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1. Introduction

This document contains a technical description of the AMR-WB+ codec candidate by Ericsson/Nokia/VoiceAge as part of the deliverables within the PSS/MMS low-rate audio codec selection. Described are the extension modes over the existing AMR-WB codec to be used within the PSS/MMS low-rate audio scope.
1.1 Outline

The document is organized as follows. Section 2 describes the architecture of the extension modes. Section 3 gives the parameters transmitted and the bit allocation used.
2. Codec architecture

The AMR-WB+ codec for PSS/MMS low-rate audio contains all the AMR-WB speech codec modes 1-9 and AMR-WB VAD and DTX.

The extension modes are:

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

	14m
	Mono
	16/24
	14

	18s
	Stereo
	24
	18

	24m
	Mono
	24
	24

	24s
	Stereo
	24
	24


Table 2.1 PSS/MMS-low-rate audio extension modes of AMR-WB+.

The codec operates on super-frames of 80 ms in duration. The super-frames are decomposed into 4 transmission frames of equal size for transport.

Figure 2.1 presents the AMR-WB+ encoder structure. The input signal is separated in two bands. The first band is the low-frequency (LF) signal, which is down-sampled at 12.8 kHz as in the AMR-WB speech codec. The second band is the high-frequency (HF) signal, which is also downsampled to obtain a critically sampled signal. The LF and HF signals are then encoded using two different approaches:  the LF signal (0-6400 Hz band) is encoded and decoded using the “core” encoder/decoder, based on switched ACELP and transform coded excitation (TCX). In ACELP mode, the standard AMR-WB codec is used. The HF signal is encoded with relatively few bits using a bandwidth extension (BWE) method.

The parameters transmitted from encoder to decoder are the mode selection bits, the LF parameters and the HF parameters. The parameters for each 80 ms super-frame are decomposed into four packets of identical size.

Stereo encoding is used only in modes 18s and 24s. The Left and right channels are combined into mono signal for ACELP/TCX encoding, whereas the stereo encoding receives both input channels.

Figure 2.2 presents the AMR-WB+ decoder structure. The LF and HF bands are decoded separately after which they are combined in a synthesis filterbank.

Stereo decoding is used only in modes 18s and 24s. If the output is restricted to mono only, the stereo parameters are omitted and the decoder operates in mono mode.
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Figure 2.1 High-level structure of AMR-WB+ encoder
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Figure 2.2 High-level structure of AMR-WB+ decoder
2.1 LPC analysis and synthesis in low-frequency band

The AMR-WB+ codec applies LPC analysis for both the ACELP and TCX modes when encoding the LF signal. The LPC coefficients are interpolated linearly at every 5 ms sub-frame.

2.2 ACELP and TCX coding

ACELP encoding and decoding are similar to standard AMR-WB speech codec. The ACELP coding consists of LTP analysis and synthesis and algebraic codebook excitation. 
The ACELP coding mode is used in AMR-WB operation within AMR-WB+ codec. 
In TCX mode the perceptually weighted signal is processed in the transform domain. The Fourier transformed weighted signal is quantised using split multi-rate lattice quantisation (algebraic VQ). Transform is calculated in 80, 40 or 20 ms windows. The excitation signal is recovered by inverse filtering the quantised weighted signal through the inverse weighting filter (same weighting filter as in AMR-WB).

AMR-WB+ codec utilises either ACELP or TCX coding for each frame. The coding mode is selected based on closed-loop analysis-by-synthesis method. Only 20-ms frames are considered for ACELP frames (as in AMR-WB), whereas frames of 20, 40 or 80 ms are possible in TCX mode.

2.3 Stereo coding

In the case of stereo coding, a similar band decomposition as in the mono case is used. The two channels L and R are decomposed into LF and HF signals. The LF signals of the two channels are down-mixed to form an LF mono signal, (0-6400 Hz band). This mono signal is encoded separately by the core codec.

The LF part of the two channels is further decomposed into two bands (0-1000Hz) and (1000Hz-6400Hz). The very low frequency (VLF) band  is critically down-sampled, and  the side signal is computed. The resulting signal is semi-parametrically encoded in the frequency domain using the algebraic VQ. The frequency domain encoding is performed in closed loop by choosing among 20ms, 40ms and 80ms frame lengths.

The high frequency part of the LF signals (Midband) are parametrically encoded. In the decoder, the parametric model is applied on the mono signal excitation in order to restore the high frequency part of the original LF part of the two channels.

The HF part of the two channels are encoded by using parametric BWE described below.

2.4 High-frequency band

Whereas the LF signal (0-6400 Hz band) is encoded using the previously described switched ACELP/TCX encoding approach, the HF signal is encoded using a low-rate parametric bandwidth extension (BWE) approach. Only gains and spectral envelope information are transmitted in the BWE approach used to encode the HF signal.

The bandwidth extension is done separately for left and right channel in stereo operation.

2.5 Low complexity operation

In the low complexity operation (use case B) the decision on the usage of ACELP and TCX mode is done in an open-loop manner. This approach introduces computational savings in the encoder.

2.6 Frame erasure concealment

When missing packets occur at the receiver, the decoder applies concealment. The concealment algorithm depends on the mode of the correctly received packets preceding and following the missing packet. Concealment uses either time-domain coefficient extrapolation, as in AMR-WB, or frequency-domain interpolation for some of the TCX modes.

3. Bit allocation

The bit allocation for the different parameters in the low-frequency band coding (0-6400 Hz) is shown in Tables 3.1, 3.2, 3.3, and 3.4. The bit allocation for the high-frequency coding (BWE) is shown in Table 3.5. Note that there are two mode bits sent in each 20-ms packet. These mode bits are not shown in the bit allocation tables. The bit allocation for the stereo is shown in Tables 3.6,3.7,3.8, note that there are also two additional mode bits for the VLF stereo encoder that are not shown in the bit allocation.  The bit allocation for the stereo HF part is by definition that of the bandwidth extension, Table 3.5.

	Parameter
	Bit Allocation per 20-ms frame

	
	14m
	18s
	24m
	24s

	ISF Parameters
	46

	Mean Energy
	2

	Pitch Lag
	32

	Pitch Filter
	4 × 1

	Fixed-codebook Indices
	4 × 36
	4 × 36
	4 × 88
	4 × 64

	Codebook Gains
	4 × 7

	Total in bits
	256
	328
	464
	448


Table 3.1 Bit allocations for ACELP (AMR-WB) mode

	Parameter
	Bit allocation per 20-ms frame

	
	14k
	18s
	24m
	24s

	ISF Parameters
	46

	Global Gain
	7

	Algebraic VQ
	201
	201
	409
	313

	Total in bits
	254
	326
	462
	446


Table 3.2 Bit allocations for 20 ms TCX window

	Parameter
	Bit allocation per 40-ms window

	
	14k
	18s
	24m
	24s

	ISF Parameters
	46

	Global Gain
	13

	Algebraic VQ
	449


	449


	865


	673



	Total in bits
	508
	651
	924
	891


Table 3.3 Bit allocations for 40 ms TCX window

	Parameter
	Bit allocation per 80-ms window

	
	14m
	18s
	24m
	24s

	ISF Parameters
	46

	Global Gain
	16

	Algebraic VQ
	963


	963


	1795


	1402



	Total in bits
	1025
	1310
	1858
	1780


Table 3.4 Bit allocations for 80 ms TCX window

	Parameter
	Bit allocation per 20 / 40 / 80-ms window

	ISF Parameters
	9

	Gain
	7

	Gain Corrections
	0 / 8 × 2 / 16 × 3

	Total in bits
	16 / 32 / 64


Table 3.5 Bit allocations for bandwidth extension

	Parameter
	Bit Allocation per 20-ms frame

	
	18s
	24s

	Global Gain
	7

	Gain
	7

	Algebraic VQ
	49
	51

	Midband
	6
	12

	Total in bits
	69
	77


Table 3.6 Bit allocations for stereo LF encoder for 20ms window

	Parameter
	Bit Allocation per 40-ms frame

	
	18s
	24s

	Global Gain
	7

	Gain
	7

	Algebraic VQ
	112
	116

	Midband
	6 x 2
	12 x 2

	Total in bits
	138
	154


Table 3.7 Bit allocations for stereo LF encoder for 40ms window

	Parameter
	Bit Allocation per 80-ms frame

	
	18s
	24s

	Global Gain
	7

	Gain
	7

	Algebraic VQ
	238
	246

	Midband
	6 x 4
	12 x 4

	Total in bits
	276
	308


Table 3.8 Bit allocations for stereo LF encoder for 80ms window
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