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MGCP9] VoIP ZZ&ZEe] sl 2AHT}
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Zll MGCPst &4 AHsle], A4 mldde} Ade
RTP/RTCPE &34 740 Hr},
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Media -
Gateway

o] Atlgele] PColAE AR hSE SAAAE
E1 oA S SAAEE nbt £
Zal $AIA1] $40] BY=E whlelr}
PC to Phone #e] glt}. PCollX+ Gateway
£ 5o Aslto R A= Hrle A5l §
37} o] 20222 g} wkx]7 Phone to Phone
ukAle. PSTN-IP-PSTN 0.2 adde] o s}t
537} 7eRlEE sk wlelrl

ITU-Te sHzAezA o 714 Study
Group% #9943t 9ledl Study Group 16
Multimediadld & 185 29} 7o) ZF3HE A3}
2 QlcH1]. VolP8l #zidl ARJo2E H.323%
Hl%£38F H.22x, H.23x, H.24x 59 587} olF
o] Hr},

H.323 712 19909 Multi-Media®s $&
ISDN EFoE ol43lr] & ITU-T H.320%
Adgt o]F2, 1995\ ofE el Multi
Media®] ]85 3 IZF3}2 H.324(GSTN),
H.321(H.320 over ATM), H.322(H.320 over
Ethernet)7} Ag=glen, 1996 el 3¢
Ag H.323 vlel EF3H=gdck. H.3239) 715 &%
AdgE 3 FEAo}(Admissions),
Directory service, 972 A%, £
% 7] capability i3t logical

channel? 7143 £3 point-to-
point ¥ point-to-multipoint#]

WP1-Modems
& interface

WP2-Systems
H.320 - ISDN
H.323 - LAN

V.34 H.324 - POTS

V.25ter H.120 - DATA

a3 2. ITU-TY VolPEH BEFES oY

WP3-Coding
G.7xx — Audio
H.262 - Video
H.263 - Video

A3} AHER 715, AR FelAe
AN AE 5 A5 Az Sk
a3 3¢ H.3239 FALAE B
F3 vk H.3239 FHoamE
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Terminal, GateKeeper, Gateway, MCU %

o} i},
H.323 l [ H.323 [ H.323
Terminal Terminal Terminal

Terminal
+H.324
Terminal

H.320
Terminal

H.322
Terminal

H.321
Terminal

H.3232 & 1014 Mol A=} 7o) /A o 3
7} Akgjo] o]Foit} H.323 v2dA4lE Fast call
setup, Security Framework, Large scale
conference 9 7)5°] 37159}, H.323 v39)
A<= Realtime Fax, UDP connection ¥ %7}
Aula 71 Sol FMERR, H323 vddMe
MegacopAl4-S 43 T2 nwiglen, o] 7}
A F7b7lse] F7hE .

2. I[ETF
IETF(The Internet Engineering Task

Force)& 20024 2% A 84 &3 99
(Applications  Area, Internet  Area,

Speech Spesch .
Terminal Tetminal Operations and Management Area,
a3 3. H.323 AlARO| PMEA Routing Area, Security Area, Sub-IP Area,
E 1. H.323 J§EE(v2)
version o 2 7+ A u 4 |
fast call setup, overlaping sending, tunneling, user
H.225.0 v2 input indication(PDU)
H.245 v3 layered video coders
H.323 Annex C H.323 cut-thru to ATM AALs
: 2119979
H323 v 99 H.235 Security Framework
H. 450 H.450.1, H.450.2, H.450.3
200X Base document, Call Transfer, Call Forwarding
H.332 Large scale conference
E 2. H.323 HNHE(v3)
[ version d T A Ul &
H.323 V3/H.225.0 .
V3 Annex D Realtime-Fax
Annex E Call connection over UDP
Annex F Single Use Audio Devices
H.323 v3 | 1998.9 Annex G Inter-Domain Communication
~ Hold, Park/pickup, Waiting, Message Waiting,
H.450.4-8 Caller and Called Name
H.341 MIBs
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B 3. H.323 HNET(v4)

version od 2 T A v &+

gg;gghi/ 4 architecture for megacop

H.323 Annex J Secure SET

H.323 Annex K HTTP Service Control Transport Channel

H.323 Annex L Stimulus Signaling in H.323

H.450.9 Call Completion Service

H.323 Annex M.1 QSIG Tunneling

H.323 Annex M.2 ISUP Tunneling

H.323 Annex H User Service and Terminal Mobility in H.323
H.323 v4 | 2000.11

H.323 Annex I

Packet based MM Telephony over Erro Prone
Channels

Call Offer Supplementary Service, Call Intrusion,

H.450.10-12 Common Information Additional Network
H.225.0 .

Annex G v2 Inter-Domain

H.323 Annex R Rubustness

H.323 Annex M.3 DSS1 Tunneling

H.323 Annex N QoS

H.323 Annex O

Internet protocols and Technologies complementary

Transport Area, User Services Area) &
A=le] Qlth(2). of 7bd VolPet #eidl 153}
99-& Transport Area®]™, Transport Area

53 99 FoA  Telephone Number
Mapping (enum), IP Telephony (iptel),
Media  Gateway  Control  (megaco),
Middlebox  Communication  (midcom),
Multiparty Multimedia Session Control
(mmusic), PSTN and Internet Inter-
networking (pint), Signaling Transport
(sigtran), Session Initiation Protocol
(sip), Session  Initiation  Protocol
Investigation (sipping). Service in the

PSTN/ IN Requesting InTernet Service

(spirits) 97 25 5°] VoIP &3¢} A4 gic},

3. ETSI TIPHON

ETSI(the European Telecommunications
Standards TIPHON(Tele-
communcation and Internet Protocol
Harmonisation over Networks)elzhs Z 24
EE #33lm JrH3). 19979 6070 o]akel 414
o Foi2 FAE e, H.323v2E 7Mke g dlw
slew, PC-PC, PC-SCN, SCN-PC, PC-PC,
SCN-SCN9| 5713 Alvz]ee] aigk 2F3p} Al
=z gy, 2% 5= TIPHON ¢ ¥zx2g2 e
TZE Belr}

Institute):
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( IETF Working Group ,

Applications Area

)

internet Area

2/

Operations and Management Are Telephone Number Mapping (enum) )
Routing Area (P Telephany (iptel) )
Security Area Media Gateway Control {megaco) )
Sub~IP Area Middlebox Communication {midcom) )

Transport Area

Multiparty Multimedia Session Control (mmusic) '

LI T TITITT

User Services Area

L/k[/bpp

PSTN and Internet Internetworking {(pint)

Signaling Transport {sigtran)

Session Initiation Protocol (sip)

OO0

Session Initiation Proposal investigation (sipping)

iy

Service in the PSTN/IN Requesting InTernet Service

{spifits)

JUUUU

28 4. IETF VolPH# Working Group?l T4

(Terminail\ G et fc er) ( )
SIP Client SIP Server SIP Server
'2”13 Softswitch Softswitch
5 | [ee] [se] {se ]
2 MG control Sig-Gw —
8¢ 7 1.255(RAB) H.255(RAB) H.255(RA8) | [ M a1 INAP
ze| L8C SC mmmn e SC sC [0}
&3 sip AnnG osP %
5| = H.2250 T.225. GRZENY 8
_ % oo Hioan f cc 1 | o] [ o |-laaal oo ] cc SUP/Q.931 o
g5 =2 ee sip.sioc] L] [sipeio St -
52 77 |[H.245 r““j H.245 | 77 | H.245 O
% g :] 5 soe ot Sop e sop ec @
@ S ~ ’JAQIMI:F‘A%TP-_')
PRI e r_L_ﬁ“ e (T H2B/MEGACO
35| LMCT LME | | MC |
N—1— \ MO MGW
Gateway

< Packet transport pl_aD

J8 5. ETS| TIPHONY &% Z2EE 7

TIPHON-S W3¢o) 8709 917 188 7127 91 | TIPHON 3| Call control matters
=y 772t 978 $5& T 49 72} TIPHON 4 | Naming & Address translation
issues
E 4, TIPHONY &S5 TIPHON 5 | Quality service aspects
Requi _charging, Verification, demonstaration,
TIPHON 1 | jedutements. charein TIPHON 6| rmplementation
TIPHON 2 | Architecture models and TIPHON 7 | Wireless. Mobility aspects
interface TIPHON 8 | TIPHON Security
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4. IMTC

MTC+ The International Multimedia
Telecommunications Consortium, Inc. 22
AAA 15070 o]ake) sdA7}t Fedshe ulodel A
o|th(4). o] @A) BA-& /ey A FFol 7]k
3o, A= °é%~ 7}——?& 247 g9 $FAE A7)
€ Aol FLEFLE A FAYAE, J)eIHE

3 23, zﬂ—ﬁ—# 1 S SR A
%4 Folk.

Al APFe] 1F 2= Marketing, QoS
and Performance, IP Securlty, Mobility,
IPv6, H.320 Interoperability, H.323
Interoperability, H.324 M Interoperability,
SIP H.248/Megaco,  Data
Collaboration, Packet Switched Streaming
(PSS), Media Processing, aHIT!(Applications
on harmonized interoperable IP Telephony),
iNOW!(Interoperability profile) o] i},
aHIT AG=> VoIP$ Multimedia application
o) £3F H.323-SIP,H.248/MEGACOAL] 9
Ao dE Ave e, A5dE 7)e B4 AL
T A8 2A=EU,

i_

Interop,

N. IETF 338 £3
1. Telephone Number Mapping (enum)

Telephone Number Mapping (enum) $7
252 1999‘4 1149 463 IETF 3]9]d|4 &g
AcH5). enum H7 2FIME AMEE 2 A
i}ﬂdiﬂr A A3} AZ317] A% attribute®
2 vig3lr] 5l DNSE 7oz 3 72 4 =
REZS Ao

ASAEE ole) Wele) A4 el s,

ohekgt Aul2sl 22 EZS Addc), st Wie
dutds, AL go]H, dlole] mel, ol &
goldE, A7 AfdE AT H2E Eupd 58
Asty] fjate] A=} AR iAol s
A3 AL o)l gate] ARl o2 e, AdFe
Mula g ZREZ 5o ARG 237 £ 9}, of
| A 29 AR S R dol A
2 55 ek o) AY, GhiEReEE Yaol
A2 B AARSH F4 HAur)l 8% £% 9]
o =3 ARk el AL & 4 9le A
BE Aplel dake d2 §AE #% Q. £ 947
IZFAA AekEe WA thgRl A2 AIAEE
o Tl 75em A T2 sl ALgAEe 2
F9 A4 ¢ gt OdE 4R ENY 5
slefel @}, 22T & 97 2FA AldEs
3 AAE ITU-TY E.164 ZF3 38#4& o]Fo]
o} Zh},

enum 97 259 RFCY eyl =egze=
o3t

~E.164 number and DNS (RFC 2916) :
o] A& E.164 W3 AL 93 DNSe| AL
< et} 53] DNS7F 8hde] E.164 ®5e} 94
g o8 75 AulaE #lsp) e AHeEE
Hell el dgge}. zept olzid el 4‘6P°4
AdE A 2F AR AA) Sl digt e
lﬂ-lilxl o=

-~ Number Portability in the GSTN: An
Overview (draft-ietf- enum-el64-gstn-np-
02.txt) : GSTNelA E.164 %3t NP(number
portability) ] 7§ &e Aste] 7]eddt,

2. IP Telephony (iptel)

IP Telephony (iptel) 17 1%L 3<3] &
AE = VolP WESFAA VoIP Ae|Ege]4 2}

FH A3 Z2EZY| FF8}8} VoIP AHdlA 25
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Intradomain
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JRIP,

Location 4y
[ Lotn g

18 6. iptelHZ82 VolP Architecture

A2l 5 e 7% A3 2F3} 244]S s
(6). 23 62 iptel 97 284 =95k &
VoIP Al2®9 HeE o)z 9} eyl Halx
Y AzgdiA 3 ASe o HHE Esleg o
T A7l 5.8 eolalate] Aelsla ohg Anje) A
& 5 des 5 As W 7 2Fela, &
AAAA] M 2 H2E 2= GLP(Gateway
Location Protocol) & ZE3Rich <& Eo], &
Az} B35al AARIA] A3E A AHe 4
AR B3h5 4135 AgslAY, AlAE Fule o)
£ AollA call initiation WAAE ALsAY}
Ee I d7ls)or Yt we}
A oljl AR FAlzklM A
2] HojAol sk HuE FE

scp

aFelie 348 T2 o) Az
e APR2Es V)ethe Ay 23
& g,

EE3 FA9sS AmEd CPL
(Call Processing Language)?|
#43 TRIP (Telephony Routing
over IP)¢] 3l 1FS Ay F
ojc}, & RFCe defdl sz e
© ot Zr
-Call Processing Language
Framework and Requirements
(RFC 2824) : Axd3-& E3}od
deidll A ZUE Alesle® o=
AMu2g AT Slsid AgE
CPL #iAUEl gt 2o} 874
a2 el
- A Framework for a Gateway Location

Protocol (RFC 2871) : IP ##djA B =%

Y 298 (Telephony Routing over IP)9)

TES TARE Ve
- Telephony Routing over IP (TRIP)

(RFC 3219) : ARzt 1P @2 Alo]

Edo] 2h¥ Hlol ¥l wgtw} 32| digh [P

7oA 3] 2k9-El(Telephony Rout-

ing over IP)9] 29 AHE-EHe WAAE ¢

"9’
‘ D megaco
‘6:?.5 Termina!

7ol #gsjolof Frt. ol

76 53] Al o)FA Aw STP

587/18UP

Signaling MEGACO MGC

1P natwork

2} call agent AJH]A o
A 8T ARdelr AHEA}
9} preferences &g 7%
& B8 2R A 2
= Hrh iRz 2 9

Gateway
£GACO \GACO
Residential '
RTP Gateway

38| 7. megaco A|AH X

Trunking
Gateway
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ehdict,

- CPL: A Language for User Control of
Internet Telephony Services (draft-ietf-
iptel-pl-06.txt)

- Management Information Base for
Telephony Routing over IP (TRIP)
(draft-ietf-iptel- trip-mib-01.txt)

3. Media Gateway Control (megaco)

Media Gateway Control (megaco) 997 =
B2 A v ook g3 Qe g A4e)
of He|r[t]o] U8 AFE o 87 Flr]Y
7t A QL v|t]e] Alo|Edo] & Aojsle TEE
5 ZFS 2F°ldHT). 138 72 megaco
Alzgle] F25 Bl

o] 917 aFllME Media Gateway9t Media
Gateway Controller’} #2]=o] Qtiz 7}xs}
2, FAE Ad3Agel s 7)ed) Plde] A
olEflol= A3 Aol A s Aue} el
A AdEE dold HAlEE 43 W) F& dE
A= g4 0ltl. megaco 97 1F2 PSTN3} @
HY Agrl 2% ITU-T 2 ETSISE IETFY
PINT, IPTEL SIGTRAN &7¢] 23 H&-& 3
t}. vitle] AolEdol= Trunking gateways,
Access gateways, Network Access Servers
5ol E 4 itk megaco ¥7 2F9 RFCe <
HY = TE= g3 2o}

-Media Gateway Control Protocol Ar-
chitecture and Requirements (RFC
2805) : Media Gateway Controllers}
Media GatewayAto]9] Ao Z2 & Fdl gt
[l sl 7)<&gi

-Megaco Protocol (With erratta folded
in) (RFC 3015) : Megaco X2 EFd]| #H3}
of 713t

-Megaco IP Phone Media Gateway
Application Profile (RFC 3054) : SIejdl
Aspel 1 fARRE AHl2S] Aefo]  dijE
Megaco/H.248 2 EZ| £ -4 3
3le] 7)&3ic),

- Megaco/H.248 R2 Package(draft-ietf-
megaco-r2package-02.txt) 9%
controller® %8 Media GatewayZ Ao
317] 98] A= Megaco/H.248 T2 &
% #3% R2 A7IAE Ao

-MEGACO MIB (draft-ietf-megaco-mib-

02.txt) © AHY AFEel UESA e

Z2EF Ao didk MIBY #-8-2 A3t}

Megaco/H.248 NAS Package (draft-

ietf-megaco-naspkg-03.txt) : Network

Access Serverel] 33t Packaged A3t}

Draft Megaco/H.248v2 (draft-ietf-megaco

-h248v2-00.txt) : H.248 Implementors’

Guide®] W45 nsisle] obA) Aefsisich

4. Middlebox Communication {midcom)

JeYlol= NAT(Network Address Trans-
lation)s, firewalls¥} 22 % EAE YL 9
T F3 AAEo] Bl Sl 493 IETF 39
oA w3l Middlebox Communication
(midcom) H7 25 S8 firewalls, NATs
9} 22 v EutA(middle box)7tel EAld] =4S
o] TE3E APl glon VoIP $-go] v
EHaE 55t St 7FeslES e o] o4
7} 2 QIeH8). midcom $7 ZFIAM =951
e el = LEE g3} )

- Middlebox Communication Architecture
and framework (draft-ietf-midcom-
framework-06.txt) : Al¥lshs 3213 AR}
of vEutag 58 B 545 s st
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+ MIDCOM®| 2o Hgt 7184l W4-& A
A},

- Middlebox Communications (MIDCOM)
Protocol Requirements(draft-ietf-midcom-
equirements- 25.txt) @ NATsY firewall
8 715 sk 389 H8E UEEp) 4
A midcom ZZ2EFo] whEafoksle AL}
< 73,

-MIDCOM Scenarios (draft-ietf~midcom-
scenarios-02.txt) @ "|SutA T2 Z0] Al
S5 Ave|LE 7ledid

ool FrtelA FHZelle MIDCOMe|Aolets

Al43] NAT. Firewall5e £33t VoIP59
peer-to-peer $-80] 7VsdtEE
pre-MIDCOM 77} A= 3. 9lct.

e

5. Multiparty Multimedia Session Control
{mmusic)

Multiparty MUIltimedia Sesslon Control
(mmusic) 97 25 Aeldlolr dejnitie] 3¢
¢} TP telephony¢} #A¥ avt, sip, sipping,
iptel, megaco 97 &3} ) Adxle] TF3)
g 2133c9]). o] U aFAA Asise =
EESS oga i

-controlling on-demand delivery of

real-time data
Protocol (RTSP)
~ distributing session descriptions @ Ses-
sion Description Protocol(SDP) and
Session Announcement Protocol (SAP)
- providing

Real Time Stream

security for session an-
SAP Security

- managing tightly-controlled sessions :
Simple Conference Control
(SCCP)

nouncements

Protocol

mmusic 9% 254 F38k= RFCe} el
EYZEE o3 A

~Real Time Streaming Protocol (RTSP)
(RFC 2326)  AA7E dloje] A% AL 4
g o EeAolAd dde) 22 EES A

-SDP:  Session Description Protocol
(RFC 2327) : HErt]o] Aol gt AnE
Ueh7] 3 22825 Adwdit

-SAP: Session Announcement Protocol
(RFC 2974)

- Conventions for the use of the Session
Description Protocol (SDP) for ATM
Bearer Connections (RFC 3108)

-Simple Conference Control Protocol
(draft-ietf-mmusic-sccp-01.txt)

SCCPe| gt Mu|AZ A &3},

- A Message Bus for Local Coordination
(draft-ietf-mmusic-mbus-transport-06.
txt) © Mbust TFo2 $xshe o] Z]H0)
A RAES 2F 48 oF TS 9% e
HAA] A 55 - Pk WA Blae
=34 Al ¥ & message transport in-
frastructure, structured message hier-
archy, general purpose addressing
scheme2E W& 4= St} o] EA= wWAA
=g, $53 o FAES o3, Mbus
5 A% A2 FEE Aot

-SDP:  Session Description Protocol
(draft-ietf-mmusic-sdp-new-04.txt)

in SDP

-QGrouping of media lines
(draft-ietf-mmusic-fid-05.txt)

- Connection-Oriented Media Transport
in SDP (draft-ietf-mmusic-sdp-comedia-
01.txt)

- Requirements for Session Description
and Capability Negotiation (draft-ietf-
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mmusic- sdpng-req-01.txt) 6. PSTN and Internet internetworking (pint)
- Session Description and Capability
Negotiation (draft- ietf-mmusic-sdpng PSTN and Internet Interfaces (pint) $7
-03.txt) 25 el 8& SAste PSTN(Public
-RTCP attribute in SDP (draft-ietf~ Switched Telephone Network) A3 Mu]Ag
mmusic- sdpdnat-00.txt) @ g AAe] & A7 S It (10). AE &4, 247 F
FEE A W, 1 AXde] NAT A0E 531 34 Alole) PSTNEE A2 = =& 7wt A
glo] 2 E vjgo] ARES gyl o]} FAE IPHIF Mula 5 AFTY 4 oot 27 8L of
sdst7] $3 SDPY &4 Aol disl oF 23 PSTNH Qlejuizte] A53e)E HofFel
123 Jeidl AREAZE PSTN Eleld (o) 33, @)
- Short term NAT requirements for UDP o Z& &dZ23xZ sk= Au]22A4 Click-to-
based peer-to-peer applications(draft~ Dial-Back, Click-to-Fax, Click-to~Fax~ Back,
ietf-mmusic-natreqdudp- 00.txt) : IPv4 Web access to voice content delivered over the
F4F IPv6R Wtshe 59t UDPE AH3l  PSTN 5ol it} el 48 == Awe} PSTN
£ peer-to-peer 5-8°] NAT A& E3}d A5 vl ==(SCF: Service Control
EAlo] 71532 87 93 27AMe tF Function)Zte]l 223 Service Support
o}, Transfer Protocol (SSTP)E <3k}, SSTP
-Key Management Extensions for SDP #2)& $J§ SSTP MIBE A3z, o]& SNMP
and RTSP (draft- ietf-mmusic-kmgmt- Z2EZS m&c} PSTN/Internet Inter-

ext-01.txt) Networking, SSTP, SSTP MIB $¢] Al&=Ho]
~Support for IPv6 in SDP (draft-ietf~ 8% Aldjo]n, RFCY eyl sejzee o33
mmusic-sdp-ipv6-01.txt) Z
-An Offer/Answer Model with SDP -Toward the PSTN / Internet Inter-
(draft-ietf-mmusic-sdp-offer-answer-0 Networking : Pre-PINT Implementa-
0.txt) tions (RFC 2458)

-The PINT Service Protocol

@ : Extensions to SIP and
SDP for TP Access to Tele-
3

OZ% phone Call Services (RFC
o 2848) : IPE E3 AsAu AT
(76 Access) \Volcs Aosess) 4 9l PINT Lzege] A4
< %Alstd, PINT +294 SIP
Content Service Providers Network Providers ¢} SDPY &AM viepdic)

-Management Information
Base for the PINT Services

28 8. PSTNIH OlEl oiso] am Architecture (draft-ietf-
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pint-mib- 05.txt) : PINT MB]2 2o of - Signaling System 7 (SS7) Message
g MIBS #|gigich, Transfer Part (MTP)2 - User Adaption
Layer (draft- ietf-sigtran-m2ua-13.txt)
7. Signaling Transport (sigtran) : IP AbollAl SS7 MTP2 - User A28 wiAlA]
2 packhauling 31 Z2EZS 7)&¥r}. o
Signaling Transport (sigtran) 97 2182 £ 313l SCTP7} AHE.
Azptst QJEdS A& o Q.931, SS7 ISUP, -SS7 MTP3 - User Adaptation Layer
MTP 2, MTP 3%} & 887 Alrd%g [P vES= (M3UA)  (draft-ietf-sigtran-m3ua-11.
o] Adslr| 98] 27=E signalling adaptation & txt) : IP AbellA] SS7 MTP3-User Al2*d%
&2 sl Addy s SulEd) Ak = A2 backhauling she ZT2EZS 7|&
2EZS RFIAD(11). B 97 252 Q.931, gt} o1& $5k) SCTP7} AH8-=lch,
SS7 ISUP #AIA] 52 PSTN Al2d#< [P Y - Stream Control Transmission Protocol
EYAAke] it Mgt viAlE gt [P Management Information Base using
roole Aladd Aelede], nitje] AelEse] SMIv2 (draft-ietf-sigtran-sctp-mib-06.
T vite] AolEde] ZEEH So] dgdir}. o txt) : SCTP9 F&-& H3lr] ¢33t 2L
3k ASFe 2 A3y Ao Esol<t rlt]e] A g ANAY HxrEs 7leste MIB 2ES A9
o]Ego] Z2 wt]o] AelEdo] TEZH 7 A e},
a8 A4 ujt]e] Ae]Egelda mltje] Aol= - Stream Control Transmission Protocol
do] TEZZY] A2dd AS, A2dF AllE Applicability Statement (draft-ietf-sigtran-
gele} & TP =5 7] TCAP (Transaction applicability-08.txt) @ <lejyiate] odubql
Capability) A% So] it} sigtran ¥7) 1% dlolg] Aol SCTP applicabilityl] o)
o] RFCY el =iz er o33} 2t 8o 7]&gr},
- Architectural Framework for Signaling -S8S7 SCCP-User Adaptation Layer
Transport (RFC 2719) : IP A4 X134 (SUA) (draft-ietf-sigtran-sua-11.txt) :
B ALS 93 A ZHY A2 7154 SCTPE AH-3h= IPAYlA SST SCCP AH-
d LTAKE 55 Ao AF A5 Ao bl Ao}
-Stream Control Transmission Protocol - Telephony Signalling Transport over
(RFC 2960) : IP WlEY a4 PSTN Al SCTP applicability statement (draft-
288 XS AEshr] Y3 Ae oEd jetf-sigtran-singnalling-over-sctp-
SCTPE 44 AZd dpolgay A4 =2 applic- 03.txt) : IP 7]uke] oA A3} Al
Felw}, UDPE °]-43l Asdrh 3 AR Afol digt SCTPY applica-
-ISDN Q.921-User Adaptation Layer bilityell #3le] 713k},
(RFC 3057) : IP A4 ISDN Q.921 - - SS7 MTP2-User Peer-to-Peer Adapta-
User A4 dAA& backhauling 3h= tion Layer(draft-ietf-sigtran-m2pa-03.
=2 2E-5 7|edt). o)F st SCTP7F Ak txt) : SCTP Au|laE o]83l= [PAlA
S}, SS7 MTP Layer 3 AlZ wAz]¢] A$-& |
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A3l T2 EZS A3t
8. Session Initiation Protocol (sip)

mmusic 97 ZFNA AL =9 Session
Initiation Protocol 463 IETFI4] Session
Initiation Protocol (sip) ¥7 1Fo& AFA
WEol =Holck sipe oE=lAleld dlele] Al
(application-layer control) ZE2EZFZA] SAE
7b =E gt VolPE $1% 343 Hatohjz}
thFd Aulad] Aolg g ol [TU-TY
H.3234 g s &4 Hold sipe
peer-to-peer Al2d¥¥ ZTEEZZ AHLEv
e-mail® fARE F2AA Feo Fd Awa
(same identifier)& o143t <A, AtiAY &
A 23} Au|AE vl 3 email, J2HE HAA,
Z# A2 (presence) AHlA 5-& AFREE g},
=3 SIPE o|83ld MAL AdAE o Session
Description Protocol(sdp)¥ &3 A4 ze}e
ElE AezN AMERLe] g wlel Aulxst
98, A Fgka gl A5 94 g
ZEA] e AY, 93 ok Ao gid A &
AMid 2] Hea 22 gey 75 Alder
SIP AHgAE Al FAZ W3, AHFA s A
A3, E-mail F4
52 Mdd 55% 4
dem o 5EH A
2 &5 A
calle] ALH= forking
716& 33,

SIPE= HTTPS ¥ l
FE-E o83t 9] o
Foll ZREZ HAA
£ HxER FAHEe
text- based T2 EZFo]
2 AR FRe A

=
=

SIP Client
(UAC:User Agent Client}

T} T W3 $e® FAEE Request/
Response ¥Aojt} SIP ZFolA AlZshs vl
INVITE, ACK, CANCEL, BYE,
REGISTER, OPTIONe| <slov S Alde
HTTPS A3 €218 2 WAAE A43d
SIP w| A7) g4 HTTPS Y84 s} nix)
2 74T &4 vt CR/ LFE ¥y 1
4 9% SIP wjAjA] F&olc},

C -
—1

METHOD Request—URI SIP/2.0 SIP/2.0 status reason

Via: SiP/2.0/protocol host.port
From: User 1 <sio:user1@source>
To: User 2 <sip:user2@destination>
Call-iD: localid@host

Cseq: seq# method

Content-Length: length of body
Content-type: Content type of body (=MIME)

V=0

O=Crigin_user timestamp timestamp in IN4 host
C=IN IN4 media destination address

T=00

M=Media_type port RTP/AVP payload types

18 9. SIP WAX) 72

SIP+ =ZA User Agent®} ¥ FAd=ic}
SIP User Agent<= caller 7]%5-% 483 UAC
(User Agent Client)$} callee 7% $83h=
UAS (User Agent Server)Z %3t} SIP A

SIP Redirect
Server

Location Service

S Proxy

SIP Client
(UAC:User Agent Server)

a¥ 10. SIP 239 Fit
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W SIP Registrar, SIP Redirect Server,
SIP Proxy Server® 7A¥t}. SIP Registrar
£ SIP AHAlY] 55 2 35 s U= A 5
£ 7155 +#gd. SIP Redirect Servere
UACE YE19) 344 84E& wod calleed] 4
AHRE 2ol UACHA AL§ezZH UAC/H
Al 3AA 8AE ek ubHe] SIP Proxy
Servere UACZE €9 344 8A4-& wtod
callee®] IXARE 3oteln, 1 AHE UAC
A dEFe Aol ohet 1 344 9AE ot
AXA B Ak MujeA ALFe 2N UACS UAS
71%6& F3gH,

W r|r]o] Aadatela Aohuks 233 Pl
o] A& T&37] 918 452 mmusic H7 1F
< 19999 349 RFC 254322 SIP %3¢ AA
atgdth. o]&e) RFC 2543& Voice over IP
(VoIP)ell A48 <= gl iele] A=l 719
5% fAEPEA VolPE 344 ZreZ2 o4
4= 9l RFC 2543 424 RFC 2543-bisel o
g ZFEsL AsFels] A THA FAE) gt
=97} A% o]}, RFC 2543-bist AZE w4
Zof g 7k 34 doH AR dase AR
+ BF02 ARYY. ¥4 RFCE 558 A=
vlicE= “RFC 2976, The SIP INFO Method”
g, INFO wlicse $40) ofd d2E I3
DTMFe} 22 dloJel& A$3] g 7158 AlF
gl bell @A FE T gle T8 JE =4
ZE FA= o 2

-SIP Session Timer

(draft-ietf-sip-
session-timer-08.txt) FIIH R
re-INVITEE A$3te] stateful proxyollA
A2 AAde] activeds geiFe WS A
okglt}. Session-Expires, Min_SE #ti¢}
422 $H2=7} 1=

~SIP Caller Preferences and Callee
Capabilities (draft-ietf-sip-callerprefs-

|

05.txt) @ WAL R callee’t 93 G+ 34
A 849 et call screeningd $3sl7] o
B caller7t 344 24& A SIP
serverlA call screening AH]&E 243t
£ dhlelr}. Accept-Contact, Reject~
Contact, Request-Disposition #tlE F
7Fatsict.

Reliability of Provisional Responses in
SIP (draft-ietf-sip-100rel-04.txt) :

SR B ACKE HoRi

1xx

- The SIP Supported Header (draft-ietf-

sip- serverfeatures-05.txt) : UAC7} &
A 84S A3 Ao, UAS7E o] 48 A
daleA] A GEAE dart & A5 AH8H
£ Supported #v]E A,

SIP Call Control - Transfer (draft-ietf-
sip-cc-transfer-05.txt) : REFER #H&=
£ E3}9 third partyoll 92 & 5 J=F 3
= WS Alqkahet

SIP Extensions for Media Authori-
zation (draft-ietf-sip-call-auth-03.txt)
D 3AR A G Fo] Hg A AH-E AT
3171 S8t wholcl. SIP Awe UAdA ¢4
e )&%kt Media-Auth®t Media-
Authorization- Token 357} F7}=lgicl,
SIP  Extensions for  Supporting
Distributed Call State (draft-ietf-sip-
state-02.txt) : Call®] AHE UAdA A
sk wheld. State #ltizt F7hE
SIP Extensions for Caller Identity and
Privacy (draft-ietf-sip-privacy-03.txt)
: Callers} Callee7} AHA1S] Zelol#{AlE o
2 proxyolAl ke whgeltd. Anonym-
ity9} Remote-Party-ID, RPID-Privacy 3
o7t 7k

- Integration of Resource Management
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and SIP (draft-ietf-sip-manyfolks-
resource-03.txt) : Al AAA ] QoS} H)
EN3 ¢331E HA 2ALE AA e o]
t}, COMET #HA=g 7RI s SDPE &
Astsdct.

-SIP Call Flow Examples (draft-ietf-
sip-call-flows-05.txt) : SIP call flow$]
dg 7)&sta sl

-8IP Service Examples (draft-ietf-sip-
service-examples-03. txt) SIP 74t
telephony AH|A o1& 71&skw 9ot

9. Session Initiation Protocol Investigation
(sipping)

sipe} " S-gol digt Aty 71 HA 31
goll wef, 2E Al sip 97 2844 HE, &
S3p7ldle B ol go] i) weba A& ARt
€ sip 8% sip 97 2FM =957 @4
sipping 974 ZFA 93 =7t ¥, 2 A5
of e} sip 9% 2FelA =22 ARG
ojg} 2 o]f-2 al& 504 IETF 3ojoliA Aj&
F-43% Session Initiation Proposal Invest-
igation (sipping) 7215 A3le} Pelwjr]e]
o} FAR ekt S8 g SIPY A} 1o

g SIP g g %FEE A3l

sipping Y7 254 =957 gle B ==
EE o3t 2
- Models for Multi Party Conferencing in
SIP (draft-ietf-sipping-conferencing-
models-00.txt) F=2 A4 (point-to-
point) &3}l AMHE-EH= SIPE AMse] oAt
7t 398 Ay §i3 ot 2de r|ed
23
-ISUP to SIP Mapping (draft-ietf-
sipping-isup-00.txt) : Al1d3 Z2EEQ

SIPs} ISUP(ISDN User Part)Zkol| w8
A5t WS 71edtt

-SIP for Telephones (SIP-T): Context
and Architectures (draft-ietf-sipping-
sipt-00.txt) : SIP9} PSTN 5ol gt
w73t

- Resolution of e.164 numbers in SIP
Applications (draft-ietf-sipping-e164~00.
txt) : SIP7} DNSE AH83l9 E.1644AE
Zhs AuIAE oFA S12E At g
e 7lesta gl

- Mapping of ISUP Overlap Signalling to
SIP (draft-ietf-sipping-overlap-00.txt)
. ISUP &% A28 SIP< »i9ste 7]
3 7Fsd A g e

10. Service in the PSTN/ IN Requesting
InTernet Service (spirits)

spirits(Services in the PSTN/IN Re-
questing InTernet Services)+ PIN BOF %
HEo] e 7282 IN(Intelligent Net-
work) Ew PSTN (Public Switched Tele-
phone Network)dljA [P MEH Tl 243 Ay]
2 A7) A xES S eAA0H14).
spirits® #41& PSTN/INejA IPUESH AR ok
At AL 4 Qe EYA 729 ZEEF
itk 2§ 10414 PSTN/IN# Internetd§ =
d& Bald spirits ¥4 2EMe [TU-TY
PSTN/IN% 3 IETFS F97tel 435 523te
24 Incoming Call Notification(Internet
Call Waiting), Internet Caller-Id Delivery,
Internet Call Forwarding and “Follow Me’
T A2 AEAE AFEe AE xR I g
Ark, w2 AAE Fdsls Zle] o, oMIE
AFE Aostod A BB TFE3eto] Au|x 3
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PSTN/IN

(ICw sL)
SCF/SDF

UAC/UAS
SCGF

INAP INAP
e ] ssp

SCP Figewall

Internet

(Proxy server)
ICW Server System

Callee

Caller QE

ICW Subscribe’s Firewall
Phone and PC }
U Dx (UAC/UAS)
P ICW Client System

a8 11. PSTN/INZ} IPS] SIS

Zhel] g NS ug
spirits $7 258 A 24 sdstuat 3l
+ $7) 2%<l IPTEL, MMUSIC, PINT, SIP
3 ITU- T SG113 43 Y 8ol 253} 24
< A8k}, PSTNelA] 243 Hu|AE Ae]s}r)
A8} A= 78 ¥ spritis ZREF QAR
g 253} A9lof g RFCe gyl sz e
o3t 2
- Pre-Spirits Implementations of PSTN-
initiated Services (RFC 2995) : spirits
A7 aFolA A-iFq Ak PeEd AL
E3Hi)
- The SPIRITS Architecture (RFC 3136)
: SPIRITS AR|&E A d3t7] 9Adt +25 A
Sli=
- SPIRITS Protocol Requirements (draft-
ietf-spirits-reqs-03.txt) @ SPIRITS Z&
BT 8TARME Ardi
-On selection of IN parameters to be
carried by the SPIRITS protocol
(draft-ietf-spirits- in-02.txt) : IN AX
ot IN®| gl tigt INAP sjelvle] & Ao

g,

-Toward the Definition of the SIP
Events Package for SPIRITS Protocol
(draft-ietf-spirits-sip-evt-package-01.
txt) : SPIRITS TZEZo| o3t SIP AHA
H714 & Al

V. 2&

VoIP Alzgle] out Fx9} #T VolP e &
T3 S F3, 53] IETFA A= 2 gl
VoIP ## $J7) 2§ &5 dal Asjrgt
o VoIP ZR2EZZ AM4=E  H.3238 A3
23 GALE TR gloRA, wWake & EFolr)
aRF B 715E /MR gl oln 2 44
B0] o] ZFE T AFES A8tz gl
H, SIPx Qe S 7leg IETFeA
H EF0E H.323%) 7iateln ookl 7158 %
2% 7 ole FIE 452 A =2 eZo|q

oL A4 AFEE GAE 8w &
Al .

e
g2

32
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VolP7l&e F<4E2 sty glen, mies
AR el 2 7lge] H4Em ol FHAME
%2 JAEo] VoIP EF A48 98 stz 9l
o HE =991 e 5 dsMe AF o
Aol Adjd oz wzA A3sla A Rl e
AA el

gog H.3239 HZ EFel, SIP, Soft-
switch$9 4l T5& 43 AFEo| s
of 3o, 53] 7 ARgAtY Aula 4 STARNS
BEA717 9% SEerEe] o= sl
of gt} olu] 7]&9] zddf T2 EZ(RSVP)
(15)& AH&3le] Ad7 spiA AAE sk
wale] gip W7 aFelMe o=z 9low,
ISSLL(16)% & QoS%& AHe38te] AHaAE £
3RS wAs) 3w At A= gl
old ARFESE WEATI: AlFe] EEe, o)F A
43 VoIP %8 At Auagogry A
VoIP #olollA Uit ohe} s AelA = 5
AR AE =S U Al N & Aol
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(1) ITU-T Standard Group 16 : H.323 |
ftp://standard.pictel.com/avc-site/,
http://www.itu.ch/itudoc/itu-t/com16.
html

(2) IETF Transport Area, http://www.

html.charters/wg-dir . html#
Transport_Area

(3) ETSI TIPHON. http://www.etsi.org/
tiphon

(4) IMTC, http://www.imtc.org

(5) Telephone Number Mapping (enum)
Working  Group, http://www.ietf.org/
html.charters/ enum-charter.html

(6] IP Telephony (iptel) Working Group,

ietf.org/

http:// www.ietf.org/html.charters/
iptel-charter.html
[7) Media Gateway Control (megaco)

Working  Group, http://www ietf.org/
html.charters/ megaco-charter html

(8] Middlebox Communication (midcom)
Working  Group,  http://www.ietf.org/
html.charters/midcom-charter.html

(9] Multiparty Multimedia
Control (mmusic) Working Group,
http://www.ietf.org/html. charters/
mmusic-charter.html

(10) PSTN and Internet Internetworking
(pint) http://www.
ietf.org/html.charters/pint-charter.
html

(11) Signaling Transport (sigtran) Working
Group, http://www.ietf.org/html.
charters/sigtran- charter.htm!}

(12) Session
Working
html.charters/sip- charter. html

(13) Session Initiation Proposal Investi-

Session

Working Group,

(sip)
Group, http://www.ietf.org/

Initiation Protocol

gation (sipping) Working Group, http
.//www .ietf.org/ html.charters/sipping-
charter.html

(14) Service in the PSTN/IN Requesting
InTernet Service (spirits) Working Group,
http:// www. ietf.org/ html.charters/
spirits-charter.html

(15) Resource Reservation Setup Protocol
(rsvp) Working Group, http://www.
ietf.org/html.charters/rsvp-charter.ht
ml

(16]) Integrated Services
Link Layers (issll) Working Group,
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