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Introduction 

This document provides additional technical information on high-rate modes of the AMR-WB+ codec candidate at rates above 24 kbps, which are beyond the scope of the AMR-WB+ work item and the PSS/MMS low-rate audio codec selection. Described are high-rate extension modes over the AMR-WB+ codec modes from within the PSS/MMS low-rate audio scope, which extend the applicability of the codec.
Algorithmic description

The additional high-rate modes supported by the AMR-WB+ codec are

	Mode
	Input/output
	Sampling rate [kHz]
	Bit rate 
[kbps]

	32m
	Mono
	32
	32

	32s
	Stereo
	32
	32

	40m
	Mono
	48
	40

	40s
	Stereo
	48
	40

	48s
	Stereo
	48
	48


Table 1 Higher rates audio extension modes of AMR-WB+.

These higher rates modes operates on super-frames of 60 ms for modes 32m and 32s and on super-frames of 48ms in duration for the remaining modes. As in the low rate modes, the super-frames are decomposed into 4 transmission frames of equal size for transport.

These modes are based on modified versions of the AMRWB+ codec modes 24m and 24s, see [1], used in conjonction with overclocking. 

Overclocking the AMRWB+ modes 24m and/or 24s consists of supplying the encoder with an input audio signal of a certain sampling frequency Fs kHz and encoding the signal as if it was a 24 kHz input signal. The result of the overclocking is that the nominal bit rate is multiplied by the factor Fs. From the decoding side, the restored signal is played at a sampling rate Fs kHz which means an increase in the audio bandwidth.

Modes 32m and 32s are based on modes 24m and 24s which are modified in order to cope with new pitch lag ranges due to overclocking by a factor 4/3. The resulting decoder output has a sampling frequency 24kHz x 4/3 = 32kHz, the bitrate is modified by the same factor.

Modes 40m, 40s are based on modes 24m and 24s which are modified in order to accept input sampling frequencies of 28.8 kHz as well as containing a new pitch lag range but operating at the same bitrate, i.e. 24kbps. The oversampling factor is 5/3 which leads to a decode output having a sampling frequency 28.8kHz x 5/3 =  48kHz and a bitrate equal to 24kbp x 5/3 = 40kbps.

Mode 48s is based on overclocking by the factor 5/3 the same modified modes as of modes 40m and 40s but with a increased nominal bitrate. Bit allocation for the core encoder as well as the stereo encoder are increased and the resulting mode operates at input sampling frequency 28.8kHz which is encoded at 28.8kbps. The oversampling factor is 5/3 which leads to a decode output having a sampling frequency 28.8kHz x 5/3 =  48kHz and a bitrate equal to 28.8kbps x 5/3 = 48kbps.

The following table summarizes the overclocking rates

	Mode
	Nominal mode
	Overclocking factor
	Resulting mode

	
	Sampling rate [kHz]
	Bit rate 
[kbps]
	
	Sampling rate [kHz]
	Bit rate 
[kbps]

	32m
	24
	24
	4/3
	32
	32

	32s
	24
	24
	4/3
	32
	32

	40m
	28.8
	24
	5/3
	48
	40

	40s
	28.8
	24
	5/3
	48
	40

	48s
	28.8
	28.8
	5/3
	48
	48


Table 2 Overclocking for Higher rates audio extension modes of AMR-WB+

It should be noted that for all these modes, the bandwidth extension is modified in order to increase the high frequency audio bandwidth even further.

The overclocking allows an increase of the encoded audio bandwidth which in conjunction with the increased bitrate has a direct impact in scaling upwards the quality as demonstrated in document [2].
Complexity analysis

Since the high-rate modes of the AMR-WB+ codec have the exact same structure as the low-rate modes, the design criteria justification tables (see document [3]) are applicable as well for the high-rate modes. However, the complexity figures have been updated, see the table below.

The estimates of the encoder and the decoder complexity have been done using the same tool and the same methodology as for the low-rate AMR-WB+ modes. 

	Complexity and memory consumption estimates



	Encoding 
	A.1 (32s)
wMOPS : 82.9 (81.9
) wMOPS

A.2 (48s)
wMOPS : 106.4 (105.3
) wMOPS 

B.
RAM: 25.9 kWords

C.
ROM:
14.5 kWords

D.
Program ROM: 6.9 k basic ops



	Decoding 
	A.1 (32s)
wMOPS: 20.6 (19.0) wMOPS

A.2 (48s)     wMOPS: 27.3 (25.61) wMOPS

B.
RAM: 11.6 kWords

C.
ROM: 14.5 kWords

D.
Program ROM: 4.9 k basic ops



Table 3 Complexity and memory consumption estimates.

From the figures presented in table 3 it can be concluded that the high-rate modes of AMR-WB+ stay within the complexity limits defined for the PSS/MMS audio codec selection. Thus, the high-rate extensions modes meet all PSS/MMS audio codec design constraints.
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� The figure within parenthesis denotes average-wMOPS, otherwise peak-wMOPS is shown.


� The figure within parenthesis denotes average-wMOPS, otherwise peak-wMOPS is shown.
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