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ABSTRACT

According as internet service diffusion is popularized by internet user's increase, internet telehpony technology is
becoming main issue of Internet Service Providers. Standardization issue about technologies related VoIP is discussed
keeping in step on market’s fast change and request in IETF. Specially, Standardizaiton is working through discussion on
MMUSIC WG, SIP WG, SIPPING WG about SIP that is proposed by the alternative of ITU-T's H.323. Therefore in this
Paper, introduce SIP standard that is established through several reconsideration revision works, and examine about

IETF’s trend for SIP based internet telephony service.
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Internet-Drafts :

- Session Initiation Protocol Extension for
Session Timer

- Session Initiation Protocol (SIP) Caller
Preferences and Callee Capabilities

- SIP Call Control - Transfer

- Guidelines for Authors of Extensions to the
Session Initiation Protocol! (SIP)

- SIP Extensions for Media Authorization

- Integration of Resource Management and SIP

- The Stream Control Transmission Protocol as a
Transport for for the Session Initiation Protocol The

- SIP Refer Method

- Internet Media Types message/sipfrag

- Session Initiation Protocol Extension for Instant
Messaging

- The

'Replaces’ Header

Session Inititation Protocol (SIP)

- Session Initiation Protocol Extension for
Registering Non-Adjacent Contacts

—~ The Session Initiation Protocol
Method

- DHCPv6 Options for SIP Servers

UPDATE

- Enhancements for Authenticated Identity
Management in the Session Initiation Protocol (SIP)

- Security Mechanism Agreement for SIP
Sessions

- The Reason Header Field for the Session
Initiation Protocol

- The Referred-By Mechanism

- Private Extensions to the Session Initiation
Protocol (SIP) for Asserted Identity within Trusted
Networks

- A Privacy Mechanism for the Session Initiation
Protocol (SIP)

- Compressing the Session Initiation Protocol

- Session Initiation Protocol Extension Header
Field for
Registration

- Session Initiation Protocol Extension to Assure

Service Route Discovery During

Congestion Safety

- A Mechanism for Content Indirection in SIP
Messages

- Internet Media Type message/sipfrag

- An Extension to the Session Initiation Protocol
(SIP) for Symmetric Response Routing

Request For Comments :

- The SIP INFO Method (RFC 2976)

- MIME media types for ISUP and QSIG Objects
(RFC 3204)

- SIP: Session Initiation Protocol (RFC 3261)

- Reliability of Provisional Responses in SIP
(RFC 3262)

- SIP: Locating SIP Servers (RFC 3263)

~ SIP-Specific Event Notification (RFC 3265)

- DHCP Option for SIP Servers (RFC 3361)

- Hypertext Transfer Protocol (HTTP) Digest
Authentication Using Authentication and Key

- Agreement (AKA) (RFC 3310)
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Internet-Drafts :

- SDP Source-Filters

- SDP: Session Description Protocol

- Grouping of media lines in SDP

- Connection-Oriented Media Transport in SDP

- Session Description and Capability Negotiation

~ RTCP attribute in SDP

-~ Key Management Extensions for SDP and
RTSP

- SDPng Transition (31708 bytes)

- Real Time Streaming Protocol (RTSP)

-~ Mapping of Media Streams to Resource
Reservation Flows

Request For Comments:

- Real Time Streaming Protocol (RTSP) (RFC
2326)

- SDP: Session Description Protocol (RFC 2327)

- SIP: Session Initiation Protocol (RFC 2543)

- Session Announcement Protocol (RFC 2974)

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

- A Message Bus for Local Coordiantion (RFC
3259)

- An Offer/Answer Model with SDP (RFC 3264)

- Support for IPv6 in SDP (RFC 3266)
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Internet-Drafts :

- Models for Multi Party Conferencing in SIP

- ISUP to SIP Mapping

- Mapping of ISUP Overlap Signalling to the
Session Initiation Protocol

- SIP Service Examples

- A Multi-party Application Framework for SIP

- Best Current Practices for Third Party Call
Centrol in the Session Initiation Protocol

~ Short Term Requirements for Network
Asserted Identity
- The Session Initiation Protocol (SIP) and

Session Description Protocol (SDP) static dictionary
for

- Signaling Compression (SigComp)

- A Message Summary and Message Waiting
Indication Event Package for the Session Initiation
Protocol (SIP)

= Requirements for Content Indirection in Session
Initiation Protocol (SIP) Messages

~ NAT and Firewall Scenarios and Solutions for
SIP
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- A Session Initiation Protocol (SIP) Event
Package for Dialog State

~ A Session Initiation Protocol (SIP) Event
Package for Conference State

- Session Initiation Protocol PSTN Call Flows

- Session Initiation Protocol Basic Call Flow
Examples

- Session Initiation Protocol Torture Test
Messages

- SIP Generic Request History Capability
Requirements

- Authentication, Authorization and Accounting
Requirements for the Session Initiation Protocol

- 3rd-Generation Partnership Project (3GPP)
Release 5 requirements on the Session Initiation
Protocol (SIP)

Request For Comments :

- User Requirements for the Session Initiation
Protocol (SIP) in Support of Deaf, Hard of Hearing
and Speech-impaired individuals (RFC 3351)

- Session Initiation Protocol (SIP) for Telephones
(SIP-T): Context and Architectures (RFC 3372)
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