3GPP TSG SA4#69
Tdoc S4-120634
Erlangen, Germany, 21 – 25 May, 2012
3GPP TSG SA4#69
Tdoc S4-120634
Erlangen, Germany, 21 – 25 May, 2012


Source:

Samsung Electronics Co., Ltd.

Title:
Background for Recommending AMR/AMR-WB Codec Mode Sets
Agenda Item:
11.7
Document for:
Discussion
Introduction
MTSI recommends, from V7.0.0, to use the three lowest modes, mode 0, 1, 2, of AMR-WB and mode 0, 2, 4, 7 of AMR. While the recommendations are still valid in most use cases, we believe the backgrounds for the selection of preferred codec modes need to be reconsidered, since new factors related to codec modes, such as E-UTRAN or EVS, appeared later. In addition, the backgrounds currently used do not include reasons which can be more fundamental.
Current Rationale for Preferred Codec Modes

In [1], rationales for the preferred codec modes are provided in several locations, which are in many aspects related to the nature of underlying radio access network.
	Clause
	Text

	7.5.2.1.3
HSPA
	The RLC PDU sizes defined in 3GPP TR 25.993 [33] have been optimized for the codec modes, payload formats and frame encapsulations defined in the default operation in clause 7.5.2.1.2.

	A.1
	Some of the examples included in this Annex outline configurations that have been optimized for HSPA. These configurations are equally applicable to E-UTRAN access since the packetization recommendations for HSPA and E-UTRAN in Clauses 7.4.2 and 7.5.2.1 for MTSI clients and Clause 12.3.2 for MTSI media gateways are identical.

	A.3.1a
	Even though both MTSI clients in terminals support all codec modes, it is desirable to mainly use the codec modes from the AMR {12.2, 7.4, 5.9 and 4.75} mode set because the transport layer functions are optimized for these codec modes.

For similar reasons it is also desirable to encapsulate only 1 speech frame per packet, even though both MTSI clients in terminals support receiving several frames per packet.

	A.3.2                                      
	Even though both MTSI clients in terminals support all codec modes, it is desirable to mainly use the codec modes from the AMR-WB {12.65, 8.85 and 6.60} mode set because the transport layer functions are optimized for these modes.

For similar reasons it is also desirable to encapsulate only 1 speech frame per packet, even though both MTSI clients in terminals support receiving several frames per packet.

	A.3.3
	Even though both MTSI clients in terminals support all codec modes, it is desirable to mainly use the codec modes from the AMR [12.2, 7.4 5.9 and 4.75] mode set because the transport layer functions are optimized for these modes.

	A.3.6
	The SDP answer shown in this example is also a suitable answer to the SDP offer shown in Table A.2.1. This SDP answer is also suitable for the SDP offer shown Table A.2.3 since the transport layer functions are optimized for the AMR {12.2, 7.4, 5.9 and 4.7} codec modes.


Discussion
In A.3.1a and A.3.3, which describe SDP offers and answers from generic MTSI client in terminal, i.e., without specifying the access networks, background for the recommendations are that the transport layer functions are optimized for these codec modes. However, it is not clear what the “transport layer functions” mean here. If they refer to the RLC PDU sizes of HSPA, as mentioned in clause 7.5.2.1.3, it will be necessary to show that the rationale is also applied to other access networks MTSI supports, such as GIP, EGPRS, and E-UTRAN.
A more reasonable background can be that “the set includes codec modes frequently used in GERAN and UTRAN, and enables to control quality and capacity with appropriate bit-rate granularity,” as recommended for TFO-TrFO harmonisation between GSM and UMTS networks [2].
In A.3.2, the same sentence is used as the background for the recommendation of three lowest AMR-WB codec modes. While this background will not be appropriate either, a rationale different from easier CS interworking will be required. Support of the three codec modes of AMR-WB, Config-WB-Code=0, is mandated when AMR-WB is offered in VoLTE [3]. In [4], one of the key reasons to recommend this mode set is that the voice quality gets saturated at 12.65 mode, i.e., does not increase significantly even if modes higher than 12.65 are used, which was also envisioned at the characterization stage of the codec [5].

If extensive technical backgrounds are not to be provided, “the higher codec modes do not bring sufficient additional gain in the quality in spite of the bit-rate increase” can be a better rationale, which is in fact the conclusion made in [4]. This new background allows the possibility that radio access technologies are improved to avoid limiting the usage of codec modes and multi-rate voice codecs are designed to yield quality proportional to the bit-rate.

Readers of A.3.1a and A.3.2 might question the meaning of “For similar reasons” used as the background for recommending encapsulation of only one speech frame per packet. As emphasized in clause 10 of [1], the basic reason not to recommend frame bundling will be the delay and corresponding quality issues. Therefore, “Unless packet losses necessitate other encapsulation types” might be used instead, since packet losses from congestion or link failure can trigger adaptation with redundancy or aggregation.
Proposal
Selection of codec modes is a key design factor for the implementation and deployment of MTSI. Backgrounds currently used for recommended codec mode sets may not be understood properly, especially by implementers and operators without previous experiences in AMR or AMR-WB.
SA4 is requested to review current specifications and clarify them appropriately from Rel. 8, while avoiding unnecessarily strong expressions such as optimization, since in [3], the release is taken as a basis.
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