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A3, 1995de] o2 "ore  EEIE
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over Ethernet)7} 21359l ow, 19961d AEjull &7
< 918 H.323 vio] EF3HEAch H3239] 75 ¥
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2hA] o] (Admissions), Directory service,

‘ H.323 ‘ H.323 ] I H.323 l H.323
Terminal Termlnal Termma! Terminal

V.70 { H.320 H.321
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AAd A%, FF ) capability w3, logical channel Terminal, GateKeeper, Gateway, MCU So] it}
9} N3} £8, point-to-point Z point-to-mutipoint

A4} Feag 7, 7 gell Ao AAIz S 3.3 H.323 7™ E

9 71eE 7L vk ad 4= H3239) L H3232 & 194 Hol& A% o] 4Y ¢ F
&5 BAYF3 gt H3239 FAHLisEEe 7} Z9jo] o]Fo|Ath H323 V2ol E Fast call

<E 1> H323 & EHw2)

version ad = T+ A Uy &
fast call setup, overlaping sending, tunneling, user input
H2250 v2 indication(PDU)
H.245 v3 layered video coders
H.323 Annex C H.323 cut-thru to ATM AALs
32 .
H323 V2 19979 H.235 Security Framework
H.450.x H.450.1, H.450.2, H.450.3
T Base document, Call Transfer, Call Forwarding
H.332 Large scale conference

<E 2> H323 7™ )

version 4 = T+ A STN
H.323 V3/H.225.0 V3 Realtime-Fax

Annex D

Annex E Call connection over UDP
H323 3 1998.9 Annex F Single Use'Audlo Devllces.

Annex G Inter-Domain Communication

H.450.4-8 Hold, Park/pickup, Waiting, Message Waiting, Caller

and Called Name
H.341 MIBs

<E 3> H.323 7H & THv4)

version oz -+ Al g &
H.323 V4, H.225.0 V4 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 [SUP Tunneling
H.323 Annex H User Service and Terminal Mobility in H.323
H323 Annex | Packet based MM Telephony over Erro Prone
H.323 v4 2000.11 Channels
H.450.10-12 Call Offer Supplementary Service, Call Intrusion,
U Common Information Additional Network
H.225.0 Annex G v2 [nter-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
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Z 735 UTH3). o] FolA VolPet #dE £F
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3} 949 Zo| A IP Telephony (iptel), Media Gateway
Control (megaco), Multi- party Multimedia Session
Control (mmusic), PSTN and Internet Internetworking
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Service (spirits), Session Initiation Protocol (sip),
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de A& ska Ao
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iptel®] ¥t 78S AvEH CPLY &
3} TRIP(Telephony Routing over IP)o]] #3g FF
2 718 Zo|th. T RFCE thg3 22 o] 9
o}
- Call Processing Language Framework and
Requirements (RFC 2824)
- A Framework for a Gateway Location Protocol
(RFC 2871)
19 FE5 A Fol JE JdHY =gZEE
gent 2.
- CPL: A Language for User Control of Internet
Telephony Services (draft-ietf-iptel-cpl-04.txt)
- Telephony Routing over IP (TRIP) (draft-ietf-
iptel-trip-04.txt)

4.3 Media Gateway Control(megaco)

Media Gateway Control(megaco) 97 18-& 3}
& v RS Fd B JEYE 348k HE
Ao} AMH|2E AFE o 275 E vreizt W
AAQ wo] AlC|Ego] & Aojdle TRES
< FFSHee 2EOITHS]. 27 72 megaco Al
o] 725 Helt

o] 97 aFNME Media Gateway®} Media
Gateway Controller7} 2] <o) Qlctz 714 8ta, ok
ARZre] s Aol disf 7] gt ntio] Ao|E
dlole Az MM Agss FR} AHUCE
= IPHEY )M HEs e dole] HAES 4
3 Mg FE VIEYZ aio|th o] 97 aF
2 PSTNT} #dd AE7) 28 ITU-T 9 ETSIS

2

megaco
<=F o Tominal

. . '

signaling | .

ST + J iy MGC
. | Gatewsy |

\ / A \ -

[ Trunking | | Residential . /"" ;}
Gateway | __ | Gateway T/

(38 7) Megaco AlA"l =

IETF9} PINT, IPTEL SIGTRAN 5-2}¢] m#k H&
< gtk wtje] Alo]Egol Trunking gateways,
Access gateways, Network Access Servers So| it}
megaco 7] 1E2] RFCS} QlE|Y] = ZE =
O3 22 ZEe] 3lem, ATM § dEYlo] of
H U2 UEHIYY dF2 AT XEL UEG
- Media Gateway Control Protocol Architecture
and Requirements (RFC 2805)
- Megaco Protocol (With erratta folded in) (RFC
3015)
- Megaco IP Phone Media Gateway Application
Profile (draft-ietf-megaco-ipphone-03.txt)
- MEGACO MIB (drafi-ietf-megaco-mib-01.txt)
- Megaco/H.248 NAS Package : Network Access
Servero] #3} Package
- H.248 Annex G (Pre-Decision White Doc.) :
User Interface Elements and Actions (like
display, keypad)
- H248 Annex H (Pre-Decision White Doc.) :
Transport of MEGACO over SCTP
- H.248 Annex [ (Pre-Decision White Doc.) :
Transport of MEGACO over ATM
- H248 Annex J (Pre-Decision White Doc.) :
Dynamic Tone Generation
- H248 Amnex K (Pre-Decision White Doc.) :
Generic Announcements
- H.248 Annex F (Pre-Decision White Doc.) : Fax,

Text Conversation, and Call discrimination

4.4 Multiparty Multimedia Session
Control (mmusic)

Multiparty MUltimedia Sesslon Control (MMUSIC)
97 2FL AElA DEE|To] 3o A
Adst7] AT BF3 A4S 6] o] A7 2
FAAA Aot ZREZS o33 2o}

- distributing

session  descriptions Session



Description Protocol(SDP) and Session Announce
-ment Protocol(SAP)

- providing security for session announcements :
SAP Security

- controlling on-demand delivery of real-time data
: Real Time Stream Protoco! (RTSP)

- initiating sessions and inviting users : Session
Initiation Protocol(SIP)
- managing tightly-controlled sessions : Simple

Conference Control Protocol(SCCP)

E31 o] 97 2FAA = BEFT] 3§
g T2E AP Y B ohye}, JEYF ITUS] A
3} 3o 7te] A3 Aol tiA e Ad T B
3} 2He] AlFL 1998 5¥] ERH 2 SDPng
o it hE IFoBRE QFAEE TS &
o JEY EPZES FET Utk RFCS} AE
g =R ZEE g 2.

- Real Time Streaming Protocol (RTSP) (RFC

2326)

- SDP: Session Description Protocol (RFC 2327)

- SIP: Session Initiation Protocol (RFC 2543)

- SAP: Session Announcement Protocol (RFC

2974)
-The Internet  Multimedia
Architecture (draft-ietf-mmusic-confarch-03.txt)

Conferencing

-A Message Bus for Local Coordination
(draft-ietf-mmusic-mbus-transport-03.txt)

- Describing session directories in SDP (draft-ietf-
mmusic-sdp-directory-type-01.txt)

- Conventions for the wuse of the Session
Description Protocol (SDP) for ATM Bearer
Connections (draft-ietf-mmusic-sdp-atm-02.txt)

- TCP-Based Media Transport in SDP (draft-ietf-
mmusic-sdp-tcpmedia-00.txt)

- SDP: Session Description Protocol (draft-ietf-

mmusic-sdp-new-00.txt)
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- SDP media alignment in SIP

4.5 PSTN and Internet Internetworking
(pint)

PINT(PSTN/Internet Interfaces) 7 1&E H
Y 284S QAst:  PSTN(Public Switched
Telephone Network) 23} Xu|AE A7) & %
d& 7. AF EW, Y FFEA Aol

PSINSE AR & Y2 7|8 ASPAER A
P %% xl % & 16k 3¢ 8 olefe PSTN

End -Users
Voice Access}

End -Users
(PC Access)

Network Providers

(2% 8) PSTNEZ} Internet f=2| =24

Content Service Providers

World Wide Web/interet

eyl AF&AE7F PSTN Blold &, Az gx
o 32 AA3EE 3= AMujAEA Click-to-
Dial- Back, Click-to-Fax, Click-to-Fax-Back, Web
access to voice content delivered over the PSTN 5-0]
Ak el & T A e} PSTN A5 AH|
2 S E(SCF: Service Control Function)7tol] & Q 3t
Service Support Transfer Protocol (SSTP)E 7 2] &h
t}. SSTP #2]E 9% SSTP MIBE A 9J3lx, o|+=
SNMP Z2EFE  WEth  PSTN/Internet
Inter-Networking, SSTP, SSTP MIB 50| #}&% o]
54 ddolH, RFC JHYl =Y ZEE U
3} 2t

- Toward the PSTN / Internet Inter- Networking :

Pre-PINT Implementations (RFC 2458)

- The PINT Service Protocol : Extensions to SIP
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and SDP for [P Access to Telephone Call
Services (RFC 2848)

- Management Information Base for the PINT
Services Architecture (draft-ietf-pint-mib-05.txt)

4.6 Service in the PSTN/IN Requesting
InTernet Service(spirits) '
SPIRITS(Services in the PSTN/IN Requesting
THIN, Intelligent Network)
EE FF73 (PSTN,Public Switched Telephone
Network)el] A IP UIE9] Zof 243 AMHl A2 A9

InTernet Services)= ]%

a7] 9gt #7383l IY S S33tHs). SPIRITSY
A2 PSTNING|A] IPHEY AR tdsiA A

¢+ e vMEAD 729 TEEZ gtk 1
& 9o)|A PSTN/INZ} InternetdE =d& Holt)h
SPIRITS ¥7 L&A+ ITU-T2 PSTN/ING &3}
IETFO] FHzte) 4% 582 24 Incoming Call
Notification(Internet Call Waiting), Internet Caller-1d
Delivery, Internet Call Forwarding and "Follow Me"
T 2 MHIXE AT AS BEE
SRR, A 2 ZA & T sk R o] ofg), o)l
E AFE Ao Y £5& FE3lst] My
2 F7tol e £

PSTNAN

Gewsy | b UACAUAS
SCH/SDT I s |—

SCP

Intemet

(I'roxy server)

liew sierver System

o

é@
)

o
T

g
[
AP AP J_ ] AH
L 3 2
1 1CW Subzcroe’s irews.l
1 Fhone end PC
F r-—L—l
! - Q)
Caier ALE, l (UACAIAS)
’ Y : | lj W Clierit System
]
1
.

(28 9) PSTN/ANZ} 1P| o5&

SPIRITSE= #-AFEE B4 #ldsluxl gl 97
29 IPTEL, MMUSIC, PINT, SIP¥} ITU-TS]
SGIZ 4% ¥ oo EFs} AL FParh

PSTNIA 243 Muj2=g 3] 3 = +
& 3 SPIRITS ZR2EZ Q7AMo] Uigh BE8}
Aol T3 ABY EYTES RFCE e 2
o}.
- Pre-Spirits Implementations of PSTN- initiated
Services (RFC 2995)
- The SPIRITS Architecture (draft-ietf-spirits-
architecture-00.txt)

4.7 Session Initiation Protocol(sip)
SIPE ITU-TS] H3239| iS5 E ZREZZA]
SEt T AMRRIET ] 7129 VoIP Au] A8t
gk o el thekgt MUl ag] & 4% ZREZCT
[9]. & SIPE peer-to-peer A| 198 EZ 2 EZo|n
E-mailzt fAb FAAA el 5 4ga
o] g3t A, ot &4
&8 AH|2E B EE Email, J2HE ojAY A
Hl2 58 AFLES $th X3 SIPE o] &3ty
AL AR o) A4 e S gaeto =y
AHEALS] B mhel Aulast X8 AAe
Fodgtn de FASL 9% B 320 P
A, 92 Fe A EH?ﬂ A, AL
e 22 Fey 715 S AFeE. SIP AM:
A

(same identifier) &

X}l‘“ el FE ‘?ii, AR s, J Adshd
3, Email 4 55 Ao 55 4 glon o

59 A3 4 38 Mo BE callo] AgHe
forking 7]%5& 433t}
SIP= HTTPY] %2 F-E& o] &3ta 37
o ZrEZS WA Hx
text-based ZZEZo|1 WA|A|e ZFE= W
(method)®} 1o i3 S92 FAEE Request/
Response &4]ojt}. SIP FZo| A A|2sls Wi
+ INVITE, ACK, CANCEL, BYE, REGISTER,
OPTION®] glom g%t Ao HTTPS} SAV517)
FAE Zte AR E d$gth SIP fAR] &4
< HTTP9} Y8t &e 9} vlv)2 A9 1 &y

1rrl
it
-
ox
DA -
i rlr [
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T-Zoltt.

lMETHOD Request-UR! SIP/ZAO‘ SIP/2.0 status reason !

Via: SIP/2.0/ protocol host.port
From: User 1 <sio:user!@source>
To: User 2 <sip:user2@destination>
Call~1D: localid@host

Cseq: seq# method

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

V=0

O=0rigin_user timestamp timestamp In IN4 host
C=IN IN4 media destination address

7=090

M=Media_type port RTP/AVP payload types

(28 10) SIP HIAIX] 2

SIP= AA User Agent} A2 FAHC SIP
User Agenty> S & caller) 7155 F3 s UAC
(User Agent Client)s} 422 "Kcallee) 715& 33t
= UAS (User Agent Server)® EF-¥ ) SIP An]
£ SIP Registrar, SIP Redirect Server, SIP Proxy
Server2 T3 @t} SIP Registrare SIP AF&-A}] &
29 58 we 5 s A4 53 71%¢ 99
t}. SIP Redirect Server= UACERE 543 83
& o FAze] AP EE Frolr] UACHA
Agsho 24 UACY) oA 343 238 3kl
Hol| SIP Proxy Server= UACE HFEje} 54% o
Ag wow Sxd AAARE e, 14
18 UACSI eiFe Aol ohieh 1 347 8

VolP 7|& 742 ¥

b
M
b
ofn
A
~

S votd AAA R Fol MuldA dEdtes
M UACS UAS 7155 3t Od 112 2 &
2 g Bl

HEelm|t]o] AA A e 2A48AY v
tlo] AHE $3307] 98 &%= IETF Transport
Area®] MMUSIC (Multiparty Muitimedia Session
Control) WG 1999\ 3¢ ol RFC 25432 SIP 3%

22 AA st r) o)&d] RFC 25438 Voice over IP
(VoIP)ell A& 4= gl Higte] A=A 71E
o] & FA5IHA VolP¢ 3% TZEFE o]
23+ 4 9l= RFC 2543 % 221 RFC 2543-bisc]]
S BE37L R Fol @A 2 7o
5k w=0]7} X8 F o]t} RFC 2543-bise A2 |
Ao g Frhe A god Y2 HaEs
Nz FFo2 AFHEL 84 RFCE TE5E A
2% d4A=E “RFC 2976, The SIP INFO Method"
o]t} INFO A& J4¢] ofd HXE, 17,
DIMF$} Z& Hlo)HE A%slr) 938 71%& Al
T3 2 el g4 FRH1n de F8 98
4e e 2ok
- SIP Caller Preferences and Callee Capabilities

(draft-ietf-sip-callerprefs-03.txt)

;S o

=

ZYZE

- The SIP Session Timer (draft-ietf-sip-session-
timer-02.txf)

- Third Party Call Control in SIP (drafi-ietf-sip-
3pee-01.txt)

-SIP Call Control Transfer (draft-ietf-sip-cc-
transfer-02.txt)

- SIP-H.323 Interworking Requirements (draft-ietf-
sip-h323-interworking-reqs-00.txt)

- SIP Extensions for Media Authorization (draft-
ietf-sip-call-auth-00.txt)

- SIP Extensions for Supporting Distributed Call
State (draft-ietf-sip-state-00.txt)

~ SIP Extensions for Caller Identity and Privacy
(draft-ietf-sip-privacy-00.txt)
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- draft-ietf-sip-manyfolks-resource-00.txt

- SIP Telephony Call Flow Examples (draft-ietf-
sip-call-flows-02.txt)

- SIP Telephony Service Examples (draft-ietf-sip-
service-examples-02.txt)

-SIP for Telephoes (SIP-T):
Architecture (draft-ietf-sip-t-context-01.txt)

Context and

4.8 Signaling Transport(sigtran)
Signaling Transport (sigtran) 97 &2 A3}

I S H&E wl Q.931, SS7 ISUP, MTP 2,
MTP 32} 2-& SS7 A28 & IP U ES Ao A
3171 ¢l L75 & signalling adaptation T35 2 &
3l Al1dE gzl gulEA Adsts T2
T2 EF3Fec10). B 47 288 Q.931, SS7
ISUP #|A]A] 5-¢] PSTN A|2d5 S IP I EH 2%
o mEZ AFdte WA S AEch P mxo
T A" AelEge], nltio] Alo]Ego] e
oto] Alo|Edlo] FEE Fo] st o]
g A5 RE AldE Aol|Egeld) ulr]ol
Ao Eglo] E& ult]o] ﬂ]o]Eg]o] ZEEY 7}
o Aadg @, vto] Al EgjelelA vjtio]
Aol Eglo] SEE2|7H] *llé%‘ A, Al2dy
AlEdelgt TE P kel TCAP
(Transaction Capability) A% 5°] %t} Signaling
Transport(sigtran) ¢17] 189 RFC9} eyl =g
EE v 2
- Architectural Framework for Signaling Transport
(RFC 2719)
- Stream Control Transmission Protocol (RFC
2960)
- SS7 MTP2 - User Adaptation Layer (draft-ietf-
sigtran-m2ua-06.txt)
- ISDN Q.921 - User Adaptation Layer (drafi-ietf-
sigtran-iua-09.txt)
- 887 MTP3 - User Adaptation Layer (M3UA)

o &
EE

(draft-ietf-sigtran-m3ua-05.txt)

- Stream  Control ~ Transmission  Protocol
Management Information Base using SMIv2
(draft-ietf-sigtran-sctp-mib-02.txt)

- Stream  Control
Applicability
applicability-03.txt)

- 857 SCCP-User Adaptation Layer (SUA) (draft-

ietf-sigtran-sua-04.txt)

Protocol
(draft-ietf-sigtran-

Transmission

Statement

- Telephony Signalling Transport over SCTP

applicability  statement (draft-ietf-sigtran-
singnalling-over-sctp-applic-02.txt)
- 887 MTP2-User Peer-to-Peer Adaptation Layer

(draft-ietf-sigtran-m2pa-01.txt)
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- E.164 number and DNS (RFC 2916)

- ENUM Requirements (draft-ietf-enum-rqmts-01.
txt)

- The Number Portability Supplemént to ITU-T
Recommendation E.164 (draft-ietf-enum-e164s2-
np-00.1xt)

- ENUM Service Specific Provisioning: Principles
of Operation (draft-ietf-enum-operation-01.txt)

- Number Portability in the GSTN: An Overview
(draft-ietf-enum-e164-gstn-np-00.txt)
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TIPHON 1 | Requirements, charging, security
TIPHON 2 | Architecture models and interface
TIPHON 3 Call control matters

TIPHON 4 | Naming & Address translation issues
TIPHON 5| Quality service aspects

Verification, demonstaration,
Implementation

TIPHON 7| Wireless, Mobility aspects

TIPHON 8| TIPHON Security
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