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network with mniml or no cost to the users. IP (Internet Protocol)
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di stance market. In general, IP telephony, which is also relerred to as
Voi ce- overpirPe O¥GhR) inVENTOR conversion of voice information into data
packets dint me 20 transmtted over an IIl network. Users al so have turned

to IPstel ephony as a matter of convenience in drat both voice and data
services are accessible throul;h a Single piece of equipnent, nanely a
personal conputer. The GOR{ETAGY ANDISGNIEM PORMELEDSOE o ud data services
further fuels this demand for 1P tel ephony applications. -1- SUBSTPI U 'E

SEEM (RULE 26) WO 01/\Agie@Rh @ ONgBANIA 184 M AWitdirodel. gEssHong accept ance of

| P tel ephony anong the mllions of consunicts, service providers are
cogni zant of the inpact that these users have on nctvotk capacity (e.qg.
switch sizing, line capacity) as well as network resources (e.g.,

peripheral voice ptucessirthic OEINE INVENTION

10 Field of the Invention:

The present invention relates to call processing, and is more particulanly related o

establishing a voice call over a packet switched netwark via a voice responsce unit.

Discussion of the Background

15 The popularity and convenience of the Internet has resulted in the reinvention of
lrudiliﬁunl telephony scrv'iccs.. These services are offered over a packet switched netwuork with -
minimal or no cost to the users. [P (Inlernet Protocol) telephony, thus, have {ound significant
success, particularly in the long distance market. In general, IP telephony, which is also 1eferred
u.a us Voice-over-IP (VOIP), is the conversion of voice information into data packets that me

20 transmitted over an IP network. Users also have tumed to 1P telephony as a matter of
convenience in that both voice and data services are accessible through a single picce of
equipment, namely a personal computer. The conlinual integration of voice and dala services

further fuels this demand for 1P telephony applications.
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val uabl e network resource is the voice response unit (VRU). which provides
announcenent and 5 interacti ve voi ce response functions. These litnctiorts

have beco tial liar the expedient ttcaturent of

especi al | %'ﬁaisgp cent er appl i cations and opertrtor asspcgﬂf'gsrcqa/g&‘%ecause
VRU ports are exp«? it is desirable to ensure efficient use of such
ports. Figure &% 1‘I'“ﬁ?t“’r“&tiﬁ%“”&“ﬁ'd’ﬁ%‘hl‘l”&ﬁéI‘““l‘lb the pilis RSP sy R ARTviIER t hi S
system 800, an cliff . ollice. 801 houses-a switch 803 and it VRU 805: the
swi t ch 80BN cRepizant qfitiedmpacithgsgsy usstadnveon shyask emasaly (- hesvietink (RUr).
Swtch 803 serves user 807 to a public switch telephone network (PS'|'N)
809. The YROB-dscipaciyhis ‘Yiﬁ‘ri’éf‘?‘&ﬁ’él’fsyu"r‘?ﬂ(bgra‘t'@huvm)hbtnwebw, dyyisesionk 815.
That is, the  VRU 805 works primarily in conjunction with the swtch 803
Wit hin t h&PRiENpEhRrk psoyres i3 Hie "b‘F‘é‘i“?F"B-’r'-d"‘t‘éY’éidhé‘ﬁ‘éhs’é}*W%%meWg)m agl cal | i ng
party 807 can place it telephone call over PSIN 809 to a called party 811
or 818. | inicrapHye YORENFSgOGe f‘%“-“whnB@ﬁQe‘dmﬂlQ"#anf.Mm@t essantinidor 1y opabiolt)  net wor k
815, thereby enabling couununication anong the voice stations 807, 811,

and 813, WeAues e wicsgpliretspesiplly b cal goipariopplisatioomnpidedpenior expisoms. Retawer k 809,
and (lie personal conputers 817 and 819, which are attached to the IP

net wor k 8YBU pagis enesnsmsivesit ifa\sinblawmenswe £ figientust sisndrpons. voi ce cal |'s over
the 11' network 815. 20 Four possible scenarios exist with (lie placenent
of a VO D cal IFisuc8 illysesire a copvprivnd 11’ Eeitphonyiypsien.t lg UIRGys€@)80RGa eot @hiane, and
(4) i"Gto-11C In the first scenario of phone-to-phone cull .

est abl i shirheuseypprieh$phandonV Y §05: dheswitelcHid domtmmoigats WithSTAVBOOvdy swi t ch
803 ton VU I' gatﬁg@ )(not shown), which forwards the call through the 11'
net wi k 8?!?““-‘1%"}9 { z%fﬂ'cl}é%‘érvmzmusmev«\(PRQ!LE“%I) lekyihune NEPEB 1

PCT/ US00/ 31840 call is then routed through the IP network 815, exiting the
| P net wor § S8R E3G: ’é{ﬁvg'b'dﬁoéb‘r‘l"h{“é“‘ﬁb?'ﬁt““‘-&'ﬂ)‘“ém”eH'cﬁgm*ts@glhnldmtlenm nat es at

Voi ce staw 8% 811. Under, the second scenario, voice statior-
U 805 works primarily in con;um.lwu wilh the switch 803 within the PSTN realm. Using

plain old telcphone service (POTS), a calling party 807 can place a telephone call vver PSTN

809 10 a called party 811 or 813.

15 The PSTN 809 is connected to an [ (Internet Protocol) network 815, thereby cnabling
conununication among the vuicc stations 807, 811, und 813, which are connected 1o the public
switch telephone network 809, and the personal computers 817 and 819, which are attached tv
the [P nch:vqu 815. Attention is now drawa 10 trausmission.of voice calls over the I’ network
B1S.

20 Four possible scenarios cxist with the placement of a VOIP call; (1) phone-to-phune, (2)
phone-to-PC, (3) PC-to-phonc, and (4) PC-to-PC. In the first scenario of phone-to-phone call
establishment, voice station 807 is switched through PSTN 809 by switch 803 0 a VOIP

gateway (not shuwn), which forwards the call through the IP netwoik 815, The packetized voice

-2-
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807 places a call to personal conputer (PC) 817 through swtch 803 to

PS' I TN 809. This voice~ call is then switched by the PSTN 809 to a VCJ P

gat eway (n o?wgyg?% whi ch forwards the voice call to PC 817 via

net work 815" | rd scenario invol ves PC 817 pI acing a %%W’VS"P’a'% ce
station 813&?6? rouc Jorx%;lnckm&t\ﬁorg%gfﬁ?i}g l?lgﬁrl’\ lw k%il'by\ll QE‘E‘QQUC&ES mal'\tSt ream

of voice pé are | ned gat eway

t sh tized
(et o) B é‘r“sﬁ?%jwéﬁ‘fp%'i“%h‘?m A AR
t at 813. tl th bI h
5L SR U L
t tted, fr 815 t 819,
e S A A0 Sk ¥ ek .

that permts the efficient processing of voice callsb is a VRU 805. Figure
9 shods a @B} ToBIT neyark Bl (The i SF%mréswa‘HWé’ﬁéH7m£ﬂ°§wwh‘°8estto VRU
805. RLT links 901 connect switch 803 to VRU 805. consum ng two ports of
each of t #asien 8153, feseyamale. dsinganteive s1@4g. BA 81 BoBoduResT sireank o \9ie peskes| e t he
rel ease or a call back to switch 803 from VRU 805. This rel easing

funct i onalitiey? astveskS 1 Het aprdissiog fers Yalldnisppethof shonnk HeVOHT geewaygidt wi t hout
i npacting the call conpletion between call originator 903 and-call

t er mi nat orshows), L°PGF‘S@RE¥°&F1‘&F6P‘3}WGB¥°HB§@§ intg g PPIS gleetripad sicptavhieh ivResuB05 i s
needed to assist with call _ processi nP fromcall originator 903 (i.e.,

cal i ng parf{ediRvaiensatipef i ﬁéf‘h’r inghysfopsth geenaripglf G B gstablispys a vojug cahvith
originator 903 places a voice call to switch 803 using port 1. In turn, the
swit i 80FCGHi%t Imtdis cpysepacktizedyipice dpta hijransmittefrosp PE 817 ¥in Ik/mvswsﬂsmcce this
call is established wwth VRU 1105, the VRU 805 pronpts the call originator
903, for @)lglrfﬁlcé"““EPi“-[&‘é’F‘T‘b‘(é’Ecch'gl‘st‘kcc?‘{S&ard| ng account codes or billing
information in order to authorize and validate the call originator 903.
After this 3- Somdieprd 3bpve adeivorl icpgupcesigy pywnitpthe sifisignt PETiBOOV St ewls

process, the VRU 805 |ogps the voice call back to the switch 803 via port 2
over RLT mV}{HtSBS Figure 9'shows a conventional call path that is established by switch 803 1o VRU

805. RLT links 901 connect switch 803 to VRU 805, consuming two ports of cach of these
15 nctwork components 803 and 805. RLT links 901 enable the .rclcz_xsc of a call back 10 switch 803
from VRU 805. This releasing functionality allows the VRU 805 to be dropped from the voice
call without impacting the call completion between call originator 903 and-call terminator 905.
For explanatory purposes, it is assumed thal a VRU 805 is needed 1o assist with call
procr:'.ss_ing from cali originator 903 (i.c., calling party) to call terminator 805 (i.c., called party).
20 Call originator 903 places a voice call to switch 803 using port 1. In tum, the switch 803
switches the call out of port 3 tv purt 1 of VRU 805. Once this call is established with VRU 805,

the VRU 805 prompts the call originator 903, for example, to collect digits regarding account

codes or billing information in order to authorize and validate the call originator 903. After this

-3.
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port 4 of.switeh 803. Switch 803 then switches the call out of port 2 to
call termnator 905. The RLT links 901 permts the VRU 805 to drop out of
the call ggzgg fie call is conpleted between call origip /% 0%8& oand call

t er m nat or Thi s rel ease nmechani sm occurs over the P s Such a
nmechani $ctss, thdTPRUBBH loopEteSE chll bdck @Che BRidhl¥e3 ViRFoBOavdr@LpT0C @S Ot her
calls: in addition, the switch 803 frees up two of its ports.. An

equi val k. 4foPlch 802 $Wiehiged dlesiviaiidsend dall 3tk of hért 2 & @R RORMaGYSIseMe Based on
the foregoing, there is a clear need for inproved approaches for cal

processifier linté $ pefRRARd VRO 8058 dRtfp JUESMEY dall WARPME CABIs cdifpldEEbeBrvdet - @l SO a
need to increase the integration of voice services over a data networKk.

TIicre icgil &igdithids 967 alaQ8ll iehRindtbd V08T THis ft8scafsthaifidm S@LNBYM URNSTRIGoON. Based
on the need‘?o efficiently enploy network resources, all approach for

opt igm Z'sﬂa,,.&,t@m *ms% MBH Hc@au?tﬂt hEésm hﬁnhamyose\ewompamsﬁmr@ phi ghl'y
Y BF T TC,

deS|rabIe I'ON According to one aspect of the

I nyent I dméh ﬂ%%&@g 1 d0§ ﬁQESQJ\éIh ?Pf ?:Bn?ﬂ@x?& %xﬁ‘nc\f&hﬁ@ |§:atlslrubl(9'Y|%r1 a packet
smntche net wor etween a ca I glnato a call ‘termnator.

met hod tablishing a first caII-Ieg bet ween the call orlglnator
and a VofggB@h§§ZH§§ unit (VRU) using a nenu router that provides cal

control Seth eﬁﬁ%gon.g taaeﬁa% Lm inr&Nea s roacherlgllﬂ?Bh a' SO

i ncludes esta cond ca etmeen e VRU and' t
ter m nat,gg, ,csP&%ﬁ‘)Cl.sUDﬂﬂtMP@u%u%@ [ ng pr otocol. Tile nethod furt her [ ncI udes
binding the Tirst call-lcg and the second call-leg to conplete the voice

caly betweentifisis 61 h nll idih@elsOflic HiGrdibR o Eilide stSRE P&t ara RRrK. - 4
SUBSt | TUZE SEw J!' (RULE 26) WO 01/3 501 PCT/ US00/ 31840 rel easing the voice

cul | from t heMRWa RamechekiPe m.m@zcsncq;ealorn:gwm%aamn Under this approach,
network resources are efficiently .utilized, resultlng in reduction of
net wor k oper gdskPéh $i€5ded 1o efficiently employ network resources, an approach for oplimizing

the use of VRU in an IP telephony enviromment is highly desirable.

15 _ SUMMARY OF THE INVENTION

According to one aspect of the invention, a method is provided for processing a voice call
over a packet switched network between a call originator and 2 call terminator. The method
comprises estz'nblishing a first call-leg between the call originator and a voice response unit
(VRU) using a menu router that provides call control services according to a signaling protocol.

20 The method also includes establishing a second c.all-lcg between the VRU and the call terminator
bascd upun the signéling protocol. The method further includes binding the first call-leg and the

second call-leg to complete the voice call between the call originator aud the call terminator, and
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According to another aspect of the invention, a conmunication system for
processing a voice call over a packet sw tched network conprises a cal
ori gi nat or ‘;VE%QBJISE configured to initiate 5 and to receiy 11: oMfisge call
over the packet sw tched network. A nenu router perforns c control

services rgkaldeNgk JoRecREFYA e/ 00 bdsed dhoX AleCRnbBHHNSRIL. UWndler hM¥RDroRLOCESSES
it call setup Trequest fromthe call originator. A call termnator is

confi gur edelydriPfcORRRs ak RAT c%ﬁllfﬁilﬁ@& |rcsumik,9m rédiklionVrh@wbRkiopbratid i @s@al |

term nator, nmenu router, and t U communi cate using a conunon protocol.
The call origi R@é&&ln€/ aﬂ&llél’%ﬁ'ﬁ:@tU?llfe'u'i@tm&xalx Lonlnﬁ\gm‘.’“lé syt (M prdoksshlpdy t he
ncuu router. The RU establ i shes a second call-leg with the caﬁ

term nat orvoﬁgqmﬁ5&F§PJc&a%h&%a HQWER cE@hlisct' DI orfRiradl MG i¢ HﬁnﬁFﬁrEﬂo ifiah ‘g | eg

and the second cal e above arrangenent advant ageous prOV| es

great gr ' NhE gfr@(t.éfn%r?hco\rmc\é%hl??v& fhe \v’;&&c‘éﬁ“}?{\{ﬂd%m&k a/&nﬁxm rt)\gtﬁﬂrigﬁx SVQI 1 In yet

anot hér aspect nven a conputer-read mcarrying one or

mor e - SeAURNERSe0e0fud 1o (R E.c& a3t w%wmmtsgc,r.[?( 6HIRcRfledh 416G €21

over a packet SW tche et wor bet ween ori |na or an cal

term nator %ulg?rogﬂ?c t\:l%l o%ﬂlgtoxs eﬂ Elngngx%ﬁna%‘ is con urc«ﬂg P%cusgﬁ:tcrvléla%z Ic..ﬁln I ncl ude

instructi on ocessors cause t he one

or More PrafSARRS: &Qcﬁﬁgmfmr Jgsm%&a ol tﬁﬁﬁalcbxﬁmhﬂgﬂﬁv% &us.ll%g,',.' -leg

bet ween the cafl ofI e response a menu

router th OIQ&)(PV'l lg:eéﬁll Sﬁ%kqt&%t\ﬁlﬁlmﬁ‘?ﬂ Ic?l?ﬁf, w@lﬁ ('ﬁ%l‘ﬂhljlgi d u. th.luu nﬂ.@& i

prot ocol . "Anot her onpri ses esta secon bepmeen 20

the VIRU a[}ﬂ(@ b§ .L> L&BIE] ﬂ?tla_f w@?tﬁﬁhqurﬂﬂmﬁ %ﬁ&%%hﬁg 9&? ﬁ(ﬂl)m{ 'g‘nOt her

step incl |ng t irst ca Ieg an econ

corrpl ete td‘sﬁm}{,QI,&ﬁrs&ﬁh lcg%&mg&ofx %llcl@\?. ﬁ'lxc(gﬂévglug{’i\ﬁgx;mxﬂg&u 1t orlsq¥ oill tile

termnator. Yet another "step inc el easl ng e Vol ce C

(5. SUESTUE AR fS O BRI, R based o
network oper at QR &lolteCdspREYE the invention, a computer-readable medium carrying one or more
sequences of one or more instructions for processing a voice coll over a packet swilched network
1S between a call originator and a call terminator. The one or more sequences of one or more
instructions include instructions which, when exceuted by one or more processors, cause the one
or more processors to perform the step of establishing a first call-leg between the call originator
and a voice response unit (VRU) using a menu router that provides call control services
according o a signaling protocol. Another step comprises establishing a second call-leg bclwc.cu
20 the VRU and the call terminator based upon the signaling protocol. Anather step includes

binding the first call-leg and the sccond call-leg to complete the voice call between the call

originalor and the call terminator. Yet another step includes releasing the voice call from the
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. BRIEF DESCRIPTION OF TI | E DRAWNGS 5 A nore conplete appreciation of the
i nvention-and many of the attendant advantages thereof will be readily
obt ai ned ane becones better understood by refer . e
fol | ow ng%@lg’%@d description when considered in connegklcrglhsln{’/)(ll‘.’{8 t he
acconpanyiVify kesshwperyde sieqgliag protecolThia prpreach advantpgegesly pfirait ingreaséd an JP

t el ephony system according to an enbodi ment of 10 the present invention;-
Fi gure 2 Pewgikageratignsflicisiey.| P t el ephony protocol architecture enpl oyed by
the systemof Figure 1; Figure 3 is a diagramof a Session Initiation
Protocol (SIP) nodel that is used in the systemof Figure 1; 15 Figure 4 .
is a diagram of an exenplary network of nenu routers, according to one
enboditttcnt of the presBRIER IPHION OF JIIEDISAWENGS di agram i | | ustrati ng
the interaction between the call originator, call termnator, and the

VOi ces r esponseA maietcofnplite @ppreaiatioh el thy Bivenion hndrhany € tht atdndgu ndvaflages a fl ow

di agram of the operation of releasing the VRUin the systemof Figure 20
1; Fi gur ellérebbwill belraadityeginaixfed as tho samieibeconsey béeruidagtood Byrcfiedukowmmd he -process
of Figure 6, in accordance with an enbodi nent of the present invention;

. 6- SHEEP(u}IRWinE d@6i)ed\ABcOHAR W04 cdisilértiBNodikS4M wifhi igitceorpahgingddhviagy, am of a
conventional IP tel ephony system and Figure 9 is a diagramof the rel ease
i ne trunkhéBhT) mechanismthat is utilized in a traditional PSTN

Figure 1 is a block diagram of an IP telephony system, according 10 an embodiment of
10 the present invention;
Figure 2 is diagram of the IP telephony protecol architecture employed by the system of
Figure {;
Figure 3 is a diagram of a Session Initiation Protocol (SIP) model that is used in the
sysiem of Figure 1;
15 Figure 4 is a diagram of an exemplary network of menu routers, according lo one
embodiment of the present invention;
Figure 5 is a diagram i_lluslraling the interaction between the call originator, call
terminator, and the voice response unit (VRU) in the systemn of Figure |;
Figure 6 is a flow diagram of the operation of rclcus;'ng the VRU in the system of Figure
20 I
Figure 7 is a diagram of a computer system that can perform the pliuccss ol Figure 6, in

accordance with an embodiment of the present invention;
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5 DESCRI PTION OF Tl | E PREFERRED EMBODI MENTS I n the foll ow ng description,
for the purpose of explanation, specific details arc set forth in order to
provi de a Wh@ppiesy understandi.ng of the invention. | | owevygsrusobtesd | be
apparent that the invention my be pl‘?CtI ced without fhese specific
details. In sonBe¥h8isAilizesam i JonysaEuRe Is‘f"“&‘l’f’f‘ﬁ?’éé"“‘aﬂ' devi ces are depicted
in block diagramformin order to avoid 'tmecessarily 10 obscuring the
i nvention. The %B‘t‘ggr‘ﬁa4‘?&7@%9“@3‘?}“&6%%@%@@@ Hléd}“é‘F‘éz%‘é‘Sd’l'“ U Hotts upon
conpletion of the VO P call by utilizing a signaling protocol, such as a
Sessi on | niediienabPS .ot ocol (SIP). A call originator establishes a.first
call-leg with the VRU, which perforns digit collection to obtain, fur
exanpl e, account or billing information fromthe call originator. Based
upon t;te collected is |nforrrat|on the VRU can det erm ne whet her the call
ori gi nator is authori zBESER N :FERH MBODIVIENHBe VRU est abl i shes
a second call-leg wth the cal | term nator and drops out of the voice
cal | . Al though Inhke plegienilestripriontfuahe pspac sLexphedion shérificakpils tretsa lérlle
Session Initiation Protocol, it should be appreciated that one of ordinary
skill in tlxeordéitio povidea hesngininzlerstahdibg dfke inRéntips. cld@wdvern, itwélhbe fparent that
hasappticability to other equival ent cotamnunication protocols. Further, the
di scussi on tkdhenmidmmaystepraticed withbht thesesmreilio détkiat i souelinsesca, Wl-kiowikC cal |
establishment, it is wunderstood that the present invention can be |
practi ced wiridured dndkevies hre degaied indivck diagram B im@rdeplooneaid antkcplsoite- t o- PC) .
. 7- SUBSMERE SHEET (RULE 26) WO 01/37501 PCT/ US0051840 Figure 1 shows the
ar chi tiect urobscafingithé invertieh.ephony system according to one enbodi nent of the
present invention. Although call originator 101 and call term nator 103 are
shown to be at TiaghesenttimvetidnRedvaiplislick tht Odcast 6 VISU perdansd amtpldtibabl hbe cal |
originator-101 and call term nator 103

VOIP call by utilizing a signaling protocol, such as a Session !nitiation Protocol (SIP). A call

originator establishes a first call-leg with the VRU, which performs digit collection to obtain, for
exanple, account or billing information from the call originator. Based upon tae collected

IS infénnntion._ the VRU can determine whether ihe call originator is authorized to place a call.
Thereufier, the VRU establishes a sccond call-leg with the call terminator and drops oul of the
voice call.

Although the preseat invention is discussed with respect to the Session Initiation

Protocol, it should be ap;.)rccialc.:d that one of ordinary skill in the art would recognize that the

20 present invention h_as-applicnbility to othier cquivalent consmunication protocols. Further, the
discussion below focuses on a call seenario lhat' involves a PC-lo-PC call establishment, it is
understood that the present invention can be practiced with other call scenarios (e.g., PC-to-

phone and phone-to-PC).
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may be voice stations off the PSTN 107 as well. In general. the cal
originator 101 and the call 5 termnator 103 nay be  any device that is
capable F&$ fSsing voice.calls; e.g., an anal og teleﬂﬂﬂuﬂmsﬁﬁo adigita
t el ephone”s I on

or a personal ¢o r that aded
appropri at e st!F‘i“?/\bF'@WéHH a&@i‘iﬁﬁb‘aﬁg‘i‘ ﬂlg)fgf‘!‘i WF‘&'"I“%&‘P '38%%’?1"”8%&"?'% can be

established in the 11' tele m; syst%m 100 ‘? wg anlﬁ)‘g ?he devi ces, 10,
103, 109¢°f ‘hhﬁf“?cml'ﬁ"cnﬁ‘l"b\@\;‘é‘l’g‘cf‘ denator 10} angcall teappyes (PR Ate SPEVER R ai ned only
Wi th respect to the comruni¢ation between ?aLL. gaﬁruﬁ; ator'loﬁ)and cal

t er mi nat 8tachegdo p B Rebrgrig He ftaengprstaod iy teeall onginalgr 441 i‘cﬁ'ﬂ't"é“”l 3t he end -
of fice 151 houses a switch 115 which bridges cal ioin the PSTN 107 to
an aut onasy be yaigelstagiprstoflf the PN [93@pyvel-1ip agneal. ‘F"o‘i"‘"é’%.‘ﬁﬂ?"e””d"‘f’ bredse |ine
trunk. A VRU controller 119 is connected to ACD 117 through one or nore
Swi t£h t enGomputidimayppiy deaice that is papell¢ elpeoctSOANYict $HIRS:L. PHEWOUSCAT | i nks
provi de conmuni cati on between ACD 15 117 and VRU controller 119, which is

r esponsi klophdnesetsedigicd ieteghane gratianporor pessopsh pampsier Hiat ig dpadad withi thevhi ch t he cal |
is to be routed. In other words, the VRU controller 119 conmuni cates with
the ACDagptapriesofoedrd andl@béoupanyingdatdwared iVioice ramburagation eanhe: ediblishelor exanpl e,
an operator center (not shown). The term'agent denotes an entity that
parti ci peted® tclephanglsysiqm teswngony of Ug.deviees) iV.d 03i08.omd 1 b Hewesetutls oper at or
console or a software process. VRU controller 11.9 further provides such 20
f unct i ongirtitul:e smbslimegn isgixplainedephdeitiaresnyet e canhyrcapebavesncalbsi st ed cal | s.
A Local Area Network (LAN) 121 permts the VRU controller 119 to

eouununi oagicater 10 handriall tetBinatop\NI3 12 dondringtion wihARWEB. connectivity to I11
network 105. -8- SUBSIi'I'fVI'E 2 tI~"P (RULE 26) WD 01/37501 PCT/ US00/ 31840
As previ ous| yAssbown uféglire b ulkel end pilige hHthonsed 9dwigchd 15 anbichibeitigrs aalatiom 103 are
PCs that have access to |IP network 105. It is assuned that these devices
101 and the@8TH187 wmpraopmatd el diseiduiop@&iP)Ui T riavoi ysupinacdesss limridillecoder s as

wel |l as software to process VOP calls. In this
A VRU controller 119 is connected 10 ACD 117 through one or more Switch to Computer

" Application Interface (SCAI) links. These SCAI links provide communication between ACD
15 117 and VRU controller 119, which is responsible for selecting a group or a-particular agent to
which the call is to be routed. In other words, the VRU coniroller 119 coumx_unicaws with the -
ACD 117 for call delivery to the different agents within, for example, an operator center (not
shown): The term agent denotes an cntity that participates in call processing; e.g., a live person
on a manual operator console or a software process. VRU controlier 119 further provides such
20 functionalities as coordinating data and voice for operator-assisted calls. A Local Area Network
(LAN) 121 penits the VRU controtler 119 to conununicate with VRU 113. LAN 121 also

provides connectivity to [P network 105.
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exanple, call originator 101 initiates a VOD call that requires the
services of a VRU 113. 5 VRU 113 provi des announcenent capability.as well

as Interactw&g,%;g §1c€ Response (I'VR) capability. In esscn%m}gﬁbb]]sgo’s
provi dcs an a ity to collect various information:fromand supply

announcenent i Mseravipnslp metiipngd, call drigigtqud Pt yld(qnllecnnme&at 103ard REsthatdnde. | n
this instance, .after the call originator 101 establishes a call-leg with
VRU 113, tihecsmljll’mt?loml&ﬁphés assHnied dpal theseaicwvices 100 and B3 age dppiopiisigly code or an
account code, thereby enabling the authentication and validation of 10 call
or i gi nat orcquipped witenvidson¢orers ambdedaicisras svell a3 s waed th progdss ¥Plbeillsglughiant ed

aut horization, the VOP call fromcall originator 101 can be conpleted to
cal | ter m example, D 8rigihataridih irtitirges bl VOIP malt Wor kkqui@S the Brrices®l o NRILHIBL process
of the VOI' call fromcall originator 101 to call termnator 103, it is

i mpor tsant  t hat WARLA 1BIp3ovides aiirobncement@ifabitityedstviell as Kaemiting Voioe Rddpbhst U¥ )N t he
voice call for the IS-entire call would result in the VRU 113 renai ni ng

idle for acapil@itl.f inesdthccPVRUI1QD pRbideatabNity ©Roletk Luricwdis fokhigioRRA] AUS Nnet wor k
resources. That is, VRU 113 should remain in the voice call only for the

dur ation tﬁaﬁlyhﬁnohﬁ.cﬂ@ﬁdﬂﬂmﬁaﬂo&@'dc@ﬂxg F:ﬂfyqi B¢l QR ginfer)) Eﬁinls inRfah&@ pator | U
1. To acconplish this task, a suite of protocols arc utilized that

col | ecti vely callefrighstot 101 ets:ampmwu.wggml VIOg 11 FigVIeU 213 prbbisit [:ﬂi«ﬁ‘ﬁ,uiulb@ 11°
t el ephony protocol architecture in accordance with an 20 enbodi ment of the

present i NMAMSA allling &le bpyiticafinidtlie) iIRrddl chdbingine Bih@Gtdior 2 QY iARS oPVWIL OCUl
separation and i ndependence, whereby one protocol can be exchanged or

ni bdi loed Walllatigihatorll0fl @cAvilivgizd he dairtevoidticgiMeA bR pifitel OB RN S MNie
protocols. It is advantageous that the devcluplncnt of these prot ocol s can

occur concvoIrasll fiymandl osigisRera 0t efAtbe YomplOted B/Yall tormPEleE 03(tRbl:dn 61 VO
01/ 37501 PCTI USOQ 31840 The foundation of the architecture rests with the

| P | ayer 2@#workbes.1 P | ayer 201 provides an unreliable, connectionless data
delivery service at the network | evel. The service is .
During the call process of the VOIP call from call originator 101 to call terminator 103 it
~ is important that VRU 113 be uuhzcd_cfﬂcxcmly. Keeping the YRU 113 in the voice call for the
15 entire c.all would result in the VRU 113 remaining idle for a significant portion of that voice call,
wasling precious nctwork resources. That is, VRU 113 should remain in the voice call only for
the duration that it is nceded to cotlect information from call originator 101, To accomplish this
task, a suite of protocols are utilized that collectively define IP telephony signaling.
Figure 2 illustrates the 1P telephony protocol architecture in accordance with an
20 embodiment of the present invention. The laycrgd nature of the architecture provides protocol
scparation and independence, whereby one protocol can be exchanged or nibdified without

alTecting the other higher layer or lower layer protocols. Itis advantageous that the development

of these protocols can occur concurrently and independently.

-9.
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-‘unreliable” in the sense that the delivery is gn.a "best effort" basis;
that is, no guarantees of packet delivery are nade.”"IP is the de facto

| nt er net wﬁﬁ',&g prot ocol standard. Current 5 standar dspEr/ostoses4d wo

versi ons 0 - Version 4 and Version 6. One of the key differences

bet ween t he v&hsounistiennddhearrhitestie eats witly the i e 20k r HiedR layer 20h eroaidldy ess
fields arc 32 bits in length. whereas in Version 6. the address field has
been ext aHdeglizhy, sorgeqippless dap delveryservicpaythguepvopllpvely dhe geavicedp

(' T'ransmi ssion Control Protocol) 203 and the UDI' (User Datagram

Pr ot ocol ) welipble} jpetheggosg thgs die dpligryis ok chest coid bsiscthat g b EYaemicetelpr ot ocol
that 10 ensures reliable delivery of the |IP packets. in part, by

per f or m rgcksidplivery prggnatie AR tsithns fackninemsbyerking pretpeolsisadarénCyreent ders any | P
packets that arrive out of sequence. In contrast, the User Datagram

Pr ot 6col s@EuBR)s p@idegvo vérsess of I Mersbmtdi ot Version e Pue efdhe kextdifferdntiszes the |11
protocol 201 to send a data unit, known as a datagrattt. Unlike TCP 203.
UDP 205 deegcimbt versionsicderems edpiasiog; ugdeVepneo keathsaddrest feldsgrol? tikhén hi gher

| ayer protocols to sort the information. UDI' 205 is is preferable over TCP
203 when l&ig, dhtreas imVersiomb.chesxdgdebs, fichHiag beeg avasleprd@®bs.ng ti ne because of

the mninmal reassenbly tine. One of ordinary skill in the art woul d
recogni ze t hahbevbiedPiayat29] acfthd e (iraseistion Gongml Protacadpi3oed the B ced usi ng
eillier TCP 203 or UDP 205, as well as other equivalent protocols., The

next | ayéUsdr Datagram|ProtodoB|28p Dyl CiY layer 2@qtreMides @ forfipgyion-eridhigipgbdobdiat( | | e
necessary i P 20 tel ephony signaling and includes the 11.323 protocol 207
and the Seswisacliablnidtlivatyiodthe P packaolin paftShyRierid@dng sEhentingfBctpmot Bdol 207,
which is promul gated by the international Tel econmunication Union (1TU), _
speci f i escmesiiigtfenctibn podte ey [ phakets thal drfinedt of seqprmesn licamiras . the EeP 209 is a
conpeting standard that has been devel oped by the Internet Engiuecring Task
Force - IiagahgaPr@bgol ((RIRE02 GlovidesTd wmﬂiimwim:ﬂ)ﬁﬁlﬁim&ll’ protocol 201
to send a data unit, known as a datagram. Unliké TCP 203, UDP 205 does not provide
scquencing of paékcls, relying on the higher layer protosols to sort the information. UDP 205 is
15 preterable over TCP 203 when the data units are small, which saves processing tinie because of
the minimal reassembly time. One of ordinary skill in the art would recognize that embodiments
of the present invention can be practiced using either TCP 203 or UDP 205, as well as othier
equivalent protocols.’
“The next layer in the IP telephony architecture ol Figure 2 supplies the nccessary IP
20 telephony signaling and includes the 1.323 protocol 207 and the Session Initiation Protocol
(S1P) 209. The H.323 protocol 207, which is promulgated by the International

Telecommunication Union (ITU), specilies  suite of protocols for multimedia communication.

SIP 209 is a competing standard that has been dévclupcd by the Interet Eﬁgiuccring ‘Task Foree
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(IETF). SiP 209 is a signaling protocol that is based uu a client-sewer
model . It stunm d be idled that both the Fl.323 protocol. 207 and SIP 209
are not linmted to JP. tel ephony applications, but haverappiStediol ity to
mul ti nedi ¥Q¥AT¥%es in general. In the preferred enbodi ment of the prmeseut
i nvent i onaeSFR 20909 & auRasling proviceiabe istnckdtuanndinase varoiodd. tahidd vercdan | P
network 105. | lowever, 5 it is understood that one of ordinary skill in
the art weht Both @li.728 prdiedol 2and SIPIRS apemot ioivdd 1@ D7Aelgpivuy siphitdtians, pwlot ocol s
can be utilized in lieu of "SIP 209. Above SIP 209 is the Session

Descri pt i Quave 4ppidabitio] to aiilit)edid kdryvicesin génepd. omititgsclersienbodimtitoh thapostt medi a
streans in the nultinedia sessions, as to pennit the recipients of the
sessi on des@htidat SIPR0B & R tbiceip addednindd@ieesis aver anAR ngwenk [0h Howpyer 2, SIP
209 can utilize either TCP 203 or UDP 205. 1 |owever, LJDI' 205 tois

adopt gd i ik hgueRidR i Gfat &1 of BlAREY RN Gn Ot 2kt BOuRITESieNhatiIRVEBTY [96l0coBR0M dndr t 0
other | ETF protocols (e.g., the sinple mail transfer protocol (SMIP) and

| l'ypert Cthixmfﬁpﬁt(ﬁ{)ls Bl RGRcd bl idlof 3P 2091 AbovedDP2095s e 5% ol Besddip@hiocol.  As
indicated earlier, SIP 209 is a client-server protocol, and as such,

clients genghai BOMVE WnkchphAkieAhRnhADRADER theli@ stdmt hanSaiNaeda Figure 3
illustrates the client-server nodel 300 of SIP 209. On the client side, SIP

209 15 defisRas adto\festit O RGHichE bANE schdilMdescrilibe @ phiicihAE PRSI, f or
initiating a SIP request. On tine server side, a User Agent Server (UAS)

303 recei ves t 4@ scehkn Fig@e U EIP 2681@n LElizd efiffer TTPAPPEAMDE FSE Hoh@spansie20sBot h
t he UAC 301 and the UAS 303 act on behalf of an end user. Sill linrther

defin@s tiygiohtéll intfe SrbfekEPdmbO@ianht oBBie\padsert ivintiop) Silase ouer IEI0proedR ( 2)
redirect server 307. SII" proxy server 305 receives requests fromthe UAC

301 and det.g! ik K@il haXtr PREOESMEG akdBpetiBa TEASWETb s QU T} 81p
forwarded. Accordingly, the SIP proxy server 305 sends the request to such

a server. 2gysaigktidd bRtddsl0 AR Giilicaicd ELKR) SIP 109 BRI T flo@ol, dildas RicRXY Server
305 behaves both as a client and a server by issuing both requests and

I €SPONSES chentAFHAEINR rdqaésts that hieresfidd&llto biTile s&fve®P (RULE 26) WO 01/37501
PCT/ US00/ 31840 _
Figure 3 illustrates the client-server model 300 of SIP 209. On the client side, SIP 209
15 defines a User Agent Client (UAC), which is responsible for initiating a SIP request. On the
scrver side, a User Agent Server (UAS) 303 reccives the SIP request and returns an appropriate
response. Both the UAC 301 and the UAS 303 act on behalf of an end user, SIP further defines
two types of User Agent Servers: (1) proxy server 305, and (2) redirect server 307.
SIp pr;»(y server 305 receives requests frc;xll the UAC 301 and determines the next server
20 that the request should be forwarded. Accordingly, the SIIP proxy server 305 sends the reguest to

such a server. During this process of receiving and forwarding, the proxy server 305 behaves

both as a client and a scrver by issuing both requests and responscs as appropriale,

-11-
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In the case of the redirect server.307. the client 301 is given greater
responsibility. The redirect server 307 does not f or war d requests from UAC
301 to t h@orafz?.}smserver but instead responds back to therflshdiikse301 W th

t he address of the next server. The client 301. thus, has the onus of
directly commiti et bnpe jilitddr dehies 3aremt giant sl :§§5/M\eg'xeduy$t_sﬁ<ﬂlsfbhﬁy SHig
client-server iitodel, 5 IP telephony calls can be processed,” according to-
t he pr esediteci %Wﬁm(ﬂ&s nbOfof¥ard feh6ddisIemUAC BEEI0ahe Y@ efeBRRRRIE Uni t.

Figure 4 shows a conputer network associated with the call originator in

i t npl cro@ipomds;backSb e cRehE S0 10WREIhE BddRdds ENMBOGxRVer. Ofhelci@un B6 L ARM L4 My Nt i on.
Call originator 101, which in this exenplary enbodinent is a PC, is

at t achedonu®o LdREHQREmmieRNE bith itltis 8e3ighREPIRZ QGidaNAE SIPRBeN rigi nator
101 can be any device thatgls capab?é of sﬁppo?%lng IL ﬂvo%ég%gﬂbN 401 can

be 3ny (pYA&hedy eaﬂiamkpmbeafeh%b&& T%}ohﬁé @*ﬁ%‘h‘ il RESh, Qrdm.cng??k}bzgﬂ ber

Distributed Data Interface) ronous ansi In this

exenpl arvmgl“q(é\ﬁﬁrﬁguﬁlhe caII or| ginator (as a Uscr Agent Cient) 101
comuni cat es a menu router/proxy server 405, mhlch acts as a UAS. The

menu router il'%grcqf lgu;ssﬂ c%ﬂll JLlch(cll\,%rp %sg\ (‘Tg“ﬂ WI"llh I?T {;ﬂﬁ origi mtor n dUPlglI?mh@gt | nvoke

various call proceSS|n actions | aunches

speC| fi CSIWH)I‘!%S%('OQR §m ’ rm.m bﬂﬂc tngsemx Egﬂgqpr o on”%?tmaﬂ) wna S sent by

cal | originator tC menu touter auor B Yehip g, and nedia
m xi ng acqg,,,ﬁﬁw cgﬁ&cﬁxg&ms%sf’@lsgqtqef%d ﬁ)qrA\WH(gaQﬁ)Wew 18 RQ();m?ch% llllu_ 2ulf ! pts.

Because the nenu router 405 has the capability to D € as a proxy server,

t h&oMeNUypRiof0148Pbe day dé\)nc%‘?ha‘i'?s% ﬂi%ﬁto?guﬁﬁm H:I;.,[ E}{}ﬁz{ ! Qa.@;a-?’?éf erver.

Al t hough the nenu router 405 1S s e networ k as

the cal |lyﬁro'f gélﬂ@ﬁ(qlilcl J&Eltunﬁcl tn f(ﬂ?tﬁmi%ﬂzﬁxnﬁﬁtﬁ iﬁgp ¥ a&. or within the

sane network dOI’TB.I n as the cal ori1g ‘nat or I SSU€s a request,

cal | or i,ohAAGhohddbbud 1bles MIAAS TR RGN ALKE 0D HElAG ol 1P| | address

of the proxy Server . Assum ng I'n

term natQent-Clibsly wSLé&'ﬁleuTEJ&@ﬂﬂ xﬁgﬁx réw}pﬁ)@ @n).rver 405, which acts as a UAS.

The menu router 405 offers call originator- 101 o menu of choices that invoke vurious call

15 processing actions. Additionally, menu router 405. launches specific menu scripts according to
the request message that is sent by call originator 101. The menu router 405 provides media
proxy and media mixing and can perform as a proxy scrver according to the menu scripts.
Because the menu router 405 has the capability to behave as a proxy server, the menu router 405
is also designated a5 a menu router/proxy server. Although the menu router 40S is shown as »

20 part of the same network as the cail originator 101, .the menu router 405 may cxist anywhere
within the same nciwork domain as the call originator..

When UAC 403 issues a request, call originator 101 first locates a proxy server 405 using

the IP address of the proxy server 405. Assuming the VOIP call is destined for call terminator
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WO 01137501 PCT/ US00/ 31840 103, proxy server 405 forwards a request from
call originator 101 to: proxy server 407. To reach proxy server 407, the
request travels over LAN 401 to a gateway 409, which provgc@assoasigt erface
to | P net WSPRVABB! After traversing the I P network: 105, the request energes
at anot haos, pgxly eueer 469 forwahisé Tirquicst fint udifveidindtor LOAND drbdy sepfsef&. fllsgeachquest i s
retrieved by proxy server 107. 5 Proxy server 407 then comrunicates with a
| ocat i on pasy@verd0R tieaegietternmiinect hANMOL wtad gorewey 4@0avhich povideyaat or  103.
Attention is nowdrawn to a VOI' call involving VRU 113, as shown in

Fi gur e 5.intE@ice teARRELERES XDSY Al theesiag thetllP hawarkJ05B0k request eplamgecaahotiori gi nat or
101, the call termnator 103, and the VRU 113 belong to separate donains
501, 503,gaRA6Y FSwhitlesRAKNEYRIDAN W| Widie the pauest BOdsievedby prdy eriegdtat or 101
sends a request to establish a call wth VRU 113 to nenu router/proxy
server - Moy secdbi 401 thel chiithlniC¥Hiliadadatisn sohviehd 1TRG tetdrMitealid Ipgaduyofsaliver 507
odourairi 505. The proxy server 507 notifies VRU 113 of the request by
call origif@tafr1691. Upon receiving the rcqucst fromcall originator 101,
proxy server 507 i1 nquires |ocation server 509 for the address of VRU 113.

I VRU 113 i s 2a8li@n {GhodGk ARt 1ol VOIP AILRFIvibE VRU 11528 s ih elabe spevt s) . VRU
113 issues an 15 acknow edgnent back te call originator 101. Consequently,

a succes %ﬁh:@%&pn iDASuRRaRat HERAEorRlaVR § 01, @R chil RFrhightBRf00) and@% and VRU
113, and thus, 113 can begin the process of digit collection,. as

previ ouslyrdi §3:15§0$,E sepRRB d6AMRY 1] 503, Bl 505 SesPicBivdly. CWithia@biungin s01,@8n cal |
originator 101, VRU 113 issues a request to proxy server 507 to establish

a cabl - | efightloh10akAdsta@éqibd &f @labisAI it With FROOMBidImERATouterBoxhfst@ér dvgcei Vi ng
the request fromthe VRU 113, proxy server 407 queries |ocation server 511

to deter iyi§ ih ffn AAEH GBI vith Rlchu foQlMhoR Rivel §5F orIURGL SOR M Yroxgal |
term nator 103 receives the request and acknow edges, thereby establishing

a cal | -1 ggrvBeiomaailics #1RU f18ToftiR st BPhldRginME) 011 Uon decdiviig i@ rgésabl i shed
this second call-leg, VRU 113 binds the first call-leg fromeall -13-
from call originator 101, proxy server 507 inquires Jocation server 509 for the address of VRU
113. If VRU 113 is able to accept the request (i.e., has n\.'ailable ports), VRU 113 issues an
15 acknowledgment back to call originator 101. Consequently, a success{ul connection has becn
made between-call originator 101 and VRU 113, and thus, YRU 113 can begin the process off
digit collection, as previously discussed.
Upon completion of the digit collection from call originator 101, VRU 113 issues a
request (o prm;y server 507 to cstablish a call-leg with eall termninator 103 within domain 503.
20 Afler receiving the request from the VRU 113, proxy server 407 queries location server 511 to
determine the address of cz:dl terininator 103. Subscquently, call terminator 103 receives the

request and acknowledges, thereby establishing a call-leg between call terminator 103 and VRU

113. I_laving established this second call-leg, VRU 113 binds the first call-leg from call

-13-
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SUBsI Tl rE sir (RULE 26) WO 01/37501 PCTi US00/ 31840 originator 101 to this
second call-leg to pernrit the communication between'call originator 101
and cal | vp@flgg'7§@tor 103. VRU 113 then drops from Lite cpdtusddisigdd oppi ng
fromthe call, VKU 113 frees up its ports to process other voice calls: It
shoul d bﬁigfh&%ﬁﬁbltl@ﬂﬁs sé¢dnf cdll-dp togicmibld connbingendoiebdtgtes cdl dripbatar d0l serer 513
to process calls for device 101: in actual inplenentation, call. 5 :
ori gi natfa caRimfimitorabs ovREh &y temdrops foml the tadl Myniasppimgictthacah¥REi ngl e
device. The systemof Figure 5 enploys SIP to exchange nessages anong

domai ns 8 keesaipdts partido pldds oherdeicatdliedlt dhcubiiziokd thaf wiBliPdangdn 5015 cal |
control services are described in If, IT RFC 2543 and | ETF Internet draft
"SI P Cal jherCaiiis Plocatoh YreR 513 to prodess dalls [k A8 ce 10t in aathulihpiaeetioiou et s are
incorporated herein by. reference in their entirety. SIP nessages are

ei ther regHRek $01%n LSSRAMERS a cdlMediitudPsahinAgesigllevieat s | ssue requests,
while Lite User Agent Servers provide respuuscs to these requests. SIP
defines si X gyPgSieiof FRANSSInploybIPah cdhpdhis@ages hnoibniams 861, 583, bads. The
first method is the INVI.TE net hod, which invites-a user to a conference.
The next sgdehhREAiILEi{iRion DI PERE 1O c¥liof feriéce wicdesribalrin (11 1Al Bsaressage
exchanges for invitations in that the client is - sent-a confirmation to the

I NVI TE 1 GdWest miehidPdraf SSIP Tl C6mAS SérvikcesS! 10nd 1719981 bl st dsdemcndiards | NVI TE
request followed by an ACK request. Another method is the DYE request.

whi ch i niqj:cﬁﬁ;r:ﬁ& Hefkid ﬂ]&cm&iih&fcirﬁhﬁctﬁ.&tﬂl’ ishaéstrdistherd redueas@despbikent Jt er
words, BYE term nates a connection between two users or parties in a

confyer enpR.UsddA gentGichts iBidreghcits, vwihile hoREiAenseivBR@ovidti&pomEnothesol i Cit's
i nfimmation about capabilities and does not assist with establishment of a

call. Laghlets. $1PQeARoRiohBER driuesdeanidPurt BlOf NGl Msalt0iols. aldsiat ' s | ocation
to a SIP server. Figure 6 shows the operation involving the use of a VRUto

est abl i sfetRodG@ihk IPetTEaRmod. WHIEH invitds b YbeR ol aionfkRAced Mile fext Aikelhod R nat or  103.
utilizing SiP. It should be noted that Figure 6 provides a sinplified SIP
message ACRWelhed, Wakh pevides oF kedibblafnossagh@icianits i livifiohginikk e ckéidisusi ng VRU
| senta conﬁrmatio;l to the INVITE request. That is, a successful SIP invitation includes an
1 INVITE request foliowed by an ACK reqxiesl.
Another method js the BYE request, which indicates to the UAS that the call should be
released. In other words, BYE terminates a connection between two users or partics in a
conference. .Tllc next method is the OPTIONS method; this method solicits information about
cnpa‘bi;ities and doces not assi;t with establishment of a call. Lastly, the REGISTER provides
20 information about a user's location to a SIP server.
Figure 6 shows the operation involving the use ofa VRU to .eslnblish a call between a call

originator 101 and a call terminator 103, utilizing SIP. It should be noted that Figure 6 provides

a simplified SIP message flow between call originator 101 and call originator 103 using VRU
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SMOTUPE SHEEP (RILE 26) WD 01/ 37501 PCT/ US00/ 31840 113. In step 601, call
originator 101 issues an I'NVITE request.to VRU 113. In response, VRU 113
i ssues a 2 Jﬂ&ﬁﬁssage i ndi cating that -t:he invitation wereswaessful , per
step 603. Xt; ~call originator 101, as in step 605, sends an ACK nessage

to VRU 113\1501@5&%%9%@@'9#%&41@: 10PIs6¢L UBNVIEESAest tAWRUNL S IRQEspbnse.catl
ori gi nator 101 ‘and VRU 11 exchange data as necessary. 5 After the VRU 113

conpl et es |35 QGRS §hAJOKGAstaglihdikallfd @At tldihvitRiSH Gas SuckbYiulMldseR6magexL, USi Ng
an Al so header to indicate that call originator 101 seeks to establish a

call MI11 gablig m:Il&'erI rh@'arp{xepl&g,scmﬁrmm@m&@zge DORU 11 Y46 ddkdhudge diees a 200

K nessage, as In step 6 indicate that the previ ous nessage was
successful prc\Just dtge. V/Bltl? %Pﬂ%m & okiPinRbe R 16.111& VEIENG Sx@fndeNMia TEn&adshry.
term nator” nmessage to call "to ternm nator In step 613, call termnator

103 igsues a 2?‘ %ﬁﬁfﬁﬁg%ﬂ&\@c&/ﬁy ;s?’nr{; @ﬂl(ﬁ'&n fol?%‘l QKNP EG& P Vdsghean ACK

message, per e ca processi ng, VRU 11 dr ops

out of"the Yn%laﬁ ?\ls%%lr:!\der Jo%ﬁﬂu hag%ill L{rﬂéxlawrri'é‘f &[ks]@ lst:ﬁnqh.?éxllllwlthqr nator ~103

to exchange vOi Ce nessag S arrangenen e val uabl e networ k

{/g?ggr g:l | l}:/xgtg?n:l'orqm (f’aT ﬁQrp 607 uﬂnﬁc\?ﬁé?gjl{syucgk 5&1 ?R I c?!u{,(. t]s m‘lH:E %E)‘) TJ‘ of the

ween of I gl hat or erm na 03. Figure

7 illustrat whi ch an cunbudlulent according to
the preseh ﬁ?‘%‘&%ﬂﬁp reviys} cs%gvasﬁ%cc‘éPs ‘ed. Conputer system 701 incl udes

abus 703 or ot ?ﬁg&wmma' zg%L@,ﬂmrfes%n@gyuamfﬁcmqmmo@msqgc b fipr mati on,

and a processo couple bus 703 for processing thé information.

Conp UF er S\erngnq %% ﬂxl s%cg 6'1 £} %legﬁx%nﬁm ;3 K30y OT chsa%Q ms\ll'ﬁb d "fi 6f\brha‘ ndom

access neno her dynam ¢ sforage crevice, “couple us 703

liar st Ordﬂgackﬁﬁ“ﬁé %.O%E x&fgs';&{,rg&t g%useﬁ‘ IPE Ip@?ﬂ?ﬁ‘t'ﬁ&ﬂﬂ %L&Enﬂ Qﬁ&?r 705.

I n addltlon mal n toring enpor

variabl es g aﬂﬁa@g\.t of a&%fzﬁganafycswwaﬁr ngﬁ,!ngﬁ%ﬁ Whd B e RNBEYDPLR o ggmn o e

i nstructions e execute process nmput er system

voice messages. Under this arangement, the valuable network resource, VRU 113, is not
unnccessarily tied up for the duration of the voice call between call originator 101 and call
15 terminator 103.

Figure 7 illustrates a compuier systemn 701 upon which an embodiment accoiding to the
present invention may be implemented. Computer system 701 includes a bus 703 or 'olhcr
communication mechanism for communicating information, and a processor 705 coupled with
bus 703 for processing the information. Cbmpuler-system 701 also includes a main memory 707,

20 such as a random access snemory (RAM) or other dynamic storage device, coupled to bus 703 for
storing information i.md instructions 1o be exccuted by processor 705. In addition, main memory

707 may be used for storing lemporary variables or other intermediate information during

exccution of instructions to be executed by processor 705. Computer system 701 further

.1'5-
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-15- cnarurrR s[i Er (RULE 26) WO 01/37501 PCT/US00131840 includes a read
only nenory (FKI@ 709 or other static storage devi ce coupled to bus 703 for
storing s %ﬁlformatl on and instructions. for processgj Rapt Or age
device 71 suc as a magnetic disk or optical disk, is prOVI% é and

coupl ed fn@lu@tﬁ rddd3nk yQ:'icuﬁ Iddm 709%96(%%%9@5!&9& dcblE\éSJo'ilHQJJ 0§ 70ProfcoNPUL er
system 701 may be coupled via bus 703 to a display 713, such as a cathode -

ray  tub@orifef3hdid infératich a%@hﬁﬁ‘xicﬂ&xs‘ (6f R6d¥8bE T3, WQtape QBN AN, MSIfEs-a AN i nput
device 715, ‘including al phanunmeric and other keys, is coupled to bus 703

for comupiread difiorioPlidaldiflats yadvieB dnd SRPERRGUS ﬁiJQGxts'!d?ﬂ% ilGuRfigeaasor 705.
Anot her type of user input device is cursor control such as a nouse,

a trackbglducti@ds. cursor direction keys for connunicatlng di rection
information 10 and comrand sel ections to processor 705 and for controlling*

curspr nove n%‘inpgﬁr Q’séﬂl 79Y mZ}@c o RE@@QQ bEEb Fo ﬂlg)ld’)eﬂl @tsﬁax he) cB!hgdeLﬁ)?

conputer system /701 °to control 201 tenwtely via the transn155|on of

control ggseaass ﬁ?@fﬂ'.xﬂgﬂ&mv@l@qcs{xgasu BB o i1 B2 YANG 1 Ghg S| P

messages I's’ pr uter sys esponse to progessor 705

execut | ”Q?t%%%fc ngﬂfUHS‘r ey e Bted t9f>us § fo‘? c%xﬂﬂ[uﬁcduﬂéfnh%h':d?ﬂﬁd contained in

mai n neno instructions e read Into main nepory 707 from

anot her &QUPMI rlcéixﬁﬁsqulIO&SWQby %wﬁ}ép@'p@ﬁ ﬁtr?l{]ﬁg&\'lcg E\(_lu%gr (.?);]rl;lul 7'I:"¥ ecution of

t he sequences of instructions contalnéd In nmaln nenory causes

Pr 0Ces S OLycif By thusP &tfa bl o urkdr A &TEn RyER? c&ﬁxﬁ&ﬁéah{%ﬂhﬂ%ﬁ\' .PﬁmQ?%n or nore
processors in a rrtulti- processing arfangenent may al so be enployed to

exeggit e 5(“%0:%%%&%:@% ,;r&%;swrotsmﬁ,rEa?.nsmt.@aﬁsmh.e\mmum MYy 707 10
alternative enbodi nents, hard-wired circuitry nmay be used | glace of 20 or

in conbinati %b%ﬁd%m?&fcwﬁ&ﬁo'uf&%&é M%Jnﬁ&l& sly.ggx—hv& 1o SARBPARDR0E 1 (o‘ﬁ?];{‘

limted to any specl conbi nation o ware circuitry and

Furt her, vif (e rasddsRASS donicbl itstaplt. RcBi@hPlo RS ebddlimedd ufcGuddS bF $ift | ONS tO

transmt and receive
messages is provided by computer system 701 in response to processor 705 excculing one or

more sequences of one or more instructions contained in main memory 707. Such instructions
15 may be read into main memory 707 from another computer-readable medium, such as storage

device 711, Exccution of the scquences of instructions contained in main mémory 707 causes

'

processor 705 t.d perform the process steps described herein. One or more processors in a multi-

processing ar.mngcment may also be cniployed to execute the sequences of instructions contained

in main memory 707. In alternative embodiments, hard-wired circuitry may be used in place of
20 or in combination with software instructions. Thus, embodiments are not limited to any specific

combination of hardware circuitry and sofiware,

Further, the Sessions Initiation Protocol as well as the instruclions to transmit and 1ceeive

SIP messages may reside on a computer-readable medium. The term “computer-readable

-6~
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SI P nessages may reside on a conputer-readable medium 'The terns
"“cotrrputer-readable 16- SUBSPT. Efj .'E SE=T: (RULE 26) WD 01/ 37501 -

PCT/ US00/ 3%%% /375HFdi unt as used herein rcfcrs to any nedi pavtsmisis4s

parti ci pat M providing instructions to processor 705 for excel tioii.
Such a medium may take many fariits. including but not limted to,

non- vol at i | ememgi as uied hatin tcgryre divavcdandhat pagpites 34 BRYISHERETUCYEH Oy ol ati | e
medi a i ncludes, liar exanple, optical or nmagnetjc .disks, such as storage
device 711. podessbi 706 funexticetionngych dewsdiem maniake Hanydagisyincluditgpubiot it Yrenor y
707. Transm ssion nmedi a i ncludes coaxial cabl es, copper wre nd fiber
optics, includivegtie edipivplatlc tigdie. apt Fepnigodiag dign-vaipinupdi) 'é‘%'l"&ﬁ Hedi a can
al so take the Ibrrn of acoustic or |ight waves, K h as tho ener at ed
during radi nesample. optia! orfagectiedisigetveh us sgrRg dryise Et i éjﬁ'f‘%."‘°68?“r‘ﬁ‘§‘i’§h“"f"b°rrrs of

conput er -readabl e nedi a i nclude, for exanple, ‘a"f‘I'OF‘E‘g"'d'i k, it IVLZ
f1 exi bl e5 di sRememmysachas wrin memgr dPT-clrpogpissiog pedigelyes Foagia ﬁﬁ@ﬁe‘f“ﬂ’%"hf’cdi uut, a
CU-ROM any oilier optical ncdituu, punch cards, paper tape, .En ot her
physi cal r nedifiver aptieshingutinedbeygreg fhakgpgesc bys AU A Y “ED a- |

LASI i - EPROM _any ot her .incntory chi r cartridae. Ld 21 i NRY §u S
descri bed heP&f '81"%‘&?‘,’5“8?' ¥§hﬂ)"%'fshsé'yp?‘sr:si'a’fmtﬁ’ﬁ'"f'"r“(%‘ﬁ"lq’\%ﬁ’ %Hﬁg& E%ﬁ%u{“‘é@géﬁ read.

Vari ous forte_,sl (|)|1l‘"ic(%uoorlputer readabl e medi a may be involved in carrying one
or nore 15 EBYUEREES of one or nore instructions to processor 705 for

exeCUt! on. For e)&%ﬂmloﬁ{orﬁlpﬁ' co:inﬁlﬁutrfréﬁ@;h)ilcqmﬂinmudl:,%rtcixﬂlqlh}{ ulﬂeplﬁ}afsl‘..ined on a
magnetic disk of a renpte conputer. "fhc renote conputer can | oad the

i NSt ructphons pegbiaditn) gurd Gisk, HegkiARRGS6) @ler 0hyiBliEnBESagesROM, egpteol cal |
processing renotely into its dynam c nmenory and send the instructions over
a tel ephone bjpuel mediminpuneh daide,gepet tapddaryndenpliysicd edion eirhpaleeas oBhpis,em 701 can
receive the data on the tel ephone 20 line and use an infrared transmtter
to convert tRaMiaPROMomaEPROM; afbASISEHRAM, aupmthicmfiquaneehipcks castsides a cagsisapl ed to
bus 703 can receive the data carried in the iulrared signal and place the
data on bus waveas described hiereinafier, or any othier medium from which a compuler can read.
Various forms of computer readable media may be involved it carrying vne or miore
15 sequences of one or more instructions to processor 705 fur exceution. lur example, the
instructions inay initially be carried on a magnelic disk of w iemote computer. The temole
computer can load the instructions relating to the transmission of SIP messages to coatrol call
processing semotely into its dynamic memory and send the instructions over a telephone line
using a niodem. A modem local to computer system 701 can receive the dala on the telephione
20 line and use an infrared transmitter to convert the data to an infrared sigual. An infiased deteclor

coupled o bus 703 can receive tie duta carried io the infiared sigual and place the data on bus

703. Bus 703 carries the data to main memory 707, from which processor 705 1etrieves and

17 -
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703. Bus 703 carries the data to nmain nenory 707, front which processor 705
retrieves and -17- SUBSrrWn SFnEP (RULE 26) WO 01/ 37501 PCT/ US00/ 31840
execut es {B@ih43st ructions. The instructions received bypfRusSeoSpsdpry 707 may
optionally be stored on storage device 711 either before or after

execut i orex&iiep i2Getidions! The idsOugldhsTEceBYS byeiinin ChemdlyST07 inhg lopelmnsllyebe

comuni cation interface 719 coupled to bus 703. * Communi cation interface
719 provistead dn stotdpe dBNcedFal Sitleobefee bedier @Beutionby processop785.network 5 link 721
that is connected to a |ocal network 723. For exanple, communication
interface 719Computbi@ysiend #61Vlokndiitle€d édmfRunfeaddh ihridth AL ubRd ANYis RACKet

swi tched. | ocal area uctwurk (LAN). As another exanple. conmunication

I nt er f aceCokikiunidiBon iRLrRB 78EMBVIRIs G wag il éortmEitataT doBRinghd & hidwvork ADSL)

card, an integrated services digital network (1 SDN) card or a nodemto

provisde il b AthaiGo EoiHdttcAdd 4 RBal AARDACA2 Ofurle Runhl & Q6 HASNENGH MerhdtP]9 Of
tel ephone line. Wreless links may al so be 10 inplenented. ]Jit any such

i pl enent;adyl 3R ne@RM MBI Edr@ b AtBdAL bRACRCKELAVIRAANS AR ARGSK VISHN). Ysect ri cal ,
el ectromagnetic- or optical signals that carry digital data streans

r epr esentyhfifler\eRihid Sombi@BoRfutck 0N TR} Ban ARHMEFiKal Wighlt sdiRdrideyRiccal |y
provi des data conmuni cati on through one or nore networks to other data

devi ces. (KDSLPeaadTRA RicgRl W Vikes! dighki neRJorBYDINY Q¥d &4 nfbde@MEBTilO 4T ough
| ocal 1s network 723 to a host conputer 725 or to data equi pnent operated

by a ser \tomfuieslioh detnectidh icidtoRte UhdRSty SLAIr Sl pASHEURE.CMire RSk IRRY MayCsd DT ough
the I P network 105. LAN 723 and 1P network 105 both use electrical,

el eGbr omagpRinkifedd n AFtsu€lAlnpRh@Makch. Edidtunfcaidnyindifgte 789 scHdiand fkéigams. The
signals through the various networks and the signals on network link 721

and t hr ow@btricfl coltioch sgnéticn opiithBvignale that'dlly dililhnCRahié riphleifling viralis data to
and from conputer system 701, are 20 exenplary fortes of carrier waves
t ranspor ttypagoftihfermatbmr mat i on. Conputer system 701 can send SIP nessages -
and receive data, including program code, through the network(s), netwoik
| ur k Network link 721 typically provides data communication through one or more networks B
lo other data devices. For example, network link 721 may provide a sonnection through local
15 network 723 to a host computer 725 or to data cquipment operated by a service provider, which
provides data communication services through the IP network 105. LAN 723 aad IP network
105 both use electrical, electromagnetic or optical signals that carry digital data streams. The
signals lhroygh the varicus networks and the signals on network link 721 and through
communication interface 719, which carry the digital data to and from computer system 701, are
20 exemplary fonms of carricr waves transporting the information. Computer system 701 can send

SIP messages and receive data, including program code, through the network(s), network link

721 and communication interface 719,
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721 and communication interface 719. 18- stms rerw B snil (RULE 26) WO
01/ 37501 PCT/ USOQ) 31840 The techni ques descri bed herein pI’OVI de several

advant ages §4 OF approaches to call processing in whigh, W 13 is
needed to e\g%‘%gf a VOP call between call originator 101 an f.

term nator 103. Tpcgﬁug u%§ ﬁc lé:nbe'c‘i\{\grrl']x Ip?&uR: sg&?ﬁh%%%g}?%t/%r%gg{u pis chles to odll

econom cally f easi process Vi ng

i‘i?l ) rggsvgr?c%%ﬂ%ga Q{h?ﬁlﬂaﬁlyn] l@ﬁe%gtal% est aa ﬁgl\IIOl F,JI el\pécpg lﬂgu,igg‘ 5&0

or|g| nat or ermn

o | t d { t ti
e e ) R Bl PR
d t ood_t hat t h t t h t
et o0 O L S0 Bl ur BPEHE L Bl b 20

JPE SEEP V\DOI/37 1 PCT/ USOQ 31840 ~ VHAT AS NEW

AND- DES| (Rg%g é’éz E’?‘i_gé"’rc‘fr E‘éé’"rﬂk\‘ﬁ%f\r?‘“ %#"*%?BM‘TE%ATES IS 1.
A nmet hod for pr cessl ﬂla VOi &r F kl swi t ched network between
acall 5 ori gucﬁ’ét"b'f‘ A1 - ‘f‘%é‘t"ﬁﬁ ‘f’i‘éﬁ”&ﬁ"‘“ Tt et e “b"&Wﬁ’i“ a5 ppgsible in

est abl i shi r cal.l-1e he ca na or oi ce
responlse LR@'{‘ °f% ove l?g‘ihﬂ’é‘s ﬁh‘éﬁﬂ‘\’,}eﬁd‘fé “'{dh'éP"'bﬁ‘ '8'85' '8 8qepe ?ﬁfdﬁ‘i \r/o:

Dot weon ¢ nOPORCR ST HE neoR iap B Piadises Bltets® QbR i BrERF ot ocol -
i1l binding the flrst call-leg and the second call-leg to conplete the

voi ce call between the call originator and the call term nator; and

-19-
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rel easing the voice call fromthe VRU based upon the signaling protocol. 2.
The nmet hod according to claim1, wherein the signaling protocol in the step

of estab,k,hggg.;gg‘ the first call-leg is a Session Initiaprprisétisags@col . t 5
3. The method according to claim1, further conprising: collecting digit

i nf or mat iyon, F1ORARES Ak INEW hSiD BEQREBYTS BE SKRUREBNSY DETTOSPAGENT

aut hent i utnori zatron o e ca originator by the VRU based
upon theycaht BRiFEIsEARR 1s4 The method according to claim1, wherein step
of estabPFTsning t St call-leg 20 conprises: invoking menu scripts

wi thin the nmenu router based upon nessages conveyed by the signaling
protocol; and providing nedia proxy and nmedia m xing services. 20 ~NL

S[1BS L1 J1) £ SH b 2000 A/ 504 G SR Bk VeIt PG

according to claim _ e packet swtched network is an Internet

Pr ot ocol \ﬁ%@ 1@%%?}‘3}%““{?9?%&{@%E‘Fﬁﬁ?‘ggﬁg’?@é'di ng to claim1, wherein the

packét S wor 7. The nethod according to claim

|, wherein the call ord ginator . h ¥ 0L Qe Ses3ndhGit PEREPNAI
conputers w tﬁsm\%fh(’:" dpf{rfg-g@g%?%bl@’g%ﬁ%bﬂ'%? }’"elg';'qg\. "The met ﬂoci gggorgi ng to
claim7, wherei (ol S0 b dRidd &5 ighdhb ploRdlol; CONPY i Ses
| ocati ng ‘?‘Hé“{}’ﬁfﬁ‘%’ggﬁ'ﬁ%‘ﬁ’g‘i"%s %ﬁlcg@g&t] F%Jf{&gé‘rver"&‘hat l[’st o‘[r’tgs0 a?l"address of
the VRU. 9. Ac%ﬁm%a(\s@éo'n@ BatSi¥ s beWeh Qe VRO GRERE &8 1@mnRicf Sasedhdon@uer a
packet sw tched netwWork, the conmunication system conprising: to a call
ori gi nat qf flofd to initiate and to receive the voice call over the
packet ss\‘/ﬁnglgﬁéﬁ nggvvork;

10 binding the first call-leg and the second call-leg to complete the voice call between the

call originator and the call tenminator; and
releasing the voice call from the VRU based upon the si.gualing protocol.
2. The method according to claim 1, wherein the signaling protoco] in the step of
establishing the first call-leg is a Session Initiation Protocol.
15 3. The method according to claim I, further comprising:
collecting digit infoﬁnation from the call originator by the VRU; and
performing authentication and authorization of the call originator by the VRU based upon
the collecting step.
4. The method according 10 claim 1, wherein step of establishing the first call-leg
20 comprises:
invoking menu scripts within the menu router based upon messages conveyed by the
signaling protocol; and

providing media proxy and media mixing services.

) 0 D A
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a ncnu router configured to performcall control services relating to the
voice call; a voice response unit (VRU) configured to process a caII setup
request fr (ﬁall originator; and 15 a call term nat @y yyed to
process the v0| ce call, wherein the call originator, the cal erm nat or,

menu router, andie. g{oyncc? TR GRS, bl ﬁgﬁgdﬁpmncmmo@mlm 1iifigecal |

or.i gi nat or est bl o call 2l'eg e VRU via the nenu router,
t he VRU es{?abl |l?ﬂén€ a,second call-1leg vvlth the call term nator and
dr oppi ng f BH’S Ol &‘e call upon binding the first call-leg and the

second cal | - The ,.syst

protocol is a %eg ‘B%P?drﬂcf‘?rgt‘f‘gg’ "?a“ﬁﬁb“?loerg? (e p%&fz su?‘ ‘m“?‘F ‘J"Pﬁqf ﬁgl J1 Ttl |11
H!'lIl Ls -21 >BSrIUrES WO 01/ 37501 PCT/ 11. The
system accor di ﬂg%‘ﬁ“\‘fi‘&i‘ ?ﬁc@“h ‘éR?g—é‘f’hlzf’%i“ém\}lﬂﬁ o ORBRHT" ﬂt’J“rie cf‘o c"(‘)‘l"%)lect di git
information from¢gthe c RI nat or. and .t _Qerfor m aut henti cati on and

aut hord zat ?’Bﬁ"EfF‘alt"l‘fg‘pB‘ﬁTslw“ QF’W&‘tSBPg ?Jaggbé@‘ tpon the col | ected information.
12. The system accordin onfi gured
to invoke 5 rrénfﬁglf’f“lhﬁgé“ﬂ%?é’@& a5 N@&‘é‘éd‘é" Arsra e gohe kS i n
conmon pr ot oco) ut er r ro m xin
servi ceg t6°“f‘1’i’é°sd%ﬂ“1m%'r“f’ SF&&Y&“’XW '°é‘zi?” cxtg eif“)é%/déjmi%‘q&?'kguéy)s(!t e%
according to claim 9. wherein packet SW { ch? i.S J er net
Protocol (IP) re ““i"&“”l‘ﬁé“’%‘ YPEFINE 8 B R lt°(¥°”’|"§ §w"°\/§f1 'Pcé“"ﬁ t he

packet switched network is the,K to Internet.
the communication system comprising:

10 a call originator configured to initiate and lo receive the voice call over the packet
switched network;
a menu router configured to perform call control services relating to the voice call;
a voice responsc unit (VRU) configured o process a call setup request from the call
originator; a.nd
15 a call terminator configured to process the voice call,
vﬂremin the call originator, the call (crminator, menu router, and the VRU communicate:
using a common protocol, the call originator establishing a first call-leg with the VRU via the
mcnu ';outcr,. the VRU establishing a second call-leg with the call terminator and dropping from
the ;/oicc call upon binding the first call-leg and the second call-leg.

20 10. The system according to claim 9, the common protocol is a Session Initiation

Protocol.

g
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15. The system according to claim9, wherein the call originator and the
call tenninator are personal conputers with voice processing capabilities.
16. The syglegmrsagcording to claim9, further conpri singpceaisbi/fien OCati on
server configured to provide addressing information of the VRU, the first

| S | ocati on sidr {The sylremnepoidingao diaimmf.rwhsteit th MBUigieoniigyred tyRuliectdigibcond

| ocation server configured to provide addressing information of the call

t er mi nat informbtim feecheachlll cgattoomddepariorm peshengcdtion asforutherizational the gallat

i ncludes the call termnator. 17. The system according to claim 19,

further oeygimordised upaw uswwiotladeddoluphagidn.t 0 t he VRU and configured to switch
the voice call over a voice 20 network; and a voice station configured to
initiate the ppoTaesys@mlacdohiig b slaBmb.tvdieeeth thy medneroster is cinfiguredtotilmke packet
switched network. | [1FITTlj 222222 LERED F0ELEd 0F FHED -22- L ons

SUBSP| RUnkedu sotiptBastRuyol mi2Gshige¥\haOdré Sattyykd BT 0BQM0E pi®Hhool, th8mewy router
conput er -r eadabl e nmedi um carrying one or nore sc juenccs of one or nore

| NSt r uct pRAing Gledia pAKE Sifd Mdlidmikligtervicad tb tr\cell orignanacidihe sall ttrotsatbriet wor k
between a-call originator and a call term nator, the one or nore sequences
of one or norg, Misyskmiab@rsng B elalmlD Nehereiinhé packétiseivchedintebrk isdndmemxecut ed by
one or nore processors, cause the one or inure processors 5 to performthe
st eps nf promsebigt)inéorkg a first call-leg between the call originator and a
voi ce response unit (VRU) wusing a menu router that provides call control
servi ces accondiThgsysemacrdimab iclaim prwiteadohe packa swiddthied hitweorkds thecond cal | -1 eg
between the VRU and the call terminator based. upon the signaling

proy®col Intemet.

15. The system according to claim 9, wherein the call originator and the cal) tenninator
are personal computers with voice processing capabilitics.
16. The system according to claim 9, fﬁnlxcr com[;rising:
a first local.ion server configured to provide addressing information of the VRU, the first
15 location server being in a domain that includes the VRU;
a sccond location server c_:onﬁgured to provide addressing information of the call
terminator, the.sccond location server being in another domain that includes the call terminator.
17. The system according to claim 19, further compri_sin,g:
a switch coupled to the VRU and configured to switch the voice call over u voice
20 network; and
a voice station configured to initiate the voice call that is switched by the switch onto the

packet switched network.

* c L L] s *
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10 binding the first call-leg and the second call-leg to conplete the voice
call between the <call originator and the cull terninator; and rel easing

t he voice I om t he VRU based upon the signaling protqcol . 19. The
conput er - ré’glagﬁ';gmrredi um according to claiml8, wherein tH& &M Ihg
protocol is a _Session Initiation. Protocol. 15 20...The conputer-readabl e
medi um accor dithd* fegrutegralapls madim ¢ammying OR YL TR SPIUERET B PR Fighehe st eps of .
collecting digit information fromthe call originator by the VRU, and

per f or mi riBSUAEH0RE for Prostssing 2 xeier wall ok aipacket Britcd nehoricbatyeesmicall pragietorby t he

VI Wbased upon the collecting step. 20 21.. The conputer-readabl e nmedi um
accor di ngéa c#l| taiminate, the preres ieressegisness obere s PiosHpsigctivap inchidingt cal | - | eg
conprises: invoking: menu scripts within the nenu router based upon nessages
conveyed ipgrugtinss whickyngiep nﬁcwptglemlo,r mgrgchracegors, dapge|the dng pt fbie'prdckssors | [ 11111 |
LS c S§[1BSTriu= Std (RULE 26) WO 01/37501 PCT/US00/ 31840 providing nedia
proxy ando pefim theisiepaol: servi ces. 22. The conput er -readabl e medi um accor di ng

to claim18. wherein the step of establishing the first call-leg conprises
| ocati ng the wWablighngpGrstdeidredeiwsonti ol @imaer addratoiceséspnes uan(vadgr ess of
the VRU. jiiiititij 111 111111 CL '

using a menu router that provides call control services according to a signaling protocol;
establishing a sccond call-leg between the VRU and the call terminator based. upon the
signaling protocol;
10 binding the first call-leg and the second call-leg 1o complete the vojce call between the
call originator and the cull terminator; and
releasing the voice call from the VRU based upon the signaliné protocol.
19. The computer-readable medium according to claim 18, wherein the signaling
prolocgl is a Session Initiation. Protocol,
15 20. The computer-readable medium according 1o claim 18, further comprising
performing the steps of:
collecting digit information from the call originator by the YRU; and
performing authentication and authorization of the call originator by the VRU based upon
the collecting step.
20 21.- The computer-readable medium according to claim 18, wherein step of establishing
the first call-leg comprises:
invoking mcnf: scripts within the menu router based upon messages conveyed by the

signaling protocol; and —
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providing media proxy and media mixing services.
22. The compmér—rc‘adable medium according to claim 18. wherein the step of
establishing the first call-leg comprises locating the VRU by querying a location server that

stores an address of the VRU,

_—’_____—'_——;—.———“-_'
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