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JJ-90.24
Technical Specifications on Basic Call Interface for SIP Terminals Connecting with
Provider’s SIP Network

Overview
11. Scope
This standard describes recommended specifications for the processing and
behavior of SIP terminals connected to a provider”’s SIP network via a user call
interface (Interface B) for the network-connection architecture specified in
JJ-90.21 [14].
This standard does not prevent terminals connecting via Interface B from having
capabilities exceeding the scope of this standard. However, connectivity with

terminals conforming to this standard should always be taken into account.

12. Objectives and Provisions of this Standard

In conjunction with the implementation of SIP terminals, this standard aims to be:

- A implementation viable standard by providing a uniform interpretation of
the provisions covering connection conditions;

- A standard that can be commonly applied to connections with a
comprehensive provider SIP network that connects to diverse communication
business formats; and

- A standard that gives full consideration to connectivity with SIP user
agents (UA) that either beyond the scope of these provisions or do not strictly

observe them.

To meet the above objectives, the following provisions are specified:
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- Items covering the usage of SIP and its extended provisions as specified
in JF-IETF-RFC3261 [1] as call-control-signal conditions and registration-signal
conditions;

- Items covering media-capability conditions, SDP, and RTP as voice
media conditions ; and

- Items covering behaviour of SIP terminals in relation to other

establishment of a call and registration behaviour.

13. Contents of this Standard

The main body of this standard:

- Specifies behaviours at time of location registration (Section 4), at time
of outgoing (Section 5), at time of incoming (Section 6), and at time of call release
(Section 11) as provisions for connecting to a provider’s SIP network, and specifies
processing of record routes (Section 7) where needed;

- Specifies detailed behaviours in relation to 100rel (Section 8) and
session timer (Section 10) as function extensions whose implementation may be
necessary;

- Specifies behaviours needed for the offer/answer model to establish a
voice call (Section 10);

- Specifies behaviours for caller number display when making and receiving
a call as a provision for additional services (Section 12); and

- Specifies message format (Section 13).

Appendix : Provides sequence examples
Appendix  : Lists setting options in table form.
Appendix  : Describes the background to the making of this standard and its role.

Appendix iv: Describes the SDP setting examples for wideband codecs, etc.
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14. Terminology

Terms used in this standard are defined below.

AoR Address of Record. A character string in SIP Uniform Resource
Identifier (URI) format assigned to a user by the provider of the SIP
network and bound to a telephone number.

re-INVITE An INVITE request message sent during an existing dialog.

Offer An SDP Offer in the SDP offer/answer model specified in
JF-IETF-RFC3264 [3].

Answer An SDP Answer in the SDP offer/answer model specified in
JF-IETF-RFC3264 [3].

SIP proxy server address Address of a SIP proxy server that sends and
receives SIP messages so that SIP terminals can establish a session;
given in Fully Qualified Domain Name (FQDN) format or IPv4 address
format.

SIP registrar address Address of a SIP registrar that enables the provider’s SIP
network to dynamically accept a SIP terminal’s Register registration of
its location so that an Initial INVITE request can be forwarded with
respect to a specific AoR; given in FQDN format or IPv4 address format.

SIP terminal The generic name for terminal facilities equipped with a SIP
user agent for connecting with the provider”s SIP network and
communicating by voice. It is the target of this standard.

SIP UA An ordinary SIP user agent existing either inside or outside a provider”
s SIP network. SIP UA also represents SIP terminal.

Authentication request A request that includes an Authorization or
Proxy-Authorization header set with authentication credentials based
on the HTTP Digest authentication scheme.

Password A character string associated with a user name and used when

performing authentication by the HTTP Digest scheme.
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User The generic name for the SIP-terminal user (a human being or other
terminal facility connected to a telephone), or an upper-layer
application that takes control of a SIP UA.

User name A character string used when performing authentication by the HTTP
Digest scheme.

User resources The generic name for resources provided within a SIP

terminal to enable a user to perform call control or the sending/receiving
of voice media in SIP terminal (for example, a 2W analog interface in a
home gateway (GW) connected to a 2W analog telephone).

Location information  Position of a SIP UA on an IP network with respect to a

specific AoR at some instant in time. It is expressed in SIP URI format and
includes IP address and port number which are used for SIP message

destination
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i.5. 2 100rel timer UPDATE call/receive UPDATE used)

i.5 Connection Sequence 2: (call/receive 100rel not used, call/receive timer used,
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i.7. 4( 100rel timer UPDATE UPDATE not used, receive UPDATE used)
UPDATE ) i.7 Connection Sequence 4: (call/receive 100rel used, call/receive timer used, call

UPDATE used, receive UPDATE not used)

i.8. 5( 100rel timer timer ) i.8 Connection Sequence 5: (call/receive 100rel used, call timer not used, receive
timer used)
Content-Length: 0 i.9 Connection Sequence 6: (call/receive 100rel used, call timer

used, receive timer not used)

i.9. 6( 100rel timer timer ) i.9 Connection Sequence 6: (call/receive 100rel used, call timer used, receive timer
not used)
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i.11. 8  100rel 100rel i.11 Connection Sequence 8: (call 100rel used, receive 100rel not used)
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