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for ENUM, Specifying the port number for DNS,
modification the codition related to fault detection
and restoration detection, and editorial Correction
for the value of the SIP_DISPLAYNAME.
Reference update to 3GPP release-16 specifications,
Editorial Corrections, and reference updates.
English Edition, Version 9.0 | May 20, 2021 Correction of the description related to 30x SIP
response, setting of Callig party’s category for
international calls without valid Calling party
number, clarification on setting condition of "isub-
encoding" tel URI parameter, Modification of 200
OK message coding examples following PRACK
message, modification of message coding examples
related to History-Info header field, modification of
OPTIONS message coding examples, and
Reference version updates.

3. References
3.1. Normative references
The following documents are the latest version of normative references at the time of publication. All the references may

be revised with technical change(s). This Standard provides clarifications on the signalling requirements in conformance
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with the following normative references. Therefore, careful analysis of the technical impact on this Standard is required
when updating a version of an existing normative reference.

[TS 23.003]

[TS 24.229]

[TS 29.165]

[77-90.10]

[J1-90.27]

[11-90.28]

[17-90.31]

[J1-90.32]

[T-Q763]

[T-Y1221]

[TS-1008]

[TS-1018]

"Numbering, addressing and identification", TTC specification TS-3GA-23.003(Rell6)v16.3.0, The
Telecommunication Technology Committee, October 2020.

"IP multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description
Protocol (SDP); Stage 3", TTC specification TS-3GA-24.229(Rell16)v16.6.0, The Telecommunication
Technology Committee, October 2020.

"Inter-IMS Network to Network Interface (NNI)", TTC specification TS-3GA-29.165(Rel16)v16.3.0, The
Telecommunication Technology Committee, October 2020.

"Inter-Carrier Interface based on ISUP", TTC standard JJ-90.10 version 7.1, The Telecommunication
Technology Committee, September 2006.

"Technical Specification on SIP Network-to-Network Interface (NNI) for Communication Diversion
(CDIV)", TTC standard JJ-90.27 version 8, The Telecommunication Technology Committee, May 2021.

"Network-to-Network Interface (NNI) specification for emergency calls", TTC standard JJ-90.28 version 4,
The Telecommunication Technology Committee, May 2021.

"Common interconnection interface for carrier ENUM", TTC standard JJ-90.31 version 5, The
Telecommunication Technology Committee, November 2020.

"Common interconnection interface for SIP domain name resolution based on DNS", TTC standard JJ-
90.32 version 4, The Telecommunication Technology Committee, May 2021.

"ISUP formats and codes", TTC standard JT-Q763 version 21.1, The Telecommunication Technology
Committee, September 2006.

"Traffic control and congestion control in IP based networks", TTC standard JT-Y1221 version 2, The
Telecommunication Technology Committee, February 2013.

"Technical Specification on ISDN Calling and Called Party Subaddress Information Transferring", TTC
Technical Specification TS-1008 version 2, The Telecommunication Technology Committee, October 2014.

"Technical Specification on SIP interface for CUG/PNP", TTC Technical Specification TS-1018 version 7.0,
The Telecommunication Technology Committee, May 2021.

3.2. Normative references (TTC standards based on IETF RFCs)

The following documents are TTC standards based on the standards developed by IETF, referenced in this Standard.

[RFC 2474]

[RFC 2597]

[RFC 3261]

[RFC 3246]

[RFC 3323]

[REC 3550]

[RFC 3551]

"Definition of the Differentiated Services Field (DS Field) in the IPv4 and IPv6 Headers", TTC standard
JF-IETF-RFC2474, The Telecommunication Technology Committee, May 2009.

"Assured Forwarding PHB Group", TTC standard JF-IETF-RFC2597, The Telecommunication Technology
Committee, May 2010.

"Session Initiation Protocol”, TTC standard JF-IETF-RFC3261, The Telecommunication Technology
Committee, June 2005.

"An Expedited Forwarding PHB (Per-Hop Behaviour)", TTC standard JF-IETF-RFC3246, The
Telecommunication Technology Committee, May 2010.

"A Privacy Mechanism for the Session Initiation Protocol (SIP)", TTC standard JF-IETF-RFC3323, The
Telecommunication Technology Committee, June 2005.

"RTP: A Transport Protocol for Real-Time Applications”", TTC standard JF-IETF-RFC3550, The
Telecommunication Technology Committee, August 2018.

"RTP Profile for Audio and Video Conferences with Minimal Control", TTC standard JF-IETF-STD65, The
Telecommunication Technology Committee, June 2005.
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[RFC 3966]

[RFC 4458]

[RFC 4566]

[REC 4694]

[RFC 4715]

[RFC 4733]

[RFC 5009]

[REC 7044]

[RFC 7131]

[RFC 7315]

[REC 7913]

[RFC 8119]

[REC 8496]

"The tel URI for Telephone Numbers", TTC standard JF-IETF-RFC3966, The Telecommunication
Technology Committee, June 2005.

"Session Initiation Protocol (SIP) URIs for Applications such as Voicemail and Interactive Voice Response
(IVR)", TTC standard JF-IETF-RFC7131, The Telecommunication Technology Committee, August 2006.

"SDP: Session Description Protocol", TTC standard JF-IETF-RFC4566, The Telecommunication
Technology Committee, March 2007.

"Number Portability Parameters for the "tel" URI", TTC standard JF-IETF-RFC4694, The
Telecommunication Technology Committee, November 2007.

"The Integrated Services Digital Network (ISDN) Subaddress Encoding Type for tel URI", TTC standard
JF-IETF-RFC4715, The Telecommunication Technology Committee, March 2007.

"RTP Payload for DTMF Digits, Telephony Tones, and Telephony Signals", TTC standard JF-IETF-
RFC4733, The Telecommunication Technology Committee, May 2009.

"Private Header (P-Header) Extension to the Session Initiation Protocol (SIP) for Authorization of Early
Media" TTC standard JF-IETF-RFC5009, The Telecommunication Technology Committee, May 2017.

"An Extension to the Session Initiation Protocol (SIP) for Request History Information", TTC standard JF-
IETF-RFC7044, The Telecommunication Technology Committee, November 2014.

"Session Initiation Protocol (SIP) History-Info Header Call Flow Examples", TTC standard JF-IETF-
RFC7131, The Telecommunication Technology Committee, November 2014.

"Private Header (P-Header) Extensions to the Session Initiation Protocol (SIP) for the 3GPP", TTC standard
JE-IETF-RFC7315, The Telecommunication Technology Committee, August 2018.

"P-Access-Network-Info ABNF Update", TTC standard JF-IETF-RFC7913, The Telecommunication
Technology Committee, August 2018.

"Session Initiation Protocol (SIP) Cause URI parameter for Service Number translation", TTC standard JF-
IETF-RFC8119, The Telecommunication Technology Committee, August 2017.

"P-Charge-Info: A Private Header Field (P-Header) Extension to the Session Initiation Protocol (SIP)",
TTC standard JF-IETF-RFC8119, The Telecommunication Technology Committee, May 2019.

3.3. Non-normative references

The following documents are non-normative references, referenced in this Standard.

[TS 24.628]

[TS 26.114]

[TS 29.162]

[TS 29.163]

[IR.34]

[IR.92]
[JT-Q3402]

"Common Basic Communication procedures using IP Multimedia (IM) Core Network (CN) subsystem;
Protocol specification”, TTC specification TS-3GA-29.628(Rell6)v16.2.0, The Telecommunication
Technology Committee, October 2020.

"[P Multimedia Subsystem (IMS); Multimedia telephony; Media handling and interaction”, TTC
specification TS-3GA-26.114(Rell16)v16.6.0, The Telecommunication Technology Committee, October
2020.

"Interworking between the IM CN subsystem and IP networks", TTC specification TS-3GA-
29.162(Rel16)v16.0.0, The Telecommunication Technology Committee, October 2020.

"Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and Circuit Switched (CS)
networks", TTC specification TS-3GA-29.163(Rell6)v16.4.0, The Telecommunication Technology
Committee, October 2020.

"Guidelines for IPX Provider networks (Previously Inter-Service Provider IP Backbone Guidelines)",
GSMA IR.34 Version 13.0, October 2016.

"IMS Profile for Voice and SMS", GSMA IR.92 Version 9.0, April 2015.
"NGN UNI Signalling Profile (Protocol Set 1)", TTC standard JT-Q3402 version3, The
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Telecommunication Technology Committee, May 2015.

[TR-1014] "General overview of NGN architecture", TTC Technical Report TR-1014 version 1, The
Telecommunication Technology Committee, June 2006.

4. Industrial Property

The status of the "IPR Licensing Statement" submission is provided on the TTC web site.

5. Responsible Working Group

Signalling Working Group
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1. Overview

1.1. Scope

[TS 29.165] specifies the Inter-IMS Network to Network Interface (II-NNI) between IMS networks. Based on
[TS 29.165], this Standard specifies the Network to Network Interface between the IMS networks commonly used within
Japan.

Figure 1.1-1 illustrates the II-NNI-related architecture diagram given in Subclause 5.1 of [TS 29.165].

P ~ Js-CSCFf =|I-CSCF| |BGCF| | [BGCF| [I-CSCFf=S-CSCF[__~ "~ "~~~ l
| - \ : < < T 7 Il S _ |
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Y L \ \
TRF TF § TF | Y TRF
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= Bearer AS IM CN subsystem network A i IM CN subsystem network B AS

Figure 1.1-1/ JJ-90.30: II-NNI between IMS networks

This Standard specifies the non-roaming II-NNI between the IMS home network on originating side (IMS home network
A) and terminating side (IMS home network B). Figure 1.1-2 illustrates the II-NNI traversal scenario given in Clause 4
of [TS 29.165].

NOTE 1: The II-NNI specifications for the roaming and the emergency calls are outside the scope of this Standard,
while these specificasions are inside the scope of [TS 29.165]. [JJ-90.28] specifies the I1-NNI
specifications for emergency calls in Japan.

NOTE 2: This Standard does distinguish mobile IMS networks from fixed IMS networks unlike [TS 29.165], if
necessary.

NOTE 3: In this Standard, "II-NNI" represents the non-roaming 11-NNI.

request on
non-roaming II-NNI

~
. v
non-roaming II-NNI
1

IMS home IMS home

network A I network B
visited-to-home home-to-visited
request on request on
roaming II-NNI AN roaming II-NNI
roaming II-NNI |—f— =% | roaming II-NNI

IMS visited
network Y

IMS visited
network X

Figure 1.1-2 / JJ-90.30: II-NNI traversal scenario
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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 II-NNI.

The references to the option item tables relating to the selectable items as the interconnection conditions are enclosed in
"{H and l’}l’.

1.3. Contents

This Standard specifies national supplementary specifications against [TS 29.165] within the scope described in
Subclause 1.1 of this Standard.

1.3.1. Mandatory signalling requirements

The mandatory signalling requirements on the II-NNI are described as follows. These requirements shall be followed by
an operator who implements an interconnection interface compliant to this Standard.

1) Supported I1-NNI traversal scenarios (Clause 3)
2) 11-NNI specifications
a) Layer 3 (Subclause 4.1)
b) Layer 4 (Subclause 4.2)
c) SIP/SDP (Subclause 4.3)
3) Clarifications of [TS 29.165] by means of option item selections (Annex a)

NOTE: Basically, the mandatory signalling requirements are described in the main body of this Standard;
however, to improve the readability, the mandatory signalling requirements could be described in a
normative annex.

1.3.2. Optional signalling requirements

The optional signalling requirements on the II-NNI are described as follows. The signalling requirements are applied
based on inter-operator agreements.

1) SIP/SDP signalling requirements on the 11-NNI
a) Subaddress (Annex b)
b) Bandwidth control (Annex c)
¢) Restoration detection using OPTIONS method (Annex d)
1.3.3. Informative items

The following information is described as a reference to achieve smooth interconnections. Note that this information is
not a normative specification.

1) List of option items (Appendix i)

2) SIP-ISUP interworking (Appendix ii)

3) Considerations on network operation and maintenance (Appendix iii)

4) Void

5) Procedures for termination of the precondition mechanism (Appendix v)

6) Procedures for converting multiple early dialogs to a single dialog (Appendix vi)

7) Examples of callflow and message coding (Appendix vii)
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8) SIP message generation considering the maximum length of SIP message (Appendix viii)

2. Terminologies and abbreviations

2.1. Terminologies

The terms and definitions in this Standard comply with [TS 29.165], [JJ-90.31] and [JJ-90.32].

2.2. Abbreviations

The abbreviations in this Standard comply with [TS 29.165]. Abbreviations used in this Standard are shown below.

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
ICID
II-NNI
IMS
101

1P
1Pv4
IPv6
ISDN
ISUP
MBMS
MCID
MCPTT
MGCF
MGW
MIME
MSRP
MTU

A SIP status-code in the range 180 through 189
3 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

IM CN subsystem Charging Identifier
Inter-IMS Network to Network Interface

IP 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
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MWI Message Waiting Indication

OIP Originating Identification Presentation
OIR Originating Identification Restriction
PHB Per Hop Behavior

PNM Personal Network Management

POI Point of Interface

PSAP Public Safety Answering Point

PSI Public Service Identity

PSTN Public Switched Telephone Network
RACF Resource and Admission Control Functions
RTCP Real-time Transport Control Protocol
RTP Real-time Transport Protocol

SCTP Stream Control Transmission Protocol
SIP Session Initiation Protocol

SDP Session Description Protocol

TIP Terminating Identification Presentation
TIR Terminating Identification Restriction
TCP Transmission Control Protocol

TRF Transit and Roaming Function

UDP User Datagram Protocol

UNI User to Network Interface

URI Uniform Resource Identifiers

3. Supported II-NNI traversal scenarios

The operator who implements an interconnection interface compliant to this Standard shall support the non-roaming II-
NNI between the two home IMS networks.

4. |I-NNI specifications
4.1. Layer 3

This Subclause specifies the conditions for the layer 3 interface.
4.1.1. IP version

The operator who implements an interconnection interface compliant to this Standard shall support IPv4 over the II-NNI.
The applicability of IPv6 shall be determined in the inter-operator agreements. {Appendix Table i.4-1 Item 1}

NOTE: The IPv4 fallback procedure when the applicable IP version is not match between originating and
terminating UE during the session establishment in the circumstance where both IPv4 and IPv6 are used
over the 11-NNI is described in Subclause 4.3.5.1.3.2 of this Standard.

The IP version applied for SIP message and media shall be same in the session.

4.1.2. Differentiated Services Code Point (DSCP)

The DSCP value shall be set as described in Table 4.1.2-1 for IP packets of SIP message and RTP packets of speech media
(m=audio) respectively as with [IR.34].

Annex Table 4.1.2-1 / JJ-90.30: Setting value of DSCP

Protocol IP Transport

PHB DSCP

RTP (m=audio) EF (NOTE 1) 101110 (NOTE 1)

SIP AF31 (NOTE 2) | 011010 (NOTE 2)

NOTE 1: The element conforms to [RFC 3246].

NOTE 2: The element conforms to [RFC 2597].

NOTE 3: It should be noted that the DSCP values defined in this Subclause need to be set despite the priority of
call (e.g., call from priority users, emergency call).
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4.2. Layer 4

The operator who implements an interconnection interface compliant to this Standard shall support UDP over the II-NNI
as a transport protocol for SIP. The port number to accept for SIP signalling using UDP shall be "5060".

In order to guarantee exchanging a SIP message of which size is larger than 1,300 bytes, IP fragmented UDP packet shall
be supported between the IMS networks.

NOTE: As mentioned in [RFC 3261], it is assumed that the Ethernet MTU of the interface between the IMS
networks is 1,500 bytes in this Standard.

4.3. SIP/SDP

4.3.1. SIP requests/responses

In this Standard, ACK/BYE/CANCEL/INVITE/PRACK/UPDATE/OPTIONS methods shall be supported over the II-
NNI, in accordance with Subclause 6.1.1.2 of [TS 29.165].

The applicability of MESSAGE/REFER/NOTIFY/SUBSCRIBE methods over the II-NNI and whether sending an
OPTIONS request outside an existing dialog from the its own network over the II-NNI are determined by the inter-
operator agreements. {Appendix Table i.4-3 Item 1, 2, 3, 4} {Appendix Table i.4-20 Item 2} The applicable SIP methods
shall not be changed during the established dialog.

In this Standard, OPTIONS method is applicable only for fault detection and restoration detection of the opposing IBCF.
The signalling requirements for the OPTIONS request and the response to the request are in accordance with Annex d of
this Standard. Domestic IMS operator's network shall be able to send a 200 (OK) response to the OPTIONS request
regardless whether the IMS operator applies restoration detection using OPTIONS method or not, in order to notify the
restoration of the IBCF which has been detected a fault.

The IMS network which implements an interconnection interface compliant to this Standard shall set an Allow header
field into an initial INVITE request and 18x/200 (OK) response corresponding to the initial INVITE request. Only the
mandatory SIP methods at the II-NNI in this Standard and the applicable SIP methods within a INVITE dialog which
determined in the inter-operator agreements (refer to Appendix Table 1.4-3 Item 1, 2) shall be included in the Allow header
field.

The SIP request and the response inside the existing dialog may include an Allow header field, then the Allow header
field shall include the SIP methods identical to the methods set in the Allow header field in the initial INVITE request or
200 (OK) response corresponding to the initial INVITE request. An example of an Allow header filed including only the
mandatory SIP methods at the II-NNI is shown below.

Allow: INVITE,ACK,BYE,CANCEL,PRACK,UPDATE
4.3.1.1. Conditions for sending back 503 (Service Unavailable) response

For fault detection and detouring, an IBCF in a terminating IMS network may send a 503 (Service Unavailable) response
to the initial INVITE request received from an originating IMS network, only when the IBCF is temporarily unable to
process the SIP request due to temporary overloading or fault. When the IBCF in the terminating IMS network receives
a 503 (Service Unavailable) response from a functional entity in its own network, the IBCF in the terminating IMS
network shall change the SIP response code from 503 (Service Unavailable) to 500 (Server Internal Error) prior to
forwarding the response to the originating IMS network.

4.3.1.2. Conditions for sending back 3xx response

The IMS network which implements an interconnection interface compliant to this Standard shall not send a 3xx response
to the initial INVITE request received from the originating IMS network.

4.3.2. Request-URI

Called party number is set to the Request-URI of the SIP request outside an existing dialog. The Request-URI shall be set
according to Subclauses in this Subclause, whether or not a called party number is a target number to be queried to carrier
ENUM. The PSI specified in [TS 23.003] shall not be populated in the Request-URI.

When a donor carrier of the called terminating number block provides carrier ENUM interface specified in [JJ-90.31], an
originating IMS network shall obtain a SIP domain name corresponding to a called party number by using the carrier
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ENUM interface. The details of carrier ENUM interface are determined in the inter-operator agreements.
{Appendix Table i.4-4 Item 1}

When a called party number is a target number to be queried to ENUM, an originating IMS network sends an ENUM
query to obtain a NAPTR resource record(s) corresponding to the target number via the carrier ENUM interface for
routing SIP request outside an existing dialog.

1) If the originating IMS network successfully obtained a NAPTR resource record(s), the Request-URI of the SIP
request outside an existing dialog shall be updated with the received NAPTR resource record(s). If the
originating IMS network obtains multiple NAPTR resource records, the NAPTR resource record used for
updating the Request-URI is selected based on the operator policy.

2) If the originating IMS network failed to obtain a NAPTR resource record(s), the originating IMS network may
forward the SIP request to the IMS network of the donor carrier of the called terminating number block, only if
the inter-operator agreement exists. {Appendix Table i.4-4 Item 2}

When a called party number is not a target number to be queried to carrier ENUM, an originating IMS network uses the
SIP domain name of a donor carrier corresponding to the called party number which is provisioned in the originating IMS
network, in order to route the SIP request outside an existing dialog.

4.3.2.1. URI scheme

The Request-URI of a SIP request outside an existing dialog shall be SIP URI.
4.3.2.2. telephone-subscriber part

The formats of the called party number are listed in Table 4.3.2.2-1.

Table 4.3.2.2-1/ JJ-90.30: Format of called party number

Format Application
+[Country code] [National number] International network calls
+81ABCDEFGHJ Regional fixed-line phone calls, IP phone calls (Category A)
+81CD177
+81A0CDEFGHJK Mobile/PHS/wire