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1. Introduction

The 3GPP AMR-WB speech codec is targeted to wideband speech applications. The codec has reasonable performance also in music but it is not comparable to generic audio codecs. In this document we propose to extend AMR-WB to address also generic audio signals. In this presentation we use the name AMR-WB+ for an AMR-WB codec that supports the extension. The AMR-WB+ will contain both the bit exact AMR-WB and the new AMR-WB extension modes for speech, music and non-speech signals. Hence, the extended AMR-WB standard will provide high performance with both speech and music at 16 and 24 kHz sampling frequency. The focus will be on quality improvements with music signals. The AMR-WB+ will be applied in packet switched streaming services as well as messaging services. It is primarily intended for non-conversational services.

Mobile streaming audio and messaging services will often contain speech only or speech mixed with music on background. Typical content types will be e.g. news casting and infotainment.

The 3GPP packet switched streaming service covers streaming speech and audio with AMR, AMR-WB and MPEG-4 AAC codecs. The AMR codec family is intended primarily for speech whereas the optional MPEG-4 AAC Low Complexity and LTP-objects are targeted for general audio. Considering the expected streaming content, there are no codecs that would perform well for both speech and music with reasonable bit-rates well below 32 kbit/s.

Radio resources and channel capacity will likely set limitations to available data rates for streaming. Audio content, such as described above, should be made available at a low bit-rate well below 32 kbit/s, focusing on the bit-rate range already used in the AMR-WB codec. Especially, if video is included in the content, the audio data rate should be as low as possible. Figure 1 below, shows the general scope of the extended AMR-WB.
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Figure 1: The general scope of the extended AMR-WB 

2. Motivation

The intention of the proposed extension is to make the AMR-WB standard even more useful for 3GPP audio streaming services. The target is to define the AMR-WB extension for audio streaming and multimedia messaging services for low bit-rates well below 32 kbit/s. The focus will be on quality improvements with music signals. The following benefits can be identified for extending the scope of the existing AMR-WB codec:

1. Provides 3GPP systems with a low bit-rate, optimised streaming and messaging codec which gives consistent quality with speech and music content. High speech quality will be sustained at low bit-rates unlike other audio codecs.

2. Open standard with normative fixed-point ANSI C-code both for the encoder and the decoder and bit-exact test vectors guaranteeing the quality of the codec implementations and simplifying implementation.

3. Strengthens 3GPP AMR-WB codec and avoids proliferation of speech and audio codecs in 3GPP, thus improving the interoperability and quality of service.

4. Compatible with Release 4 and Release 5 AMR-WB streaming (Default codec in PSS and MMS for 16 kHz speech).

5. Possibility to utilise existing implementations of AMR-WB (Code reuse).

6. Has well-tested and stable core with very good speech quality.

7. Can utilise AMR-WB signalling and RTP-payload format.

8. Reduced time and cost of testing and characterising the codec.

3. Implementation

The AMR-WB+ will process the input signal either with the bit exact AMR-WB or AMR-WB extension modes. The sampling rate for AMR-WB is always 16 kHz, but AMR-WB+ can also handle 24 kHz sampling. The objective will be that the extension solution should utilise AMR-WB source code modules in order to minimise the additional software required.

The mode signalling reserved for future use in the AMR-WB frame format specification could be used for the new extension modes. The table below shows an example on how AMR-WB modes could be extended by adding modes 10, 11, 12 and 13. The AMR-WB frame format will also easily support new sampling rates or multiple channels for 24 kHz sampling and stereo coding, if required.

	Frame Type Index
	Frame content

	0
	AMR-WB 6.60 kbit/s 

	1
	AMR-WB 8.85 kbit/s 

	2
	AMR-WB 12.65 kbit/s 

	3
	AMR-WB 14.25 kbit/s 

	4
	AMR-WB 15.85 kbit/s 

	5
	AMR-WB 18.25 kbit/s 

	6
	AMR-WB 19.85 kbit/s 

	7
	AMR-WB 23.05 kbit/s 

	8
	AMR-WB 23.85 kbit/s

	9
	AMR-WB SID (Comfort Noise Frame)

	10
	AMR-WB extension mode

	11
	AMR-WB extension mode

	12
	AMR-WB extension mode

	13
	AMR-WB extension mode

	14
	Speech lost

	15
	No Data (No transmission/No reception)


AMR-WB+ will require a new MIME type since the AMR and AMR-WB types cannot be extended any more. Since the AMR-WB+ will contain all the AMR-WB modes as such, the SIP/SDP message for AMR-WB+ will always support all the modes. For example, when there are no mode restrictions, the AMR-WB+ encoder will inform the streaming client that it contains both the AMR-WB extension and AMR-WB. To enable backward compatibility to AMR-WB decoders, the old AMR-WB modes will be signalled separately. The following list gives an example, how the AMR-WB signalling could be extended in AMR-WB+:

1. a=rtpmap:97 AMR-WB/16000/1
: Old AMR-WB

2. a=rtpmap:98 AMR-WB+/16000/1
: AMR-WB+ with mono 16 kHz

3. a=rtpmap:99 AMR-WB+/16000/2
: AMR-WB+ with stereo 16 kHz

4. a=rtpmap:100 AMR-WB+/24000/1
: AMR-WB+ with mono 24 kHz

5. a=rtpmap:101 AMR-WB+/24000/2
: AMR-WB+ with stereo 24 kHz

The functionalities of AMR and AMR-WB RTP payload and storage format will be utilised also with AMR-WB+. The objective will be that the RTP payload specification in IETF contains only an explanation on the usage of AMR and AMR-WB RTP payload when AMR-WB extension modes are transported or stored. Regarding the payload and storage format, the only difference between AMR-WB modes and new AMR-WB extension modes is the bit-rate and classification of bits to class A and B according to subjective importance. 

4. Quality

The following table gives a general overview of the possible new modes for AMR-WB and guidelines about the target quality level. The exact requirements are for further study. We have tested some experimental versions of AMR-WB extension in order to check the feasibility of the concept. The detailed description of the test and the results can be found from Tdoc S4-020659 [1]. Testing was done only for 16 kHz signals and it shows promising results for AMR-WB with music signals. Naturally, bigger improvements will be achieved with 24 kHz sampling rate.

	Applications
	Bit-rate
	Sampling
	Quality level with speech
	Quality level with music

	Very low bit-rate messaging, games and other entertainment audio
	13-16 kbit/s
	16 kHz mono
	Equal to AMR-WB around the same bit-rate
	Better than AMR-WB@23.85

	Low bit-rate stereo messaging, games and other entertainment audio
	16-24 kbit/s
	16 kHz stereo
	Equal to 2x AMR-WB around the same bit-rate (stereo)
	User preference of stereo over the mono around the same bit-rate

	High quality low-bit-rate streaming audio
	16-24 kbit/s
	16 kHz mono
	Equal to AMR-WB@23.85
	Equal to G.722.1 at 24 kbit/s

	High quality streaming audio
	16-24 kbit/s
	24 kHz mono
	Better thanAMR-WB@23.85
	Close to mono FM-radio level quality

	High quality stereo streaming audio
	Below 32 kbit/s
	24 kHz stereo
	Better than 2x AMR-WB@15.85 (stereo)
	Close to stereo FM-radio level quality


5. Complexity

The AMR-WB+ will be applied in packet switched streaming services as well as messaging services. The streaming client could only contain the AMR-WB+ decoder, whereas the audio content will be created using separate authoring tools. In messaging applications the mobile terminal will also contain the encoder with reasonable complexity and algorithmic delay. Although the complexity or delay of the streaming codec for content creation in the network side is not a very critical item, it would be beneficial to have a codec, which could also be used for content creation in the terminal side. The following use cases could be then identified:

A. High quality, high complexity encoding for downlink streaming and Messaging of ‘infotainment’ containing mixed speech and audio.

B. Good quality, moderate complexity encoding for uplink streaming and Messaging of mixed speech and audio content.

The decoder will be common for both use cases and it will be possible to decode both types of content in a terminal. It will also be possible to run the moderate complexity uplink encoder in a terminal with resources capable of full duplex coding for the existing AMR-WB standard.

6. Standardisation

AMR-WB extension could be added to Release 6 AMR-WB specifications. AMR-WB+ encoder and decoder will have bit exact specifications with normative fixed-point ANSI C-code. This schedule will mean finalising the requirements at the beginning of 2003, performing testing during late spring and then selecting/finalising the extension during summer or Autumn 2003. The exact dates will depend on the final schedule of Release 6. 

The IETF RFC 3267 specification will have to be updated explaining the usage of AMR and AMR-WB RTP payload with AMR-WB+ bit stream.

7. Schedule

	Date
	Action
	SA4 meetings

	January
	Draft permanent documents:

· Performance requirements

· Design constraints

· Test and processing plan
	SA4#25 20 - 24 Jan 2003 

	February
	Frozen permanent documents
	SA4#25bis 24 - 28 Feb 2003

	May
	Codec testing starts
	SA4#26 5 - 9 May 2003

	July
	Review of the test results, draft specifications available
	SA4#27 7 - 11 Jul 2003 


8. Proposal

We propose to extend AMR-WB to address also generic audio signals. The proposed AMR-WB+ will contain both the bit exact AMR-WB and AMR-WB extension modes for music and non-speech signals. The extended AMR-WB standard will provide good performance in both speech and music at 16 and 24 kHz sampling frequencies and bit-rates well below 32 kbit/s. The focus will be on quality improvement for music content while sustaining the good quality with speech content already provided by AMR-WB.

We believe that the AMR-WB extension will be an attractive solution for high quality, low cost and low bit-rate streaming and messaging in 3GPP terminals. Building it on top of the well-proven and tested AMR-WB algorithm will give several benefits and minimise codec proliferation. The AMR-WB+ encoder and decoder will have bit-exact specifications with normative fixed-point ANSI C-code, enabling interoperable, high and consistent quality streaming and messaging services for 3GPP. We propose to start a new WI. The finalisation of work could be targeted for TSG SA#21 (September 2003).

References:
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