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1. [bookmark: _Toc504713888]Introduction
The iRTCW technical specification 26.113 defines a set of functional components enabling immersive real-time communication (iRTC) services. These functional components include RGBD cameras, microphone array, and sensors supporting the capture of 3D video and spatial audio, and their complementary information. In iRTCW, iRTC clients use the WebRTC protocol stack for media transport. 
The latest version of the technical specification (TS) document (S4-231062) is missing information on packet-loss handling in iRTCW clients in terminals.  
This contribution proposes methods to handle packet-loss conditions in iRTCW clients in terminals. 
2. Changes
	First Change


8.  Packet-loss handling
Packet-loss handling mechanisms in WebRTC endpoints
Video
 General
The following packet loss handling mechanisms are recommended in RFC 8834 and RFC 8835 for a WebRTC endpoint defined in RFC 8825.
WebRTC endpoints offering video shall support extended secure RTP profile for RTCP-based feedback (RTP/SAVPF) RFC5124, as extended by RFC7007. The RTP/SAVPF profile is the combination of the basic RTP/AVP profile RFC3551, the RTP profile for RTCP-based feedback (RTP/AVPF) RFC4585, and the secure RTP profile (RTP/SAVP) RFC3711.
The WebRTC endpoints behaviour can be controlled by allocating enough RTCP bandwidth using "b=RR:" and "b=RS:" and setting the value of "trr-int". The attributes "b=RS:<bw>" and "b=RR:<bw>" as defined in RFC 4585 may be used to assign a different bandwidth (measured in bits per second) for RTCP messages to RTP senders and receivers, respectively. The attribute "trr-int" in SDP is used to specify the minimum time interval between two Regular (full compound) RTCP packets in milliseconds for a media session.
WebRTC endpoints are recommended to use the following mechanisms to recover from packet losses: 
· AVPF Generic Negative Acknowledgments (NACK)
· Picture Loss Indication (PLI) feedback message
· Slice Loss Indication (SLI) feedback message
· Full Intra Request (FIR) feedback message
· Temporal-Spatial Trade-Off Request (TSTR)
· Temporary Maximum Media Stream Bit Rate Request (TMMBR)
· RTP Retransmission
These mechanisms offer different performance trade-offs according to channel conditions such as end-to-end delay, bandwidth, rate and packet loss profile.
 NACK messages
AVPF NACK messages are used by WebRTC endpoints to indicate non-received RTP packets for video. WebRTC receivers may send NACKs for missing RTP packets. RTP packet stream senders are required to understand the generic NACK message defined in RFC4585, but they can choose to ignore some or all of this feedback.
 PLI message
The Picture Loss Indication message is used by a receiver to tell the sending encoder that it lost the decoder context and would like to have it repaired. WebRTC endpoints that are sending media shall understand and react to PLI feedback messages as a loss-tolerance mechanism. Receivers can send PLI messages.
 SLI message
The Slice Loss Indication message as defined in RFC4585 is used by a WebRTC receiver to tell the encoder that it has detected the loss or corruption of one or more consecutive macro blocks and would like to have these repaired somehow. The receivers should generate SLI feedback messages if slices are lost when using a codec that supports the concept of macro blocks. A sender that receives an SLI feedback message should attempt to repair the lost slice(s).
 FIR message
The Full Intra Request message defined in RFC5104 is used to make a request by a WebRTC receiver for a new Intra picture from a WebRTC sender. WebRTC endpoints that are sending media shall understand and react to FIR feedback messages they receive. Support for sending FIR messages is optional.
 Temporal-Spatial Trade-Off Request
The temporal-spatial trade-off request and notification are defined in RFC5104. This request can be used to ask the video encoder to change the trade-off it makes between temporal and spatial resolution -- for example, to prefer high spatial image quality but low frame rate. Support for TSTR requests and notifications in WebRTC endpoints is optional.
 Temporary Maximum Media Stream Bit Rate Request
The Temporary Maximum Media Stream Bit Rate Request feedback message is defined in RFC5104. This request and its corresponding Temporary Maximum Media Stream Bit Rate Notification (TMMBN) message defined in RFC5104 are used by a WebRTC receiver to inform the sending party that there is a current limitation on the amount of bandwidth available to this receiver. WebRTC endpoints that are sending media are required to implement support for TMMBR messages and shall follow bandwidth limitations set by a TMMBR message received for their SSRC. The sending of TMMBR messages is optional.
[bookmark: _Ref143619004] RTP retransmission
The RTP Retransmission Payload Format RFC 4588 supports retransmission of lost packets based on NACK feedback. Retransmission is useful if retransmitted packets arrive within the end-to-end delay requirements of the system. It is suitable for low RTT networks with relatively low observed packet loss.
If support for RTP retransmission payload format has been negotiated, the receivers required to support handling of RTP retransmission packets defined in RFC 4588 sent using SSRC multiplexing. Similarly, senders may use RTP retransmission packets defined in RFC 4588 for packets they retransmit using SSRC multiplexing.
The following example specifies two original, AAC and HEVC, streams on ports 49170 and 49174 and their corresponding retransmission streams on ports 49172 and 49176, respectively:
   m=audio 49170 RTP/AVPF 96
   a=rtpmap:96 MP4A-LATM/90000
   a=rtcp-fb:96 nack
   a=mid:1
   m=audio 49172 RTP/AVPF 97
   a=rtpmap:97 rtx/90000
   a=fmtp:97 apt=96;rtx-time=3000
   a=mid:2
   m=video 49174 RTP/AVPF 99
   a=rtpmap:99 H265/90000
   a=rtcp-fb:99 nack
   a=fmtp:99 profile-level-id=8;config=01010000012000884006682C209\
   0A21F
   a=mid:3
   m=video 49176 RTP/AVPF 100
   a=rtpmap:100 rtx/90000
   a=fmtp:100 apt=99;rtx-time=3000
   a=mid:4
Packet-loss handling mechanisms supported in iRTC clients
General
This clause specifies some methods to handle conditions with packet losses.
The ‘a=bw-info’ attribute defined in clause 19 of TS 26.114 allows for negotiating how much additional bandwidth (if any) may be used for application layer redundancy in the session. When application layer redundancy is used, the media bandwidth negotiated for the session may need to be increased, e.g., by increasing the value used for the b=AS bandwidth modifier. The b=AS bandwidth modifier is however only a single value, which also applies only to the receiving direction. When an iRTC client sends the SDP Offer/Answer, it is therefore not possible for the network and the other clients to know if the intention is to use the entire media bandwidth all the time (both with and without redundancy); or if the intention is to use the b=AS bandwidth only when redundancy is needed and to use a lower bandwidth when redundancy is not needed. It is also not possible to know what the iRTC client can do in the sending direction. The ‘a=bw-info’ attribute defined in clause 19 of TS 26.114 offers an improved negotiation mechanism to better know what the iRTC client can do and what it intends to do.
Improved error robustness can be enabled by packet-loss handling procedures of the client or the codec in the terminal.
Video
 General
The iRTC clients in terminal offering video shall support the packet-loss handling mechanisms defined in RFC 8834 and RFC 8835 with the below additions. 
 NACK, PLI, SLI and FIR messages
iRTC clients in terminal offering video should support transmission and reception of NACK RTCP messages, as an indication of non-received media packets. Note that by setting the bitmask of following lost packets (BLP) the frequency of transmitting NACK can be reduced, but the repairing action by the iRTC client receiving the message can be delayed correspondingly.
iRTC clients offering video should support transmission and reception of Slice Loss Indication (SLI) RTCP messages and shall support reception of PLI AVPF RTCP messages and FIR codec control message (CCM) and react to those messages. 
An iRTC sending client should ignore FIR messages that arrive within Response Wait Time (RWT) duration after responding to a previous FIR message. Response Wait Time (RWT) is defined as RTP-level round-trip time, estimated by RTCP or some other means, plus twice the frame duration.
An iRTC client transmitting video can use NACK information, as well as the PLI, SLI and FIR messages, at its earliest opportunity to take appropriate action and recover video from errors for the iRTC client that sent the NACK, PLI, SLI or FIR messages. Recovery from error response is defined as sending a recovery picture that is equivalent to an Instantaneous Decoder Refresh (IDR) frame, sending Gradual Decoder Refresh (GDR), or retransmitting missing packets.
The usage of the AVPF and CCM feedback messages is negotiated by iRTC clients using SDP offer/answer messages. Any AVPF or CCM feedback messages that have not been agreed in the SDP offer/answer negotiation should not be used in the session. 
An example of how an SDP offer/answer indicates support for feedback of PLI, SLI, negative acknowledgement, and FIR is as below,
         v=0
         m=video 51372 RTP/AVPF 99
         a=rtpmap:99 H265/90000
         a=rtcp-fb:99 nack pli sli 
         a=rtcp-fb:99 ccm fir
 TMMBR and TMMBN messages
The TMMBR and TMMBN messages of CCM shall be supported by iRTC clients in terminals supporting video. The TMMBR notification messages along with RTCP sender reports and receiver reports are used for dynamic video rate adaptation.
 RTP retransmission
An iRTC client in terminal may support RTP Retransmission as specified in clause 8.1.1.8. 
An iRTC client in terminal supporting RTP Retransmission should offer retransmission for all media streams containing video. The binding used for retransmission stream to the payload type number is indicated by an rtpmap attribute. The MIME subtype name used in the binding is "rtx". The "apt" (associated payload type) parameter is used to map the retransmission payload type to the associated original payload type. The "rtx-time" payload-format-specific parameter indicates the maximum time a sender will keep an original RTP packet in its buffers available for retransmission.


	End of First Change


3. Proposal
We propose to agree the proposed change in clause 2 into clause 8 of TS 26.113.
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