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Introduction

Since the submission of the executables for the selection tests, Coding Technologies continued working on the float source code due to several reasons: the instrumentation with the flc tool had to be completed and more tests and verification of the decoding algorithm were carried out to bring the code inline with the written specification and the intended behaviour as well as to bring the code reliability to a maximum level. Furthermore, a complexity verification meeting was held in Nuremberg on June 1-3rd [1] as well as the bit-exactness verification was carried out by Siemens [2].

During the above activities the following items came up that needed completion and/or modifications to the code. Coding Technologies is prepared to address all the items that have shown up so far. This document summarizes those items and describes the implication of each of those. 

1 Overview on suggested modifications
	Item No.
	Description
	# files affected
	# lines of code affected
	Effect on wMOPS
	Effect on basic Ops (PROM)
	Effect on audio quality

	1
	Complete missing instrumentation according to [1]
	1
	none
	increase of 0.0009 per channel
	increase of 10
	none

	2
	Correct over-instrumentation of file I/O according to [1]
	1
	none
	decrease of 0.5283 per channel
	decrease of 22
	none

	3
	Correct the implementation of cfftn() according to [1]
	1
	12 (9 declarations, 3 casts)
	None
	none
	none


	4
	Bugfix in PS decoding for erroneous bitstreams, see [3] 
	1
	7
	increase of 0.00019, see [3]
	18, see [3]
	Slight improvement in case PS channel mode is used and data is distorted, otherwise none

	5
	More bugfixes in PS decoding for erroneous bitstreams (related to item #4), added capability to decode all MPEG compliant PS bitstreams
	4
	55
	Increase of 0.0012 wMOPS
	Increase of 22
	slight improvement in case PS channel mode is used and data is distorted, otherwise none

	6
	Bugfix in Decoder spline resampler to fix problems reported in [2]
	2
	15
	none
	none
	Improvement for 16 kHz stereo decoding

	7
	Bugfix in envelope adjustment for stereo (LP-SBR) in conjunction with missing sines in highest SBR-band
	1
	6
	Increase of 0.00084 wMOPS
	Increase of 2
	No change for configurations under test

	8
	Bugfix for decoder setup, when the first frame was lost in PS channel mode
	2
	12
	none
	none
	improvement in case of first frame lost and PS channel mode

	9
	Bugfix for transposer for LP-SBR (stereo channel mode), where imaginary parts of autocorrelation were used uninitialized
	1
	1
	Increase of 0.0026 wMOPS
	Increase of 3
	none, unless non-initialized values do contain non-zero data

	10
	Bugfix for aliasing degree estimation (LP-SBR), where some of the values were used uninitialized
	1
	1
	Increase of 0.0034 wMOPS
	Increase of 7
	improvement for LP-SBR

	11
	Corrected two  PS-related tables in decoder
	1
	80 ROM coefficients
	none
	none
	slight improvement of audio quality in case PS channel mode is used

	12
	Remove Coding Technologies’ file header disclaimers, remove unused files, clean up directory structure
	all
	none
	none
	none
	none


2 Proposed way forward

Coding Technologies offers to integrate all modifications listed above into the source code for approval. To give all parties within 3GPP the possibility to verify that the listed items above are solved in the best possible way, the source code package that has been used for bit-exactness verification as specified by a MD5 checksum in [3] will be submitted for information in addition to the source code package with all the above items being fixed. 

3 Conclusions

The authors kindly ask 3GPP for approval to address all above listed items prior to submission of the source code in order to standardize the best possible source code for the enhanced aacPlus codec.
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� On decoder side the correction results in a 1 LSB difference for every ~800th sample only, the RMS value is -120 dB. On encoder side the audio quality has been verified using PEAQ, where both versions under test achieve the exact same ODG value and the Distortion Index is even slightly better for the corrected version (e.g. -2.63 instead of –2.64 for one tested file), however this is merely a numerical rounding effect.
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