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VERSION 1 – BASED ON RTCP FEEDBACK MESSAGES
	Second Change (NEW)


6.2.X
Radio Capability Information (RCI) Signaling
An MTSI client should support Radio Capability Information (RCI) signaling as specified in clause 7.3.X. 
An MTSI client supporting RCI shall offer ‘Radio Capability Information’ (RCI) signaling in SDP for all media streams containing speech and video. RCI shall be offered by including the a=rtcp-fb attribute [40] with the RCI type under the relevant media line scope. The RCI type in conjunction with the RTCP feedback method shall be expressed with the following parameter: 3gpp-radio-capability. A wildcard payload type ("*") may be used to indicate that the RTCP feedback attribute for RCI signaling applies to all payload types. If several types of RCI signaling are supported and/or the same RCI shall be specified for a subset of the payload types, several "a=rtcp-fb" lines can be used. Here is an example usage of this attribute to signal RCI relative to a media line based on the RTCP feedback method: 
a=rtcp-fb:* 3gpp-radio-capability
The IANA registration information on the new RTCP feedback type for RCI signaling is provided in Annex R.X.

The ABNF for rtcp-fb-val corresponding to the feedback type "3gpp-radio-capability" is given as follows:

rtcp-fb-val =/ "3gpp-radio-capability" 
	Third Change (NEW)


7.3.X
Radio Capability Information (RCI) Signaling

Radio capability information (RCI) signalling should be used by the MTSI client in terminal to indicate the radio capabilities of the UE using RTCP feedback messages. The MTSI client may send new RTCP feedback messages in order to provide updates in case of changing radio capabilities, such as in the event of handovers when the UE moves between different access networks, e.g., handover from NR access to LTE access.
The signalling of radio capability information (RCI) shall use RTCP feedback messages as specified in IETF RFC 4585 [40]. The RTCP feedback message is identified by PT (payload type) = PSFB (206) which refers to payload-specific feedback message. FMT (feedback message type) shall be set to the value '11' for radio capability information (RCI). The RTCP feedback method may involve signalling of RCI in both of the immediate feedback and early RTCP modes.
The FCI (feedback control information) format shall be as follows. The FCI shall contain exactly one instance of the available additional delay budget information, composed of the following parameters:

(i)         p – Boolean parameter (1 bit) on ANBR signaling capability, also known as RAN-assisted codec adaptation as specified in TS 36.321 [157] for LTE access and TS 38.321 [Y] for NR access. For LTE access, this parameter indicates whether the UE is able to query and receive ANBR information (for both downlink and uplink ANBR) from its eNB and whether its eNB is able to send ANBR information to the UE. Likewise, for NR access this parameter indicates whether the UE is able to query and receive ANBR information and its gNB is able to send ANBR information to the UE.
(ii)     q – Boolean parameter on delay budget reporting capability, as specified in TS 36.331 [160] for LTE access and TS 38.331 [X] for NR access. For LTE access, this parameter indicates whether the UE is able to perform delay budget reporting and its eNB is able to receive delay budget reports. Likewise, for NR access, this parameter indicates whether the UE is able to perform delay budget reporting and its gNB is able to receive delay budget reports. 

The FCI for the proposed RTCP feedback message can follow the following format:
 0                1                   2                   3
 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+
|p|q|                      zero padding                         |
+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

The high byte may be followed by the low byte, where the low byte holds the least significant bits. 

	Fourth Change (NEW)


R.X
Radio Capability Information (RCI)
The new RTCP feedback types for Radio Capability Information (RCI) can be registered with IANA as follows:

Value name: 3gpp-radio-capability
Long name: Radio capability information
Reference: 3GPP TS 26.114.

The following value can be registered as one FMT value in the "FMT Values for PSFB Payload Types" registry http://www.iana.org/assignments/rtp-parameters:
Name: RCI
Long name: Radio Capability Information (RCI) 

Value: 11
Reference: 3GPP TS 26.114.
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