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1. Introduction

AMR-WB speech codec is targeted to wideband speech applications. The codec has reasonable performance also in music, but it is not comparable to performance of generic audio codecs.

A new work item for AMR-WB based audio extension was established at SA#18. AMR-WB codec with the new extension is called AMR-WB+ codec hereafter. In the work item and in this document audio is understood as speech, music and mixed content.
AMR-WB+ will be considered as a candidate for PSS and MMS services in 3GPP Rel-6. SA4 will define the selection criteria for a codec for low-rate high quality audio applications.

This document gives draft design constraints for AMR-WB+ codec.

2. Design constraints

The AMR-WB+ codec is targeted to be applied in packet switched streaming services as well as messaging services. The streaming client could contain only 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 containing speech, music and mixed content.

B.
Good quality, moderate complexity encoding for uplink streaming and Messaging containing speech, music and mixed 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.

	Development constraints
	Notes

	Structure
	The AMR-WB codec divides input signal into two frequency bands. The coding focuses on the lower band sub-sampled to 12.8 kHz. In order to reuse AMR-WB parts, the extended AMR-WB codec shall use the same sub-sampling for the lowest frequencies in all sampling frequencies.

· Modes 0 – 9 are bit-exact AMR-WB modes (increased delay may affect the test vectors). AMR-WB core for 0 – 6.4 kHz audio band and artificial high band regeneration for 6.4 – 7 kHz.

· The AMR-WB VAD and DTX are part of the AMR-WB+ codec

· New modes (10 – 13) with extended AMR-WB core and improved coding for higher band(s) (6.4 – 8/12/16 kHz). Extended AMR-WB  (AMR-WB+) is based on AMR-WB.
	

	
	Use Cases A and B share the same decoder. AMR-WB+ decoder shall be able to decode AMR-WB and AMR-WB+ bit streams.
	

	Complexity requirements

	WMOPS and RAM requirements are given for mono encoder/decoder. For stereo coding, two times the wMOPS and RAM of the mono encoder/decoder is allowed. ROM requirements are independent on the number of channels.
	

	Encoding 
	Use Case A: 

A.
wMOPS ( 2.5  x AMR-WB codec
B.
RAM
( 4 x AMR-WB codec
C.
ROM
( 1.5 x AMR-WB codec
D.
Program ROM ( 1.5 x AMR-WB codec
Use Case B:

A.
wMOPS ( 1.2  x AMR-WB codec
B.
RAM
( 4 x AMR-WB codec
C.
ROM
( 1.5 x AMR-WB codec
D.
Program ROM ( 1.5 x AMR-WB codec
	

	Decoding 
	Use Cases A and B: 

A.
wMOPS ( 3 x AMR-WB decoder 
B.
RAM
( 2.6 x AMR-WB decoder 
C.
ROM
( 1.5 x AMR-WB codec 
D.
Program ROM ( 1 x AMR-WB codec 
	

	Channel mode
	Generic IP transport on UTRAN and GERAN bearers
	

	Active noise suppression
	The extension does not include noise suppression.
	

	Algorithmic delay(2
	The algorithmic delay shall not be larger than 200ms.
	

	Codec modes
	Four additional modes shall be used at maximum for single channel RTP-payload format.
	

	
	
	

	Error concealment
	Shall only rely on information that a packet is lost.
	

	Frame size
	Integer multiple of 20 ms
	Objective: 20ms.

	Input sampling rate and bit rates
	The codec will operate on 16 and 24/32 kHz input sampling rates. 

The maximum allowed bit rate shall be 24 kbit/s.


	

	Switching
	Mode switching within the same sampling rate and number of channels shall be possible. Possibility of switching between mono and stereo at the same sampling rate is desirable.  
	

	Number of audio channels
	Mono and stereo channels shall be supported.
	 

	AMR-WB+ implementation
	AMR-WB+ implementation for qualification and selection is based on the latest (Version tbd (March 2003)) AMR-WB floating point implementation in specification TS 26.204.

The codec shall be specified in both floating and fixed point arithmetic.
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Notes: 


Program ROM is computed as the number of basic instructions


The algorithmic delay is defined as the worst-case sample delay with assumed infinitely fast processing speed and data transmission between encoder and decoder. Sample delay is the delay it takes to reproduce a given source sample by the decoder.


Complexity calculation rules:


The same complexity evaluation methodology as used in the past for GSM AMR narrowband standardisation (based on ETSI fixed-point basic operations) will be used for complexity evaluation of the AMR-WB codec. Detailed procedure for each phase is the following:


Qualification (if needed) and Selection: Complexity evaluation may be based on floating point code. The results should nevertheless be presented as ETSI FOM, wMOPS, and memory figures even though they are allowed to be estimated from a floating-point code.  Requirements shall be checked according to the assessment methodology given in AMR narrowband document AMR-9 (Complexity and delay assessment) [2].


Verification/characterisation: ETSI methodology based on fixed point code  (Theoretical worst case) 








