2005 9 10






\/olP(Voice over Internet Protocol)

=\/olP IP

IP









{19 | =

= |P [=

= |p










1.3 IP

= H.323

-1996  ITU-T(International Telecommunication
Union Telecommunication standardization: sector

[ )



10



1.3 IP

= S|P (Session Initiation Protocol)
- 1999  |[ETFE(Internet Engineering l'ask Force

[ )
- P

-HTTP FTP

11



1.3 IP

= H.248 [ MEGACO (MEdia GAteway: COntrol)
- 2000  ITU-T IETE
- 1999 IETF MGCP
- |P

MGCPR(Media Gateway: Control Pretecol)
- |

12






2.1 SIP

SIP(Session Initiation Protocol)

H.323 IP

HTTP ETP ON]

1999

IETE

14



2.1.1 SIP

UA(User Agent) SIP

UA

UAC(User Agent Client)
UAS(User Agent Server)
(proxy: server)

(redirect server)
UA
(register server)

(location senver)  UA
UA

15



UAC / UAS

2.1.1 SIP

1

UAS / UAC

]

i
I

L

16




= S|P
- SIP

iUAS)

- UAS

2.1.2 SIP

UAC

(UAC)



2.1.2 SIP

(method)
INVITE UAC UAS
ACK INAARR =
CANSEL
BYE
OPTIONS
REGISTER
INFO
100 Tirying
180 Ringing
20]0) OK
Z10]0) Bad Reguest

18



2.1.2 SIP

SIP

(IP

SIP

REGISTER
—

—
200 OK

19



2.1.2 SIP

UAC
INVITE
sasssssnnnnnnnnp
P
INVITE
180 Ringing 180 Ringing
e e E———————— e ——
200 OK 200 OK
ACK ACK
A ———————

SIP
)

UAS

s

20)



2.1.5 SIP

SDP
7 (Session
Description
6 Protocol)
SIP SYAVE RTSP RTP /RTCP
5 (Session (Session (Real-Time (Real-time
Initiation Announcement Streaming Transport
Protocol) Protocol) Protocol) [Control]
Protocol)
CP UDP

P

RIN| W] >

IntSeny DiffSenv

21




2.1.5 SIP

= SDP(Session Description Protocol)

- SIP

= SAP(Session Announcement Protocol)

- 224.2.127.254:965/
SDP

22



2.1.5 SIP

RTP / RTCP (Real-time Transport [Control] Protocol)
-H.323 SIP

RTP

RTSP (Real-Time Streaming Protecol)

23



2.2 ENUM

4P ISP
—
= ENUM(tElephene NUmber Mapping)
- DNS

= URI(Uniform Resource ldentifier)

- URI
TCP/IP URL(Uniferm
REsoeUrce: Locators) 21



2.2.1 ENUM

" 164
- ITU-T E.164
ENUM
11 15
: 1 3 1 (15 — CC)
cC Nole SN

+81-3-1234-5678

03-1234-5678



2.2.2. ENUN

_H }

>
\ DNS
=
ENUM DNS SIP IP URI
DNS SIP URI IP
SIP SIP IP URI
DNS IP P

26

SIP IP
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