o]y 5°
ARasa
dong99@palgong.knu.ac.kr

)
I
wbpark@ee .knu.ac.kr

The Comparative Research of 11.323 and SIP
and Outlook of VoIP

llyeon-Dong Yeo®
of Information & Communication,

Dept .

Wel oAl TetE el ojMiz B

Mn o] Az} gk,
AT Qn Qede) filow

VolP= ona]»;w
el &

ITU-T] H.3237F IETF ¢} SIP7l M2 ﬂ’i}
o] uh:}.: 7| & Pg’rNo] /\])\E %

ey 7%
AAE F 7AA Volp7lgsol vlet A7

1 A&

187660 ol oA moryl Wa oldlz wHe A

iatel #AlE Ao RE s HEE o]g 9
FAE s o, a2 % AsEAA-&, SN
(Switched  Circuit  Network)s 7jwtog @

PSTN(Public Switched Telephone Network, d g} %Al

W% ol gatel ool gt}
Zeloli: ARS A Yokl QYe FuN wHsE
i AEYOR s wE B4 Yoprl Aedn

At gHog ‘»"}1.1&]’7 dr), Hgn ““9]7} o}
JolAl H2 A BE FA QA7) A 3 F
ok olE] v VoIP(Voice over Internet P)OIOCOI)—L
I Akglel #el E3 ). ol VoIP 7]14& ol g
o Adsl FEAS o0l G Abon @ Aal
Al A58 POT(Plain Old Telephone)dbil '3 &g
a1 ek,

IP Telephony signaling® ¢ = 7}#) 30| 4
Bopdd Adg Ad Ashe dolxn o, 23RS
ITG-T(International Telecommunication Union)oll 4]
AMokgt 11323 ZREF suit9 [ETF(International
Engineering Task Force)olAX] =]otel SIP(Session
Initiation Protocol)oju},

olil ¥ 714 signaling call
establishment, teardown, control, supplementary
capability exchange 9] mechanism¥sg

MRS

SCPVICeS,

?i% wotel A4l el

s
k2!

won-bae park
Kyungpook National University

8 o

NZE 90l

2 54& Aesto] J)#e psiNuch B2 G
| A8 Holskn Ao VoIp W74 poll 7)3¢:
| geoz Addolztn gle. VolP: ﬂ'-ﬁ"}‘é{l-

0
Az dAls U Qe el ¥ sk
oz WAkl dlsl = &Ar).

AFa gir.
SIPS 29 §¥4, UM Fas) gdHel olq)
11.3230 0} el zgﬂo] L3, 32300 A9 /l «
o AXEHS QA QoI we Sol el el
ool &e e A42e BAE oSl s g
walslo] 7ka leHs).,

2wl @A 229 7168 NG Wl dr o
UMES @A B, 13239 SIPY} 714, hemel W
A gl gid] =9 g Relt).

2. AT A TF

AE Ml Eo] 7)) SN 7)uke) POTS}o] A Ao 4] -9 o)
R ol i AME A7 ARl o] e (0
730 PSTN S 0]%5‘}7] n}] o)] call M?lo] 0)"0]/]!1] (l~
G4 549 SAe G ol BHe) AR FekE T o}
,{—] ) qx—]&. ?‘@?YPDE ;(];q]/(io] u o],g/\) ”' KR £ Al.)]
i, 71Ee] A AR ER 2)E ‘lﬂ”&.‘i ol g-¢t U7}
olg AL ez @ aa& A, Sxded %
37 e 1‘91"] A5 Aol wwd FAg 1 A Lol
sl daaka Qdct.

a8 /el A9 dA Ao BE 7ol mge o
&alo] % ‘3—!9_‘ *IH]Q Fom Sl el T Gl e
AR & B A, Hig 25 e o""l“l"“’l 4
e oolw AR vk AR 4T A Av] s

o VolP71 4% ol 6 AW A# 2 A 9] Wi ol fob -

292



200095 $7HRIAS & S PEEEA

Vol. 27, No. 1

QJonw zjEel poTd wa
A at gk,

'Y'.’M".‘—i’-_, o) o

45¢ 4 29L

L y1Ee] st A gAY o
o e :L.,]sv 2 oolgle] wE FAGEe] shel
dolejo i F3hd dgolr) wgo) rjEe At

W wteme] HAe Az glojM, FRUn F

g AR, VoIP 7 :f D v} rl]O]E-]E- o)
EF3kale] ol 8% £ v 011 % v fEEd M
Zysg Hud ¢ AE /AOM

ey oleEL] e 5 (Mg AgshE
psTNI = vkl FFEQ @8 AMgstrr e
o WiEr Dol wil Aol wizl &4

Aelo] Azl JbgAlol wowma Al pSINMTE
QoS(Quatity of Service)7} @oldvl, Aejulo-
packet-switched WIE$ILo)7) wiio} 2p2e) 34

AE MREe Bud UENH ARE olF s
A& BHAd e £M7 A HHola =g o]
A& circuit-switched PSINHU} WENZ A U9
FHH 0189 FHE Y E wR &4 vh

S42 FAAUT. Wk PTVEE A E
st FAL FAsts AL olele Baloldl Ao
@ sz gobele,

3. JdEYE] NE

3.1 AERE] G

QlE|EL Ak o 37hA e el Uy A=
) 29 1019k & (a)PC-to-PC. (LIPC- to-
Phone. (c¢)Phone-to-Phone ©] Z3lo]t},

PC-to-PCo] 7Z-ol&= Microsoft?] Netmeetings W
oo AR E2aoe] glit PC-to-Phone® Phone to
Phone?] 79~ PC-to-PCO) A4 el PSING 3}
QERE A7 A7E 4Te s AcEH) )
¥ a8k},

3.2 11.323

1.323& 1TU-Toll A} #|%4 ¢k QST wAstA &e LAN
ofslo]  aldple] Alzgl ZREZ  Auckd,
11,3230 24g., vyge, g2 2xgd djg 3
W LEY i 3ol .47\]%10] E-]n]\ao“ Mg
A4 B30] Y EEEE e Ao ZREZE A}
agbey, me Al vEQ A FEAPod A Ay

g gRlgess e 5§41 ow &
rgolt 059 4 obe EA¥oR 3§ ZRIY
M &gl LR EFolr),

1.23230- Terminal, Gateway, Gatekeeper, MCU

(ultipoint Control Wnit)% Wl 7pd F484=
o] 7~]L}-

A4 Terminal 2 A2 o) §8k1, 70
ol Qg Asde AT AU 9
], Aol e EnjddA AF@Y qaEe A
WwiE #Ealn]l Address  (ranslation,  Admission
control, Bandwidth conlrel, Zone management 9}
o olikERl v 4ralslal,  Call control
signaling. Call authorization, Bandwidth
Management . Call management 9} {F> 341 719 &
A p-dh), NCUE 3o MC (ultipoint Controler)
o] 07 3= 1 ol Aol MP(Multipoint Processors)

T4 sl 370 olAel rlulgolM 2] conferences 7175
shAl €eb(1].

[ o

tio

<a¥ 1 QIEME] A7 Qe
ol & zeedl Ay
H.323 Specification of the system
H.225.0 | Call control(RAS), call setup(Q.931-like).
packetization and synchronization of media stream
H.235 | Security for authentication, integrity. privacy. etc
H.245 Capability exchange communication and mode switching
H.450 Supplementary services including call holding.
transfer, forwarding, etc
H.246 Interoperability with circuit-switched services
H.332 For large size conferencing
11, 26x Video codecs including I.261 and H.203
I.7xx | Audio codecs (G.711, G.723. G.729, G.723, etc)

<¥ 1. ITU-T F3qt 0.323 Ap<d>

3.3 SIP(Session Initiation Protocol)
IETF(International  Engineering Task  Force)ol] %]
multimedia communication EEEF suitd YA -0,
H. 3233'} Zro] wltjo] E2.93= RIPE ¥slo] #ulko] 7
ot g xtolH L call signaling 3 call conlmlol &) 5]
A= "J‘HOIU} IETF Aol 4] call signaling¥ call
control g e F@ TEITol upi Sipojs] SIp:
multimedia session®]v} call®  establish, modify.
terminatedl= Ajo] X g EFolr},

Sipol e 5 1A S8 FAL4ARA N.32300 4 0] ¥l vl
e AgL d& UA(User Agent)®) Network serverii o]

Zolzxjglen] UAdlE SIP request® Ml UAC(User
Agent Client) T request® 258k UAS(User Agent

Server)® FA4 Hojalrh, Network serverofi: redirect

server, proxy server, registrars A7 Fi v
{3].
SIP UAY H.3239)xj2) Elwld. SIP network serveri:

H.3239) M 9] gatekeepero] W%l 4= v},

7129l SIP AL SIP UACYE request£: LAV SIP
proxy serveri= Elnld AR 91X #9) agent @l 6
SSIP UAS & call® Whobiolis gloluh. INWITE Wl AM
= ocall® 8AHE FKoAl, aAsts FHol ofjul Fije
uitjoly #hg 4 glev ”]\1}0}'/]- AR PA S TR
A} 1= session description?s gt}

SIP 2% sipiuserBhost.domaini) (F>- Gl 2le] S|P
URL(I'ni form Resource Locators)inAl it

293



2000 & gb=1A] ¥ 7}8}3] Ster =74 Vol. 27. No. 1

SIP WIAlA EOE ITTPE Do o WA £ AAE AlFse RS oale Ao) Adol) &4 o,
o Arghel o1& 5 A WA 7w dlager H B9 Zlee] Ay WEgn By o] v (’1] Lﬂ"‘ K
o] olvk, H., Z2]3 RSVP (Resource ReSerVation Protocol)'s# 7b
redirect 'aexvel‘;: FAR7E gy 4= AL o & QSE AFse ZREH ‘E°J°'x- 7}& 9] pors}l 1
SIP-1RLS L.’quﬁ INVITE wiA[ A& Ao, 27 BaEAe AT £ A B Rolv). A ¥
proxy servers SIP request @} 3418 application cjd Az A A o ]L]'S"U] o] FE- o ol o
Aol s 2pgugt], registrar servers [P F4 E&ofz 23 VolP : u’»’;-—' A A ‘7“"’]
S ¥R SIP FA(SIPURL) 4ol A8 el rh3], =

SiPy: Elele]l ML establish,
terminatedl ®w) ARGEARE 2RAL A
T Al A arol o] BAl,

modify,
44l 29}
endpoint  addressing, user
tocation®r ZAS7IYe AT Alg-slojAn, AA
o U} announcement 2} B-5hull A}A] . SIP wjA]A o
o) multimedia AJZdo] Wl 7142 EgHEA 2]
ul o SIPS} A IETF SDP(Session Description
Protocol)& A3 RBE call signaling 716 %
& 78 g (5]

SIPy= 1.3239] RAS(Registration,
Status)®} Q.931-like EEETR,
nling] 4l

'f:l%”}?l sipel &R 29 29 v} SIP UAYt
sip:dong@company.como] e INVITE request& 4
sl o] request® local proxy@ HEECH(1).
of proxy:=  DNS(Domain  Name  Service)oll 4]
company.coma ZI o] Zulglo] d§t SIP request
2 2] E server?] IPFAE 5V, adx
! A o] *1”]011 requestZ proxyri(2). Company
com?] server’t A3} dongoll ulE|A]E gl wt

Admission, and
SDP= H.245%9F

of ALz @A d.user@university.edu® 2719
o] ek, ZEER serveriz ©] FAR TR
proxy  AITHA). local  proxy:  DNSell A
university.edus 2ti SIP server? IPF4E 8%
Ghul, request 3= aFoR proxy 5 aL(4),
university servers local database(5)ol]l H-¢}3le
v) d.user@university.edu?} i A of] A

978 3

d.YeoRinc.university, edust Avte AE
orp) &) (6). 12]8)l¢9] university main server:
7L request & inc serveri proxy®ti(7). ol ’41‘]
1z o] ARl A 2 Holde Y IP T4
Lok olol A request® 2 O R proxydTH(8).
AHg Az calld obgoln, o §HFE& proxy
chain (9).(10).(1D),(12)& S FAAdA=Z &
e [6].

4. VolPo] A

sipel # S A2 5* & 71 ¢ A §%4,
st de] Ao J $-olgto] l[ 3238 0E 4
Jrabeli: & alel ?J.“'. .3239] 79 7I&9 # 9]
NE eV E glAjo] H.323 wWR2E o] Laly F
dok WA n g v]Ee WEEe oA dojA
SO 9ol ek, ey ojde] LuHsR MR
o] 4 u‘?] ulReskAl SghEly: Wi W

r_..

Voiiz 'ﬂ’]’;;‘/]“llol]’]"l Fee ol g,
L']f’] :‘;I]_o_.l_o] o] 4] ?]L]\.J! lg-/“ A]/\l“n“ O]

VI 04 ARE) S8 ol Yy a,
PSIN A o) ala)gr 4 el st §-4

]Lo] S A
ki3

-f\

S1P client

- e
4 11 -

%

Location servlcc

SIP client (IJAS)
<2g 2. SIPe} #E>

7 VolPoll digt 7[4-#]l ofsl 9}
Xﬂ o] 714 &, vlefe] Aol
] 5“’]5“ ”ﬁkt} “‘Xﬂ A4 FEadx ol AEE
1.323 WA2E 7Iuto g 3o t5E ZGo] utitol At
SIPE 7|wtez @& AEER FEH FAE Aoy,
11.3233% SIPE A2 o] AHE wol Holda ujizgl ek
o2 Yoz Agold, QAEUE '?“!7]*01 whelie 77

ARG (PSIN) 3 2 ¥3 Fdo] 2 71567 ’“ v} ol
Z1& dolgFAF Mste] Fiter A Ao sl
AR E o] 71& AHYo] +8F Brhahs 5 Ao,
g% A2 SIPe) 11,3239 FA AR 7]FW-Al3) SIPE 9
% QHRES] FHo) g P 0‘)““].”1, RSVPL: o)
& QSE 2AY £ A A29e 7Y dF o),
6. Fi T4

{1I. TIU-T Recommendation H.323v2. " Packel hascd

Multimedia Communication Systems” 1998

[2]. A Michael Nofl, “ Introduction to Telephones &
Telephone systems” , Artech lfouse Boston * london 1991
[3]. Ismail Dalgic, Hanlin Fang, “ Comparison of 11.323
and SIP for IP Telephony Signaling” . 1099
http://www.cs.columbia.edu/~hgs/sip/papers.html

(4]. AQZZ. Adlgt “ AeRE AlA 9 38 e
Auapers] ¢ 977b-g ohedan vE-EWD. pp. 523520,
1997

[5]. IETF rfc2543 “ SIP: Session Initiation Protocol”
L1999

[6]. llenning Schulzyinne, Jonathan Rosenberg “ The
IETF Internct Telephony Architecture and Protocols”
TEEE Network o Mav/June 1999

294



