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Introduction

According to the selection rules for the testing exercise for selecting a mandatory PSS/MMS audio codec for 3GPP, Release 6, “each candidate shall provide a report through SA4 reflector by February 18 2004 showing that the proposal fulfils all design constraints. This includes a complexity evaluation based on the floating-point code: Worst Observed Frame for the codec, memory (RAM and data ROM) and Program ROM estimates based on the floating-point implementation. The Worst Observed Frame figure must be computed from the complete database of material used for the selection phase.” [1]. This document holds the requested report for the aacPlus audio codec.

1 Verification of Design Constraints
1.1 Computational Complexity

For the aacPlus encoder only a low-complexity encoder for MMS (use case B) has been submitted, such that only the design constraints for the low-complexity encoder apply. According to [2] and [6]  the computational design constraints result in the following table:

	
	Mono Encoder
	Stereo Encoder
	Decoder
	Decoder, mono only

	wMOPS
	43.968
	73.28
	36.76
	27.57

	RAM + ROM [word]
	40000
	65000
	40000
	40000

	Program ROM [ops]
	30303
	30303
	25974
	25974


Table 1: Design Constraints for the PSS/MMS audio codec
The complexity numbers for the aacPlus audio codec can be found in the following table, the numbers have been derived from running the “allcat.wav” item, which holds all the material from the selection test concatenated in one single item. For every test case the average and worst frame weighted MOPS figure has been derived, as well as RAM, ROM and Program ROM figures. The worst case wMOPS figure over all test cases has been marked in blue.
	
	Test Case
	Mono Encoder

	Stereo Encoder
	Decoder
	Decoder, mono only

	wMOPS

[average / 
worst frame]


	14m
	15.23 / 16.98
	15.36  / 17.20
	8.07 / 8.78
	8.07 / 8.78

	
	18s
	---
	36.67 / 44.09
	16.20 / 17.69
	11.12 / 12.47

	
	24m
	16.72 / 18.93
	16.86 / 19.14
	8.89 / 9.94
	8.89 / 9.94

	
	24s
	---
	30.87 / 41.12
	15.54 / 17.69
	10.86 / 12.16

	
	32s
	---
	32.80 / 39.45
	16.76 / 18.86
	11.52 / 13.26

	
	48s
	---
	35.21 / 42.22
	17.61 / 19.89
	12.42 / 14.31

	
	14m, 16 kHz
	15.42 / 18.41
	15.47 / 18.46
	6.72 / 7.47
	6.72 / 7.47

	
	14m, 3% FER
	---
	---
	8.07 / 8.78
	8.07 / 8.78

	
	24s, 3% FER
	---
	---
	15.94 / 17.69
	10.86 / 12.17

	
	32s, 1%FER
	---
	---
	16.75 / 18.86
	11.52 / 13.26

	
	32s, 3%FER
	---
	---
	16.76 / 18.86
	11.51 / 13.26

	RAM + ROM [word]
	---
	24954
	40743
	22717
	21309

	Program ROM [ops]
	---
	12540
	14289
	6500
	6822


Table 2: Complexity numbers of the aacPlus codec
In Table 2 the maximum value for each of the test is highlighted to make the check versus the design constraints more easy. Obviously the given design constraints on complexity numbers are all fulfilled.

1.2 Configurability

According to [2], multiple bitrates in both mono and stereo shall be supported. This has been verified by the test cases.
1.3 Switching between bitrates

According to [2], bitrate switching within the same sampling rate and number of channels shall be possible. AAC (aacPlus) supports a variable frame length, i.e. the bitrate is permitted to change even on a frame-by-frame basis. Therefore, this requirement is fulfilled.

1.4 Encoder sampling rates

According to [2], the encoder shall support 16kHz input sampling rate, furthermore the encoder shall not require input at any sampling rate other than (in kHz): 16, 22.05, 24, 32, 44.1, 48. Since AAC (aacPlus) offers, and does not require to operate on any other of those sampling rates, this requirement is fulfilled.
1.5 Decoder capability

According to [2], the decoder shall not require the terminal to support output at sampling rates other than (in kHz): 16, 22.05, 24, 32, 44.1, 48. Further more the decoder shall support output sampling rates of (in kHz): 8, 16. 

AAC (aacPlus) offers to use any of the above sampling rates, and does not require to operate on any other of those sampling rates. Furthermore the aacPlus decoder implementation for 3GPP is equipped with an efficient resampling tool to always provide output at 8 or 16 kHz upon request. Therefore, this requirement is fulfilled.

1.6 Variable bitrate coding

AAC (aacPlus) does offer variable bitrate coding.

1.7 Error concealment

According to [2], the error concealment shall only rely on the information that a frame was lost. The aacPlus decoder implementation for 3GPP is built exactly in this way. The presence and the performance of the error concealment technology has been verified in the selection test.

2 Conclusions

All design constraints have been met. Consequently, the aacPlus codec is eligible to be selected as a mandatory PSS/MSS audio codec for 3GPP, Release 6.
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� The Mono Encoder is always being fed with a mono input signal. This explains the slight difference in the wMOPS figure to the Stereo Encoder for the mono test cases, since the Stereo Encoder is being fed with a stereo signal and has thus to apply the stereo-to-mono downmix.
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