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I .<Overview>

This Recommendation specifies a service—level profile, i.e., SIP/SDP interface
description between a user and a network, and a transport—level profile, e.g., RTP.

For protocol set 1 of the NGN UNI profile, this Recommendation covers multimedia
(voice, video, and data) which include VoIP, multimedia telephony, DTMF, T.38 fax, and
multimedia ring back and ringing tones and announcements.

This Recommendation covers all terminal types, e.g., SIP residential gateway, SIP
phone, and SIP IP PBX. Therefore, the following UNI interfaces are specified:

- SIP residential gateway—to—service provider, where PSTN/ISDN terminals or IP
phones can be connected to residential gateway.

- SIP phone—to—service provider, where the SIP phone can be either a soft phone or a
hard phone implemented by IMS-based SIP specifications.

- SIP IP PBX-to—service provider, where the [P PBX can be either a proxy or B2BUA.

From ITU-T Q.3401(03/2007) © ITU-T
II. <References>
1. Relation with international standards

This standard is based on ITU-T Q.3402 approved on January 2008.

2. Departures with international standards
2.1 Selection of optional items

None.

2.2 Definition of national matter items

None
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(1) This standard added following annexes and appendixes to the above ITU-T
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(a) This is intended to clarify specification and option items based on the main text of

JT-Q3402 in order to enhance connectivity of SIP terminals that connects NGN

through UNL A list of items in tabular form which TTC clarifies specifications on

the main text of the standard and which are indexed by chapters and sections of

the main text are written as an Annex. Therefore, specifications on the annex

have priority over the ones on the main text in case of dupulicated descriptions
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3. Change history

Versions Date Outline
1.0 May. 27, 2009 Established
2.0 May. 31, 2011 Description correction of Bandwidth
control
3.0 May. 21, 2015 The reference for CUG/PNP is added.

4. Working Group that developed this standard

Signalling Working Group
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