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1.  Introduction

A Feasibility Study on enhanced voice service requirements for the Evolved Packet System (EPS) is currently conducted by both SA1 and SA4. This study item will result in the Technical Report 3GPP TR 22.813 which is currently in its drafting period. In particular, this document will describe service and codec requirements with the objective to offer enhanced audio quality for EPS while preserving backward compatibility with existing 3GPP voice services  
In the present contribution we propose some revisions to Draft TR 22.813. Note that the latest version of draft TR 22.813 is given from an LS received from SA1 [1].
2. High-level technical requirements for voice codecs
SA4#48 agreed on adding subclause headings in clause 7 of draft TR 22.813. We propose here some text to fill in the related subclauses – see the Annex of the present document. Note that this proposal was already made at SA4#48, but was not discussed due to lack of time.

Furthermore, we propose to add three new subclauses in clause 7 of draft TR 22.813, as listed below:
· Transcoding performance
The quality degradation and additional latency due to transcoding (i.e. decoding/encoding operation) must be as limited as possible. The codec shall have an algorithmic delay and quality performance that limit degradations in transcoding configurations (self transcoding and with other 3GPP codecs). Transcoding quality performance shall be better than for existing 3GPP codecs (at comparable codec bandwidth)

· Scalability

In order to provide highest flexibility to better adapt to various network constraints and service needs scalability shall be supported with fine bit rate granularity recommended. Such feature will allow optimum implementation efficiency in terminal or network devices (e.g. MCU) for instance to adjust dynamically the encoded bitstream according to the desirable voice bandwidth, the capability of the terminal (in terms of the supported multi-channel rendering system) and the access and/or core network available bit rate.
· Flexibility to support classical signal processing algorithms

In order to allow optimum implementation efficiency in terminal or network devices (e.g. MCU), encoder, decoder and bitstream structures should be flexible enough and well designed to allow cost efficient methods be used to implement some classical signal processing (e.g. mixing, spatialization, speech enhancement…) operations enhancing the communication's quality.
3. Existing test results for superwideband conversational codecs
At SA4#48 it was suggested to exploit, if available, existing test results to progress the study item on "enhanced voice service requirements for EPS".  In the present contribution we would like to emphasize the availability of results from the characterization of ITU-T G.722.1. These results are documented in 3GPP in Annex of TR 26.936 [2] – see also [3]. They show the performance of G.722.1C and various reference coders on music and mixed content (advertisement, speech over music).
Though the purpose of these tests was to characterize G.722.1, these results can be seen as relevant for two reasons:

· G.722.1 is a conversational superwideband (50-14000 Hz) speech codec, which fits in the framework of the study of enhanced voice quality (over narrowband and wideband)

· The MUSHRA (MUlti Stimuli with Hidden Reference and Anchor points) test methodology was used in [2,3] to compare the performance of G.722.1 with reference conversational and audio coders (AAC-LD, AMR-WB+ and e-AAC+). Note that the tests were performed over open-back, circum-aural headphones. A by-product of the MUSHRA methodology is the comparison of the superwideband coded signals with anchor points. In [2,3] two anchor points were defined: 
· LP7: 7 kHz Low-pass filtered original signal

· LP10: 10 kHz Low-pass filtered original signal

Consequently, the test results in [2] provide clear indication of the quality improvement that can be expected when migrating from wideband (50-7000 Hz) to superwideband (50-14000 Hz) by comparing the scores of coded superwideband material with those of the LP7 anchor.

For instance, the test results of Exp. 3a (extracted from [2,3]) are recalled in the figure below, where CuT (Coder under Test) refers to G.722.1 Annex C and all coders operate at 24 kbit/s:
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As shown in the figure above, the enhancement in quality depends on the type of input signals [2]. For music and mixed content we can observe clear quality improvement over the LP7 anchor corresponding to the original sound filtered in the 50-7000 Hz bandwidth. Since mixed content is an important type of content addressed in draft TR 22.813, the test results cited here are worth considering in the scope of the work item on enhanced voice quality for EPS.
As for speech signals, it is known that superwideband (50-14000 Hz) still brings some improvement over wideband (50-7000 Hz). Official test results may be needed to quantify the improvement.
4. Proposals

We propose to add the text given in Annex to TR 22.813.
Moreover, we propose to consider reusing test results from [3,4] and adding some summary of [2,3] in Clause 8 of draft TR 22.813.
Annex: Proposed text for agreed subclauses (Clause 7 of TR 22.813)
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Annex: Proposed text for agreed subclauses (Clause 7 of TR 22.813)
Below are the agreed section headings in TR 22.813 with the proposed text. For the sake of completeness  the proposed new subclauses are listed at the end of the Annex. 
7.1 Audio bandwidth

The EPS codec bandwidth shall at least extend to "super wideband" (SWB, 50 Hz – 14 kHz) with "full band" voice (20 Hz – 20 kHz) optional.
In order to provide interoperability with existing systems it shall in addition provide NB and WB capabilities and support bitstream interoperability with existing codecs.

7.2 Audio quality for diverse signals

The EPS codec shall maintain the same level of audio quality over a wide range of signals including, different types of noises, speech + background noises, multiple talkers and music.

7.3 Number of audio channels

The EPS codec should support two-channel (stereo) transmission. Multiple-channel coding for 3D rendering would be desirable as optional additional capabilities.

7.4 Bit rates

The EPS codec shall cover a wide range of bit rates and related quality range with improved quality/bit rate efficiency for all of these bit rates with respect to existing codecs. Specifically:

· Low bit rates shall be as low as current lowest bit rates of existing 3GPP codecs with improved quality at these bit rates and with the wider possible coded bandwidth for fall back usage over circuit-switched mobile radio access (case of overloaded cell or bad transmission conditions).

· High bit rates should maximize the quality to almost transparency at full bandwidth and over all types of signals for usage over broadband access.

7.5 Robustness to packet loss and bit errors

The EPS codec shall be robust

· to IP packet losses and include efficient packet loss concealment mechanism 

· to all other types of transmission errors (like bit errors) occurring in the LTE radio access networks (E-UTRA and E-UTRAN) as well as in the other radio access networks supported by EPS including non-3GPP access (e.g. WLAN, WiMAX…).

In those conditions, the EPS codec and shall improve the quality performance of already existing 3GPP codecs.

Note : Transport mechanisms and resulting error patterns shall be optimally taken into consideration to optimize transmission errors resilience

7.6 Algorithmic delay

The EPS codec shall minimize the delay in order to limit as much as possible the codec contribution to the overall end to end latency especially when a tandem of two codecs is used as in the case of teleconferencing with centralized multipoint communication architecture (codec(s) algorithmic delays are then accumulated) which can impact negatively the communication's interactivity. A low delay codec (or a codec including low delay modes) allowing delay reduction with respect to existing codecs (for similar coded bandwidth) is recommended.

7.7 Complexity

Complexity shall be reduced as much as possible according to the quality requirements to be met. Possibility of low complexity mode for usage where cost / CPU limitation are a key issue could be considered.

7.8 Backward compatibility

In order to limit service implementation costs, number of codecs to be supported in terminals must be reduced and transcoding must be avoided in network as much as possible. Therefore, the capability to interoperate with existing 3GPP codecs (preferably AMR-WB) shall be provided.

7.9 Transcoding performance 
The quality degradation and additional latency due to transcoding (i.e. decoding/encoding operation) must be as limited as possible. The codec shall have an algorithmic delay and quality performance that limit degradations in transcoding configurations (self transcoding and with other 3GPP codecs). Transcoding quality performance shall be better than for existing 3GPP codecs (at comparable codec bandwidth)

7.10 Scalability
In order to provide highest flexibility to better adapt to various network constraints and service needs scalability shall be supported with fine bit rate granularity recommended. Such feature will allow optimum implementation efficiency in terminal or network devices (e.g. MCU) for instance to adjust dynamically the encoded bitstream according to the desirable voice bandwidth, the capability of the terminal (in terms of the supported multi-channel rendering system) and the access and/or core network available bit rate.
7.11 Flexibility to support classical signal processing algorithms
In order to allow optimum implementation efficiency in terminal or network devices (e.g. MCU), encoder, decoder and bitstream structures should be flexible enough and well designed to allow cost efficient methods be used to implement some classical signal
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