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JT-Q3401
NGN NNI Signalling Profile (Protocol Set 1)

I .<Overview>

This Recommendation contains a service—level profile, i.e. SIP/SDP interface
description, between two network operators (NNI signalling profile), where the two
different network operators may support different SIP/SDP profiles (i.e. they differ in
terms of the SIP extensions, SIP information elements, and SDP lines which are
supported). Transport-level profile, e.g. RTP, is described, as necessary as the media
are described in the service—level signalling.

Note: Specification of the interworking between the SIP/SDP profile contained in this
Recommendation and the SIP/SDP profiles in each operator’s network (i.e. the
functions contained inside the interworking entity/entities at the network boundary) is
out of scope of this Recommendation.

For the protocol set 1 of the NGN NNI signalling profile, this Recommendation covers
the voice band services, such as VoIP (audio, text, and so on), DTMF, and T.38 fax.

Note: Support for a mobility management interface is not supported in this version of

this interface. However, nomadicity of users between different networks is supported.

From ITU-T Q.3401(03/2007) © ITU-T
IO. <References>
1. Relation with international standards
This standard is based on ITU-T Q.3401 approved on March 2007 and ITU-T Q.3401

Amendment1 approved on February 2008.
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2.2 Definition of national matter items

None

2.3 Others
(1) TTC JT-Q3401 supplements ITU-T Q.3401 with the following items as annexes and
appendices
(a) Clarificaiton on the specifications, network options of the JT-Q3401 main body in
order to improve the interoperability between domestic NGN carriers.
This annex shows the clarifications in tables with the corresponding clause
number of the main body; follow the content of this annex in addition to the main
body.(Annex a)
(b) Clarification of SIP message settings. (Annex b)
(c) Calling line identification presentation. (Annex c)
(d) SDP non-transparency in early dialog. (Annex d)
(e) Unallocated number talkie as an example of a guidance/talkie service provided
from an originating NGN. (Annex e)
(f) Calling-party’ s category information. (Annex f)
(g) Considerations on congestion control. (Annex g)
(h) SIP-ISUP interworking rules for number-related information. (Annex h)
(i) Bandwidth control.(Annex i)
(i) Number translation history.(Annex j)
(k) Fallback procedure on different IP version. (Appendix i)
() Clarification of connection details when using TCP between NGNs. (Appendix ii)
(m) ISUP-to—SIP interworking rules for number portability. (Appendix iii)
(n) List of network options covering the whole parts: the main body, annexes and
appendices. (Appendix iv)
(o) Signalling rule tables of SIP messages and headers. (Appendix v)

(p) Examples of message flows. (Appendix vi)
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3. Change history

Versions Date Outline

1 Nov. 26, 2007 Established

2 May. 27, 2009 Incorporate Q.3401 Amendment1

3 May. 31, 2011 Revised to add the Bandwidth control

4 May. 24, 2012 Revised to add the Number Translation
History

5 May 23, 2013 Revised to extend the available
transport protocols

4. Working Group that developed this standard

Signalling Working Group
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vi.1.1. Call origination and disconnection from the originating side (IPv4, Use of
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vi.1.2. Call origination and disconnection from the terminating side (IPv4, Use of
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vi.1.3. Call cancellation (disconnection while ringing)

vi.1.4. Unallocated number

vi.1.5. Number translation/Communication Diversion

vi.1.5.1.

vi.1.5.2.

vi.1.5.3.

vi.1.5.4.

vi.1.5.5.

Number translation history(Advanced network Number presentation
allowed)

Number translation history(Advanced network Number presentation
restricted)

Number translation history(twice translation/Advanced network
Number presentation allowed)

Number translation history(Advanced network Number presentation
allowed)/Communication Diversion history(Redirecting Number
presentation allowed)

Number translation history(Advanced network Number presentation
restricted)/Communication Diversion history(Redirecting Number

presentation restricted)



