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| NTERNATI ONAL DESTI NATI ON USI NG VO P | NFRASTRUCTURE Fi el d of the Invention
[ 0001] The present invention generally relates to Internet tel ephony. In
~particular, the invention relates to a nethod for quick dialing of voice or
data calls to foreign destinations viallnternet tel ephony. Background of
the I nvention [0002] Internet tel ephony utilizes the Internet to send audio
or data packets between two or nore users in real tine, so users can
converse i n METHODARD SYWSTEM TEQRWTAKTRKG AGPHGINECALLsTOY AN a
conventional Public Swi tched Tel ephone Network (PSTN). [0003] I nternet

t el ephony INNTERIMADIODAL DESIFIATIONOSING VIR ENERASTRUCTUREear t  of
the VolP lies in Gateways which bridges traditional PSTN phone calls with
the Internet. Utilizing the Internet offers the advantages of nmaki ng phone
calls at the cheapest rates to anywhere in the world with an established

| nt er net Field phthedurentioe. [ 0004] The gateways takes the standard tel ephone
signals, digitizes it ( if it is not already digital ), conpresses it into
packets and r 008k Thp presertiinyeniign genpaally iektdsdn iigriet tephony e TRAIUCAREL her
gateway at the destinatipn qver the. l.nternet. pic up th acket,. .
Cnconr ees | 1 DG PHRagaedd ABR0ed (8 Tk siefhecei it ol BIAR SoritRae ¢ ne
standard tele . : i dio signal to a user. These operations
t ake pl ace aIEggﬁﬁg@%ﬁpgg#é%ﬁé?§£g?€%mﬁng for a full-duplex conversation to
t ake pl ace. 2 [0005] At present, standard tel ephones can be plugged into
an ATA (Anal og Tel ephone Adapter) that allows the standard tel ephone to be
abl e t 0 Bankgotnd af thdmveatioemay via the Internet. At the sane tine, phones

have al so been devel oped that are directly connected to the Internet
Wi t hout use of additional adapters are conmputers. The open system of SIP

(Sessi on | ni t 1%02bitengt ¢laphony s ublzesi e Fépstata sondaydio) pr diatenpackstse
readily avail%ble o¥%; t he counterafarticularl from CI.SCO gYSTE .E&QOOQ
Wi l e the usePBTVeERIE FHROTISEISIRIFA HMEHOAET R SEsgIip £oal fmg 35 bpn
anywhere int d, .1i i al.i ugh.:d I ona
phone calls h?%ygﬁ%#bggh@gﬂéﬁ%Ft ﬂ%?gg??%m %ggwgﬁyﬁggﬁvSgga%%ggggéﬁéﬂhf
internationalhghgﬂﬁq@gtg?as wel | as Vol P service providers in existence,
users need to be aware of which service provider they are using before
initiating an international call. [0007] Present nethods for initiating
standard i nternational phonecalls is to first input a Service provider
identifier pr&00%] Infeiinst fstephory iisnew tcomnzonihrederradi tgi 4s Yolke (Ydied owdrl s t he
| ocal phone service provider to divert the call to the international

phonecal | ser W€ 8e3t ehthg dolP fpein Gatewars whick brdees dradiionphBS Tl rheae calls
destination pho all i vided, .fol | owed the actual destinati phone
nunber [ 0008 Astaahet, Riftrzribe ichapialfls oty Bt ot yok Gligte sitb
service provi I eddk i At an | tiLepal p | ] til

not as straigﬁfﬁFEFgﬁﬁﬁg %ﬁ% %%é@'ﬁ?ggtgbgﬂgSéﬂgﬁhg y JQ e?ggﬁ'gkéngbuntry
code fol | owedidhastrh@uesti nati on phone nunber. Wile, the initiation nethod
is sinple, the backend support for analyzing the nunber of digits being

provi ded to distinguish which portion is the country code and which portion
is the destination phone nunber remains as conplex as for standard

i nt er nat i onal [49AHndBaptgways takes the standard telephone signals, digitizes it ( if it is not
already digital ), compresses it into packets and routes the packet to a destination
over the internet. Another gateway at the destination over the internet picks up the
packet, uncompress it and if required converts it into an analog signal so that the

standard telephone can deliver the audio signal to a user. These operations take

place almost simultaneously allowing for a full-duplex conversation to take place.




3 [0009] Matters are made worst when local calls are desired to be nade
over Vol P. No country code is provided and the gateway needs to anal yze the
string of digits provided to ensure that the initial digits do not
correspond to the country code. [0010] The reason why this becones a
concern is sinply that different countrd es adopt different systems in their
phone nunber systens. Wile International codes for different countries

have been st anglsflizefrestRC AanPHQNEIPHARA GnhBY SIPEd Bl arfXIR! EAnaki:
| rani an phone nunber conprises a 3 digit |ocal area code followed by a 7

di git subscri HetephombAdapter) Biatghpos theplamderdalebronecoprables cnndst do ghet
subscri ber nunber and a Mexican phone nunber conprises a 1 to 3 digit |ocal
area code f ol Igelgsdy bie the bnterpet7 Af ghet sametisroe,i thonehbargealso Begn deyelyyedHhaiuch

di verse formats and stens ysed in different jurisdjcti.ons dialing a phone
number havi ng % STRFPARORRE ttoaéheaﬁr}tﬁmahmﬂl%lﬁows ﬁtﬁ%@lﬂw%lta@mﬂ%g i
O one R Yt bl S5Mbbu by PRSI P SRATRE Sl o
vol umes of 1 niygpnalihonal saoRGEsllSreaat) SRl 98 BORbUSET MLl o83l
phonecal | s iftpt e 6Rgne nunber ?or rrrgtswwerae tooc asﬁ. Hagrid%g 1t 0. p}?ogramthe
gateways to c@IBCOISYSERMRY concei vabl e nunber format avail able would al so
be difficult. Users would then continue to need to renenber additional

codes to be provided before providing the country code and subscri ber phone
nunber. [0013] It can thus be seen that there exists a need for a sinple

met hod for pr &RA08] Yghilenthenasecaf VoiP t kpsarevelied imtchogpgr fobene rfatls 4pi #lgpos

i nt tional ph ], th .at | east alleviate th

di sadvant ages BTVAFE 1 eaqti s Aehndmemod of dighesuoh BierpaonslRORE (ol [ 0014
T . . . . :

ki h o phondisigE! S KR i e i R0y RO AREAR T Phiale"
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provi des, a nethod for making a phonecall to an international destination

usi ng Vol P i nkerait pustider ehdyawe uagngbdbore ipitiatiey arpinterittiensleallconnect i on

coupling the SIP phone to a SIP server, said nethod conprising the steps:
[0007] Present methods for initiating standard international phonecalls is to first
input a Service provider identifier prefix. This prefix is often a three digit code that
allows the local phone service provider to divert the call to the international

phonecall service provider. Then a country code pertaining to the destination

phonecall is provided, followed by the actual destination phone number.

[0008] In VoIP, users are usually subscribed only to one VoIP service provider.
However, initiating an international phonecall is still not as straight forward. The
present steps are simply to key in the country code followed by the destination
phone number. While, the initiation method is simple, the backend support for
analyzing the number of digits being provided to distinguish which portion is the
country code and which portion is the destination phone number remains as

complex as for standard international phonecalls.




a) dialing prefix "*" on said SIP phone; b) dialing country code for said

i nternational destination; c) dialing subscriber nunber; and d) all ow ng

SI P server to process and route phonecall to said subscriber nunber at said
i nternational destination. [0016 In another aspect, the present invention
provi des, a system for making a phonecd@l | to an international destination
using Vol P infrastructure, said systemconprising: a SIP phone coupled to a
SI P server Vi gooa8] MUtRFNEE nf@BRAGE WRen FRhlkaffl MeSREVET tof b i@ P WRIRd to a
Local PSTN server, said Local PSTN server for connecting said SIP phone to
| ocal phone sNeseuntersde BaprdviBed and theegatdwayt deetls coanlya the saingesfsligiSost
routing server, wherein said SIP server upon receiving a dialed prefix "*"
from sai d Sl Ppptvided teicpsuse has Hiedniviabdigia e netcosmsppidda ghe @ystry codt:i ng
server; further wherein said Least Cost routing server upon receiving said
dialed prefix "*", processes a followng country code fromsaid SIP phone

and selects a Haation te froma pluralijft. f st.knat | eways
for routing SLUTOLiTARSeEPn YBACHEY bieoR A sButti i e BT iRRhY Gohodils
determning a i f i dyaget ; hS:Sion.
5 Brief Degcrﬁ%ﬁtgﬁ?%?&tsﬁ/gé%r&gémﬁlngs 8%%%?%%[ %;rsgefngggr ed er%%g%ahg%ﬁg?ést he

present i nvenforadiffédehd cai@vyidsenal® beerf sthidardifRIc idchieshondd iumbesf IRivenoe Fer t he

drawi ngs of which: [0018] FIG I illustrates a systemfor providing an
i ndi cati on t oesanvdé,RnGEneangphohenumbdrtcopipiisgy asndigitlenaharca oodd foflbwedbnla i n
accordance wth the present invention; [0019) FIG 2 illustrates a f|owhart

for a nmethod ndigicerhsamnbe wrmber; e SieapaRt Phonge REMBr ¢pmprisss 0 §digil 0020j
FIG3 illustrates.a flowhart for. the ste f processing, angd.r.outi.n
phonecal I s of SRISEHET nbes ndcp MEesn Haams Hiphsn POmPises b 3 digiffog rea
descri ption, i C i the preferred enbodinent. It
shal | be appa?‘gé]etafopténggr[]gy géﬁ?ﬁbgﬁo@% %@F%@ﬁ@gﬁbmver, that the invention
may be practiced w thout such details. Some of these details nmay not be

described at length so as not to obscure the invention.
[0011] With such diverse formats and systems used in different jurisdictions dialing

a phone number having a similar format as an Iranian phone number without the
country code could very well result in a phone number to Singapore which includes

the country code.

[0012] Gateways meant to handle such high volumes of international phonecalls
could well be confused with local phonecalls if the phone number formats were to
clash. Having to program the gateways to cater for every conceivable number
format available would also be difficult. Users would then continue to need to
remember additional codes to be provided before providing the country code and

subscriber phone number.

[0013] It can thus be seen that there exists a need for a simple method for providing
an indication to a VoIP gateway for initiating an international phonecall, that can

overcome or at least alleviate the disadvantages of the existing prior art.




[0022] The nethod and systemin accordance with the preferred enbodi nent
for maki ng a phonecall to an international destination using VolP
infrastructure allows a user to provide a sinple and quick indication to
the Vol P gateway that the user intends to initiate a phonecall to an

i nternational destination. The Vol P gatleway can then advant ageously be
prepared to receive the string of digits and anal yze the 6 first few
digits f@uminfpunihedné@@enwhi |l e ensuring that the succeedi ng nunbers
correspond to a subscri ber nunmber corresponding to that country code.

[ 0023] The present quickdial nethod in accordance with the preferred
enbodi nent r ek S he lpeesasteinvemtion sveltsPtospbvidag methdd ahd systes taomethid for
corresponding to the "*" synbol on nost phone keypads bhefore providing the
country code aéingmihonpesdlito ap igemnationabdestigationgisere YoIB infsasipetyie. | s

advant ageously an indication to an originating gateway that the incom ng
string of digits corresponds to a phonecall to an international destination
and not to be i . uhscr i . 4 r.Ng to
FG 1, a oyot ML AEEIMELE 2 on8 5ok MROERE} SVBRGE prbdiie b EREL KD
The system 10 ,GRWY 4 SiR%e@ll th 8R Blter@iifonal fesBRARA ubmgORIPhfFhsirActai Rkinginat i ng
gateway 20. The originating gateway 20 may further conprise of an |nternet
connecti on 23 SIR phbie, @r mesined oanettian | coaplingPHENSIPeghone t37a S[DGSpr, Tsarl

I nternet connection 23 couples the SIP phone 15 to the SIP server 25 via

t he Internet, nethahiomprisingtbe stepss from the SIP phone 15 to be sent to the
SIP server 25 jn packets of data. The SIP server 25 then redirects the

[1x35)

packets of dafh di Fidipgaraly 3  rpeaf SERBRNE: ber nunber to a | ocal PSTN

server 27 whi may,. be further .coupled to at |.east | ocal destination

gateway or a g?andﬁFﬁn%ﬁgwggw?ﬁg%§Fﬁﬁ§g%9@$°§§%ﬁ§§m'%Wther redirect the

phonecal | co i si Hﬁlih%?ub@@rﬁﬁ% %&Fﬁémgﬁfa to an LCR (Least cost Routing)
a e

Server 30 upon determ Nl ng packets of data are intended for an

i nternational djlest kl@tin@BIP[ §6v8] tol PeodessR aB€réafe BRor¥BI tthedaid alibtiber
destination gateway 32 froma plurality of destination gateways 32 to route
t he packets of dat autbet digaid nbtematenabdedtindiést.i nati on. The LCR server 30

sel ects the destination gateway 32 based on a predeterm ned al gorithm for
determning a variety of factors such as quality of transm ssion and cost

o e 1, R LT B I e ko ik
. tion, ‘. . . . .

dest1 nat 1 on ubTosegLipin e BSLIARURACESNg Ve AR hELRELI8T B piem
originating ggs@payngd 1P ﬁbﬁé’%up[e?@@gblﬁ%v&mi!ﬂ&gin%rﬁg cohuf¥ctisn; Wald SiPhe

step of the user dialing 0 a prefix "*" on the SI P phone 15. The step of
dialing 215 t baveofirthey coopledit® & hestap @SN nsefler, Feid Qwicslg PBITNC RBerviie f&t ep  of
di aling 220 the subscri ber nunber of the international destination. The SIP
server is thepormiettongeshid SIPrpwes sto2RBalt pleonansibsaibess; tdael SHd rrecat | futtbert he

i nternational destjnation. . L .
coupled to a Least Cost routing server, wherein said SIP server upon receiving a

3331

dialed prefix from said SIP phone directs said phonecall to said Least Cost

routing server; further wherein said Least Cost routing server upon receiving said

ko

dialed prefix “*”, processes a following country code from said SIP phone and
selects a destination gateway from a plurality of destination gateways for routing
said phonecall based on a predetermined algorithm for determining a variety of

factors such as quality and cost of transmission.




[0029] Referring to FIG 3, the step of the SIP server processing 225 and
routing the phonecall further starts with the step of identifying 310 the
phonecal | as having an international destination by identifying the dialed
prefix "*". Next the phonecall is redirected 315 to the Least Cost routing
server 30. [0030] The Least Cost routimdg server 30 then further selects a
destination gateway froma plurality of destination gateways based on a
predeterm ned algorithmfor determning a variety of factors such as
quality and cost of transmission. [0031 ] The present quickdial method in
accor dan@riefiDekcription pf éfeddmaednggnmbodi nent advant ageously shifts the m ndset
and habits of users habitually using |ong and conplicated prefixes before
perform ng | DD phonecal | s over the conventional PSTN systens. There is no
need to rememRM7HiA psfesrad gnkddines gighe dirgsent dventien Wil aopr by mger Billys t he
Least Cost routing ser.ver .30 proyides the selection of the destination

gat eway 32 toﬂﬁgnggidmﬁﬁﬁ‘?W&Fﬁbﬁ@?hﬁmgg% Whighefi x "*" makes for shorter

and nore rapid and intuitive dialing when it cones to nmaki ng phonecalls to
i nternational destinations. 8 [0032] Wiile the preferred enbodi nent

refers mainly [d(ﬁa{'ﬂlFﬁ'}R MIGRRes D s PR SHP gl%gidﬁﬁ]al?@ndicaiﬁbni@ ORI Gatdvayone

skilled in the art that the SIP phone 1 e user nust be a subscri ber
to the origi néringiatad anayera2dionaMphogedalién Stddrdumes @ith 2 present heettivhe, it
woul d be obvious to one skilled in the art that the scope of the preferred
enbodi nent not be limted to SIP Vol P gateways but any Vol P gat eways using
any protocol. 0033} It will be appreciated that, various nodjfjcations and
i npr ovement s ShElGRddugiates §Hpwshark fon 2 agthad inngecardancg; Witk ke @E§SSRY i ng
fromthe scope Offth%gﬁﬁgﬁent i nvention. 9 Clains 1. A nethod for naking
a phonecal | t SV&RUHY Fadi Bhl  destination using Vol P infrastructure
havi ng a SI P phone, an Internet connection coupling the SIP phone to a SIP
server, said nmethod conprising the steps:

[0020] FIG.3 illustrates a flowchart for the step of processing and routing
phonecalls of FIG.2.

Detailed Description

[0021] In the following description, details are provided to describe the preferred
embodiment. It shall be apparent to one skilled in the art, however, that the
invention may be practiced without such details. Some of these details may not be

described at length so as not to obscure the invention.

[0022] The method and system in accordance with the preferred embodiment for
making a phonecall to an international destination using VoIP infrastructure allows a
user to provide a simple and quick indication to the VoIP gateway that the user
intends to initiate a phonecall to an international destination. The VoIP gateway

can then advantageously be prepared to receive the string of digits and analyze the




a) dialing prefix "*" on said SIP phone; b) dialing country code for said
I nternational destination; c¢) dialing subscriber nunber; and d) all ow ng
SI P server to process and route phonecall to said subscriber nunber at said
I nternational destination. 2. The nmethod of claim1l, wherein step d)
further conprises the steps: d 1 ) iderftifying said phonecall as having an
I nternational destination b y identifying prefix "*";and d2) redirecting
phonecal | to gFirkeR% dighstfof Wdully S&fdwvmleSensliﬂﬁg Rithae Qkcdelimb Mundbers
further conprising the steps: d3)" selecting a destination gateway froma
plurality of destspoatii®asgatabaysinibasedrapomling wdbatsromntredode. gorit hm for
determning a variety of factors such as quality and cost of transm ssion.
4. A system for maeking a phonecall to an internati onal desti nation using

VoIPinfrastructur saldsstemc risin a SIP p e oaSIP
server via an l?%?le ME PTG BTG meglﬁaddm@c ré@wceéevlth I’fe ﬁﬁga%% a

Local PSTN seryer, |d Local TN er:har noe ctin | R _phone to
ef% gser M. a V%ﬁ‘ Setiiy go uraflhag eris dupqrregpc%n% % ‘?eﬁle

| ocal phone sUBEC said PPEery ast Cost
routing servergympoll h<§he51?é befsfr M6vidiBARe c6 toe AddhuBdceiBerr ef i X
"*" fromsaid IImPop one d rects %clgd 6|€)honﬁ{‘call Th%t oegaﬁﬁb}lﬁeast Cost routing
server; number. The dialing of the asterisk, is advantageously an indication to an

originating gateway that the incoming string of digits corresponds to a phonecall to

an international destination and not to be confused with a local subscriber number.

[0024] Referring to FIG.1, a system 10 in accordance with the preferred
embodiment is shown. The system 10 comprises at least one SIP phone 15
coupled to an originating gateway 20. The originating gateway 20 may further

comprise of an internet connection 23, a SIP server 25 and a local PSTN server 27.

[0025] The internet connection 23 couples the SIP phone 15 to the SIP server 25
via the internet, allowing phonecalls from the SIP phone 15 to be sent to the SIP
server 25 in packets of data. The SIP server 25 then redirects the packets of data
directed to a local subscriber number to a local PSTN server 27 which may be
further coupled to at least a local destination gateway or a standard phone. The SIP
server 25 may further redirect the phonecall comprising the packets of data to an
LCR (Least cost Routing) Server 30 upon determining that the packets of data are

intended for an international destination.

[0026] The LCR server 30 may then select a destination gateway 32 from a
plurality of destination gateways 32 to route the packets of data to the international
destination. The LCR server 30 selects the destination gateway 32 based on a
predetermined algorithm for determining a variety of factors such as quality of

transmission and cost of transmission before performing the selection.



further wherein said Least Cost routing server upon receiving said dialed
prefix "*", processes a follow ng country code fromsaid SIP phone and
selects a destination gateway froma plurality of destination gateways for
routing said phonecall based on a predeterm ned algorithmfor determ ning a
variety of factors such as quality and’cost of transmission. .A2 .A9 .A9
JACACAL{. AQY. A" LA L A{.1e|' Lhf ,
& 06B{ vqgl gb] X] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] ca] cal] ca] ca] ca] ca] ca] caU
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[0028] The method 300 starts with the step of the user dialing 210 a prefix “*” on
the SIP phone 15. The step of dialing 215 the country code is then performed.
Following which the step of dialing 220 the subscriber number of the international
destination. The SIP server is then allowed to process 225 the and route the

phonecall to the international destination.

[0029] Referring to FIG.3, the step of the SIP server processing 225 and routing the
phonecall further starts with the step of identifying 310 the phonecall as having an
international destination by identifying the dialed prefix “*”. Next the phonecall is

redirected 315 to the Least Cost routing server 30.

[0030] The Least Cost routing server 30 then further selects a destination gateway
from a plurality of destination gateways based on a predetermined algorithm for

determining a variety of factors such as quality and cost of transmission.

[0031] The present quickdial method in accordance with the preferred embodiment
advantageously shifts the mindset and habits of users habitually using long and
complicated prefixes before performing IDD phonecalls over the conventional
PSTN systems. There is no need to remember different prefixes for different
service providers as the Least Cost routing server 30 provides the selection of the
destination gateway 32 to be used. Furthermore, a single prefix “*” makes for
shorter and more rapid and intuitive dialing when it comes to making phonecalls to

international destinations.
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[0032] While the preferred embodiment refers mainly to a SIP phone 15 and SIP
server 25 , it is obvious to one skilled in the art that the SIP phone 15 or the user
must be a subscriber to the originating gateway 20 having the SIP server 25.
Furthermore, it would be obvious to one skilled in the art that the scope of the
preferred embodiment not be limited to SIP VoIP gateways but any VolP gateways

using any protocol.

[0033] It will be appreciated that various modifications and improvements can be
made by a person skilled in the art without departing from the scope of the present

invention.
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Claims

1. A method for making a phonecall to an international destination using VoIP
infrastructure having a SIP phone, an internet connection coupling the SIP phone to a SIP

server, said method comprising the steps:

a) dialing prefix “*” on said SIP phone;

b) dialing country code for said international destination;

) dialing subscriber number; and

d) allowing SIP server to process and route phonecall to said subscriber

number at said international destination.

2. The method of claim 1, wherein step d) further comprises the steps:
dl)  identifying said phonecall as having an international destination by
ks,

identifying prefix “*”;and

d2)  redirecting phonecall to a Least Cost routing server.

3. The method of claims 2, further comprising the steps:
d3)  selecting a destination gateway from a plurality of destination gateways
based on a predetermined algorithm for determining a variety of factors such

as quality and cost of transmission.

4. A system for making a phonecall to an international destination using VoIP
infrastructure, said system comprising:

a SIP phone coupled to a SIP server via an internet connection;

said SIP server further coupled to a Local PSTN server, said Local PSTN server for
connecting said SIP phone to local phone subscribers;

said SIP server further coupled to a Least Cost routing server,
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