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JJ-90.28

Network—-to—Network Interface (NNI) specification for emergency calls

I .<Overview>

1.1. Scope

This standard specifies the signalling requirements at the interface between an IMS
operator network providing emergency calls and an IMS operator network serving

PSAP and receiving emergency calls.

1.2. Purpose
This Standard is aimed to improve the interconnectivity by clarifying the signaling

requirements at the interface for emergency calls within Japan.

1.3. Contents

The main body of this standard specifies as below within the scope described in
Subclause 1.1.

1) The specifications for the specific interface for emergency calls against to
[JJ-90.30]. (Clause 3)

2) Examples of callflow and message coding for emergency calls as informative

(Appendix i)

2. Terminologies and abbreviations

The terminologies and abbreviations used in this standard conforms to [JJ-90.30].

Il .<Reference Information>
1. Relation to International Recommendations

There are no International Recommendations relating to this standard.
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[JU-90.30] "IMS BEEHEMREOMEEHKHBES2T7T—R", TTC F4 JJ-90.30
% 9 hR, HHRBERMEE S (The Telecommunication Technology
Committee), 2021 &£ 5 A

") T ENUM OHEEGEEECFT—R", TTC 2% JJ-90.31
¥ 5 bR, [EMBEHHTEE S (The Telecommunication Technology

Committee), 2020 &£ 11 A
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[RFC5031] "R a2 EICH IS5 —EX URN ORE", TIC E#
JF-IETF-RFC5031 5 1 M, BT H B E H T £ B & (The
Telecommunication Technology Committee), 2009 £ 5 B
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Telecommunication Technology Committee), 2017 £ 5 B
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JF-IETF-RFC7434 % 1 M, T H B E K W £ B & (The

Telecommunication Technology Committee), 2017 ££ 5 B

[RFC 7433]

[RFC 7434]
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2. Change history

Version Date Outline

1.0 May 23, 2019 | Published

2.0 May 21, 2020 | Updated the reference.

3.0 Nov 12, 2020 Updated the version humber of reference.
4.0 May 20, 2021 Updated the version number of reference.

3. References

3.1. Normative References
[JJ-90.30] “ Common interconnection interface Between IMS operator's networks
“ TTC standard JJ-90.32 version 9, The Telecommunication Technology
Committee, May 2021.

[JJ-90.31] “Common interconnection interface for carrier ENUM”, TTC standard
JJ-90.31 version 5, The Telecommunication Technology Committee, Nov

2020.

3.2 Informative Reference

[RFC 5031] “A Uniform Resource Name (URN) for Emergency and Other Well-Known
Services”, TTC standard JF-IETF-RFC5031, The Telecommunication
Technology Committee, May 2009.

[RFC 7433]

“A Mechanism for Transporting User—to—User Call Control Information in

SIP”, TTC standard JF-IETF-RFC7433, The Telecommunication

Technology Committee, May 2017.
[RFC 7434] “Interworking ISDN Call Control User Information with SIP”, TTC

standard JF-IETF-RFC7434, The Telecommunication Technology

Committee, May 2017.

4. Responsible Working Group



EERHEMEER

m<BXx>

<BE>

1. BEER

1.1, AFZHE D R EE B
1.2, RZEDBH

1.3. RZEDHENE

2. FEBREE

21, &

2.2. B

3. RABHMTOME A 27— 4k
3.1. Request-URI

3.2 Route ANy4&

3.2.1.  telephone—subscriber £

3.2.2. hostport &f

323.  SIPURI/S5A—%

33. &1l IBCF :ZIR A

34, EEHFSM—F

35. BEEa—ILIYY

351.  IBREBEI-IN\VIDREEESEM
352, BEEI—-ILNAYIDRT

3.6. R BEHERE

g i =7V R S AvE—TH

i1, BE
i.2. R BT ER (SAIED
i.3. BEEa—IL/\v ok (RAILIE)

3/3

Signalling Working Group

II.<Table of contents >

<{Reference>

1. Overview

1.1. Scope

1.2. Objective

1.3. Contents

2. Terminologies and abbreviations

2.1. Terminologies

2.2. Abbreviations

3. Interface specification for emergency calls
3.1. Request-URI

3.2 Route header

3.2.1. telephone—subscriber part

3.2.2. hostport part

3.2.3. SIP URI parameter

3.3. Selection of terminating IBCF

3.4. Unallocated (unassigned) number talkie
3.5. PSAP Callback

35.1. Calling party number presentation and restriction for PSAP Callback
3.5.2. Presentation for PSAP Callback

3.6. Forwarding of emergency calls

Appendix i Examples of callflow and message coding

i1, General
i.2. Emergency call (Call is released by originating side)
i.3. PSAP Callback (Call is released by originating side)



