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(57) ABSTRACT 

Amethod of large-scale fault-tolerant audio conferencing in 
an audio conferencing system using a purely packet 
sWitched network. An endpoint places a call to a conference 
gatekeeper indicating an audio conference. The conference 
gatekeeper determines Whether the call contains sufficient 
information to establish the audio conference. If there is 
insufficient information, the endpoint is connected to an IVR 
server that obtains sufficient information from the endpoint. 
Either Way, a CACS selects an MCU hosting or that Will host 
the audio conference. The CACS then responds to the 
endpoint With routing instructions indicating the selected 
MCU and the endpoint connects or transfers to the selected 
MCU. The MCU mixes input from all endpoints in the audio 
conference to form a voice stream, Which is then returned to 
each endpoint in the audio conference. Audio conference 
participants can dial-out from the MCU to bring additional 
participants into the audio conference. Once established, the 
audio conference supports full service audio conferencing. 
In addition, dynamic routing permits an operator to service 
multiple MCUs, and an audio conference participant and/or 
an entire audio conference to be moved betWeen MCUs. The 
audio conference can also be broadcast from a streaming 
protocol server to passive participants. 
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LARGE-SCALE, FAULT-TOLERANT AUDIO 
CONFERENCING IN A PURELY 
PACKET-SWITCHED NETWORK 

BACKGROUND OF THE INVENTION 

[0001] 1. Related Application 

[0002] This application is related to co-oWned US. Patent 
Application entitled LARGE-SCALE, FAULT-TOLERAN T 
AUDIO CONFERENCING OVER A HYBRID NET 
WORK, ?led on the same date as this application. 

[0003] 2. Field of the Invention 

[0004] The present invention relates generally to the ?eld 
of packet-sWitched netWork audio conferencing. More spe 
ci?cally, the present invention discloses a method for large 
scale, fault-tolerant audio conferencing in a purely packet 
sWitched netWork. 

[0005] 3. Statement of the Problem 

[0006] The most common method to route calls for an 
audio conference is to control a local sWitch in a GSTN 
(globally sWitched telephony network). That is, a physical 
point-to-point connection is made betWeen each piece of 
equipment in the netWork to create an overall point-to-point 
audio connection for the call. HoWever, such a sWitch 
controlled application can only route calls to devices con 
nected to the sWitch, limiting the overall siZe of the system 
and limiting the geographic distribution of multipoint con 
trol units (MCUs) Within the system. In addition, call 
transfer (e.g., from one MCU to another) requires that the 
connection from the sWitch to the neW endpoint be estab 
lished and the path to the transferring endpoint be torn doWn, 
thus limiting its use in a large-scale audio conferencing 
system. 

[0007] Another conventional method to route calls for an 
audio conference is to interface With the netWork signaling 
layer (SS7/C7) directly. 
[0008] Packet-sWitched call routing, on the other hand, 
facilitates dynamic call routing and call transfer during a 
call. That is, no dedicated point-to-point connection is 
required in a packet-sWitched netWork. Each packet, includ 
ing the call data and associated control, is sent individually 
to a destination address and the physical route taken from 
one endpoint to another can vary from packet to packet, 
eliminating the need for a dedicated circuit for each call. 
Thus, a call can be routed or even transferred Within the 
packet-sWitched netWork simply by renegotiating the end 
point address. A need exists to provide audio conferencing 
using packet-sWitched call routing. 

[0009] There is a need for audio conferencing imple 
mented on a purely packet-sWitched netWork that provides 
both scalability and fault tolerance. Speci?cally, a need 
eXists to monitor a pool of MCUs to determine Which MCU 
can best handle the conference, and to dynamically route 
calls Within the purely packet-sWitched netWork so that a 
conference participant in one conference call can be trans 
ferred to another conference call and further, entire confer 
ences can be transferred to other MCUs in the MCU pool 
Without interrupting the audio conference (i.e., Without 
tearing doWn connections and reestablishing the connections 
Within the packet-based network). A need also exists for 
audio conferencing for both receive-only or passive broad 
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cast participants. Speci?cally, a need eXists to provide a 
voice stream to the endpoints connected to the conference 
but that do not actively participate in the conference itself 
(i.e., do not contribute to the conference voice stream). Yet 
another need eXists for full service audio conferencing using 
both high-touch (operator assisted) or reservation based 
audio conferencing and automated or “ad hoc” audio con 
ferencing using the same platform. Speci?cally, a need 
eXists to provide conferencing on a reservation basis and on 
an impromptu basis by monitoring a pool of MCUs to 
ef?ciently establish conferences in the packet-based net 
Work. 

SUMMARY OF THE INVENTION 

[0010] 1. Solution to the Problem. None of the prior art 
references discussed above disclose large-scale, fault-toler 
ant audio conferencing implemented in a purely packet 
sWitched netWork. 

[0011] This invention provides an audio conferencing 
method implemented on a purely packet-sWitched netWork 
that provides scalability and fault tolerance. 

[0012] A primary object of the present invention is to 
provide large-scale, fault tolerant audio conferencing using 
dynamically routed, call transfer in a purely packet-sWitched 
netWork. That is, the present invention monitors a pool of 
MCUs so that conferences can be ef?ciently established and 
routed to different MCUs When an MCU approaches capac 
ity or When an MCU has to be taken out of service. As the 
audio conferencing method is implemented in a purely 
packet-sWitched netWork, the destination of each audio 
packet can be rerouted seamlessly Without interrupting the 
audio conference. 

[0013] Another object of the present invention is to pro 
vide an audio conferencing method for receive-only or 
passive participants. That is, participants that do not actively 
contribute to the conference can be accommodated (i.e., 
receive the conference output or voice stream). 

[0014] Yet another object of the present invention is to 
provide full service audio conferencing using both high 
touch or reservation-based audio conferencing and auto 
mated or “ad hoc” audio conferencing on the same platform. 
That is, a conference need not be reserved against a dedi 
cated MCU and instead, the method of the present invention 
alloWs a pool of MCUs to be monitored, thus alloWing for 
both advance conference reservations and ad-hoc confer 
ences. 

[0015] 2. Summary. The present invention discloses a 
method of large-scale fault-tolerant audio conferencing in an 
audio conferencing system using a purely packet-sWitched 
netWork. According to the method of the present invention, 
an endpoint places a call to a conference gatekeeper indi 
cating an audio conference (i.e., containing a location 
request or LRQ signal). The conference gatekeeper deter 
mines Whether the call contains sufficient information to 
establish the audio conference. If there is insuf?cient infor 
mation, the endpoint is connected to an interactive voice 
response (IVR) server that obtains suf?cient information 
(i.e., an account number) from the endpoint. Either Way, a 
conference allocation and control system (CACS) linked to 
the conference gatekeeper selects an available multipoint 
control unit (MCU) to either host the audio conference if the 
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audio conference has not been established yet, or the MCU 
that is already hosting the audio conference. The CACS then 
responds to the endpoint With routing instructions (i.e., a 
location-found or LCF signal) indicating the selected MCU. 
The endpoint then uses the routing instructions to connect to 
the selected MCU, or Where the endpoint Was initially 
connected to the IVR server to gather additional informa 
tion, the endpoint is transferred from the IVR server to the 
selected MCU. Once connected, the MCU mixes input from 
all of the endpoints in the audio conference and forms a 
voice stream, Which the MCU then returns to each endpoint 
in the audio conference. 

[0016] Once an audio conference is established according 
to the method of the present invention, the audio conference 
participants (i.e., endpoints connected to the MCU in the 
audio conference) can dial-out from the MCU to bring 
additional participants (i.e., another endpoint) into the audio 
conference. In addition, the established audio conference 
supports full service audio conferencing (i.e., both reserva 
tion-based, and ad hoc). Furthermore, the established audio 
conference supports dynamic routing Which permits an 
operator to service multiple MCUs, for the MCUs to be 
geographically dispersed, and for an audio conference par 
ticipant and/or an entire audio conference to be moved 
betWeen MCUs. The audio conference can also be broad 
cast from a streaming protocol server to passive participants. 
As such, the audio conference established according to the 
method of the present invention using a purely packet 
sWitched netWork can be both large scale, and is fault 
tolerant. 

[0017] These and other advantages, features, and objects 
of the present invention Will be more readily understood in 
vieW of the folloWing detailed description and the draWings. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0018] FIG. 1 is a high-level diagram of a packet 
sWitched netWork for use With the method of the present 
invention. 

[0019] FIG. 2 is a flow chart illustrating an audio confer 
encing method of the present invention. 

[0020] FIG. 3 shoWs an example of the audio conferenc 
ing method of FIG. 2 in Which an IVR server is not used. 

[0021] FIG. 4 shoWs an example of the audio conferenc 
ing method of FIG. 2 in Which an IVR server is used. 

[0022] FIG. 5 is a flow chart illustrating a dial-out method 
of the present invention. 

[0023] 
FIG. 5. 

FIG. 6 shoWs an example of the dial-out method of 

DETAILED DESCRIPTION OF THE 
INVENTION 

[0024] 1. OvervieW. FIG. 1 shoWs a high-level diagram of 
a purely packet-sWitched audio conferencing system 100 
using a packet netWork 110 (e.g., Internet Protocol or IP, 
ATM, Frame Relay or any other packet-sWitched protocol) 
in Which the method of the present invention can be imple 
mented. The hardWare is conventionally linked through 
packetiZed signals, as shoWn in FIG. 1. For purposes of 
illustration, control or routing signals are shoWn by dashed 
lines and audio (or voice stream) signals are shoWn by solid 
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lines. An endpoint 120 (E1, E2, . . . Ei) accesses 112 the 
conventional packet netWork 110 via a gateWay 130 and is 
conventionally linked therein through a series of routers/ 
hubs 115 to a conference gatekeeper 150 (e.g., via 118). 

[0025] Optionally, each endpoint 120 is also registered 
With a gatekeeper 140 through Which routing signals are sent 
and received such as over links 147. Registration is con 
ventionally used under the H.323 protocol, hoWever, regis 
tration is not required for the audio conferencing method of 
the present invention. The endpoint 120 can be connected to 
the same gatekeeper 140 or different gatekeepers Within a 
gatekeeper cloud 145 having one or more gatekeepers 140. 
The gatekeeper 140 is then linked 142 to the conference 
gatekeeper 150. The conference gatekeeper 150 controls an 
MCU pool 165 having one or more conferencing MCUs 160 
(MCU 1, MCU 2, . . . MCU n). The conference gatekeeper 
150 is also linked 156 to a conference allocation and control 
system (CACS) 170. Optionally, the conference gatekeeper 
150 is also linked 158 to a conventionally available inter 
active voice response (IVR) server 180 that is capable of 
gathering additional routing information from the endpoint 
120 via links 182, 112 

[0026] In one embodiment, the conference system 100 of 
the present invention also includes a conventional streaming 
protocol server 185 (e.g., a real-time standard broadcast 
server or RTSP) linked 152 to the CACS 170 and the packet 
netWork 110, a reservation system 155 linked 157 to the 
CACS 170, and a call agent 175 linked 177 to the conference 
gatekeeper. The streaming protocol server 185 is conven 
tionally available and uses the conference sum (i.e., the 
mixed voice stream from all endpoints 120 actively partici 
pating in the audio conference) as input for a broadcast 
signal to passive participants (i.e., endpoints 120 not 
actively participating in the audio conference). The reser 
vation system 155 is also conventionally available and used 
to reserve planned audio conferences against an available 
MCU 160 (i.e., an MCU having available ports 190). 
LikeWise, the call agent 175 is conventionally available and 
manages available ports 190 in the MCU pool 165 and 
assigns calls on an “ad hoc” basis to available MCUs 160. 

[0027] The endpoint 120 is a conventionally available 
client terminal that provides real-time, tWo-Way communi 
cations using packetiZed audio signals. PacketiZed audio 
signals contain digitiZed and compressed speech or touch 
tones. Any protocol can be used under the teachings of the 
present invention and the speci?c protocol Will be based on 
design considerations. That is, different ITU recommenda 
tions for digitiZing and compressing signals re?ect different 
tradeoffs betWeen speech quality, bit rate, computer poWer, 
and signal delay (e.g., G.711, G.723, etc.). It is to be 
expressly understood that the endpoint 120 can be either 
packet-based or circuit-sWitched, as the gateWay 130 hides 
the physical transport to the endpoint 120. 

[0028] The gateWay 130 is optional under the teachings of 
the present invention, and When used can be a part of the 
packet netWork 110 itself. The purpose of the gateWay 130 
is to provide, among other things, a translation function 
betWeen conventional transmission formats (e.g., H.323, 
H.225.0, H.221, etc.). It is to be expressly understood that 
the gateWay 130 can support endpoints 120 that comply With 
other protocols and the gateWay 130 need only be equipped 
With the appropriate transcoders. HoWever, the gateWay 130 
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is not required Where connections to other networks are not 
needed, and the endpoint 120 then communicates directly 
With another endpoint 120 on the same netWork and a single 
translation function is used. 

[0029] Gatekeepers 140 (and hence the gatekeeper cloud 
145) are also optional. Where the gatekeepers 140 are used 
under the teachings of the present invention, the purpose of 
gatekeepers 140 is to perform tWo call control functions. 
Speci?cally, the gatekeeper 140 performs address translation 
and manages bandWidth. Address translation is done con 
ventionally (e.g., domain name to IP address or touch tones 
to IP address) Within the packet netWork 110 itself. Band 
Width is also conventionally managed Within the packet 
netWork 110 itself (e.g., as IP trunks reach capacity, the 
netWork moves audio, data, etc. signals to other loWer 
volume IP trunks). When the gatekeeper 140 is not used, 
endpoints are connected through the gateWay 130 (i.e., for 
H.323) or directly through the packet netWork 110. 

[0030] The conference gatekeeper 150 in conjunction With 
the CACS 170 controls the creation and execution of audio 
conferences. The CACS 170 determines an available MCU 
160 (i.e., having suf?cient available ports 190) to host the 
audio conference and provides routing instructions to the 
conference gatekeeper 150 to direct the call from the end 
point 120 to the appropriate MCU 160. For instance, if a 
netWork administrator has speci?ed a threshold (i.e., in the 
CACS) for the number of simultaneous audio conferences 
(i.e., number of active conferences, number of available 
ports, etc.), the CACS 170 can refuse to make any more 
connections once the speci?ed threshold is reached. In 
addition, the CACS 170 also provides information concern 
ing the audio conference parameters to the MCU 160 and 
collects billing information. 

[0031] The MCU 160 supports audio conferences betWeen 
three or more endpoints 120. The MCU 160 is convention 
ally available and consists of a multipoint controller (not 
shoWn) and optionally one or more multipoint processors 
(not shoWn). For purposes of illustration, and not intended to 
limit the scope of the present invention, four ports 190, 195 
are shoWn on each MCU 160, although a typical MCU 160 
can handle approximately 1,500 active conference partici 
pants. Available ports 190 are shoWn “open” While unavail 
able ports 195 are shoWn “closed”. The MCU 160 handles 
negotiations betWeen all endpoints 120 to determine com 
mon capabilities for audio processing. The MCU 160 also 
controls audio conference resources by determining Which, 
if any of the audio streams Will be multicast. 

[0032] With respect to the audio conferencing system 100 
shoWn in FIG. 1, an audio conference is initiated When a call 
identifying a particular audio conference is placed by an 
endpoint 120, as explained in more detail beloW. Routing 
signals are transmitted 112 or 147 either through the packet 
netWork 110 (i.e., if the gatekeeper 140 is not used) or 
through the gatekeeper 140, respectively, to the conference 
gatekeeper 150. An MCU 160 is selected by the conference 
gatekeeper 150 and the CACS 170 and the audio conference 
is established by connecting the endpoint 120 through the 
packet netWork 110 over links 112, 114 to the MCU 160. 
Additional endpoints 120 can place a call identifying the 
audio conference and are similarly connected via links 112, 
114 to the identi?ed audio conference over link 112 through 
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the packet netWork 110 to the MCU 160 by the conference 
gatekeeper 150 and the CACS 170, as described in more 
detail beloW. 

[0033] It is to be expressly understood that each of the 
hardWare components of the purely packet-sWitched confer 
encing system 100 described above are conventionally avail 
able, and it is the arrangement and/or con?guration of each 
component in the manner described above, and the method 
of using each component in this con?guration as explained 
beloW that is neW. LikeWise, communication using pack 
etiZed signals and various protocols is conventionally 
knoWn. It is the combination of each of the above-identi?ed 
hardWare components to form the conferencing system 100 
for use With the method of the present invention that is neW. 
It is also to be expressly understood that alternative hard 
Ware con?gurations are possible under the teachings of the 
present invention and that the method of the present inven 
tion is not to be limited by the con?guration shoWn in FIG. 
1 nor by any particular netWork protocol. 

[0034] 2. Establishing a Conference. An embodiment of 
the audio conferencing method of the present invention is 
illustrated in FIG. 2 and explained With reference to FIG. 1. 
At step 200, an endpoint 120 initiates a call to the audio 
conferencing system 100, for example, by entering a desti 
nation, account number, URL, or IP address. Optionally the 
call is routed 147 through the gateWay 130 to an address 
serviced by the gatekeeper 140 in the gatekeeper cloud 145. 
If the gatekeeper 140 is not used, the call is then routed 112 
directly to the packet netWork 110. Either Way, the call is 
routed to the conference gatekeeper 150 in step 210. The 
initiating call contains conventional packetiZed control sig 
nals for routing the call including any audio conference 
identi?cation information required to initiate the audio con 
ference (i.e., a conventional location request or LRQ). For 
example, see co-oWned U.S. patent application Ser. No. 
09/366,355 and Ser. No. 08/825,477 (hereinafter, the on 
demand teleconferencing methods), incorporated herein by 
reference. The LRQ is received via 147, 142 (or 112, 118 
When the gatekeeper 140 is not used) by the conference 
gatekeeper 150 Which in turn queries 156 the CACS 170 for 
audio conference routing instructions in step 220. The 
CACS 170 determines Whether the call (i.e., the LRQ) 
contains suf?cient information to set up and route the audio 
conference in step 230. If the call contains suf?cient infor 
mation 232 (i.e., enough information to uniquely identify a 
subscriber, such as a subscriber identi?cation, pass code, 
etc.), the CACS 170 determines Whether the indicated audio 
conference is active (i.e., Whether other endpoints 120 are 
currently connected to the indicated audio conference) in 
step 240. That is, the CACS 170 starts all conferences With 
the MCU 160 and thus stores all activity in memory. If a 
CACS 170 is disconnected from an MCU 160, a conven 
tional process is used to resync the CACS 170 and the MCU 
160, and thus the CACS 170 is continuously updated With 
respect to activity in the MCU pool 165. If the CACS 170 
determines that the indicated audio conference is not active 
242, the CACS 170 selects an available MCU 160 from the 
MCU pool 165 to host the audio conference in step 245. In 
step 260, the CACS 170 then returns (e.g., via 156) routing 
information to the conference gatekeeper 150 and the con 
ference gatekeeper 150 responds 142, 147 (or 118, 112 When 
gatekeeper cloud 145 is not used) to the endpoint 120 With 
a conventional location found signal (LCF) indicating the 
selected MCU 160 to host the audio conference. The end 
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point 120 then establishes 112, 114 a point-to-point call via 
the packet network 110 With the selected MCU 160 in step 
270, and an audio conference is established With one par 
ticipant (i.e., the initiating endpoint). In step 280, the MCU 
160 mixes the input from all endpoints 120 participating in 
the audio conference, and the MCU 160 returns (e.g., via 
114, 112) a voice stream to the endpoint 120 in step 290. The 
term “voice stream” as used herein, means the mixed sum of 
input from all actively participating endpoints in the con 
ference. Further, the voice stream returned to an actively 
participating endpoint does not include input from the same 
endpoint 120. 
[0035] Additional endpoints 120 can join an active audio 
conference in a manner similar to that outlined above. That 
is, an additional endpoint 120 initiates over link 147 (or 112 
When gatekeeper cloud 145 is not used) a call to an address 
identifying the audio conference in step 200. A conventional 
LRQ is sent 147, 142 (or 112, 118 When the gatekeeper cloud 
145 is not used) to the conference gatekeeper 150 as 
discussed above. The conference gatekeeper 150 queries 
156 the CACS 170 for routing instructions in step 220. If 
there is suf?cient information to set up and route the audio 
conference in step 230, the CACS 170 proceeds to determine 
Whether the audio conference is active in step 240, selects 
the active MCU 160 in step 250 if the audio conference is 
active 247, and responds 156 With appropriate routing 
instructions to the conference gatekeeper 150 in step 260. 
The conference gatekeeper 150 responds 142, 147 (or 118, 
112 Where the gatekeeper 140 is not used) to the endpoint 
120 With a conventional LCF signal indicating the selected 
MCU 160 hosting the active audio conference and the 
endpoint 120 establishes a point-to-point call via links 112, 
114 With the selected MCU 160 in step 270, as discussed 
above. The MCU 160 mixes the input from each endpoint 
120 participating in the audio conference in step 280 and 
returns an appropriate voice stream over links 114, 112 to 
each endpoint 120 in step 290. Additional endpoints can 
continue to join the audio conference in a similar manner to 
that just described. 

[0036] An example of the audio conferencing method of 
the present invention in Which there is suf?cient information 
associated With the call (i.e., an IVR server 180 is not 
required to gather additional information such as an account 
number) is shoWn in FIG. 3. AneW call identifying the audio 
conference (e.g., containing a URL, conference access num 
ber, etc.) is placed 300 from the endpoint 120 (e.g., E1, in 
this example and H.323 compliant endpoint) via link 147 to 
a gatekeeper 140 in the gatekeeper cloud 145 (step 200). An 
LRQ is transmitted 310 from the gatekeeper cloud 145 to the 
conference gatekeeper 150 via 142 (step 210), Which in turn 
requests 320 routing instructions (i.e., the details for the 
LCF) from the CACS 170 via 156 (step 220). The CACS 
170 selects an available MCU 160 from the MCU pool 165 
(steps 230, 240, 245) and returns 325 routing instructions to 
the conference gatekeeper 150 via link 156, Which in turn 
forWards 330 an LCF signal through the gatekeeper cloud 
145 and back 335 to the endpoint 120 (E1) via links 142, 147 
(steps 270, 280, and 290). The endpoint 120 (E1) uses the 
LCF to setup 340, 345 a point-to-point connection With the 
MCU 160 identi?ed by the LCF signal and establish 347 the 
requested audio conference (i.e., an audio conference having 
only the initiating endpoint E1) via links 112, 114. For 
example, see the on-demand teleconferencing methods, 
incorporated herein by reference. Additional endpoints 120 
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(i.e., E2) join the established audio conference 347 as 
folloWs. A neW call identifying the established audio con 
ference 347 is placed 350 to the gatekeeper cloud 150 via 
link 147 (step 200). An LRQ is transmitted 360 from the 
gatekeeper cloud 145 to the conference gatekeeper 150 via 
link 142 (step 210), Which in turn requests 370 routing 
instructions to the established audio conference from the 
CACS 170 via link 156 (step 220). The CACS 170 selects 
the active MCU 160 identi?ed as hosting the requested 
audio conference (steps 230, 240, and 250) and returns 375 
routing instructions identifying the MCU 160 hosting the 
audio conference 347 to the conference gatekeeper 150 via 
link 156, Which in turn forWards 380, 385 an LCF signal 
through the gatekeeper cloud 145 to the endpoint 120 (E2) 
via links 142, 147 (step 260). The endpoint 120 (E2) uses the 
routing information from the LCF to establish a connection 
390, 395 to the appropriate MCU 160 (via 112, 114), and an 
active audio conference 397 is established (i.e., betWeen E1 
and E2) (steps 270, 280, and 290). Additional endpoints 120 
(E3, E4, . . . Ei) can participate in the active audio confer 
ence 397 by accessing the appropriate MCU 160 as just 
described With respect to the endpoint 120 (E2) or through 
a dial out request, as described beloW. It is to be expressly 
understood that the above example is presented to be illus 
trative of the audio conferencing method of the present 
invention, and in no Way should be interpreted to limit the 
scope of the present invention. 

[0037] In another embodiment, also shoWn in FIG. 2, 
Where the call does not contain suf?cient information 237 
(i.e., additional information such as an account number is 
required), the endpoint 120 must ?rst connect (via links 112, 
182) to an IVR server 180 capable of gathering the required 
information in step 235 (e.g., by querying the endpoint 120 
for an account number). Routing proceeds as described 
above With respect to steps 240 through 260 and in step 270, 
the endpoint 120 is then transferred from the IVR server 180 
to the MCU 160 selected in step 245 or 250 before mixing 
the input and returning a voice stream in steps 280 and 290, 
respectively. Thus, there is no requirement to collocate the 
device gathering the information and the MCU 160 Which 
Will be the ?nal destination. 

[0038] An example of the audio conferencing method of 
the present invention in Which an IVR server 180 is used is 
shoWn in FIG. 4. Steps 300, 310 and 320 in FIG. 4 
correspond to those shoWn in FIG. 3. HoWever, in FIG. 4, 
the CACS determines that the routing request contains 
insufficient information to establish an audio conference. 
Hence, a signal is returned 325, 330, and 335 via links 118, 
112 to the endpoint 120 (E1) to route the endpoint 120 (E1) 
to an IVR server 180. The endpoint 120 (E1) establishes a 
connection With the IVR server 180 (400 and 405), and the 
IVR server 180 gathers 410 additional information (e.g., an 
account number) from the endpoint 120 (E1) to establish an 
audio conference (step 235). Once the IVR server 180 has 
gathered this information, the IVR server 180 sends 420 a 
routing request to the CACS 170 via links 158, 156, Which 
in turn returns 425 routing information to the IVR server 180 
(steps 240, 245, and 260). Based on the routing information, 
the call is then transferred 430 from the IVR server 180 and 
a point-to-point connection is established 340, 345 betWeen 
the endpoint 120 (E1) and the MCU 160 and an audio 
conference 347 is established via links 112, 114 (steps 270, 
280, and 290). Additional endpoints 120 (e.g., E2) join the 
audio conference again by placing 350 a call through 360 the 
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gatekeeper cloud 145 to the conference gatekeeper 150 (step 
200). Again, the conference gatekeeper 150 requests 370 
routing information from the CACS 170 and is provided 375 
With routing information to an IVR server for obtaining 
additional information from the endpoint 120 (E2) (steps 
210, 220, 230, 237). The LCF is transmitted 380, 385 to the 
endpoint 120 (E2) and a call is established 440, 445 betWeen 
the endpoint 120 (E2) and the IVR server 180. The IVR 
server 180 gathers 450 the additional information (i.e., an 
account number, access code, etc.) from the endpoint 120 
(E2) and transmits 460 a routing request to the CACS 170 
(step 235). The CACS 170 responds 465 With routing 
information identifying the MCU 160 hosting the audio 
conference, and the call is then transferred from the IVR 
server 180 to the identi?ed MCU 160, a point-to-point 
connection 470 is established betWeen the endpoint 120 (E2) 
(steps 240 to 290 discussed above). It is to be expressly 
understood that the above example is presented to be illus 
trative of the audio conferencing method of the present 
invention, and in no Way should be interpreted to limit the 
scope of the present invention. 

[0039] Communication With the gateWay 130 and the 
gatekeeper 140, and address resolution is conventional. 
Furthermore, it is to be expressly understood that the use of 
the gateWay 130 and the gatekeeper 140 is optional and need 
not be used under the teachings of the present invention. In 
an embodiment Where the gateWay 130 and the gatekeeper 
140 are not used, the call is routed directly through the 
packet netWork 110 (e.g., betWeen routers/hubs 115). 3. 
Dial-out Method. An embodiment of the dial-out method of 
the present invention is illustrated in FIG. 5. The dial-out 
method is used to connect to an endpoint 120 not currently 
connected to an active audio conference. For example, the 
dial-out method can be used When an active audio confer 
ence exists 500 betWeen conference participants (e.g., E1, 
E2, and E3) and the conference participants Wish to bring in 
an additional participant (e.g., E4). 

[0040] In step 510, a conference participant convention 
ally initiates the dial-out from an originating endpoint 120 
(e.g., E1, via touch tone or a Web interface) and the CACS 
170 requests a dial-out from the MCU 160 and supplies the 
MCU 160 With the address of the endpoint 120 to connect 
to (e.g., E4). The MCU 160 initiates (via 154) a neW call 
request to the conference gatekeeper 150 in step 520. In step 
530, the gatekeeper 140 (or packet netWork 110 When cloud 
145 is not used) receives an LRQ from the conference 
gatekeeper 150 and in step 540 the gatekeeper 140 (or packet 
netWork 110) returns the destination address (i.e., via an 
LCF message) Which is forWarded 154 to the MCU 160 from 
the conference gatekeeper 150. The MCU 160 then estab 
lishes a point-to-point call to the endpoint 120 (E4) and 
mixes the input to form a voice stream for all conference 
participants (E1-E4) in step 550, similar to that described 
above With respect to the audio conferencing method. Thus, 
the additional participant (E4) is brought into the active 
audio conference. If the additional participant (E4) does not 
ansWer the dial-out request, the line is disconnected by the 
originating endpoint 120 (E1) and the originating endpoint 
120 (E1) is placed back in the audio conference. 

[0041] An example of the dial-out method of the present 
invention is shoWn in FIG. 6. In this example, an active 
audio conference 397 has already been established (e.g., 
according to the method of establishing an audio conference 
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discussed above), and the existing participants (e.g., E1-E3) 
Wish to bring in an additional endpoint 120 (E4) to partici 
pate in the active audio conference 397 (step 500). An 
initiating endpoint (i.e., E1) places a call identifying the 
additional endpoint (E4) and the CACS 170 requests 600 a 
dial-out from the MCU 160 (step 510). The MCU 160 
transmits 610 the neW call to the conference gatekeeper 150 
via link 154 (step 520), Which in turn requests 620 the 
location of the desired endpoint 120 (E4) from the gate 
keeper cloud (via 142). The gatekeeper cloud 145 responds 
630 via link 142 (step 530) to the conference gatekeeper 150 
With an LCF signal Which is in turn transmitted 635 to the 
MCU 160 via link 154 (step 540). The MCU 160 then uses 
the information from the LCF to establish 640, 645 a 
point-to-point call betWeen the MCU 160 and the endpoint 
120 (E4) via links 114, 112. Hence, the endpoint 120 (E4) is 
brought into the active audio conference 650 as an additional 
participant (step 550). It is to be expressly understood that 
the above example is presented to be illustrative of the audio 
conferencing method of the present invention, and in no Way 
should be interpreted to limit the scope of the present 
invention. 

[0042] 4. Full Service Audio Conferencing. Planned audio 
conferencing conventionally requires an advance reserva 
tion against a speci?c MCU 160 or MCU pool 165 and 
operator assistance (i.e., high-touch) to facilitate the audio 
conference. Ad-hoc audio conferencing conventionally is 
able to support an audio conference Without a reservation 
and Without operator assistance by creating a conference 
against a single MCU 160. On the other hand, once an audio 
conference is established according to the method of the 
present invention, the audio conferencing system 100 offers 
full service audio conferencing that supports both planned 
and ad-hoc audio conferencing. 

[0043] The method of the present invention implements 
full service audio conferencing by integrating the reserva 
tion system 155 of the planned audio conferencing system 
and the call agent 175 of the ad-hoc system. Ports 190, 195 
utiliZed for each audio conferencing type can be dynami 
cally driven by current loads to achieve maximum port 
utiliZation. 

[0044] In one embodiment, the reservation system 155 and 
the call agent 175 are loosely integrated. That is, the master 
reservation system 155 conventionally used to reserve 
planned audio conferences on speci?c MCUs 160 in pool 
165 keeps the ad-hoc call agent 175 informed as to the 
number of available ports 190 on each MCU 160 and the ad 
hoc call agent 175 conventionally manages the available 
ports 190. The number of available ports 190 on a given 
MCU 160 are conventionally monitored to ensure that all 
reservations can be serviced. For example, an available port 
190 that Will be required to support a reservation in the next 
?ve minutes is not considered available (i.e., 195). LikeWise, 
statistically expected ad-hoc usage is also monitored and 
accounted for. 

[0045] In another embodiment, the reservation system 155 
and the call agent 175 are tightly integrated. That is, the 
reservation system 155 is used to reserve planned audio 
conferences against MCU pool 165 but the reservation is not 
bound to a speci?c MCU 160. Instead, the audio conference 
is assigned to an MCU 160 by the call agent 175 When it is 
created and the call agent 175 continuously monitors the 
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port 190, 195 usage and anticipated near term usage (i.e., 
reserved ports) of each MCU 160 in the pool 165 to 
determine the number and location of available ports 190. 
When an audio conference needs to be created (either a 
planned audio conference or an ad-hoc audio conference), 
the call agent 175 selects an appropriate MCU 160 to host 
the audio conference and ensures that all calls for a given 
audio conference are routed to the appropriate MCU 160. 
Thus, the call agent 175 determines the location of all audio 
conferences alloWing for greater port 190, 195 utiliZation as 
Well as better fault tolerance (i.e., audio conference requests 
Will seldom be denied because available ports 190 are 
closely monitored). 
[0046] 5. Network Centric Call Transfer and Dynamic 
Call Routing. Once an audio conference is established 
according to the method of the present invention, the packet 
sWitched audio conference system 100 also facilitates 
dynamic call routing. A point-to-point connection is made 
using logical links (i.e., Within the packet netWork 110) and 
a dedicated physical connection is not required (i.e., as in a 
GSTN). That is, the call data and associated control are sent 
via packets through the packet netWork 110 and each packet 
is sent individually to a destination address so that the 
physical route taken from end-to-end may vary from packet 
to packet (i.e., a call can be routed or transferred by simply 
renegotiating the destination address). 

[0047] Thus, under the teachings of the present invention, 
calls can be routed to any MCU 160 Within the MCU pool 
165 alloWing MCUs 160 to be geographically distributed 
and the audio conference netWork 100 to be large-scale. In 
addition, the ability to transfer a call from one MCU 160 to 
another alloWs the operator voice path to be routed to any 
MCU 160 in the conference system 100. This in turn alloWs 
an operator to service a large number of MCUs 160 and to 
quickly sWitch Which MCU 160 their voice path terminates 
on. 

[0048] In addition, an audio conference established 
according to the method of the present invention alloWs an 
audio conference participant to be moved from one audio 
conference to another, even Where the audio conferences are 
on separate MCUs 160. The destination address of the 
packets are simply renegotiated to another MCU 160 instead 
of establishing a connection betWeen the tWo MCUs 160. 

[0049] An audio conference established according to the 
method of the present invention also alloWs a neW audio 
conference to be created on a different MCU 160 Where an 
MCU 160 is taken out of service or otherWise unavailable to 
take additional participants (e.g., due to over?oW, etc.). By 
transferring calls, the audio conference can be serviced by 
any MCU 160 in the system 100. All calls destined for a 
“moved” audio conference are still statically routed to the 
original MCU 160, but immediately transferred to the cor 
rect MCU 160, thus service to the audio conference is not 
interrupted. 

[0050] 6. Receive Only Support. Audio conference par 
ticipants can be either active or passive. Participants that can 
both contribute to and receive audio input from an audio 
conference are active participants. Those that can only 
receive a voice stream from an audio conference are passive 
participants. Once an audio conference is established 
according to the method of the present invention, the audio 
conference supports both active and passive participants. 
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[0051] Support for passive participants can still be pro 
vided Where there are only a limited number of participants 
by the MCU 160 the same as it is in a conventional 
circuit-sWitched netWork. That is, a full duplex connection 
can be established and the receive path simply ignored. 
HoWever, the method of the present invention can also use 
broadcasting to support passive participants. That is, the 
audio conference output is directed to a streaming protocol 
server 185 (e.g., a real-time standard broadcast server 
RTSP). The streaming protocol server 185 uses the audio 
conference sum as its input, and passive participants can 
connect to the streaming protocol server 185 using conven 
tional standards of service. As such, a large number of 
broadcast protocols can be supported, and a virtually unlim 
ited number of passive participants can be supported With 
little or no impact on the conferencing MCU 160. 

[0052] The foregoing discussion of the invention has been 
presented for purposes of illustration and description. Fur 
ther, the description is not intended to limit the invention to 
the form disclosed herein. Consequently, variation and 
modi?cation commensurate With the above teachings, 
Within the skill and knoWledge of the relevant art, are Within 
the scope of the present invention. The embodiment 
described herein and above is further intended to eXplain the 
best mode presently knoWn of practicing the invention and 
to enable others skilled in the art to utiliZe the invention as 
such, or in other embodiments, and With the various modi 
?cations required by their particular application or uses of 
the invention. It is intended that the appended claims be 
construed to include alternate embodiments to the eXtent 
permitted by the prior art. 

We claim: 
1. Amethod of large-scale fault-tolerant audio conferenc 

ing in a purely packet-sWitched audio conferencing system, 
said method comprising the steps of: 

placing a call from an endpoint to a conference gate 
keeper, said call indicating an audio conference; 

querying a CACS from said conference gatekeeper for 
routing instructions for said audio conference; 

determining in said CACS Whether said audio conference 
is active; 

selecting in said CACS an MCU to host said audio 
conference When said audio conference is inactive; 

selecting in said CACS an MCU hosting said audio 
conference When said audio conference is active; 

responding from said CACS to said endpoint With said 
queried routing instructions, said queried routing 
instructions indicating said selected MCU; 

connecting said endpoint to said selected MCU; 

miXing input from all endpoints in said audio conference 
to form a voice stream; and 

returning said voice stream to each endpoint in said audio 
conference. 

2. The method of claim 1 Wherein the step of placing a call 
links said endpoint to said conference gatekeeper through a 
gatekeeper cloud. 

3. The method of claim 1 Wherein the step of placing a call 
links said endpoint to said conference gatekeeper through 
said packet-sWitched netWork. 
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4. The method of claim 1 wherein the routing instructions 
include at least an LCF signal indicating the selected MCU. 

5. The method of claim 1 Wherein the call includes at least 
an LRQ signal. 

6. The method of claim 1 further comprising the steps of: 

determining in said CACS Whether the call from said 
endpoint contains adequate information to establish 
said audio conference; 

responding from said CACS to said endpoint With routing 
instructions to an IVR server When there is inadequate 
information to establish said audio conference; 

connecting said endpoint to said IVR server When there is 
inadequate information to route said call; 

gathering in said IVR server, after connecting said end 
point to said IVR server, adequate information to 
establish said audio conference; and 

transferring said endpoint from said IVR server to said 
selected MCU after said IVR server gathers said 
adequate information. 

7. The method of claim 1 further having a dial-out method 
comprising the steps of: 

initiating a call request from said selected MCU to said 
conference gatekeeper, said call request indicating an 
additional endpoint; 

transmitting an LRQ from the conference gatekeeper to 
the gatekeeper cloud; 

returning a destination address to said conference gate 
keeper from said gatekeeper cloud, said destination 
address corresponding to said additional endpoint; 

forWarding said destination address from said conference 
gatekeeper to said selected MCU; 

establishing a point-to-point call from said MCU to said 
additional endpoint based on said destination address, 
thereby bringing said additional endpoint into said 
audio conference. 

8. The method of claim 1 further supporting full service 
audio conferencing using a reservation system and a call 
agent. 

9. The method of claim 8 Wherein the reservation system 
and the call agent are tightly integrated. 

10. The method of claim 8 Wherein the reservation system 
and the call agent are loosely integrated. 

11. The method of claim 1 Wherein said selected MCU is 
selected from an MCU pool. 

12. The method of claim 1 further including the step of 
dynamically routing an operator voice path to service mul 
tiple MCUs. 

13. The method of claim 1 further including the step of 
renegotiating the destination of a voice path to move an 
audio conference participant from said selected MCU to a 
second MCU. 

14. The method of claim 1 further including the step of 
moving said audio conference from said selected MCU to a 
second MCU. 

15. The method of claim 1 further including the steps of: 

providing said audio conference to a streaming protocol 
server from said selected MCU; 
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connecting a passive participant to said streaming proto 
col server; and 

broadcasting said audio conference from said streaming 
protocol server to a passive participant. 

16. A large-scale fault-tolerant purely packet-sWitched 
audio conferencing method, said method comprising the 
steps of: 

establishing an audio conference by: 

connecting an endpoint to a conference gatekeeper, said 
endpoint indicating an audio conference; 

querying a CACS from said conference gatekeeper for 
routing instructions for said audio conference; 

determining in said CACS the status of said audio 
conference; 

selecting in said CACS an MCU to host said audio 
conference When said status of said audio conference 
is inactive; 

selecting in said CACS an MCU hosting said audio 
conference When said status of said audio conference 
is active; 

responding from said CACS to said endpoint With said 
queried routing instructions, said queried routing 
instructions indicating said selected MCU; 

connecting said endpoint to said audio conference 
through said selected MCU; 

miXing input from all endpoints in said audio confer 
ence to form a voice stream; 

returning said voice stream to each endpoint in said 
audio conference; and 

dialing out from the audio conference When said status of 
said audio conference is active to connect additional 
endpoints to the audio conference by: 

initiating in the endpoint connected to said audio con 
ference a call request from said selected MCU to said 
conference gatekeeper, said call request indicating 
said additional endpoint; 

transmitting an LRQ from the conference gatekeeper to 
the gatekeeper cloud; 

returning a destination address to said conference gate 
keeper from said gatekeeper cloud, said destination 
address corresponding to said additional endpoint; 

forWarding said destination address from said confer 
ence gatekeeper to said selected MCU; 

establishing a point-to-point call from said MCU to 
said additional endpoint based on said destination 
address, thereby bringing said additional endpoint 
into said audio conference. 

17. The method of claim 16 further comprising the steps 
of: 

determining in said CACS Whether the call from said 
endpoint contains adequate information to establish 
said audio conference; 

responding from said CACS to said endpoint With routing 
instructions to an IVR server When there is inadequate 
information to establish said audio conference; 
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connecting said endpoint to said IVR server When there is 
inadequate information to route said call; 

gathering in said IVR server, after connecting said end 
point to said IVR server, adequate information to 
establish said audio conference; and 

transferring said endpoint from said IVR server to said 
selected MCU after said IVR server gathers said 
adequate information. 

18. The method of claim 16 further supporting full service 
audio conferencing using a reservation system and a call 
agent. 

19. The method of claim 16 Wherein said selected MCU 
is selected from an MCU pool. 

20. The method of claim 16 further including the step of 
dynamically routing an operator voice path to service mul 
tiple MCUs. 

21. The method of claim 16 further including the step of 
renegotiating the destination of a voice path to move an 
audio conference participant from said selected MCU to a 
second MCU. 

22. The method of claim 16 further including the step of 
moving said audio conference from said selected MCU to a 
second MCU. 

23. The method of claim 16 further including the steps of: 

providing said audio conference to a streaming protocol 
server from said selected MCU; 

connecting a passive participant to said streaming proto 
col server; and 

broadcasting said audio conference from said streaming 
protocol server to a passive participant. 

24. A large-scale fault-tolerant audio conferencing 
method over a purely packet-sWitched netWork, said method 
comprising the steps of: 

initiating a call from an endpoint to a conference gate 
keeper; 

querying a CACS from said conference gatekeeper for 
routing instructions for an audio conference; 

determining in said CACS Whether the call from said 
endpoint contains adequate information to establish 
said audio conference; 

responding from said CACS to said endpoint With routing 
instructions to an IVR server When there is inadequate 
information to establish said audio conference; 

connecting said endpoint to said IVR server When there is 
inadequate information to route said call and: 

gathering in said IVR server adequate information to 
establish said audio conference; and 

transferring said adequate information to the CACS; 

determining in said CACS the status of said audio con 
ference; 

selecting in said CACS an MCU to host said audio 
conference When said status of said audio conference is 
inactive; 

selecting in said CACS an MCU hosting said audio 
conference When said status of said audio conference is 
active; 
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responding from said CACS to said endpoint With said 
queried routing instructions, said queried routing 
instructions indicating said selected MCU; 

transferring said endpoint from said IVR server to said 
audio conference at said selected MCU When there is 
inadequate information to route the call; and 

connecting said endpoint to said audio conference at said 
MCU When there is adequate information to route the 
call. 

25. The method of claim 24 further supporting full service 
audio conferencing using a reservation system and a call 
agent. 

26. The method of claim 24 Wherein said selected MCU 
is selected from an MCU pool. 

27. The method of claim 24 further including the step of 
dynamically routing an operator voice path to service mul 
tiple MCUs. 

28. The method of claim 24 further including the step of 
renegotiating the destination of a voice path to move an 
audio conference participant from said selected MCU to a 
second MCU. 

29. The method of claim 24 further including the step of 
moving said audio conference from said selected MCU to a 
second MCU. 

30. The method of claim 24 further including the steps of: 

providing said audio conference to a streaming protocol 
server from said selected MCU; 

connecting a passive participant to said streaming proto 
col server; and 

broadcasting said audio conference from said streaming 
protocol server to a passive participant. 

31. A large-scale fault-tolerant audio conferencing 
method in a purely packet-sWitched netWork, said method 
comprising the steps of: 

initiating a call from an endpoint to a conference gate 
keeper in a gatekeeper cloud; 

querying a CACS from said conference gatekeeper for 
routing instructions for an audio conference; 

determining in said CACS Whether the call from said 
endpoint contains adequate information to establish 
said audio conference; 

responding from said CACS to said endpoint With routing 
instructions to an IVR server When there is inadequate 
information to establish said audio conference; 

connecting said endpoint to said IVR server When there is 
inadequate information to route said call and: 

gathering in said IVR server adequate information to 
establish said audio conference; and 

transferring said adequate information to the CACS; 

determining in said CACS the status of said audio con 
ference; 

selecting in said CACS a conference MCU from an MCU 
pool, said conference MCU hosting said audio confer 
ence When said status of said audio conference is 

inactive; 
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selecting in said CACS a conference MCU from an MCU 
pool, said conference MCU hosting said audio confer 
ence When said status of said audio conference is 

active; 

responding from said CACS to said endpoint With said 
queried routing instructions, said queried routing 
instructions indicating said selected MCU; 

transferring said endpoint from said IVR server to said 
audio conference at said selected conference MCU 
When there is inadequate information to route the call; 

connecting said endpoint to said audio conference at said 
conference MCU When there is adequate information to 
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route the call, once said endpoint is connected to said 
audio conference, said audio conference: 

supporting full service conferencing in said audio con 
ference to said endpoint With a reservation system 
and a call agent; 

supporting dynarnically routed audio signals Within 
said packet-switched netWork; 

supporting passive participants in said packet-switched 
netWork 

supporting dial out from said audio conference to an 
additional endpoint. 

* * * * * 


