a call signaling condition, a call
event based on callee or caller information, or a request for audio

i nformati on. 4OnetWhek inetfacocomtrolitraionpldBio daidk tvheh, wharpini si ng generating the
call event based on a request for audio information, wherein the request

for audio inforpation includes at | east one of a request for
adverti sement sSaih &8 audigosquece gonARHRS; a first HiTp ST ATHREeSs P T BRBR . 41, A

met Nod T OgerkdIth @UGaRG%L\Ph&GEhGash éggiegﬁgdappe{%d@aegia}apgad YR QUES ahdie
| nt er net VA P) tel ephone calls, conprising: estdblishing a” VO P tel ephone
cal | bet wemrrohhehdstt infeammation,devi ce and a nedi a server; setting priority
information for a first audio source; delivering a first audio stream of
egress packets técrat i ncl ydes the set $riority i nf or mat i&?n; 2 8 C 2005 -63
det ermini ng a ¥t FEOPQIAE W INCT ELEES to© i udify Sirgam FECRPGT 5
noi sel ess wh¥enC BachO¥gressa PaliKe; iﬁd?ﬁhe@ré)%?@hd‘gzaﬁ?iﬁ@ dudfy QA8 dodbl ihesdepdes
noi sel ess switch over audi o when the call status determning step indicates
t he est abinfermation@np saisl syitsbriaviiches sajds figst audielisdeans of egress packets and said

second audio stream of egress packets for delivery to said network interface controller

which controls the transmission of synchronous packets carrying audio from the first and

second audio streams on the egress audio channel over the network.
45.  The system of claim 44, further comprising:

an egress audio controller coupled to said second audio source, wherein said
egress audio controller sends a control signal to said second audio source to initiate the

generation of said second audio stream.

46.  The system of claim 45, wherein said egress audio controller is further coupled to
said first audio source, said switch, and said network interface 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 signal to said network interface controller as being



recei ving noi sel ess switch over audio. 42. The nethod of claim4l, wherein
sai d processing step includes: determning priority inf c?'egab'gﬁnn,,fpr t he

noi sel ess switch over audio; and transmtting the noisel%eSs i ﬂ@ﬁ over
audi o in an output audi o stream of packets in the established VOP

t el ephone call when the determned prigrity information for the noiseless
swtch over audio is greater than the Set priority information of the first
audio stream 43. The nethod of claim42, further conprising: generating a
second augi.Q.: . qﬁﬁﬁ : [ I audi o
stream ha\glh:sgag‘t{eﬂgﬁnmo?égg%égﬁg%gﬁ) C O\S/Cg%&naegg?sg&lg% p‘g@{fié%dgs;?%é%ﬁ%ie&bﬁ\g t he
second audttlephete @fim of egress packets into cells; swtching the converted
cells to a SVC associated with an egress audi o channel of the established
VO P tel eBhone call; converting the switched cells back to the second audio
st ream of 2&gr e58e paterbelsclaigdo theximepid paresaudioroatolle is furhansanpled to
synchroni I romt.| 1 Q. c%lrﬁpe@; . j t f
packet s |§1£? 12{3 gg?ggf)%ﬁ’e V‘kcllpélgel%gf“gp oneg%&la{;]ﬁ?rﬂgbﬁllgy%ﬁnggg%&@isféﬁ? I’tlg out put
audi o st r emdnfioft apdckedrsl awid beresyrte sst pustity icfoanaien inrsatdfirst esd abidhed VO P
t el ephone_cal |, _over a network in place of the audio fromthe first audio
source. 22E'HEE05 - 64 44. A system for noisel essly switching audio

provi ded on an egress audi o channel over a network, conprising: first and
second auggo s ’ fi4:C - S ' {0
sources; and aﬂ;\itgﬁsgernli%if%\tmé]?lf?éggglgéﬁf%g‘}pﬁé@gc%t}%&egh% ?Qg(ae;f?@\?\ng?gﬂgkmg ein
sai d fir sgengradisolPspaskete hgemgrayndgomzdd heademinformasion @adnaoflioegpybmds,pheket s f or

the egress;. B0 .channel erei n.each eqgre. acket includes a payl oad
carrying %‘Edé‘? ggé%ag > m&@“ﬁ%ﬂ"@%‘?&k’rﬂ% ?ﬂ’%?@ﬁf?@?ﬁf&sﬂa gecgnd 8\’1%0 GRS sour ce
generates a second audi o stream of egress packets, wherein each egress

packet i ngd udeshasyaein @@@]aﬁﬁr@¥w}ﬂreﬁﬂgﬂi6’ neRébrk MRERle DRBIRE dynBhREMRTI ON,
and said switch switches said first audio stream of egress packets and said

second autlestssyhishof dhe Bgpaskets tmbreamit based g thevestajive prigriydofitbe fiostland nt er f ace
control | eg., e'aﬁllﬂocs?r@iﬂig‘l fnd Gﬁue{?ﬁggﬁm s%ffftcﬁ ncoﬁq&aﬁ?éﬂ's”% 1,900 %%ril%ﬁlcokrgz? %el?ar rying

audio fromt Irst and secon o strea 0 e egress au channel
over the sweitohor k.

50.  The system of claim 44, wherein at least one of said first audio source and said
second audio source internally generates the audio for said respective first and second

audio streams.

51, The system of claim 44, wherein at least one of said first audio source and said
second audio source converts audio from an external source to generate the audio for said

respective first and second audio streams.

52. A system for noiselessly switching audio from a first audio source to a second
audio source on an egress audio channel already carrying audio from the first audio

source, comprising:

means for generating an audio stream of egress packets at the second audio

source;

means for converting the audio stream of egress packets into cells;




45. The system of claim44, further conprising: an egress audio controller
coupl ed to said second audi o source, wherein said egresy @qﬂyoﬂﬁyptroller
sends a control signal to said second audio source to initiate t

generation of said second audio stream 46. The system of claim45, wherein
said egress audio controller is furthq; coupled to said first audi o source,
said switch, and said network |nterface controller, and wherein said egress
audi o control l er sends a control signal to said first audio source to

initiate the genRret é\ﬂfbhﬁ-fg ihebehvEhEPLeIRUSTh SVRUEERUDET MBI hiliephone

call is established, sends a control signal to said switch identifying said
net wor k i phaan¢élace controller as being associated wth an egress audio
out put channel associated with the established VOP telephone call, and

sends a control sig to said netwo er f ontroller as .being 2 8 DEC
3005 - 65 as ocTERsgTa Ve grbss ik bubish SR SSCIE SR (b t he
establ i shggtkMe) P tel ephone call. 47. The system of claim 46, wherein said
egress audi o controller is further coupled to said first audio source, and
wherein said egress audio controller sends control signals to said first
and second audineansdor pasketizing e apdiostreany o ereaje paoilpot ¢gressaudiofstream ofind
second audgo streans 48. The system of claim 44, further conprising at

| east onePPAERE" processor that generates |P packets having synchronized
header infornatlon and audi o payl oads, the audio payl oads includi ng audio
payl oads carri ggadsnfop Faflsthittind! the HltpUE eRREL AN Qtrédnt %ﬁ kefs%n tHeeegpasst em of
claim48, wherein said networ |nterface controller nanlcally sel ects

whi ch of ausho ¢lrnpeloiver snetwork iamiase of thggudio drom the fm@laa%/lp@@urpm ority of the
first and second audio streans; and wherein said smntch conprlses a packet
switch or cel | f claim st one
of said f Pt ARFENSE Mimediting SR Sish avEL P el Gt Derlaperyt

gener at es(vOP) aleitoné odlisseuntprisggpect i ve first and second audio streans 51.
The system of claim44, wherein at |east one of said first audio source and
said second audio source converts audio froman external source to generate
the audi o for mains for estdishinge YOHstelephehescall detivegn @i desknationdsviceand A syst em
for n0|sele %klvsmntchlng audio froma first audio source to a second audio
source on™%§ egrgss audi o channel already carrying audio fromthe first
audi o source, conprising:

means for setting priority information for a first audio source and a second audio

SQurce,

means for delivering first and second audio streams of egress packets that include

the respective 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 an audio stream noiselessly
switched between the first and second audio streams based on the set priority information
when the call status determining step indicates the established VOIP telephone call is a

candidate for receiving noiseless switch over audio.

54,  The system of claim 53, wherein said processing means includes:




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;
2 8 DEC 2005 -66 neans for switching the converted cells tanftDz\ACq >soci at ed
with the egress audio channel; neans for converting the sw | s back
to the audi o stream of egress packets;, nmeans for packetizing the audio
streamto create an output egress aud*g ‘stream of packets; and neans for
transmtting the output egress audi o stream of packets on the egress audio
channel over [ our ce.

S3. A syst om 1BeREeE SsenRbANRiahy 1SRl tef I8 TGiaRer LBl BUEBIREVDS: e
| nt er net at(d/ﬂleﬁ)s ﬁ)etrmslmmmgabé hmselmmwﬁtb]sbmg audi®ain anfautpwe atudiblstredm g a VO P

t el ephone ¢ bet ween .a dest, nati.op device erv ns for
setting pP 3?*?#9"%“%83?%%%4 TR cYaishe YRUP JoERtoBh A hygi o
sour ce; nﬁﬁmthfe%teﬂﬁiﬂea%bﬁsj ihfokRhticH@r BRGMNh dud RdR! ik GRAEr Han ke K8 S
packets that include he respective set priority information; nmeans for

det er mi ni ngorayelabnnaétoamﬁﬁlwﬁrmudwe@n to availability of receiving
noi sel ess svvitch over audi o; and neans for processing a call event that

i ncl udes .gféo sttre n0| S|%/ swi tched between the first and second
audi o str %%faeHh “&?‘F‘b AMRISINEF or mat i on when the cal |l status
deterninlng step |nd|cates the established VO P tel ephone call is a

candi date for feeRi i DehePRing® fendMAS BrQKEbS ?EQLIS acléi‘s atd)§ecONE hfiy of claim
53, wherein said processing neans 1 ncludes: 5 -67 nmeans for

det er mi ni saprgsy; theraudip sm#mhmngdwriowles&heevmbmsm s ls\praylo#dsover audi o; and
means for transmtting the noiseless switch over audio in an output audio

st ream of ackets aV| n chroni,zed. header i nf or ian in the established
VO Pt e ephonc B o! SRHRRFUEH e ATIBITEAT BF P55 PRTRSIA SHS or ¢ he swi t ch

over audio is greater than the set priority information of the first audio
stream means for switching the converted cells to a SVC associated with an egress audio

channel of the established VOIP telephone call;

means for converting the switched cells back to the second audio stream of egress

packets;

means for packetizing the second audio stream to create the output audio stream

of packets in the established VOIP telephone call; and

means for transmitting the output audio stream of packets on the egress audio
channel in the established VOIP telephone call over a network in place of the audio from

the first audio source.

56. 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 channel to a

destination device;




55. The system of claim54, further conprising: neans for generating a
second audi o stream of egress packets at a second audio source, the audio

stream havi ng t he noi sel ess switch over audio in payl oadz; Zﬁ.an &
converting the second audi o stream of egress packets int 8c s ans for

switching the converted cells to a SV% associ ated with an egress audio
channel of the established VOP tel eph(§ne call; nmeans for converting the
switched cells back to the second audi o stream of egress packets; neans for

packeti zi ng th@ggﬁgﬂ%ﬁg@;epaﬁggﬁl%g ohfFreate the output audio stream of
packets in the establ i'shed VO P tel ephone call; and means for transmitting

the output audi o stream of packets on the egress audio channel in the
establ i shed VdIp mbmpﬁmeucﬁalfdonomerselactadahmhét audiopdoacce infan tohgpuaadii® from

the first audio so 6. nmet h i sel.ess swi tching between audio
sour ces i fff cém\/&flfa &‘S AB gq}‘?ﬁ‘?ﬂ('ﬂor@"éﬁ‘%‘bt"i"néﬁl €otree g@ﬁf% ce; (B)
transmttbmnaqgug(fegtgm,mgeﬁ@é ected one audi o source in an output audio
stream of packets with synchroni zed header information on an egress audio

channel to a destination device, 28 DEC 2005 -68 (C) selecting another
audi o soufbte; 'ﬁlnmlm(elh))dtorf ahamisnt Whge'au&jb @ndth@mudlwesoseiee?omdsamtlntymahudi 0

sour ce |n out stream of packets with.s n| zed heade

ofor mat | i AoURE wlhfiri: SEPATh SRR S bR R AP SRS . 57
The net hogkre@fn ¢ bl{&ﬁ;ﬁugr\t@ﬁi@tr&sﬁh&n@@@bfoﬂ audi 0 source conprises an
internal audio source, and further conprising generating audio payloads for

the output audio stream of packets prior to said transmtting step (B). 58.
The met hof8.of Theinmhd of wlaam 6nwhereinghe atngher audio soutse compuypnicsemain

external audio sour ce nd further c riSi t a oads for
The oo pup G P uRE R eftRr hMhETE RPERnE AR PAAGAS GE b0 BEKS
external s packere mfm QP packesdpcheratddadihit ekien@l ahdip sOike pbidr tohsaidt hod,

conpri si ng (A&}Pt ransm tt| ng audi o from one audi o source in an out put audi o
st r eam of UrpnEBKEing step (B

59. 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 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.
60. 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




w th synchroni zed header information on an egress audi o channel to a
destination device; and (B) transmtting audio from anot}gﬁr LF-Bd' ndent
audi o source in an output audio stream of packets with s cl[} V] d header
information on the sanme egress audio channel to the destination device, |
whereby a user at the destination devige perceives a noiseless switch over
bet ween transnitted audi o fromindependent audio sources in a VO P network.
60. A system conprising: (A rreans for transmtting audio from one audi o
source in an oy PbardUet Radiiif RAFKEIoteb o SR 6ARb 26k DAY
information on an egress audi o anne a de nat i on evice, and 2 8 DEC
2005 -69 ¢Wputrpidiosstfeam dfipacksats with nglcmmmmdﬂmﬂcr anfodagion |ondhqamntbeergresaud| )

source in a u t. aydi treamof S vvlth S hro lzed
s et 1 e AR o B R T ios? eRenR, 215 RE O GRRR L eRES | co
wher eby ap@t&ﬁfresai rforsele@besmtaabv@nbawerpﬁansaﬂﬁ@demycﬁ@ fronf GhdepbiRfeit 8iMié ch over

between transm tted audio fromindependent audio sources in a VOP network.
sources in a VOIP network.




