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RFC 4585 (July 2006): "Extended RTP Profile for Real-time Transport Control Protocol (RTCP)-Based Feedback (RTP/AVPF)".

[136]
RFC 5104 (February 2008): "Codec Control Messages in the RTP Audio-Visual Profile with Feedback (AVPF)".

[137]
RFC 5939 (September 2010): "Session Description Protocol (SDP) Capability Negotiation".

[138]
ETSI ES 282 001: "Telecommunications and Internet converged Services and Protocols for Advanced Networking (TISPAN); NGN Functional Architecture Release 1".

[139]
Void.

[140]
draft-dawes-sipping-debug-02 (February 2010): "Private Extension to the Session Initiation Protocol (SIP) for Debugging".
Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[141]
Void.

[142]
RFC 6228 (May 2011): "Response Code for Indication of Terminated Dialog".

[143]
RFC 6223 (April 2011): "Indication of support for keep-alive".

[144]
RFC 4240 (December 2005): "Basic Network Media Services with SIP".

[145]
RFC 5552 (May 2009): "SIP Interface to VoiceXML Media Services".

[146]
RFC 6230 (May 2011): "Media Control Channel Framework".

[147]
RFC 6231 (May 2011): "An Interactive Voice Response (IVR) Control Package for the Media Control Channel Framework".

[148]
RFC 6505 (March 2012): "A Mixer Control Package for the Media Control Channel Framework".

[149]
RFC 2046 (November 1996): "Multipurpose Internet Mail Extensions (MIME) Part Two: Media Types".

[150]
RFC 5621 (September 2009): "Message Body Handling in the Session Initiation Protocol (SIP)".

[151]
RFC 3862 (August 2004): "Common Presence and Instant Messaging (CPIM): Message Format".

[152]
RFC 3890 (September 2004): "A Transport Independent Bandwidth Modifier for the Session Description Protocol (SDP)".

[153]
RFC 7254 (May 2014): "A Uniform Resource Name Namespace for the Global System for Mobile Communications Association (GSMA) and the International Mobile station Equipment Identity (IMEI)".
[154]
RFC 4122 (July 2005): "A Universally Unique IDentifier (UUID) URN Namespace".
[155]
RFC 7195 (May 2014): "Session Description Protocol (SDP) Extension for Setting Audio Media Streams over Circuit-Switched Bearers in the Public Switched Telephone Network (PSTN)".

[156]
RFC 7006 (September 2013): "Miscellaneous Capabilities Negotiation in the Session Description Protocol (SDP)".
[157]
RFC 5438 (January 2009): "Instant Message Disposition Notification (IMDN)".

[158]
RFC 5373 (November 2008): "Requesting Answering Modes for the Session Initiation Protocol (SIP)".
[160]
Void.
[161]
RFC 4288 (December 2005): "Media Type Specifications and Registration Procedures".

[162]
draft-ietf-insipid-session-id-13 (January 2015): "End-to-End Session Identification in IP-Based Multimedia Communication Networks".
Editor's note: [WI: IMSProtoc6, CR#5061] The above document cannot be formally referenced until it is published as an RFC.
[163]
RFC 6026 (September 2010): "Correct Transaction Handling for 2xx Responses to Session Initiation Protocol (SIP) INVITE Requests".

[164]
RFC 5658 (October 2009): "Addressing Record-Route issues in the Session Initiation Protocol (SIP)".

[165]
RFC 5954 (August 2010): "Essential Correction for IPv6 ABNF and URI Comparison in RFC3261".

[166]
RFC 4117 (June 2005): "Transcoding Services Invocation in the Session Initiation Protocol (SIP) using Third Party Call Control (3pcc)".

[167]
RFC 4567 (July 2006): "Key Management Extensions for Session Description Protocol (SDP) and Real Time Streaming Protocol (RTSP)".

[168]
RFC 4568 (July 2006): "Session Description Protocol (SDP) Security Descriptions for Media Streams".

[169]
RFC 3711 (March 2004): "The Secure Real-time Transport Protocol (SRTP)".

[170]
RFC 6043 (March 2011): "MIKEY-TICKET: Ticket-Based Modes of Key Distribution in Multimedia Internet KEYing (MIKEY)".
[171]
RFC 4235 (November 2005): "An INVITE-Initiated Dialog Event Package for the Session Initiation Protocol (SIP)".

[172]
RFC 6871 (February 2013): "SDP media capabilities Negotiation".
[173]
RFC 4488 (May 2006): "Suppression of Session Initiation Protocol (SIP) REFER Method Implicit Subscription".

[174]
Void.

[175]
RFC 7462 (March 2015): "URNs for the Alert-Info Header Field of the Session Initiation Protocol (SIP)".
[176]
ANSI/J-STD-036-B: "Enhanced Wireless 9-1-1, Phase 2".

[177]
Void.
[178]
RFC 4975 (September 2007): "The Message Session Relay Protocol (MSRP)".
[179]
RFC 3859 (August 2004): "Common Profile for Presence (CPP)".

[180]
RFC 3860 (August 2004): "Common Profile for Instant Messaging (CPIM)".

[181]
RFC 2368 (July 1998): "The mailto URL scheme".

[182]
RFC 4745 (February 2007): "Common Policy: A Document Format for Expressing Privacy Preferences".
[183]
RFC 5318 (December 2008): "The Session Initiation Protocol (SIP) P-Refused-URI-List Private-Header (P-Header)".
[184]
RFC 4538 (June 2006): "Request Authorization through Dialog Identification in the Session Initiation Protocol (SIP)".
[185]
RFC 5547 (May 2009): "A Session Description Protocol (SDP) Offer/Answer Mechanism to Enable File Transfer".

[186]
RFC 4483 (May 2006): "A Mechanism for Content Indirection in Session Initiation Protocol (SIP) Messages".

[187]
draft-atarius-dispatch-meid-urn-04 (May 2014): "A Uniform Resource Name Namespace for the Device Identity and the Mobile Equipment Identity (MEID)".
Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[188]
RFC 6679 (August 2012): "Explicit Congestion Notification (ECN) for RTP over UDP".
[189]
RFC 3168 (September 2001): "The Addition of Explicit Congestion Notification (ECN) to IP".

[190]
RFC 6809 (November 2012): "Mechanism to Indicate Support of Features and Capabilities in the Session Initiation Protocol (SIP)".

[191]
RFC 6140 (March 2011): "Registration for Multiple Phone Numbers in the Session Initiation Protocol (SIP)".

[192]
RFC 6917 (April 2013): "Media Resource Brokering".
[193]
ETSI TS 101 454-1 v1.1.1: "Digital Video Broadcasting (DVB); Second Generation DVB Interactive Satellite System (DVB-RCS2); Part 1: Overview and System Level specification".

[194]
ETSI EN 301 545-2 v1.1.1: "Digital Video Broadcasting (DVB); Second Generation DVB Interactive Satellite System (DVB-RCS2); Part 2: Lower Layers for Satellite standard".

[195]
ETSI TS 101 545-3 v1.1.1: "Digital Video Broadcasting (DVB); Second Generation DVB Interactive Satellite System (DVB-RCS2); Part 3: Higher Layers Satellite Specification".
[196]
RFC 2616 (June 1999): "Hypertext Transfer Protocol -- HTTP/1.1".
[197]
RFC 7135 (May 2014): "IANA Registering a SIP Resource Priority Header Field Namespace for Local Emergency Communications".
[198]
RFC 6357 (August 2011): "Design Considerations for Session Initiation Protocol (SIP) Overload Control".

[199]
RFC 7339 (September 2014): "Session Initiation Protocol (SIP) Overload Control".
[200]
RFC 7415 (February 2015): "Session Initiation Protocol (SIP) Rate Control".
[201]
RFC 7200 (April 2014): "A Session Initiation Protocol (SIP) Load-Control Event Package".

[202]
ITU-T Recommendation T.38 (September 2010): "Procedures for real-time Group 3 facsimile communication over IP networks".

[203]
ISO 8601 (December 2004): "Date elements and interchange formats – Information interchange – Representation of dates and times".
[204]
RFC 5506 (April 2009): "Support for Reduced-Size Real-Time Transport Control Protocol (RTCP)".

[205]
RFC 3611 (November 2003): "RTP Control Protocol Extended Reports (RTCP XR)".
[206]
RFC 4796 (February 2007): "The Session Description Protocol (SDP) Content Attribute".

[207]
ISO 3166-1 (2006): "Codes for the representation of names of countries and their subdivisions – Part 1: Country codes".
[208]
draft-holmberg-sipcore-received-realm-04 (December 2014): "Via header field parameter to indicate received realm".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[209]
RFC 7090 (April 2014): "Public Safety Answering Point (PSAP) Callback".

[210]
RFC 5285 (July 2008): "A General Mechanism for RTP Header Extensions".

[211]
RFC 6236 (May 2011): "Negotiation of Generic Image Attributes in the Session Description Protocol (SDP)".
[212]
RFC 20 (May 2011): "ASCII format for Network Interchange".
[213]
RFC 5280 (May 2008): "Internet X.509 Public Key Infrastructure Certificate and Certificate Revocation List (CRL) Profile".
[214]
RFC 6714 (August 2012): "Connection Establishment for Media Anchoring (CEMA) for the Message Session Relay Protocol (MSRP)".

[215]
RFC 6135 (February 2011): "An Alternative Connection Model for the Message Session Relay Protocol (MSRP)".

[216]
RFC 4572 (July 2006): "Connection-Oriented Media Transport over the Transport Layer Security (TLS) Protocol in the Session Description Protocol (SDP)".

[217]
RFC 7345 (August 2014): "UDP Transport Layer (UDPTL) over Datagram Transport Layer Security (DTLS)".

[218]
RFC 4279 (December 2005): "Pre-Shared Key Ciphersuites for Transport Layer Security (TLS)".
[219]
draft-ietf-mmusic-sctp-sdp-14 (March 2015): "Stream Control Transmission Protocol (SCTP)-Based Media Transport in the Session Description Protocol (SDP)".

Editor's note (WI: eIMS_TELEP, CR#4856): The above document cannot be formally referenced until it is published as an RFC.
[220]
RFC 2817 (May 2000): "Upgrading to TLS Within HTTP/1.1".

[221]
RFC 6062 (November 2010): "Using Relays around NAT (TURN) Extensions for TCP Allocations".
[222]
RFC 5763 (May 2010): "Framework for Establishing a Secure Real-time Transport Protocol (SRTP) Security Context Using Datagram Transport Layer Security (DTLS)".

[223]
RFC 5764 (May 2010): " Datagram Transport Layer Security (DTLS) Extension to Establish Keys for the Secure Real-time Transport Protocol (SRTP)".
[224]
draft-ietf-rtcweb-stun-consent-freshness-11 (December 2014): "STUN Usage for Consent Freshness".

Editor's note (WI: IMS_WebRTC, CR#4943): The above document cannot be formally referenced until it is published as an RFC.

[225]
RFC 7549 (May 2015): "3GPP SIP URI Inter Operator Traffic Leg Parameter".

[226]
draft-allen-sipcore-sip-tree-cap-indicators-01 (July 2014): "Registration of the Session Initiation Protocol (SIP) Feature-Capability indicators".

Editor's note [WI: IMSProtoc6, CR#4895]: The above document cannot be formally referenced until it is published as an RFC.

[227]
RFC 4169 (Novenber 2005): "Hypertext Transfer Protocol (HTTP) Digest Authentication Using Authentication and Key Agreement (AKA) Version-2".

[228]
RFC 6947 (May 2013): "The Session Description Protocol (SDP) Alternate Connectivity (ALTC) Attribute".

[229]
draft-holmberg-sipcore-auth-id-00 (October 2014): "Authorization server identity".

Editor's note [WI: IMS_WebRTC, CR#5120]: The above document cannot be formally referenced until it is published as an RFC.
[230]
draft-mohali-dispatch-cause-for-service-number-03 (July 2015): "Session Initiation Protocol (SIP) Cause URI parameter for Service Number translation".
Editor's note [WI: INNB_IW, CR#5131]: The above document cannot be formally referenced until it is published as an RFC.
[231]
draft-ietf-sipcore-refer-clarifications-02 (January2015): "Clarifications for the use of REFER with RFC6665".

Editor's note [WI: UP6665, CR#5151]: The above document cannot be formally referenced until it is published as an RFC.
[232]
draft-ietf-sipcore-refer-explicit-subscription-00 (November 2014): "Explicit Subscriptions for the REFER Method".

Editor's note [WI: UP6665, CR#5151]: The above document cannot be formally referenced until it is published as an RFC.

[233]
draft-roach-sipcore-6665-clarifications-00 (October 2014): "A clarifications on the use of Globally Routable User Agent URIs (GRUUs) in the Session Initiation Protocol (SIP) Event Notification Framework".

Editor's note [WI: UP6665, CR#5151]: The above document cannot be formally referenced until it is published as an RFC.

[yy]
draft-ietf-mmusic-data-channel-sdpneg-06 (October 2015): "SDP-based Data Channel Negotiation".
Editor's note [WI: eWebRTCi_CT, CR#000X]: The above document cannot be formally referenced until it is published as an RFC.

***** Next change *****
A.3
Profile definition for the Session Description Protocol as used in the present document

A.3.1
Introduction

Void.

A.3.2
User agent role

This subclause contains the ICS proforma tables related to the user agent role. They need to be completed only for UA implementations.

Prerequisite: A.2/1 -- user agent role

A.3.2.1
Major capabilities

Table A.317: Major capabilities

	Item
	Does the implementation support
	Reference
	RFC status
	Profile status

	
	Capabilities within main protocol
	
	
	

	
	
	
	
	

	
	Extensions
	
	
	

	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?
	[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?
	[216]
	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], [225]
	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
	SDP-based data channel negotiation?
	[yy]
	o
	c31

	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 THEN m ELSE o - - multimedia telephony service participant, multimedia telephony service application server, MGCF, IBCF (IMS-ALG), ATCF (UA).

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 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).

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.

	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.


Editor's note: [WI: IMS_WebRTC, CR#4943] In table A.317, items 55 and 56, it needs to be studied whether the P-CSCF needs to be considered, e.g. whether it needs to be described how a P-CSCF would handle a request for DTLS-SRTP.
***** Next change *****
A.3.2.2
SDP types

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

	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)

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

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

	
	Session level description (continued)

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

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

	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)

	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

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

	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

	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

	25
	IP addresses (a=candidate)
	[99]
	c12
	c12
	[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
	c15
	c15
	[136] 7.1
	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)
	[216]
	c46
	c46
	[216]
	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

	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
	data channel mapping (a=dcmap)
	[yy]
	c55
	c55
	[yy]
	c55
	c55

	90
	data channel subprotocol specific attributes (a=dcsa)
	[yy]
	c55
	c55
	[yy]
	c55
	c55

	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.317/60 AND A.318/20 THEN m ELSE n/a - - SDP-based data channel negotiation, 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 (ROI) information (urn:3gpp:roi-sent)
	[9B]
	n/a
	c2
	[9B]
	n/a
	c2

	c1:
IF A.319A/1 THEN o ELSE n/a - - coordination of video orientation.

c2:
IF A.317/59 THEN o ELSE n/a - - video region of interest (ROI)


