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SIP (1)

|

=)\
_
N

\
"\

SIP I »:] :.
7 ) —d
o Request / Response |§/
SIP — D SIP (
( ) ( )
(LDAP

(proxy)
(

(redirect)

RFC3261: Session Initiation Protocol



SIP

SIP (2)

RFC3261

INVITE C->S MUST
ACK C->S MUST INVITE
OPTIONS C->S MUST
BYE C->S MUST (proxy)

SHOULD ( )
CANCEL C->S MUST (proxy)

SHOULD ( )
REGISTER C->S RECOMMENDED

RFC

INFO C->S (RFC2976)
PRACK C->S (RFC3262)
SUBSCRIBE C->S (RFC3265)
NOTIFY S->C (RFC3265)
UPDATE C->S (RFC3311)
MESSAGE C->S (RFC3428)
REFER C->S (RFC3515)

RFC3261: Session Initiation Protocol



SIP (3)

SIP ( ) .. HTTP/1.1
(Reason Phrases)
1xx S->C “100” . Trying
“180” :  Ringing
2XX S->C “200” : OK
3XX S->C “300” : Multiple Choices
“301” . Moved Permanently
“302” : Moved Temporarily
“305” . Use Proxy
AXX S->C “400” . Bad Request
“401” . Unauthorized
“403” :  Forbidden
“404” : Not Found
“407” . Proxy Authentication Required
S5XxX S->C “500” . Internal Server Error
“501” : Not Implemented
B6XX S->C “600” :  Busy Everywhere

RFC3261: Session Initiation Protocol



SIP (4)

SIP-URL

SIP

Sip : user @ host [ : port] (; url-parameters)

or SIP
NW

(Well-Known: 5060 )

sip: j.doe@big.com

sip: j.doe@big.com; transport=tcp

sip: j.doe@big.com; maddr=239.255.255.1; ttI=15

sip: +1-212-555-1212:1234@gateway.com;user=phone
sip: alice@register.com; method=REGISTER

/

RFC3261: Session Initiation Protocol



SIP (5)

SIP (1)
SIP-URL SIP/2.0

Request = Method Request-URI SIP-Version
* ( general-header | request-header | entity-header )

[ message-body ]

SIP/2.0

Response = SIP-version Status-Code Reason-Phrase
*( general-header | response-header | entity-header )

[ message-body ]

RFC3261: Session Initiation Protocol
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(2)

SIP (6)

general-header = Accept

| Accept-Encoding
| Accept-Language
| Call-ID

| Contact

| CSeq

| Date

| Encryption

| Expires

| From

|

Record-Route

request-header

= Authorization
Contact
Hide
Max-Forwards
Organization
Priority
Proxy-Authorization
Proxy-Require
Route
Require

Response-Key

response-header = Allow
| Proxy-Authenticate
| Retry-After
| Server
| Unsupported
| Warning
| WWW-Authenticate

entity-header = Content-Encoding

| Content-Length

| Timestamp Subject | Content-Type
| To User-Agent
| Via

message_body = Session Description (SDP: )

RFC3261: Session Initiation Protocol
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Client e

INVITE ( )

:

200 OK

T KA

(

_ ACK( )

BYE

4>

200 OK

RFC3261: Session Initiation Protocol
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(1)

C->S: INVITE sip:watson@boston.bell-tel.com SIP/2.0

Via: SIP/2.0/UDP kton.bell-tel.com

From: A. Bell <sip:a.g.bell@bell-tel.com>
To: T. Watson <sip:watson@bell-tel.com>
Call-ID: 3298420296 @kton.bell-tel.com
CSeq: 1 INVITE

Subject: Mr. Watson, come here.
Content-Type: application/sdp
Content-Length: ...

v=0
o=Dbell 53655765 2353687637 IN IP4 128.3.4.5
s=Mr. Watson, come here.
c=IN IP4 kton.bell-tel.com

m=audio 3456 RTP/AVP 0345 Spp

S->C: SIP/2.0 100 Trying

Via: SIP/2.0/UDP kton.bell-tel.com

From: A. Bell <sip:a.g.bell@bell-tel.com>

To: T. Watson <sip:watson@bell-tel.com> ;tag=37462311
Call-ID: 3298420296@kton.bell-tel.com

CSeq: 1 INVITE

Content-Length: 0

Client

RFC3261: Session Initiation Protocol

Server
INVITE ( )
—
100 Trying
4
180 Ringing
200 OK
x|
ACK ( )
BYE
200 OK




SIP (9)

(2)

S->C: SIP/2.0 180 Ringing

Client Server

Via: SIP/2.0/UDP kton.bell-tel.com INVITE ( )
From: A. Bell <sip:a.g.bell@bell-tel.com>

To: T. Watson <sip:watson@bell-tel.com> ;tag=37462311 100 Trying
Call-ID: 3298420296 @kton.bell-tel.com

CSeq: 1 INVITE

Content-Length: O 180 Ringing

S->C: SIP/2.0 200 OK
Via: SIP/2.0/UDP kton.bell-tel.com X B
From: A. Bell <sip:a.g.bell@bell-tel.com> ACK ( )
To: <sip:watson@bell-tel.com> ;tag=37462311
Call-ID: 3298420296 @kton.bell-tel.com

CSeq: 1 INVITE
Contact: sip:watson@boston.bell-tel.com
Content-Type: application/sdp

Content-Length: ...

<
200 OK
e

BYE
v=0

o=watson 4858949 4858949 IN |IP4 192.1.2.3
s=I'm on my way

c=IN IP4 boston.bell-tel.com

m=audio 5004 RTP/AVP 0 3 SDP

200 OK

RFC3261: Session Initiation Protocol



SIP (10)

(3)

C->S: ACK sip:watson@boston.bell-tel.com SIP/2.0

Client Server

Via: SIP/2.0/UDP kton.bell-tel.com INVITE ( )
From: A. Bell <sip:a.g.bell@bell-tel.com>
To: T. Watson <sip:watson@bell-tel.com> ;tag=37462311 100 Trying
Call-1D: 3298420296 @kton.bell-tel.com
CSeq: 1 ACK
180 Ringing
200 OK

ACK (

C->S: BYE sip:watson@boston.bell-tel.com SIP/2.0
Via: SIP/2.0/UDP kton.bell-tel.com <

From: A. Bell <sip:a.g.bell@bell-tel.com>

To: T. A. Watson <sip:watson@bell-tel.com> ;tag=37462311
Call-ID: 3298420296 @kton.bell-tel.com

CSeq: 2 BYE BYE

P~ 1 C

200 OK

RFC3261: Session Initiation Protocol



SIP (11)

A
= INVITE
-y
/<——_/—// S
[Tretree Iy ?>)\ i

\ INVITE
OK\

INVITE
REGISTER ( ) REGISTER
OK

. ?

Lid " @)
. r B R [Tretree Iy ?\
e N,
response OK
SIP

ACK



SIP (12)

INVITE
= INVITE 5
)
= 2=\
e a a (q}
By 9.
INVITE =
moved \INVITE y (e ?\)\
OK ; \\\\x 7
moved\ /
OK Vad N

INVITE
e SIP

INVITE
REGISTER (  )REGISTER
( ) moved /\

response

siP

ACK



A —
»
o]

/J\

AN

v

A

e —
()],

=

RTP

RFC2347: Session Description Protocol



SDP (2)

Session description v= (protocol version)
o= (owner/creator and session identifier).
s= (session name)

i=* (session information)

u=* (URI of description)

e=* (email address)

p=* (phone number)

c=* (connection information - not required if included in all media)
b=* (bandwidth information)

One or more time descriptions

z=* (time zone adjustments)

k=* (encryption key)

a=* (zero or more session attribute lines)

Zero or more media descriptions

Time description t= (time the session is active)

r=* (zero or more repeat times)

Media description m= (media name and transport address)

i=* (media title)

c=* (connection information - optional if included at session-level)
b=* (bandwidth information)

k=* (encryption key)

a=* (zero or more media attribute lines)

RFC2347: Session Description Protocol



SDP (3)

SDP

v=0 Version ( 0)
o=katto 844526 842807 IN IP4 133.9.250.196 | Origin ID

s=SDP Sample Session Name

I=SDP Sample Description Information

e=katto@waseda.jp (Jiro Katto) E-mail Address

c=IN1P4 224.2.0.1/127 Connection ( )
t=2873397496 2873404696 Time

a=recvonly Attributes ( )
m=audio 50100 RTP/AVP 0 Media ( RTP )
m=video 50102 RTP/AVP 96 Media ( RTP )
a=rtpmap:96 MP4V-ES/90000 Attribute ( )
a=fmtp:96 profile-level-id=1 Attribute ( )

RFC2347: Session Description Protocol



RTP

SDP (4)

PT encoding audio/video clock rate channels
(packet type) name (A/V) (Hz) (audio)
0 PCMU A 8000 1

2 G721 A 8000 1

3 GSM A 8000 1

8 PCMA A 8000 1

9 G722 A 8000 1

14 MPA A 90000

15 G728 A 8000 1

26 JPEG \% 90000

31 H261 \% 90000

32 MPV \% 90000

33 MP2T AV 90000

96 127 dynamic




SDP (5)

(MPEG-4 Visual )

/

Simple Profile/k‘evel 1, rate=90000 (90kHz)
m=video 49170/2 RTP/AVP 98
a=rtpmap:98 MP4V-ES/90000
a=fmtp:98 profile-level-id=1;config=000001B001000001B509000001000000012...

PT (96 127)

Core Profile/Level 2, rate=90000 (90kHZz)
m=video 49170/2 RTP/AVP 98
a=rtpmap:98 MP4V-ES/90000
a=fmtp:98 profile-level-id=34 ™ MIME / [/ ]

Advance Real Time Simple Profile/Level 1, rate=90000 (90kHz)
m=video 49170/2 RTP/AVP 98
a=rtpmap:98 MP4V-ES/90000
a=fmtp:98 profile-level-id=145




SDP (6)

« SDP

SIP (Session Initiation Protocol) (offer/answer)

RTSP (Realtime Streaming Protocol) (retrieval)

SAP (Session Announcement Protocol) (announcement)
MEGACO (Media Gateway Control Protocol) (gateway control)
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(2)

RTP (RFC1889)
v=2 [P x| ©°RC Im
SSRC
CSRC (list)
( )
CSRC CSRC  SSRC (  16)

CSRC SSRC



(3)

(RFC1889)

SSRC#1

SSRC#2 s:
SSRC#N /

MCU ( )

SSRC#M

]

v

NAT

SSRC#k



ITU-T H.323



H.323 ?

O 1996 H.323 Version 1
LAN

Visual Telephone Systems and Equipment for Local Area Networks
which provide a Non-guaranteed Quality of Service

O 1998 H.323 Version 2 Version 4

Packet-based Multimedia Communications Systems



ITU-T H.32X (1)

H.324/M

H . 320 / H . 324 / / ........... S T

Lo " H.323 Annex H,|




ITU-T H.32X (2)

ISDN

PHS

H.324

H.320

H.324/M

H.323 (over TCP/IP)

H.222 (MPEG2-TS)




H.323

© Q.931, H.245, RAS




H.323
N

(RAS: Registration,

Admission & Status)

RAS 3 IP ( - IP )
. (SIP )
. ( )

Q.931 H.323
H323-UUIE
. ( )
Q.931/H323-UUIE | e IP
e H.245 (IP + )
e H.245 ( ,
, H.245 )

H.32X
. ( )
. (RTP )

H.245
.
.
.




H.323

H.323 Packet-based multimedia communications systems

H.225.0 Call signalling protocols and media stream packetization for packet based multimedia

communication systems

. (Q.931)
o (RAS)
. (IETF RTP/RTCP)
H.245 Control protocol for multimedia communication
e H.32X (H.245)
H.248 Gateway Control Protocol
. H.323 (IETF MEGACO)
H.332 H.323 extended for loosely-coupled conferences
e H.323 (IETF SDP)
H.235 Security and encryption for H-Series (H.323 and other H.245 based) multimedia terminals
e H.32X
H.246 Interworking of H-Series multimedia terminals with H-Series multimedia terminals and

voice/voiceband terminals on GSTN and ISDN

e H.32X
G.72X °
H.26X °

T.12X J




H.323 Annex (1)

4
A H.245 messages used by H.323 endpoints
e H.323 H.245
B Procedures for Layered Video Codecs
. ( )
C H.323 on ATM
e ATM H.323
D Real-time Facsimile over H.323 Systems
. FAX
E Framework and Wire Protocol for Multiplexed Call Signalling Transport
e UDP (Faster Connect)
F Simple Endpoint Types
o H.323 (Fast Connect)




H.323 Annex (2)

S
G Text Simple Endpoint Type
.
H User, Terminal and Service Mobility
e H.323 ( )
Packet based MM Telephony over Error Prone Channels
e H.323 ( )
J Secure Simple Endpoint Type
e Annex F
K HTTP based Service Control Transport Channel
L Stimulus Signaling in H.323
M Tunnelling of Signalling Protocols (QSIG/ISUP/DSS1) in H.323
N End to End QoS Control and Signalling in H.323 systems
O Internet protocols and Technologies complementary to H.323
e IETF IPTEL
P Real-time Modem Relay over H.323 Systems
Q Far End Camera Control and H.281 / H.224
R Robustness Methods for H.323 Entities




H.225.0 Ahnex

4

A RTP/RTCP (RFC18809)

B RTP Profile (RFC1890)

C RTP Payload Format for H.261 Video Streams (RFC2032)

D RTP payload format for H.261A video streams (Annex C + 4 byte header)

E Video Packetization (RFC3016 + H.263)
o RTP (MPEG-4 Video + H.263)

F Audio and Multiplexed Packetization (RFC3016 + G.723.1, G.728, G.729, GSM,
G.722.1, TIA/EIA-136 ACELP, TIA/EIA-136 US1, IS-127 EVRC, H.223 MUX-PDU)
o RTP

G Communication Between Administrative Domains
.

H H.225.0 Message Syntax (ASN.1)
e H323-UUIE RAS ASN.1

I H.263+ Video Packetization (RFC2429)




H.245 Annex

H.245 Annex

A Messages: Syntax
e H.245 ASN.1
B Messages: Semantic Definitions
e H.245
C Procedures
e SDL
D Object Identifier Assignments
.
E ISO/IEC 14496-2 Capability Definitions
e MPEG-4 Visual GenericCapability
F Logical Channel Bit Rate Management Capability Definitions
o GenericCapability

SDL: Specification and Description Language
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 Direct Call Signalling / Direct H.245 Control

O O O

(register)

(translation)

(connect)

(negotiation)

(RAS)

(RAS)

1719

1719

(Q.931/H323-UUIE)

>

1720

(H.245)

>

dynamic port

(RTP/RTCP)

dynamic port

>

(register)

(translation)

(connect)

(negotiation)



(2)

 GK Routed Call Signalling / Direct H.245 Control

O O O

(register)

(translation)

(connect)

(negotiation)

(RAS)

(RAS)

1719

(Q.931)

1719

(Q.931)

<

> | <

1720

(H.245)

1720

>

<

>

dynamic port

(RTP/RTCP)

<

>

dynamic port

(register)

(translation)

(connect)

(negotiation)
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 GK Routed Call Signalling / GK Routed H.245 Control

O O O

(register)

(translation)

(connect)

(negotiation)

(RAS)

1719

(Q.931)

<

>

(H.245)

1720

<

dynamic

(RAS)

1719

(Q.931)

<

>

(H.245)

1720

(RTP/RTCP)

dynamic

>

dynamic port

(register)

(translation)

(connect)

(negotiation)
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PC -

- PC:

PC-GW: Direct Routed
PC-GK-GW: GK Routed

Direct Routed (

& GK Routed)



. IP (  -IP- )

S IP



« IP-VPN (IP-VPN-IP) 3

i

&L

IP VPN

VPN: Virtual Private Network



(7)

(3) Loosely Coupled (H.332)

(2) Distributed

(1) Centralized

Centralized
-

Distributed (receive only)

Multicast or
Multiple Unicasts

Multipoint Control Unit
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e H.248:
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IETF Megaco



SIP/SDP vs. H.323



SIP/SDP _ H.323 (1)

Vocaltec MS: NetMeeting

H.323

I Q.931/ H.245 W
. )

ISDN H.32X H.332 v
A
RTP H.248 (megaco)
A

I SIP / SDP W
. )

IETF

Mbone MS: Messenger
vic/vat/sdr 3GPP
AV




SIP/SDP _ H.323 (2)

SIP/SDP H.323
SIP
RAS
Q.931
= H.245
SDP

SIP



SIP/SDP _ H.323 (3)

Q.931/H.245/RAS: PER
SIP/SDP:

Q931/H245/RAS
(ITU-T)

SIP/SDP
(IETF)




SIP/SDP _ H.323 (4)

SIP

(1)
(2)
(3) Microsoft Messengaer 3GPP
(4) H.323 ( H.245)

H.323: PSTN H.32X
SIP: ( HTTP)
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ANM (

)

SIP-T
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183 Session Progress
with ACM

|
200 OK with ANM

-

SIP-T GW

B
SS7 /A
)
IAM ( ) \
ACM ( )
’
ANM ()

SIP-T GW



ENUM (1)

e DNS P
root
ENUM DNS
el64.arpa com, jp, uk, fr, ...
1.e164.arpa 4.4.el64.arpa E.164

@ @ PSTN
( )

3.3.el64.arpa

1.8.el64.arpa @
+1-(XXX)-yyy-zzzz

/ \ +81-(XXX)-yyy-z2zz

PHS

RFC 2916



ENUM (2)

(1) I=

ENUM SIP URI
+81-3-5286-nnnn n.n.n.n.6.8.2.5.3.1.8.el64.arpa URI ?
SIP URI ( )
n.n.n.n.6.8.2.5.3.1.8.el64.arpa  sip: foo@waseda.jp

DNS
(*.el64.arpa)

SIP

_-\

Q)
)
N

+81-3-5286-nnnn sip: foo@waseda.jp



ENUM (3)

(2) IP

ENUM
+81-3-5286-nnnn n.n.n.n.6.8.2.5.3.1.8.el64.arpa GW ?
n.n.n.n.6.8.2.5.3.1.8.el64.arpa 133.9.m.n

DNS

SIP

l

N

+81-3-5286-nnnn tel:+81-3-5286-nnnn
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SIP

SIP Express Router (SER)

http://www.iptel.org/ser/

Partysip SIP Proxy Server (partysip)
http://www.nongnu.org/partysip/partysip.html

SIP proxy/masquerading daemon (siproxd)

http://sourceforge.net/projects/siproxd/

SIP Implementations

http://www.cs.columbia.edu/~hgs/sip/implementations.htm|
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SDPng (2)

e Definitions:

<def>

<audio:codec nameencoding:"PCMU"

sampling="8000" channels="1"/>
<audio:codec name="audio-L16-moRo" encoding="L16"

sampling="44100" channgls="1"/>

<rtppt name::nrtp_avp_oll pt:llo" fOrmat>

<rtp:pt name="rtp-avp-11" pt="11" format="audio-L16-mono"/>

</def>



SDPnq (3)

» Configurations:

Definitions
<cfg>
<component name="interactive-audio" media="audio">
<alt name
<rtp:session format="rtp-avp-0">
<rtp:udp addr="224.2.0.53" rtp-port="7800" rtcp-port="7801"/>
</rtp:session>
</alt>
<alt name= AVP-audio-11">
<rtp:session format="rtp-avp-11">
<rtp:udp addr="224.2.0.53" rtp-port="7800" rtcp-port="7801"/>
</rtp:session>
</alt>
</component>
</cfg>




SDPng (4)

e Constraints:

Configurations

<constraints>
<par>
<use-alt refax:"5">
<use-alt ref="AVP-video-32" max="1">
</par>

</constraints>

AVP-audio-0 (PCMU) 5 AVP-video-32 (MPEG Video) 1



SDPnq (5)

» Session Attributes:

<conf>
<owner user="joe@example.com" id="foobar" version=
addrtype="I1P4" addr="130.149.25.97"/>
<session name="An SDPng seminar">
This seminar is about SDPng...
<info xlink:href="http://www.ietf.org/"/>
<contact xlink:href="mailto:joe @example.com"/>
<contact xlink:href="sip:joe @example.com"/>
</session>
<time start="3034423619" stop="3042462419">
<repeat interval="7d" duration="1h"/>
<repeat interval="7d" duration="1h" offset="25h"/>
</time>
<info name="interactive-audio" function="speaker">
Audio stream for the different speakers
</info>
</conf>



SDPnq (6) SIP/SDPng

INVITE sip:B@example.com SIP/2.0
From: A <sip:A@example.com>

To: B <sip:B@example.com>
Call-ID: 1234@hostA.example.com
CSeq: 1 INVITE

Client Server

Contact: <sip:UserA@192.168.1.1> INVITE ( )
Content-Type: application/sdpng —
Content-Length: 685 .
100 Trying

<def>

<audio:codec name="audio-basic" encoding="PCMU" sampling="8000" channels="1"/> -

<rtp:pt name="rtp-avp-0" pt="0" format="audio-basic"/> 180 Ringing
</def>
<cfg> 200 OK

<component name="interactive-audio" media="audio">
<alt name="AVP-audio-0">
<rtp:session format="rtp-avp-0"> ACK (
<rtp:udp role="receive" endpoint="A" addr="192.168.1.1" rtp-port="7800"/>
</rtp:session>
</alt>
</component>

</cfg> \

<conf>

addrtype="IP4" addr="192.168.1.1"/> BYE

<session name="SDPng questions">
</session> 200 OK
<info name="interactive-audio" function="voice">
Telephony media stream
</info>
</conf>




SDPng (7)

stream server
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MPEG-7 Semantic Web SDPng



