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1
INTRODUCTION
This discussion paper identifies an ambiguity in the current specifications and proposes a way forward for resolving this ambiguity with respect to RTCP message exchange when session HOLD procedure is invoked and the network provides an in-band announcement (“hold music”) to the held party.

2
PROBLEM STATEMENT

2.1
Description in 3GPP TS 24.628

The following flow appears in Annex A.2.2 of 24.628. It illustrates the message flow between the AS / MRFC / MRFP and the UE that is being put on hold. In this scenario, the network provides an in-band announcement (“hold music”) to be played to the user. In this scenario, the AS acts as a B2BUA. 
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While this flow is correct from a high-level point of view, it suffers from the following deficiencies:
1. This figure does not provide details of SIP / SDP / RTP / RTCP message exchange. In contrast, the other scenarios described in TS 24.628 do go into the details of SIP / SDP message exchange.

2. From this figure, it appears that there is no interaction between the network and the user that informs the user of the status of the original RTP / RTCP flow. It is not clear what happens to the original RTP / RTCP flow.  

a. Is the original RTP flow suspended while the announcement is being played? 

b. Is the announcement mixed with the original RTP flow from the other user (not shown)? OR 

c. Does the original flow of RTP still delivered to the user in addition to the RTP flow of the announcement? 

3. The message exchange with the other party (the user invoking the HOLD service) is not shown.

The descriptive text that follows this figure in TS 24.628 does not address the above questions.
2.2
Description in 3GPP TS 24.610

The following figure appears in Annex A.1.2 of 3GPP TS 24.610 and shows the SIP message flow. This figure deals with placing the B-party on hold and providing the announcement to B-party. A separate flow (not shown in this discussion paper) describes the flow when UE-B is taken off hold and communication is resumed.
[image: image2.wmf]UE

-

A

S

-

CSCF

AS

P

-

CSCF

B

UE

-

B

P

-

CSCF

A

2.

 INVITE

(sendonly)

3. INVITE

(sendonly)

4. INVITE

(sendonly)

1. INVITE

(sendonly)

13. ACK

7. 200 OK

(recvonly)

8. 200 OK

(recvonly)

9. 200 OK

(recvonly)

10. 200 OK

(recvonly)

14. ACK

15. ACK

18 ACK

RTP

no RTP sent

5. INVITE

(sendonly)

6. INVI

TE

(sendonly)

11. 200 OK

(recvonly)

11a. Announcement to UE

-

B starts

12. 200 OK

(recvonly)

16. ACK

17. ACK


This flow is a vast improvement over the flow in 3GPP TS 24.628. The following observations are made on this flow and the normative and descriptive text that accompanies the flow. This flow caters to two possible mechanisms for providing announcements – namely in-band method and Call-Info based method. However, this requirement to cater to both of these scenarios restricts the amount of description that is needed to be provided for the in-band method. In particular, the following observations are made in the context of in-band method of providing announcements.

1. It is clearly stated that message 1 (INVITE from UE-1 towards the AS) and message 4 (INVITE from AS towards UE-2) are either reINVITE messages or UPDATE messages.
2. This flow (in fact the entire TS 24.610) does not acknowledge the existence of MRFC / MRFP in the network and its important role in providing announcement. 

3. The SDP in message 4 (INVITE from AS towards UE-B) is not shown. The normative text in subclause 4.5.2.4 does not describe how the AS constucts the SDP offer in this message.
4. The SDP in message 10 (200 OK from AS towards UE-A) is not shown. The normative text in subclause 4.5.2.4 does not describe how the AS constructs the SDP answer in this message.

5. The RTP flow between UE-A and UE-B before the invocation of this procedure and after the completion of this procedure are shown. However, the corresponding RTCP flow is not shown.

6. The RTP / RTCP flow related to the in-band announcement is not shown.

3
AMBIGUITIES
From the above summary of the contents of TS 24.628 and TS 24.610, the following ambiguities are noted when in-band announcements are to be provided during session hold.

1. When the session is originally established, it is clear that the AS is included in the SIP signaling path. It is not clear if the media is anchored in MRF.

2. No additional description is provided on what the AS should do when the AS receives the reINVITE request is provided. In the absence of such additional text, it is assumed that the reINVITE that the AS sends towards UE-B has SDP body that is identical to that it received from UE-A. In particular, the “c=” line in the SDP offer is still the IP address of UE-A.

3. When the announcement is provided in-band, the contents RTP flow reaching UE-2 is not clear. 

a. Does the MRF replace the RTP flow from UE-1 by the announcement?

b. Does the MRF mix the announcement with the RTP flow from UE-1?

c. Does the MRF leave the RTP flow from UE-1 unmodified and also provides an additional RTP flow corresponding to the announcement?

d. Any other possibility?

4. For each possibility listed in item 3 above, the RTCP flow also needs to be clearly specified. As indicated in RFC 4566, the directionality attribute in SDP offer / answer applies only to the RTP traffic and does not apply to RTCP traffic which is always bidrectional. 

a. Corresponding to 3.a above, (MRF replaces the RTP flow from UE-1 by the announcement)
i. Where do the RTP and RTCP packets originated  from UE-1 go?
ii. Which entity in the network provides RTCP packets to UE-1 during the session hold?

iii. Will the MRF provide both RTP and RTCP to UE-2 during the session hold?

iv. Will the RTCP packets generated by UE-2 be consumed by MRF?

b. Corresponding to 3.b above (MRF mixes the announcement with RTP flow), the RTCP behavior options are exactly as described for 4.a.

c. Corresponding to 3.c above (UE-2 receives both RTP from UE-1 and the announcement RTP),
i. How can UE handle two active RTP flows?

ii. Is the UE expected to provide RTCP messages for both RTP flows?

4
PROPOSAL

The following flow is provided as one way of resolving the problem described above. It assumes that UE-2 receives only one RTP flow (announcement) when the session is put on hold.
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1. UE-1 sends SIP INVITE towards UE-2. The “c=” line in the SDP offer in this SIP message contains the IP address of UE-1. The media is set to “sendrecv”.
2. Upon receipt of SIP INVITE from UE-1, the AS, acting as a B2BUA, sends the SIP INVITE to UE-2, keeping the SDP unmodified. The MRFC / MRFP is not involved in the session setup at this point.

3. Upon receipt of SIP INVITE, UE-2 accepts the session by sending a SIP 200 OK towards AS with SDP answer. The “c=” line in the SDP answer contains the IP address of UE-2. The media is set to “sendrecv”.
4. Upon receipt of SIP 200 OK from UE-2, AS sends SIP 200 OK towards UE-1. The SDP answer received from UE-2 is included in this message.

5. Upon receipt of SIP 200 OK from AS, UE-1 confirms the receipt of 200 OK by sending SIP ACK towards the AS.
6. Upon receipt of SIP ACK from UE-1, the AS sends SIP ACK towards UE-2 confirming the receipt of SIP 200 OK from UE-2.

7. RTP packets are now exchanged between UE-1 and UE-2
8. RTCP packets are now exchanged between UE-1 and UE-2.

9. UE-1 wishes to put the session between UE-1 and UE-2 on hold. UE-1 sends a SIP reINVITE message towards UE-2. The media is set to “sendonly”.
10. Upon receipt of the SIP reINVITE from UE-1, the AS interacts with MRFC / MRFP to reserve resources for providing announcement to UE-2. In particular, IP address and port number(s) where UE-1 and UE-2 send their RTP and RTCP are reserved.
11. After the resource reservation at the MRFC / MRFP is completed, the AS sends SIP reINVITE request towards UE-2. The “c=” line in the SDP contains the address of the MRFP. The “m=” line provides the port to which UE-2 must send RTP and RTCP packets. The media is set to “sendonly”.

12. Upon receipt of SIP reINVITE, UE-2 accepts the session modificaton and sends a SIP 200 OK towards AS. The media is set to “recvonly”. UE-2 also notes the change to the “c=” line and the port number of the AS.
13. Upon receipt of 200 OK from UE-2, the AS sends SIP 200 OK towards UE-1. In the SDP, the “c=” line is set to IP address of the MRFP. The “m=” line provides the port to which UE-1 must send RTP and RTCP packets. The media is set to “recvonly”.
14. Upon receipt of SIP 200 OK from AS, UE-1 confirms the receipt of 200 OK by sending SIP ACK towards the AS. UE-1 also notes the change to the “c=” line and the port number of the AS.

15. Upon receipt of SIP ACK from UE-1, the AS sends SIP ACK towards UE-2 confirming the receipt of SIP 200 OK from UE-2.

16. Concurrently with step 15, MRFP starts playing the announcement.

17. AS sends RTP packets to UE-2 at the IP address and port number indicated by UE-2 in step 12 (200 OK to reINVITE).

18. UE-1 sends RTP packets (if any) to the IP address and port number indicated by AS in step 13 (200 OK to reINVITE)

19. AS and UE-2 exchange RTCP packets at the IP address and port numbers indicated in step 11 and step 12.

20. AS and UE-1 exchange RTCP packets at the IP address and port numbers indicated in step 9 and step 13.

21. UE-1 wishes to resume the session between UE-1 and UE-2 that is currently hold. UE-1 sends a SIP reINVITE message towards UE-2. The media is set to “sendrecv”.

22. Upon receipt of SIP reINVITE from UE-1, the MRFP stops playing the announcement.

23. Concurrently with step 22, the AS sends SIP reINVITE request towards UE-2. The SDP received from UE-1 is included.
24. Upon receipt of SIP reINVITE, UE-2 accepts the session modificaton and sends a SIP 200 OK towards AS. The media is set to “sendrecv”. UE-2 also notes the change to the “c=” line and the port number of the remote end.

25. Upon receipt of 200 OK from UE-2, the AS sends SIP 200 OK towards UE-1. The SDP received from UE-2 is included.
26. Concurrently with the previous step, the AS interacts with MRFC / MRFP to release the resources reserved in step 10 above.
27. Upon receipt of SIP 200 OK from AS, UE-1 confirms the receipt of 200 OK by sending SIP ACK towards the AS. UE-1 also notes the change to the “c=” line and the port number of the remote end.
28. Upon receipt of SIP ACK from UE-1, the AS sends SIP ACK towards UE-2 confirming the receipt of SIP 200 OK from UE-2. Now the session between UE-1 and UE-2 has been resumed.
29. RTP packets are now exchanged between UE-1 and UE-2

30. RTCP packets are now exchanged between UE-1 and UE-2.

5
CONCLUSIONS
It is proposed that CT1 discuss this isse and clarify the flow of RTP and RTCP during hold scenario when announcements are provided in-band. One method of clarifying the situation is provided in Section 4 above. Other alternatives are also possible.

If it is agreed that this scenario needs additional clarification, it needs to also be decided which specifications will need to be modified to incorporate the additional clarifications and the earliest release in which these changes will be applicable.
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