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	Reason for change:
	Due to the security reasons SA3 specified the usage of the latest IETF RFCs for ICE, STUN and TURN within the eCryptPr work item:
· for ICE RFC 8445 and RFC 8839 are used instead of obsoleted RFC 5245;
RFC 5245 specified ICE procedures, and the SDP offer/answer specific details.
However, IETF decided to make the ICE procedures independent of the signaling protocol and therefore RFC 8445 specifies procedures that are common to all usages of ICE while RFC 8839 specifies how the ICE candidate exchange is used within SDP offer/answer exchange.

· for STUN RFC 8489 is used instead of obsoleted RFC 5389; and
· for TURN RFC 8656 used instead of obsoleted RFC 5766.
Furthermore, IPv6 privacy RFC 3041 which mandated the use of MD5 is replaced with RFC 8981 which mandates support of SHA-256. Note that RFC 3041 was obsoleted by RFC 4941 which was obsoleted by RFC 8981.

The same changes are needed in this specification.

RFC 8445, changes from RFC 5245:
-	Aggressive nomination removed.
-	The procedures for calculating candidate pair states and scheduling connectivity checks modified.
-	Procedures for calculation of Ta and RTO modified.
-	Active checklist and Frozen checklist definitions removed.
-	’ice2’ ICE option added.
-	IPv6 considerations modified.
-	Usage with no-op for keepalives, and keepalives with non-ICE peers, removed.
However, these changes do not impact the current text in TS 24.229.

RFC 8839, changes from RFC 5245:
-	SDP offer/answer realization and usage of 'ice2' option specified.
-	Definition and usage of SDP "ice-pacing" attribute.
-	Explicit text that an ICE agent must not generate candidates with FQDNs, and must discard such candidates if received from the peer agent.
-	Relax requirement to include SDP "rtcp" attribute.
-	Generic clarifications of SDP offer/answer procedures.
-	ICE mismatch is now optional, and an agent has an option to not trigger mismatch and instead treat the default candidate as an additional candidate.
-	FQDNs and "0.0.0.0"/"::" IP addresses with port "9" default candidates do not trigger ICE mismatch.
However, these changes do not impact the current text in TS 24.229.

RFC 8489, changes from RFC 5389:
-	Added support for DTLS-over-UDP [RFC 6347].
-	Made clear that the RTO is considered stale if there are no transactions with the server.
-	Aligned the RTO calculation with [RFC 6298].
-	Updated the ciphersuites for TLS.
-	Added support for STUN URI [RFC 7064].
-	Added support for SHA256 message integrity.
-	Updated the Preparation, Enforcement, and Comparison of Internationalized Strings (PRECIS) support to [RFC 8265].
-	Added protocol and registry to choose the password encryption algorithm.
-	Added support for anonymous username.
-	Added protocol and registry for preventing bid-down attacks.
-	Specified that sharing a NONCE is no longer permitted.
-	Added the possibility of using a domain name in the alternate server mechanism.
-	Added more C snippets.
-	Added test vector.
However, these changes do not impact the current text in TS 24.229.

RFC 8656, changes from RFC 5766:
-	IPv6 support.
-	REQUESTED-ADDRESS-FAMILY attribute.
-	Description of the tunnel amplification attack.
-	DTLS support.
-	Add support for receiving ICMP packets.
-	Updates PMTUD.
-	Discovery of TURN server.
-	TURN URI Scheme Semantics.
-	Happy Eyeballs for TURN.
-	Align with the changes in STUN RFC 8489.
However, these changes do not impact the current text in TS 24.229.

RFC 8981, changes from RFC 3041:
Changes from RFC 3041 to RFC 4941:
-	Excluded certain interface identifiers from the range of acceptable interface identifiers. Interface IDs such as those for reserved anycast addresses [RFC2526], etc.
-	Added a configuration knob that provides the end user with a way to enable or disable the use of temporary addresses on a per prefix basis.
-	Added a check for denial of service attacks using low valid lifetimes in router advertisements.
-	DAD is now run on all temporary addresses, not just the first one generated from an interface identifier.
-	Changed the default setting for usage of temporary addresses to be disabled.
-	The node is now allowed to generate different interface identifiers for different prefixes, if it so desires.
-	The algorithm used for generating random interface identifiers is no longer restricted to just MD5.
-	Reduced default number of retries to 3 and added a configuration variable.
-	Router advertisement (RA) processing algorithm is no longer included in the document, and is replaced by a reference to RFC 4862.
Changes from RFC 4941 to RFC 8981:
-	Addresses a number of flaws in the algorithm for generating temporary addresses. The aforementioned flaws include the use of MD5 for computing the temporary IIDs, and reusing the same IID for multiple prefixes.
-	Allows hosts to employ only temporary addresses. [RFC4941] assumed that temporary addresses were configured in addition to stable addresses. RFC 8981 does not imply or require the configuration of stable addresses; thus, implementations can now configure both stable and temporary addresses or temporary addresses only.
-	Removes the recommendation that temporary addresses be disabled by default. This is in line with BCP 188 ([RFC7258]) and also with BCP 204 ([RFC7934]).
-	Reduces the default maximum valid lifetime for temporary addresses (TEMP_VALID_LIFETIME). TEMP_VALID_LIFETIME has been reduced from 1 week to 2 days, decreasing the typical number of concurrent temporary addresses from 7 to 3.
-	DESYNC_FACTOR is computed each time a temporary address is generated and is associated with the corresponding temporary address, such that each temporary address has a statistically different preferred lifetime, and thus temporary addresses are not generated at any specific frequency.
-	Changes the requirement to not try to regenerate temporary addresses upon TEMP_IDGEN_RETRIES consecutive DAD failures from "MUST NOT" to "SHOULD NOT".
-	The discussion about the security and privacy implications of different address generation techniques has been replaced with references to recent work in this area ([RFC7707], [RFC7721], and [RFC7217]).
However, these changes do not impact the current text in TS 24.229.


	
	

	Summary of change:
	Specification of IPv6 privacy: RFC 3041 voided and replaced with references to RFC 8981.

Specification of STUN: RFC 5389 voided and replaced with references to RFC 8489.

Specification of TURN: RFC 5766 voided and replaced with references to RFC 8656.

Specification of ICE: RFC 5245 voided and replaced with references to RFC 8445 and RFC 8839.


	
	

	Consequences if not approved:
	Specification will not be aligned with the security requirements defined in SA3 TS 33.203.
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*** First Change ***
[bookmark: _Toc20147255][bookmark: _Toc27489131][bookmark: _Toc27491137][bookmark: _Toc35957823][bookmark: _Toc45204372][bookmark: _Toc51927879][bookmark: _Toc51929892][bookmark: _Toc91610406]2	References
The following documents contain provisions which, through reference in this text, constitute provisions of the present document.
-	References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.
-	For a specific reference, subsequent revisions do not apply.
-	For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.
[bookmark: ref21905][1]	3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[1A]	3GPP TS 22.101: "Service aspects; Service principles".
[1B]	3GPP TS 22.003: "Circuit Teleservices supported by a Public Land Mobile Network (PLMN)".
[1C]	3GPP TS 22.011: "Service accessibility".
[2]	3GPP TS 23.002: "Network architecture".
[bookmark: ref23003][3]	3GPP TS 23.003: "Numbering, addressing and identification".
[bookmark: ref23060][4]	3GPP TS 23.060: "General Packet Radio Service (GPRS); Service description; Stage 2".
[bookmark: ref23218][4A]	3GPP TS 23.107: "Quality of Service (QoS) concept and architecture".
[4B]	3GPP TS 23.167: "IP Multimedia Subsystem (IMS) emergency sessions".
[4C]	3GPP TS 23.122: "Non-Access-Stratum (NAS) functions related to Mobile Station (MS) in idle mode".
[4D]	3GPP TS 23.140 Release 6: "Multimedia Messaging Service (MMS); Functional description; Stage 2".
[5]	3GPP TS 23.218: "IP Multimedia (IM) Session Handling; IM call model".
[bookmark: ref23221][6]	3GPP TS 23.221: "Architectural requirements".
[bookmark: ref23228][7]	3GPP TS 23.228: "IP multimedia subsystem; Stage 2".
[bookmark: ref24008][7A]	3GPP TS 23.234: "3GPP system to Wireless Local Area Network (WLAN) interworking; System description".
[7B]	3GPP TS 23.401: "GPRS enhancements for E-UTRAN access".
[7C]	3GPP TS 23.292: "IP Multimedia Subsystem (IMS) Centralized Services; Stage 2".
[7D]	3GPP TS 23.380: "IMS Restoration Procedures".
[7E]	3GPP TS 23.402: "Architecture enhancements for non-3GPP accesses".
[7F]	3GPP TS 23.334: "IMS Application Level Gateway (IMS-ALG) – IMS Access Gateway (IMS-AGW) interface".
[7G]	3GPP TS 24.103: "Telepresence using the IP Multimedia (IM) Core Network (CN) Subsystem (IMS); Stage 3".
[8]	3GPP TS 24.008: "Mobile radio interface layer 3 specification; Core Network protocols; Stage 3".
[8A]	3GPP TS 24.141: "Presence service using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3".
[8B]	3GPP TS 24.147: "Conferencing using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3".
[8C]	3GPP TS 24.234: "3GPP System to Wireless Local Area Network (WLAN) interworking; WLAN User Equipment (WLAN UE) to network protocols; Stage 3".
[8D]	Void.
[8E]	3GPP TS 24.279: "Combining Circuit Switched (CS) and IP Multimedia Subsystem (IMS) services, stage 3, Release 7".
[8F]	3GPP TS 24.247: "Messaging service using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3".
[8G]	3GPP TS 24.167: "3GPP IMS Management Object (MO); Stage 3".
[8H]	3GPP TS 24.173: "IMS Multimedia telephony communication service and supplementary services; Stage 3".
[8I]	3GPP TS 24.606: "Message Waiting Indication (MWI) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[8J]	3GPP TS 24.301: "Non-Access-Stratum (NAS) protocol for Evolved Packet System (EPS); Stage 3".
[8K]	3GPP TS 24.323: "3GPP IMS service level tracing management object (MO)".
[8L]	3GPP TS 24.341: "Support of SMS over IP networks; Stage 3".
[8M]	3GPP TS 24.237: "IP Multimedia Subsystem (IMS) Service Continuity; Stage 3".
[8N]	3GPP TS 24.647: "Advice Of Charge (AOC) using IP Multimedia (IM) Core Network (CN) subsystem".
[8O]	3GPP TS 24.292: "IP Multimedia (IM) Core Network (CN) subsystem Centralized Services (ICS); Stage 3".
[8P]	3GPP TS 24.623: "Extensible Markup Language (XML) Configuration Access Protocol (XCAP) over the Ut interface for Manipulating Supplementary Services".
[8Q]	3GPP TS 24.182: "IP Multimedia Subsystem (IMS) Customized Alerting Tones (CAT); Protocol specification".
[8R]	3GPP TS 24.183: "IP Multimedia Subsystem (IMS) Customized Ringing Signal (CRS); Protocol specification".
[8S]	3GPP TS 24.616: "Malicious Communication Identification (MCID) using IP Multimedia (IM) Core Network (CN) subsystem".
[8T]	3GPP TS 24.305: "Selective Disabling of 3GPP User Equipment Capabilities (SDoUE) Management Object (MO)".
[8U]	3GPP TS 24.302: "Access to the Evolved Packet Core (EPC) via non-3GPP access networks; Stage 3".
[8V]	3GPP TS 24.303: "Mobility management based on Dual-Stack Mobile IPv6".
[8W]	3GPP TS 24.390: "Unstructured Supplementary Service Data (USSD) using IP Multimedia (IM) Core Network (CN) subsystem IMS".
[8X]	3GPP TS 24.139: "3GPP System-Fixed Broadband Access Network Interworking; Stage 3".
[8Y]	3GPP TS 24.322: "UE access to IMS services via restrictive access networks - stage 3".
[8Z]	3GPP TS 24.371: "Web Real Time Communication (WebRTC) Access to IMS".
[8ZA]	3GPP TS 24.525: "Business trunking; Architecture and functional description".
[8ZB]	3GPP TS 24.244: "Wireless LAN control plane protocol for trusted WLAN access to EPC; Stage 3".
[8ZC]	3GPP TS 24.337: "IP Multimedia (IM) Core Network (CN) subsystem IP Multimedia Subsystem (IMS) inter-UE transfer; Stage 3".
[8ZD]	3GPP TS 24.334: "Proximity-services (ProSe) User Equipment (UE) to Proximity-services (ProSe) Function Protocol aspects; Stage 3".
[8ZE]	3GPP TS 24.379: "Mission Critical Push To Talk (MCPTT) call control; Stage 3".
[8ZF]	3GPP TS 24.628: "Common Basic Communication procedures using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[8ZG]	3GPP TS 24.604: "Communication Diversion (CDIV) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[8ZH]	3GPP TS 24.174: "Support of multi-device and multi-identity in the IP Multimedia Subsystem (IMS); Stage 3".
[9]	3GPP TS 25.304: "User Equipment (UE) procedures in idle mode and procedures for cell reselection in connected mode".
[9A]	3GPP TS 25.331: "Radio Resource Control (RRC); Protocol Specification".
[9B]	3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction".
[9C]	3GPP TS 26.267: "eCall Data Transfer; In-band modem solution; General description".
[10]	Void.
[10A]	3GPP TS 27.060: "Mobile Station (MS) supporting Packet Switched Services".
[11]	3GPP TS 29.061: "Interworking between the Public Land Mobile Network (PLMN) supporting Packet Based Services and Packet Data Networks (PDN)".
[11A]	3GPP TS 29.162: "Interworking between the IM CN subsystem and IP networks".
[11B]	3GPP TS 29.163: "Interworking between the IP Multimedia (IM) Core Network (CN) subsystem and Circuit Switched (CS) networks".
[11C]	3GPP TS 29.161: "Interworking between the Public Land Mobile Network (PLMN) supporting Packet Based Services with Wireless Local Access and Packet Data Networks (PDN)"
[11D]	3GPP TS 29.079: "Optimal Media Routeing within the IP Multimedia Subsystem".
[12]	3GPP TS 29.207 Release 6: "Policy control over Go interface".
[12A]	3GPP TS 29.273: "Evolved Packet System (EPS); 3GPP EPS AAA interfaces".
[13]	Void.
[13A]	3GPP TS 29.209 Release 6: "Policy control over Gq interface".
[13B]	3GPP TS 29.212: "Policy and Charging Control (PCC); Reference points".
[13C]	3GPP TS 29.213: "Policy and charging control signalling flows and Quality of Service (QoS) parameter mapping".
[13D]	3GPP TS 29.214: "Policy and Charging Control over Rx reference point".
[14]	3GPP TS 29.228: "IP Multimedia (IM) Subsystem Cx and Dx Interfaces; Signalling flows and message contents".
[15]	3GPP TS 29.229: "Cx and Dx Interfaces based on the Diameter protocol, Protocol details".
[15A]	3GPP TS 29.311: "Service Level Interworking for Messaging Services".
[15B]	3GPP TS 31.103: "Characteristics of the IP multimedia services identity module (ISIM) application".
[15C]	3GPP TS 31.102: "Characteristics of the Universal Subscriber Identity Module (USIM) application".
[15D]	3GPP TS 31.111: "Universal Subscriber Identity Module (USIM) Application Toolkit (USAT)".
[16]	3GPP TS 32.240: "Telecommunication management; Charging management; Charging architecture and principles".
[17]	3GPP TS 32.260: "Telecommunication management; Charging management; IP Multimedia Subsystem (IMS) charging".
[17A]	3GPP TS 32.422: "Telecommunication management; Subscriber and equipment trace; Trace control and configuration management".
[18]	3GPP TS 33.102: "3G Security; Security architecture".
[19]	3GPP TS 33.203: "Access security for IP based services".
[19A]	3GPP TS 33.210: "3G security; Network Domain Security (NDS); IP network layer security".
[19B]	3GPP TS 36.304: "Evolved Universal Terrestrial Radio Access (E-UTRA); User Equipment (UE) procedures in idle mode".
[19C]	3GPP TS 33.328: "IP Multimedia Subsystem (IMS) media plane security".
[19D]	3GPP TS 33.310: "Network Domain Security (NDS); Authentication Framework (AF)".
[19E]	3GPP TS 36.413: "Evolved Universal Terrestrial Radio Access Network (E-UTRAN); S1 Application Protocol (S1AP)".
[19F]	3GPP TS 36.331: "Evolved Universal Terrestrial Radio Access (E-UTRA); Radio Resource Control (RRC); Protocol specification".
[19G]	3GPP TS 38.331: " NR; Radio Resource Control (RRC); Protocol specification".
[20]	3GPP TS 44.018: "Mobile radio interface layer 3 specification; Radio Resource Control (RRC) protocol".
[20A]	RFC 2401 (November 1998): "Security Architecture for the Internet Protocol".
[20B]	RFC 1594 (March 1994): "FYI on Questions and Answers to Commonly asked "New Internet User" Questions".
[20C]	Void.
[20D]	Void.
[20E]	RFC 2462 (November 1998): "IPv6 Stateless Address Autoconfiguration".
[20F]	RFC 2132 (March 1997): "DHCP Options and BOOTP Vendor Extensions".
[20G]	RFC 2234 (November 1997): "Augmented BNF for Syntax Specification: ABNF".
[21]	RFC 2617 (June 1999): "HTTP Authentication: Basic and Digest Access Authentication".
[22]	RFC 3966 (December 2004): "The tel URI for Telephone Numbers".
[23]	RFC 4733 (December 2006): "RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals".
[24]	RFC 6116 (March 2011): "The E.164 to Uniform Resource Identifiers (URI) Dynamic Delegation Discovery System (DDDS) Application (ENUM)".
[25]	RFC 6086 (October 2009): "Session Initiation Protocol (SIP) INFO Method and Package Framework".
[25A]	Void.RFC 3041 (January 2001): "Privacy Extensions for Stateless Address Autoconfiguration in IPv6".
[26]	RFC 3261 (June 2002): "SIP: Session Initiation Protocol".
[27]	RFC 3262 (June 2002): "Reliability of provisional responses in Session Initiation Protocol (SIP)".
[bookmark: refmanyfolksresource][27A]	RFC 3263 (June 2002): "Session Initiation Protocol (SIP): Locating SIP Servers".
[27B]	RFC 3264 (June 2002): "An Offer/Answer Model with Session Description Protocol (SDP)".
[28]	RFC 6665 (July 2012): "SIP Specific Event Notification".
[28A]	Void.
[29]	RFC 3311 (September 2002): "The Session Initiation Protocol (SIP) UPDATE method".
[30]	RFC 3312 (October 2002): "Integration of resource management and Session Initiation Protocol (SIP)".
[bookmark: refrefer][31]	RFC 3313 (January 2003): "Private Session Initiation Protocol (SIP) Extensions for Media Authorization".
[32]	RFC 3320 (March 2002): "Signaling Compression (SigComp)".
[33]	RFC 3323 (November 2002): "A Privacy Mechanism for the Session Initiation Protocol (SIP)".
[34]	RFC 3325 (November 2002): "Private Extensions to the Session Initiation Protocol (SIP) for Network Asserted Identity within Trusted Networks".
[34A]	RFC 3326 (December 2002): "The Reason Header Field for the Session Initiation Protocol (SIP)".
[35]	RFC 3327 (December 2002): "Session Initiation Protocol Extension Header Field for Registering Non-Adjacent Contacts".
[35A]	RFC 3361 (August 2002): "Dynamic Host Configuration Protocol (DHCP-for-IPv4) Option for Session Initiation Protocol (SIP) Servers".
[36]	RFC 3515 (April 2003): "The Session Initiation Protocol (SIP) REFER method".
[37]	RFC 3420 (November 2002): "Internet Media Type message/sipfrag".
[bookmark: refsdpnew][37A]	RFC 3605 (October 2003): "Real Time Control Protocol (RTCP) attribute in Session Description Protocol (SDP)".
[38]	RFC 3608 (October 2003): "Session Initiation Protocol (SIP) Extension Header Field for Service Route Discovery During Registration".
[39]	RFC 4566 (June 2006): "SDP: Session Description Protocol".
[40]	RFC 3315 (July 2003): "Dynamic Host Configuration Protocol for IPv6 (DHCPv6)".
[40A]	RFC 2131 (March 1997): "Dynamic host configuration protocol".
[41]	RFC 3319 (July 2003): "Dynamic Host Configuration Protocol (DHCPv6) Options for Session Initiation Protocol (SIP) Servers".
[42]	RFC 3485 (February 2003): "The Session Initiation Protocol (SIP) and Session Description Protocol (SDP) static dictionary for Signaling Compression (SigComp)".
[43]	RFC 3680 (March 2004): "A Session Initiation Protocol (SIP) Event Package for Registrations".
[44]	Void.
[45]	Void.
[46]	Void.
[47]	Void.
[48]	RFC 3329 (January 2003): "Security Mechanism Agreement for the Session Initiation Protocol (SIP)".
[49]	RFC 3310 (September 2002): "Hypertext Transfer Protocol (HTTP) Digest Authentication Using Authentication and Key Agreement (AKA)".
[50]	RFC 3428 (December 2002): "Session Initiation Protocol (SIP) Extension for Instant Messaging".
[51]	Void.
[52]	RFC 7315 (July 2014): "Private Header (P-Header) Extensions to the Session Initiation Protocol (SIP) for the 3GPP".
[52A]	RFC 7976 (September 2016): "Updates to Private Header (P-Header) Extension Usage in Session Initiation Protocol (SIP) Requests and Responses".
[52B]	draft-jesske-update-p-visited-network-01 (March 2019): "Update to Private Header Field P-Visited-Network-ID in Session Initiation Protocol (SIP) Requests and Responses".
Editor's note (WI: IMSProtoc9, CR#5979): The above document cannot be formally referenced until it is published as an RFC.
[53]	RFC 3388 (December 2002): "Grouping of Media Lines in Session Description Protocol".
[54]	RFC 3524 (April 2003): "Mapping of Media Streams to Resource Reservation Flows".
[55]	RFC 3486 (February 2003): "Compressing the Session Initiation Protocol (SIP)".
[55A]	RFC 3551 (July 2003): "RTP Profile for Audio and Video Conferences with Minimal Control".
[56]	RFC 3556 (July 2003): "Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) Bandwidth".
[56A]	RFC 3581 (August 2003): "An Extension to the Session Initiation Protocol (SIP) for Symmetric Response Routing".
[56B]	RFC 3841 (August 2004): "Caller Preferences for the Session Initiation Protocol (SIP)".
[56C]	RFC 3646 (December 2003): "DNS Configuration options for Dynamic Host Configuration Protocol for IPv6 (DHCPv6)".
[57]	ITU-T Recommendation E.164: "The international public telecommunication numbering plan".
[58]	RFC 4028 (April 2005): "Session Timers in the Session Initiation Protocol (SIP)".
[59]	RFC 3892 (September 2004): "The Session Initiation Protocol (SIP) Referred-By Mechanism".
[60]	RFC 3891 (September 2004): "The Session Inititation Protocol (SIP) "Replaces" Header".
[61]	RFC 3911 (October 2004): "The Session Inititation Protocol (SIP) "Join" Header".
[62]	RFC 3840 (August 2004): "Indicating User Agent Capabilities in the Session Initiation Protocol (SIP)".
[63]	RFC 3861 (August 2004): "Address Resolution for Instant Messaging and Presence".
[63A]	RFC 3948 (January 2005): "UDP Encapsulation of IPsec ESP Packets".
[64]	RFC 4032 (March 2005): "Update to the Session Initiation Protocol (SIP) Preconditions Framework".
[65]	RFC 3842 (August 2004) "A Message Summary and Message Waiting Indication Event Package for the Session Initiation Protocol (SIP)"
[65A]	RFC 4077 (May 2005): "A Negative Acknowledgement Mechanism for Signaling Compression".
[66]	RFC 7044 (February 2014): "An Extension to the Session Initiation Protocol (SIP) for Request History Information".
[67]	RFC 5079 (December 2007): "Rejecting Anonymous Requests in the Session Initiation Protocol (SIP)".
[68]	RFC 4458 (January 2006): "Session Initiation Protocol (SIP) URIs for Applications such as Voicemail and Interactive Voice Response (IVR)".
[69]	RFC 5031 (January 2008): "A Uniform Resource Name (URN) for Emergency and Other Well-Known Services".
[70]	RFC 3903 (October 2004): "An Event State Publication Extension to the Session Initiation Protocol (SIP)".
[71]	Void.
[72]	RFC 3857 (August 2004): "A Watcher Information Event Template Package for the Session Initiation Protocol (SIP)".
[74]	RFC 3856 (August 2004): "A Presence Event Package for the Session Initiation Protocol (SIP)".
[74A]	RFC 3603 (October 2003): "Private Session Initiation Protocol (SIP) Proxy-to-Proxy Extensions for Supporting the PacketCable Distributed Call Signaling Architecture".
[74B]	RFC 3959 (December 2004): "The Early Session Disposition Type for the Session Initiation Protocol (SIP)".
[75]	RFC 4662 (August 2006): "A Session Initiation Protocol (SIP) Event Notification Extension for Resource Lists".
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Stateless address autoconfiguration as described in RFC 2462 [20E] defines how an IPv6 prefix and an interface identifier is used by the UE to construct a complete IPv6 address.
If the UE receives an IPv6 prefix, the UE may change the interface identity of the IPv6 address as described in RFC 8981 [nb5]RFC 3041 [25A] due to privacy but this can result in service discontinuity for services provided by the IM CN subsystem.
NOTE:	When the UE constructs new IPv6 address by changing the interface identity, the UE can either transfer all established dialogs to new IPv6 address as specified in 3GPP TS 24.237 [8M] and subsequently relinquish the old IPv6 address, or terminate all established dialogs and transactions. While transferring the established dialogs to new IPv6 address, the UE will have double registration, i.e. one registration for the old IPv6 address and another for the new IPv6 address.
The procedure described below assumes that the UE will terminate all established dialogs and transactions and temporarily disconnect the UE from the IM CN subsystem until the new registration is performed. If the UE decides to change the IPv6 address due to privacy and terminate all established dialogs and transaction, associated with old IPv6 address, the UE shall:
1)	terminate all ongoing dialogs (e.g., sessions) and transactions (e.g., subscription to the reg event) that were using the old IPv6 address;
2)	deregister all registered public user identities that were using the old IPv6 address as described in subsclause 5.1.1.4;
3)	construct a new IPv6 address according to the procedures specified in RFC 8981 [nb5]RFC 3041 [25A];
4)	register the public user identities that were deregistered in step 2 above with a new IPv6 address, as follows:
a)	by performing an initial registration as described in subsclause 5.1.1.2; and
b)	by performing a subscription to the reg event package as described in subsclause 5.1.1.3; and
5)	subscribe to other event packages it was subscribed to before the change of IPv6 address procedure started.
To ensure a maximum degree of continuous service to the end user, the UE should transfer all established dialogs to the new IPv6 address as specified in 3GPP TS 24.237 [8M] rather than terminate all established dialogs and transactions and temporarily disconnect the UE from the IM CN subsystem as described above.
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This subclause describes procedures of an IBCF to support ICE as defined in RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99].
If no TrGW is inserted, an IBCF may transparently pass ICE related SDP attibutes to support ICE. The remaining procedures in this subclause are only applicable if the IBCF is inserting a TrGW on the media plane.
When the IBCF with attached TrGW receives SDP candidate information from the SDP offerer the IBCF shall not forward the candidate information towards the SDP answerer. When the IBCF receives SDP candidate information from the SDP answerer the IBCF shall not forward the candidate information towards the SDP offerer. The remaining procedures in this subclause are optional.
NOTE:	An IBCF that removes and/or does not provide ICE related SDP attributes (e.g. a=candidate) in the offer/answer exchange will cause the ICE procedures to be aborted and the address and port information in the m and c lines of the SDP offer will be used. If this address and port information contains the relayed candidate address of a STUN Relay server, as recommended by ICE, then an extra media relay server will be used for the session which is not necessary nor desirable.
The IBCF with attached TrGW performs separate ICE procedures towards the SDP offerer and the SDP answerer. The usage of ICE is negotiated separately with the SDP offerer and SDP answerer, and ICE may be applied independently at either side. Furthermore, the IBCF may be configured to apply ICE procedures only towards one network side, e.g. towards the IM CN subsystem it belongs to.
Since the IBCF is not located behind a NAT, it does not request the TrGW to generate keep-alive messages even when acting as a full ICE entity. The IBCF only requests the TrGW to terminate and generate STUN messages used for the candidate selection procedures.
Since the IBCF is not located behind a NAT the IBCF shall only include host candidates in SDP offers and answers generated by the IBCF.

*** Next Change ***
[bookmark: _Toc20147866][bookmark: _Toc27489742][bookmark: _Toc27491748][bookmark: _Toc35958434][bookmark: _Toc45204983][bookmark: _Toc51928490][bookmark: _Toc51930503][bookmark: _Toc91611023]6.7.2.7.1	General
This subclause describes procedures of a P-CSCF to support ICE, as defined in RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99].
NOTE 1:	If no IMS-AGW is inserted on the media plane, a P-CSCF might transparently pass ICE related SDP attibutes, in order to support ICE between the UE and remote entities. The remaining procedures in this subclause apply to when the P-CSCF inserts an IMS-ALG on the media plane.
When the P-CSCF with attached IMS-AGW receives SDP candidate information from the offerer, it shall not forward the candidate information towards the answerer. When the P-CSCF receives SDP candidate information from the answerer, it shall not forward the candidate information towards the offerer. The remaining procedures in subclause 6.7.2.7.1 are optional.
NOTE 2:	An P-CSCF that removes and/or does not provide ICE related SDP attributes (e.g. a=candidate) in the offer/answer exchange will cause the ICE procedures to be aborted and the address and port information in the m and c lines of the SDP offer will be used. If this address and port information contains the relayed candidate address of a STUN Relay server, as recommended by ICE, then an extra media relay server will be used for the session which is not necessary nor desirable.
The P-CSCF with attached IMS-ALG performs separate ICE procedures towards the offerer and the answerer. The usage of ICE is negotiated separately with the offerer and answerer, and ICE may be applied independently at either side. Furthermore, the P-CSCF may be configured to apply ICE procedures only towards one network side, e.g. towards the IM CN subsystem it belongs to.
NOTE 3:	Since the P-CSCF is inserting an IMS-ALG, it can choose to provide the NAT traversal mechanism defined in Annex F towards the UE. In such case the P-CSCF will not provide ICE support towards the UE, but the P-CSCF can still provide ICE support towards the core network in scenarios where ICE is used in the core network, e.g. to support NAT traversal for other access networks with no deploied IMS-ALGs.
Since the P-CSCF is not located behind a NAT, it does not request the IMS-ALG to generate keep-alive messages even when acting as a full ICE entity. The P-CSCF only requests the IMS-ALG to terminate and generate STUN messages used for the candidate selection procedures.
Since the P-CSCF is not located behind a NAT the P-CSCF shall only include host candidates in SDP offers and answers generated by the P-CSCF.

*** Next Change ***
[bookmark: _Toc20147873][bookmark: _Toc27489749][bookmark: _Toc27491755][bookmark: _Toc35958441][bookmark: _Toc45204990][bookmark: _Toc51928497][bookmark: _Toc51930510][bookmark: _Toc91611030]6.7.2.7.3	P-CSCF ICE lite procedures for UDP based streams
When the P-CSCF is using ICE lite procedures for UDP based streams, the P-CSCF procedures are identical as described in subclause 6.7.2.7.2, with the following exceptions:
-	The P-CSCF always acts as an ICE controlled entity towards the offerer and towards the answerer; and
-	The P-CSCF requests the IMS-ALG to perform ICE lite candidate selection procedures, as defined in RFC 8445 [nb1]RFC 5245 [99].

*** Next Change ***
[bookmark: _Toc20148343][bookmark: _Toc27490219][bookmark: _Toc27492225][bookmark: _Toc35958911][bookmark: _Toc45205460][bookmark: _Toc51928972][bookmark: _Toc51930985][bookmark: _Toc91611525]A.3.2.1	Major capabilities
[bookmark: UASDPmajorcapabilities]Table A.317: Major capabilities
	Item
	Does the implementation support
	Reference
	RFC status
	Profile status

	
	Capabilities within main protocol
	
	
	

	
	
	
	
	

	
	Extensions
	
	
	

	[bookmark: UAmanyfolks]22
	integration of resource management and SIP?
	[30] [64]
	o
	c14

	23
	grouping of media lines?
	[53]
	c3
	c3

	24
	mapping of media streams to resource reservation flows?
	[54]
	o
	c1

	25
	SDP bandwidth modifiers for RTCP bandwidth?
	[56]
	o
	o (NOTE 1)

	26
	TCP-based media transport in the session description protocol?
	[83]
	o
	c2

	27
	interactive connectivity establishment?
	[nb1], [nb2][99]
	o
	c4

	28
	session description protocol format for binary floor control protocol streams?
	[108]
	o
	o

	29
	extended RTP profile for real-time transport control protocol (RTCP)-based feedback (RTP/AVPF)?
	[135]
	o
	c5

	30
	SDP capability negotiation?
	[137]
	o
	c6

	31
	Session Description Protocol (SDP) extension for setting up audio media streams over circuit-switched bearers in the Public Switched Telephone Network (PSTN)?
	[155]
	o
	c7

	32
	miscellaneous capabilities negotiation in the Session Description Protocol (SDP)?
	[156]
	o
	c7

	33
	transport independent bandwidth modifier for the Session Description Protocol?
	[152]
	o
	c8

	34
	Secure Real-time Transport Protocol (SRTP)?
	[169]
	o
	c15

	35
	MIKEY-TICKET?
	[170]
	o
	c10

	36
	SDES?
	[168]
	o
	c9

	37
	end-to-access-edge media security using SDES?
	7.5.2
	n/a
	c16

	37A
	end-to-access-edge media security for MSRP using TLS and certificate fingerprints?
	7.5.2
	n/a
	c22

	37B
	end-to-access-edge media security for BFCP using TLS and certificate fingerprints?
	7.5.2
	n/a
	c23

	37C
	end-to-access-edge media security for UDPTL using DTLS and certificate fingerprints?
	7.5.2
	n/a
	c24

	38
	SDP media capabilities negotiation?
	[172]
	o
	c12

	39
	Transcoding Services Invocation in the Session Initiation Protocol (SIP) Using Third Party Call Control (3pcc)?
	[166]
	o
	c13

	40
	Message Session Relay Protocol?
	[178]
	o
	c17

	40A
	Connection establishment for media anchoring for the message session relay protocol?
	[214]
	o
	c26

	41
	a SDP offer/answer mechanism to enable file transfer?
	[185]
	o
	o

	42
	optimal media routeing
	[11D]
	n/a
	c18

	43
	ECN for RTP over UDP
	[188]
	o
	c19

	44
	T.38 FAX?
	[202]
	n/a
	c20

	45
	support for reduced-size RTCP?
	[204]
	o
	o

	46
	RTCP extended reports?
	[205]
	o
	o

	47
	maximum receive SDU size?
	[9B]
	o
	o

	48
	the SDP content attribute?
	[206]
	o
	c21

	49
	a general mechanism for RTP header extensions?
	[210]
	o
	o

	50
	negotiation of generic image attributes in the session description protocol (SDP)?
	[211]
	o
	o

	51
	connection-oriented media transport over the TLS protocol in the SDP?
	[241]
	o
	c25

	52
	UDPTL over DTLS?
	[217]
	o
	c27

	53
	telepresence?
	[7G]
	o
	o

	54
	SCTP over DTLS?
	[219]
	o
	c28

	55
	DTLS-SRTP?
	[222], [223]
	o
	c29

	56
	STUN Usage for Consent Freshness?
	[224]
	o
	c29

	57
	Alternate Connectivity (ALTC) Attribute?
	[228]
	o
	c30

	58
	3GPP MTSI RTCP-APP adaptation?
	[9B]
	n/a
	o

	59
	3GPP MTSI Pre-defined Region-of-Interest (ROI)?
	[9B]
	n/a
	o

	60
	3GPP MTSI Arbitrary Region-of-Interest (ROI)?
	[9B]
	n/a
	o

	61
	multiplexing RTP data and control packets on a single port
	[237], [237A]
	o
	o

	61A
	Exclusive RTP and RTCP multiplexed on one port (a=rtcp-mux-only)?
	[246]
	o
	c34

	62
	SDP-based data channel negotiation?
	[238]
	o
	c31

	63
	Media plane optimization for WebRTC?
	[8Z]
	n/a
	c32

	64
	Enhanced bandwidth negotiation mechanism?
	[9B]
	n/a
	o

	65
	an SDP offer/answer mechanism to negotiate DTLS protected media?
	[240]
	o
	c33

	66
	Using simulcast in SDP and RTP sessions?
	[249]
	o
	c35

	67
	RTP payload format restrictions?
	[250]
	o
	c36

	68
	Compact Concurrent Codec Negotiation and Capabilities?
	[9B]
	n/a
	c35

	69
	3GPP MTSI Delay Budget Information (DBI)?
	[9B]
	n/a
	c37

	70
	Access Network Bitrate Recommendation (ANBR)?
	[9B]
	n/a
	c38

	71
	Framework for Live Uplink Streaming (FLUS)?
	[276]
	n/a
	c39

	72
	3GPP MTSI client using data channels?
	[9B]
	n/a
	c39

	c1:	IF A.3/1 THEN m ELSE n/a - - UE role.
c2:	IF A.3/9B AND A.3/13B THEN m ELSE IF A.3/1 OR A.3/2A OR A.3/6 OR A.3/7 THEN o ELSE n/a - - IBCF (IMS-ALG), ISC gateway function (IMS-ALG), UE, P-CSCF (IMS-ALG), MGCF, AS.
c3:	IF A.317/24 OR A.317/53 THEN m ELSE o - - mapping of media streams to resource reservation flows, telepresence.
c4:	IF A.3/9B OR A.3/13B THEN m ELSE IF A.3/1 OR A.3/6 THEN o ELSE n/a - - IBCF (IMS-ALG), application gateway function (IMS-ALG), UE, MGCF.
c5:	IF A.3A/50 OR A.3A/50A OR A.3/6 OR A.3/9B OR A.3A/89 OR A.3A/11 OR A.3A/12 THEN m ELSE o - - multimedia telephony service participant, multimedia telephony service application server, MGCF, IBCF (IMS-ALG), ATCF (UA), conference focus, conference participant.
c6:	IF A.3A/50 OR A.3A/50A OR A.3/6 OR A.3/9B OR A.3/13B OR A.3A/89 THEN m ELSE o - - multimedia telephony service participant, multimedia telephony service application server, MGCF, IBCF (IMS-ALG), application gateway function (IMS-ALG), ATCF (UA).
c7:	IF A.3A/82 OR A.3A/83 THEN m ELSE o - - ICS user agent, SCC application server.
c8:	IF A.317/25 AND (A.3/1 OR A.3/6 OR A.3A/89) THEN o ELSE n/a - - SDP bandwidth modifiers for RTCP bandwidth, UE, MGCF, ATCF (UA).
c9:	IF A.3D/30 OR A.3D/20 THEN m ELSE n/a - - end-to-access-edge media security using SDES, end-to-end media security using SDES.
c10:	IF A.3D/21 OR A.3D/22 THEN m ELSE n/a - - end-to-end media security using KMS, end-to-end media security for MSRP using TLS and KMS.
c12:	IF A.3A/82 OR A.3A/83 THEN m ELSE o - - ICS user agent, SCC application server.
c13:	IF IF A.3/7D OR A.3/8 THEN o else n/a - - AS performing 3rd party call control or MRFC.
c14:	IF A.4/2C THEN m ELSE o - - initiating a session which require local and/or remote resource reservation.
c15:	IF A.3D/20 OR A.3D/21 OR A.3D/30 THEN m ELSE n/a - - end-to-end media security using SDES, end-to-end media security using KMS, end-to-access-edge media security using SDES.
c16:	If A.3D/30 THEN m ELSE n/a - - end-to-access-edge media security using SDES.
c17:	IF A.3A/33B OR A.3A/34 THEN m ELSE IF A.3A/8 OR A.3A/9 OR A.3/2A THEN o ELSE n/a - - session-mode messaging participant, session-mode messaging intermediate node, IBCF, MRFC, P-CSCF (IMS-ALG).
c18:	IF A.3/2A OR A.3/6 OR A.3/7 OR A.3/9B OR A.3A/89 OR A.3/13B THEN o ELSE n/a - - P-CSCF (IMS-ALG), MGCF, AS, IBCF (IMS-ALG), ATCF (UA), application gateway function (IMS-ALG).
c19:	IF A.3/2A OR A.3/6 OR A.3/8 OR A.3/9B OR A.3A/81 OR A.3A/89 OR A.3/13B OR A.3A/81A OR A.3A/81B THEN o ELSE n/a - - P-CSCF (IMS-ALG), MGCF, MRFC, IBCF (IMS-ALG), MSC Server enhanced for ICS, ATCF (UA), application gateway function (IMS-ALG), MSC server enhanced for SRVCC using SIP interface, MSC server enhanced for DRVCC using SIP interface.
c20:	IF A.3/1 OR A.3/6 THEN o ELSE n/a - - UE, MGCF.
c21:	IF A.3A/57 OR A.3A/58 OR A.3A/59 OR A.3A/60 OR A.3/2A OR A.3/9B OR A.3A/11 OR A.3A/12 THEN m ELSE o - - Customized alerting tones application server, Customized alerting tones UA client, Customized ringing signal application server, Customized ringing signal UA client, P-CSCF (IMS-ALG), IBCF (IMS-ALG), conference focus, conference participant.
c22:	If A.3D/20A THEN m ELSE n/a - - end-to-access-edge media security for MSRP using TLS and certificate fingerprints.
c23:	If A.3D/20B THEN m ELSE n/a - - end-to-access-edge media security for BFCP using TLS and certificate fingerprints.
c24:	If A.3D/20C THEN m ELSE n/a - - end-to-access-edge media security for UDPTL using DTLS and certificate fingerprints.
c25:	IF (A.317/37A AND A.317/40) OR (A.317/37B AND A.317/28) OR (A.317/37C AND A.317/52) THEN m ELSE o - - end-to-access-edge media security for MSRP using TLS and certificate fingerprints, message session relay protocol, end-to-access-edge media security for BFCP using TLS and certificate fingerprints, session description protocol format for binary floor control protocol streams, end-to-access-edge media security for UDPTL using DTLS and certificate fingerprints, UDPTL over DTLS.
c26:	IF A.317/40 THEN m ELSE n/a - - message session relay protocol.
c27:	IF A.317/37C THEN m ELSE o - - end-to-access-edge media security for UDPTL using DTLS and certificate fingerprints.
c28:	IF (A.3/1 AND A.317/53) OR A.3/14 OR A.3A/95 THEN m ELSE o - - UE, telepresence, Gm based WIC, eP-CSCF.
c29:	IF A.3/14 OR A.3A/95 THEN m ELSE o - - Gm based WIC, eP-CSCF.
c30:	IF A.3A/81 OR A.3/9B OR A.3/2A THEN o ELSE n/a - - UE performing the functions of an external attached network, IBCF (IMS-ALG), P-CSCF (IMS-ALG).
c31:	IF A.3/14 OR A.3A/95 THEN o ELSE n/a - - Gm based WIC, eP-CSCF.
c32:	IF A.3A/95 OR A.3/9B THEN o ELSE n/a - -  eP-CSCF, IMS-ALG.
c33:	IF A.317/52 OR A.317/54 OR A.317/55 THEN m ELSE n/a - -  UDPTL over DTLS, SCTP over DTLS, DTLS-SRTP.
c34:	IF A.3/14 OR A.3A/95 THEN m ELSE n/a - -  Gm based WIC, eP-CSCF.
c35:	IF A.3A/11 OR A.3A/12 THEN o ELSE n/a - - conference focus, conference participant.
c36:	IF A.317/66 AND (A.3A/11 OR A.3A/12) THEN o ELSE n/a - - Using simulcast in SDP and RTP sessions, conference focus, conference participant.
c37:	IF A.3/1 OR A.3/2A OR A.3/8 OR A.3/9B THEN o ELSE n/a - - UE, P-CSCF (IMS-ALG), MRFC, IBCF (IMS-ALG).
c38:	If A.3/1 THEN o ELSE n/a - - UE.
c39:	If A.3/1 OR A.3/2 THEN o ELSE n/a - - UE, P-CSCF.

	NOTE 1:	For "video" and "audio" media types that utilise RTP/RTCP, if the RTCP bandwidth level for the session is different than the default RTCP bandwidth as specified in RFC 3556 [56], then, it shall be specified. For other media types, it may be specified.




*** Next Change ***
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[bookmark: UASDPtypes]Table A.318: SDP types
	Item
	Type
	Sending
	Receiving

	
	
	Ref.
	RFC status
	Profile status
	Ref.
	RFC status
	Profile status

	
	Session level description

	1
	v= (protocol version)
	[39] 5.1
	m
	m
	[39] 5.1
	m
	m

	[bookmark: UASDPo]2
	o= (owner/creator and session identifier)
	[39] 5.2
	m
	m
	[39] 5.2
	m
	m

	3
	s= (session name)
	[39] 5.3
	m
	m
	[39] 5.3
	m
	m

	4
	i= (session information)
	[39] 5.4
	o
	c2
	[39] 5.4
	m
	c3

	5
	u= (URI of description)
	[39] 5.5
	o
	c4
	[39] 5.5
	o
	n/a

	6
	e= (email address)
	[39] 5.6
	o
	c4
	[39] 5.6
	o
	n/a

	7
	p= (phone number)
	[39] 5.6
	o
	c4
	[39] 5.6
	o
	n/a

	8
	c= (connection information)
	[39] 5.7
	c5
	c5
	[39] 5.7
	m
	m

	9
	b= (bandwidth information)
	[39] 5.8
	o
	o
	[39] 5.8
	m
	m

	
	Time description (one or more per description)

	[bookmark: UASDPt]10
	t= (time the session is active)
	[39] 5.9
	m
	m
	[39] 5.9
	m
	m

	[bookmark: UASDPr]11
	r= (zero or more repeat times)
	[39] 5.10
	o
	c4
	[39] 5.10
	o
	n/a

	
	Session level description (continued)

	[bookmark: UASDPz]12
	z= (time zone adjustments)
	[39] 5.11
	o
	n/a
	[39] 5.11
	o
	n/a

	[bookmark: UASDPk]13
	k= (encryption key)
	[39] 5.12
	x
	x
	[39] 5.12
	n/a
	n/a

	[bookmark: UASDPa]14
	a= (zero or more session attribute lines)
	[39] 5.13
	o
	o
	[39] 5.13
	m
	m

	
	Media description (zero or more per description)

	[bookmark: UASDPm]15
	m= (media name and transport address)
	[39] 5.14
	m
	m
	[39] 5.14
	m
	m

	16
	i= (media title)
	[39] 5.4
	o
	c2
	[39] 5.4
	o
	c3

	[bookmark: UASDPc]17
	c= (connection information)
	[39] 5.7
	c1
	c1
	[39] 5.7
	m
	m

	[bookmark: UASDPb]18
	b= (bandwidth information)
	[39] 5.8
	o
	o
	[39] 5.8
	m
	m

	19
	k= (encryption key)
	[39] 5.12
	x
	x
	[39] 5.12
	n/a
	n/a

	[bookmark: UASDPam]20
	a= (zero or more media attribute lines)
	[39] 5.13
	o
	o
	[39] 5.13
	m
	m

	c1:	IF (A.318/15 AND NOT A.318/8) THEN m ELSE IF (A.318/15 AND A.318/8) THEN o ELSE n/a - - "c=" contained in session level description and SDP contains media descriptions.
c2:	IF A.3/6 THEN x ELSE o - - MGCF.
c3:	IF A.3/6 THEN n/a ELSE m - - MGCF.
c4:	IF A.3/6 THEN x ELSE n/a - - MGCF.
c5:	IF A.318/17 THEN o ELSE m - - "c=" contained in all media description.



Prerequisite A.318/14 OR A.318/20 - - a= (zero or more session/media attribute lines)
Table A.319: zero or more session / media attribute lines (a=)
	Item
	Field
	Sending
	Receiving

	
	
	Ref.
	RFC status
	Profile status
	Ref.
	RFC status
	Profile status

	1
	category (a=cat)
	[39] 6
	c8
	c8
	[39] 6
	c9
	c9

	2
	keywords (a=keywds)
	[39] 6
	c8
	c8
	[39] 6
	c9
	c9

	3
	name and version of tool (a=tool)
	[39] 6
	c8
	c8
	[39] 6
	c9
	c9

	4
	packet time (a=ptime)
	[39] 6
	c10
	c10
	[39] 6
	c11
	c11

	5
	maximum packet time (a=maxptime)
	[39] 6 (NOTE 1)
	c10
	c10
	[39] 6 (NOTE 1)
	c11
	c11

	6
	receive-only mode (a=recvonly)
	[39] 6
	o
	o
	[39] 6
	m
	m

	7
	send and receive mode (a=sendrecv)
	[39] 6
	o
	o
	[39] 6
	m
	m

	8
	send-only mode (a=sendonly)
	[39] 6
	o
	o
	[39] 6
	m
	m

	8A
	Inactive mode (a=inactive)
	[39] 6
	o
	o
	[39] 6
	m
	m

	9
	whiteboard orientation (a=orient)
	[39] 6
	c10
	c10
	[39] 6
	c11
	c11

	10
	conference type (a=type)
	[39] 6
	c8
	c8
	[39] 6
	c9
	c9

	11
	character set (a=charset)
	[39] 6
	c8
	c8
	[39] 6
	c9
	c9

	12
	language tag (a=sdplang)
	[39] 6
	o
	o
	[39] 6
	m
	m

	13
	language tag (a=lang)
	[39] 6
	o
	o
	[39] 6
	m
	m

	14
	frame rate (a=framerate)
	[39] 6
	c10
	c10
	[39] 6
	c11
	c11

	15
	quality (a=quality)
	[39] 6
	c10
	c10
	[39] 6
	c11
	c11

	16
	format specific parameters (a=fmtp)
	[39] 6
	c10
	c10
	[39] 6
	c11
	c11

	17
	rtpmap attribute (a=rtpmap)
	[39] 6
	c10
	c10
	[39] 6
	c11
	c11

	18
	current-status attribute (a=curr)
	[30] 5
	c1
	c1
	[30] 5
	c2
	c2

	19
	desired-status attribute (a=des)
	[30] 5
	c1
	c1
	[30] 5
	c2
	c2

	20
	confirm-status attribute (a=conf)
	[30] 5
	c1
	c1
	[30] 5
	c2
	c2

	21
	media stream identification attribute (a=mid)
	[53] 3
	c3
	c3
	[53] 3
	c4
	c4

	22
	group attribute (a=group)
	[53] 4
	c5
	c5
	[53] 3
	c6
	c6

	23
	setup attribute (a=setup)
	[83] 4
	c7
	c45
	[83] 4
	c7
	c45

	24
	connection attribute (a=connection)
	[83] 5
	c7
	c7
	[83] 5
	c7
	c7

	24A
	DTLS association ID attribute (a=tls-id)
	[240] 4
	c62
	c62
	[240] 4
	c62
	c62

	25
	IP addresses (a=candidate)
	[nb2][99]
	c12
	c12
	[nb2][99]
	c13
	c13

	26
	floor control server determination (a=floorctrl)
	[108] 4
	c14
	c14
	[108] 4
	c14
	c14

	27
	conference id (a=confid)
	[108] 5
	c14
	c14
	[108] 5
	c14
	c14

	28
	user id (a=userid)
	[108] 5
	c14
	c14
	[108] 5
	c14
	c14

	29
	association between streams and floors (a=floorid)
	[108] 6
	c14
	c14
	[108] 6
	c14
	c14

	30
	RTCP feedback capability attribute (a=rtcp-fb)
	[135] 4.2
	c15
	c15
	[135] 4.2
	c15
	c15

	31
	extension of the rtcp-fb attribute (a=rtcp-fb)
	[136] 7.1, [188] 6.2, [251] 9
	c15
	c15
	[136] 7.1, [251] 9
	c15
	c15

	32
	supported capability negotiation extensions (a=csup)
	[137] 3.3.1
	c16
	c16
	[137] 3.3.1
	c16
	c16

	33
	required capability negotiation extensions (a=creq)
	[137] 3.3.2
	c16
	c16
	[137] 3.3.2
	c16
	c16

	34
	attribute capability (a=acap)
	[137] 3.4.1
	c16
	c16
	[137] 3.4.1
	c16
	c16

	35
	transport protocol capability (a=tcap)
	[137] 3.4.2
	c16
	c16
	[137] 3.4.2
	c16
	c16

	36
	potential configuration (a=pcfg)
	[137] 3.5.1
[172] 3.3.6
	c16
	c16
	[137] 3.5.1
[172] 3.3.6
	c16
	c16

	37
	actual configuration (a=acfg)
	[137] 3.5.2
	c16
	c16
	[137] 3.5.2
	c16
	c16

	38
	connection data capability (a=ccap)
	[156] 3.1
	c17
	c17
	[156] 3.1
	c18
	c18

	39
	maximum packet rate (a=maxprate)
	[152] 6.3
	c19
	c19
	[152] 6.3
	c19
	c19

	40
	crypto attribute (a=crypto)
	[168]
	c20
	c20
	[168]
	c20
	c20

	41
	key management attribute (a=key-mgmt)
	[167]
	c21
	c21
	[167]
	c21
	c21

	42
	3GPP_e2ae-security-indicator (a=3ge2ae)
	7.5.2
	c22
	c22
	7.5.2
	c22
	c22

	43
	media capability (a=rmcap)
	[172] 3.3.1
	c23
	c23
	[172] 3.3.1
	c23
	c23

	43A
	media capability (a=omcap)
	[172] 3.3.1
	c23
	c23
	[172] 3.3.1
	c23
	c23

	44
	media format capability (a=mfcap)
	[172] 3.3.2
	c23
	c23
	[172] 3.3.2
	c23
	c23

	45
	media-specific capability (a=mscap)
	[172] 3.3.3
	c23
	c23
	[172] 3.3.3
	c23
	c23

	46
	latent configuration (a=lcfg)
	[172] 3.3.5
	c44
	c44
	[172] 3.3.5
	c44
	c44

	47
	session capability (a=sescap)
	[172] 3.3.8
	c24
	c24
	[172] 3.3.8
	c24
	c24

	48
	msrp path (a=path)
	[178]
	c25
	c25
	[178]
	c25
	c25

	49
	file selector (a=file-selector)
	[185] 6
	c27
	c27
	[185] 6
	c28
	c28

	50
	file transfer identifier (a= file-transfer-id)
	[185] 6
	c26
	c26
	[185] 6
	c28
	c28

	51
	file disposition (a=file-disposition)
	[185] 6
	c26
	c26
	[185] 6
	c28
	c28

	52
	file date (a=file-date)
	[185] 6
	c26
	c26
	[185] 6
	c28
	c28

	53
	file icon (a=file-icon
	[185] 6
	c26
	c26
	[185] 6
	c28
	c28

	54
	file range (a=file-range)
	[185] 6
	c26
	c26
	[185] 6
	c28
	c28

	55
	optimal media routeing visited realm (a=visited-realm)
	7.5.3
	c29
	c29
	7.5.3
	c29
	c29

	56
	optimal media routeing secondary realm (a=secondary-realm)
	7.5.3
	c29
	c29
	7.5.3
	c29
	c29

	57
	optimal media routeing media level checksum (a=omr-m-cksum)
	7.5.3
	c29
	c29
	7.5.3
	c29
	c29

	58
	optimal media routeing session level checksum (a=omr-s-cksum)
	7.5.3
	c29
	c29
	7.5.3
	c29
	c29

	59
	optimal media routeing codecs (a=omr-codecs)
	7.5.3
	c29
	c29
	7.5.3
	c29
	c29

	60
	optimal media routeing media attributes (a=omr-m-att)
	7.5.3
	c29
	c29
	7.5.3
	c29
	c29

	61
	optimal media routeing session attributes (a=omr-s-att)
	7.5.3
	c29
	c29
	7.5.3
	c29
	c29

	62
	optimal media routeing media bandwidth (a=omr-m-bw)
	7.5.3
	c29
	c29
	7.5.3
	c29
	c29

	63
	optimal media routeing session bandwidth (a=omr-s-bw)
	7.5.3
	c29
	c29
	7.5.3
	c29
	c29

	64
	ecn-attribute (a=ecn-capable-rtp)
	[188]
	c30
	c30
	[188]
	c30
	c30

	65
	T38 FAX Protocol version (a=T38FaxVersion)
	[202]
	n/a
	c31
	[202]
	n/a
	c31

	66
	T38 FAX Maximum Bit Rate (a=T38MaxBitRate)
	[202]
	n/a
	c31
	[202]
	n/a
	c31

	67
	T38 FAX Rate Management (a=T38FaxRateManagement)
	[202]
	n/a
	c31
	[202]
	n/a
	c31

	68
	T38 FAX Maximum Buffer Size (a=T38FaxMaxBuffer)
	[202]
	n/a
	c31
	[202]
	n/a
	c31

	69
	T38 FAX Maximum Datagram Size (a=T38FaxMaxDatagram)
	[202]
	n/a
	c31
	[202]
	n/a
	c31

	70
	T38 FAX maximum IFP frame size (a=T38FaxMaxIFP)
	[202]
	n/a
	c32
	[202]
	n/a
	c32

	71
	T38 FAX UDP Error Correction Scheme (a=T38FaxUdpEC)
	[202]
	n/a
	c32
	[202]
	n/a
	c32

	72
	T38 FAX UDP Error Correction Depth (a=T38FaxUdpECDepth)
	[202]
	n/a
	c32
	[202]
	n/a
	c32

	73
	T38 FAX UDP FEC Maximum Span (a=T38FaxUdpFECMaxSpan)
	[202]
	n/a
	c32
	[202]
	n/a
	c32

	74
	T38 FAX Modem Type (a=T38ModemType)
	[202]
	n/a
	c32
	[202]
	n/a
	c32

	75
	T38 FAX Vendor Info
(a=T38VendorInfo)
	[202]
	n/a
	c32
	[202]
	n/a
	c32

	76
	reduced-size RTCP (a=rtcp-rsize)
	[204]
	c33
	c33
	[204]
	c34
	c34

	77
	RTP control protocol extended report parameters (a=rtcp-xr)
	[205]
	c35
	c35
	[205]
	c36
	c36

	78
	maximum receive SDU size (a=3gpp_MaxRecvSDUSize)
	[9B]
	c37
	c37
	[9B]
	c38
	c38

	79
	content (a=content)
	[206]
	c39
	c39
	[206]
	c39
	c39

	80
	generic header extension map definition (a=extmap)
	[210]
	c40
	c40
	[210]
	c41
	c41

	81
	image attribute (a=imageattr)
	[211]
	c42
	c42
	[211]
	c43
	c43

	82
	fingerprint (a=fingerprint)
	[241]
	c46
	c46
	[241]
	c46
	c46

	83
	msrp-cema (a=msrp-cema)
	[214]
	c47
	c47
	[214]
	c47
	c47

	84
	sctp-port (a=sctp-port)
	[219]
	c48
	c48
	[219]
	c48
	c48

	84A
	max-message-size (a=max-message-size)
	[219]
	c68
	c68
	[219]
	c48
	c48

	85
	CS correlation (a=cs-correlation)
	[155] 5.2.3.1
	c49
	c49
	[155] 5.2.3.1
	c49
	c49

	86
	Alternate Connectivity (ALTC) Attribute (a=altc)
	[228]
	o
	c50
	[228]
	o
	c50

	87
	3GPP MTSI RTCP-APP adaptation (a=3gpp_mtsi_app_adapt)
	[9B]
	n/a
	c51
	[9B]
	n/a
	c52

	88
	3GPP MTSI Pre-defined Region-of-Interest (ROI)
(a=predefined_ROI)
	[9B]
	n/a
	c53
	[9B]
	n/a
	c54

	89
	RTP and RTCP multiplexed on one port (a=rtcp-mux)
	[237], [237A]
	c55
	c55
	[237], [237A]
	c55
	c55

	90
	data channel mapping (a=dcmap)
	[238]
	c56
	c56
	[238]
	c56
	c56

	91
	data channel subprotocol specific attributes (a=dcsa)
	[238]
	c55
	c56
	[238]
	c56
	c56

	92
	Media plane optimization for WebRTC Contact (a= tra-contact)
	7.5.4
	c57
	c57
	7.5.4
	c57
	c57

	93
	Media plane optimization for WebRTC m-line (a= tra-m-line)
	7.5.4
	c58
	c58
	7.5.4
	c58
	c58

	94
	Media plane optimization for WebRTC attribute (a= tra-att)
	7.5.4
	c57
	c57
	7.5.4
	c57
	c57

	95
	Media plane optimization for WebRTC bandwidth (a= tra-bw)
	7.5.4
	c57
	c57
	7.5.4
	c57
	c57

	96
	Media plane optimization for WebRTC SCTP-association (a= tra-SCTP-association)
	7.5.4
	c58
	c58
	7.5.4
	c58
	c58

	97
	Media plane optimization for WebRTC media line number (a= tra-media-line-number)
	7.5.4
	c59
	c59
	7.5.4
	c59
	c59

	98
	Enhanced bandwidth negotiation mechanism (a=bw-info)
	[9B]
	n/a
	c60
	[9B]
	n/a
	c61

	99
	Exclusive RTP and RTCP multiplexed on one port (a=rtcp-mux-only)
	[246]
	c63
	c63
	[246]
	c63
	c63

	100
	Simulcast stream description (a=simulcast)
	[249] 6.1
	c64
	c64
	[249] 6.1
	c64
	c64

	101
	Restriction identifier (a=rid)
	[250] 10
	c65
	c65
	[250] 10
	c66
	c66

	102
	3GPP compact concurrent codec capabilities (a=ccc-list)
	[9B]
	n/a
	c67
	[9B]
	n/a
	c67

	103
	Delay Budget Information (DBI) RTCP feedback type (a=rtcp-fb:* 3gpp-delay-budget)
	[9B] 6.2.8
	n/a
	c69
	[9B] 6.2.8
	n/a
	c69

	104
	ANBR Support attribute (a=anbr)
	[9B]
	n/a
	c70
	[9B]
	n/a
	c70

	105
	Label attribute (a=label)
	[277] 4
	o
	c71
	[277] 4
	o
	c71

	106
	3GPP QoS hint attribute (a=3gpp-qos-hint)
	[9B] 6.2.7.4
	n/a
	c71
	[9B] 6.2.7.4
	n/a
	c71

	c1:	IF A.317/22 AND A.318/20 THEN o ELSE n/a - - integration of resource management and SIP, media level attribute name "a=".
c2:	IF A.317/22 AND A.318/20 THEN m ELSE n/a - - integration of resource management and SIP, media level attribute name "a=".
c3:	IF A.317/23 AND A.318/20 THEN o ELSE n/a - - grouping of media lines, media level attribute name "a=".
c4:	IF A.317/23 AND A.318/20 THEN m ELSE n/a - - grouping of media lines, media level attribute name "a=".
c5:	IF A.317/23 AND A.318/14 THEN o ELSE n/a - - grouping of media lines, session level attribute name "a=".
c6:	IF A.317/23 AND A.318/14 THEN m ELSE n/a - - grouping of media lines, session level attribute name "a=".
c7:	IF A.317/26 AND A.318/20 THEN m ELSE n/a - - TCP-based media transport in the session description protocol, media level attribute name "a=".
c8:	IF A.318/14 THEN o ELSE x - - session level attribute name "a=".
c9:	IF A.318/14 THEN m ELSE n/a - - session level attribute name "a=".
c10:	IF A.318/20 THEN o ELSE x - - media level attribute name "a=".
c11:	IF A.318/20 THEN m ELSE n/a - - media level attribute name "a=".
c12:	IF A.317/27 AND A.318/20 THEN o ELSE n/a - - candidate IP addresses, media level attribute name "a=".
c13:	IF A.317/27 AND A.318/20 THEN m ELSE n/a - - candidate IP addresses, media level attribute name "a=".
c14:	IF A.317/28 AND A.318/20 THEN m ELSE n/a - - session description protocol format for binary floor control protocol streams, media level attribute name "a=".
c15:	IF (A.317/29 AND A.318/20) THEN m ELSE n/a - - extended RTP profile for real-time transport control protocol (RTCP)-based feedback (RTP/AVPF), media level attribute name "a=".
c16:	IF A.317/30 AND A.318/20 THEN m ELSE n/a - - SDP capability negotiation, media level attribute name "a=".
c17:	IF A.317/32 AND A.318/20 THEN o ELSE n/a - - miscellaneous capabilities negotiation in the Session Description Protocol (SDP), media level attribute name "a=".
c18:	IF A.317/32 AND A.318/20 THEN m ELSE n/a - - miscellaneous capabilities negotiation in the Session Description Protocol (SDP), media level attribute name "a=".
c19:	IF A.317/33 AND (A.318/14 OR A.318/20) THEN o ELSE n/a - - bandwidth modifier packet rate parameter, media or session level attribute name "a=".
c20:	IF A.317/34 AND A.317/36 AND A.318/20 THEN m ELSE n/a - - Secure Real-time Transport Protocol, media plane security using SDES, media level attribute name "a=".
c21:	IF ((A.317/34 AND A.3D/21) OR A.3D/22) AND A.317/35 AND A.318/20 THEN m ELSE n/a - - Secure Real-time Transport Protocol, end-to-end media security using KMS, end-to-end media security for MSRP using TLS and KMS, MIKEY-TICKET, media level attribute name "a=".
c22:	IF A.317/37 AND A.318/20 THEN m ELSE n/a - - end-to-access edge media security using SDES, media level attribute name "a=".
c23:	IF A.317/38 THEN m ELSE n/a - - SDP media capabilities negotiation.
c24:	IF A.317/38 AND A.318/14 THEN m ELSE n/a - - SDP media capabilities negotiation, session level attribute name "a=".
c25:	IF A.317/40 AND A.318/20 THEN m ELSE n/a - - message session relay protocol, media level attribute name "a=".
c26:	IF A.317/41 AND A.318/20 THEN o ELSE n/a - - a SDP offer/answer mechanism to enable file transfer, media level attribute name "a=".
c27:	IF A.317/41 AND A.318/20 AND (A.3A/31 OR A.3A/33) THEN m ELSE IF A.317/41 AND A.318/20 AND NOT (A.3A/31 OR A.3A/33) THEN o ELSE n/a - - a SDP offer/answer mechanism to enable file transfer, media level attribute name "a=", messaging application server, messaging participant.
c28:	IF A.317/41 AND A.318/20 THEN m ELSE n/a - - a SDP offer/answer mechanism to enable file transfer, media level attribute name "a=".
c29:	IF A.317/42 AND A.318/20 THEN o ELSE n/a - - optimal media routeing, media level attribute name "a=".
c30:	IF A.317/43 THEN m ELSE n/a - - ECN for RTP over UDP, media level attribute name "a=".
c31:	IF A.317/44 AND A.318/20 THEN m ELSE n/a - - T.38 FAX, media level attribute name "a=".
c32:	IF A.317/44 AND A.318/20 THEN o ELSE n/a - - T.38 FAX, media level attribute name "a=".
c33:	IF A.317/45 AND A.318/20 THEN o ELSE n/a - - support for reduced-size RTCP, media level attribute name "a=".
c34:	IF A.317/45 AND A.318/20 THEN m ELSE n/a - - support for reduced-size RTCP, media level attribute name "a=".
c35:	IF A.317/46 AND A.318/20 AND A.318/14 THEN o ELSE n/a - - RTCP extended reports, media level attribute name "a=", session level attribute name "a=".
c36:	IF A.317/46 AND A.318/20 AND A.318/14 THEN m ELSE n/a - - RTCP extended reports, media level attribute name "a=", session level attribute name "a=".
c37:	IF A.317/47 AND A.318/20 AND A.318/14 THEN o ELSE n/a - - maximum receive SDU size, media level attribute name "a=", session level attribute name "a=".
c38:	IF A.317/47 AND A.318/20 AND A.318/14 THEN m ELSE n/a - - maximum receive SDU size, media level attribute name "a=", session level attribute name "a=".
c39:	IF A.317/48 AND A.318/20 THEN m ELSE n/a - - the SDP content attribute, media level attribute name "a=".
c40:	IF A.317/49 AND A.318/20 AND A.318/14 THEN o ELSE n/a - - a general mechanism for RTP header extensions, media level attribute name "a=", session level attribute name "a=".

	c41:	IF A.317/49 AND A.318/20 AND A.318/14 THEN m ELSE n/a - - a general mechanism for RTP header extensions, media level attribute name "a=", session level attribute name "a=".
c42:	IF A.317/50 AND A.318/20 THEN o ELSE n/a - - negotiation of generic image attributes in the session description protocol (SDP), media level attribute name "a=".
c43:	IF A.317/50 AND A.318/20 THEN m ELSE n/a - - negotiation of generic image attributes in the session description protocol (SDP), media level attribute name "a=".
c44:	IF A.317/38 AND A.318/20 THEN m ELSE n/a - - SDP media capabilities negotiation, media level attribute name "a=".
c45:	IF (A.317/26 OR A.317/52) AND A.318/20 THEN m ELSE n/a - - TCP-based media transport in the session description protocol, UDPTL over DTLS, media level attribute name "a=".
c46:	IF (A.317/51 OR A.317/55) AND A.318/20 AND A.318/14 THEN m ELSE n/a - - connection-oriented media transport over the TLS protocol in the SDP, DTLS-SRTP, media level attribute name "a=", session level attribute name "a=".
c47:	IF A.317/40A AND A.318/20 THEN m ELSE n/a - - connection establishment for media anchoring for the message session relay protocol, media level attribute name "a=".
c48:	IF A.317/54 AND A.318/20 THEN m ELSE n/a - - SCTP over DTLS, media level attribute name "a=".
c49:	IF A.317/31 AND A.318/20 THEN m ELSE n/a - - Session Description Protocol (SDP) extension for setting up audio media streams over circuit-switched bearers in the Public Switched Telephone Network (PSTN) and SIP, media level attribute name "a=".
c50:	IF A.317/57 AND A.318/20 THEN o ELSE n/a - - Alternate Connectivity (ALTC) Attribute, media level attribute name "a="
c51:	IF A.317/58 AND A.318/20 THEN o ELSE n/a - - 3GPP MTSI RTCP-APP adaptation, media level attribute name "a=".
c52:	IF A.317/58 AND A.318/20 THEN m ELSE n/a - - 3GPP MTSI RTCP-APP adaptation, media level attribute name "a=".
c53:	IF A.317/59 AND A.318/20 THEN o ELSE n/a - - 3GPP MTSI Pre-defined Region-of-Interest (ROI), media level attribute name "a=".
c54:	IF A.317/59 AND A.318/20 THEN m ELSE n/a - - 3GPP MTSI Pre-defined Region-of-Interest (ROI), media level attribute name "a=".
c55:	IF A.317/61 AND A.318/20 THEN m ELSE n/a - - multiplexing RTP data and control packets on a single port, media level attribute name "a=".
c56:	IF A.317/62 AND A.318/20 THEN m ELSE n/a - - SDP-based data channel negotiation, media level attribute name "a=".
c57:	IF A.317/63 AND (A.318/14 OR A.318/20) THEN o ELSE n/a - -, Media plane optimization for WebRTC session or media level attribute name "a=".
c58:	IF A.317/63 AND A.318/20 THEN o ELSE n/a - -, Media plane optimization for WebRTC media level attribute name "a=".
c59:	IF A.317/63 AND A.318/14 THEN o ELSE n/a - -, Media plane optimization for WebRTC session level attribute name "a=".
c60:	IF A.317/64 AND A.318/20 THEN o ELSE n/a - - Enhanced bandwidth negotiation mechanism, media level attribute name "a=".
c61:	IF A.317/64 AND A.318/20 THEN m ELSE n/a - - Enhanced bandwidth negotiation mechanism, media level attribute name "a=".
c62:	IF (A.317/52 OR A.317/54 OR A.317/55) AND A.318/20 THEN m ELSE n/a - - UDPTL over DTLS, SCTP over DTLS, DTLS-SRTP, media level attribute name "a=".
c63:	IF A.317/61A AND A.318/20 THEN m ELSE n/a - - Exclusive RTP and RTCP multiplexed on one port (a=rtcp-mux-only), media level attribute name "a=".
c64:	IF A.317/66 AND A.318/20 THEN m ELSE n/a - - Using simulcast in SDP and RTP sessions, media level attribute name "a=".
c65:	IF A.317/67 AND A.318/20 THEN o ELSE n/a - - RTP payload format restrictions, media level attribute name "a=". 
c66:	IF A.317/67 AND A.318/20 THEN m ELSE n/a - - RTP payload format restrictions, media level attribute name "a=".
c67:	IF A.317/68 AND A.318/14 THEN o ELSE n/a - - Compact Concurrent Codec Negotiation and Capabilities, session level attribute name "a=".
c68:	IF A.317/54 AND A.318/20 THEN o ELSE n/a - - SCTP over DTLS, media level attribute name "a=".
c69:	IF A.317/69 AND A.318/20 THEN m ELSE n/a - - Delay Budget Information (DBI), media level attribute name "a=".
c70:	IF A.317/70 AND A.318/20 THEN m ELSE n/a - - Access Network Bitrate Recommendation (ANBR), media level attribute name "a=".
c71:	IF (A.317/71 OR A.317/72) AND A.318/20 THEN o ELSE n/a - - Framework for Live Uplink Streaming (FLUS), 3GPP MTSI client using data channels, media level attribute name "a=".

	NOTE 1:	Further specification of the usage of this attribute is defined by specifications relating to individual codecs.



Prerequisite A.319/80 - - a= generic header extension map definition (a=extmap)
Table A.319A: RTP header extensions
	Item
	Field
	Sending
	Receiving

	
	
	Ref.
	RFC status
	Profile status
	Ref.
	RFC status
	Profile status

	1
	coordination of video orientation (urn:3gpp:video-orientation)
	[9B]
	n/a
	o
	[9B]
	n/a
	o

	2
	higher granularity coordination of video orientation (urn:3gpp:video-orientation:6)
	[9B]
	n/a
	c1
	[9B]
	n/a
	c1

	3
	video region-of-interest predefined-roi-sent (urn:3gpp: predefined-roi-sent)
	[9B]
	n/a
	c2
	[9B]
	n/a
	c2

	4
	video region-of-interest arbitrary-roi-sent (urn:3gpp:roi-sent)
	[9B]
	n/a
	c3
	[9B]
	n/a
	c3

	c1:	IF A.319A/1 THEN o ELSE n/a - - coordination of video orientation.
c2:	IF A.317/59 THEN o ELSE n/a - - 3GPP MTSI Pre-defined Region-of-Interest (ROI).
c3:	IF A.317/60 THEN o ELSE n/a - - 3GPP MTSI Arbitrary Region-of-Interest (ROI).




*** Next Change ***
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[bookmark: proxySDPmajorcapabilities]Table A.328: Major capabilities
	Item
	Does the implementation support
	Reference
	RFC status
	Profile status

	
	Capabilities within main protocol
	
	
	

	0A
	application of session policy?
	6.2, 6.3
	x
	c2

	
	Extensions
	
	
	

	[bookmark: proxymanyfolks]1
	integration of resource management and SIP?
	[30] [64]
	o
	n/a

	2
	grouping of media lines?
	[53]
	c3
	x

	3
	mapping of media streams to resource reservation flows?
	[54]
	o
	x

	4
	SDP bandwidth modifiers for RTCP bandwidth?
	[56]
	o
	c1

	5
	TCP-based media transport in the session description protocol?
	[83]
	o
	c11

	6
	interactive connectivity establishment?
	[nb1], [nb2][99]
	o
	c4

	7
	session description protocol format for binary floor control protocol streams?
	[108]
	o
	o

	8
	extended RTP profile for real-time transport control protocol (RTCP)-based feedback (RTP/AVPF)?
	[135]
	o
	c5

	9
	SDP capability negotiation?
	[137]
	o
	c9

	10
	Session Description Protocol (SDP) extension for setting up audio media streams over circuit-switched bearers in the Public Switched Telephone Network (PSTN)?
	[155]
	o
	c6

	11
	miscellaneous capabilities negotiation in the Session Description Protocol (SDP)?
	[156]
	o
	c6

	14
	Secure Real-time Transport Protocol (SRTP)?
	[169]
	o
	o

	15
	MIKEY-TICKET?
	[170]
	o
	o

	16
	SDES?
	[168]
	o
	o

	17
	end-to-access edge media security using SDES?
	7.5.2
	n/a
	n/a

	17A
	end-to-access-edge media security for MSRP using TLS and certificate fingerprints?
	7.5.2
	n/a
	n/a

	17B
	end-to-access-edge media security for BFCP using TLS and certificate fingerprints?
	7.5.2
	n/a
	n/a

	17C
	end-to-access-edge media security for UDPTL using DTLS and certificate fingerprints?
	7.5.2
	n/a
	n/a

	18
	SDP media capabilities negotiation?
	[172]
	o
	c8

	19
	Transcoding Services Invocation in the Session Initiation Protocol (SIP) Using Third Party Call Control (3pcc)?
	[166]
	m
	i

	20
	Message Session Relay Protocol?
	[178]
	o
	o

	20A
	Connection establishment for media anchoring for the message session relay protocol?
	[214]
	o
	c12

	21
	a SDP offer/answer mechanism to enable file transfer?
	[185]
	o
	o

	22
	optimal media routeing?
	[11D]
	n/a
	o

	23
	ECN for RTP over UDP?
	[188]
	o
	c10

	24
	T.38 FAX?
	[202]
	n/a
	o

	25
	support for reduced-size RTCP?
	[204]
	o
	o

	26
	RTCP extended reports?
	[205]
	o
	o

	27
	maximum receive SDU size?
	[9B]
	o
	o

	28
	the SDP content attribute
	[206]
	o
	o

	29
	a general mechanism for RTP header extensions?
	[210]
	o
	o

	30
	negotiation of generic image attributes in the session description protocol (SDP)?
	[211]
	o
	o

	31
	connection-oriented media transport over the TLS protocol in the SDP?
	[241]
	o
	o

	32
	UDPTL over DTLS?
	[217]
	o
	o

	33
	telepresence?
	[7G]
	o
	o

	34
	SCTP over DTLS?
	[219]
	o
	o

	35
	DTLS-SRTP?
	[222], [223]
	o
	o

	36
	STUN Usage for Consent Freshness?
	[224]
	o
	o

	38
	3GPP MTSI RTCP-APP adaptation?
	[9B]
	n/a
	o

	39
	3GPP MTSI Pre-defined Region of Interest (ROI)?
	[9B]
	n/a
	o

	40
	3GPP MTSI Arbitrary Region-of-Interest (ROI)?
	[9B]
	n/a
	o

	41
	multiplexing RTP data and control packets on a single port
	[237], [237A]
	o
	o

	42
	Media plane optimization for WebRTC
	7.5.4
	n/a
	o

	43
	Enhanced bandwidth negotiation mechanism
	[9B]
	n/a
	o

	45
	an SDP offer/answer mechanism to negotiate DTLS protected media?
	[240]
	o
	c13

	46
	Using simulcast in SDP and RTP sessions?
	[249]
	o
	o

	47
	RTP payload format restrictions?
	[250]
	o
	o

	48
	Compact Concurrent Codec Negotiation and Capabilities?
	[9B]
	n/a
	o

	49
	3GPP MTSI Delay Budget Information (DBI)?
	[9B]
	n/a
	c14

	50
	Access Network Bitrate Recommendation (ANBR)?
	[9B]
	n/a
	c15

	51
	Framework for Live Uplink Streaming (FLUS)?
	[276]
	n/a
	c15

	52
	3GPP MTSI client using data channels?
	[9B]
	n/a
	c15

	c1:	IF A.3/2 OR A.3A/88 THEN m ELSE n/a - - P-CSCF, ATCF (proxy).
c2:	IF A.3/2 OR A.3/4 THEN o ELSE x – P-CSCF, S-CSCF.
c3:	IF A.328/3 THEN m ELSE o - - mapping of media streams to resource reservation flows.
c4:	IF A.3/2 OR A.3/4 THEN m ELSE n/a - - P-CSCF, S-CSCF.
c5:	IF (A.3A/50A AND A.3/7C) OR A.3/2 OR A.3/4 OR A.3A/88 THEN m ELSE n/a - - multimedia telephony service application server as AS acting as a SIP proxy, P-CSCF, S-CSCF, ATCF (proxy).
c6:	IF (A.3A/83 AND A.3/7C) OR A.3/4 THEN m ELSE IF A.3A/88 THEN i ELSE n/a - - SCC application server, AS acting as a SIP proxy, S-CSCF, ATCF (proxy).
c7:	IF A.328/18 THEN m ELSE o - - SDP media capabilities negotiation.
c8:	IF A.3/2 OR A.3/4 THEN m ELSE IF A.3A/88 THEN i ELSE o - - P-CSCF, S-CSCF, ATCF (proxy).
c9:	IF (A.3A/50A AND A.3/7C) OR A.3/2 OR A.3/4 OR A.328/18 OR A.3A/88 THEN m ELSE n/a - - multimedia telephony service application server as AS acting as a SIP proxy, P-CSCF, S-CSCF, SDP media capabilities negotiation, ATCF (proxy).
c10:	IF A.3A/88 THEN o ELSE i - - ATCF (proxy).
c11:	IF A.3/2 OR A.3/4 OR A.3A/88 THEN m ELSE n/a - - P-CSCF, S-CSCF, ATCF (proxy).
c12:	IF A.328/20 THEN m ELSE n/a - - message session relay protocol.
c13:	IF A.328/32 OR A.328/34 OR A.328/35 THEN m ELSE n/a - -  UDPTL over DTLS, SCTP over DTLS, DTLS-SRTP.
c14:	IF A.3/2 OR A.3/4 THEN o ELSE n/a - - P-CSCF, S-CSCF.
c15:	If A.3/2 THEN o ELSE n/a - - P-CSCF.




*** Next Change ***
[bookmark: _Toc20148349][bookmark: _Toc27490225][bookmark: _Toc27492231][bookmark: _Toc35958917][bookmark: _Toc45205466][bookmark: _Toc51928978][bookmark: _Toc51930991][bookmark: _Toc91611531]A.3.3.2	SDP types
[bookmark: proxySDPtypes]Table A.329: SDP types
	Item
	Type
	Sending
	Receiving

	
	
	Ref.
	RFC status
	Profile status
	Ref.
	RFC status
	Profile status

	
	Session level description

	1
	v= (protocol version)
	[39] 5.1
	m
	m
	[39] 5.1
	m
	m

	[bookmark: proxySDPo]2
	o= (owner/creator and session identifier).
	[39] 5.2
	m
	m
	[39] 5.2
	i
	i

	3
	s= (session name)
	[39] 5.3
	m
	m
	[39] 5.3
	i
	i

	4
	i= (session information)
	[39] 5.4
	m
	m
	[39] 5.4
	i
	i

	5
	u= (URI of description)
	[39] 5.5
	m
	m
	[39] 5.5
	i
	i

	6
	e= (email address)
	[39] 5.6
	m
	m
	[39] 5.6
	i
	i

	7
	p= (phone number)
	[39] 5.6
	m
	m
	[39] 5.6
	i
	i

	8
	c= (connection information)
	[39] 5.7
	m
	m
	[39] 5.7
	i
	i

	9
	b= (bandwidth information)
	[39] 5.8
	m
	m
	[39] 5.8
	i
	i

	
	Time description (one or more per description)

	[bookmark: proxySDPt]10
	t= (time the session is active)
	[39] 5.9
	m
	m
	[39] 5.9
	i
	i

	[bookmark: proxySDPr]11
	r= (zero or more repeat times)
	[39] 5.10
	m
	m
	[39] 5.10
	i
	i

	
	Session level description (continued)

	[bookmark: proxySDPz]12
	z= (time zone adjustments)
	[39] 5.11
	m
	m
	[39] 5.11
	i
	i

	[bookmark: proxySDPk]13
	k= (encryption key)
	[39] 5.12
	m
	m
	[39] 5.12
	i
	i

	[bookmark: proxySDPa]14
	a= (zero or more session attribute lines)
	[39] 5.13
	m
	m
	[39] 5.13
	i
	i

	
	Media description (zero or more per description)

	[bookmark: proxySDPm]15
	m= (media name and transport address)
	[39] 5.14
	m
	m
	[39] 5.14
	m
	m

	16
	i= (media title)
	[39] 5.4
	m
	m
	[39] 5.4
	i
	i

	[bookmark: proxySDPc]17
	c= (connection information)
	[39] 5.7
	m
	m
	[39] 5.7
	i
	i

	[bookmark: proxySDPb]18
	b= (bandwidth information)
	[39] 5.8
	m
	m
	[39] 5.8
	i
	c1

	19
	k= (encryption key)
	[39] 5.12
	m
	m
	[39] 5.12
	i
	i

	[bookmark: proxySDPam]20
	a= (zero or more media attribute lines)
	[39] 5.13
	m
	m
	[39] 5.13
	i
	c1

	c1:	IF A.328/0A THEN m ELSE i - - application of session policy.



Prerequisite A.329/14 OR A.329/20 - - a= (zero or more session/media attribute lines)
Table A.330: zero or more session / media attribute lines (a=)
	Item
	Field
	Sending
	Receiving

	
	
	Ref.
	RFC status
	Profile status
	Ref.
	RFC status
	Profile status

	1
	category (a=cat)
	[39] 6
	m
	m
	[39] 6
	i
	i

	2
	keywords (a=keywds)
	[39] 6
	m
	m
	[39] 6
	i
	i

	3
	name and version of tool (a=tool)
	[39] 6
	m
	m
	[39] 6
	i
	i

	4
	packet time (a=ptime)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	5
	maximum packet time (a=maxptime)
	[39] 6 (NOTE 1)
	m
	m
	[39] 6 (NOTE 1)
	i
	c9

	6
	receive-only mode (a=recvonly)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	7
	send and receive mode (a=sendrecv)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	8
	send-only mode (a=sendonly)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	8A
	Inactive mode (a=inactive)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	9
	whiteboard orientation (a=orient)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	10
	conference type (a=type)
	[39] 6
	m
	m
	[39] 6
	i
	i

	11
	character set (a=charset)
	[39] 6
	m
	m
	[39] 6
	i
	i

	12
	language tag (a=sdplang)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	13
	language tag (a=lang)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	14
	frame rate (a=framerate)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	15
	quality (a=quality)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	16
	format specific parameters (a=fmtp)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	17
	rtpmap attribute (a=rtpmap)
	[39] 6
	m
	m
	[39] 6
	i
	c9

	18
	current-status attribute (a=curr)
	[30] 5
	m
	m
	[30] 5
	c2
	c2

	19
	desired-status attribute (a=des)
	[30] 5
	m
	m
	[30] 5
	c2
	c2

	20
	confirm-status attribute (a=conf)
	[30] 5
	m
	m
	[30] 5
	c2
	c2

	21
	media stream identification attribute (a=mid)
	[53] 3
	c5
	x
	[53] 3
	c6
	x

	22
	group attribute (a=group)
	[53] 4
	c5
	x
	[53] 4
	c6
	x

	23
	setup attribute (a=setup)
	[83] 4
	c7
	c50
	[83] 4
	c8
	c51

	24
	connection attribute (a=connection)
	[83] 5
	c7
	c7
	[83] 5
	c8
	c8

	24A
	DTLS association ID attribute (a=tls-id)
	[240] 4
	c72
	c72
	[240] 4
	c72
	c72

	25
	candidate IP addresses (a=candidate)
	[nb2][99]
	c9
	c9
	[nb2][99]
	c10
	c10

	26
	floor control server determination (a=floorctrl)
	[108] 4
	c11
	c11
	[108] 4
	c12
	c13

	27
	conference id (a=confid)
	[108] 5
	c11
	c11
	[108] 5
	c12
	c13

	28
	user id (a=userid)
	[108] 5
	c11
	c11
	[108] 5
	c12
	c13

	29
	association between streams and floors (a=floorid)
	[108] 6
	c11
	c11
	[108] 6
	c12
	c13

	30
	RTCP feedback capability attribute (a=rtcp-fb)
	[135] 4.2
	c14
	c14
	[135] 4.2
	c15
	c15

	31
	extension of the rtcp-fb attribute (a=rtcp-fb)
	[136] 7.1
[188] 6.2, [251] 9
	c14
	c14
	[136] 7.1, [251] 9
	c15
	c15

	32
	supported capability negotiation extensions (a=csup)
	[137] 3.3.1
	c16
	c16
	[137] 3.3.1
	c17
	c17

	33
	required capability negotiation extensions (a=creq)
	[137] 3.3.2
	c16
	c16
	[137] 3.3.2
	c17
	c17

	34
	attribute capability (a=acap)
	[137] 3.4.1
	c16
	c16
	[137] 3.4.1
	c17
	c17

	35
	transport protocol capability (a=tcap)
	[137] 3.4.2
	c16
	c16
	[137] 3.4.2
	c17
	c17

	36
	potential configuration (a=pcfg)
	[137] 3.5.1
[172] 3.3.6
	c16
	c16
	[137] 3.5.1
[172] 3.3.6
	c17
	c17

	37
	actual configuration (a=acfg)
	[137] 3.5.2
	c16
	c16
	[137] 3.5.2
	c17
	c17

	38
	connection data capability (a=ccap)
	[156] 3.1
	c18
	c18
	[156] 3.1
	c19
	c19

	40
	crypto attribute (a=crypto)
	[168]
	c20
	c20
	[167]
	c20
	c20

	41
	key management attribute (a=key-mgmt)
	[167]
	c21
	c21
	[168]
	c22
	c22

	42
	3GPP_e2ae-security-indicator (a=3ge2ae)
	7.5.2
	c23
	c23
	7.5.2
	c23
	c23

	43
	media capability (a=rmcap)
	[172] 3.3.1
	c24
	c24
	[172] 3.3.1
	c26
	c26

	43A
	media capability (a=omcap)
	[172] 3.3.1
	c24
	c24
	[172] 3.3.1
	c26
	c26

	44
	media format capability (a=mfcap)
	[172] 3.3.2
	c24
	c24
	[172] 3.3.2
	c26
	c26

	45
	media-specific capability (a=mscap)
	[172] 3.3.3
	c24
	c24
	[172] 3.3.3
	c26
	c26

	46
	latent configuration (a=lcfg)
	[172] 3.3.5
	c48
	c48
	[172] 3.3.5
	c49
	c49

	47
	session capability (a=sescap)
	[172] 3.3.8
	c25
	c25
	[172] 3.3.8
	c27
	c27

	48
	msrp path (a=path)
	[178]
	c28
	c28
	[178]
	c29
	c29

	49
	file selector (a=file-selector)
	[185] 6
	c30
	c30
	[185] 6
	c31
	c31

	50
	file transfer identifier (a= file-transfer-id)
	[185] 6
	c30
	c30
	[185] 6
	c31
	c31

	51
	file disposition (a=file-disposition)
	[185] 6
	c30
	c30
	[185] 6
	c31
	c31

	52
	file date (a=file-date)
	[185] 6
	c30
	c30
	[185] 6
	c31
	c31

	53
	file icon (a=file-icon
	[185] 6
	c30
	c30
	[185] 6
	c31
	c31

	54
	file range (a=file-range)
	[185] 6
	c30
	c30
	[185] 6
	c31
	c31

	55
	optimal media routeing visited realm (a=visited-realm)
	7.5.3
	c32
	c32
	7.5.3
	c33
	c33

	56
	optimal media routeing secondary realm (a=secondary-realm)
	7.5.3
	c32
	c32
	7.5.3
	c33
	c33

	57
	optimal media routeing media level checksum (a=omr-m-cksum)
	7.5.3
	c32
	c32
	7.5.3
	c33
	c33

	58
	optimal media routeing session level checksum (a=omr-s-cksum)
	7.5.3
	c32
	c32
	7.5.3
	c33
	c33

	59
	optimal media routeing codecs (a=omr-codecs)
	7.5.3
	c32
	c32
	7.5.3
	c33
	c33

	60
	optimal media routeing media attributes (a=omr-m-att)
	7.5.3
	c32
	c32
	7.5.3
	c33
	c33

	61
	optimal media routeing session attributes (a=omr-s-att)
	7.5.3
	c32
	c32
	7.5.3
	c33
	c33

	62
	optimal media routeing media bandwidth (a=omr-m-bw)
	7.5.3
	c32
	c32
	7.5.3
	c33
	c33

	63
	optimal media routeing session bandwidth (a=omr-s-bw)
	7.5.3
	c32
	c32
	7.5.3
	c33
	c33

	64
	ecn-attribute (a=ecn-capable-rtp)
	[188]
	c34
	c34
	[188]
	c34
	c34

	65
	T38 FAX Protocol version (a=T38FaxVersion)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	66
	T38 FAX Maximum Bit Rate (a=T38MaxBitRate)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	67
	T38 FAX Rate Management (a=T38FaxRateManagement)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	68
	T38 FAX Maximum Buffer Size (a=T38FaxMaxBuffer)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	69
	T38 FAX Maximum Datagram Size (a=T38FaxMaxDatagram)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	70
	T38 FAX maximum IFP frame size (a=T38FaxMaxIFP)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	71
	T38 FAX UDP Error Correction Scheme (a=T38FaxUdpEC)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	72
	T38 FAX UDP Error Correction Depth (a=T38FaxUdpECDepth)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	73
	T38 FAX UDP FEC Maximum Span (a=T38FaxUdpFECMaxSpan)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	74
	T38 FAX Modem Type (a=T38ModemType)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	75
	T38 FAX Vendor Info
(a=T38VendorInfo)
	[202]
	n/a
	c35
	[202]
	n/a
	c36

	76
	reduced-size RTCP (a=rtcp-rsize)
	[204]
	c37
	c37
	[204]
	c38
	c38

	77
	RTP control protocol extended report parameters (a=rtcp-xr)
	[205]
	c39
	c39
	[205]
	c40
	c40

	78
	maximum receive SDU size (a=3gpp_MaxRecvSDUSize)
	[9B]
	c41
	c41
	[9B]
	c42
	c42

	79
	content (a=content)
	[206]
	c43
	c43
	[206]
	c43
	c43

	80
	generic header extension map definition (a=extmap)
	[210]
	c44
	c44
	[210]
	c45
	c45

	81
	image attribute (a=imageattr)
	[211]
	c46
	c46
	[211]
	c47
	c47

	82
	fingerprint (a=fingerprint)
	[241]
	c52
	c52
	[241]
	c53
	c53

	83
	msrp-cema (a=msrp-cema)
	[214]
	c54
	c54
	[214]
	c55
	c55

	84
	sctp-port (a=sctp-port)
	[219]
	c56
	c56
	[219]
	c56
	c56

	84A
	max-message-size (a=max-message-size)
	[219]
	c56
	c56
	[219]
	c56
	c56

	85
	CS correlation (a=cs-correlation)
	[155] 5.2.3.1
	c57
	c57
	[155] 5.2.3.1
	c57
	c57

	87
	3GPP MTSI RTCP-APP adaptation (a=3gpp_mtsi_app_adapt)
	[9B]
	n/a
	c58
	[9B]
	n/a
	c59

	88
	3GPP MTSI Pre-defined Region-of-Interest (ROI)
(a=predefined_ROI)
	[9B]
	n/a
	c60
	[9B]
	n/a
	c61

	89
	RTP and RTCP multiplexed on one port (a=rtcp-mux)
	[237], [237A]
	c62
	c62
	[237], [237A]
	c63
	c63

	92
	Media plane optimization for WebRTC Contact (a= tra-contact)
	7.5.4
	c64
	c64
	7.5.4
	c65
	c65

	93
	Media plane optimization for WebRTC m-line (a= tra-m-line)
	7.5.4
	c66
	c66
	7.5.4
	c67
	c67

	94
	Media plane optimization for WebRTC attribute (a= tra-att)
	7.5.4
	c64
	c64
	7.5.4
	c65
	c65

	95
	Media plane optimization for WebRTC bandwidth (a= tra-bw)
	7.5.4
	c64
	c64
	7.5.4
	c65
	c65

	98
	Media plane optimization for WebRTC SCTP-association (a= tra-SCTP-association)
	7.5.4
	c66
	c66
	7.5.4
	c67
	c67

	97
	Media plane optimization for WebRTC media line number (a= tra-media-line-number)
	7.5.4
	c68
	c68
	7.5.4
	c69
	c69

	98
	Enhanced bandwidth negotiation mechanism (a=bw-info)
	[9B]
	n/a
	c70
	[9B]
	n/a
	c71

	99
	Exclusive RTP and RTCP multiplexed on one port (a=rtcp-mux-only)
	[246]
	c62
	c62
	[246]
	c63
	c63

	100
	Simulcast stream description (a=simulcast)
	[249] 6.1
	c73
	c73
	[249] 6.1
	c74
	c74

	101
	Restriction identifier (a=rid)
	[250] 10
	c75
	c75
	[250] 10
	c76
	c76

	102
	3GPP compact concurrent codec capabilities (a=ccc-list)
	[9B]
	n/a
	c77
	[9B]
	n/a
	c78

	103
	Delay Budget Information (DBI) RTCP feedback type (a=rtcp-fb:* 3gpp-delay-budget)
	[9B] 6.2.8
	n/a
	c79
	[9B] 6.2.8
	n/a
	c79

	104
	ANBR Support attribute (a=anbr)
	[9B]
	n/a
	c80
	[9B]
	n/a
	c80

	105
	Label attribute (a=label)
	[277] 4
	o
	c81
	[277] 4
	o
	c81

	106
	3GPP QoS hint attribute (a=3gpp-qos-hint)
	[9B] 6.2.7.4
	n/a
	c81
	[9B]
	n/a
	c81

	c2:	IF A.328/1 THEN m ELSE i - - integration of resource management and SIP.
c5:	IF A.328/2 THEN m ELSE n/a - - grouping of media lines.
c6:	IF A.328/3 THEN m ELSE IF A.328/2 THEN i ELSE n/a - - mapping of media streams to resource reservation flows, grouping of media lines.
c7:	IF A.328/5 THEN m ELSE n/a.
c8:	IF A.328/5 THEN i ELSE n/a.
c9:	IF A.329/20 AND A.328/0A THEN m ELSE i - - media level attribute name "a=" and application of session policy.
c9:	IF A.328/6 THEN m ELSE n/a - - interactive connectivity establishment.
c10:	IF A.328/1 AND A.328/6 THEN m ELSE IF A.328/6 THEN i ELSE n/a - - integration of resource management and SIP, interactive connectivity establishment.
c11:	IF A.328/7 THEN m ELSE n/a - - session description protocol format for binary floor control protocol streams.
c12:	IF A.328/7 THEN i ELSE n/a - - session description protocol format for binary floor control protocol streams.
c13:	IF A.328/7 AND A.328/0A AND A.329/20 THEN m ELSE IF A.328/7 AND A.329/20 THEN i ELSE n/a - - session description protocol format for binary floor control protocol streams, media level attribute name "a=" and application of session policy.
c14:	IF (A.328/8 AND A.329/20) THEN m ELSE n/a - - extended RTP profile for real-time transport control protocol (RTCP)-based feedback (RTP/AVPF), media level attribute name "a=".
c15:	IF (A.328/8 AND A.329/20) THEN i ELSE n/a - - extended RTP profile for real-time transport control protocol (RTCP)-based feedback (RTP/AVPF), media level attribute name "a=".
c16:	IF A.328/9 AND A.329/20 THEN m ELSE n/a - - SDP capability negotiation, media level attribute name "a=".
c17:	IF A.328/9 AND A.329/20 THEN i ELSE n/a - - SDP capability negotiation, media level attribute name "a=".
c18:	IF A.328/11 AND A.329/20 THEN o ELSE n/a - - miscellaneous capabilities negotiation in the Session Description Protocol (SDP), media level attribute name "a=".
c19:	IF A.328/11 AND A.329/20 THEN m ELSE n/a - - miscellaneous capabilities negotiation in the Session Description Protocol (SDP), media level attribute name "a=".
c20:	IF A.328/14 AND A.328/16 AND A.329/20 THEN m ELSE n/a - - Secure Real-time Transport Protocol, media plane security using SDES, media level attribute name "a=".
c21:	IF ((A.328/14 AND A.3D/21) OR A.3D/22) AND A.328/15 AND A.329/20 THEN m ELSE n/a - - Secure Real-time Transport Protocol, media plane security using KMS, end-to-end media security for MSRP using TLS and KMS, MIKEY-TICKET, media level attribute name "a=".
c22:	IF ((A.328/14 AND A.3D/21) OR A.3D/22) AND A.328/15 AND A.329/20 THEN i ELSE n/a - - Secure Real-time Transport Protocol, media plane security using KMS, end-to-end media security for MSRP using TLS and KMS, MIKEY-TICKET, media level attribute name "a=".
c23:	IF A.328/17 AND A.329/20 THEN m ELSE n/a - - end to access edge media security, media level attribute name "a=".
c24:	IF A.328/18 THEN m ELSE n/a - - SDP media capabilities negotiation.
c25:	IF A.328/18 AND A.329/14 THEN m ELSE n/a - - SDP media capabilities negotiation, session level attribute name "a=".
c26:	IF A.328/18 AND A.328/0A THEN m ELSE IF A.328/18 THEN i ELSE n/a - - SDP media capabilities negotiation, application of session policy.
c27:	IF A.328/18 AND A.329/14 AND A.328/0A THEN m ELSE IF A.328/18 AND A.329/14 THEN i ELSE n/a - - SDP media capabilities negotiation, session level attribute name "a=", application of session policy.
c28:	IF A.328/20 AND A.329/20 THEN m ELSE n/a - - message session relay protocol, media level attribute name "a=".
c29:	IF A.328/20 AND A.329/20 THEN i ELSE n/a - - message session relay protocol, media level attribute name "a=".
c30:	IF A.328/21 AND A.329/20 THEN m ELSE n/a - - a SDP offer/answer mechanism to enable file transfer, media level attribute name "a=".
c31:	IF A.328/21 AND A.329/20 THEN i ELSE n/a - - a SDP offer/answer mechanism to enable file transfer, media level attribute name "a=".
c32:	IF A.328/22 AND A.329/20 THEN m ELSE n/a - - optimal media routeing, media level attribute name "a=".
c33:	IF A.328/22 AND A.329/20 THEN i ELSE n/a - - optimal media routeing, media level attribute name "a=".
c34:	IF A.328/23 THEN m ELSE i - - ECN for RTP over UDP, media level attribute name "a=".
c35:	IF A.328/24 AND A.329/20 THEN m ELSE n/a - - T.38 FAX, media level attribute name "a=".
c36:	IF A.328/24 AND A.329/20 THEN i ELSE n/a - - T.38 FAX, media level attribute name "a=".
c37:	IF A.328/25 AND A.329/20 THEN m ELSE n/a. - - support for reduced-size RTCP, media level attribute name "a=".
c38:	IF A.328/25 AND A.329/20 THEN i ELSE n/a - - support for reduced-size RTCP, media level attribute name "a=".
c39:	IF A.328/26 AND A.329/20 AND A.329/14 THEN m ELSE n/a -- RTCP extended reports, media level attribute name "a=", session level attribute name "a=".
c40:	IF A.328/26 AND A.329/20 AND A.329/14 THEN i ELSE n/a -- RTCP extended reports, media level attribute name "a=", session level attribute name "a=".
c41:	IF A.328/27 AND A.329/20 AND A.329/14 THEN m ELSE n/a -- maximum receive SDU size, media level attribute name "a=", session level attribute name "a=".
c42:	IF A.328/27 AND A.329/20 AND A.329/14 THEN i ELSE n/a -- maximum receive SDU size, media level attribute name "a=", session level attribute name "a=".
c43:	IF A.328/28 AND A.329/20 THEN m ELSE n/a - - the SDP content attribute, media level attribute name "a=".
c44:	IF A.328/29 AND A.329/20 AND A.329/14 THEN m ELSE n/a - - a general mechanism for RTP header extensions, media level attribute name "a=", session level attribute name "a=".
c45:	IF A.328/29 AND A.329/20 AND A.329/14 THEN i ELSE n/a - - a general mechanism for RTP header extensions, media level attribute name "a=", session level attribute name "a=".
c46:	IF A.328/30 AND A.329/20 THEN m ELSE n/a - - negotiation of generic image attributes in the session description protocol (SDP), media level attribute name "a=".
c47:	IF A.328/30 AND A.329/20 THEN i ELSE n/a - - negotiation of generic image attributes in the session description protocol (SDP), media level attribute name "a=".
c48:	IF A.328/18 AND A.329/20 THEN m ELSE n/a - - SDP media capabilities negotiation, media level attribute name "a=".
c49:	IF A.328/18 AND A.329/20 AND A.328/0A THEN m ELSE IF A.328/18 AND A.329/20 THEN i ELSE n/a - - SDP media capabilities negotiation, media level attribute name "a=", application of session policy.
c50:	IF (A.328/5 OR A.328/32) THEN m ELSE n/a -- TCP-based media transport in the session description protocol, UDPTL over DTLS.
c51:	IF (A.328/5 OR A.328/32) THEN i ELSE n/a -- TCP-based media transport in the session description protocol, UDPTL over DTLS.
c52:	IF (A.328/82 OR A.328/34) AND A.329/20 AND A.329/14 THEN m ELSE n/a -- connection-oriented media transport over the TLS protocol in the SDP, DTLS-SRTP, media level attribute name "a=", session level attribute name "a=".
c53:	IF (A.328/83 OR A.328/34) AND A.329/20 AND A.329/14 THEN i ELSE n/a -- connection-oriented media transport over the TLS protocol in the SDP, DTLS-SRTP, media level attribute name "a=", session level attribute name "a=".
c54:	IF A.328/20A AND A.329/20 THEN m ELSE n/a -- connection establishment for media anchoring for the message session relay protocol, media level attribute name "a=".
c55:	IF A.328/20A AND A.329/20 THEN i ELSE n/a -- connection establishment for media anchoring for the message session relay protocol, media level attribute name "a=".
c56:	IF A.328/33 AND A.329/20 THEN i ELSE n/a -- SCTP on top of DTLS, media level attribute name "a=".
c57:	IF A.318/10 AND A.329/20 THEN m ELSE n/a - - Session Description Protocol (SDP) extension for setting up audio media streams over circuit-switched bearers in the Public Switched Telephone Network (PSTN) and SIP, media level attribute name "a=".
c58:	IF A.328/38 AND A.329/20 THEN m ELSE n/a -- 3GPP MTSI RTCP-APP adaptation, media level attribute name "a=".
c59:	IF A.328/38 AND A.329/20 THEN i ELSE n/a -- 3GPP MTSI RTCP-APP adaptation, media level attribute name "a=".
c60:	IF A.328/39 AND A.329/20 THEN o ELSE n/a - - 3GPP MTSI Pre-defined Region-of-Interest (ROI), media level attribute name "a=".
c61:	IF A.328/39 AND A.329/20 THEN m ELSE n/a - - 3GPP MTSI Pre-defined Region-of-Interest (ROI), media level attribute name "a=".
c62:	IF A.328/41 AND A.329/20 AND A.329/14 THEN m ELSE n/a -- multiplexing RTP data and control packets on a single port, media level attribute name "a=", session level attribute name "a=".
c63:	IF A.328/41 AND A.329/20 AND A.329/14 THEN i ELSE n/a -- multiplexing RTP data and control packets on a single port, media level attribute name "a=", session level attribute name "a=".
c64:	IF A.328/42 AND (A.329/14 OR A.329/20) THEN m ELSE n/a - -, Media plane optimization for WebRTC session or media level attribute name "a=".
c65:	IF A. A.328/42 AND (A.329/14 OR A.329/20) THEN i ELSE n/a - -, Media plane optimization for WebRTC session or media level attribute name "a=".
c66:	IF A.328/42 AND A.329/20 THEN m ELSE n/a - -, Media plane optimization for WebRTC media level attribute name "a=".
c67:	IF A.328/42 AND A.329/20 THEN i ELSE n/a - -, Media plane optimization for WebRTC media level attribute name "a=".
c68:	IF A.328/42 AND A.329/14 THEN m ELSE n/a - -, Media plane optimization for WebRTC session level attribute name "a=".
c69:	IF A.328/42 AND A.329/14 THEN i ELSE n/a - -, Media plane optimization for WebRTC session level attribute name "a=".
c70:	IF A.328/43 AND A.329/20 THEN o ELSE n/a - - Enhanced bandwidth negotiation mechanism, media level attribute name "a=".
c71:	IF A.328/43 AND A.329/20 THEN m ELSE n/a - - Enhanced bandwidth negotiation mechanism, media level attribute name "a=".
c72:	IF (A.328/32 OR A.328/34 OR A.328/35) AND A.329/20 THEN m ELSE n/a - - UDPTL over DTLS, SCTP over DTLS, DTLS-SRTP, media level attribute name "a=".
c73:	IF A.328/46 AND A.329/20 THEN m ELSE n/a - - Using simulcast in SDP and RTP sessions, media level attribute name "a=".
c74:	IF A.328/46 AND A.329/20 THEN i ELSE n/a - - Using simulcast in SDP and RTP sessions, media level attribute name "a=".
c75:	IF A.328/47 AND A.329/20 THEN o ELSE n/a - - RTP payload format restrictions, media level attribute name "a=". 
c76:	IF A.328/47 AND A.329/20 THEN i ELSE n/a - - RTP payload format restrictions, media level attribute name "a=".
c77:	IF A.328/48 AND A.329/14 THEN o ELSE n/a - - Compact Concurrent Codec Negotiation and Capabilities, session level attribute name "a=".
c78:	IF A.328/48 AND A.329/14 THEN i ELSE n/a - - Compact Concurrent Codec Negotiation and Capabilities, session level attribute name "a=".
c79:	IF A.328/49 AND A.329/20 m ELSE n/a - - Delay Budget Information (DBI), media level attribute name "a=".
c80:	IF A.328/50 AND A.329/20 THEN m ELSE n/a - - Access Network Bitrate Recommendation (ANBR), media level attribute name "a=".
c81:	IF (A.328/51 OR A.328/52) AND A.329/20 THEN o ELSE n/a - - Framework for Live Uplink Streaming (FLUS), 3GPP MTSI client using data channels, media level attribute name "a=".

	NOTE 1:	Further specification of the usage of this attribute is defined by specifications relating to individual codecs.



Prerequisite A.330/80 - - a= generic header extension map definition (a=extmap)
Table A.330A: RTP header extensions
	Item
	Field
	Sending
	Receiving

	
	
	Ref.
	RFC status
	Profile status
	Ref.
	RFC status
	Profile status

	1
	coordination of video orientation (urn:3gpp:video-orientation)
	[9B]
	n/a
	m
	[9B]
	n/a
	i

	2
	higher granularity coordination of video orientation (urn:3gpp:video-orientation:6)
	[9B]
	n/a
	m
	[9B]
	n/a
	i

	3
	video region-of-interest predefined-roi-sent (urn:3gpp:predefined-roi-sent)
	[9B]
	n/a
	m
	[9B]
	n/a
	i

	4
	video region-of-interest arbitrary-roi-sent (urn:3gpp:roi-sent)
	[9B]
	n/a
	m
	[9B]
	n/a
	i




*** Next Change ***
[bookmark: _Toc20148643][bookmark: _Toc27490519][bookmark: _Toc27492525][bookmark: _Toc35959211][bookmark: _Toc45205760][bookmark: _Toc51929272][bookmark: _Toc51931285][bookmark: _Toc91611825]K.2.1.5	Maintaining flows and detecting flow failures
[bookmark: _Hlk94869870]STUN Binding Requests are used by the UE as a keep-alive mechanism to maintain NAT bindings for signalling flows over connectionless transport (for dialogs outside a registration as well as within a registration) as well as to determine whether a flow (as described in RFC 5626 [92]) is still valid (e.g. a NAT reboot could cause the transport parameters to change). As such, the UE acts as a STUN client and shall follow the requirements defined by RFC 8489 [nb3]RFC 5389 [100]. Further, when using UDP encapsulated IPsec, the keep-alive capabilities defined within should not be used.
CRLF as defined in RFC 5626 [92] is used by the UE as a keep-alive mechanism to maintain NAT bindings for signalling flows over connection oriented transports (for dialogs outside a registration as well as within a registration) as well as to determine whether a flow (as described in RFC 5626 [92]) is still valid (e.g. a NAT reboot could cause the transport parameters to change). As such, the UE shall follow the requirements defined by RFC 5626 [92].
If the UE determines that the flow to a given P-CSCF is no longer valid (the UE does not receive a STUN reply (or CRLF) or the reply indicates a new public IP Address) the UE shall consider the flow and any associated security associations invalid and perform the initial registration procedures defined in subclause K.2.1.2.2.
When a NAT is not present, it may not be desirable to send keep-alive requests (i.e. given battery considerations for wireless UEs). As such, if a UE can reliably determine that a NAT is not present (i.e. by comparing the "received" header field parameter in the Via header field in the response to the initial un-protected REGISTER request with the locally assigned IP address) then the UE may not perform the keep-alive procedures.

*** Next Change ***
[bookmark: _Toc20148709][bookmark: _Toc27490585][bookmark: _Toc27492591][bookmark: _Toc35959277][bookmark: _Toc45205826][bookmark: _Toc51929338][bookmark: _Toc51931351][bookmark: _Toc91611891]K.5.1	Introduction
[bookmark: _Hlk94798235]The following subclauses describe the usage of the Interactive Connectivity Establishment (ICE) procedures as documented in RFC 8445 [nb1] and RFC 8839 [nb2].RFC 5245 [99]

*** Next Change ***
[bookmark: _Toc20148711][bookmark: _Toc27490587][bookmark: _Toc27492593][bookmark: _Toc35959279][bookmark: _Toc45205828][bookmark: _Toc51929340][bookmark: _Toc51931353][bookmark: _Toc91611893]K.5.2.1	General
NAT bindings also need to be kept alive for media. RFC 8445 [nb1]RFC 5245 [99] provides requirements for STUN based keepalive mechanisms. UEs that do not implement the ICE procedures as defined in RFC 8445 [nb1]RFC 5245 [99] should implement the keepalive procedures defined in RFC 8445 [nb1]RFC 5245 [99]. In the case where keepalives are required and the other end does not support ICE (such that STUN cannot be used for a keepalive) or the UE can not discover STUN or TURN servers to gather candidates, the UE shall send an empty (no payload) RTP packet with a payload type of 20 as a keepalive as long as the other end has not negotiated the use of this value. If this value has already been negotiated, then some other unused static payload type from table 5 of RFC 3551 [55A] shall be used. When sending an empty RTP packet, the UE shall continue using the sequence number (SSRC) and timestamp as the negotiated RTP steam.

*** Next Change ***
[bookmark: _Toc20148712][bookmark: _Toc27490588][bookmark: _Toc27492594][bookmark: _Toc35959280][bookmark: _Toc45205829][bookmark: _Toc51929341][bookmark: _Toc51931354][bookmark: _Toc91611894]K.5.2.2	Call initiation – UE-origination case
The UE should support the agent requirements for ICE as defined by RFC 8445 [nb1]RFC 5245 [99] when sending the initial INVITE request. RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99] provides procedures for:
1)	Gathering candidate addresses for RTP and RTCP prior to sending the INVITE;
2)	Encoding the candidate addresses in the SDP that is included with the INVITE;
3)	Acting as a STUN server to receive binding requests from the remote client when it does connectivity checks;
4)	Performing connectivity checks on received candidate addresses for RTP and RTCP;
5)	Determining and possibly selecting a better active address based on the requirements in RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99];
6)	Subsequent offer/answer exchanges; and
7)	Sending media.
[bookmark: _Hlk94869922]When supporting the ICE procedures, the UE shall also support the STUN agent requirements as described in RFC 8489 [nb3]RFC 5389 [100] in order to gather STUN addresses, the TURN client requirements as described in RFC 8656 [nb4]RFC 5766 [101] in order to gather TURN Server addresses and the STUN Server requirements defined in RFC 8445 [nb1]RFC 5245 [99] as well as the requirements for STUN Servers defined in RFC 8489 [nb3]RFC 5389 [100] for responding to connectivity checks.
RFC 8445 [nb1]RFC 5245 [99] provides an algorithm for determining the priority of a particular candidate. The following additional requirements are provided to the UE:
1)	The type preference assigned for each type of candidate from least to highest should be: Relayed Transport Address, STUN address, local address; and
2)	If the UE has a dual IPv4/IPv6 stack, IPv6 addresses may be assigned a higher local preference than IPv4 addresses based on the operator's policy.
RFC 8445 [nb1]RFC 5245 [99] provides guidance on choosing the in-use candidate and recommends that a UE choose relayed candidates as the in-use address. The following additional requirements are provided to the UE:
1)	If a TURN server is available, the Relayed Transport Address should be used as the initial active transport address (i.e. as advertised in the m/c lines of the SDP); and
2)	If a TURN server is not available, an address obtained via STUN should be used as the initial active transport address.
Regardless of whether the UE supports the above procedures, the UE shall, upon receipt of an SDP answer with candidate addresses, perform connectivity checks on the candidate addresses as described in RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99]. In order to perform connectivity checks, the UE shall act as a STUN client as defined in RFC 8489 [nb3]RFC 5389 [100]. Further, the UE shall also follow the procedures in RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99] when sending media.
[bookmark: _Toc20148713][bookmark: _Toc27490589][bookmark: _Toc27492595][bookmark: _Toc35959281][bookmark: _Toc45205830][bookmark: _Toc51929342][bookmark: _Toc51931355][bookmark: _Toc91611895]
*** Next Change ***
K.5.2.3	Call termination – UE-termination case
The UE should support agent requirements for ICE as defined by RFC 8445 [nb1]RFC 5245 [99] when receiving an initial INVITE request. RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99] provides procedures for:
1)	Gathering candidate addresses for RTP and RTCP prior to sending the answer as described in RFC 8445 [nb1]RFC 5245 [99];
2)	Encoding the candidate addresses in the SDP answer as described in RFC 8839 [nb2]RFC 5245 [99];
3)	Acting as a STUN server to receive binding requests from the remote client when it does connectivity checks;
4)	Performing connectivity checks on received candidate addresses for RTP and RTCP;
5)	Determining and possibly selecting a better active address based on the requirements in RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99];
6)	Subsequent offer/answer exchanges; and
7)	Sending media.
When supporting the ICE procedures, the UE shall also support the STUN agent requirements as described in RFC 8489 [nb3]RFC 5389 [100] in order to gather STUN addresses, the TURN client requirements as described in RFC 8656 [nb4]RFC 5766 [101] in order to gather TURN Server addresses and the STUN Server requirements defined in RFC 8445 [nb1]RFC 5245 [99] as well as the requirements for STUN Servers defined in RFC 8489 [nb3]RFC 5389 [100] for responding to connectivity checks.
RFC 8445 [nb1]RFC 5245 [99] provides an algorithm for determining the priority of a given candidate. The additional requirements for the UE:
1)	The priority of candidate addresses from least to highest should be: Relayed Transport Address, STUN address, local address; and
2)	If the UE has a dual IPv4/IPv6 stack, IPv6 addresses MAY be placed at a higher priority than IPV4 addresses based on the operator's policy.
RFC 8445 [nb1]RFC 5245 [99] provides guidance on choosing the in-use candidate and recommends that a UE choose relayed candidates as the in-use address. The following additional requirements are provided to the UE:
1)	If a TURN server is available, the Relayed Transport Address should be used as the initial active transport address (i.e. as advertised in the m/c lines of the SDP); and
2)	If a TURN server is not available, an address obtained via STUN should be used as the initial active transport address.
Regardless of whether the UE supports the above procedures, the UE shall, upon receipt of an SDP offer with candidate addresses, perform connectivity checks on the candidate addresses as described in RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99]. In order to perform connectivity checks, the UE shall act as a STUN client as defined RFC 8489 [nb3]in RFC 5389 [100]. Further, the UE shall also follow the procedures in RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99] when sending media.
When receiving an SDP offer which does not indicate support for ICE, the UE aborts the ICE procedures and reverts to RFC 3264 [27B] offer/answer procedures; per RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99]. However, if the terminating UE is behind a NA(P)T device this may result in the inability to pass media for the session as the terminating UE will respond with its locally assigned IP address which is unreachable. In order to ensure successful media exchange, the terminating UE shall provide either a STUN derived IP address and port or a TURN provided IP address and port in the m/c lines of the SDP answer. If the provided address and port is a TURN address and port, the policy charging and control framework will be unable to establish proper filter criteria as the address is that of the TURN server and not that of the UE or NAT in front of the UE; see RFC 8445 [nb1]RFC 5245 [99] subclause B.3 for further details. To rectify this issue, the terminating UE shall also include a candidate attribute as described in RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99] identifying the server reflexive IP address and port (i.e. the IP address and port on the public side of the NAT) used when a TURN provided address and port is provided in the m/c line of the SDP answer.

*** Next Change ***
[bookmark: _Toc20148714][bookmark: _Toc27490590][bookmark: _Toc27492596][bookmark: _Toc35959282][bookmark: _Toc45205831][bookmark: _Toc51929343][bookmark: _Toc51931356][bookmark: _Toc91611896]K.5.3	P-CSCF support of ICE
The P-CSCF procedures to support ICE as specified in RFC 8445 [nb1] and RFC 8839 [nb2]RFC 5245 [99] are defined in subclause 6.7.2.7.

*** End of Changes ***

