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JJ-90.30

Common interconnection interface between IMS operator's networks

l. <Overview>

1.1. Scope

[TS 29.165] specifies the Inter-IMS Network to Network Interface (11-NNI) between IMS
networks. This Standard specifies the Network to Network Interface between the IMS

networks commonly used within Japan.

1.2. Objective

This Standard is aimed to improve the interconnectivity between the IMS networks within
Japan by providing a common interpretation of the interconnection conditions using the
11-NNI.

The reference to the option item table relating to the selectable item as the interconnection

conditions are enclosed in "{" and "}".

1.3. Contents

This Standard specifies national supplementary specifications of [TS 29.165] within the
scope described in Subclause 1.1. This Standard distinguishes the specifications of the
non-roaming 11-NNI from those of the roaming II-NNI, as is the case with [TS 29.165].
Note that the term "1I-NNI" is used in this Standard if a specification is common to the

non-roaming 11-NNI and roaming 11-NNI.

1.3.1. Mandatory signalling requirements

The mandatory signalling requirements on the non-roaming I1-NNI and roaming I1-NNI are
described as follows. These requirements shall be followed by an operator who implements

an interconnection interface compliant to this Standard.

1) Supported II-NNI traversal scenarios (Clause 3)



2) FEr— I JII-NNIfEER 2) Non-roaming II-NNI specifications

a) LA V3BT HHE (R3C4.15D) a) Layer 3 (Subclause 4.1)
b) LA YAlTBIT 5 (A3C4.281) b) Layer 4 (Subclause 4.2)
¢) SIP/SDPIZEI4 54 (ASC4.351) ¢) SIP/SDP (Subclause 4.3)
3) A7V a VIEHEEIRIC L DTS 29.165)12 x5 FiE O B bIZ B3 5 F1H 3) Clarifications of [TS 29.165] by means of option item selections (Annex a)
(P& &k a)
132. ATV 2 OFHE 1.3.2. Optional signalling requirements

REEUE\ZHEML L 72 A o F 7 = — A CH AR 21T ) FEENFEEMHHIC L
SEEHTHHFRICOWT, Fied@VIEr—I 7 1I-NNL 2—3 > 7 1I-NNI

The optional signalling requirements on the non-roaming 11-NNI and roaming I1-NNI are

described as follows. The signalling requirements are applied based on inter-operator

AL TRtk 3 %, agreements.
1) B77 RLAOFIRICET2FE ((HB&EE b) a) Subaddress (Annex b)
2) HHIENCBET 5 FE (HEEE o) b) Bandwidth control (Annex c)
1.3.3. BB EH 1.3.3. Informative items
FIH B % AT 5 2o OB EEHR (LETIZRy) L LT, FitoEA % The following information is described as a reference to achieve smooth interconnections.
kI 5, Note that this information is not a normative specification.
1) A7 a EAER (D) 1) List of option items (Appendix i)
2) SIP-ISUPA > &Z T —2 (f4kii) 2) SIP-ISUP interworking (Appendix ii)
3) fRSFEMAICE T DR EEHE (R i) 3) Considerations on network operation and maintenance (Appendix iii)
4) HIHE T L — BT ATCPRIA (1§ iv) 4) TCP usage for control plane (Appendix iv)
5) 7V arTy 4 a rORKHFIR (fHkv) 5) Procedures for termination of the precondition mechanism (Appendix v)
6) BET —V—HF AT R OBE—FAT a s ~OEBRTIA (& vi) 6) Procedures for converting multiple early dialogs to a single dialog (Appendix vi)
7 —=Hr RS A =6 (8 vii) 7) Examples of callflow and message coding (Appendix vii)
1.4. FHEE W5 EE 1.4. Terminologies and abbreviations
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18x
3PCC
3PTY
3xx
4xx
5xx
6xX
ACR
AMR(-NB)
AMR-WB
AOC
CA
CAT
CCBS
CCNL
CCNR
CDIV
CONF
CRS
CuG
Cw
DNS
DSCP
DTMF
ECT
ENUM
FA
GRUU
HOLD
ICB

FEERT,

A SIP status-code in the range 180 through 189
3rd Party Call Control

Three-Party

A SIP status-code in the range 300 through 399
A SIP status-code in the range 400 through 499
A SIP status-code in the range 500 through 599
A SIP status-code in the range 600 through 699
Anonymous Communication Rejection
Adaptive Multi-Rate (- NarrowBand)

Adaptive Multi-Rate — WideBand

Advice Of Charge

Charge Area

Customized Alerting Tone

Completion of Communications to Busy Subscriber
Completion of Communications on Not Logged-in
Communication Completion on No Reply
Communication Diversion

Conference

Customized Ringing Signal

Closed User Group

Communication Waiting

Domain Name System

Differentiated Services Code Point

Dual Tone Multi Frequency

Explicit Communication Transfer

E.164 NUmber Mapping

Flexible Alerting

Globally Routable User agent URIs
Communication HOLD

Incoming Communication Barring
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1.4.1. Terminologies

The terms and definitions in this Standard comply with [TS 29.165], [JJ-90.31] and

[JJ-90.32].

1.4.2. Abbreviations

The abbreviations in this Standard comply with [TS 29.165]. As a matter of convenience,

abbreviations used in this Standard are shown below.

18x
3PCC
3PTY
3xx
4xx
5xxX
6xx
ACR
AMR(-NB)
AMR-WB
AOC
CA
CAT
CCBS
CCNL
CCNR
CDIV
CONF
CRS
CUG
CW
DNS
DSCP
DTMF
ECT
ENUM
FA
GRUU
HOLD
ICB

A SIP status-code in the range 180 through 189
31d Party Call Control

Three-Party

A SIP status-code in the range 300 through 399
A SIP status-code in the range 400 through 499
A SIP status-code in the range 500 through 599
A SIP status-code in the range 600 through 699
Anonymous Communication Rejection
Adaptive Multi-Rate (- NarrowBand)

Adaptive Multi-Rate — WideBand

Advice Of Charge

Charge Area

Customized Alerting Tone

Completion of Communications to Busy Subscriber
Completion of Communications on Not Logged-in
Communication Completion on No Reply
Communication Diversion

Conference

Customized Ringing Signal

Closed User Group

Communication Waiting

Domain Name System

Differentiated Services Code Point

Dual Tone Multi Frequency

Explicit Communication Transfer

E.164 NUmber Mapping

Flexible Alerting

Globally Routable User agent URIs
Communication HOLD

Incoming Communication Barring



ICID
II-NNI
IMS
101

1P
IPv4
IPv6
ISDN
ISUP

MBMS
MCID
MCPTT
MGCF
MGW
MIME
MSRP
MTU
MWI
OIP
OIR
PHB
PNM
POI
PSAP
PSI
PSTN
RACF
RTCP
RTP
SCTP
SIP
SDP
TIP
TIR
TCP
TRF
UDP
UNI

IM CN subsystem Charging Identifier
Inter-IMS Network to Network Interface
TP Multimedia Subsystem

Inter Operator Identifier

Internet Protocol

Internet Protocol Version 4

Internet Protocol Version 6

Integrated Services Digital Network
Integrated Services Digital Network (ISDN) User
Part

Multimedia Broadcast Multicast Service
Malicious Communication Identification
Mission Critical Push-To-Talk

Media Gateway Control Function
Media Gateway

Multipurpose Internet Mail Extension
Message Session Relay Protocol
Maximum Transmission Unit

Message Waiting Indication

Originating Identification Presentation
Originating Identification Restriction
Per Hop Behavior

Personal Network Management

Point of Interface

Public Safety Answering Point

Public Service Identity

Public Switched Telephone Network
Resource and Admission Control Functions
Real-time Transport Control Protocol
Real-time Transport Protocol

Stream Control Transmission Protocol
Session Initiation Protocol

Session Description Protocol
Terminating Identification Presentation
Terminating Identification Restriction
Transmission Control Protocol

Transit and Roaming Function

User Datagram Protocol

User to Network Interface
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11. Reference Information

1. Relationship to International Recommendations

This Standard conforms to TTC specification TS-3GA-29.165.

2. Change History

Version Date

Outline

Version 1.0 May 21, 2015

Published

Version 2.0 August 27, 2015

Addition of ENUM-SIP
interworking procedures,
SIP-1SUP interworking
procedures for number
portability information and
mandating support of
AMR-NB on the 1I-NNI
between mobile operator's

networks.

Version 2.1 September 11,2015

Revision

Version 3.0 May 26, 2016

Mandating the
Communication DIVersion
(CDIV) service, removing
the option item regarding the
SIP extension "join" and the
addition of the SIP routing
procedures and the setting

condition of Request-URI
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over the 11-NNI when
ENUM server(s) are out of

order.

Version 4.0

May 25, 2017

Limiting the IP version used
for control plane and user
plane, clarification of the
unavailable user identity,
mandating of authorization
of early media, reflecting
3GPP release-13
specifications into JJ-90.30,
mandating of setting of SDP
message body to initial
INVITE, mandating not
using of PSI, mandating cpc
parameter, specifying the
provision of communication
progress information, and
adding transcoding call flow
example between fixed and

mobile IMS network.

Version 4.1

June 5, 2017

Editorial correction of

Annex Table a.4.2.8

Version 5.0

August 29,2018

Added conditions of lower
layer of SIP/SDP IP packet

prioritization between IMS
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operator networks, support
condition of SIP method,
selection of the terminating
IBCF, setting conditions of
international calling party
number, signalling
conditions of
00XY/0ABO/1XY and
inter-operator accounting,
SDP setting conditions,
mandatory speech coded
between fixed and mobile
IMS networks, change
codecs and media direction
attribute of an established
media, method for providing
early media, monitoring for
extinction of RTP/RTCP
packet, and fault detection
and restoration detection for
SIP layer.

Clarified scope of this
Standard, SIP transport,
setting condition of hostport
part in Request-URI, DTMF

transport, applicability
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condition for
100rel/precondition, and
bandwidth control.

Added new Appendix of
procedure for converting
multiple early dialogs to a
single dialog and procedure
for termination of the
precondition mechanism and
updated related references.
Modified structure of whole

this Standard.
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