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1. Introduction

During the last CT3#36 and CT4#27 meetings, companies agreed on the need to improve the efficiency of transporting PCM over RTP/UDP/IP ; however the technical solution could not be agreed yet, and companies were invited to prepare contributions for the CT3#37 and CT4#28 meetings, in order to agree during those meetings on the technical principles and further allow the progress of the work. Target being to complete the definition of this evolution in the scope of Rel-7. 

The following principles were proposed by Alcatel in [8] : 

· add a new option in [1] to allow a packetisation time of 20 ms for 3GPP IP CN. 20 ms is already the packetisation time specified for 3GPP codecs such as AMR or EFR.

· For the sake of simplicity, keep the packetisation time of PCM coded speech over Nb unchanged for 3GPP ATM CN (5 ms) since no significant benefits can be expected in this case from a change of the packetisation time.
	In kbit/s
	3GATM CN
	VoATM CN
	3GIP CN

   IP v4          IP v6
	VoIP CN

   IP v4          IP v6

	G711-5 ms
	85
	76
	205
	239
	198
	232

	G711-10 ms
	
	
	136
	153
	132
	149

	G711-20 ms
	
	
	101
	110
	100
	109



   Assumptions : no DTX, 5% RTCP overhead, no header compression, GE transport for IP

· To guarantee backward compatibility and interoperability between different vendors’implementations, keep the currently specified 5ms packetisation time as the default packetisation time to be supported in 3GPP packet backbones.
· In line with the NGN model, the MSC Server authorizes the use of the 20 ms packetisation time for PCM coded speech over Nb via the Mc interface. This gives the possibility to enable or inhibit the features at BICC trunk group level. This might be helpful in case of interworking with misbehaving MGWs. 
2. Possible solutions

The current protocol is recalled hereafter : 

· MSC Servers may establish a 3GPP bearer with PCM coded speech (speech call or data call) by negotiating any of the four G.711 codec types defined in [6] (G.711 64 kbit/s A-law, G.711 64 kbit/s (-law, G.711 56 kbit/s A-law, G.711 56 kbit/s (-law) or the MuMe Dummy Codec defined in [2]. 

· 3GPP IP bearers are established by means of the IPBCP protocol, according to the rules specified in 3GPP TS 29.414 [5]. The SDP exchanged in IPBCP bearer establishment request & response shall include one media announcement line (m= audio …) with a dynamic payload type and one media attribute line ("a=rtpmap:<dynamic payload number> VND.3GPP.IUFP/16000"), without any other media attributes. Other media attributes shall be ignored by the MGW receiving the IPBCP message. 

Extract of [5] : 

6.3.3.5
Media Attributes

The following media attribute shall be supplied: "a=rtpmap:<dynamic payload number> VND.3GPP.IUFP/16000", where :<dynamic payload number> is the same dynamic payload type number as in the above media announcement <fmt list>.

Other media attributes shall not be used. They shall be ignored in the MGW receiving an IPBCP message.
· The MGW derives the packetisation time from the codec locally configured via the Mc interface : 20ms in case of a 3GPP codec (e.g. AMR, EFR), 5 ms in case of a G711 speech call or data call.

2.1 Use of Ptime media attribute in IPBCP Request / Accept messages

This was the proposal presented by Alcatel in [8]. The proposed evolutions are recalled hereafter :

1. A MGW supporting both 5ms and 20 ms packetisation time for PCM coded speech over IP Nb will set the additional media attribute a=ptime:20 (see [8]) in the IPBCP Request, if allowed by its MSC-S. The media attribute a=ptime is not set if either 20 ms ptime is not supported by the MGW or not allowed by the MSC-S.

2. A MGW supporting both 5 ms and 20 ms packetisation time for PCM coded speech over IP Nb shall decode the a=ptime:20 media attribute if received in the IPBCP Request. If so, the MGW shall insert in the IPBCP Accepted the a=ptime:20 media attribute if allowed by its MSC-S. Otherwise, if either 20 ms ptime is not allowed by the MSC-S or if  no a=ptime was received in the IPBCP Request, no a=ptime media attribute shall be returned in the IPBCP Accepted. 

3. A MGW having inserted an a=ptime media attribute in the IPBCP Request shall decode the a=ptime:20 media attribute if received in the IPBCP Accepted. If so, it applies a 20 ms packetisation time. The MGW shall fallback to the 5 ms packetisation time if no a=ptime media attribute is received in the IPBCP Accepted.

4. The MSC-S indicates whether the MGW can select 20 ms packetisation time for PCM coded speech by setting a new 3GUP property ‘ptime’ to the value ‘20 ms’ for the corresponding RTP termination. If so, and if supported by the MGW, the MGW sends an a=ptime:20 in IPBCP Request, and in IPBCP Accepted if received in IPBCP Request, as described before. If no a:ptime:20 is received from the MSC-S, or if not supported by the MGW, no a=ptime attribute is sent nor returned in IPBCP Request/Accepted. 
5. The aforementioned rules for the sending of the “a=ptime:20” media attribute during the IP bearer establishment procedure apply whatever the codec currently configured on the RTP terminations, i.e. they do not only apply to the case where PCM codec speech is configured on the terminations. This allows the MGWs to negotiate in advance the packetisation time of PCM coded speech over IP Nb in case such a codec would be reconfigured subsequently to the bearer setup. However the negotiated packetisation time is applied by the MGW only when PCM codec speech needs to be sent on the bearer.

6. The packetisation time for PCM coded speech, once negotiated, can not be re-negotiated.
The evolutions would require change in the following specifications :

· TS 26.102 : introduction of the 20 ms packetisation time for PCM coded speech over IP Nb, in addition to the existing 5 ms packetisation time

· TS 29.414 : specification of  the use of the a:ptime attribute in the SDP of IPBCP request / response

· TS 29.232 : introduction of a new 3GUP attribute ‘ptime’ to control the use of the 20 ms packetisation time for G711/data call

In [9], Lucent argued that existing standards do not preclude simply echoing back received values if they are not supported. Alcatel still considers that such a  behaviour is is in contradiction with 3GPP TS 29.414 which requires the receiver to ignore media attribute other than a=rtpmap  (see above extracts). 

2.2 Use of a new Pcmptime media attribute in IPBCP Request / Accept messages

Alcatel however agree with Lucent that the ptime attribute in the first solution would not be used in a standard way, in the sense that the ptime defines the packetisation time for PCM coded speech only, though the codec that may be used first on the IP bearer may differ from PCM coded speech (cf point 5 of section 2.1). 

For this reason, it could be proposed to define a new media attribute pcmptime in TS 29.414 and to apply the same principles as those presented in section 2.1 by just replacing ptime by pcmptime.

This requires that unknown media attribute is ignored and not echoed back in an IPBCP Accepted message, which we consider should be the case. According to [10], unknown media attribute should be ignored. 

 Attributes that will be commonly used can be registered with IANA (see Appendix B).  Unregistered attributes should begin with "X-" to  prevent inadvertent collision with registered attributes.  In either case, if an attribute is received that is not understood, it should  simply be ignored by the receiver.
No new IPBCP version would be created. Creating a new IPBCP version would lead to double the number of messages for IP bearer setup in case the peer MGW does not support the new version (CONFUSED message sent by the peer node).

2.3 Define a new version of the Iu FP protocol

In [9], it was suggested to create a new Iu FP protocol version. The solution would require to create a version 3 of the Iu FP protocol and to modify the Iu Initialisation & Iu Initialisation Ack frames to negotiate the packetisation time for PCM over Nb. During the initialisation of the Iu FP bearer with a PCM codec, the MGWs would also negotiate the packetisation time. As for the preceding solutions, the packetisation time for PCM, once negotiated, would not be renegotiable (otherwise the procedure should also involve a BICC codec renegotiation).

Even though possible, Alcatel considers that this approach is heavier than the preceding ones, and would continue to complexify the Iu FP protocol. 

2.4 Other approaches

It could also be possible to add new code points for G711 and MuMe codecs for the 20 ms packetisation time, but this would result in numerous additional code points to be specified and would increase the number of codecs in the SCL & ACL negotiated via BICC. Alcatel is not keen on following this approach.

In [9], Lucent also suggested the following approaches : 

· NbUP framing be negotiated when AMR_2 transcoding applies while IETF framing be negotiated when PCM transcoding applies.
· The Nb interface be decoupled from IuFP framing to allow use of IETF framing as an option for all supported codecs.
But, as they diverge drastically from what is currently defined for 3GPP networks, they are not considered as realistic ones. Furthermore, Lucent did not indicate how backward compatibility would be achieved, knowing that no protocol facility exists currently to differentiate a G711/VoIP bearer from a G.711/Iu FP bearer at BICC level.

3. Conclusion

Approach 2.2 (or 2.1) is the approach preferred by Alcatel. Corresponding CRs are available (ptime to be replaced by pcmptime for approach 2.2). Approach 2.3 is considered as a fallback approach if agreement can not be reached on preceding solutions.

Alcatel asks CT4 and CT3 to : 

· agree on one technical solution to allow progress of the work

· decide whether a work item is required or not.

