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perform rig | Oﬁlplmfahé‘ldeQ&%%Bm@&ND?@O%E | NVENTI ON 25 Tel ephony
over packet networks, particularly over wide area networks such as the

I nternet, has recei ved. consi derabl e attention recent| y. Specifically, it

I S now possi bfeCHNICAUtREVPI ce, data, and video over data networks such as

the Internet, and long distance tel ephone calls may now be 3o routinely
rout ed over the I nthis rventiameelaiegiemosnuier “@le{ﬁwﬁ integpatian (Q)'H) aBds eans

of 11 chont t nanors Saraeauit ) BithaGH riglfod ShE PR A TRBGRE:  cui

between 15 techniques in a packet switched telephone network. In specific enhanced

embodiments, the invention allows advanced data networking features to be
- utilized for telephone calls routed over the intemnet, and also allows telephony
functions to be implemented in conjunction with remote appllcations
-computers over a data network utilizing a variety of packet telephony
20  protocols. An interface point on the packet telephory network is utilized to
~ exchange information with an apptications computer for the purpose of
making routing decisions, performing load balancing, etc.

) BACKGROUND OF THE INVENTION
25 Telephony over packet networks, particularly over wide area networks

such as the Internet, has received considerable attention recently.

Specifically, it is now possible to route voice, data, and video over data
networks such as the Internet, and long distance telephone calls may now be
30 routinely routed over the Internet. The transmission of such information
streams over packet switched networks such as the Internet can be more cost’
efficient than traditional telephony, which requires a dedicated circuit between

the calling and called party.
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Comput er tel ephone integration (CTl) has been widely applied to
tradltlonaIWQé’Wéﬁh@ny met hods and apparatus, but has not asPGRUSIOER7
successfully applied to the methods and apparatus used for packet network
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"I nternationa econmmuni cat1ons eis

rel.evant i ndisstheyfieldbEpatidtelsphoniar d def i nes various protocols dealing
with call control, call setup, call termination, and other simlar
t echni gues known to those in the packet network tel ephony art. The H. 323

standard defines §e\r/]éekt%mg}q‘i’6‘§’dd% ggfst that GRAHE héthd éé‘éhgﬁ% aratu§Q EBﬁve

‘gat ekeeper handl es I ons such as ndw cont ro -
managenent , ealr®ss ptacheisévata%d deaaaheamd(s,sswrsassmﬁ inbérnistr Oemed:&msgﬁat ed

set of networ ter r funct rovi des ser.vic
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, features are provi y creating an 1nterface between external
appl i cat i on deffrtetdiel Tahceaomemeaitatiqry blc%’sl'ﬁgp Hi.32it steodand isaveilable frBR. By

contrast, et _network tele art, Jinterface t he
gat ekeeper AE BIRAA TalrePrir HeRLo U Bl Baneda i VR B btngng
ot her nefsworfgledRint fridestry. The H.323 standard defines various protocols dealing with

| call control, call setup, call termination, and other similar techniques known to

those in the packet network telephony art.

The H.323 standard defines a functional entity called a gatekeeper. .
20 = The gatekeeper handles network functions such as bandwidth control, zone
management, address translation, and admissions control for a designated

set of network terminals.

The gatekeeper function provides services analogous to the call
- 25 processing function within a private branch exchange (PBX) in conventional
| telephony. In traditional telephony, CTI features are provided by creating an -
interface between external application software and the call processing
function within the PBX. By contrast, in the known packet network telephony
art, interfaces to the gatekeeper are only defined from other gatekeepers, end

30 points, and other network entities.

_ A second protocol for performing packet telephony control functions is
the Session Initiation Protocol (SIP) defined by IETF RFC 2543. Like H.323,
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A second protocol for perform ng packet tel ephony control fungtions is the
Session Initjation Protocol (SIP) defined by | ETF RFC 2543. Like H7388P 288
WO 03/ 077x2Y PP 583/ 01L7 P 2008 SIP includes a plural i tW(B’FUSOGt’ﬁJ;f)Vons
that establish, nodify and term nate nul tinedia sessions. The SIP -

met hodol ogi esS!Prictludes a phanciigtof fofctions thatoestablishamalifyEybiedninatse .

d | bed by H. 323.. For . e, S P jnclud h bili ' ort .
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of "proxy servers" ( further below) and a va let%/s.of - ot her robust
features di sabiibetd suppmt miobée aisbrsh theouse ohstaadastizadE TIPR: syntaxNand 6, 201, 805

"the 805 teat"), frol ich the 3 i licatian d o
i octod Eo ke e sbifuihave milie st PiReRpre Reovaia e d
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call nonitoring and contr ctions. - t hough the patent” and sone
furt her pendiotherrebasideatpps disstissethin mowadétpilibepovave t he capabilities of
packet tel ephony systens utilizing CTl,.no is known prior art can provide
routing flexibility in such CTl systens. BRI EF DESCRI PTI ON OF THE DRAW NG

Figure 1 shows a cpyeaidfls Pé(t%ht’N_SY\B,Qf)'l',%ﬂ)Sxm(ﬁf Mat%ﬁ’f’?ﬁfdﬁ%icﬂfthet he

present invention as incorporated into a packet network .tel ephony 20
system EpgupeesEns applicatioangessendsds digetet towarbid i3a3cor adher paakst enent s

duri h lish f i nb L that .is. detect |
of twar e appdaRdrDnoTarmgh wHler B AP To-ans Ao eSS bR . "enhanced
25, and ext endrieiegdfompEfsiiing BASB Cal Prordedingmdtorddl Riritieasl ; Figure 3

shows an exenpl ary nessage flow diagramutilizing the invention to

establ i sh anA8hewguihe 4D patenfuanst seme jurthereandintarelated pplieationspl i cat i on
n a simlar eny i oRIGEY ihe3bpabilities of packet telephony systems utilizing CT1, no
15 known prior art can provide routing flexibility in such CTI systems.

'BRIEF DESCRIPTION OF THE DRAWING
Figure 1 shows a conceptual overview of an exemplary embodiment of
the present invention as incorporated into a packet network telephony

20. system;

Figure 2 shows exemplary message flow between system elements
during the establishment of an inbound call that is detected by an external

software application using the packet network telephony system as enhanced
25 and extended by the present invention, and the H.323 protocol;

Figure 3 shows an exemplary message flow diagram utilizing the
invention to establish an outbound call requested by an external software

application in a similar environment;

30
Figure 4 shows a signal diagram of a direct connection from a calling
terminal to a called terminal using the Session Initiation Protocol (SiP),
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Figure 4 shows a signal diagramof a direct connection froma callin
termnal to a called termnal using the Session Initiation Protocel’ ESPPNGB,
3 7 SEP 20080 0§@y76% 077522 PCT/ US03/ 01197 Figure 5 shows tRMETAIS0B@IiENt
enbodi nents of an SIP inplenmentation in a network; Figure 6 shows a signal -

di‘agram usi ng pr oFiguse b\ahosvsang differesit Bmbbdimentsodlan $FiRymmpemegtgiionis a

conput er tel ephony integration (CTlI) applications conputer interfacing

“with a netwoPHetWBlkementing SIP; 10 Figure 8 shows another signal di'agram

for an exenplary enbodiment of the invention; Figure 9 shows a flowchart

~of a nmethod for inplenmenting call routing in accordance wth an_exenplary -
~ enbodi nent of t heFigues érehowsva sighahdiagrain USingi goxe saélersand the®wlichart of an

exenpl ary inplenentation of the present invention. DETAI LED DESCRI PTI ON OF
THE PREFERRE | MENT 20 A technical advance is achieved in accordance

~with the present invention that relates to a packet network tel ephony call

processing device (e.g.; an H 323 gatekeeper, a SIP proxy server, and/or a
"pass-through" sFEiguee ¥ depidts ascanputegtdeptonyrintegfation (G tihapplidaiioasi ty of

- external call processi . appl.ications .prograns that may be | ocated on one -
or nore reWDF%#'PH%NW@%%F‘”%/&W@Qﬁaﬂqzém%?igf”&gﬁacoI utilized, we term

herein as the CTl interface the server or conputer and associ ated software
that interfaces to the third party applications conputer fromthe packet -
t el ephomyp envi r onfigure 8/Ahows@Eraitherdsigha|disgramifon agl exesiplaat erohodimens. CT

I nterface rral_g %e,. for.exanple, the proxy server or "pass through" server,
and in the H358 Y ment, such CTI 30 interface is preferably the

gat ekeeper. _ |

- Figure 9 shows a flowchart of a method for implementing call routing in
accordance with an exemplary- embodiment of the present invention; and -
15 '
| Figure 10 is a flow chart of an exemplary implementatibn of the present

invention.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENT
20 A technical advance is achieved in accordance with the present

invention that relates to a packet network telephony call processing device
(e.g.; an H.323 gatekeeper, a SIP proxy server, and/or a “pass-through”
server) that is arranged fo interface with a plurality of external call processing
applications programs that may be located on one or more remote computers,
25 Regardless of the protocol utilized, we term herein as the CTl interface the
~server or computer and associated software that interfaces to the third party
applications computer from the packet telephony environment. As explained
below, in a SIP situation, this CTI interface may be, for example, the proxy
server or “pass through” server, and in the H.323 environment, such CTI

30 interface is preferably the gatekeeper.

In accordance with the teachings of the present invention, a call

processing application computer is connected via a data network to a CTl
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in accordance with the teachings of the present invention, a caILT SEgT%BB
processi ng aBpI | cation conputer is connected via a data network to a CTlIT 4
1 7 SEP 20080 %08 077522 PCT/ US03/ 01197 interface, and t REEMSHHMIEhtities

exchange nmessages in the manner specified by the invention. The CTI
i nt er f ace maihipidate @ad heer treapiilesyenchagoe dessenss intisaeantey haHiad of the

dooi ot t ef b o o) : . € . ot t
the appl i cat PHNE Bueiibnr The CRRIHGEREF hy) B KRSUFRY tomBbly BB ARERD, 0
~conmuni cat e védpecbiteeitidnef ey endpoiitderminalpiiat ailparticipatesinahé lcalfomt r ol

functions over the data network and to provide call information and
control to awilbépspactiaéhe applicriiens @@@PH&(Fputer. As packet switched

t el ephone. connect}i I . varj ' ] nal ' nodes,
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conput ers. Enalwsirkandrogradee ealhipforardionand erentrab e asIsesp ﬁ@ and tearing

d 1ls; : [ | s, k1 i] i-at i
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enabl ed devi ' ' la{,ﬁ%& Lo
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int er faci ng nesiding ordihe epplicatidn pomputest Ersnide bf thedelehatignsdandudeni t ori ng

Crnancen ke BRe S b RS o e Sl BT oGSl
' associating the applications computer with one or more specific locally
15 registered endpoints for monitoring and control, determining the state of calls
at a given end point, and various other functions. For purposes herein, an
endpoint may be a user terminal or may be an individual port on an SIP

enabled device.

20 In connection with the SIP protdcol, additional functions such as
keeping track of mobile users, performing DNS mapping, interfacing with
redirect and proxy servers (defined below) and monitoring the resuits of calls
implemented by such proxies, and plural other enhanced functions described

T

below, are implemented.
25
In a still further enhanced embodiment of the present invention, the
‘ .app!ications computer is utilized to perform call routing services. More
-specifically, and utilizing the H.323 gatekeeper example for purposes of
explanation only, calls may arrive at the gatekeeper to be completed to a
- 30 ‘“virtual® called party, or “viriual” number. The term virtual number as used
herein means a called number that does not correspond to a called terminal,
but which will be translated to one or more actual calied numbers '

‘corresponding to physical terminals by an applications computer.
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In a still further enhanced enbodi nent of the present invention, the
applications conputer is utilized to performecall routing serviceg.7 MERe 2005
specifical lwpoamgispt i |1 zi ng the H 323 gat ekeeper exanpl e f @cTasepoges of
expl anation only, calls may arrive at -the gatekeeper to be conpleted to a
30 "virtual" called party, or "virtual" nunber. The termvirtual nunber as
used herein neans a called nunber that does not correspgond to a called
‘terminal, but whirbcedidenbe withdhs inestiondherstekeansr secrlvingithe ol ed

A i e e o P R e N e
gat ekeeper 'r‘%fe@ém{\inﬁs Echﬁhéf’é the GANREIGadthanaBPdeel] Suehcdgmither mawhi ch
al gor|i thm t hat

execut es an determnes to wiere the call should actually be
rout ed. Sech iatlgoe, ashmonafully desclierd belaw, vy dyrraei gallyestingdeadpel ow, any

~type of call routing, |qad .balancing, skil e ' et c. The
‘invention le Cf'?é s&&lg?asﬁegr{ouﬁ%ﬁgi -"3"3[ lgbe\ﬁ?oihgﬁ &ggﬁﬁéjg?%‘gfﬁgl the cal |l

is actually rr;@gér%ﬁ-l WiSich lRal RPRirzt aid ealpiseripulebutedughtathear r angenent

- provides flexibility in that a custonmer may change the called termnal to -

whi ch a cal | applicaticneccamputptiatSuch ararargement pavides exbivintnat st ead of

havi t han t Kk ti tabl.es. .. Fi il -
of the | nt or CURTERETDRY Shog Mot B Bhanal e b Gl FopRAt Al VI
appl i cat hgns tﬁé’ﬁB?Iﬁc%i’tioﬂaQ%oﬁﬁﬁﬁéﬂh@@aﬁ%fhheingtte@hbhgemeoﬁortlmmn@trﬂﬂes.. |

invention and utilizing the H 323 standards and 15 termni nol ogy. To enabl e .
such i nterconnection, gatekeeper conputer 102 is enhanced and extended by

the addition of s re i T ' W _
~ Gopmuni cati ons pa? F’é%g 'Wé\gp%% %ﬁ{}ﬁ}te 9@@’%5’? E@akngéégg%%nﬁtﬁons pat h. 20
The ar r angengatelebpEi oomputeri10e! wite thesapicatioreseampater ti@Beqivording to the
applications systenms 104, typically inplenented, a t war whigh may be
| ocat ed on appAgshings ertbed};ﬂﬁﬁﬂféwem@ncﬁﬂddﬁﬁ%@gg?%&ggéﬁ%{f’%{gs @Bﬂnect ed
' 15 terminology. To enable such interconnection, gatekeeper computer 102 is
enhanced and extended by the additioh of software whose functions are

described below. Communications path 105 may be any type of data

communications path.

20 - The arrangement of Figure 1 includes several external telephony
applications systems 104, typically implemented as software, which may be
located on applications computer 103 or on separate computers connected
via any communications network to applidaﬂgns computer 103. Typically, the
applications computer may be collocated with one of the end points described

R

25 below.

The arrangement of Figure 1 also includes end points 106, which may
be personal computers, network computer devices (NCs), or any other node
capable of interconnection to the packet network telephony environment.

30

In operation, a command is issued from an applications computer 103

requesting certain telephony services which will be described below. The
- message requesting Such a service is transmitted through path 105 to-
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via any communi cations network to applications conputer 103. T;LpEC%WYQUﬂBhe
applications conputer may be coll ocated with one of the end points '
descri bed WBW®OF®e2 The arrangenent of Figure 1 al so incl vdgrsesdiigvi nts
106, which may be personal conputers, network conputer devices (NCs), or

any ot her noggtekeapatismlter NORFGQIIBE6E3ING. Theliessaaelseint ietuiekiepet ephony
environnment. 30 In operation, a command i s issued froman applicatiQns
conput er 103102 egusees patgkeepardil? octxshrogg appranriats sighpling Mqssages Wlbicr i bed

105 10 6 s SR P906e T o §prBisS sy ClubiehiBotdes DTG o MBS PTD
for DFOCGSSiﬂﬂ-exﬁhﬂqlé’ﬁﬁmégﬁc@r?ﬁfaté@FQ@E@&%&@%M. A92 result s tiiaseeapes 102
to exchange appropriate signaling nmessages with other packet network

t el ephonys ego emntexﬂwem@aésnedwsws%mriﬁ@b atp rplemeptine qadl PIELaTEING i n theh
i H 323. . : LS4 ' 0 ,
Conbi hed sysaiptpaaill P Rstea A afaf@iths Blyddtyr1FE0H BRnGIrpr abofkeBns, 1 1e

request ed by@gpl i cati ons conputer 103 on behal f of applications 104.
During operation, various call control functions requested by io
applications conputer 103 are perforned by the gatekeeper 102.

Addi-tionally, by ' pr. ‘ éﬁﬁ?e%'f 2,
applications com@?gbgﬁag%ﬁ‘ %ﬁ@oéQ%ﬁ@{%%%f ar.| %%ég)cal | control
functi ong angpplidgaBioasicomputar 103t areperioemedybyotheayaitliesper d@2. 104. is Figure
2 shows an exenpl ary nessage fl ow dj agram for fdet ect%}pﬁ% - i np‘%tﬂnd cal |
froma r'emtéd@hﬁ'anﬁ%{,ﬂ%’ npaking apprprialR r9questsof grigke '@@i’ APPHCEIREP Vi sed
by an extern r ' jcat LIS r ne Afpyent i on.
Tha opeot 11 cLRBARR 08 mbp e ARRLLRR! GiVAIBL Bl bR BT BREins 4k

- transmit such outcome to any of applications 104. ' '

18 Figure 2 shows an exemplary message flow diagram for detecting an
inbound call from a remote end point (e.g., terminal) to a local end point |
'supervised by an external computer telephony application using rth'e:pr'esent -
invention. The speciﬁc example shown in Figure 2 is the monitoring of an
incoming call to end point 202 using packet network telephony methods and
20 apparatus as described in the H.323 standard, enhanced by the present
invention to permit the participation of an external software application 201.
End points 202 and 204 represent audio terminals, for examp!e,'computer
B systems equipped as H.323 compliant telephone devices. Gatekeeper 203 is
3 as described, for example, in the H.323 standard and as further enhanced by
25  the present invention, and the external application 201 may be present on a

- separate computer as previously discussed.

In operation, the call initiaily proceeds according to the methods of the
packet network telephony environment. A bandwidth request message 205 is
30  sent to gatekeeper 203 and bandwidth is granted by the gatekeeper at
message 206. A call setup request, message 207, is issued by the initiating
. end point 204, and gatekeeper 203 causes call setup request message 208
- to be transmitted to receiving end point 202. A call proceeding message 209

.




incoming call to end point 202 using packet network telephony et hods S¥fd 2008
20 apparatys as described in the H 323 standard, enhanced by the Eresent

i nvention t¥OB¥PHFE the participation of an external softm&ﬂ@/%ﬂ §18%¢t i on

- 201. End points 202 and 204 represent audio terminals, for exan'r)

~‘conput er systtmnutieldbpekieaec&rvlﬁgmqumltltm@kto@aé@mﬁm@r@@ﬁl%@ a(S';‘infekeeper.
'203 is as descri for in the H 323 standard and as further
‘enhanced by #5nitigk ngﬁ@gd}ﬁm{ﬁgﬁ% SBAWNand the external - application 201 may
be present on a separate conmputer as previously discussed. |In operation, :
~the call initially proceeds according te the nethods of the packet network:
t el ephony envi ronA’eapprommahthdtdameeqmsgatalmjémm@ thgeallent to

gat ekeeper 203 and, bandwi is granted b tekee nmessage 206. A
cal'l setup rRQGESEINGR '§§tj‘é“ ﬂ)g’e 'PE"a}IEQGQé ett"%éng HI%S 39?280’ end poi nt

204, and gat He$9 ghdte

“transm tted g@%ﬁgg@ﬁﬁ%ggﬁjﬁaﬁwsﬁ% tg’%&%aggw%gpgceedﬁ%tﬁg?gghe 209 7
SEE. 2006 V\l)a@ﬂibbﬁﬁﬁ&%llmw@mb@ﬂmébmthetrewlsumgtetrehp@mtg e@pPey end

 point back t at ekeeper 203 and rel a to initlat 210 as
Chown. At apEroReRas By marsded pecei gl eppleatiise P Eng f’f alt

proceedi ng i rggic%?éd B4t itGehifed RbificLibASf ?élgpll?&hWévélﬁ‘s %@cﬂﬁﬁa@%%é’é&@ng

gat ekeeper 203 also transmts to external application 201 a notification

that amd nbenchpoihD2i s bei ng received by ‘the receiving end point 202.

Gatekeeper 203 sends this nmessage because external application 201 has
previously . indicated that it requires notification of telephony events

oceurring at receinvrasr td Sorftsbt B MbodRR call reeEiTg &8d poinn202 redn.ﬁresnbound
. Galll, receiving end point 202 requires net wor kK bandwi dt h, and SHEW
i ng

bandwi dt h | shetegieberdwidiuranthe bandwied ipyequested Ao aBf @loggs
Tessages 21308 Whidtng 2y S hBS B 2 LR B RiRAE ! 202
15 monitored end point 202 rings to alert the user to the arriving call, and an
indication of such ringing is transmitted through messages 214 and 215 to
initiating end point 204 through the gatekeeper 203. When the callis
. connected at the receiving end point 202 because of user action, end point
202 informs gatekeeper 203 via message 216. |
20
At this point, gatekeeper 203 sends an answer notification to the

external application 201 via message 217.

At approximately the same time, gatekeeper 203 indicates to the
25 initiating end point 204 that the requested call has been connected via

message 2_18.

In accordance with the protocol described hereinbefore, the detection
~of the call by an external application is accomplished via a protocol of
30 messages transmitted between the gatekeeper and the end points 1o be
“connected, as well as between the gatekeeper 203 and the external
application 201, thus enabling gatekeeper 203 to inform external application

201 regarding the progress of relevant calls in the packet telephony network.
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indication of such ringing is transnitted through nessages 214 and. ?lggpozmg
initiating end point 204 through the gatekeeper 203. When the call i

connect ed atWQPf@”'i”ééel ving end point 202 because of user aclt(i'ltbldﬁl}wm?pm nt
202 inforns gatekeeper 203 via nessage 216. 20 At this point, gatekeeper

203 sends an answer noti.fication to the external appl i cation 201 via

message 217. At approxi tela/ tEe sane tine, kee r 2ﬂ3 | ndi cat.es_-to |
the 25 initiatind @H§Sps #t 9@ OWe IE'We W@fﬁ %geqna 3%1 BEERS U nect ed
via message gflicalich RLLREHN 4R é%tbbhéﬁﬂﬁerﬁrd?te%c&hbgﬁﬁ@ [:dall)ﬁ’érrhﬂfti%'nﬁ%Ef ore,

the detection 'of the call by an external application is acconplished via a
prot ocol of 3INchpeishdBGta mesmg erd pbmt \386n Mamy ghtheknessagesravalvesd Bnd

b d he gat ek d th
et ornal SR aP ot STl ST RSB do B ext or nal

dppl i cati on ré8hectagHdiritnitbRq bF B% RBSuA copliEYaHedili ule'p.t Rewpacket
t el ephony network. 8 7 SEP 200 WO 03/ 077522 PCT/ US03/ 0 197 Figures 3a and

b show anot hememeelr@t ofe\acnuséydscnese(tml FFugpneoZelsesdaanMplmele\ut Aerwith

requesting t t abl. t of a LLi at n d point
e ro r ocel SRR BT e 2. Ak bR Ar o i bR e 8P, ¢
operation ar §s aifishadtd ﬁla\lré/Pﬁé\mdsNcérﬂrﬁd?ﬁéé%e@hﬁfﬁ'@iékéép%?@%%th with |
respect to the nonitorin t he i'nbound call described in Figure 2. New

messages Aot qeﬁ@ma@aewtfmtbeuw@pd&ﬂ@cg@eé by thisdnuesfion tedadisatedie As wi t h

¢ {'s°ecunoflon S Ee B bhErd haah B0 a0RH Al Enlpouigen” 5™

accordance with other methods described by this invention to indicate its

itntfention to issue caII control requests with respect to initjiating end
poi nt 386. |n Fi JuFeyremdamnd3b, ggtakereepdss abw Iap@eesﬁweee‘erew

conference  control point function as currently known to the packet network telephony art.

15 This function is used by the invention to interconnect two call segments,
namely the segment between the initiating end point 386 and the conference
“control point; and between the conference control point ahd the receiving end -

point 390. For clarity of description, the combined gatekeeper and
conference control point apparatus is referred to as “gatekeeper 388."
26 : ' |
The sequence of messages begins with a new message 301, specified
by the current invention, through which the external application 392 makes a
request that the first segment of the call be established from gatekeeper 388
to initiating end point 386.
25
| Next, according to known packet network telephony art, messages 302
~ and 303 are exchanged between gatekeeper and initiating end point 386 in

order to set up that first leg of the cali.

30 Next, the gatekeeper 388 sends a new message 304 to external
- application 392 to alert it that the cail request has been received and is being
processed. Much of the remaining signaling, relating to the establishment of
that segment of the call between initiating end point 386 and gatekeeper 388




contral point function as currently known to the packet network Le"g«e@ﬁ'@rgﬂns
art. as This function is used by the invention to interconnect two call

segnent s, w@pBdskhe segnent between the initiating end perniusghdiend t he
conference control point; and between the conference control point and the

T ecei ving egﬂ éﬁ@%@%é&% 36595 sﬁbé’f]fahgéﬂ_lyf)%irrﬁiaﬁfdiﬂé& pffvioddhe deserbieniewith

gat ekeeper conference contro oi'nt apparatus is referred to as _
"gat ekeeper 138Bett t3Figilies? ard tharsowill ofot besspeatedb dijmilgriwiancedhadiistitgsage

~301, specified by the current invention rough \whi ch .t h

~appl.i cati on @dhe raldasbeansiglept g@ﬁﬁﬁgﬁel??fééé]%%%?g@H%ﬁ‘{"‘%ﬁ?ﬁiﬁ&gg?@tbe
~establ i shed ‘ Dq.]ﬁelj - I ifalfita ted i gt S|P, 25 Next,
accordi ng toﬁéﬁ-[)gvmglé%ac gg%ﬁlg‘i@wg)arlkﬁ?rglIggﬁgﬁt;é%ylﬁg%@?ages 302. and 303 are
exchanged bet ween gat ekeeper and initiating end point 386 in order to set

~up that first leg of the call, 30 Next,, the gatekee : ends a new
‘message 304 to exT@VE¥E daBBg_il@a@io&ﬁsgggpllcgecgqnﬁgufq%eﬁ{%%?g?ﬁe cal | request
has been'recgiy ;?é}def f [Re8§e€th thsheial hpglidz@iBRiag2ng si gnal i ng,
rel ating to_ﬁ;{éﬁ%e ab q.%%é?n@r??gaﬁmtha segnment of thgﬂcall bet ween
initiating eetbvaoi stage8ofaall pgmessbi@pmlagag:g SEP 2006 WD 03/077522

PCT/ US03/ 01197 in Figures 3a and 3b, is substantially simlar to that
previously described with respect to Figure 2 and thus will not be

repeated,, Simlar{y, opegsddeesds indhcating thafinkibengaht poist 38Gemasset up,

gat ekeeper 388 proceeds in'simlar fashion to set up the second, |eg of the-
call fromitself to reasuireddhendcessany ns@mrk@andmgﬂq pEaseithg %@lle process
depicted in Figures 3a and 3b, gatekeeper 388 sends new nessages to the
external application 392 at relevant stages of call processing, including:

2, Message 306 indicating that receiving end point 390 is
processing the request for the call;

15
3.  Message 310 indicating that receiving end point 390 is algart_ing

its user to the arriving call; and

4. | Message 312 indicating that receiving end point 390 has
a0 answered the call and a connection has been established.

5. Any other messages relating to exceptions, status, or control.
Sy The application systems 104 may then provide monitoring and
. control as desired, and as described in the parent application,
25 now U.S. Patent No. 6,201,805. Thus, the system provides for
| monitoring and control of H.323 calls.

Moreover, as described more fully below with respect to Figure 9, the
gatekeeper 388 may receive virtual numbers that are conveyed to an

30 applications computer for translation to actual numbers.

Figure 4 shows an alternative embodiment of the present invention
utilizing the Session Initiation Protocol (SIP) in place of H.323. In SIP, callers

10




io 1. Message 305 indicating that. initiating end point 386 has =abdiflt €805

t he necessary network bandwi dth to place the call; 2. Message 306
i ndi cati ng WeB/07E82i ving end point 390 is processing the PEqUESSOOT t he
call; 15 3. Message 310 indicating that receiving end point 390 is

alerting itsandsellebschhestbiish calls madrig ofathceel maibsen ¢t), e calledidiracing t hat
recei ving end poi nt 390 has 20 answered th |1 and a co cti n has been
establ i shed. 99Ntaetyher cr?élfeen%%la\%@ ih GIoke fig @oteclst PamechIis e |
-control.  They r%%@h'acﬁfogQ escrl b&v@f* Fé‘@)—“\ & V&lﬁ’éffé‘f%?'cbﬁfécwth%”d

control as desir e pafrent “application, 25 now U.S.
Patent No. 6 c&ﬂée 805ugﬁ'hus dntelutesayet e}mvm wF@use BB Amrﬂhmxpi@naﬁd cont rol
of H. 323 call reover escri bed npre f é %Fhﬁé/ Wi th respect to
Figure 9, 5théLl ﬂ@?%’@'ﬁﬁ?eﬂé%@% "\?hgtt T plogiasds Vae conveyed
to an 30 applg | ; A |gure 4
shows an al tep{r:l][gétri g%%éﬁnbmgé%g qféﬁ#'aﬁq] Pgtsag(r?](? Clhﬁt\?gﬁml%]a"%ég? 8|é§Yendg;

Sessi on | ni-t ifiaii dlﬁfeﬂEMtsrwodes(fSI'beeﬁhlt\ee)défeeemi‘fcasle§23 In SIP, callers 10

(r)7 SEP 2006 WO 03/077522 PCT/US03/01197 and cal | ees can establish calls
in one of three manners; (1), the caller directly contacts the callee, as

shown in Figure 4Mc(r§)58e&|hsa| Hﬁ{e esm%c ?ngahi @ethetdamep%vaareroxy

server, as shown In ure he ca er contacts the callee
thr ough ao r etfitteg SIR élrmars@rﬁmmume Eom’tm BUBRL"yof the icallgr mapgitaiened s

further bel ow, lin ue et met hodol very
simlar, excﬁB‘?C'{] O‘E%Zntﬁﬁ%é @PF@AQ'P e)q"i'ﬁkirgﬁs E’uﬁ'@nqré%qge(rﬁ%nqg)&eﬁgg?q
derived fropndiHe @iiRPlis REEWARS df Ue IMBdERISeDIhE bAIRNt TIEGBRRe, tHer e
spémﬂcal ly, in the direct contact of Fi gure 4, the caller is_aware
caller 502 sends a request to the proxy server 503 to call the desired SIP-URL
of the called party, and proxy server 503 translates the SIP URL tp the IP
15 address of called party 504. The proxy server 503 then forwards the request

over a data network to the called party 504,

Finally, the use ofa_ re-direct server 506 allows the SIP URL to be

translated by redirect server 506, but rather than transmit the request to the
20  called user as in the case of the proxy server in Figufe 5A, the translated
~ address is retumned back to the caller 509 for a direct connection through

- appropriate servers to called party 510.

In the Figure 5A example of a proxy server, the exemplary called
25 terminal's SIP URL could be, for example, Joe@acme.com, and the proxy
| server would translate that address to the appropriate top-level SIP server for
~ the acme.com domain into a more standardized Internet address, such as
33.65.43.85. The standardized address is then used to route the data
~ through the network utilizing standardized protocols such as TCP/IP and the

a0 like.

Of the three types of SIP calls described, the least common would be
that of Figure 4. Normally the caller will not have the apprbpriate IP address

11




10 that the SIP Universal Resource Location ("URL") of the calleg gﬁps ﬂtﬂg a
specific known Internet protocol ("IP') address. In the arrangenent on2 :
Figure S5Awa#sa7tatl er is not aware of the | P address of ther/vsdloee7

Therefore, the caller 502 sends a request to the proxy server 503 to call

“the desired fgf thelRledYartyhmdoabliedenaire Yhe Fadsiation gesdcoseof £68rver.ans| at es
the SIP URL to the I P 1s address of called party 504. The prox seéa‘%r 503
~then forwar d&/hilaenosi gystems would norenadlly operate Wilizing eifbet aIArayy ﬁé’r"ﬂ/ 394

Finally, the_use. of r e-di.r ect I '
~transl at ed b?/r fﬁgﬁ??*&ieﬁ%e’é?j@ef&a‘&@;&’%% Of%?q@lgé@h%é@ﬁ]a%g % 'éﬁhfe\g?}gﬁfuest to
the 20 cal |l aditathfy, wasutiliBe the ef@spleodt FigaredbAmheseinveproxy derger®is, the
transl ated address is returned back to the caller 509 for a direct
connecti én' timpegentedppr opri ate servers to called party 510. In the Figure
- 5A exanpl e of a proxy server, the exenplary called 25 termnal's SIP URL
~~coul d be, for exanple, Joe@cne.com and the proxy server would translate

‘that address to thRefenfiy RFihdesARheswal SIS dlers02atibaipts thinitate®. com
domain into a nore standardized Internet address, such as_.33,65, 43.85. The
st andar di zecaldHirsesds ps SIRdAvits Bessage & PEYIRENEIR03 sRRBYINY heeSIRet wor k

uti 1200 StORIN I GENRILLARH! Rt 50s STpL GO RdHIE L mAR NG ineY L he

three types escri'be common woul

~ Figure 4, Nogmgkbf yedoléngitid SIP WRL tonitie [Raadkireseofegriledppariyt 804.PThedress 11

ry SEP 2006 WO 03/077522 PCI/US03/01197 for the called {%rt |fmd ul d

require the RIPENSERET BiaYdtsaihestandargized gagaain napgps FléStf“’rBE SVER'“Roul d

normal |y -Opeéc?c}rsséj,td{lahi'otﬂgerefbgcg'lﬁﬁﬂﬁ sBhEME RERinda! ior%ﬁlgr 8fliheaghgSRr ver

, 3@6 for purposes 'of “expl anation herein, and not by way of limtation, we
utilize the eallgrptessirig Wherer grosp seher&0d receives thes kwviterméegagesiram

ot erented  TeF 65! a1 ic nitfsaethent Yikhed ) bo Sobfch. PR RS 10
15  proxy server may read the calling terminal identification (“ID") to ensure that
the caller is authorized to make the call, that the appropriate network
bandwidth is available, that any reporting, or logging of information takes

place, etc.

20 After any such initial local processing by proxy server 503, proxy server
503 translates the desired called party name into an address and forwards
the resolved address with the request through one or more further servers
505 to called party 504. The sequence is éhown more clearly in Figure 6. The
invite message 601 is received from the outbound proxy and forwarded
25  through one or more servers to ultimately reach the called party terminal. The
vertical fine 602 represénts the domain acme to which the requestis
- forwarded, and the vertical line 603 represents the subdomain, which
ultimately forwards the request to the called terminal. For example, vertical
line 602 may represent the domain name acme.com, and vertical line 603

30 would represent the sales department, or subdomain, sales.acme.com.

In response to receiving the Invite message, the SIP OK return
message is forwarded back through the same path substantially as previously

12




call, it sends an SIP Invite nessage to proxy server 503 specifyi ng I%ﬁhﬁ
“URL of the desired called party 504. The proxy server 503 mnust |n|t|ate t

10 task of WOIBHVWISHYy this SIP URL to the | P address of cal IR€d/y583N9504.

The proxy server nay use the standardi zed domai n name systemto resolve

such. addr esges@ibanyitivrdspect ksbkuliieet conmestiondsiHiged 4. Abléxt, ae rshngn, at the

reesage fronihe AOKMESHE égﬁsrs%afﬁéﬁwy@éﬁ%emer W2 658 1056 AT | e, For
a I I t
CTD) 1o enSOPPhaREes BlsyiBoy fabbla, e e bRIRR, cell Bl P2 00,

appropriate ﬁﬁi@@@gbs at@eﬂwhaﬁgledltmm@n trebtallertamalt calley paglyo mesaggesomayoggi ng
of information ta pl ace, etc. 20 After any sucF i ni tCIf&%@nfcaI '

processi ng biollemoihe %‘ﬂ@/@ﬁtm@?,th%‘rfémggf@féﬂt Paihs throuel BRIVEEs r ed

- called party ress with

t he request ﬁgﬁ%lﬁd%’naﬁ&ﬁ%eg&m'ﬁaﬁ%% ﬁ%g@égﬁge%gg%é ?%ﬁ%ﬁ Zé%arty 504.
The sequencedisgussedfuriier ®elwearly in Figure 6. The invite nessage 601 is
received fromthe outbound proxy and forwarded 25 through one or nore '

servers to ulti rrately reach t he cal I ed party termnal. The wvertical line
602 represents thg, ih p%%t ntifventiehiigded, and the
vertical 'line 603 represent s\I‘IIﬁI]le sub ﬁr’rg%rIIﬁ V\ﬁ? ultimately forwards the

request to tdesicailé dnlinseririniwethe aangemqbloéFrgwetﬁAcalsysﬂenhwhlsbztanay _

t th .| 03 30 '
Fapr csent ¢ NS CamaNER, Ko dRestimuN e H) SoeltbPs SrEnlal 8 | esponse
to.recei vi ngebhieo)ldays bg c@iﬁﬁéérg@tmm.e%ﬁté% ISHhal the PRXG @88f/er 508 War ded

badk through the same ant1 al as previously 12 -7 SEP 2008 WO ‘
03/ 077522 Pcai/sumeryamt@ndteemirnenedstwawemmy@etacaﬂdetm@ahﬁ%rjte c¥hgrection of

0TS e P o RS TR R B AR ot o e
that as {he i@\ﬂI&IIIy%‘?ét dilinformation regarding inbound and outbound calls would
traverse proxy server 503, and thus, the proxy server 503 is the appropnate 5
place in the system to interface the applications computer previously _ I
discussed. That is, the CTl interface should be the proxy server 503, which
gets connected to the applications computer. However, several issues arise:
20
(1) It may be undesirable to integrate all of the software for interfacing
with an applications computer directly with the proxy server software

Y that is already functional.

25 - (2) Proxy server 503 may process the initial call set up message, but
subsequent messages are likely to be communicated directly between
the caller and called party through servers other than the proxy server
503. Therefore, if the applications computer is connected o the proxy
server 503, proxy server 503 will only have limited view of the ongoing

30 call, and would not even be aware, for example, of a cail being

disconnected.

(3) Requests for calls are typically made by a calling terminal 502. | if

13




messages are exchanged between the caller and called party, messages I F}/
follow the same path, or they follow different paths through dlffer%n:tu, 2008
servers. SVf‘“?/ﬂ%ﬁ%?des appropriate commands to force use ofPQINE0E8E7 pat h,
as discussed further below In accordance with the teachings of the

. present -i nvent i ontheigppilisati@nsdestpaet wemreamastble fardhe hiritiatiomoabibesasl, of

Figure 5AasystemV\,h|Ch can i1ize r Tele ony Int ratign (CTI) -
‘applications to n%mq m"bggﬁ'?? fBFnQ:g?OE% @%F?'ﬂé: P?R tﬂ%’jﬁgystem :
Si nce the prox s A H%ﬁl SIUBTEL, S

at'tenpti ng?t o] )éal t@?ﬁ?%gweggggké%dlétg\%%g?\bﬁt he ca& ﬂﬁ%gérgg?ty in the

previous exanple is later the called party) it appears as i n| tially that
all information.r rd nboynd, and out bound, cal | s, woul d verse proxy
server 508, and tﬁg‘gh ﬁ%{&'?ﬂ@”géﬁs@)@? “’9@?%@ %S%ﬁ?pmogpﬁéfoem G'9¢% in the
systemto i nﬂ@réﬂsgpcrg[f&g fﬁbﬁ@h’[éﬁ@ﬁﬂ\%@@lp sRdfRVvi ously di scussed. That

.i's, the CTI iInter € proxy se ver 503, which gets connected
to the appl i cati ons conputer. However, several i ssues arise: 20 (1) It nay

be undesirable to.inte e of the . software for .erfacin
applul ca;5 : ons corrp@b@rpog?&’je%?ﬁ}/“tﬁﬁtl“ﬁe %ﬁtﬁﬁaﬁ'ﬁ?gf& @@P" &#’PMP@ %%?{A'Y'h? s
al ready funchh eelbrodits depide@ogicl i Figthes Mands.0passw ehiity itheda call

set up.nmessage, but su(t?%?quent nes a es are l1kely to be communi cat ed
di rect | y1det passnthrovgh pranlxy@(}wadepmtecbdﬂp@pas;«s througl prexet isaoitwaiéier t han

to"t he ot oy HEh R Sbysoay R oeb bO8sS SR WA BB bE iRl ot o
t he ongoi ng hL@Acenlthe sBRANE W HICH douRySRehfis@ Rl sidept op bRy servef 5@3cal |

'belﬁng di sconnected. (3) equests for calls are typ |call¥ made by a calling
termnal 502in a $IP gavirrroest wikow HTyambiermiral G823/ Alteratively, the pass

through proxy 801 may be a separate device interposed logically and
15  physically between prbxy server 503 and terminal 502. In Figure 7, we show
an example of the latter, which we shall utilize for explanation purposes

herein.

In dperation, a pass through proxy 801 would typically service plural
20 usér terminals (e.g., 502) and one proxy server 503. Just as the standard SIP
protocol allows plural terminals to register with it, the pass through proxy 801
provides for registration as well. When the pass through proxy 801 receives a
Register request from a terminal, it records the contact details but otherwise
~ forwards the request unchanged to the proxy server 503. This recording
25 permits the pass through proxy to have knowledge of which terminals are
associated with a particular proxy server 503 but otherwise leaves all the
- forwarding information unchanged. Thus, neither the terminal 502 or proxy
server 503 needs substantial modification to work with the CTl interface.
Terminals which are to be monitored and controlied by the application
30 computer 701 will require reconfiguration of their specified sip
Registrar/Outbound Proxy.

Assuming a single pass through proxy 801 is associated with each

14




the applications conputer were responsible for the initiation.of_ ghgﬁpaﬁﬂﬂlﬁ
a mechani sm nust be found to have the application conputer signal - e
proxy serveW®BA7TB2initiate calls on behalf of the term natCIBOD30F19Fach of
-the foregoing issues nust be addressed in order to integrate the CTI

appl i cat i ons proxpsererwetdrdingesdshARegistermeq@s rpsdts ibledisdof termiealathal or
interfacing an applications conputer wt an S|P proxy is icted
logically in qf_i”@ﬁ&%% the ghiireglo "F]g?/l}"é'?'if-’ht%e P@?ﬁ%ﬂoﬁgh Eé:”iya%(g'e\%ﬂ}'@ﬁﬂ% pr oxy
801 is depicted. p K : id fihWRLS tIBLER Py sdvysi cal |y
run on proxy rgg?(\)/ﬂegr]s@ogﬁ%m&mgﬂ tﬁéqzi%rlﬁléetréggés%é %ogi cal ?y _beétween the
sof t war e, whirepresentsisombeubssiaf beatremivtettt prowy seosey 508rofdrig®ed. in a SIP

envi ronment - wi thout CTl, and terninal 502. Alternatively, the pass - through
proxy 8015may be a separate device interposed logically and is physically

between proxy ser vl @hth 4§ idli3hestine ioteBLOMAAné patt thldfgh rOxpXamp! e

of the.latter, whic expl anat1ron purposes™ herein. In
operation, a gissa hbadegio the cequesSdandhdrdfdrwardsait kytheeB\H proxp5dBallheo user
termnals (e.g.,, 502) .and one prox ver, 503. Just as t t.andard SIP
protocol allo phﬁ?é@r’ P@Frﬁ?ﬁﬁ @Q"%" %E%PE‘?@FOI\!\AS'E"HL“SP,G ‘ﬁﬁf@é t hr ough
proxy 801 prpw bakINHd HB ginsttrhesrfesfol Blspusifichr oxy
801 receives @ngi‘%i Eﬁ%rddgggﬁée[slﬁdfo%g%age@ﬁ%nnal ,I 1t records t k?gé.cor]t'act
details hot aizfideng set dpfromralsallingierminal0Acalsesgabseaueme proxy server

503. Thi ' 25 1ts th th gh  F w ed f
ahieh ter m ndPeIHAG B eTheBanaseanes i Fematen e SedRYBAE0s bu.
ot-herwi se. | eqnepighl droki 801 SUMREGBE hRRIdShRObr el hana e calnset.upnei t her

the termnal 502 or proxy server 503 needs substantial nodification to
work with thenaStagest sny stetus antkeontrellinfornption seqites BdamenteiesPand

o thel r spedPPl S T RRPLTT Cn R BB iie el o E iRy 8 s
t hrough pgoxB00ITHiS ppoidsy afudidviawof tienehtboliid call set up, acknowledgement
méssages at the pass through proxy 801, and thus, to the applications
computer 701 that inferfaces to pass through proxy 801. Moreover, such a
solution does not require rewriting of normal SiP proxy software, since the
pass through proxy hardware and/or software may be implemented entire_ly

20 separately from the SIP proxy server.

The foregoing mechanism provides a solution for outbound call setup,
- control and monitoring, and tear down, but there is still an issue remaining for
inbound dalls. More specifically, in order for the applications computer 701 to
25  insure access to all information regarding inbound calls, such information
_ must pass through proxy server 503 and pass through server 801.

~ Otherwise, as shown in Figure 7, application computer 701 cannot
monitor or control such call. The solution to this problem is similar to the
3o previous solution. When a terminal is registered with any proxy server in the
entire system, a special header is added to its contact address. The “maddr”
. header in the SIP protocol should be used for this purpose. The header

‘affects the address translation process when other proxy servers associated
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SP 2006 WD 03/077522 PCT/ US03/ 01197 proxy server, recording each Reggélg
request results in a list of termnals that constltute the entire @ 2008
for which tﬁé)%dﬁbn hrough proxy 801 woul d be responsi bl e.P¢TUSIBHEIY7WOT dS,

. the Register list in pass through proxy 801 represents some subset of that
~known to proxyittsesliey térfEnalé aftempt ¢ FontaciSheipaatidular edlied terminali t e nessage
I's received, the pass through prox adds a header to the request and then
“forwards it t@%ﬁ'@%ﬂ\”‘%ﬂ@?“@@@a 8SS.' i a" header, part of the known SIP
‘protocol, should be used for this purpose. The addltlonal header added

upon the first message for a specific ao call being set up froma calli ng
ternminal 502 causeaommmiﬂt@my thisdrsdel insknotsl mdgg senter Hoddagedired dlie

transm tted through the pass throu pr 801. Such ste rovi,des that
for all o@t bdnh@w&acaﬂ! g@ppmgqueﬁé%ggr e@@“@t&@ﬂ%ﬁﬂéﬁegéﬁ%ﬂp 1e PHEEISSat i on
required to te x tlons conputer 701 will be transferred
-~ through pass%%ghﬁgﬁ‘%xﬁgdd'a@%b& his provides a full view of the

outbound cal | set up, acknow edgenent messages at the pass t hrough proxy

- 801, ‘and thus, .to_the applications ut er that es t o, pass :
through proxy 801.T h?cﬁr@g@é’ﬁlycﬁj@ﬁdéo(f@gﬁﬁtc?&lﬁe@ﬁ récg é’”PQ\Eﬂ"tl ng of
normal SIP prsg@éltﬁgfté‘h’%rt ns @thrpﬁgtég‘?ezﬁro Prs% EJ‘U?,O&):Wd 2ENRHEgrand/ or

- softvvare may l'enen |re eparate fromthe SIP proxy

server. The fpmoagaﬁlthBmdnham :Brﬁlgure\i’ dmeahe@hptlmaimrfsmommtbbﬁ% cal |
setup, control .and nitorin own, but ere |i

P i ng_f oiterTABs upass oS eaver R, S s oW fisget Tl Frladh,
appl i cati ons GARREGEefPAas PAoLaldrB8 Me pREGAEFVAISHE In A QUHBKAtRI wagasy di ng

I\nbound calls, SUCh?I nzrgr?ra |oon nmust B§§‘§ t hr ough pror%/ server 503 and

pass through to cavee raaiting dithe saftware arsewhoresonfigwmiagon of the amxwu&%\teron

conput er 7015§1gnn0t moni tor or control such call. The solution to this -

problemis si*ifftar to the 30 previous solution. Wen a termnal is

regl sterged with any proxy server in the

| ssue

While the above technique insures, that pass through proxy 801 has
access to call setup messages for inbound and outbound calls, the headers
may also require that all messages concerning the call (e.g. hold/retrieve, call
hang-up, etc.) are transmitted through the pass through proxy. In genera!, the

20 pass t.h rough proxy 801 and/or proxy server 503, utilizing the techniques of '
the pfesent inve.ntion, add headers to insure that the functions desired to be
monitored and controlled pass through the separate logical portion of the
system that monitors and controls those functions. The “record-route” header
should be utilized to ensure that all control messages after call setup (e.g.

25 disconnect) are routed through the pass through proxy. This header should

- be added to call-setup messages as they pass through 801. It should be
noted that the pass through proxy 802 should not be a redirect server, as this

would not receive call signaling messages for monitored and controlled calls

after call setup.

30
Moreover, the fact that call-setup messages pass through the pass
through proxy 801 does not necessarily mean that all resulting calls should be
‘monitored and recorded. The pass through proxy 801 can be configured via
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entire system a special header is added to its contact address. thgE' '
"maddr" header in the SIP protocol should be used for this purposet R’h%']ﬂﬁ
header af f¥@30T7AR8 address transl ation process when ot her PSTAIEP3R@IVer s
associ ated 15 7 SEP 2006 WO 03/077522 PCT/US03/01197 with callin

term nal s at ceftwbre fo ayprasttor hpd pecdrdondssagesifland wheniinstructed &Ped

wi th the subject address. Mre | ficall this header instructs oxy |
server 503 t&YrB@AP W?'QPFCO@HU?FE’%I‘MQ Sb’gll" Pg%@%ﬂ'&@ﬂ%% CQE@PE‘%S@(]H%O t hat
cont act addr%@éré ,td??o%ﬂgf @28rd éél%%[dtiﬁﬁ th Belibes kABAMAMO theapplicatibhe
previ ously defined 'solutions cause all 1Hbound and out bound call signaling

to be transmcbotmpatdrif0dugh t he proxy server 503 and pass through io proxy '

801. As shown in Figure 7, since the applications conputer 701 interfaces _
to pass through server 801, there is now full access to all call data, and

“th t h ' [ it al
e system has nog\sg{f&ﬁﬁgnﬂggg éH&PéYtlﬁeééés‘r’?rtplgdg@h'ébr@@lyhéé@éﬁﬁlﬁ ial way as

to cause rewritin e software or e nfiguration of the proxy _
server 503. irfSrivtidneintdoenrabo wéthtthe proxpuservers uil bs passdhrqughsseneodyh proxy

801 has’ t | I t for .i pbound d t d cal.ls, the -
neadors ey lnecanDia s er B ik algad Banaeror SRl ar Bpieiin S e
hol d/ retrievey of tid infdtAHSioHRn 1R %rc)xy%re?\/ér.r s Rurbesks bf 8x8Bnkih haeh,

t hrough proxy. I n general, the 20 pass through proxy 801 and/or proxy
server 508, weiddsziibg thepasetitougiuesrver as Misopng HenProxyaasYeida reléP header s

to ins ‘that - the f ' desired b ' . J |1 ed '
L ough the Dipigeaet Mipddh rarar Bhe bfod e g b st SRR, onyPe
control s .t hogfodmiohl ons. The "record-route” header should be utilized to

“éndure that all control nessages after call setup (e.g. 25 disconnect) are
routed through the pass through proxy. This header should be added to

cal | -setup MeSSagPRe ARl iQ&Ye Rnaa?ﬁegﬁé ?6‘99 230resshl ie’fﬂ%‘égiiiﬂﬁof the
| 15 application computer 701 to initiate calls. The issue is solved by having the
applications computer 701 indicate to the pass through server that it should
signal the calling terminal 502 as if it were receiving an inbound call from the -
paés through server. This “fake” inbound cali is intended to prepare the
calling terminal 502 to enter a state where it can listen to (an as yet '
20- undefined) media stream to be setupin a subsequént outbound call to the

called terminal 504, described below.

When calling terminal 502 has answered the call, it has a call set up to
the pass through proxy with no media channels. On receiving the
- 25 acknowledgement to this call, the pass through proxy then initiates the
~ outbound leg of the calt as usual (via the proxy server) to the intended called
- party 504. When the pass through proxy receives an acknowledgement for
~ this leg of the call it can then update the calling terminal 502 with the new
media channel information in another Invite message for the origina! call.
30
In response to receipt of the fake inbound call from application
computer 701, calling terminal 502 will perform its normal processing on

inbound calls, typically examining information associated with the calling
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noted that the pass through proxy 802 should not be a redirect server, as
this woul g receive call signaling nessages for nonitored and SEP 2006
controlled P& ter call setup. 30 Moreover, the fact tHMaAUHIPIY%et up
messages pass through the pass through prox 801 does not necessarily nean
“that all reswariynd heastalingspariy tﬂlfﬂimafmrﬂ"edﬁreéymdsﬁlm'ougbezsbrva‘rﬁéﬂﬂaﬁse_

through prox d via 7.SEP 2006 WD .03[ 07522
b U3 011 5758 DR B8rE? A bt othid el raneis st RR anen
‘instructed t @afipgdermiRl 5@.@1@99&&@%'0@%9@%%?5027 RlinitRHE 3 sHond @l to
applications conputer 701 is operable, or to only record calls relating to
devi ces knowgatled terfml@@ipﬁoﬂdatacowda@@ﬁwuﬂletheIeahmquwespr&yucuw!y desoribed. above,
t he pass hrough server has certain information in common with the proxy

server. e pass through server will either contain. a subset of the
Jinformation in theighetad hat ¥&¥eraPlarElivns ent ﬁas:é"p?oé&sstd&chﬂé@%ﬁﬁ%0” in
~the proxy server. For purposes of explanation herein, 1.0 we describe the

pass thr oughfss@]ﬁ?@pn@nﬂﬁ V ihe nrﬁeerpirlb\xgntmr \v@ne oo mareaf thetermtiralsact
“that-th h f. t .
The 11 nal "1 <508 YRa ARt eSS e frB e P eradudg S "

appl i cat i on hardwiteeeonHsttibe to td héfwdrk.ablish téfrﬂﬁnaigswmdhﬁnéglu%@d by havi ng
uter 701 indicate to the pass through server that it

the applicatjons ¢ _
shoul d qugnﬁiant:'ﬁédf%‘gp}o interget Anglages goésaataxfatetalmcw knyén 1 ihg ath i nbound
call fromthe pass through server. This "fake" inbound call is intended to

prepare the calling termnal 502 to enter a state where it can listen to

Q as yet 20 underemxé) whith thesé (scamatithobigatien pw@esg dischighs@ fiuRsih out bound
- &aL to t he (fat herm nal 504, described belo
~ related to checking the calllng terminals authonty to make calls, the
authorization process may be more detailed. For example, certain terminals
15 to be called may implement call blocking by instructing the proxy server '
accordingly. Selective call blocking from paﬁicular-cal!ing terminals may also

be implemented.

Additionally, the SIP protoco! is definéd such that multiple SiP
20 connections may exist within a single TCP/IP séssion. This means that
effectively, muitiple telephone calls can take place over the same TCP/IP
connection, and that pass through server 801 may monitor one TCP/IP -
connection and then demultiplex out information concerning multiple calls.
Each SIP session would be identified separately, as it presently is defined by

25 the SIP specifications.

in another enhanced embodiment, the point-to-point call shown in
Figure 5 is replaced with a conference call wherein information may be
shared among three or more terminals. Such Internet conferencing methods
30 require that the servers conveying the media stream after call set up simply
. duplicate messages and transmit them to two or more different addresses.
‘End users then have control over exiting or entering conferences by entering

specified codes and passwords, in accordance with known techniques.
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When cal ling terminal 502 has answered the call, it has a call; set TuStPo 2008
the pass through proxy with no nedia channels. On receiving the 25

acknow edgeW&¥B0{B2t his call, the pass through proxy then ROTUSAY/EIT he
outbound leg of the call as usual (via the proxy server) to the intended
called party 504. When the pass through proxy receives an acknow edgenent
for this leg of the call it can then update the calling term.gal .502 with
the new nmedia chARRIHGHALPRERBRET PRI FRRICELOREORIET A (e
original cal{me 30l g S!F’%E}?WbeéHe%P@f PH2 gfn tﬁggaé,ékm'ze QitAdhé ablitf foom
application conputer 701, calling termnal 5 wll performits rornal
processi ng odynamicaliycbutalihbsoundyqaills 46 Vijtuek destiriatigns nfleommirposesagfkoci at ed

w-th the calli 17 03/ 077522 PCT/ US03/ 011977EP 2006 rt he '
calling p%rt?’_‘é]%’ﬁ%tﬂ%%ﬁﬁ ?‘%)Ch'@'@%iem _ "B_S@_é "i%’-%ﬁjgﬁ?‘ @@Q@P%&gﬁg the pass
through Ser‘éﬁt‘?{tﬁ&%&%ﬂ?ﬂ%ﬁn(’jér%t%lnfdingTﬂﬁFFtHéﬁhQéﬁﬁquﬁﬁggﬁliﬂea teemy to the

calling ter nstructs the™alling termna 2 toinfiate a phone

call to cal $phificpmioel. 50aniHh323 spsidam tiee irchionaldy requirddfodmplgrasiious| y
described. s It is noted, that veral variations ,of the hasi [ocess -
descri bed ab%q}lterouﬁggg\{og.gd BB%?'@??& g?gaegﬁegﬂ'éa _ @@ﬁpem@gﬁfitﬁﬂ?%e or nore

of the term padsSthr&ih s&Yr 88h m@td&@dfﬂh@sqilﬂb}é{b%hor -satellite termnals
not connected via a hardwire connection to the network. Such term-nals, .

~ which mee use i o standardized Internet |anguages and syntax, are already
known in the art., MNoreaver. .whi.le there is aut hog.l zat Lor C@SS -
di scussed herein Ar"&%ﬁ’?éﬁsﬁ%ﬁtpﬁéﬁ%f‘r{a&%ﬁﬁ %aifeﬂlwgé Pgﬁ'héﬁgﬂgrbéﬁ%gnt y to
neke call's, ddw® néttbpRidenthh @RiUN PRESSalTRYcl taiifiingl. datieialdethe dalrtoexanpl e,
certain termnals is to be called may i nBI enent_ cal | bl ocki ng by,

g

i nstruct i ng \iféalpdestinationtdggers pest dhreyol sepwr &8litosusaend prosassing 9fr om
parti cul ar I ] term ' b | ly, the
B bt o o b A P Y SR 0 or e e

15 instructions. Such further routing instructions may include, for example, a

specific address of a person with a given department.

If the application computer supplies further routing information within a
configured time period, this information is used to resume call processing and
20 - routing of the call to the specified destination or possibly another virtual
destination. If no further information is provided by the application computer
within the time period, the pass through server should provide some default
Yy routing for the call. Figure 10 shows the typical flow of messages for the SIP
f environment, and is described in further detail later herein. |
25 -
Alternatively, the further instructions may include time varying routing
" information, causing the virtual number to be translated to a diffe_ren't called
terminal at different times of day. Such a procedure would involve
maintaining a table of entries within applications computer 701 that includes
30  one or more time frames corresponding to each of a plurality of such virtual
numbers. For each such virtual number, when a call arrives, the table {bokup
is performed, and the actual call routing instructions may be transferred to the
Pass Through Server 801. | | |
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20 connections may exist within a single TCP/IP session. This rre%s%@az 8
effectively t el ephone calls can take place over the sd / Ulg :

mul tiple
connection,wgrﬁ'&’(’ﬂ?g& pass through server 801 may nonitor oRETACEINRY7
connection and then denultiplex out information concerning nultiple calls.
~Each SIP session would be identified separately, as it presently is defined

by 25 the SIP specificatjons. |n apother enhanced enbodjnent, the
poi Nt - t 0- poi nt ca?in s‘:)‘r%‘?/\ﬂ]L 'iorlﬁi”ﬁiagﬁﬂr g may E@M%@é’ﬂl%'@@t@r’c‘wm erence call

‘wher ei n i nf ORFBlidARNTRYN sHar : j . Ofkch
“I'nt er net conf‘g?“enc_i Rg ,rreélﬁg{js 30%&%3@%8 %ﬂ%ﬁ?@@@%@@ééﬂ%\%@i %ﬁ%t he
~medi a st r eanpamoge virildl nemtbespmelymppresediipisatest depatsageandal callgnsmi t t hem

eviting of cHOBIG b e sark Gep By Rt EPHRGRUS B bl eoBed caenDasswor ds.
10 _accor danceomplibridtRnr HRCHRRBYE of défminifdan 20 cé%@féggﬁﬂé%

" PCT/ US03/ 01197 An -additi onal odi ment pro I'on " conput er
701 -(in thewbwbdhefcalishpulkbea toeitézht Eke epplicatRihs(dompiuier nayealidhiBaR) thei t h

the ability {go dynamcall te inbound calls Lo yirtual destinations.
For pur posssGPTO AR AmoNG TR aa) Salar toeraniscAlRMNELRe MInBCATG he
exanpl e of {&lIShE diRFiDRFPlo btbhBnbUE U A ARBE fBBLrde8e T nvention is

not limted to any specific protocol. system the
function#l ity required to inplenent call routing would preferably be

ted in a gat rather.than | t hr pugh ' inthe
case of the o b oEEBRErel AP OA epPutBe 7 PR I ol SER Besd cal ) cd by
?ﬁm l'ing pavtiingaigosihmh In doets anligdrRRme applicatibnadhtiltePPys eyl cal | ed
Le

‘ mnal . Instead, the call to a vi rtua_f destination triggers pass through
server 801 t&a#iinpdhe insoddeg sathgndmscemainithe skillagequitad tarprocess same.

e ool R B RRe b o] s WA bR ghERLAR Rl Sueh Fur e
: 15  associated with a Spanish speaking customer, applications computer 701
may conclude that the terminal to which the call should be routed is that of a
Sbanish speaking customer agent. Other skills based routing may be utilized
wherein the skills of customer agents are matched against available
information regarding skills required to service a particular call or contact. -
20 | |
Figure 9 depicts a flow chart of how an applications computer 701
would interface with an appropriate CT! interface for implementing an
exemplary embodiment of the present invention. It is noted that the flow chart
of Figure 9 does not represent any specific protocol, and that the protocol for
25 implementing the flow chart of Figure 9 may be SIP, H.323, or any other
protocol, énd may utilize a variety of message exchange scenarios between

an applications computer and a CTl interface.

In operation, the method is started at 901 and control is transferred to
30 the published block 902. At block 902, the pass through server 801 publishes
virtual address to one or more proxy servers 503. The virtual addresses
represent addresses that may be called but which do not correspond to a

specific actual called terminél, but instead to a varying address that may be
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speci fic address of a person with a given departrment. |f the appl cat$pP 2006
‘conput er SL@Blﬂilgs further routing information within a configured tine
period, thiS %P6 tation is used to resune call processing PETéUSO01¥3ut i ng
of the call to the specified destination or possibly another virtual

dest i nati on. defingd thitherrpplicalion sempeier 81pr ovi ded by the application
computer wthin the time period, the pass through server shoul d provide
sone default routing for the call. Figure 10 shows the typical flow of

“nessages for the tMloen08oherpplicatm dngieee 70bemhables thetdadrodt@ighy | ater
herein. 25 Alternatively, the further instructions may include tinme varying
routing i nf GERENCOM apRIMIAE sigaallora Gl interiare assodried mathsthgtnagkeb a -

di fferent .cal],ex 5 AR ' day... St edure
O o0t 5 elshifineh S mhMahy Aop kL P65 Wiahl B2 rlbrcl g TEoRpRERE e .,
701 that inclnetesrdo loitay tat moddmpiteBapsiREESN @Mreérmy"ébtégofr@ﬁ@@éhs fdr a
plurality of such virtual nunbers. For each such virtual nunber, when a

cal | arriveshigydtyalmddresokup is perforned, and the actual call routing
instructions may be transferred to the Pass Through Server 801. 19 - SEP
2006 WO 03/ 077522 PCT/ US03/ 01197 Any type of routing algorithm may be used
i n connection wi t Durmgpdperationof thenmetiverk, TR paddtisoudio peobalcasivesa gally be

i mpl emrent ed. ,One,  or, nore virtual ers may represent .a sal es departnment,
and all 8l éo@V&&lﬁ'ﬁ@lmﬁaerf%}rb'@ﬂ@@ﬁr@gcwngmttha&aIést%ylr!s@ sent to
the applicatiyg rgpég Al an act ual
called term [qa. teg’CmM| Jﬂ{cﬁﬁg&géﬁpugﬁggﬁgé Egﬁggﬁde%ﬁm%igbggp .|dcat.i ons
corput er may ingisictionsibes sbeghti asdortiongtocabtesthenaaily Sihoe e actuahtalizdl | ed

ARG, SR BRI W A T
conput er  701camécting el 8pplicetiohl onie&dt the time of the call insures up to date
15 routing information. At decision point 906, a decision is made by the CTI
interface as to whether or not the a.pplication computer 701 has in fact
provided appropriate routing information. If not, a default routing is utilfzed at-
block 908, which may be a predefined destination for virtual called numbers in
all situations where no routing information is supplied. On the other hand,
20 should application computer 701 provide appropriaté routing information, |
block 907 will cause such routing information to be utilized before the call is
completed at block 909. Thereafter, normal calt processing, monitoring, and

control proceeds as previously described.

25 Notably, the monitoring and/or control functions of application
- computer 701 may be invoked whether the dialed number is an actual
- number or a virtual number. However, in the preferred embodiment, routing
- functions are handled by the applications computer 701 only in the case of
virtual numbers.  With respect to routing functions for actual numbers, the
30 proxy server 503, pass through server 801, or other interface server, such as
- gatekeeper 102, may implement the routing functions. [n this manner, the
routing capabilities as they exist prior to the addition of an applications

‘computer may be maintained, without significant change in the required
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routing algorithm In such an algorithm application conputer 701(@/ 08
examine the incomng call and ascertain the skills required to-pf Qﬂ '
“sanme. For WRAMMIE22 i f the incoming call is froma tel epho®ETHIBEH hat i S
- 1s associated with a Spani sh speaki ng custoner, applications conputer 701 -
. may concl ude ddfimtaréhe terminal to which the caII shoul d be routed is that
~of a Spanish speaking custoner agent. Qher skills based routing may be
utilized wherein the skills of custoner agents are matched agai nst
avai | abl e i nformat ar
cal'l or contact. "z‘gr}lﬁtég?@aq ﬁ%g%:é?t;gégcfm Mg%ﬁ%ﬁﬁdﬂ%ﬁ%ﬁo@gﬁﬁ ?gPI ons
conputer - 701 mapbbcttmneﬁe:nf aceddmb Pannaq:ipnemcce&mble’meuimn*embhtdesfaw :

| t b t of t t i s noted
T b ar A otee . G slrs ahA B REER R ERia A brt onel ©

and that the patappl l?% Qrmgcrhn‘ué@ g”%’ﬁdnﬁ%tbf‘%eft\}vem &é{%é Ip*éf rsril digtad MRY be

".-SI P, H 323, ‘or. any ot r ot and may ‘utilrze a variety of nessage
exchange scer&ﬁsusrbemtba‘tamléamtumg mpﬂqlarwaie\.mswdlmﬂmﬁt@rf caadran@el interface.
I n eperation, t he met hod |]<_.Ostarte ‘at 901 rol i.s trapsferred to

130 the publ i SHEECHOR G2 FORPXH asmachiﬂﬁécﬁ'a% E"?HP%?}HWE’& 801
publ i shes V'rb&bﬁ@bb@ﬁéﬁ?écdr@a&@@néﬁta@@be 1B BNIySRIEHRIS (ROM); Firkiofhr t ual

addresses: represent addresses that nay be callé&d but which do not _
correspond tcac@esspmmcﬁnyd%).:mamltfceldsktﬁmmgeahedmppttmm@gedn@dlaar yi ng

he appl i cat 1B CORBRREIERS SHe 500k Sb8CeE e NP LA By Gl 701

enabl es the gafrh of BHIJMAtdY sighaB bR, GIMGPRERSY, liff sredli siialls,digieal CTI :
~interface associ at gd ‘ja@@h thg pagkgtg s switched tel ephony ne?work Thi's

allows the- pﬁég(@ds glg.di#ted t el ephony network to know that a computer
application is currently able to route calls for this virtual address.

15 It is noted that while the above describes the preferred embodiment of
the invention, various other modifications will be apparent to those of skill in
the art. Different manners for interfacing the application computer {o the SIP
system may be utilized. Such variations are intended to be covered by the
claims appended hereto. |

20
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During operation of the network, the pass through proxy receives a call io

to a virtual nunber at block 904. Recognizing that the call is to a virtual
nunber, the application conputer 701 is contacted at bl ock 905 and
instructions are sought as to howto route the call. Since the actual

called termnal corresponding to the virtual called nun‘ger vgri e§
dynam cally, contacting the application conputer at t hé SERtFBbYRZPhe cal |
insures up to date is routing information. At decision point 906, a

deci si on WAﬁ‘qg%LWM%‘BeISCT' interface as to whether or not the application
conputer 701 has 1n fact provided appropriate routing information. |If not,

a def aul t4 rodsteMcdripridinig! 4 Fl%‘iy 8hrveb P&deiva %R s}MFé & BrsBKIRS s{%{c}i%s@def I ned
a s

. . d .
destination foor virtual "called nunmbers 1 n al I tuat1ons ere no routing

i nf or mat | pdhslaBor® PR A atidarb bRal riiiTald aB6kiaidd iheRiith CeRR Wérrﬁ%tl b&Ag conput er

701 provide appropriate routing information, block 907 w Il cause such

routing idHpahlERF paHicipAingeh & tdiddheRé cARb BedmplBReRBl bvdra paerdtRIALHRG at bl ock
909. Thereafter, nornmal call processing, nonitoring, and control proceeds

as previ odifid Metdemke 54l pbxy 88rv&IaieiY donnédied RN PhétAErkaAEl passARbLE
functions of application conputer 701 may be invoked whether the dialed

nunber i sseareracirisated o841 @atadietviork biid tedugh WiilinfolRitey Bétwebmsdifie preferred
enbodi ment, routing functions are handl ed by the applications conputer 701

only in tgrexycaser ahd any oftsail temindie passedishld gaes preaightsernvepintiutigg kunct i ons f or
actual nunbers, the 30 proxy server 503, pass through server 801, or other
i nt er f ac sesend/able tisail olirras sgid tfiedt &b said @Ass threopgh sElvemast bdidtecanfiguired g
functions. In this manner, the routing capabilities as they exist prior to
t he addi tt epmonigate dppimiatiat icoars! fracoam apw@icationy cheputer, séidiapelidatiosist hout
significant change in the required 21 _ 7 SEP 2006 WO 03/077522
PCT/ US03/c9mpoter inshfiinggpiéwarg o dtdeamd tenirol pamonitve cilisweong vaid terainalsques ar e
enbodied in software, and nay be stored on a medium A nachi ne-accessible
medi um i mpmp@%dq;a,yetwork, said applications computer and said pass through server

exchanging information in a manner that translates a virtual number received from a

calling party to one or more physical numbers representing called parties.

2. The system of claim 1 wherein at least some of said terminals are configured to
modify addressing information to cause incoming control and monitoring information to

be routed through said proxy server.

3. The system of claim 1 wherein said proxy server and said pass through server are

resident on the same hardware platform.

4. The system of claim 1 wherein said proxy server is arranged to receive an address in
. a first form from one of said terminals, translate said address into a second form, and

return said address in said secopd form to said terminal from which said address in said
- first form was received, and wherein said second form of address is a virtual address

- that is later translated by a second proxy server into one or more actual addressés.
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5 nmechani smthat provides (i.e., stores and/or transmts) information in a
form accessible by a machine (e.g.; a conputer, network device, persona
digital assistant, manufacturing tool, any device with a set of one or
nore processors, etc.). For exanple, a machine-accessible nedi umincl udes
recor dabl e/ non-recordable nedia (e.g., read only nenory g random 10
access nenory (RAM; magnetic di sk storage nedi a; optica e@?@b%@@oﬁedla
flash nenory devices; etc.), as well as electrical, optical, acoustical or
other s formof propagated signals (e.g., carrier waves, infrared si gnal s,
digital signals, etc.); etc. as It is noted that while the above descri bes

the prefesrafd SeBadt RN 1 Q\fheréurhé‘aua B%‘ﬁ;’ﬂ&ér@é} i é!r?édd%&?o RLAGE alfBibdGAT | Ons,

wi |l be apparent to those of skil ferent manners for

i nterfaci agrst fafn #BRY driedk k91 t&%‘g ?réné'leﬁe 59@ adirBss A6 &IFoABMrRSardt i |1 zed.
Such variations are intended to be covered by the «clains appen ed hereto.

20 22 7 Sepidealieiddrids th sabebohSidatnAb b/%@:dn@seﬂeer.A system conprising: a proxy

server to receive and store a first table for address translation and
registration of plural term nals associated therewith, each term nal being
capable of participating in a tel ephone call to be inplenented over a

packet svb.tThbispgemaftiaimnsivverdin saidisdabopd seryersehivitinicais Mth@ARPEIRkeshst 0 a data
network; and a pass through server connected to said data network and

t hr ough wiuinmgiutar id wanskdte said bedrassein saidi secorarfomy tosmie\oe modndiffereyt of sai d
term nal s passes, said pass through server including a second table that
mrrors saidesbés.st table, said pass through server al so being configured
to communicate information to and from an applications conputer, said
applications conputer including software to at |east control or nonitor
calls armn% said termnals over said data network, said applications
conput er ‘anfe sytem ghefaint hvbergn mdfnie 1P @eselhamglemgniamfedwthnaﬁmglm a manner
that translates a virtual nunber received froma calling party to one or
nore physiIP sesiiperandmdsrein said Prayy eeivered spidimapethrough server can

distinguish among said multiple SIP sessions.

8. The system of claim 6 wherein said proxy server or said pass through server includes
software to determine whether a particular call is authorized prior to completing said

particular call.

9. The system of claim 8 wherein said proxy server or said pass through server contains

software to implement multiparty conferences.

10. A method comprising: transmitting a call initiation message to a proxy server or a
pass through server; in response to receipt of said call initiation message, transmitting
from said pass through server or said proxy server a fake inbound call message to a
calling terminal specified in said call initiation message; and in response to said fake
inbound call message, initiating an Internet telephone call from said calling terminal, said

'-phone call being initiated to a virtual number that does not correspond to an actual called
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2. The systemof claim1l wherein at |east sone of said termnals are
configured to nodify addressing information to cause incom ng control and
nonitoring information to be routed through said proxy server. 3. The
system of claim1l wherein said proxy server and said pass through server
are resident on the sanme hardware platform 4. The systemof claim1l
wherein said proxy server is arranged to receive an addreSeemher 2806 st
formfromone of said termnals, translate said address into a second form
and retu ' il ' . d termnal from which
sai d addr%@gﬁghgg%?%$8?ﬁw£?n$%%ﬁPagggpggéﬁﬁgg%ﬂgggkmherein sai d second form
of address is a virtual address that is later translated by a second proxy
server into one or nore actual addresses. 23 7 Septenber 2006 5. The

syst em of 1 £k MethMGcRiim 18 RirthePEHNisHE 48 of ;ﬁur%fcfaﬁi'ﬂg‘i‘é?mh%'srr%i%ﬁﬁg an

address in a first formfrom one ofmsald termnals, "transi ate said address
into a sewmshid ProRy séHIgr ardieRR 23k thrai@pfzri N said second formto a second
server. 6. The systemof claimb5 wherein said second server conmuni cates
with an applications conputer to translate said address in said second
formto one or nore different addresses. 7. The systemof claim®6 wherein
mul tipl e Bl Fhs @ssicdng cRire 1¢ URbRIinesl Wiibigaraintenitd tefephdfdédIifhdersi on, and
wherein said proxy server or said pass through server can distinguish
anong sai tehrsuiittingodrelnGitPmessgk ohthe SBssidhmitRyet Rrotabl (SIRithrogghpassi n sai d
proxy server or said pass through server includes software to determ ne
whet her ahpagh senibreandcaprioxy sereart hori zed prior to conpleting said

particular call. 9. The systemof claim@8 wherein said proxy server or said
pass through server contains software to inplenent nultiparty conferences.
10. A method conprising: transmtting a call initiation nmessage to a proxy

server ort3aThgasthodiof olaiyh 12 wherein; saidpase $poughesener pesad poxps$ersai d cal |
initiation nessage, transmtting fromsaid pass through server or said
proxy sertiasslate  ealled terminghaddress frames Sestytorm do a seesat Iforpanddransmidbaid peci f i ed
in said call initiation nessage; and in response to said fake

address back to said calling terminal or to a separate server, and wherein said separate

server communicates with the applications computer to translate a virtual number to an

actual called number corresponding to a called terminal.

14. The method of claim 13 wherein said pass through server communicates with a

Computer Telephony Integration (CTI) applications computer.

15. The method of claim 14 further comprising issuing instructions from said applications
computer to instruct said pass through server to monitor or control a call with specified

parameters.

16. The method of claim 15 further comprising issuing a disabling command to cease

‘specified monitoring and control functions at specified times.

1_7. An article of manufacture comprising: a machine-accessible medium having
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i nbound call message, initiating an Internet tel ephone call fromsaid
calling termnal, said phone call being initiated to a virtual nunber that
does not correspond to an actual called 24 7 Septenber 2006 term nal

unl ess and until translated by an applications conputer. 11. The nethod of
claim10 further conprising each of plural calling termnals registering
with said proxy server and said pass through server. 127 Sepenhetd088 of
claim 1l wherein said initiating an Internet tel ephone call includes
transmtt] | v LSS 0, i itiati. ol (SIP)

t hr ough aé%%g%{édtcﬁ}gd&@ﬁ serggfgtaa‘&%éﬂ&ﬁ%%a %g?lg;g#%"%%hiﬂgﬁg#%t od of claim

12 wher ei Fécéﬁiinﬁ cgﬁg‘%nﬁgf@ﬁ%ﬁ]agﬁl:c}f\%r}s%%)gn?ﬁ]{eft&&g%eﬁﬁ%\‘nﬁuterrté!%g'l%bft € a

ca!led term na ess | rrs _ O a secon orm a ansm t
said addirnfegﬁatigﬁ%ﬂ? Rinefnd; GRtrhdrtStihG bith Q?Esaolrhh&@%@e@ L Gy 38ReT . and
wherein said separate server comuni cates Wt e applications conputer

to transl@t@nfeyMidradtersHHERAR if Said BomMahdHbm SaidlpHlicak -eggonding to
a called ter nm r?elﬁ -r 14. rsThe matlhodi o?mcl ai m?S vmagrglei %goggg{gg'?%?hrough

server CofaidihgGALOF mbtd RBmiinalCRITRMAR Intd@LERRBAYNE ISRl (hEEhd,
applications conputer. 15. The nethod of claim 14 further conprising

I ssui ng i aetirdeelatiog Sirtlidl lnmdais GabRPlhchaiaidBRphERMBIE 86 iditutddiBid dedlal Sai d pass
t hrough server to nonitor or control a call with specified paraneters. 16.

The net hatintferct@igspdiditgiotchirid te@iimals.si ng i ssuing a di sabling command to
cease specified nmonitoring and control functions at specified tines. 17.
An article of manufacture conprising: a machi ne-accessi bl e nedi um havi ng
25 R 7 Septenber 2006 associated data, wherein the data, when accessed,
resul ts i18. aheadkiend npecfactura ofglaim r@oehersin theonashirrd scdessibie avediyppl | cat i ons
conputer to inplenment conputer tel ephony integration (CTl) functions;
communi cduithey indfudes dajgawhen dmcessgld, meulisén thermachpremeyforsEnyiestrudionsionvey
paranmeters received in said command from said applications conputer; and
cause specified monitoring and control information concerning said calls to be conveyed

to and from said applications computer.

19. The article of manufacture of claim 18 further comprising instructions to cause a

proxy server or a pass through server perform authentication functions.

20. The article of manufacture of ctaim 19 further comprising instructions to duplicate

packets associated with a call to implement a multipart conference.

21. The article of manufacture of claim 20 further comprising a instructions for

implementing plural SIP sessions in a singleTCP/IP session.

22. A method comprising: transmitting over a data network, from an application
computer to a gatekeeper computer, information indicative of monitoring and controf of
- telephony functions desired by a user of said application computer, said application

- computer being located separately from any of said at least two nodes of said packet
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causing one or nore termnals to initiate Internet tel ephone calls in
response thereto, and translating virtual nunbers called when said

tel ephone calls are initiated into actual nunbers corresponding to called
termnals. 18. The article of manufacture of claim 17, wherein the machine-
accessi bl e nedium further includes data, when accessed, resujts in the
machi ne performng instructions to cause specified moni SEPFRBEr986 cont r ol

i nformation concerning said calls to be conveyed to and from said

appl i cati gis n@ﬂﬁm;”aﬁéngir]%gfgr g g%{k%{iﬂgeblg hcm@H&%%hHét%ngfse&Jiﬁggt\}%ﬂ ur t her

conprising 1 nstructions cau roxy server or a pass rougn server

perf or m S4LABNLLE Y AickUPeld pAsiot Als ndliEHCLLY ShanhoRRSUIACt U e of claim

19 further conprising instructions to duplicate ets associated with a

call to ié&b@nﬁg&d%rﬂbﬂﬁéd&%&el&gﬂéﬁoﬁﬁﬁ%ﬂ c%]gtsinérg'aﬁd BadkkleR t9bpHBHaUT act ur e of

claim 20 further conprising a instructions for™ inplenenting plural SIP
sessi ons ¢omrauritaligheddetioh BefRSR isAia-at st tho ABEAH &8 FREIES A nefwcagM tting
over a data network, froman application conputer to a gatekeeper

conput er, odcOf I8y teisiafifg bilekhst 3hé ViRuRTnuRBBl ihRIdnB Gr Ade: @I hGhb&s; arleel ephony
functions desired by a user of said application conputer, said application

conput er reporing infeatitish indipaivaiobsaid E&RvnaBYurihg b/ spblidagas torhyenodes of
sai d packet 26 7 Septenber 2006 data network; arranging for said

packet i zdtbnt sdid phtehespeocormmiteraiveosidd d4ts seworkoet ween said at | east two
nodes of said packet data network, said arrangenent being acconplished

t hrough sai d gat ekeeper conputer; causing said packetized tel ephone
comuni cati ons session between said at | east two nodes of said packet data
net wor k t23. The methodyf tleiana? whéraig satd dreaging oorepnses theabliawimpsteps:nt o one or
nore actual nunbers; and reporting information indicative of said session
occur ri n@lleeptivgbandyigthiferat least abeiprndersint ¢f sexhpaskad dgtatretresipenotifiamgput er over
said data network. 23. The nethod of claim 22 wherein said arrangi ng

conpr i ses$aidaprfigation fprputet fegse said aplelesper pryniyderdiat gaid chlbis paecelssiagit a fir st
endpoi nt of said packet data network ; notifying said application conputer
f r om sai @lecatig baplyidip npileast aspeandsandeoiaide paitisipale dreaid sesgion: al | ocat i ng

bandwi dth to at |east a second endpoint to participate in said session;
connecting said second endpoint with said first endpoint; and notifying said application

computer from said gatekeeper computer over said data network of said connection.

24. The method of claim 23 wherein said translating is performed in accordance with a

load balancing or skills based routing algorithm.

25. A system comprising: at least once calling terminal and at least one calied terminal,
- said calling terminal and said called terminal being capable of communicating with each
other via a data network; at least one computer telephony integration (CTl) interface
Server, said CTi server being capable of completing calls to actual called numbers and
of recognizing virtual called numbers; and an applications computer to process virtual
-called numbers, translate said virtual called numbers into one or more actual called

numbers, and transmit said actual called numbers back to said CTl server.
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connecting said second endpoint with said first endpoint; and notifying
said application conputer from said gatekeeper conputer over said data
network of said connection. 24. The nethod of claim 23 wherein said
translating is perforned in accordance with a | oad balancing or skills
based routing algorithm 25. A systemconprising: at |east once calling
termnal and at |east one called ternminal, said callingSERFRPHAYENd said
called term nal being capable of communicating with each other via a data
net wor k; L I (CTlI) interface
server, s%%'Ih%%r?&es@r%\fgg el ngérgﬁggﬁf&;ﬁ%”%@%%‘%%‘ﬁkﬁ Calls to actual called
nunmbers and of recognizing virtual called nunbers; and an applications
conputer to process virtual called nunbers, translate said virtual called
nunbers it e i ; I Dear, I ' ai d actual
cal | ed nunber s@gséﬁ Orgé@aiﬁil‘%g%mg%’rdv@.Selggﬁg‘%g%g? g’%@b pg%ggbhgé. The system
of claim25 wherein said CTl server is a gatekeeper. 27. The system of
claim 26 wherein said CTl server is a pass through proxy server. 28. The
syst em of2g; Taé 8ystém Whasiei 75 widdréin Gl B L¥REr ib SafdRA pfocesiRy BaRS&tuaIg bot h
actual called nunbers and virtual called nunbers. 29. The systemof claim
28 wher eidalls@remicp bhe attiiflRaIa0P\bess. transl ates said virtual nunbers
using a |l oad bal ancing techni que. 30. The system of claim 28 wherein said
applications conputer translates said virtual nunbers using a skills based
routing algorithm 31. The system of claim 28 wherein said applications
conput er 29 dihs basteas obclaimr2l veherein saidlapplivatidercompuler tiarsdiatecsdidlirtoalnber s. 32,
Appar atus conprising: an applications conputer to inplenment conputer

t el ephonywurie usirgta load balankcitgteclyrigneni cate with a conputer tel ephony
interface node on a packet sw tched conputer tel ephony network, the
applications conputer being arranged to nonitor and/or control, but not
route, packet switched tel ephone calls to an actual called nunber, the
appl i cat i¥ndhesisam efclaimes Wisireig sair eaplgetipns somputeetranslates said vrtvalr t ual
called nunber, and a conputer tel ephony interface arranged to comrunicate

wi th sai dUMREEH Ysingra Blls basermiguisng algorithm.

31. The system of claim 28 wherein said applications computer translates a single virtual

number in plural actual numbers.

32. Apparatus comprising: an applications computer to implement computer telephony
applications and to communicate with a computer telephony interface node on a packet
switched computer telephony network, the applications computer being arranged to
monitor and/or control, but not route, packet switched telephone calls to an actual called
number, the applications computer also being arranged to route calls to a virtual called
number, and a computer telephony interface arranged to communicate with said

applications computer.

33. The apparatus of claim 32 wherein said applications computer routes calls by

performing load balancing.
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33. The apparatus of claim 32 wherein said applications conputer routes
calls by performng |oad balancing. 28 7 Septenber 2006 34. The appar at us
of claim 33 wherein said applications conputer routes calls using a skills
based routing algorithm 35. The apparatus of claim 32 wherein the

ggp: |hcat| ons conputer routes calls using a skills baseg Srelg)ttértnijgrgzo%gorl thm

34. The apparatus of claim 33 wherein said applications computer routes calls using a

skills based routing algorithm.

35. The apparatus of claim 32 wherein the applications computer routes calls using a

skills based routing algorithm.
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