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Start of Change 1
Please see comments below and 
1. Method in 6.2.2 Single DC will not work, I suggest to delete it.  -DONE IN THE DRAFT-
The most important comment is that I do not think that the procedure in clause 6.2.2 Single DC will work. 
The method is indicated in the figure 6.2.2 text and step 10 of the procedure. The problematic parts are made bold.
--------------------extracts-------------------
Figure 6.2.2-1 illustrates the single DC stream example. T140 protocol is too old to be extended to support adding the source label, so the conference server (DCMF/MRF or DC AS) can add a source label getting from the “label” attribute of ‘a=dcmap’ line in front of the text content when receiving the real-time text from a UE, and the terminal can display it directly without modification.
---and in step 10 of the procedure:----
10. IMS-A establishes the DC stream for UE-D.
When UE-A sends RTT over the uplink stream ID, DCMF/MRF will identify the source by the application data channel established is between UE-A and DCMF/MRF, and then add the UE-A’s identity as source to the RTT content. DCMF simultaneously send the RTT to UE-B, UE-C and UE-D through the dedicated stream ID channel, UE-B, UE-C and UE-D directly display the RTT content.
-------------end of extracts-----------------
RTT is time sampled. So only one or a few characters are sent per transmission. The intention is that the receiving users will see the text grow while it is typed by the sender and the receiving user will then have a good feeling of contact with the sender. The receiving UA needs to coordinate the received small time sampled text items from each sender so that the text is presented in a readable fashion. RFC 9071 contains some example views. 
The cited procedure seems to propose that a label shall be included by the bridge in the text for each transmission. That would result in an unreadable presentation with the label repeated many times with some small items of text between them.
E.g. for two users [GH] and [AB] sending simultaneously: [GH]H[GH]i,[GH]Thi[GH]s[GH] is [GH]Gunn[AB]Oh[GH]ar[AB] go[GH]c[AB]od      ......
There is a note in section 6.5 of RFC 8865 indicating that a solution similar to this one would be possible. But that would require a new protocol and clearly defined separator between the label and the text in the payload and signaling for negotiation of this protocol. I suggest that clause 6.2.2 is deleted and all implementations of RFC 8865 are required to be able to use the multiparty aware method with multiple data channels specified in 6.2.1.1.
2. What difference is it between methods 6.2.1.1 and 6.2.1.2. Delete 6.2.1.2  -DONE IN THE DRAFT-
The methods specified in 6.2.1.1 and 6.2.1.2 say that they are for aware and unaware UA:s. But I see no difference and no negotiation to decide which method would be used. I suggest that all implementations of IMS DC for RTT shall implement the method for multiparty-aware UA with multiple data channels in 6.2.1.1 and that 6.2.1.2 is deleted. Or is there any difference between them that I have not understood?
3. Use of sdp examples which will result in acceptable performance    -DONE IN THE DRAFT-
Many of the sdp examples for the data channel have an attribute cps=20. The requirement planned in CEN/CENELEC/ETSI EN 301 549 is that RTT shall have a performance of at least 30 characters per second for each text stream. Sadly RFC 8865 have the examples with cps=20, but it is recommended that the example sdp in this TR shows a cps value that will result in acceptable performance. Please change to cps=30.
4. W3C has currently no support for the dcsa and dcmap attributes in the WebRTC API. -DONE IN THE DRAFT-
The sdp attributes dcmap and dcsa used for data channel negotiation and specified in RFC 8864 and used in RFC 8865 are not yet supported in the W3C API for WebRTC. If that API would be desired to be used for handling the negotiation of the data channels, it will be a complicating factor to get these attributes negotiated.
For ease of implementation, it would be good if the W3C API is updated to support these attributes. It might be appropriate to mention this in TR 26.982 and establish a liaison with W3C about it.
5. A desire to add data channels without re-INVITE    -DONE IN THE DRAFT-
It seems to have become a habit in WebRTC to add new data channels without making a re-INVITE for each one, using just one sdp m-line and add new channels with more lightweight signaling. It would be good if TR 26.982 could recommend a suitable signaling, e.g. using RFC 8832 procedures.
6. Discourage from using the RTP based method for multiparty-unaware UA-s in new implementations  -DONE IN THE DRAFT-
Section 5.1 (2) describes a method for transmission of RTP-based RTT to multiparty-unaware UA:s. The presentation will not satisfy the performance requirements on RTT from EN 301 549. It would be good if TR 26.982 could emphasize even more that that method is only for non-updated RTT implementations in UA:s and that new or modified RTT UA implementations should implement the multiparty-aware method in section 5.1 (1).

7. Multiparty session establishment from outside of IMS    -DONE IN THE DRAFT-
Two important use cases for multiparty RTT are in emergency communications and in relay service usage. In these cases, the multiparty bridge is most likely residing outside IMS, in an emergency service centre or in a relay service. This use case will require that multiparty session establishment signaling from these external sources are accepted and conveyed through the 3GPP network structure to the involved UA. The preferred signalling is by RFC 4579 as specified in ETSI TS 103 479 clause 5.6 for the emergency service case.
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