TSG-SA WG4#25bis meeting
Tdoc S4 (03)00xxx

February 24 – 28, 2003, Berlin, Germany

Source:
Editor (Dolby)

Title:
Higher Bitrate Audio Codec Design Constraints

Version
0.1
___________________________________________________________________________

1. Introduction

This document provides the design constraints associated with the Work Item Description for Higher Bitrate Audio Codec.  This codec is proposed as a candidate for packet switched streaming services (PSS) and messaging services (MMS).

2. Design constraints

The Higher Bitrate Audio Codec is designed for audio delivery applications in both packet switched streaming services and messaging services. In the case of packet switched streaming services, the client would need only feature the Higher Bitrate Audio Codec decoder as audio content will be received solely from a centralised delivery service. For messaging services it is necessary to implement both the High Bitrate Audio Codec encoder and decoder in the streaming client, and as such the encoder must be implementable on current handset platforms.

	Design constraints
	Notes

	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.
	

	   Encoder 
	MIPs    ( 2  x AAC encoder

RAM    ( 4 x AAC encoder

ROM    ( 2 x AAC encoder

Program ROM ( 2 x AAC encoder

	

	   Decoder
	MIPs     ( 2 * AAC decoder

RAM
( 4 x AAC decoder

ROM
( 2 x AAC decoder

Program ROM ( 2 x AAC decoder
	

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

	Input sampling rate and bit rates
	The codec will operate on 32, 44.1 and 48 kHz input sampling rates. 

The maximum allowed bit rate shall be 160 kbit/s.


	

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

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














