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Abstract of the contribution: This paper discusses the need for MBR greater than GBR and how it can be handled. It concludes that MBR greater than GBR case is required but that it corresponds to an applicative decision of a guaranteed bit rate between GBR and MBR.
1
Discussion
1.1 AMR modes management in CS domain UTRAN

MBR> GBR is used for AMR codecs in UMTS CS domain. 

Taking the example of MBR = 12.2 Kbits/s and GBR = 4.75 Kbits/s in CS domain: the UTRAN can decide any AMR mode from 4.75 to 12.2, for example 8 Kbits/s; but once decided, it has to guarantee that the packet loss rate target for 8 kbits/s is satisfied; it shall not discard packets above GBR=4.75 Kbits/s, otherwise the voice will not be understandable. 

Moreover, the UTRAN is able to change the AMR mode at e.g. congestion cases or at handover as it controls both UE (via RRC messages) and CN codecs (via IU UP messages). And this is equivalent to an applicative decision: there is no cases where the UTRAN is allows to discard packets above GBR. 
1.2 AMR modes management in PS domain

Now, in the PS domain, the AMR mode change is end-to-end (e.g. RFC 4867 [1]). There is no applicative decision at UTRAN/eUTRAN. 
If the UTRAN/eUTRAN is not aware of whether it is possible to use different rates for the VoIMS call via the knowledge of different values for MBR and GBR (e.g. MBR=12.2kbits/s and GBR=4.75kbits/s), it will allocate GBR=MBR=12.2 kbits/s for the call with the desired Packet Loss, and will reject an AMR call or an incoming handover even if there are resources for e.g. 8 kbits/s.
Therefore, it is proposed to keep the case MBR > GBR for EPS.

The congestion can be decided by the eUTRAN e.g. when the Packet Loss Rate (PLR) or Packet Delay Budget (PDB) is higher than the target PLR or PDB of the corresponding QCI. 

In case of congestion with MBR > GBR case,  the UTRAN/EUTRAN can: 
- either notify the UE that there is a congestion in the downlink and the UE will use CMR field of RFC 4867 to request the remote party to lower its AMR mode - so, an end-to-end applicative decision;
- or use a generic notification (such as ECN in RFC 3168). In this case, it is required the UE is able to understand this ECN notification and to force the application at both communication peers to reduce its rate. This requires further study as to the applicability, but could also be explored.. 
In this case, the notification should be preferably be sent sufficiently in advance to avoid discard of packets by the UTRAN. It might not be possible and in this case, some packets will be discarded before the remote entity has reduced its AMR mode.  

In order to keep the sequence of the real time voice packets, it is required that the priority is the same for all packets. 
In addition, the eUTRAN can use PDB to discard packets if the PDB target is exceeded too much. This is implementation dependent.

1.3 Other reason to keep MBR>GBR for EPS
If the Voice call is established as VoIMS with 4.75 kbits/s to 12.2 kbits/s AMR modes, then the same AMR modes should be possible once the UE has moved to CS domain thanks to (SR-)VCC. Therefore, it is required that the RAB at the target RAN be established with MBR = 12.2 kbits/s and GBR = 4.75 kbits/s. 
1.4 Scalable codec such as MPEG-4 SVC (H.264 Amendment 3)
H.264 SVC (Scalable Video Coding)  is an extension of the H.264 AVC standard and uses a hierarchical prediction structure where additional NAL Units representing refinement of texture data can be carried by one or several RTP streams per hierarchy level, each RTP stream being identified by its SSRC and its PT. Indeed, the packets to be discarded do not correspond to the rate (below or above GBR), but to whether they relate to a key picture or to a refinement slice. This discrimination must be done either by looking at the RTP header or by looking at the NAL Unit header. It is not desirable that the eNB (LTE Enhanced NodeB) look at the application layer i.e. at NAL Unit header. If the RTP streams are multiplexed in the same EPS Bearer, there is no indication on which RTP stream correspond to a refinement slice and of which level. 
One alternative would be to have separate EPS bearers, one per RTP stream, with different QCIs. For example:

-          basic level: EPS bearer with QCI = [GBR type, MBR = GBR, high priority for congestion cases];

-          refinement level (n) or group of refinement levels (n,p, …): EPS bearer with QCI= [Non-GBR type, low priority]. 

In this case, any needed synchronisation between the various flows is to be performed by the UE. The timing requirements (Packet Delay Budget) selected by the application in the QCI for the GBR stream and the non-GBR streams should be such that the UE can indeed perform the necessary recombination. In addition, the eUTRAN can use PDB and PLR to discard packets if the PDB target or PLR target or both are exceeded too much. This is implementation dependent.
Another alternative would be that the application would mark the packets with same priority but a different drop precedence (e.g. AF11 has a lower drop precedence than AF12).

2 Proposal

It is proposed to agree the following proposals:
1. to agree that the case GBR EPC bearer with MBR > GBR must remain in EPS for at least adaptive AMR.

2. to agree that in case of congestion in the downlink, the eUTRAN will notify the UE about this congestion via a RRC message, and that it is up to the UE to request the remote entity (remote party or server) to reduce its bit rate. The use of generic Mechanisms such as ECN could also be considered. 

3. to agree that all packets of a GBR EPC bearer have the same priority in case of congestion.

4. to revisit 23.107 on the definitions of GBR bitrate (where e.g. it is specified in section 6.4.3.1 " UMTS bearer service attributes, e.g. delay and reliability attributes, are guaranteed for traffic up to the Guaranteed bitrate. For the traffic exceeding the Guaranteed bitrate the UMTS bearer service attributes are not guaranteed."
5. to liaise with RAN2, RAN3 and SA4 on these topics. 

A corresponding CR is proposed in [4].
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