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[bookmark: _Toc202343692]4.2.6.4	Guidelines for multiplexed content
An RTP sender could also include RTP HE for PDU Set marking in case of multiplexed streams. 
One possibility is RTP multiplexing when different RTP Streams exist (e.g. audio + video). 
Another possibility is RTP multiplexing when different RTP Streams and RTCP packets are present. 
Another common use case is to carry source and retransmitted streams using session-multiplexing or SSRC-multiplexing. In SSRC-multiplexing source and retransmission streams are transported in the same RTP session with a different SSRC  see [25]. In session-multiplexing, source stream and retransmission streams are transported in two different streams and are grouped using the Flow Identification (FID) grouping mechanism using the MID values as described in RFC 4588 [25].
Another possibility is a multiplex in which RTP packets may contain different media types and in addition RTCP packets can be present (e.g. MPEG-2 TS over RTP and using RTCP). 
Also cases may exist with multiple video streams.
To illustrate this, Table 4.2.6.4-1 provides some examples on different multiplexing scenarios and the corresponding guidelines for setting RTP HE are further given in Table 4.2.6.4-2. 
The description of each scenario is given and the implication for RTP HE marking in the Tables.
Table 4.2.6.4-1: Example of Multiplexing scenarios
	Scenario
	Multiplex Type
	Description
	Implications for RTP HE for PDU Set Marking for sender

	sc1
	audio + video RTP multiplex
	Native audio and video streams are carried in separate RTP streams with different SSRC, and different PT Packets contain either audio or video.
	Typically, RTP HE is used for the video stream, audio packets can be unmarked. If both audio and video RTP packets are marked, the RTP HE for PDU Set marking is usually applied to video and audio RTP streams separately. RTP video packets and audio packets are usually marked as separate PDU Sets, not as part of the same PDU Set.

	sc2
	audio + video , RTCP 
	Same as sc1, but in this case also RTCP packets exist. Packets contain audio, video or RTCP.
	Same as sc1 for audio and video with the following addition. RTP HE cannot be used for RTCP packets, and these are handled as unmarked PDUs. 
(End of Data Burst signal cannot be used in case RTCP packet is the last one in a data burst).

	sc3
	audio, video native multiplex 
	Stream packets can contain both audio and video. In addition, packets can also contain other metadata related to the streams.
	In this case, PDU Sets can contain different media types (e.g. MPEG-2 TS over RTP); additional guidance is provided to handle this case in Table 4.2.6.X-2.
(In MPEG-2 TS over RTP packets usually 6-7 188 byte transport stream packets are carried in an RTP packet that can contain different media in each TS packet to  be identified based on the packet identifier)

	sc4
	audio, video native multiplex  + RTCP 
	same as sc3 adding RTCP
	Same as sc3 including RTCP packets [4] that cannot carry RTP HE and are therefore left unmarked.

	sc5
	video + video or audio + audio 
	Similar to sc1, but multiple native audio or multiple native video streams are carried in separate RTP streams with different SSRC, either with different PT field or sharing same PT field. Packets contain content from a single SSRC.
	Packets from different RTP streams are marked as separate PDU Sets, ensuring that each PDU Set contains packets only from one RTP stream (single SSRC).

	sc6
	video + video or audio + audio + RTCP
	Same as sc5 adding RTCP
	Same as sc5 including RTCP packets [4] that cannot carry RTP Header Extension

	sc7
	Retransmission stream
	Can apply to any of sc1–sc6 above with one or more SSRC multiplexed retransmission streams
	Retransmitted packets may be treated with differentiated QoS in the 5G Core (see clause 4.6), even if they are not marked using the RTP HE for PDU marking. 



Table 4.2.6.4-2: Guidelines for applying RTP HE in different example multiplexing scenarios
	Scenario
	Guideline
	Additional Comments

	sc1
	Video PDU Sets should be assigned e.g. for video frames/slices and PSI may be set using the guidelines from clause 4.6.2.
Audio packets may be unmarked, or in case audio frames consist of multiple packets they may also be marked using RTP HE. 
PSI of the unmarked packet is determined by the 5G System, based on a configuration, and this can also be based on the payload type.
	Typically, RTP HE is used for the video stream, audio packets can be unmarked as frames are often a single packet and the marking is not beneficial. In such case only overhead is introduced (see the unmarked PDU case), or the RTP HE can also be used for the audio stream.

	sc2
	Same as sc1.  
RTCP packets can not be marked using RTP HE (there is no RTP HE for RTCP) and are treated as unmarked packet in the 5G System. PSI should be determined by the 5G System.
	Same as sc1 for audio and video. 
End of Data burst signal may not be valid if RTCP is the last packet in a burst as no RTP HE can be added to an RTCP packet. 

	sc3
	PDU Sets may be identified by the RTP sender based on the presentation time and the RTP HE can be used to support the PDU Set based QoS handling. 
PSI may be set to a preconfigured value or the value corresponding to the importance of the most important part of the multiplexed stream using the guidelines from clause 4.6.2.
	In this case, the grouping of PDU sets will contain different media types, and therefore the guidance cannot only be based on one specific media type. Therefore, PDU Sets could be identified and marked by the RTP sender based on other aspects such as the presentation time.  
The PSI can be set based on a configuration.

	sc4
	Same as sc3
RTCP packets can not be marked and are treated as unmarked packet in the 5G System.
	Same as sc3 including RTCP packets that cannot carry the RTP Header Extension.
Data burst signal cannot be used if RTCP is the last packet in a burst.

	sc5
	Video PDU Sets may be assigned e.g. for video frames or slices and PSI may be set using the guidelines from clause 4.6.2 for video, separating RTP streams into separate PDU Sets.
Audio Packets can be unmarked or in case audio frames consist of multiple packets they may be marked using RTP HE, separating RTP streams into separate PDU Sets.
	Multiple PDU Sets can be "open" at the same time, i.e., some PDUs are received from multiple different SSRC (i.e. different RTP streams), which requires the marking to keep track of multiple simultaneous PDU Set contexts.

	sc6
	Same as sc5.
RTCP are treated as unmarked packet in the 5G System. PDU Set importance can be determined by the 5G system.
	Same as sc5 including RTCP packets [4] that cannot carry the RTP Header Extension and need not be marked.

	sc7
	SSRC multiplexing is used for retransmission streams.
	Packets in retransmission streams may still benefit from differentiated QoS handling (see clause 4.6), even if they are not marked using the RTP HE for PDU marking.



To support multiplexed content in combination with PDU Set QoS based handling in the 5G System, groups of packets of different media types (audio, video) but same payload type (native multiplex) can also be grouped as a PDU Set (sc3, sc4). This enables groups of packets to benefit from transfer using PDU Set QoS parameters in NG-RAN (PSDB, PSER, PSIHI). In this case, each of the RTP packets can set the RTP HE for PDU Set Marking to enable 5G System to identify corresponding PDU Sets. 
To summarize, different options exist when applying RTP HE for PDU Set marking for multiplexed content, for which some guidelines are defined as follows:
-	When RTP multiplexing (sc1, sc2, sc5 and, sc6 and sc7) is used, it is possible to separately mark the PDU Sets in different streams. 
-	When packets combine different media types in a payload type such as in sc3 and sc4, PDU sets can be created around a common media presentation time grouping packets based on timestamps. In this case the PDU set importance can be set to a derived or default value or a value configured.
-	In case only packets of single stream are marked (e.g. the video stream), and the packets of other streams are unmarked. In this case the 5G System may still identify PDU set information as detailed in Annex A based on the payload information for example or the payload type.
-	In case packets cannot carry an RTP HE (e.g. RTCP packet), packets can be handled as unmarked PDU and PDU Set information may still be derived in the 5G system in some cases.
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-     	In case of multiplexing a retransmission stream, packets in the retransmission stream might not be marked using the RTP HE for PDU Set marking. In that case, they are handled as N6-unmarked PDUs in the 5G Core, if PDU Set based handling is enabled for the corresponding QoS flow.		
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4.6	RTP SDES Header Extension for MID
When an RTP sender transmits different media streams in a multiplexed data flow identified by an IP 5-tuple, the 5GS network needs to identify the PDU’s belonging to the respective media streams, for enabling differentiated QoS handling (i.e. mapping multiplexed streams to differnent QoS Flows). The RTP SDES header extension for MID defined in RFC 9143 [23], described in Annex C.2, enables an RTP receiver to associate each RTP stream with a specific identification-tag. 
An RTP sender may use the BUNDLE attribute defined in RFC 9143 [23] in SDP negotiation to multiplex the media streams, particularly in case SSRC is not available before the RTP session is started. Endpoints that support the bundle mechanism for multiplexed RTP streams shall include the RTP SDES HE for MID for identifying the media streams. Endpoints that support the RTP SDES HE for MID shall support both RTP HE formats (i.e., the one-byte and the two-byte formats). Endpoints that support the bundle mechanism for multiplexing RTP and RTCP streams shall include the RTCP MID SDES Item as defined in RFC 9143 [23] in RTCP SDES packets for identifying the media streams.

NOTE:	Not every RTP packet is required to send MID information in the RTP SDES HE for MID.
	Not every RTCP packet is required to include MID SDES Item in the RTCP SDES packets.
If the RTP SDES HE for MID is the only RTP HE used, the endpoints shall use the 1-byte header format. If other 2-byte RTP HE elements are used in the same RTP stream, then the 2-byte header shall be used, unless the "a=extmap-allow-mixed" is successfully negotiated through SDP offer/answer, as described by RFC 8285 [11].
Multiplexing can also be used to carry retransmitted packets in a separate retransmission stream within the same RTP session using a different SSRC (SSRC multiplexing, see [25]). In this case, the method described above can be used to enable differentiated QoS handling by allowing the 5G Core to map the multiplexed retransmission streams to different QoS Flows.


