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Introduction

As agreed on at the SA4#35 meeting in San Diego [1], information of the delay analysis of the audio codecs shall be provided by the codec proponents. This document holds the requested information for the Enhanced aacPlus codec.

Delay by component

The Enhanced aacPlus codec inluding pre-downsampling contains a number of delay sources, consisting of

· 25 (fixed point encoder) resp. 6 (floating point encoder) samples for a 2 : 1 downsampling filter 

· 58 (fixed point encoder) resp. 5 (floating point encoder) samples for a 3 : 2 downsampling filter

· 2048 samples for an overlapped MDCT

· 1152 samples look-ahead buffer within the psychoacoustic module

· 962 samples SBR encoding and decoding delay

· 958 samples PS encoder dowmnix

· 2048 samples (1 Frame) decoder concealment

· Bitrate dependant bit-reservoir

Delay overview of the constant delay contributors
When calculating the constant algorithmic codec delay contributors, the following additional considerations need to be taken into account:

· The PS downmix includes also the downsampling of the downmixed input signal, the 25 resp. 6 samples delay for the 2 : 1 downsampling filter does not apply.

· For mono bitrates below 12 kbps, Enhanced aacPlus operates with a sampling rate of 32kHz. Here the 3 : 2 downsampling filter is used for 48 to 32 kHz input signal conversion. 

Consequently this results in the following table:

	Encoding mode
	2 : 1 Down-sampler
	3 : 2 Down-sampler
	MDCT
	Psych look-ahead
	SBR
	Concealment
	PS
	Overall constant delay
[samples, fixed point enc / floating point enc]

	Mono, 
br <12000
	Yes
	Yes
	Yes
	Yes
	Yes
	Yes
	No
	6293 / 6221

	Mono,
br >= 12000
	Yes
	No
	Yes
	Yes
	Yes
	Yes
	No
	6235 / 6216

	PS-stereo,
br < 36000 (*)
	No
	No
	Yes
	Yes
	Yes
	Yes
	Yes
	7168

	Stereo,
br >= 36000 (*)
	Yes
	No
	Yes
	Yes
	Yes
	Yes
	No
	6235 / 6216


(*) Note: at SA4#36 a CR is presented to change the border for PS encoding from 36000 to 44000 kbit/s.

Delay contribution of the bit-reservoir

In cases where the codec is run in a streaming application, i.e. non-file based applications, the bitreservoir of AAC is also contributing to the overall codec delay. The bitreservoir has a size of 6144 bits for mono and parametric stereo, and 2*6144 bits for stereo. Depending on the choice of the bitrate when running the encoder the additional delay in samples can be expressed by:
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The following table holds some example calculations for the overall codec delay:

	Encoding mode
	Constant delay contribution
	Fs [Hz]
	Bitreservoir Delay [samples]
	Overall codec delay
[ms]

	Mono, 
br =10000
	6293 / 6221
	32000
	19661
	ca. 811 / 807

	PS-stereo,
br = 16000
	6235 / 6216
	48000
	18432
	ca. 513

	PS-stereo,
br = 24000
	7168
	48000
	12288
	ca. 405

	Stereo,
br = 48000
	6235 / 6216
	48000
	12288
	ca. 386
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