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***** Next change *****
7.2
User Plane Transport

The user plane transport of the II-NNI may use the protocols listed in table 7.2.1. Protocols that use UDP, RTP, SCTP or TCP as the underlying transport protocol may be used based on agreements between operators. The used protocols to transport media are negotiated by means of the SDP offer/answer procedure specified in IETF RFC 3264 [146].

Table 7.2.1: Supported transport-level RFCs to be described in SIP/SDP messages

	Item
	RFC
	Title
	Support

	1
	IETF RFC 3550 [151]
	RTP: A Transport Protocol for Real-Time Applications
	Mandatory

	2
	IETF RFC 768 [152]
	User Datagram Protocol
	Mandatory

	3
	IETF RFC 3551 [153]
	RTP Profile for Audio and Video Conferences with Minimal Control
	Mandatory

	4
	IETF RFC 3556 [154]
	Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) Bandwidth
	Mandatory 

	5
	IETF RFC 4585 [155]
	Extended RTP Profile for Real-time Transport Control Protocol (RTCP) - Based Feedback (RTP/AVPF)
	Optional

(NOTE 1)

	6
	IETF RFC 793 [156]
	Transmission Control Protocol
	Optional

(NOTE 2)

	7
	IETF draft-ietf-mmusic-sctp-sdp [yyy]
	Stream Control Transmission Protocol (SCTP)-Based Media Transport in the Session Description Protocol (SDP)
	Optional

(NOTE 3)

	NOTE 1: Used by MTSI, as indicated in 3GPP TS 26.114 [11].

NOTE 2: Used for MSRP service.
NOTE 3: Used for data channel in telepresence using IMS, as indicated in 3GPP TS 24.103 [xxx].


***** Next change *****
2X
Telepresence using IMS
Based on inter-operator agreement, the procedure to support telepresence using IMS may be supported over the II-NNI.

NOTE:
Service requirement related to the procedure is available in subclause 7.10.2.2 of 3GPP TS 22.228 [9].

If the telepresence using IMS is supported, the procedures in 3GPP TS 24.103 [xxx] shall be applied and the capabilities below shall be provided at the II-NNI.

The "+sip.clue" header field parameter included in a Contact header field as described in 3GPP TS 24.103 [xxx] in the INVITE request or in the UPDATE request and in the 2xx response to the UPDATE request shall be supported at the II-NNI.

***** Next change *****
C.3.1
Option item table common to roaming and non-roaming II-NNI

This subclause describes the option item tables common to the roaming II-NNI, the loopback traversal scenario, and the non-roaming II-NNI.
Table C.3.1.1: SIP method (Common)

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	INFO method
	table 6.1/5A

table 6.1/5B
	Yes
	Info package name to use.

	
	
	
	
	

	
	
	
	No
	

	2
	MESSAGE method
	table 6.1/9A

table 6.1/9B
	Yes
	Inside or outside existing dialog, and content of MESSAGE request.

	
	
	
	
	

	
	
	
	No
	

	3
	REFER method
	table 6.1/16

table 6.1/17
	Yes
	Inside or outside existing dialog.

	
	
	
	
	

	
	
	
	No
	


Table C.3.1.1A: SIP overload control

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	SIP overload control
	table 6.1.3.1/106
subclause 21.1
	Yes
	Mechanisms to be used.

	
	
	
	
	Whether to exempt MPS from SIP overload controls.

	
	
	
	
	

	
	
	
	No
	

	2
	Feedback control
	table 6.1.3.1/107

subclause 21.2
	Yes
	Algorithm to be used if not default (see subclause 21.2).

	
	
	
	
	

	
	
	
	No
	

	3
	Event control
	table 6.1.3.1/108

subclause 21.3
	Yes
	Addresses to targets that can be supervised.

	
	
	
	
	

	
	
	
	No
	


Table C.3.1.2: Negotiation of resource reservation
	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Negotiation of resource reservation
(precondition)
	table 6.1.3.1/20
	Yes
	

	
	
	
	No
	


Table C.3.1.2A: Periodic refresh of SIP sessions

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	SIP session timer

(timer)
	table 6.1.3.1/45
	Yes
	Use conditions (Possible restriction on range of times and whether SIP session timer is applied in all sessions).

	
	
	
	
	


Table C.3.1.3: Replacing of SIP dialogs

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Replacing of SIP dialogs

(replaces)
	table 6.1.3.1/47
	Yes
	

	
	
	
	No
	


Table C.3.1.4: Session participation

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Session participation

(join)
	table 6.1.3.1/48
	Yes
	

	
	
	
	No
	


Table C.3.1.5: Conveying capabilities of UE

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Conveying capabilities of UE
	table 6.1.3.1/49
	Yes
	

	
	
	
	No
	


Table C.3.1.5A: Authorization of early media

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Authorization of early media
	table 6.1.3.1/69
	Yes
	

	
	
	
	No
	


Table C.3.1.6: Asserting the service of authenticated users

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Managing the indication of the asserted service

(P-Asserted-Service header field)
	table 6.1.3.1/77
	Yes
	Service identifier values to use.

	
	
	
	
	

	
	
	
	No
	


Table C.3.1.7: Mode of signalling

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Overlap signalling
	In-dialog method
	subclause 6.1.1.5
	Yes
	

	
	
	
	
	No
	

	
	
	Multiple-INVITE method
	
	Yes
	

	
	
	
	
	No
	


Table C.3.1.7A: SIP message bodies

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	MIME type
	subclause 6.1.4
	Yes
	MIME types to use.

	
	
	
	
	Applicable characteristics of the SIP message body MIMEs (i.e. the value(s) of Content-Disposition header field and Content-Language header field) if necessary.

	
	
	
	
	


Table C.3.1.7B: SIP message body size

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Limitation on maximum length of a SIP message body
	subclause 6.1.4
	Yes
	Maximum length accepted.

	
	
	
	
	

	
	
	
	No
	


Table C.3.1.8: Control Plane Transport

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	TCP
	subclause 6.2
	Yes
	Use conditions (e.g. port number to accept, number of simultaneous connections in case of reuse of the existing connections).

	
	
	
	
	

	
	
	
	No
	

	2
	UDP
	subclause 6.2
	Yes
	Use conditions (e.g. port number to accept).

	
	
	
	
	

	
	
	
	No
	

	3
	SCTP
	subclause 6.2
	Yes
	Use conditions (e.g. port number to accept).

	
	
	
	
	

	
	
	
	No
	


Table C.3.1.9: User Plane Transport, Media, and codec
	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Speech media (m=audio)
	subclause 7.1
	Yes
	Names of speech codecs to use. (NOTE 1, NOTE 2)

	
	
	
	
	

	2
	Video media (m=video)
	subclause 7.1
	Yes
	Names of video codecs to use. (NOTE 1, NOTE 2)

	
	
	
	
	

	
	
	
	No
	

	3
	Other media
	subclause 7.1
	Yes
	Media type (m=line of SDP) to use (e.g. application, image, message).

	
	
	
	
	

	
	
	
	No
	

	4
	RTP/AVPF
	subclause 7.2
	Yes
	Media type (m=line of SDP) that uses the protocol.

	
	
	
	
	

	
	
	
	No
	

	5
	Transmission Control Protocol
	subclause 6.1.2.1

subclause 7.2
	Yes
	Media type (m=line of SDP) that uses the protocol.

	
	
	
	
	

	
	
	
	No
	

	6
	Other user plane protocols
	subclause 7.2
	Yes
	Protocols to use (e.g. udptl, TCP/MSRP) and media types (m=line of SDP) that describe the protocols.

	
	
	
	
	

	
	
	
	No
	

	NOTE 1:
Codecs which are included in the applicable codec list made by inter-operator agreements are guaranteed to be supported at the II-NNI by the peer operators.
NOTE 2:
Whether it is allowed to offer codecs which are not included in the applicable codec list made by inter-operator agreements over the II-NNI is also determined by the inter-operator agreement if necessary.


Table C.3.1.10: Dual Tone Multi Frequency (DTMF)

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	DTMF transport
	"telephone-event" based DTMF transport
	subclause 7.1

table 6.1/5A

table 6.1/5B

subclause 12.14

subclause 12.15
	Yes
	

	
	
	
	
	No
	

	
	
	The SIP INFO mechanism
	
	Yes
	

	
	
	
	
	No
	


Table C.3.1.10A: Numbering, Naming and Addressing (Common)

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Subaddress

("isub" parameter)
	subclause 8.1
	Yes
	

	
	
	
	No
	


Table C.3.1.11: IP Version

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	IPv4
	clause 9
	Yes
	Use conditions (e.g. for control plane, for user plane).

	
	
	
	
	

	
	
	
	No
	

	2
	IPv6
	clause 9
	Yes
	Use conditions (e.g. for control plane, for user plane).

	
	
	
	
	

	
	
	
	No
	


Table C.3.1.12: Supplementary services (Common)

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Malicious Communication IDentification (MCID)
	subclause 12.2
	Yes
	Minimum information exchanged over the II-NNI.

	
	
	
	
	

	
	
	
	No
	

	2
	Originating Identification Presentation (OIP) and Originating Identification Restriction (OIR)
	subclause 12.3
	Yes
	

	
	
	
	No
	

	3
	Terminating Identification Presentation (TIP) and Terminating Identification Restriction (TIR)
	subclause 12.4
	Yes
	

	
	
	
	No
	

	4
	Anonymous Communication Rejection (ACR)
	subclause 12.5
	Yes
	

	
	
	
	No
	

	5
	Communication DIVersion (CDIV)
	subclause 12.6
	Yes
	

	
	
	
	No
	

	6
	Communication Waiting (CW)
	subclause 12.7
	Yes
	

	
	
	
	No
	

	7
	Communication HOLD (HOLD)
	subclause 12.8
	Yes
	

	
	
	
	No
	

	8
	Message Waiting Indication (MWI)
	subclause 12.9
	Yes
	

	
	
	
	No
	

	9
	Incoming Communication Barring (ICB)
	subclause 12.10.1
	Yes
	

	
	
	
	No
	

	9A
	Outgoing Communication Barring (OCB)
	subclause 12.10.2
	Yes
	

	
	
	
	No
	

	10
	Completion of Communications to Busy Subscriber (CCBS)
	subclause 12.11
	Yes
	

	
	
	
	No
	

	11
	Completion of Communications by No Reply (CCNR)
	subclause 12.12
	Yes
	

	
	
	
	No
	

	12
	Explicit Communication Transfer (ECT)
	subclause 12.13
	Yes
	Type of explicit communication transfer to support.

	
	
	
	
	

	
	
	
	No
	

	13
	Customized Alerting Tone (CAT)
	subclause 12.14
	Yes
	CAT model to use (Gateway model, forking model and early session model).

	
	
	
	
	

	
	
	
	No
	

	14
	Customized Ringing Signal (CRS)
	subclause 12.15
	Yes
	

	
	
	
	No
	

	15
	Closed User Group (CUG)
	subclause 12.16
	Yes
	

	
	
	
	No
	

	16
	Personal Network Management (PNM)
	subclause 12.17
	Yes
	

	
	
	
	No
	

	17
	Three-Party (3PTY)
	subclause 12.18
	Yes
	

	
	
	
	No
	

	18
	Conference (CONF)
	subclause 12.19
	Yes
	

	
	
	
	No
	

	19
	Flexible Alerting (FA)
	subclause 12.20
	Yes
	

	
	
	
	No
	

	20
	Announcements
	During the establishment of a session
	subclause 12.21.2
	Yes
	Methods for sending announcement.

	
	
	
	
	
	

	
	
	
	
	No
	

	
	
	During an established communication session
	subclause 12.21.3
	Yes
	Methods for sending announcement.

	
	
	
	
	
	

	
	
	
	
	No
	

	
	
	Providing announcements when communication request is rejected
	subclause 12.21.4
	Yes
	Methods for sending announcement.

	
	
	
	
	
	

	
	
	
	
	No
	

	21
	Advice of Charge (AOC)
	subclause 12.22
	Yes
	

	
	
	
	No
	

	22
	Completion of Communications on Not Logged-in (CCNL)
	subclause 12.23
	Yes
	

	
	
	
	No
	

	23
	Presence service
	clause 15
	Yes
	Presence services to use (3GPP TS 24.141 [132], OMA 1.1 [142] or OMA 2.0 [138]).

	
	
	
	
	

	
	
	
	No
	

	24
	Messaging service
	Page-mode messaging
	subclause 16.2
	Yes
	

	
	
	
	
	No
	

	
	
	Session-mode messaging
	subclause 16.4
	Yes
	

	
	
	
	
	No
	

	
	
	Session-mode messaging conferences
	subclause 16.5
	Yes
	

	
	
	
	
	No
	

	24A
	Delivery of original destination identity
	clause 22
	Yes
	Services to apply the function.

	
	
	
	
	

	
	
	
	No
	

	25
	Other additional service using other SIP extensions
	subclause 6.1.1.3.2

subclause 12.6
	Yes
	The SIP extensions to use and the service that uses the extensions.

	
	
	
	
	

	
	
	
	No
	


Table C.3.1.13: Additional functions (Common)

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Optimal Media Routeing
	clause 17
	Yes
	

	
	
	
	No
	

	2
	Applying forking (NOTE 1)
	table 6.1.3.1/5
	Yes
	Usage of Request-Disposition header field with value "no-fork". (NOTE 3)

	
	
	
	
	

	
	
	
	No

(NOTE 2)
	

	3
	Transfer of IP multimedia service tariff information
	subclause 11.3
	Yes
	The value of the Content-Disposition header field.

	
	
	
	
	

	
	
	
	No
	

	4
	Telepresence using IMS
	subclause 2X
	Yes
	The value of "+sip.clue" media feature tag in Contact header field.

	
	
	
	
	

	
	
	
	No
	

	NOTE 1:
Support of handling of forked responses and of the SIP Request-Disposition header field, is mandated on the II-NNI.

NOTE 2:
In case the operator interconnects with IMS non-compliant networks, and wishes to use the II-NNI anyway, then the operators might want to negotiate if the forking procedures are applicable.

NOTE 3:
The Request-Disposition header field with value "no-fork" can be used to suppress that forking occurs. However, a peer operator might require the usage of forking e.g. to implement certain services.


Table C.3.1.14: SDP lines

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	m=line
	subclause 6.1.2
	Yes
	Used static RTP payload type numbers.

	
	
	
	
	

	2
	b=line
	subclause 6.1.2
	Yes
	Used bandwidth modifier types.

	
	
	
	
	

	3
	a=line
	subclause 6.1.2
	Yes
	Used attributes.

	
	
	
	
	For the "rtpmap" attribute, used "encoding names".

	
	
	
	
	


Table C.3.1.15: Emergency services

	No.
	Option item
	References
	Applicability at the II-NNI
	Details for operator choice

	1
	Public Safety Answering Point (PSAP) Callback
	table 6.1.3.1/107
	Yes
	Used PSAP call indicator.

	
	
	
	
	

	
	
	
	No
	


***** End of change *****
