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1. Introduction

In the current PS Streaming specification [1], the audio codec recommended for sampling frequencies higher than 16 kHz is not compatible with the one that must be used for the 16 kHz sampling frequency. Multiple versions of the same content are needed to comply with and fully utilise different decoding and rendering capabilities of different terminals. This document is a proposal to provide a simpler alternative by adding an optional combination of the AMR-WB and AAC codecs that already exist in the specifications. The combination enables an embedded bit stream, always containing an AMR-WB base layer decodable even with the lowest decoding capability.

2. Background

Mobile terminals are typically made in different categories according to, e.g., price and target user group. Support for very high quality audio is likely to exist only in some of these categories while other categories may only support lower grade audio. On the other hand, it is useful for the service provider to be able to offer basic preview of content to the widest possible audience, and then high quality playback for those who have the capability and are willing to pay, or when sound quality is essential for the promotion. This wide coverage (interoperability) and flexibility is also important when promotional sample clips are being forwarded by the end users (e.g. via MMS).

As discussed in [2], the audio service/content categories driving categorization of terminals can be seen as:

Information/entertainment audio:

· Sampling rates approximately 8, 16 kHz and above

· Bit rates around 4 – 32 kbit/s 

· High quality for speech is necessary

· Good quality for speech with background music is required

· Reasonable quality for music

High quality audio:

· Sampling rates typically 32, 44.1 and 48 kHz

· Bit rate around 32 – 64 kbit/s/channel, and above

· High quality for music

The first content category will be widely supported by terminals, and the latter one additionally by some specific product categories.

Alternative formats for different terminal categories could of course be offered as separately coded versions of the same content, and even transmitted simultaneously when necessary. Combining the alternatives efficiently in a single bit stream however saves bandwidth and/or storage space, and also makes content management easier. The full embedded bit stream can be used to store the content at its original, highest level of quality, and appropriate layers can be transmitted according to the decoding and rendering capability of the receiving terminal.

MPEG- Audio [3] already contains a scheme that combines a core codec and the AAC codec as a layered structure. Currently a slight modification is being made by MPEG to allow also 16 kHz sampling rate for the core codec (previously the sampling rate was limited to 8 kHz). The modification is straightforward, and no technical problems have been identified. Our proposal here is to allow the use of this MPEG-4 scheme, with AMR-WB as the core codec. 

It is quite obvious that this kind of combination works at high bit rates. At around 64 kbps per audio channel (i.e., 128 kbps for 2-channel stereo), CD-like sound quality can be achieved for the complete bit stream, while still providing guaranteed interoperability at a preview quality via the base layer common to all terminals. Less obvious is how the combination works at low bit rates, i.e., how significant is the burden from this embedded coding when every bit is critical for the sound quality. Therefore an experiment was made with 32 kbps total bit rate (12.65 kbps for AMR-WB and 19.35 kbps for AAC). Results of a listening test made with this combination are shown in Appendix A. Even with most critical test samples the performance of the combination at 32 kbps total bit rate is rather close to pure AAC at 32 kbps, and not below pure AAC at 24 kbps. It should be noted that the AMR-WB core would get higher scores with more ordinary test material (e.g. pop music), or if used at the 23.85 bit rate. This test was however to check the lowest useful total bit rate. As pointed out above, by raising the total bit rate the sound quality can be raised up to CD-like level.

3. Proposal

This proposal applies to both MMS and PSS. We propose to change the Rel5 TS 26.234 text on codecs for higher than 16 kHz sampling rates from: 

MPEG-4 AAC Low Complexity object type should be supported for audio at higher than 16 kHz sampling frequencies. The maximum sampling rate to be supported by the decoder is 48 kHz. The channel configurations to be supported are mono (1/0) and stereo (2/0). In addition, the MPEG‑4 AAC Long Term Prediction object type may be supported.

to

MPEG-4 AAC Low Complexity object type or MPEG-4 Audio Core Codec Scalability with AMR-WB as the core codec should be supported for audio at higher than 16 kHz sampling frequencies. The maximum sampling rate to be supported by the decoder is 48 kHz. The channel configurations to be supported are mono (1/0) and stereo (2/0). In addition, the MPEG‑4 AAC Long Term Prediction object type may be supported.

We also propose that the same text would be used for MMS.
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APPENDIX A: Listening test on the AMR-WB and AAC combination.

Listening test description

The methodology chosen to compare the sound quality of the AMR-WB and AAC combination against the sound quality of pure AAC was “multi stimulus test with hidden reference and anchors” (MUSHRA). This method is a proposed standard at EBU and ITU-R. The test items were played over electrostatic headphones (STAX) in a soundproof listening room.

Details with respect to the test methodology:

· Using this test several test signals have to be evaluated at the same time

· A slider is available for each test signal, the assessment will be done using these sliders

· The assessment is based on an analog (continuous) scale, any adjustment is valid

· The scale is subdivided into five areas (excellent, good, fair, poor, bad)

· A visible reference is given

· The listener has the possibility to switch between all test signals of the audio signal in any order and as often as it wants

· One of the test signals is the hidden reference, the listener must grade the version that he thinks it is the hidden reference with the maximum quality level

· Pressing "register scores" finishes the grading process definitely (the listener should be careful with this button)

Details with respect to the specific test:

· The twelve test items used in the listening test are listed in the table printed below.

· For each test item nine different test signals had to be assessed: 

· hidden reference 1 (full bandwidth, stereo)

· hidden reference 2 (bandwidth limited to 7 kHz, stereo)

· hidden reference 3 (bandwidth limited to 3.5 kHz, stereo)

· AAC (32 kBit, 10 kHz, mono )

· AAC (24 kBit, 7.6 kHz, mono )

· combination of AMR-WB and AAC (12,65 kBit/s AMR-WB + 19,3 kBit/s AAC, 10 kHz, mono)

· combination of AMR-WB and AAC (12,65 kBit/s AMR-WB + 19,3 kBit/s AAC, 9 kHz, mono)

· AMR-WB (12,65 kBit/s, 7 kHz, mono)

· The test has been conducted by eight experienced listeners.

Test items used for the listening test:

	Test Item
	Description
	Duration (seconds)

	Es01
	Vocal (Suzan Vega)
	10

	Es02
	German speech
	8

	Es03
	English speech
	7

	Si01
	Harpsichord
	7

	Si02
	Castanets
	7

	Si03
	Pitch pipe
	27

	Sm01
	Bagpipes
	11

	Sm02
	Glockenspiel
	10

	Sm03
	Plucked strings
	13

	Sc01
	Trumpet solo and orchestra
	10

	Sc02
	Orchestra piece
	12

	Sc03
	Contemporary pop music
	11


The figure on the next page shows the average scores with 95 % confidence intervals.
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