JJ-90.22
EXE SIPRICHTHMIT 51— D F#REnE B S E TR

I.<#IE>

11, KRIBEQEFEE

AR (FII-9021[12)IZH T 5 EEESIPRTAZECHE T SBMA 51 —HIDIE
WrE ERAFTI—REBLTEYISER T HEEHSIPHESIPFS R MR AL D)IC
BRSNS,

12, AZEOEMEHATE

- KIBEL SIP FSRMASUTHAHEEE SIP L. (BEEEHRLTLVELGS
LEOMPELLLE L —FEDOBTERT A2 T—X(SIP EFRSELVEE
LT 51—4 ID [BFHREETIERT H-O0—RWEAVEIT—VET
JLIZDWTHRET %,

© RIBRELSIP SRR AU THHEEE SIP HLMBEDR T, FEERLT:
A—HICBET MG 51— ID BREFIATRELT 510D, F%EE SIP @
DNV IZEFEEEMEBEISDOVNTIRET %,

© KEBEESIPFSAM AU THLIEEESIPHENEE T H1—FITHLT,
JJ-90.10 (1] CHESNDHEEER (27— RZELTZISUPE TRt AT BE
TECLIP/CLIRFEHE DY —EREFED Y —EREIREAREL T 520D . BE
EHSIPHED NI IZEITDEERWLEERMEICDOVTRET %,

13.  AEZZEORNAE
AEZEZEFI NIHOEREHAICSVTHRG S I —FIDIEROEZEEIZITI=H
ICEEESIPRNE T REEREGS IVERA VAT —RAEHRERET S, K

JJ-90.22
Technical Specification on Network Asserted User Identity Information Transferring

through Provider’ s SIP Networks

I .<Overview>

1.1 Scope

This standard applies to a provider’ s SIP network (SIP trust domain) as specified in
JJ-90.21 [12] that wishes to send and receive network—asserted user identity

information specified in this standard via a connection interface.

1.2 Objectives and Provisions of this Standard

« This standard specifies a general interworking model for the appropriate sending
and receiving of network—asserted user identity information via a connection
interface (not necessarily SIP) between a provider’s SIP network (SIP trust
domain) and other provider’s network or user (including cases of indirect
connection).

+ This standard specifies specific behaviors at a provider’ s SIP network boundary
so that network—asserted user identity information related to the calling
(originating) user can be used between that provider’ s SIP network (SIP trust
domain) and other provider’ s network.

For users managed by a provider’ s SIP network (SIP trust domain), this standard
specifies specific Behaviors at a provider’ s SIP network boundary to enable the
provision of CLIP/CLIR services or equivalent as provided by an ISUP network

via an interconnect interface of the type specified in JJ-90.10 [11].

1.3 Contents of this Standard
This standard specifies the requirements and connection—interface conditions that a

provider’s SIP network must satisfy in order to appropriately send and receive
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network—asserted user identity information within the scope prescribed in Section 1.1.
This document is configured as follows.
Main body: Specifies the transfer model for the network—asserted user identity
information targeted by this standard.
+ Attached materials: Describes boundary processing at the connection interface
of a provider’ s SIP network by interface type.
Transfer of network—asserted user identity information in Interface A (Annex A)
Transfer of network—asserted user identity information in Interface B (Annex B)
Transfer of network—asserted user identity information in Interface C (Annex C)
+ Appendices: Provides reference information for the main body of the document
and attached materials.
Appendix 1: Cautionary notes on specifications for transferring network—-asserted
user identity information
Appendix 2: Guidelines on establishing new interface types
Appendix 3: Trustworthiness of network—asserted user identity information in

Interface B

1.4 Terminology

The terminology in this standard related to JFFIETF-RFC3261 [3] basically conforms
to Annex 1 of TR-1007 [14] and to JJ-90.21 [12].

The following defines major terms used in the main body, Annexes, and appendices of

this standard.

Inbound (direction)
The direction corresponding to the transfer of a signaling message from other
provider’s network to one’s own provider's SIP network; it is independent of

call-related (outgoing call, incoming call) direction.
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Outbound (direction)

The direction corresponding to the transfer of a signaling message from one’ s own
provider’ s SIP network to other provider’ s network; it is independent of call-related
(outgoing call, incoming call) direction.

Boundary

Signal node or node group positioned on the local network side at the boundary
between one’s own provider’s SIP network (local network) and other provider' s
network (including terminals).

Anonymous URI

URI used when one wants to make URI information anonymous. The specific format is
as follows as recommended by JF-IETF-RFC3323 [4].
sip:anonymous@anonymous.invalid

Notification/Restriction information

Information specifying whether a user is allowing or prohibiting the notification of its
network—asserted user identity information to another user receiving a signaling
message.

Network—asserted user identity information

In a trusted network, information describing the identity of a user that is asserted by
the network through authentication or other means (or verified by the network if
provided by the user). An example of network—asserted user identity information is an
E.164 [2] number that is reachable to the user.

SIP trust domain

A network consisting of trusted SIP nodes as defined in JF-IETF-RFC3324 [5]. A
provider’ s SIP network is not necessarily a SIP trust domain as specified in this
document.

Joint trust domain

An extension of a trust domain as specified in Section 2.1 in a protocol other than SIP.
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