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1. The 1733 header (the RTP header fields plus those added by 1733) should have a fixed length.  This means that an RTP Mixer is not recommended (add text in spec).

a. Proposed requirement: CC is always zero.  This implies that the CSRC field is always empty/zero length, implies that RTP mixing (which is really “merging”) is not allowed.

2. Timestamp field same as defined by different PT (add text in spec).

3. Kevin:  How do we get the correlation between timestamp or 802.1AS time and the PCR which is captured at the ingress of the AVB cloud?

a. PTS is the presentation timestamp

b. Have informative text that shows how the various timestamps are related. Draw a picture to show the co-relation. 

c. The 802.1AS time is the ‘presentation time’ not the ‘sampled-at time’ associated with the packet.

4. Question:  Does anyone use the RTP header extension?  It looks like no RFC does - closed

5. Question:  Should we encapsulate standard payload types in a new payload type which includes a new header, or should we add an extension header?  We say ‘the former’. - closed

6. RTCP discussion:  Use RTCP to establish a 1:1 correlation between 802.1Qat StreamID and the (SSRC, session ID) pair.

a. Need interface to initiate an 802.1Qat reservation.
1733 application asks SRP for reservation, gets streamID which it passes as it opens the socket. Alternatively, could (bad idea probably) pass it along with each RTP packet.

b. The applications communicate information in the same say as it communicates QoS i.e. the layer-2 UserPriority.

c. We think that the listener does NOT need to know this correlation.
d. Note:  StreamID is 6B of SMAC (not necessarily of talker or listener) plus a SMAC-host-unique identifier

e. Use RTCP to send Presentation Time – not as part of RTP header ??

i. Options:

1. Extend RTP header as shown in Suman’s proposal.

2. Extend “sender report” (SR) of RTCP to carry the cross timestamp, GM Disruption Count, etc.  Implies that the RTP header remains unchanged

a. Advantage:  IF the media clock is locked to the 802.1AS clock, the listener needs only one cross timestamp (one RTCP) and that’s it.  Send periodically anyway, if the stream is multicast because Qat isn’t always notified when a new listener joins the stream.`
3. Kevin/Suman: Find RTP expert to join next week’s call: Tuesday 15th at 1:00 Pacific.

f. Suman: Request for picture: Not only what RSVP does… also add how SIP fits with everything… Add a router in between.  How does the mapping of addresses and stream identifiers works
g. Alan: Management and statistics?? Kevin: Where is the edge of AV cloud ??
7. We may need an annex which tells how to map a host-unique SSRC+SessionID into a stream-Id (add informative text). Define the method for SSRC+SessionID ( stream-ID and have SRP use it. Since SRP depends on HIGHER layer for generating stream-ID, SRP can use this….(add normative text).

8. NOTE:  1733 applications may make use of existing methods to map between L2 and L3 addresses – Multicast discussion – out of scope for 1733… IETF already has many standards - closed
9. Question:  Would it be valuable to make it possible for a bridge to police AVB streams on a per-stream basis?  If yes, how do we do it without requiring the bridge to know where the 1722 StreamID and the 1733 StreamID, etc? – AVB allows devices to do ingress per class policing, so covers most of the cases. 

a. Possible solutions:  Use DMAC+Priority (only for multicast DMAC), new tag (like VLAN), 1st bridge polices per ingress port (talker) on the edge of the AVB cloud – closed – look at 7.

b. Assumption of AVB:  It will be possible to find out (from a bridge) which streams are 802.1Qat-admitted on a link, and the TSpec for each –closed - look at 7.

10. RTCP packets are sent best-effort (i.e. not AVB streams) - closed

11. 1733 does not say anything about RTSP. RTSP is out of scope - closed


12. Next meeting:

a. General

i. ASI that allows applications to explicitly specify extra time skew between listeners

b. 1722

i. 802.11 frame format for encapsulating 1722 packets

ii. Start eliminating 61883-6 options like: Packed Audio, etc.

iii. Formatting CTP into standardese

iv. Review the Grand Master Discontinuity

v. Define a high level service interface

vi. Annex B (gateway to 1394): What do we do with it?

c. 1733

i. RTCP – versus – header changes for cross timestamp
ii. How do the timestamps relate – RTP timestamp, PCR in TS, .1AS timestamp, etc.
