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Introduction

During the last TSG SA WG4 meeting, Tdoc S4-010542, "Updated Protocol specification for PS Conversational Multimedia" was discussed. All clauses in the document were accepted as working assumptions, except sub-clause 5.1.1; that was left for further study. This section was not approved due to concerns that NEC raised. More time was needed to check the proposal. This contribution gives a new wording proposal for this section of the specification.

Discussion

Here is the original wording proposal for AMR/AMR-WB RTP session description parameters, as given in  S4-010528:

5.1.1
RTP session description parameters

The following options available in IETF AMR and AMR-WB RTP payload format RFC YYYY [20] are supported:

· To enable bandwidth adaptation, the codec mode requests shall be supported. 

· To optimise the bandwidth usage, the bandwidth efficient operation shall be supported.

· To limit the overall delay, one speech frame per packet is preferred, and the maximum number of speech frames in a packet is two.

· Interleaving shall not be supported in conversational services.

· Internal CRC shall not be supported.

These rules apply for the transmitter and the receiver may exceed them.

In this section we discuss optional parameters and settings of the RTP payload format.

1) To enable bandwidth adaptation, the codec mode requests shall be supported.
We propose to change the wording by removing the justification and replacing “support” by “usage”. We believe justification does not add to the specification. Also, we believe that support is different than usage and that the objective here is to limit the usage and not the support.

New wording: The codec mode request shall be used. 

2) To optimise the bandwidth usage, the bandwidth efficient operation shall be supported.

As for the previous parameter, we propose to change the wording by removing the justification and replacing “support” by “usage. 

New wording: The bandwidth efficient operation shall be used.

3) To limit the overall delay, one speech frame per packet is preferred, and the maximum number of speech frames in a packet is two.
The reason for this limitation is delay. We believe there is one reason to limit further this parameter to one speech frame. If an RTP packet containing 2 speech frames is affected by residual errors, 2 speech frames are discarded where most of the time only one was affected by errors. Speech quality will then be degraded by having 2 speech frames per packets rather than one. We propose to further restrict this parameter.

New proposed wording: One speech frame per RTP packet shall be used.
4) Interleaving shall not be supported in conversational services.
The interleaving is of no use if there is only one speech frame per packet. We propose to change the wording by removing the justification and replacing “support” by “usage”. 

New wording: Interleaving shall not be used.

5) Internal CRC shall not be supported.
The internal CRC was defined to improve operations in an error prone environment. When the internal CRC is included in RTP payloads, it is used by the speech decoder to declare frames as erroneous or as valid. Therefore a frame with errors on class A bits will be handled as a "bad frame". A small Residual BER on non class A bits is considered acceptable. Also, a frame with no errors or errors outside of class A bits will be decoded normally. In a wireless Packet Switch environment with EEP (Equal Error Protection) this lowers the FER (Frame Erasure Rate) for a given BER (Bit Error Rate) and therefore improves speech quality. 

The decision to use or not an internal CRC in the AMR and AMR-WB RTP payload is the result of a compromise. Using the internal CRC lowers the FER at a given BER but it also adds 8 bits to the payload which increases the energy needed to reach this BER. 

A solution is currently being discussed within TSG RAN WG2 and TSG SA WG2 (as part of the “Radio access bearer support enhancement” work item) to support UEP and UED for PS RABs as for CS speech. If such a solution is adopted, the inclusion of the internal CRC in the RTP packet is not of any benefit.

More important, when RTP is used on top of UDP/IP, the UDP checksum located in its header will prevent the decoding of packets with errors. There is currently no way for UDP to make a difference between errors in the RTP or UDP headers and errors in the speech payload. So it is forced to discard frames with incorrect checksum. A proposal to enhance UDP called UDP-lite is currently discussed within the IETF. In UDP-lite the checksum may apply on a limited part of the payload to enable UED. In that case, speech frames with residual bit errors may be delivered to the speech decoder. Unfortunately, UDP-lite is still in draft stage.

Because Rel-5 IMS uses UDP, the insertion of the internal CRC is useless. We propose that the transmitter does not use the CRC even if it supports it. Our proposal is to slightly change the wording to reflect this.

New wording: Internal CRC shall not be used.

Proposal

Here is our proposal for the wording of section 5.1.1 of 26.xyz; Packet Switched Conversational Multimedia Applications; Transport Protocols. It is presented for approval to TSG SA WG4.

5.1.1 RTP session description parameters

The IETF AMR and AMR-WB RTP payload format RFC YYYY [20] offers different options. Here is the list of options and how they should be used by the transmitter. The receiver shall at least support the options as they are listed:

· The codec mode request shall be used. 

· The bandwidth efficient operation shall be used.

· Only one speech frame shall be encapsulated in each RTP packet.

· Interleaving shall not be used.

· Internal CRC shall not be used.

