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| nvent i oﬂwﬁ?g’ ﬁ esent invention relates generally to the #’g}ﬁhﬁdéﬁ9

tel ephony. and nore particularly to a nethod and system for selecting
gateway(s) for routing calls through a packet-based tel ecomrunications
network I nterconnected with a public telecomunications network. 2.
Acronyns The witten description herein uses a nunber of acronyns to refer
to various services, nessages and system conponents. Although generally
known, use of several of these acronyns |Is not strictly standardized in
the art. For purposes of this discussion, several acronyns will be defined
as follows: Dynanmic Gateway Sel ectlon (DGS) - a process errpl oyed by a
networ k servemME D ARHD A COG2 A Eeorjesyrouted to
an egress gateway. Egress A%H (O’I g| nati1on) Gateways
- gateways connecting an N, PBX or ot her network. 1 WO
01/39444 PCT/USOQ 41994 Network Management System(Nl\/B) - performs a
variety of functions, in 0 T VEN

1. Field of the Inyention

The present invention relates generally to the field of IP telephony, and more
particularly to a method and system for selecting gateway(s) for routing calls through a
packet-basad telecommunications network interconnected with a public

telecommunications network.

2. Acronyms

The written description herein uses a number of acronyms to refer to various
services, massages and system components. Although generally known, use of
several of these acronyms Is not strictly standardized in the art. For purposes of this
discussion, several acronyms will be defined as follows:
Dynamic Gateway Selection (DGS) - a process emplayed by a network server and a
Redirect Server (RS) to allow calls to be routed to an egress gateway.
Egress (Destination) and Ingress (Origination) Gateways - gateways connecting an IP

network to a PSTN, PBX or other network .



receiving and storing status changes to destination or egress gateways. 3.
Description of the Prior Art Internet tel ephony provides real-tinme delivery
of voi ce V@PAHB%4her nultinedia data, between two or nore PEAUSO&4198¢r 0ss a
network enploying Internet protocols (IP). Internet tel ephony is

sessi on-based rather than connection-based. That is. Internet telephony
uses virtual connections or circuits to pass data between tw nodes. These
connections between the nodes are ternmed "virtual circuits” to distinguish
them from dedicated circuits of conventional networks. Wile IP tel ephony
offers benefits to both users and carriers in terns of costs and variety
of nedia types that can be routed threrethrough, there are a substanti al
anount of traditional telephones being serviced by the Public Sw tched

Tel ephgn wor k (PSTN) ., The PSTN pr.ovi des users_wi th dedi cated,
end-tﬁ@ﬁ@’%ﬁfﬁﬁq&”&?fﬁn@%ﬁ@@r@“ﬂ ‘PE@E’G? Qt‘ﬁaé'ﬁ%bf’f opgyipcluding i ts are
reserved between an originating switch and a termnating switch based on a
cal | ecFesaMng anditaring wakisshangss do destinationopegrassrgatowsys.t he | nt er net |
many public tel econmunications networks now carry significantly nore IP
data traffic than voice data traffic. Public telecommunications networks,
optim zed for voice traffic, are ill- 2 WD 01/39444 PCT/ US00/ 41994

equi pped to handle increasing data traffic volunes. The growh in |IP data
traffic coupled with custonmer demands for integrated voice and data

servi ¢ palchgifh ot ifib Prior Ant

Intemnet telephony provides real-time delivery of voice, and other multimedia
data, between two or more parties across a network employing Intemet protocols (IP).
internet telephony is session-based rather than connection-based. That is, Internet
telephony uses virtual connections or circuits to pass data between two nodes. These
connections between the nodes are termed *virtual circuits” to distinguish them from
dedicated circuits of conventional networks.

While IP telephony offers benefits to both users and carriers in terms of costs
and variety of media types that can be routed threrethrough, there are a substantial
amount of traditlonal telephones being serviced by the Public Switched Telephone
Network (PSTN). The PSTN provides users with dedicated, end-to-end circuit
connections for the duration of each call. Circuits are reserved between an originating
switch and a terminating switch based on a called party number. |

However, because of the popularity of the Intemet, many public
telecommunications networks now carry significantly more |P data traffic than voice

data traffic. Public telecommunications networks, optimized for voice traffic, are iil-



has led to the adoption of IP as the preferred protocols for carrying both
voi ce ang d traffic between originating and term nati | { s of the
public t (%@%ﬁﬁﬁnications networ k. Accordingly, In orderpggﬁ&@%ﬁggsed

t el ephony services to becone broadly accepted by users of traditional

tel ephones, it Is necessary to interface the IP tel ephony network with the
existing PSTN and with private PBX phone networks. To permt this nbde of
operation, a packet-based network, such as the Internet, must interface
directly with public tel ephone networks and operate as a bridge between
originating and destination switches of such networks. Media streans which

originate froma public network nust be capable of being transported
t hrough the packet-switched IP network and term nate at the some or

di f f ereguippidotoi artité réasingdats iaflicVolbmbs! fTael dlawts IR batawaimey gat evays
which 1nterface the signaling and bearer paths between the two networks.
Ther ef dWikie el é}q-{ i : OSSN | tween
t wo otc%gﬁ/?/i se | ncgl?r){)nat i bl'e %emétgéﬁtgagﬁﬁ in%'edjfilgfrﬂ(s ngggs% \sfg(?@éfgogsignd
packets he n the two different network nd t hus .make
het wotiestsd e itk St o i irelieCbriaod dok il both vpiceand data
reliability it is crucial that the gateways are reliable and their
avai | drafiic betwaenyriginating andeminating awitcheushihequddic teleeommanications
egress gateways, be nmonitored for quickly and efficiently selecting an
avai | aetworkat enay.
Accordingly, in order for IP based telephony services to become broadly
accepted by users of traditional telephones, it is necessary to interface the IP telephony
network with the existing PSTN and with private PBX phone networks. To permit this
mode of operation, a packet-based network, such as the Intemet, must interface
directly with public telephone networks and operate as a bridge between originating and
destination switches of such networks,
Media streams which originate from a public network must be capable of being
transported through the packet-switched IP network and terminate at the same or
different public network. This type of interfacing is performed by gateways which
interface the signaling and bearer paths between the two networks. Therefore, Intermet
gateways perform code and protocol conversion between two otherwise incompatible
networks to provide links necessary to send packets between the two different networks

and thus make network-to-network connections possible. To assure overall system

reliability it is crucial that the gateways are reliable and their avallability, especially



SUMVARY OF THE | NVENTI ON I n accordance wth the principles of the
inventio hod and system are provided by which an ha €
destinati 5H$Eg§4eway is dynam cally selected to establisﬁggf@@Wé%ﬁication
session over a path supported at least in part by an IP tel ephony network
and a PSTN, PBX or other network. A redirect server (RS) In concert with a
net wor kK managenent system (NVS) enpl oys a gateway sel ection nethodol ogy
whi ch includes recordi ng egress gateways which are not avail able due to
several reasons, such as having tined out, or having a mal function, i.e..
failure status. In one enbodi nent of the present invention, a nethod is
provided for dynamcally selecting an egress gateway to allow a call to be
conpleted in a comunication session over a path supported at |east in
part bdestinatibn of egrésy yatewaysobk monitoredPBFuidkBXand effidientiynséleotikg amhe | P
tel ephony network includes a plurality of 1 ngress and egress gateways, at
| east QRGIaBRS tg@,aynltlatlon Protocol (SIP) proxy server (SPS) and at

| east one redirect "server (RS). A dynam c gateway selection (DGS) feature
is always active and is typically invoked whenever a source user agent
(SUA) Initiates a call attenpt by sending a session participation request
to the SPS. 4 WO 01/39444 PCT/ US00/ 41994  The preferred method generally

i ncl udes the steps of: recesidare B0 LOEINVENBEINSt at the SPS fromthe
SUA. The SPS forwards the request to the RS to obtain information of

dest i nat i oningedcevdare Witle thtSprinciplesdyf the investiSh Pa seathod mnabsytstemparei on

provided by which an egress (i.e., destination) gateway is dynamically selected to
establish a communication session over a path supported at least in part by an IP
telephony network and a PSTN, PBX or other network. A redirect sarver (RS) in
concert with a network management system (NMS) employs a gateway selection
methodology which includes recording egress gateways which are not available due to
several reasons, such as having timed out, or having a malfunction, i.e., failure status.
in one embodiment of the present invention, a method is provided for
dynamically selecting an egress gateway to allow a call to be completed in a
communication session over a path supported at least in part by an IP telephony
network and a PSTN, PBX or other network. The IP telephony network includes a
plurality of ingress and egress gateways, at least one Session Initiation Protocol (SIP)
proxy server (SPS) and at least one redirect server (RS). A dynamic gateway selectior;
(DGS) feature is always active and is typically invoked wheneaver a source user agent

(SUA) initiates a call attempt by sending a session participation request to the SPS.



request with either a redirection response or a request failure response.
The RS redirection response includes a routing list. The routing list is a
list of SYP8EY4¢4 . e., destination) gateways that are det FCATUEH4X be

i n-service. Upon receipt of a redirection response fromthe RS, the SPS
proxi es the session participation request to a first destination gateway
in the routing list. Oherwse, the RS returns a failure response which is
sent to the SUA. The failure response is an indication that there are no
destination gateways having an in-service status. Wien the SPS proxies the
request to a destination gateway, the SPS waits for a final response from
the selected destination gateway. The SPS will either receive a final
response or time-out. When the SPS receives a final response fromthe

dest i nat i onTheg prefeergd rhatho8Rignerally insludes the Btdps of peceiving @ tdlbsdild, awaits
an acknow edgnent and proxies the acknow edgnent. O herw se, when the SPS

ti Mes- plhuedPhf thedSPS froi tihé BYUA. RPSPSSolwardsiths regééét&attheﬁsat 8¥@m the

SPS re-sends the request a predeterm ned nunber of times. It the SPS
r equest oo brcleRatiof Batavie, TRales "FrpdmB BIRR IR et pS6 RNy,
the RS. 5 WO 01/39444 PCT/ USOQO 41994 The process of sending_a request a
pr edet BavesbwitR @itber agedirection resppase af adefuest failuresespanse. 1heiR® gat evay
in the routing list until one of the followi ng occurs: (1) a success
r esponsdifestior respoede itAudes a réRtng list sTiweitoutizigtlist és 4 tist of dgmeas (keesponse,
" destination) gateways that are determined to be in-service. Upon receipt of a
redirection response from the RS, the SPS proxies the session participation request to
a first destination gateway in the routing list. Otharwise, the RS returns a failure
response which is sent to the SUA. The failure response is an indication that there are
no destination gateways having an in-service status.
When the SPS proxies the request to a destination gateway, the SPS waits for a
final response from the selected destination gateway. The SPS will either receive a
final response or time-out. When the SPS receives a final response from the destination
gateway, the SPS proxies the final response to the SUA, awaits an acknowledgment
and proxies the acknowledgment. Otherwise, when the SPS times-out waiting for a
final response from the destination gateway, the SPS re-sends the request a
predetermined number of times. If the SPS times-out for a final time, the SPS sends

the session participation request to the next destination gateway in the routing list

provided by the RS.



descri bed above with respect to the first destination gateway in the
routing list; (3) the SPS receives an unsuccessful final, non-server
failure meQpusméd fromthe currently sel ected destinati onPGaESaYL99br (4)
the destination gateway returns a server failure response, in which case
the SPS infornms the RS of the destination gateway failure. In case of the
second to fourth situations, the SPS sends the session participation
request to other destination gateways in the routing list provided by the
RS. For each destination gateway that returns a gateway failure response to
the SPS, the destination gateway is recorded as an out-of-service
destination gateway in the RS and is dynamcally renoved fromthe routing
list. Therefore, subsequent requests are not sent to destination gateways
whi ch ar e rEuprbesssof sendinfj-srequiesta peaedeétemningd nuyabemaftimes is repeaagedint i |
after a predeterm ned anount of tine. After the predeterm ned anmount of

time haptipd AeaibstihABorRGarmayTRlthe dbiliing R QUNEI 8né o tivsifallowing oeturse(1) ae

pat hways and i ssues a report to a network nanagenment system ( NVS)

st r uct THE8sS Wpontell PR 2 Ahe SRS Yilod B Elinb Jof £ Fenpbiier 8 nen 1

Is determ ned that g gateway i s qut-of-service or bpack in-servjice. \Wen
the scdascahod Abovewith resperUigbeirstdesination gateway i thegeuting J&t: d3) theno
01/ 39444 PCT/US00/ 41994 gateways and no successful response is received,
t he SPSPS8atoeines anfunsalccessfpldinad, non-seiver tailuge netpongedgmmtthe cuosintlyng party
ind!cat!ng that a ca!l cannot be made. In an a!ternat!ve nmet hod,
avai | agd|bétbd d¥istifigfdn Galewdly, BRIHWAY YekinalfirPH MR réig a server failure
response, in which case the SPS informs the RS of the destination gateway failure.
In case of the second to fourth situations, the SPS sends the session
participation request to other destination gateways in the routing list provided by the
RS. For each destination gateway that retums a gateway failure response to the SPS,
the destination gateway is recorded as an out-of-service destination gateway in the RS
and is dynamically removed from the routing list. Therefore, subsequent requests are
not sent to destination gateways which are recorded as out-of-service destination
gateways in the RS until after a predetermined amount of time. After the predetermined
amount of time has elapsed, the RS automatically recovers failed or out-of-service
pathways and issues a report to a network management system (NMS) indicating that
the destination gateway is back in service. Table structures, stored within the RS, are

updated on a real-time basis when it is determined that a gateway is out-of-service or

back in-service. When the session participation request has been sent to all destination



a ping method. In this nethod, gateway availability is determ ned by

sending at_| t one packet to each destination gateway r{ain

whet her leﬁ)emgg%f‘i nation gateway is available, or In- servﬁ';‘glg.a§®?u§ﬂe
destination gateway is in-service, it transmts an ACK nessage. If an ACK
nmessage is not received after a predeterm ned period of tine, the
destination gateway (DGN is determned to be unavail able. The ping nethod
preferably queries each destination gateway one-by-one and updates gateway
i nformati on tables by recording the status of each destination gateway. The
present invention thereby provides several functions, including: (1)
dynam c detection of failed and unavail abl e gateways; (2) dynam c renoval
of failed and wunavail abl e gateway(s) froma,r [ng |ist t ewa

i nf or rgateways apHao successiul response s Zeeaivedythe %Lgpée F?qaﬂ‘%? “Pgﬁ@,sp&ﬁae ()
automatic recovery of failed and unavail abl e gateways by updating gat eway
st at ustheadrigirsatinfy agent qrreatlingeparhyhiadiqating daatoa call ganndifermadescrl PTI ON OF
THE DRAW NGS Vari ous preferred enbodi nents are described herein with

reference tgp Alaitermato8Pastnbl Savhibilingsf destinationlyatéwsys Is deteemireaising
di agram of a preferred enbodi nent of the present invention; 7 W 01/39444

TR0 b, e SRS A o) et et
diagr agll‘\é Llagliétrtgteiarc]:g Jehs%ng{igr? %la.{erw.e\ya{g)das?caeuains \?v léﬁ\é?'rtgg %%%{iggﬁon gateway is
available, or in-service. If the destination gateway is in-service, it transmits an ACK
message. If an ACK message is not received after a predetermined period of time, the
destination gateway (DGW) is determined to be unavailable. The ping method
preferably queries each destination gateway one-by-one and updates gateway
information tables by recording the status of each destination gateway.

The present invention thereby provides several functions, including: (1) dynamic
detection of failed and unavailable gateways; (2) dynamic removal of failed and
unavailable gateway(s) from a routing list, gateway information table, etc., after a

. predetermined period of time; and (3) automatic recovery of failed and unavailable

gateways by updating gateway status tables after a predetermined pericd of time.

BRIEF DESCRIPTION OF THE DRAWINGS
Various preferred embodiments are described herein with reference to the
accompanying drawings, in which:

FIG. 1 is a block diagram of a preferred embodiment of the present invention;



according to the enbodinent of FIG 1; and FIG 4 is a flowhart

i1lustra al ternate enbodi nent of the present inve | LED
DESCR! PT%‘%EJQISJ‘G3 -E PREFERRED EMBCDI MENTS Pref erred enbodp{?@%g""g?;‘f
present invention will now be described with reference to the figures
where |like reference nunbers indicate identical or simlar elenents. It

w |l be apparent to persons skilled In the relevant art that the present

i nvention can operate on many different types of networks w thout departing
fromthe scope of the present invention. In the preferred enbodi ments
descri bed herein, the P telephony network is preferably the Internet.

O her exanpl es of networks which could be used include |eased lines. frane
del ay, and asynchronous transfer node (ATM networks. The present

i nvention pegyigles @ kR agﬁf&ﬂ'ﬁﬁxatsmdfq? ard &hf i Wtﬁﬁﬁ dekording

destination gat eway o es cation ses fon over a path
suppor ast rg, by an I P tel ephony network, such as a WAN. and
a PSTN© &8)@ Pog'f'ffé'\l ?Eﬁs work. The nethod further deternines the status of
a destination gateway, 8 WO 01/39444 PCT/ USOQ 41994 art i cul arl y, as being
ei ther in- sElG4%éS@r°aﬁLﬂ0"6ﬂ13§é?ml'@éStTaim thetsionalingAnd,cal} selyp procedures

destination gateway back Into service froman out-of-service state after a
pr edet acodrding tartherembddiment of FIG. 1; and

FIG. 4 is a flowchart illustrating an altemate embodiment of the present

invention.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

Preferred embodiments of the present invention will now be described with
reference to the figures where like reference numbers indicate identical or similar
elements. It will be apparent to persons skilled in the relevant art that the present
invention can operate on many different types of networks without departing from the
scope of the present invention. In the preferrad embodiments described herein, the IP
telephony network is preferably the Intemet. Other examples of networks which could
be usad include leased lines, frame delay, and asynchronous transfer mode (ATM)
networks.

The present invention provides a method and system for selecting an egress or
destination gateway to establish a communication session over a path supported at
least in part by an IP telephony network, such as a WAN, and a PSTN, PBX or other

network. The method further determines the status of a destination gateway,



Referring now to the drawings, and first to FIG 1, a systen1according to a
preferred e i ment of the present invention is designat Iy by
referenégm”ﬁgﬁé?al 10. System 10 is a tel ephony network g@ﬁ?@%@ 4i ncl udes
a first public swtched tel ephone network (PSTN) 114a which |nterfaces to
an | P tel ephony network or Internet 112  The Internet 112 is further
interfaced to a second PSTN 114b. The first PSTN 114a includes a source
user agent (SUA) 102, i.e., originating agent, which originates a session
participation request. The second PSTN 114b includes a called party
destination user agent (DUA 103). The Internet 112 includes a redirect
server (RS) 104, an SIP proxy server (SPS) 106, a hbtmnrk Managenent
System (NMS) 108 and destination gateways (DGM) | GCa, 11 Cb. Wile
only padicoBry. as beingaitherdrsendee oF aukaf-yervie, Bnﬂratttﬁ@aar:ellw\pnngsi acogni ze
that additional DGW nmay be provided. The RS 104 supports a gateway
managdestinationrgateway \backlintorserkise tfitom anhautof-sbriite stiv\after aprelbteriised
receives and stores all status changes regarding DGM 110a, 11 Ob. Status

changgmaiintof fiimerted to the NVMs 108 by the RS 104 via the SPS 106. SPS 106
acts as both a server and client for the purpose of making requests on

resour ce. mﬁiﬁbngw e @5@‘%5@“@%"@%"‘% Wfﬁ%%@"%@@&éﬁaﬁr an

vonPIATER eBbo] ﬁpg syt GUPBIRT 5 Aoaiertod AMAERIBRY TeTRESTER! | or mod

by the SPS 106 and RS 104 in context with the NV5 108 I n
numeral 10. System 10 is a telephony network system and includes a first public
switched telephone network (PSTN) 114a which interfaces to an |P telephony network
or Intemet 112. The Internet 112 is further interfaced to a second PSTN 114b. The
first PSTN 114a includes a source user agent (SUA) 102, i.e., originating agent, which
originates a session participation request. The second PSTN 114b includes a called
party destination user agent (DUA 103). The Internet 112 includes a redirect server
(RS) 104, an SIP proxy server (SPS) 106, a Network Management System (NMS) 108,
and destination gateways (DGWSs) 110a, 110b. While only two DGWs are shown, one
of ordinary skill in the art will recognize that additional DGWs may be provided. The RS
104 supports a gateway management function which tracks the status of the DGWs,
The NMS 108 receives and stores all status changes regarding DGWs 110a, 110b.
Status changes are reported to the NMS 108 by the RS 104 via the SPS 106. SPS 106
acts as both a server and client for the purpose of making requests on behalf of othar

clients. SPS 106 provides proxy server and gateway resource management functions.

SPS 106 may be a SIP proxy server or an H.323 gatekeaper.



order to allowcalls to be routed to one of the DGM 11 Ca , 11 Ob. The
dynam c gateway selection and. renoval feature Is particularly invoked
upon rec®(pll/I4t he RS 104 of a session participation refOBIS0/4IAE SUA 102
initiates a call attenpt to transmt the session participation request to
the SPS 106. Accordingly, an attenpt is nmade to establish a conmunication
session between the SUA 102 located in the first PSTN 114a and the called
party destination device (DUA) 103 | ocated in the second PSTN 114b. PSTN
114a and 114b are bridged via the Internet 112. FIG 2 is a flowhart
illustrating the call routing logic for establishing a conmmunication
session in accordance with the nethodol ogy of the present invention. At
step 702, a user initiates a call attenpt by sending a session

parti ci pat iTHe fiREVESbf the presenBiRveniianT, er it 6&3@ JJQFS&PG%U&RQDG&B%& he

I NVI TE request is an initial request forwards the init

'7§¥' rehfhif3} plfiohga By PRSP ﬁgégﬁdsﬁg 1‘1‘3@2 8%%*%&% R ﬁ‘*@aﬁsfiep
7 SPS, 106

Emfhrioﬁﬁﬁ{q allow ?éqs@tbét«?&ad%sp ¥ the R, Erob 0t e dyparalecddondy

call. The RS 104 supplies the routing list froma gateway information

t abl e selestion and:resnoval |fﬁamr@i8em;ﬂt:ulann irokedaupon recaipiby the RS tedraf aar e no
DGWN that can satisfy the |[INVITE request, at step 705. a request failure

r esponsession participation requdst. THA SR, 102 initikles\® A/ t&GENshtiOIe1 994
step 707. Upon receiving the routing list, the SPS 106 proxies the INVITE
requesdessn participation request to the SPS 106. Accordingly, an attempt is made to

establish a communication session between the SUA 102 located in the first PSTN

114a and the called party destination device (DUA) 103 located in the second PSTN

114b. PSTN 114a and 114b are bridged via the Intemet 112.

FIG. 2 is a flowchart illustrating the call routing logic for establishing a
communication session in accordance with the methodology of the present invention.
At step 702, a user initiates a call attempt by sending a session participation request
(Le., an INVITE request) to the SPS 106. When the INVITE request is an initial
request, the SPS 106 forwards the initial INVITE request to the RS 104 for routing
instructions at step 704. At step 705, it is determined whether there is at least one
DGW that can satisfy the request. If 80, at step 706, the RS 104 responds to the SPS
106 query with a routing list, l.e., a list of candidate DGWs that can handle the call. The
RS 104 supplies the routing list from a gateway information table stored therein.

In the event the RS 104 determines that there are no DGWs that can satisfy the

INVITE request, at step 705, a request failure response is retumed to the SUA 102, at

10



one of the DGW 11 Oa, 11 Cb. At step 708, the SPS 106 selects the first
DGW 11 he routing list to determne Its serviceab' r

avai | ab%?@““s"{“‘é us. Steps 710 and 712 determ ne whet her kﬁ@%@?ﬂéﬁtl
selected DGW 11 Ca fromthe routing list is ina failure state or has
timed out. Specifically, at step 710, a determ nation is made concerning
whet her the DGV 110a returns a failure response (i.e., out-of-service
response). If there is a failure response at step 710, the SPS 106 reports
the gateway failure to the RS 104 at step 714. The RS 104 marks the

sel ected DGW 110a as an out-of-service destination gateway in a gateway

I nformation table stored in the RS 104, at step 716. In addition, the SPS

£ 00 <UD TR b e PO S BT TR T ok Bl
Cont r oPREREHE bi%\&ﬁﬁﬁ?éﬁ;?@pv/\% &%56@458%#%35'@%" st BrstGR 1880 nex

selected DGW 11 Ob; that is, her the next selected gateway 110b is in
a fail therautingdisbio determinedis mnceahnlrtmndlnéavamlwtswus@teps 0 andur ns
either a failure response at step 710, or times-out at step 712, then
steps 7i2-déléhmine whetisartthd currentip eelectéd DGWOrHRESTrom the!reatihg tiseis igat eway
fromthe routing list and determning whether it is in a failTure state or

has ti fffhra g ub?hhélﬁﬁ?éoeﬂut“ $pdcifodil it QoMY ol AGELIRHER it | 5T Wi of

accepts a ca succes response a ste en a success
response i s rece 1 VWO /39444 PCT/ US00/ 41994
P conceming wﬁet?\er the BG%% 130 re%umsaf%:llure response (i.e., out-of-service

response). If there is a failure response at step 710, the SPS 106 reports the gateway

failure to the RS 104 at step 714. The RS 1 0_:1 marks the selected DGW 110a as an
out-of-service destination gateway in a gateway information table stored in the RS 104,
at step 716.
In addition, the SPS 106 sends a message, (i.e., Simple Network Management

Protocol (SNMP) trap), to the NMS 108 indicating a destination gateway failure. The

. SPS 106 then selects the next DGW 110b in the routing list, at step 718. Control then
returns to step 710 to determine the availability of the next selected DGW 110b; that is,
whether the next selected gateway 110b is in a failure state or has timed out. If the
next selected DGW 110b retums either a failure response at step 710, or times-out at

| step 712, then steps 714-718 are repeated. In short, the process of selecting a
gateway from the routing list and determining whether it is in a failure state or has timed
out is repeated until a DGW Is found from the routing list which accepts a call with a

success response at step 720. When a success response is raceived, the SPS 106

11



forwards the response to the calling user SUA 102 at step 722. The nedi a
streamfor the call is then set up at step 724 to establish a

comuni cMQ UB%M4nk bet ween the SUA 102 and DUA 103. FI G PGTUSOM418% |
routing flow diagramillustrating in greater detail the call routing |ogic
procedure descri bed above with reference to FIG 2. Table 1 below lists the
I NVI TE required paraneter fields in the preferred enbodi nrent when a SUA 102
Initiates a call attenpt by sending a session participation request (i.e

an INVITE request) to the SPS 106 (See FIG 1. item1l and FIG 3, step
"a"). Table 1 Paraneter Usage Request-Une Contains the nethod (e.g.,

I NVI TE), Request Uniform Resource ldentifier (i.e., Request-URI) of the
SPS and protocol version To Contains the address of the recipient of the

r equesdrwards theresipanse to tiso esliing asepSUNT02 at stept 722, 0Thé Iedia@tresim fdral | - | D
Uni quely identifies the invitation Cseq Contains the request nethod and a

deci Mg I?ﬂ:‘{ﬁ A%et g’;&rst@ﬁ‘?ﬂ'ﬂo @étgtbgl?h %%mhhf&tash'hﬁR%etﬂBéﬁ‘fﬁe‘@Uﬁi n-a

S|nglev ue of the DViain ates the path take e request so

far TheasSl P | s addressed to the called party DUA 103 at a proxy
addr eggm bUX ?6:3

FIG. 3 is a call routing flow diagram illustrating in greater detail the call routing
logic procedure described above with reference to FIG. 2. Table 1 below lists the
INVITE required parameter fields in the preferred embodiment when a SUA 102
initiates a call attempt by sending a session participation request (i.e., an INVITE

request) to the SPS 106 (See FIG.1, item 1 and FIG. 3, step “a).

Table 1

Parameter Usage

Request-Line Contains the mathod (e.g., INVITE), Request
Uniform Resource Identifier (I.e., Request-URI) of

the SPS and protocol verslon
To Contains the address of the recipient of the request
From Contains the address of the initiator of the request
Call-ID - | Uniquely identifles the invitation
Cseq Contains the request method and a decimal

sequence number chosen by tha requesting client,
uniqua within a single value of the Call-ID

Via Indicates the path taken by the request so far

The SIP INVITE is addressed to the called party DUA 103 at a proxy address at

the SPS 106. The SIP INVITE specifies the real IP address of the DUA 103. Upon

12



the SPS 106. The SIP INVITE specifies the real |IP address of the DUA 103.
Upon 12 444 PCT/ USO0/ 41994 receipt of the SIP | SPS 106
sends a %ﬁ%aiégﬁng nmessage to the Ingress or originatioh¥%iﬁg%%gg G 3,
step "b"). Table 2 lists the mandatory fields associated wth the 100
trying response nessage in the preferred enbodi nent. Table 2 Paraneter
Usage Status-Line Status Code = 100, Reason phrase and protocol version To
Content copied fromthe original request nessage From Content copied from
the original request nessage Call-ID Content copies fromthe original
request message Cseq Content copies fromthe original request nmessage Via
I ndi cates the path taken by the request so far. Add the received-tag

paraneter if the i ho dress is incaorrect in the via header field
The sreeceipt of et INWITE the Ség 106 sands 24004ndng massaea to e ingrese 08 ved
request nmessage does not contain a route header field, It is determined to
be an ongination gateway(RGqdesteptbll abrble 2Histsithe mandatory fleldssessoniateder f or ns
the following steps: (1) if a Topnost Via Header (TVH) source address is

I ncor r @ith thed00 tyindaspioned message in the preferred embodiment.

Table 2
Parameter Usage
Status-Line Status Code = 100, Reason phrase and protocol
version
To Content copled from the original request message
From Content copied from the original request message
Call-ID Content copies from the original request message
Cseq Content copies from the original request message
Via Indicates the path taken by the request so far. Add
the received-tag parameter if the previous ho
address is incorrect in the via header field

The SPS 108 counts the number of INVITE requests received. When a received
request message does not contain a route header field, it is determined to be an initial
INVITE request message. In such a case, the SPS 106 performs the following steps:
(1) if a Topmost Via Header (TVH) source address is incorrect, adds a “Received”
parameter (or replaces the existing one if there is one) with the source package to the
Via header field inserted by the previous hopﬁ (2) generates an intemal Call-iD; or (3)
forwards the requested message to the RS 104 (See FIG. 1, item 2 and FIG. 3, step

"c”). Table 3 lists the required fields in the RS INVITE request message.
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parameter (or replaces the existing one if there is one) with the source

package a header field inserted by the previous

gener at eé’g hpfyﬂfernal Call-ID; or (3) forwards the requegpgglsﬂ’&i%age to
the RS 104 (See FIG 1, item2 and FIG 3, step 'c¢'). Table 3 lists the
required fields in the RS I NVITE request nmessage. 13 WO 01/39444

PCT/ USOQ' 41994 Tabl e 3 Paraneter Usage Status-Line Content copied fromthe
original request nmessage To Content copied fromthe original request
nmessage From Content copied fromthe original request nessage Call-1D
Internally generated Call-I Cseq Content copied fromthe original request
nmessage Via Add the received tag In response to receiving the RS I NVITE
request message fromthe SPS 106, the RS 104 perfornms the follow ng: (1)
counts the nunber of | NVITE nessages Tabdéi ved; (2) determ nes that the
user portion of -Request—Iinifarm Resource ldentjifier (i.e.. (Request-URl)
is Iess than or| padmletdrO 1P Udhgd t s and does not contain a | gading 0 or 1;
and (3) queries}ja Network €ontrol System Data Access Point (fi.e., NCS/ DAP)
to obtain rout{ng rntormagton (FIec—3, —step—d*-r—-Rout+ng—Hnf or mat i on,

i ncl udi ng a roupSiestling o COBM@edmwinallrmubﬂmm fromthe
NCS/ DAP to the Rg,104 (FI G C%nteﬁtto%&ed ﬁor)i the original request message

From Content copled from the original request message
Call-ID Internally generated Call-|

Cseq Content copled from the original request message
Via Add the received tag

In response to receiving the RS INVITE request message from the SPS 106 , the
RS 104 performs the following: (1) counts the number of INVITE messages received:
(2) determines that the user portion of Request Uniform Resource Identifier (i.e.,
(Request-URL) is less than or equal to 15 digitg and does not contain a leading 0 or 1;
and (3) queries a Network Control System/Data Access Point (l.e., NCS/DAP) to obtain
routing information (FIG. 3, step “d”). Routing information, including a routing list of
prospective DGWs, is then sent from the NCS/DAP to the RS 104 (FIG. 3, step “e”).
The routing information is used to update the gateway information table stored in RS
104. The gateway information table is subsequently used to create an updated routing
list.

For example, when a gateway address is marked as out-of-service in the
gateway information table stored in RS 104 and its associated time value is zero the

gateway address is not added to the routing list. When the gateway address is marked

14



The routing information is used to update the gateway information table
stored in RS 104 The gateway information table is subsequently used to
create alYON@M4d routing list. For exanple, when a gateREl/Usei18%s is

mar ked as out-of-service In the gateway information table stored in RS 104
and its associated tine value is zero the gateway address is not added to
the routing list. Wen the gateway address is marked 14 WO 01/ 39444

PCT/ US00/ 41994 as out-of-service in the gateway information table and its
associated tinme value is greater than the current absolute RS tine, the
gateway address is not added to the routing |ist. Wen the gateway address
Is marked as out-of-service in the gateway Information table and its
associ at ed tine value Is less than or equal to the current absolute RS

tine, Wﬁfeeéét Whya}nf&%ai.lﬁnﬁ\g ea\%gtﬁﬁ ddchlt 8%% Qg‘u%a]seway

addr ess as I n-service I n orma on The RS

( %ﬁwﬁ')gsré’?tsﬁﬁ‘h‘*b"%nﬂﬁ?%ﬂ/%%’fe@tmﬁﬁ ﬁbe”B Rl AR

there is only one gateway in the routing list, the RS 104 will send a 302
r espo ﬁ@\é"'?&g%ta%%‘a'@k gatewny adimseis maked a5 aut-af-sarvicmis thegatév@y 3, st ep
"f'). The RS 104 increnents a counter which counts the nunber of 3xx

nessadrformation tabie aad4tsl assosidtid timeovalue i leiss ithisn bneqbal tdtke(cifrdnitn t he
present case) response nessage and an exanple of the contact address |ist.
Tabl e ghsolute RS time, the gateway address Is added to the routing list and the gateway

address is marked as in-service in the gateway information table. The RS 104 also

sends a message, i.e., the Simple Network Management Protocol (SNMP) trap, to the

NMS 108 indicating that the DGW is in-service. If there is only one gateway in the

routing list, the RS 104 will send a 302 response message back to the SPS 106 (See

FIG. 1, item 3 and FIG. 3, step “f). The RS 104 increments a counter which counts the

number of 3xx messages sent. Table 4 lists the required fields in the 3xx (302 in the

present case) response message and an example of the contact address list.

Table 4

Parameter Usage
Status-Line Statl_xs Code = 302, Reason phrase and protocol

version
To Content copied from the Original INVITE request
From Contant copled from the Original INVITE request
Call-ID Content copled from the Original INVITE request
Cseq Content copied from the Original INVITE request
Via Content copiad from the Original INVITE request
Contact Muitiple gateway addresses

15



Par anet er Usage Status-Line Status Code = 302, Reason phrase and protocol
ver si on t copied fromthe Oiginal |INVITE reques t ent
copi ed fro%g??yeﬁ%i ginal INVITE request Call-1D Content tggg&s@%%ﬁ] t he
Original INVITE request Cseq Content copied fromthe Oiginal INVITE
request Via Content copied fromthe Oiginal INVITE request Contact

Mul tiple gateway addresses 15 WO 01/ 39444 PCTI USOQ' 41994 Table 5 lists the
required fields in the SNWP trap nessage to the NVS. Table 5 Paraneter
Usage Protocol Data Indicates that this is a Trap PD Unit (PDU) Type
Enterprise Identifies the network-nmanagenent subsystemthat generated the
trap. Its value is taken from sysQbjectID In the system G oup Agent-addr
The | P address of the object generating the trap

Table 5 lists the required fields in the SNMP trap message to the NMS.

Table §

Parameter Usage

Protocol Data Indicates that this is a Trap PD

Unit (PDU)

Type

Enterprise Identifies the network-management subsystem that
generated the trap. Its value is taken from
sysObjectID in the system Group

Agent-addr The IP address of the object generating the trap

Generic-trap 6 = enterprisaSpecific. This value signifies that the
sending protocol entity recognizes that some
enterprise-specific event has occurred. Tha
specific-trap field indicates the type of trap

Specific-trap A code that indicate more specifically the nature of

the trap

Time-stamp The time between the last (re)initialization of the
natwork entity that issued the trap and the
generation of the trap

Variable The address of the gateway that returned the 5xx

bindings response and atatus (In-service)

In the case where there is more than ong gateway in the routing list, the RS 104
sends a 300 response message, instead of a 302 response message for a single
gateway, back to the SPS 106. For a 300 response, the RS 104 also counts the
number of 3xx responses sent. Table 6 lists the required fields in the 300 reSponse

message and an example of the contact address list.
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Generic-trap 6 = enterpriseSpecific. This value signifies that the sending

pr ot ocol | recogni zes that sone enterprise-specifi
occurredv%Qhé&%épecific-trap field indicates the type ofqﬁﬁgggégggﬁfic-trap
A code that indicate nore specifically the nature of the trap Tine-stanp
The tine between the last (re)lnitialization of the network entity that

I ssued the trap and the generation of the trap Variable The address of the
gateway that returned the 5xx bindings response and status (lIn-service) In
the case where there is nore than one gateway in the routing list, the RS
104 sends a 300 response nessage, instead of a 302 response nessage for a
single gateway, back to the SPS 106. For a 300 response, the RS 104 al so
counts the nunber of 3xx responses sent. Table 6 lists the required fields
in the 300 response nessage and an exanpl e of the contact address list. 16
WO 01/ 39444 PCTI USQQO 41994 Table 6 Paraneter Usage Status-Line Status Code
= 300, Reason phrase and protocol

Table 8

Parameter Usage
Status-Line Status Code = 300, Reason phrase and protacol

version
To Same as the original INVITE
From Content copied from the Original INVITE request
Call-ID Content copied from the Original INVITE request
Cseq Content copied from the Original INVITE request
Via Content copied from the Original INVITE requast
Contact Multiple reachable addreszes

The SPS 106 counts the number of routing responsges received from the RS 104.
The SPS 106 sends an INVITE to the first DGW 1103, and inserts the “user=phone”
header in each contact list address (See FIG. 1, item 4 and FIG. 3, step “g”). Table 7

lists the required fields of the INVITE request sent from the SPS 106 to the DGW 110a.

Table 7

Parameter Usage

Request-Line Contains the method (e.g., INVITE), Request-URI
using the gateway from the top of the unused
contact list and protocol version

17



version To Sane as the original INVITE From Content copied fromthe
Oiginal INVITE request Call-1D Content copied fromthe el NVI TE
request W&‘Eﬁ”ﬂﬁ‘nt ent copied fromthe Oiginal INVITE req&t&g&?f{%&@nt ent
copied fromthe Oiginal INVITE request Contact Miltiple reachable
addresses The SPS 106 counts the nunber of routing responses received from
the RS 104. The SPS 106 sends an INVITE to the first DGN 110a, and inserts
t he "user-phone" header in each contact |ist address (See FIG 1, item4
and FIG 3, step "g"). Table 7 lists the required fields of the INVITE
request sent fromthe SPS 106 to the DGN 11 Ca. Table 7 Paraneter Usage
Request - Li ne Contains the nethod (e.g., INVITE). Request-URI using the
gateway fromthe top of the unused contact |ist and protocol version 17 WO

01/ 39444 PCT/ USPQ/ 41994  T¢ Cont ent g%ﬂ‘ea Tr‘orptrre or1 gl nar request
nessage From Co ; ' He prging reguastim ade Call-ID
Content copi ed fFem t he or il Wohiht doflEiRéth tHaRPGiAS Pequest message

Call-ID Content copied from the original request message
Cseq Content copied from the original request message
Via Add the NS URL fo the top

{ Record Route | Request-URI of the NS !

The SPS 108 may receive a 100 trying response (see FIG. 3, step “h*) or
a 180 ringing response from the DGW 110a (See FIG. 3, step “i"). Table 8 lists the

required fields of the 180 ringing response.

Table 8

Parameter Usage

Status-Line Status Code = 180, Reason phrase and protocol
version

To Same as the original INVITE request plus tag

From Same as the INVITE request sent to the Egress
Gateway

1 Call-ID Same as the INVITE request sent to the Egress

Gateway

Cseq -Same as the INVITE request sent to the Egress
Gateway

Via Same as the INVITE request sent to the Egress
Gateway
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Cseq Content copied fromthe original request nmessage Via Add the NS URL
to the t ecord Route Request-URI of the NS The SPS 106 Lyve a 100
trying rg’g%gsré’é‘“(see FIG 3. step "h") or a 180 ringing }’g&é’&{!{@gﬁ#’ omt he
DGW 110a (See FIG 3, step "i"). Table 8 lists the required fields of the
180 ringing response. Table 8 Paraneter Usage Status-Line Status Code =
180, Reason phrase and protocol version To Sane as the original |INVITE
request plus tag From Sanme as the INVITE request sent to the Egress
Gateway Call-1D Sane as the INVITE request sent to the Egress Gateway Cseq

. Sane as the INVITE request sent to the Egress Gateway Via Sane as the
| NVI TE request sent to the Egress Gateway 18 WO 01/ 39444 PCT/ USQO/ 41994

After receiving the 180 ringing response from the DGW 110a, the SPS 106
removes itself from the top of the Via field, re-starts the invite User Agent (UA) timer if it
exists, and forwards the 180 ringing response to the ingress gateway (See FIG. 3, step
“i*). The response message is sent to the address indicated in the Via header field.

Table 9 lists the required message elements.

Table 9

Parameter Usage

Status Line Content copied from the 180 response received
from the gateway

To Content copled from the 180 response received
from the gateway

From Content copied from the 180 response received
from the gateway

Call-iD Contant copied from the 180 response received
from the gateway

Cseq Content copled from the 180 rasponse recsived

from the gateway

Via Content copied from the 180 response received
with the removatl of the NS URL,

The SPS receives an INVITE response (i.e., 200 OK response) from the DGW

110a (See FIG. 3, step “k*). Table 10 lists the required fields in the INVITE message.

Table 10
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After receiving the 180 ringing response fromthe DGV 110a, the SPS 106
renoves jftself fromthe top of the Via field, re-starts t I Qv User
Agent (U )O@?’ it it exists, and forwards the 180 ri ngiﬁ‘gwg‘é’{s‘gﬁée to the
I ngress gateway (See FIG 3, step "j"). The response nessage |Is sent to
the address Indicated In the Via header field. Table 9 lists the required
nessage el enents. Table 9 Paraneter Usage Status Line Content copied from
the 180 response received fromthe gateway To Content copied fromthe 180
response received fromthe gateway From Content copied fromthe 180
response received fromthe gateway Call-1D Content copied fromthe 180
response received fromthe gateway Cseq Content copied fromthe 180
response receined-fromithe gatevwav-Via Content copied fromthe 180

response receij\tadamated h tI'Bs;QQn’DV&T of the NS URL.rThe SPS| recei ves an

| NVI TE respon -e., 2 | (See FIG 3,
step "k"). Tafl8atypling st s ?‘ﬁ%ﬁ's FedfT 24 Reasen ghrasgandpsoteaql/| TE nessage.
version
To Same as the original INVITE request plus tag
From Same as lhe INVITE request sent to the Egress
Gateway
Cal-ID Same as the INVITE request gent to the Egress
Gateway
Cseq Same as the INVITE request sent to the Egress
Gateway
Record Route Request-URI of tha NS
Contact The reachable address of the Egress Gateway

After receiving the 200 OK response from the DGW 1104, the SPS 106 performs
the following steps: (1) cancels the invite UA timer, if it exists; (2) removes the SPS
URL from the Topmost Via Header (TMVH) field; (3) adds the next hop’s Request-URI
at the top of the record-route header field when either of the following conditions are
met: a) there is no contact header field in the 200 OK response, or b) the SPS URL is
on the top entry of the record-route header field; (4) counts the number of 200 INVITE
responses sent by the SPS 106; and (5) the SPS 1086 starts the ACK timer. The SPS
106 forwards the INVITE response (i.e., 200 OK response) to the ingress gateway (See

FIG. 3, step “I"). Table 11 lists the required headers in the INVITE response.

Table 11
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Tabl e 10 19 WO 01/ 39444 PCTI USQO/ 41994 Par anet er
200, Reason phrase and protocol

Code =

Usage Status Une Status
version To Sane as the original

| NVI TE r e¥Q8E8%444 us tag From Sane as the | NVITE request FENUIY41ME Egress

Gateway Call-1D Sane as the INVITE request sent to the Egress
Sanme as the INVITE request sent to the Egress
of the NS Contact The reachabl e address of the Egress Gateway

Request - URI
the SPS 106

receiving the 200 OK response fromthe DGW 11l Qa,
(1) cancels the Invite UA timer,
renmoves the SPS URL fromthe Topnost Via Header (TMVH) field:
at the top of the record-route header

Af ter

per forns

exi sts

(3) adds the next hop's Request - UR
field when either of the followi ng conditions are
contact header fphbiiafer T
top entry of theTecord=to

I NVI TE

, (2)

the foll ow ng steps:

et :

+ ho

a) t

S0 el

L £
r,ugkl UNTT TS PUTTSTT \v4 SPS L
L £ ol .. [ A\

TJ} CITC
aadint ot lbha  u
T

LT 1T aTue T, cToOTUTTTC =t

)

Status-Line Status Code = 200, Reason phrase and protocol
version

To Same as the original INVITE request plus tag

From Same as the INVITE request sent to the Egress
Gateway

Call-iD Same as the INVITE request sent to the Egress
Gateway

Cseq Same as the INVITE request sent to the Egress
Gateway

Via Content from the INVITE request sent to the
Egress Gateway

Record Route Request-URI of the NS

Contact The reachable.address of the Egress Gateway

Gat eway Cseq

Gat eway Record Route

ifoit

here is no
RL is on the
unmber of 200

The SPS 108 receives an ACK response from the ingress gateway and stops the

ACK timar. The SPS 106 counts the number of ACK response messages received by

the SPS 108. Table 12 lists the required headers of the ACK response (See Fig. 3,

step “m").

Table 12
Parametor Usage
Request-Line Contains method (e.g., ACK), Request-URL of the
NS and protocol version
To Same as the original INVITE plus the tag
From Sama as the original INVITE
Call-ID Same as lhe ariginal INVITE
Cseq Same sequence number as the original INVITE
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responses sent by the SPS 106; and (5) the SPS 106 starts the ACK tiner.
The SPS _106 forwards the INVITE response (i.e., 200 OK re o the

i ngress ‘ﬁgtoé/\ﬂ% 4(See FIG 3, step 01"). Table 11 lists t@g‘?@ Lﬁﬂ%péd
headers in the I NVITE response. Table 11 20 WO 01/ 39444 PCT/ US00/ 41994

Par anet er Usage Status-Line Status Code = 200, Reason phrase and protocol
version To Sanme as the original INVITE request plus tag From Sane as the

I NVI TE request sent to the Egress Gateway Call-I1D Sane as the INVITE
request sent to the Egress Gateway Cseq Sane as the INVITE request sent to
the Egress Gateway Via Content fromthe INVITE request sent to the Egress
Gateway Record Route Request-URI of the NS Contact The reachabl e. address
of the Egress Gateway The SPS 106 receives an ACK response fromthe ingress
gateway and stppm {he | UA originated B

..

The received ACK response may contain a route header field. The SPS 106
either proxies the ACK response using the address in the route header or uses the
address in the “To” header to determine whether to proxy the ACK response or
consume the ACK response. The ACK response will be consumed when the *To"
header address is equal to the SPS address, and no route header exists in the ACK
response. When the SPS 106 determines that the ACK response should be proxied,
the SPS 106 performs the following: (1) the SPS 108 adds the ACK's address to the top
of the Via field; (2) the SPS 106 removes the top address from the route header field;
(3) the Request-URI is set to the address located at the top of the route header field;
and (4) the ACK message is forwarded to the DGW 110a based on the top address in
the route header field if it exists or based on the call context's DGW information (See
FIG. 3, step “n"). AccoMiﬁgly, the DGW 110a is selected as the available gateway for
completing the call. If the DGW 110a is determined to be unavailable, the same
method outlined above is used to determine if DGW 110b is available. If neither DGW
is available, a message is sent to the SUA 102 that the call cannot be completed.

Table 13 lists the parameters of the ACK request message sent to the DGW 110a.

Table 13

Parameter Usage
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ACK tinmer. The SPS 106 counts the nunber of ACK response nessages received
by the Table 12 lists the required headers of t ponse
(See Fig. 1}39&4% "MD). Table 12 Paraneter Usage Reques{;@{/ﬁ%@/{ig%t ai ns
method (e.g., ACK). Request-URI of the NS and protocol version To Same as
the original INVITE plus the tag From Sane as the original INVITE Call-ID
Sanme as the original INVITE Cseq Sane sequence nunber as the original
INVITE 21 WO 01/39444 PCT/ US00/ 41994 via UA originated The received ACK
response nmay contain a route header field. The SPS 106 either proxies the
ACK response using the address in the route header or uses the address In
the "To" header to determ ne whether to proxy the ACK response or consune
t he ACK response. The ACK response wi |l be consuned when the "To" header
address is equal _to th bPo aaarebb anu—uu route—header—exhsts in the ACK

response. When | R&ugeit-ng St AGHeReErstURI jsonse [shoul d be
proxi ed, the SPS 106 perf( owf@“ bBI“f"d'ﬁ‘ﬁ&“‘Eb‘/"%Ee'M 146 adds the
ACK' s address tp—the—top ers

To Content copled from the ACK received from the
Ingress Gateway

From Content copied from the ACK received from the
Ingress Gateway

Call-ID Content copied from the ACK received from the
Ingress Gateway

Cseq Content copied from the ACK received from the
Ingress Gateway

Via UA originated with the NS URL added to the top of
Via field

In another preferred method, a DGW is selected using a ping method. In this
embodiment, gateway availability is determined by sending at least one packet to each
destination gateway to ascertain whether the destination gateway is available, or in-
service. Accordingly, if the destination gateway Is in-service, it transmits an ACK
message. If an ACK massage is not received after a predetermined period of time, the
DGW is determined to be unavailable. The ping method preferably queries each
destination gateway one-by-one and updates a gateway information table by recording
the status of each gateway. For example, if the ACK message is received, the DGW is
then checked to determine if it is available. Ifit is available, its address is stored in a

gateway information table, and the process repeats for the next DGW.
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header
of the
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based
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conpl e

I f nei

Via field; (2) the SPS 106 renoves the top address fromthe route
field;

3) the Request-URI is set to the address the top
rWQt"é/"'?f‘ééder field;, and (4) the ACK nessage is foljr%ggw?% t he DGW

based on the top address in the route header field if it exists o
on the call context's DGVNinformation (See FIG 3, step "n").
ingly, the DGW 110a is selected as the avail abl e gateway for

r

ting the call. If the DGW110a is determ ned to be unavail able, the
sane nethod outlined above is used to determne if DGW 11 Cb is avail able.

ther DGW is available, a nessage is sent to the SUA 102 that the

call cannot be conpleted. Table 13 lists the paraneters of the ACK request

messag

e sent to the DGW 110a. Table 13 Paraneter. Usage 22 WD 01/ 39444

PCT/ USQQ 41 | ' ey - LR i
Fr ont Lt [ e ch IR, HaRnG A8 AR o am diebate UG Relof

copi ed
Cont en
copi ed
copi ed

R L R R A R
infdrigarpe tﬂ?ee ct'?\r(r:le(ntrlye gglie\c/:tee% cl;és(%iwattigg gateway from the routing list (i.e., i=1 to the
number of gateways in the routing list). in step 802, a message is transmitted from a
server (e.g. proxy server, redirect server) to the ith destination gateway for the purpose
of obtaining a response. In step 804 the server awaits a response from the ith
destination gateway. Step 806 is a determination step to determine whether a
response was received from the ith destination gateway. If a response is not received
within a predetermined amount of time, the process continues at step 808 where it is
determined whether there are additional destination gateways to check from the routing
list. If not, the process terminates at step 810. Otherwise, the counter is incremented
to select a succeeding destination gateway from the routing list at step 812, Steps 802-
806 are then repeated to check the response and/or availability of the succeeding (i.e.
ith + 1) destination gateway from the routing list. If it is determined at step 806 that a
response is received within the predetermined time, the process continues to step 814
where it is then further determined whether the responding destination gateway is
available or not. If the destination gateway is not available, the process returns to step
808 to determine whether there are additional destination gateways to check from the

routing list. If so, steps 802-806 are repeated for the succeeding destination gateway.

Otherwise, if it is determined at step 814 that the responding destination gateway is
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I ngress Gateway Caeq Content copied fromthe ACK received fromthe Ingress
Gateway via UA originated with the NS URL added to the top of Via field In
anot her POH18P444d nethod, a DGWis sel ected using a ping PEVHESW/419% t hi s
enbodi ment, gateway availability is determ ned by sending at |east one
packet to each destination gateway to ascertain whether the destination
gateway is available, or in- service. Accordingly, If the destination
gateway is in-service, it transmts an ACK nessage. |If an ACK nessage is
not received after a predeterm ned period of tinme, the DGWNis determ ned
to be unavail able. The ping nethod preferably queries each destination

gat eway one-by-one and updates a gateway information table by recording
the status of each gateway. For exanple, if the ACK nessage is received,

the DGWVIi.s. ..t hen checked to determine if it is available. If it is

avai | aﬁY%'?aql?'gﬁﬁd’(ﬁ?‘é%s? ?%"@PSF@S sfep g"ﬁﬁ’&‘ﬁﬁvﬁlﬁ?ﬂ%’mfﬁmavaﬂﬂwe and the
process repeats for the next DGW 23 WO 01/ 39444 PCT/ US00/ 41994 FIG 4 is
a fl onéastination aafeway iisgtored ima gateway inforatation tablesr T provdsedietarns tof t he
present invention, i.e., the ping nethod. A counter is initialized at step

800 t osteprBE: 46 detdreine! ifithiid Aresfidiidmel desshatin géstev@%%fb‘é érgé?i??ehfiﬁ th3 Cin

routing list (i.e., 1=1 to the nunber of gatewa in“the routing Il st
step 3fiting IEBSSage is transmtted froma

What has been described herein is merely illustrative of the application of the
principles of the present invention. For example, the functions described above for
operating the present invention are for illustration purposes only. Other arrangements

and methods may be implemented by those skilled in the art without departing from the

scope and spirit of the invention.
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server (e.g. proxy server, redirect server) to the ith destination gateway
for the purpose of obtaining a response. In step 804 the server awaits a
response WO8H3Mht ith destination gateway. Step 806 is aP§dflES0H#1984i on
step to determ ne whether a response was received fromthe ith destination
gateway. If a response is not received wthin a predeterm ned anmount of
time, the process continues at step 808 where it is determ ned whet her
there are additional destination gateways to check fromthe routing |Iist.
If not, the process termnates at step 810. OQtherw se, the counter is
Increnented to select a succeeding destination gateway fromthe routing
list at step 812. Steps 802- 806 are then repeated to check the response
and/or availability of the succeeding (i.e. ith + 1) destination gateway
fromthe nmuting list. If It is determned at step 806 that a response is
received within the predetermned tine, the process continues to step 814

wher e iﬂmmlm. det erm ned whet her the respondi ng destination
gateway 1S availaple ofr not. If the destination gateway is not avail abl e,

the process returns to step 808 to determ ne whether there are additional
destination gateways to check fromthe routing list. If so, steps 802-806
are repeated for the succeedi ng destination gateway. Oherwise, if it is
determ ned &t st &b method fien routing calip tovdidestinaticn gateway odstablisH § 24 VO
01/ 39444 PCT/ US00/ 41994 avail able. the process continues at step 816 where

t he addiopsmunicatibe sassibhaalien aclélﬁcbﬁﬁ’hﬁﬁieaﬁ@ﬂﬁg@%&gﬁ o%&PE?%}ﬁnQHé‘pﬁﬁéf %Z?’ o

I nformation table. The process returns to ste to de

are adqdtan pardsPa t&8phERe ARSI hd 8n I nSheSke Sait 1P iiwork including a

plurality of ingress and destination gateways, at least one proxy server, and at least one

redirect server (RS), sald method comprising the steps of:

a) receiving a call setup request at the at least one proxy server from a

source user agent;

b) forwarding the received call setup request to the redirect server to

obtain routing information;

c) responding to the forwarded call setup request received at the redirect
server by retuming said routing information or a request failure response;

d) proxying the call setup request by the at least ane proxy server to a
destination gateway selected from said routing information upon receiving the routing
information from the redirect server;

&) upon proxying the call setup request by the at least one proxy server to
the selected destination gateway, waiting for a response at the at least one proxy

server from the selected destination gateway;
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routing list. What has been described herein is nerely illustrative of the

application of the principles of the present invention. EgQ |l e, the
functi on¥OdEE3M¥H hed above for operating the present | nve‘?ﬁf’%ﬁdég?%“for

il lustration purposes only. Oher arrangenments and methods may be

I npl emented by those skilled in the art without departing fromthe scope
and spirit of the invention. 25 WO 01/39444 PCT/ USOQ 41994 WHAT IS CLAI MED
IS: 1. Anethod for routing calls to a destination gateway to establish a
conmmruni cation session call In a tel ecomuni cati ons network over a path
supported at least in part by a tel ephone network and an I P network, said
| P network Including a plurality of ingress and destination gateways, at

| east one proxy server, and at |east one redirect server (RS). said nethod

conprising the stfpppoRfsaidiat 16aSEbNE Pbxy servér reebithg Hei@Shonke o fHe | €ast
one proxy server froma source user agent; b) forwarding the received call

" espond: fectpd deftihator! Bt witfh redBterihel el shibshlod o™ i cct
B br omganicetelteSSen a0 selaged Restralan.Gateuy: 3hdxy sorver 1o a
g) if the response is not received within the predetermined time, sending
the call setup request to a succeeding destination gateway selected from the routing

information.

2, The method as claimed in claim 1, further comprising repeating steps (d)
to (g) until a destination gateway is determined to be available for establishing said
communication session or untll all destination gateways from said routing information

have been determined to be unavailable.

3. The method as claimed in claim 1, further comprising the step of recording
a destination gateway status as out-of-service if the response from said destination

gateway is not received within sald predetermined time.

4, The method as claimed in claim 3, wherein said step of recording records
said destination gateway status as out-of-service in a gateway information table stored

within the RS.
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destination gateway selected fromsaid routing information upon receiving
the rout| information fromthe redirect server e) upon I t he call
set up reﬁﬁg@¥”ﬁé the at | east one proxy server to the sergiﬁéﬁhgg?tination
gateway, waiting for a response at the at | east one proxy server from

t he' sel ected destination gateway; 26 WO 01/39444 PCT/ US00/ 41994 f) upon
said at | east one proxy server receiving the response fromthe sel ected
destination gateway within a predeterm ned tine, establishing a

conmruni cati on session using said selected destination gateway; and g) if
the response is not received wwthin the predetermned tinme, sending the
call setup request to a succeedi ng destination gateway selected fromthe
routing information. 2. The method as clainmed in claim1l, further

conpri si ng Pepeal e gathed asclgimeadyinglaim, i wheteinisseid stepiafregeivingg cal
determ ned to be avail able for establishing said conmrunication session or
until sétupdequestatithe afisastene proxysemerfronua isogréenfisemagertinclbdes theen
determ ned to be unavailable. 3. The nethod as clainmed in claim21. further

conpri Qbﬂ%f%réésﬂi?}@éidrﬁlqabﬁﬁeq@as@?éhi&8&* aldEEHsSYANe Ht ddakt oie proxy
out-of-service if the response fromsaid destination gateway isS not

recei V@é{-vé\}t hin said predetermned tine. 4. The nethod as clained in claim
3, wherein’'said step of recording records

6. The method as claimed in claim 1, wherein said step of receiving a call
setup request at the at least one proxy server from a source user agent includes the
step of counting a number of received requests subsequent to said call setup request at

the at least one proxy server.

7. The method as claimed in claim 1, wherein the at least one proxy server

comprises a Session Initiation Protocol (SIP) proxy server.

8. The method as claimed in claim 1, wherein the at least one proxy server

comprises an H.323 gatekeeper.

g. The method as claimed in claim 1, wherein said step of responding to the
forwarded call setup request from said at least one proxy server received at the RS

includes determining the status of a group of destination gateways.
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sai d destination gateway status as out-of-service in a gateway information
table stored wthin the RS. 27 WO 01/ 39444 PCT/USOO/41994 lg()[m% met hod
as clai M@ YP¥taim 1, wherein said step of receiving a BT UL up ‘request
at the at |east one proxy server froma source user agent includes the
step of addressing said call setup request to a proxy address of the at

| east one proxy server. 6. The nethod as clainmed in claim1l, wherein said
step of receiving a call setup request at the at |east one proxy server
froma source user agent Includes the step of counting a nunber of

recei ved requests subsequent to said call setup request at the at |east
one proxy server. 7. The nethod as clainmed in claiml1l, wherein the at | east
one proxy server conprises a Session Initiation Protocol (SIP) proxy

server. 8 firp et b Afetbd a§Rthimbchdiinia, WhEHeR! the 1B of E85H oRSHdPT OXY

server conprises an H. 323 gatekeeper. 9. The nethod as claimed in claima1,
uher ! Gt ey BEPARAY s hd B BB IR ARyl UP Ut o
status of a group of destination.gateways. 28 WO 01/ 39444 PCT/ US00/ 41994
11.  The method as claimed in claim 10, wherein if the destination gateway
status is recorded as out-of-service in a gateway information table and its associated
time value is greater than a current absolute RS time, the gateway address is not

added to a routing list of said routing information.

12. The method as claimed in claim 10, wherein if the destination gateway
status Is recorded as out-of-service in a gateway information table and its associated
time value is less than or equal to the current absolute RS time, the gateway address is

added to a routing list of said routing information and recorded as in-service.

13.  The method as claimed in claim 10, further including the step of sending a
message from the RS to a network manager to record the status of a destination

gateway.

140 The method as claimed in claim 1, further comprising the steps of
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100 The nethod as claimed in claim9, wherein the status of each of said

group or tjnation gateway is one of -in-service and out-Qqf - ice. 11.
The nethggfg%béﬁained in claim10, wherein if the destina%Fg&mégﬁé%by
status is recorded as out-of-service in a gateway information table and its
associated tine value is greater than a current absolute RS tine, the
gateway address Is not added to a routing list of said routing
information. 12. The nmethod as clainmed in claim 10, wherein if the
destination gateway status |Is recorded as out-of-service in a gateway
information table and its associated tine value is |less than or equal to
the current absolute RS tine, the gateway address Is added to a routing
list of said routing infornmation and recorded as in-service. 13. The nethod
as cl afonwarding alrequestdailurerresponsentd ihei sayrcé eset agentf upambariviag thessage
fromthe RS to a network manager to record the status of a destination
gat evepsquédfaliore raspbase fonetil aHdastonéd phaRylserler, dhartefmiidtingithe t he steps
of 29 WD 01/39444 PCTIUSOO 41994 forwarding a request failure response to
the so U EticAXRkionPoN receiving the request failure response fromthe
at | eaSt one proxy server, and term nating the comunication session. 150
The nmethod as clained in claim1. further conprising the step of re-
sending the call setup request to the sel ected destination gateway a
pr edet er m ned
15 The method as claimed in claim 1, further comprising the step of re-

sending the call setup request to the selected destination gateway a predetermined

number of times when the response is not received within the predetermined time.

160 A system for allowing a call to be completed in a communication
session
between a calling party and a called party, which comprises:
a first telephony system including at least one service user agent (SUA);

a second telephony system including at least one destination uger agent

(DUAY);

an IP network connected between said first and second telephone
systems,

a plurality of ingress gateways for interfacing said 1P network to said first
telephony system;

a plurality of egress gateways for interfacing said IP network to said

second telephony system;
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nunber of tinmes when the response is not received within the predeterm ned
time. 160 A systemfor allowing a call to be conpleted in a conmuni cation
sessi on DR 4 calling party and a called party, whi chPESHSPYEE% 7
first tel ephony systemincluding at | east one service user agent (SUA); a
second tel ephony systemincluding at | east one destination user agent
(DUA); an I P network connected between said first and second tel ephone
systens. a plurality of ingress gateways for interfacing said IP network to
said first telephony system a plurality of egress gateways for
interfacing said IP network to said second tel ephony system 30 WO

01/ 39444 PCT/ US00/ 41994 an 1P tel ephony proxy server for selecting one of
said plurality of egress gateways for conpleting said call; an IP redirect

server for provi cimiP tebephony prokysenldrdor §alesiHglon® o?%@ﬂﬂ‘mh( of Qé%ss
server; and a network managenent systemfor receiving and storing Status

changegatewagefdricompletingshiveas. sai d network management system being in
comuni cati on

an IP redirect server for providing routing information to said IP telephony
proxy server; and
a network management system for receiving and storing status changes

of destination gateways, said network management system being in communication

with sald IP redirect server,

170 The system as claimed in claim 16, wherein the |P telephony proxy

server

is a Session Initiation Protocol (SIP) proxy server.

180 The system as claimed in claim 18, wherein the IP telephony proxy
server

is an H.323 gatekeeper.

19. A method for detecting an available destination gateway from a plurality of

destination gateways in an-IP network for completing a communication gession

between a calling party and a called party, said method comprising the steps of:
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with said IP redirect server. 170 The systemas clained in claim 16,
wherein the I P tel ephony proxy server is a Session Initiation Protocol
(SIP) prd¥0E¥4er. 180 The system as claimed In clai m16PCIAS0¥#1994 he | P
t el ephony proxy server is an H 323 gatekeeper. 19. A nethod for detecting
an avail abl e destination gateway froma plurality of destination gateways
in an- | P network for conpleting a comruni cati on session between a calling
party and a called party, said nethod conprising the steps of: 31 WO

01/ 39444 PCT/ US00/ 41994 a) transmtting a nmessage to one of said plurality
of destination gateways froma server to ascertain an availability status
of said one of said plurality of destination gateways: b) waiting for an
acknow edge response fromsaid one of said plurality of destination

gateways for a paptiahsmitimpd messaze wforid Gﬁsalé)plt@kéhtv éﬂdééli@latlbn@%'téh@?@
said plurality of destination gateways is available if said acknow edge

r esponggm & seRERtd dcartaifiah SAiRblFeahes 67 $5d Y 6%@3; dJrE!‘I  and d)

transmtting said nmessage to a succeedi ng gateway o rality of
destination gateways;

b) waiting for an acknowledge response from said one of said plurality of
destination gateways for a predetermined period of time;

¢) determining if said one of said plurality of destination gateways is
available if sald acknowledge response Is received within said predetermined period of
time: and

d) transmitting sald message to a succeeding gateway of said plurality of

destination gateways.

20. The method as claimed in claim 19, further comprising repeating steps

(b) to (d) until the availability status of each of said plurality of destination gateways has

been determined.

210 The method according to claim 19, wherein if said acknowledge response
is
not received within a predetermined period of time, said availability status of said

destination gateway is said to be out-of-service.
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destinati on gateways. 20. The nethod as clainmed in claim19, further
conprisip ting steps (b) to (d) until the availabil] t s of
each of ?gll‘f}%gf rality of destination gateways has been %éf%’?ﬁ)/‘ﬁé . 210
The met hod according to claim 19, wherein if said acknow edge response is
not received within a predetermned period of tine, said availability
status of said destination gateway |Is said to be out-of-service. 32 WO
01/ 39444 PCT/ US00/ 41994 220 The net hod according to claim 19, wherein if
said one of said plurality of destination gateways is determned to be

avai l abl e, then said availability status is determned to be in-service.
33

220 The method according to claim 19, wherein if said one of said
plurality of
destination gateways is determined to be available, then said avallability status is

determined to be in-service.
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