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Foreword
This Technical Specification (TS) has been produced by ETSI 3rd Generation Partnership Project (3GPP).

The present document may refer to technical specifications or reports using their 3GPP identities, UMTS identities or
GSM identities. These should be interpreted as being references to the corresponding ETSI deliverables.

The cross reference between GSM, UMTS, 3GPP and ETS! identities can be found under
http://webapp.etsi.org/key/queryform.asp.

Modal verbs terminology

In the present document "shall”, "shall not", "should", “should not”, "may", "may not", "need", "need not", "will",
"will not", "can" and "cannot" areto be interpreted as described in clause 3.2 of the ETSI Drafting Rules (Verba forms
for the expression of provisions).

"must" and "must not" are NOT alowed in ETSI deliverables except when used in direct citation.
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Foreword

This Technical Specification has been produced by the 3" Generation Partnership Project (3GPP). This document
describes the Extended Adaptive Multi-Rate Wideband (AMR-WB+) coder within the 3GPP system.

The contents of the present document are subject to continuing work within the TSG and may change following formal
TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an
identifying change of release date and an increase in version number as follows:

Version x.y.z
where:
x thefirst digit:
1 presented to TSG for information;
2 presented to TSG for approval;
3 or greater indicates TSG approved document under change control.

y thesecond digit isincremented for al changes of substance, i.e. technical enhancements, corrections,
updates, etc.

z thethird digit isincremented when editorial only changes have been incorporated in the document.
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1 Scope

This Telecommunication Standard (TS) describes the detailed mapping from input blocks of monophonic or
stereophonic audio samplesin 16 bit uniform PCM format to encoded blocks and from encoded blocks to output blocks
of reconstructed monophonic or stereophonic audio samples. The coding schemeis an extension of the AMR-WB
coding scheme [3] and isreferred to as extended AMR-WB or AMR-WB+ codec. It comprises all AMR-WB speech
codec modes including VAD/DTX/CNG [2][8][10] as well as extended functionality for encoding general audio signals
such as music, speech, mixed, and other signals.

In the case of discrepancy between the requirements described in the present document and the ANSI-C code
computational description of these requirements contained in [4], [5], the descriptionin [4], [5], respectively, will
prevail. The ANSI-C code is not described in the present document, see [4], [5] for a description of the floating-point
or, respectively, fixed-point ANSI-C code.

2 References

The following documents contain provisions which, through reference in this text, constitute provisions of the present
document.

o References are either specific (identified by date of publication, edition number, version number, etc.) or
non-specific.

o For aspecific reference, subsequent revisions do not apply.
e For anon-specific reference, the latest version applies. In the case of areference to a 3GPP document (including

aGSM document), a non-specific reference implicitly refersto the latest version of that document in the same
Release as the present document.

[1] GSM 43.050: " Digital cellular telecommunications system (Phase 2); Transmission planning
aspects of the speech servicein the GSM Public Land Mobile Network (PLMN) system"

2] 3GPP TS 26.194: "AMR wideband speech codec; Voice Activity Detection (VAD)".

[3] 3GPP TS 26.190: " AMR Wideband speech codec; Transcoding functions™.

[4] 3GPP TS 26.304: "ANSI-C code for the floating point Extended AMR Wideband codec".

[5] 3GPP TS 26.273: "ANSI-C code for the fixed point Extended AMR Wideband codec”.

[6] M. Xieand J.-P. Adoul, "Embedded al gebraic vector quantization (EAV Q) with application to

wideband audio coding," |EEE International Conference on Acoustics, Speech, and Signal
Processing (ICASSP), Atlanta, GA, U.S.A, val. 1, pp. 240-243, 1996.

[7] J.H. Conway and N.J.A. Sloane, "A fast encoding method for lattice codes and quantizers,” |EEE
Trans. Inform. Theory, vol. I1T-29, no. 6, pp. 820-824, Nov. 1983

[8] 3GPP TS 26.193: "AMR Wideband speech codec; Source controlled rate operation”.

[9] 3GPP TS 26.244: "Transparent end-to-end packet switched streaming service (PSS); 3GPP file
format (3GP)"

[10] 3GPP TS 26.192: "AMR Wideband speech codec; Comfort noise aspects’

ETSI



3GPP TS 26.290 version 12.0.0 Release 12 8 ETSI TS 126 290 V12.0.0 (2014-10)

3 Definitions and abbreviations

3.1 Definitions

For the purposes of the present document, the following terms and apply.

adaptive codebook: The adaptive codebook contains excitation vectors that are adapted for every subframe. The
adaptive codebook is derived from the long-term filter state. The lag value can be viewed as an index into the adaptive
codebook.

algebraic codebook: A fixed codebook where algebraic code is used to popul ate the excitation vectors (innovation
vectors). The excitation contains a small number of nonzero pulses with predefined interlaced sets of potential
positions. The amplitudes and positions of the pulses of the k™ excitation codevector can be derived from itsindex k
through arule requiring no or minimal physical storage, in contrast with stochastic codebooks whereby the path from
the index to the associated codevector involves look-up tables.

anti-spar seness processing: An adaptive post-processing procedure applied to the fixed codebook vector in order to
reduce perceptual artifacts from a sparse fixed codebook vector.

closed-loop pitch analysis: Thisis the adaptive codebook search, i.e., aprocess of estimating the pitch (lag) value from
the weighted input speech and the long term filter state. In the closed-loop search, the lag is searched using error
minimization loop (analysis-by-synthesis). In the adaptive multi-rate wideband codec, closed-loop pitch searchis
performed for every subframe.

direct form coefficients: One of the formats for storing the short term filter parameters. In the adaptive multi-rate
wideband codec, al filters which are used to modify speech samples use direct form coefficients.

fixed codebook: The fixed codebook contains excitation vectors for speech synthesis filters. The contents of the
codebook are non-adaptive (i.e., fixed). In the adaptive multi-rate wideband codec, the fixed codebook isimplemented
using an algebraic codebook.

fractional lags. A set of lag values having sub-sample resolution. In the adaptive multi-rate wideband codec a
sub-sample resolution of ¥4™ or 1™ of asampleis used.

super frame: A timeinterval equal to 1024 samples (80ms at a 12.8 kHz sampling rate).
frame: A timeinterval equal to 256 samples (20ms at a 12.8 kHz sampling rate).
Immittance Spectral Frequencies. (see Immittance Spectral Pair)

Immittance Spectral Pair: Transformation of LPC parameters. Immittance Spectral Pairs are obtained by
decomposing the inverse filter transfer function A(z) to a set of two transfer functions, one having even symmetry and
the other having odd symmetry. The Immittance Spectral Pairs (also called as | mmittance Spectral Frequencies) are the
roots of these polynomials on the z-unit circle.

integer lags: A set of lag values having whole sampl e resol ution.

inter polating filter: An FIR filter used to produce an estimate of sub-sample resolution samples, given an input
sampled with integer sample resolution. In thisimplementation, the interpolating filter has low pass filter
characteristics. Thus the adaptive codebook consists of the low-pass filtered interpolated past excitation.

inverse filter: Thisfilter removes the short term correlation from the speech signal. The filter models an inverse
frequency response of the vocal tract.

lag: Thelong term filter delay. Thisistypically the true pitch period, or its multiple or sub-multiple.

L P analysiswindow: For each frame, the short term filter coefficients are computed using the high pass filtered speech
samples within the analysis window. In the adaptive multi-rate wideband codec, the length of the analysis window is
aways 384 samples. For al the modes, a single asymmetric window is used to generate a single set of LP coefficients.
The 5 mslook-ahead is used in the analysis.

L P coefficients. Linear Prediction (LP) coefficients (also referred as Linear Predictive Coding (LPC) coefficients) isa
generic descriptive term for the short term filter coefficients.
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open-loop pitch search: A process of estimating the near optimal lag directly from the weighted speech input. Thisis
done to simplify the pitch analysis and confine the closed-loop pitch search to a small number of lags around the
open-loop estimated |ags. I1n the adaptive multi-rate wideband codec, an open-loop pitch search is performed in every
other subframe.

residual: The output signal resulting from an inverse filtering operation.

short term synthesisfilter: Thisfilter introduces, into the excitation signal, short term correlation which models the
impul se response of the vocal tract.

per ceptual weighting filter: Thisfilter is employed in the analysis-by-synthesis search of the codebooks. The filter
exploits the noise masking properties of the formants (vocal tract resonances) by weighting the error lessin regions near
the formant frequencies and more in regions away from them.

subframe: A timeinterval equal to 64 samples (5msat 12.8 kHz sampling rate).
vector quantization: A method of grouping several parametersinto avector and quantizing them simultaneously.

zero input response: The output of afilter due to past inputs, i.e. due to the present state of the filter, given that an
input of zerosis applied.

zer o stateresponse: The output of afilter due to the present input, given that no past inputs have been applied, i.e.,
given that the state information in the filter is all zeroes.

3.2 Abbreviations

For the purposes of the present document, the following abbreviations apply:

TCX Transform coded excitation
ACELP Algebraic Code Excited Linear Prediction
AGC Adaptive Gain Control
AMR Adaptive M ulti-Rate
AMR-WB Adaptive Multi-Rate Wideband
AMR-WB+ Extended Adaptive Multi-Rate Wideband
CELP Code Excited Linear Prediction
FIR Finite Impul se Response
ISF Immittance Spectral Frequency
ISP Immittance Spectral Pair
|SPP Interleaved Single-Pulse Permutation
LP Linear Prediction
LPC Linear Predictive Coding
LTP Long Term Predictor (or Long Term Prediction)
MA Moving Average
MRWB-ACELP Wideband Multi-Rate ACELP
SMSVQ Split-Multi Stage V ector Quantization
wB Wideband
4 Outline description

This TSis structured as follows:

Section 4.1 contains afunctional description of the audio parts including the A/D and D/A functions. Section 4.2
describes input format for the AMR-WB+ encoder and the output format for the AMR-WB+ decoder. Section 4.3
presents a simplified description of the principles of the AMR-WB codec. In subclause 4.4, the sequence and subjective
importance of encoded parameters are given.

Section 5 presents the functional description of the encoding functions of the AMR-WB+ extension modes, whereas
clause 6 describes the decoding procedures for the extension modes. In section 7, the detailed bit allocation of the
AMR-WB+ codec extension modes is tabulated. The AMR-WB speech modes are functionally unchanged as well as
their bit allocation. Detailed information on them isfound in [1].
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4.1 Functional description of audio parts

The analogue-to-digital and digital-to-analogue conversion will in principle comprise the elements given below. In case
of stereo codec operation, the given principles will be applied to the 2 available audio channels.

1) Analogueto uniform digital PCM
- microphone;
- input level adjustment device;
- input anti-aliasing filter;
- sample-hold device sampling at 16/24/32/48 kHz;
- analogue-to-uniform digital conversion to 16-hit representation.
The uniform format shall be represented in two's complement.
2) Uniform digital PCM to analogue
- conversion from 16-bit uniform PCM sampled at 16/24/32/48 kHz to anal ogue;
- ahold device;
- reconstruction filter including x/sin( x ) correction;
- output level adjustment device;
- earphone or loudspesker.
In the terminal equipment, the A/D function may be achieved
- by direct conversion to 14-bit uniform PCM format;

For the D/A operation, the inverse operations take place.

4.2 Preparation of input samples

The encoder is fed with data from one/two input channels comprising of samples with aresolution of 16 bitsin a 16-hit
word. The decoder outputs data in the same format and number of output channels. Though, mono output of decoded
stereo signalsis supported.

4.3 Principles of the extended adaptive multi-rate wideband
codec

The AMR-WB+ audio codec contains all the AMR-WB speech codec modes 1-9 and AMR-WB VAD and DTX. AMR-
WB+ extends the AMR-WB codec by adding TCX, bandwidth extension, and stereo.

The AMR-WB+ audio codec processes input frames equal to 2048 samples at an internal sampling frequency Fs . The
internal sampling frequency is limited to the range 12800-38400 Hz, see section 8 for more details. The 2048-sample
frames are split into two critically sampled equal frequency bands. This results in two superframes of a 1024 samples
corresponding to the low frequency (LF) and high frequency (HF) band. Each superframe is divided into four 256-
samples frames.

Sampling at the internal sampling rate is obtained by using a variable sampling conversion scheme, which re-samples
theinput signal.

The LF and HF signals are then encoded using two different approaches. the LF 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 (16 bits/frame) using a bandwidth
extension (BWE) method.
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The basic set of rates are built based on AMR-WB rates in addition to bandwidth extension. The basic set of mono rates
are shown in Table 1.

Table 1: Basic set of mono rates

Mono rate(incl. BWE) Corresponding AMR-WB mode
(bits/frame)

208 NA

240 NA

272 12.65
304 14.25
336 15.85
384 18.25
416 19.85
480 23.05

Note that in ACELP mode of operation, compared to AMR-WB, the VAD bit isremoved, two bits per frame are added
for gain prediction, and 2 bits are added for signaling frame encoding type. This adds 3 bits per frame. Note also that 16
bits/frameis always used for bandwidth extension (to encode the HF band). The first two basic mono rates are similar to
other rates except that they use a fixed codebook with 20 bits or 28 hits, respectively.

For stereo coding, the set of stereo extension rates given in Table 2 are used.

Table 2: Basic set of stereo rates

Stereo extension rates (incl. BWE)
(Bits/frame)
40 104
48 112
56 120
64 128
72 136
80 144
88 152
96 160

Note that the bandwidth extension is applied to both channels which requires additional 16 bits/frame for the stereo
extension.

A certain mode of operation is obtained by choosing a rate from Table 1, in case of mono operation, or by combining a
rate from Table 1 with a stereo extension rate from Table 2, in case of stereo operation. The resulting coding bitrate is
(mono rate + stereo rate) Fs/ 512.

Examples:

e For aninternal sampling frequency of 32 kHz by choosing mono rate equal to 384 bits/frame and without
stereo, we can obtain a bit-rate equal to 24 kbps and the frame length would be of a 16 ms duration.

e For aninternal sampling frequency of 25.6 kHz by choosing mono rate equal to 272 bits/frame and stereo rate
equal to 88 hitg/frame, we can obtain a bit-rate equal to 18 kbps and the frame length would be of a 20 ms
duration.

Note. The documentation of the AMR-WB+ floating-point C-code in [4] contains further information on how to use
the executables compiled from this source code to exercise the various possible uses, in the codec, of
mono bit rate, stereo bit rate and internal sampling frequency, and the resulting total bit rates.

4.3.1 Encoding and decoding structure

Figure 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 critically sampled at F§/2 . 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 is encoded and decoded using the "core' encoder/decoder, based on switched

ETSI



3GPP TS 26.290 version 12.0.0 Release 12 12 ETSI TS 126 290 V12.0.0 (2014-10)

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 1024-sample super-frame are decomposed into four packets of identical size.

When the input signal is stereo, the Left and right channels are combined into mono signal for ACELP/TCX encoding,
whereas the stereo encoding receives both input channels.

Figure 2 presents the AMR-WB+ decoder structure. The LF and HF bands are decoded separately after which they are
combined in a synthesis filterbank. 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 1: High-level structure of AMR-WB+ encoder
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Figure 2: High-level structure of AMR-WB+ decoder
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4.3.2 LP analysis and synthesis in low-frequency band

The AMR-WB+ codec applies LP analysis for both the ACELP and TCX modes when encoding the LF signal. The LP
coefficients are interpolated linearly at every 64-sample sub-frame. The LP analysis window is a half-cosine of length
384 samples.

4.3.3 ACELP and TCX coding

To encode the core mono signa (0-Fs/4 kHz band), the 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 256-sample frames
are considered for ACELP frames (asin AMR-WB), whereas frames of 256, 512 or 1024 samples are possible in TCX
mode.

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). Transformis calculated in 1024, 512 or 256
samples windows. The excitation signal is recovered by inverse filtering the quantised weighted signal through the
inverse weighting filter (same weighting filter asin AMR-WB).

4.3.4  Coding of high-frequency band

Whereas the LF signal (0-Fs/4 kHz band) is encoded using the previously described switched ACELP/TCX encoding
approach, the HF signal is encoded using alow-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.

4.3.5  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-Fg/4 kHz band). This mono signal is encoded separately by the core codec.

The LF part of the two channels is further decomposed into two bands (0-5Fs/128 kHz band) and (5Fs/128 kHz- Fg/4
kHz band). 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 40-, 80- and 160-sample 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 bel ow.

4.3.6 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 savingsin the encoder.

4.3.7 Frame erasure concealment
When missing packets occur at the receiver, the decoder applies concealment. The concealment a gorithm depends on

the mode of the correctly received packets preceding and following the missing packet. Concealment uses either time-
domain coefficient extrapolation, asin AMR-WB, or frequency-domain interpolation for some of the TCX modes.
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4.3.8 Bit allocation

The bit alocation for the different parameters in the low-frequency band coding (Core) (0-Fs/4 kHz band) is shown in
Tables 3, 4, 5, and 6. Note that there are two mode bits sent in each 256-sample packet. These mode bits are not shown
in the bit allocation tables. The bit allocations for the stereo part is shown in Tables 7, 8, and 9. Note that there are also
two additional mode hits for the VLF stereo encoder, which are not shown in the bit alocation. The bit allocation for
the stereo HF part is by definition that of the bandwidth extension, as presented in Tables 7,8 and 9.

Tables 2 and 3 show the total bits per 256-sample packet, including mode bits.

Table 3: Bit allocations for ACELP core rates including BWE (per frame)

Parameter Number of bits
Mode bits 2
ISF Parameters 46
Mean Energy 2
Pitch Lag 30
Pitch Filter 4x1
Fixed-codebook 4 x 20 4 x 28 4 x 36 4 x 44 4 x52 4 x 64 4x72 4 x 88
Indices
Codebook Gains 4x7
HF ISF Parameters 9
HF gain 7
Total in bits 208 | 240 | 272 | 304 | 383 | 384 | 416 | 480

Table 4: Bit allocations for 256-sample TCX window (Core)

Parameter Number of bits

Mode bits 2

ISF Parameters 46

Noise factor 3

Global Gain 7

Algebraic VQ 134 | 166 | 198 | 230 | 262 | 310 | 342 | 406
HF ISF Parameters 9

HF gain 7

Total in bits 208 | 240 | 272 | 304 | 33 | 384 | 416 | 480

Table 5: Bit allocations for 512-sample TCX window (Core)

Parameter Number of bits
Mode bits 242
ISF Parameters 46
Noise factor 3
Global Gain 7
Gain redundancy 6
Algebraic VQ 318 | 382 | 446 | 510 | 574 | 670 | 734 | 862
HF ISF Parameters 9
HF gain 7
HF Gain correction 8x2
Total in bits 416 | 480 | 544 | 608 | 672 | 768 | 832 | 960

ETSI




3GPP TS 26.290 version 12.0.0 Release 12

15 ETSI TS 126 290 V12.0.0 (2014-10)

Table 6: Bit allocations for 1024-sample TCX window (Core)

Parameter Number of bits
Mode bits 2+2+2+42
ISF Parameters 46
Noise factor 3
Global Gain 7
Gain redundancy 3+3+3
Algebraic VQ 695 | 823 | 951 | 1079 | 1207 | 1399 | 1527 | 1783
HF ISF Parameters 9
HF gain 7
HF Gain correction 16 x 3
Total in bits 832 | 960 | 1088 | 1216 | 1344 | 1536 | 1664 | 1920
Table 7 Bit allocations for stereo encoder for 256-sample window
Parameter Number of bits
Mode bits 2
Global Gain 7
Gain 7
Unused bits 1
Midband 6 12
Algebraic VQ 1 [ 9 [ 17 ] 25 [ 33 [ 41 ] 49 515967 ] 75]83] 91 ] 99 ]107]115
HF ISF Parameters 9
HF gain 7
Total in bits 40 | 48 [ 56 [ 64 | 72 | 80 | 88 [ 96 [ 104 [ 112 [ 120 [ 128 136 | 144 | 152 | 160
Table 8 Bit allocations for stereo encoder for 512-sample window
Parameter Number of bits
Mode bits 2+2
Global Gain 7
Gain 7
Unused bits 1+1
Midband 6x2 12x2
Algebraic 16 32 48 64 80 96 112 | 116 | 132 | 148 | 164 | 180 | 196 | 212 | 228 | 244
vQ
HF ISF 9
Parameters
HF gain 7
HF Gain 8x2
correction
Totalinbits | 80 | 96 [ 112 | 128 | 144 | 160 | 176 | 192 [ 208 | 224 | 240 | 256 | 272 | 288 | 304 | 320
Table 9 Bit allocations for stereo encoder for 1024-sample window
Parameter Number of bits
Mode bits 2424242
Global 7
Gain
Gain 7
Unused 1+1+1+1
bits
Midband 6x4 12x4
Algebraic 46 78 110 142 174 206 238 | 246 | 278 | 310 | 342 | 374 | 406 | 438 | 470 | 502
vQ
HF ISF 9
Parameters
HF gain 7
HF Gain 16 x 3
correction
Totalinbits | 160 | 192 | 224 | 256 | 288 | 320 | 352 [ 384 [ 416 [ 448 | 480 | 512 | 544 | 576 | 608 | 640
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5 Functional description of the encoder

In this clause, the different functions of the encoder extension modes represented in Figure 1 are described. Input
signals are understood as internal, i.e. sampled at the internal sampling frequency Fs.

5.1 Input signal pre-processing

Input signals are pre-processed in order to bring them to the internal sampling frequency of the encoder FskHz The
signal is upsampled by afactor K (related to the desired internal sampling frequency), filtered by aalow passfilter and
then downsampled by a factor 180. This operation is efficiently implemented by a polyphase filter implementation.

LP
T™K 1/180 1180 —»

i Output signal Fs kH
Input signal 180Fs /K kHz utput signal Fs KRz

The resulting signals are further decomposed into two equal critically sampled bands as shown in the following figure:

HP 12 _Xﬂ(n)
Input signal Fs kHz
2048 samples 1024 samples
x_(n)
LP 12 —

1024 samples

At an internal sampling rate of Fs kHz, the lower band signals are obtained by first low-pass filtering to F¥/4 kHz
critically downsampling the low-pass filtered signal to Fs/2 kHz. The higher band signals are obtained by band-pass
filtering the input signals to frequencies above Fs/4 kHz, and critically downsampling the high-pass filtered signal to
Fs/2kHz sampling frequency.

51.1 High Pass Filtering

The lower band signals are high pass filtered. The high-pass filter serves as a precaution against undesired low
frequency components. A high passfilter is used, and it is given by
b,—b,z" +b,z?

Hiu(2) = 1-az'+a,z? "’
2

where the filter parameters are dependent on the internal sampling rate.

51.2 Stereo Signal Downmixing/Bandsplitting

When the input audio signal is stereo, the lower band mono signal is obtained by downmixing the left and right
channels according to the following

X (N) = O'S(XLL (n)+ XRL(n))
where X, (), resp. Xg (N), isthe lower band signal from the left, resp. right, channels. The lower band mono signal

is supplied to the core low band encoder for TCX/ACELP encoding.
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For stereo encoding, the obtained downmixed mono signal X,, (N) and the right channel signal X (N) are further

split into two bands. a critically sampled low frequency band and a residua high frequency band according to the
following diagram

» XMLo (n) XRLo (n)
or

X (N)
or

XRL (n)

\ 4

15132 132/5 + Xywia (M) Xrwia (M)

delay

The critically sampled low band output signals, X, ,(N) and X5 ,(N) are fed to the stereo low band encoder, while

the signals Xy,iq (N) and Xgy,iq (N) to the stereo mid band encoder.

5.2 Principle of the hybrid ACELP/TCX core encoding

The encoding algorithm at the core of the AMR-WB+ codec is based on a hybrid ACELP/TCX model. For every block
of input signal, the encoder decides (either in open-loop or closed-loop) which encoding model (ACELP or TCX) is
best. The ACELP model is a time-domain, predictive encoder, best suited for speech and transient signals. The AMR-
WB encoder is used in ACELP modes. Alternatively, the TCX model is a transform-based encoder, and is more
appropriate for typical music samples. Frame lengths of variable sizes are possible in TCX mode, as will be explained
in Section 5.2.1.

In Sections 5.2.1 to 5.2.4, the general principles of the hybrid ACELP/TCX core encoder will be presented. Then
Section 5.3 and its subsections will give the details of the ACELP and TCX encoding modes.

5.2.1  Timing chart of the ACELP and TCX modes

The ACELP/TCX core encoder takes a mono signal as input, at a sampling frequency of Fs/2 kHz. This signa is
processed in super-frames of 1024 samplesin duration. Within each 1024-sample super-frame, several encoding modes
are possible, depending on the signal structure. These modes are: 256-sample ACELP, 256-sample TCX, 512-sample
TCX and 1024-sample TCX. These encoding modes will be described further, but first we look at the different possible
mode combinations, described by atiming chart.

Figure 4 shows the timing chart of all possible modes within an 1024-sample superframe. As the figure shows, each
256-sample frame within a super-frame can be into one of four possible modes, which we call ACELP, TCX256,
TCX512 and TCX1024. When in ACELP mode, the corresponding 256-sample frame is encoded with AMR-WB. In
TCX256 mode, the frame is encoded using TCX with a 256-sample support, plus 32 samples of |ook-ahead used for
overlap-and add since TCX is atransform coding approach. The TCX512 mode means that two consecutive 256-sample
frames are grouped to be encoded as a single 512-sample block, using TCX with a 512-sample support plus 64 samples
look-ahead. Note that the TCX512 mode is only allowed by grouping either the first two 256-sample frames of the
super-frame, or the last two 256-sample frames. Finally, the TCX1024 mode indicates that all 256-sample frames within
the super-frame are grouped together to be encoded in a single block using TCX with an 1024-sample support plus 128
samples |ook-ahead.
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Figure 4: Timing chart of the frame types

5.2.2

From Figure 4, there are exactly 26 different ACELP/TCX mode combinations within an 1024-sample superframe.
These are shown in TablelO.

ACELP/TCX mode combinations and mode encoding

Table 10: Possible mode combinations in an 1024-sample super-frame

(0,0,0,0)[(0,0,0,1)[ (2, 2,0,0)
(1,0,0,0)[(1,0,0,1)[(2,2,1,0)
(0,1,0,00[(0,1,0,1)[(2,2,0,1)
1,1,0,00[(1,1,0,1)[(2,2,1, 1)
(0,0,1,0)[(0,0,1,1)[(0,0,2, 2)
(1,0,1,0[(1,0,1,1)[(1,0,2,2)
0,1,1,0[(0,1,1,1)[(0,1,2,2)[(2,2,2,2)
1,1,1,0[@11,1,1)][(1,122](3,33,3)

We interpret each quadruplet of numbers (my, My, mp, M) in Table 10 as follows. my is the mode indication for the Kn
256-sample frame in the 1024-sample super-frame, where my can take the following values:

- my= 0 meansthe mode for frame k is 256-sample ACELP
- my= 1 meansthe mode for frame k is 256-sample TCX
- my= 2 meansthe mode for frame k is 512-sample TCX

- my= 3 meansthe mode for frame k is 1024-sample TCX
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Obviously, when the first 256-sample frame isin mode "2" (512-sample TCX), the second 256-sample frame must also
be in mode 2. Similarly, when the third 256-sample frame is in mode "2" (512-sample TCX), the fourth 256-sample
frame must also be in mode 2. And there is only one possible mode configuration including the value "3" (1024-sample
TCX), namely all four 256-sample frames are in the same mode (m, = 3 for k=0, 1, 2 and 3). Thisrigid frame structure
can be exploited to aid in frame erasure conceal ment.

Asdiscussed above, the parameters for each 1024-sampl e super-frame are actually decomposed into four frames of
identical size. To increase robustness, the mode bits are actually sent as two bits (the values of my) in each transmitted
frame. For example, if the superframe is encoded in afull 1024-sample TCX frame, which is then decomposed into four
packets of equal size, then each of these four packets will contain the binary value " 11" (mode my = 3) as mode
indicator.

5.2.3  ACELP/TCX closed-loop mode selection

The best mode combination out of the 26 possible combinations of Table 10 is determined in closed-loop. This means
that the signal in each 256-sample frame within an 1024-sampl e super-frame has to be encoded in several modes before
selecting the best combination. This closed-loop approach is explained in Figure 5.

The left portion of Figure 5 (Trials) shows what encoding mode is applied to each 256-sample frame in 11 successive
trials. FrO to Fr3 refer to Frame O to Frame 3 in the super-frame. The trial number (1 to 11) indicates a step in the
closed-loop mode-sel ection process. Note that each 256-sample frame isinvolved in only four of the 11 encoding trials.
When more than 1 frameisinvolved in atrial (lines5, 10 and 11 of Figure 5), then TCX of the corresponding length is
applied (TCX512 or TCX1024). The right portion of Figure 5 gives an example of mode selection, where the final
decision (after Trial 11) is 1024-sample TCX. This would result in sending a value of 3 for the mode in al four packets
for this super-frame. Bold numbers in the example at the right of Figure 5 show at what point a mode decision is taken
in the intermediate steps of the mode selection process. The final mode decision is only known after Trial 11.

The mode selection process shown in Figure 5 proceeds as follows. Firgt, in trials 1 and 2, ACELP (AMR-WB) then
256-sample TCX encoding are tried in the first 256-sample frame (Fr0). Then, a mode selection is made for FrO
between these two modes. The selection criterion is the average segmental SNR between the weighted speech x,,(n) and

the synthesized weighted speech X, (N) . The segmental SNR in subframei is defined as

3 % (n)
segNR = 20l0g,o| 5>
> (%, (M) = %, (M)?

n=0

where N is the length of the subframe (equivalent to a 64-sample sub-frame in the encoder). Then, the average
segmental SNR is defined as

Ng -1

—_— 1
SegNR = N ZsegSNR

s i=0

where Ng= isthe number of subframes in the frame. Since aframe can be either 256, 512 or 1024 samplesin length, Ng

can be either 4, 8 or 16. In the example of Figure 5, we assume that, according to the SeJSN\IR decision criterion, mode

ACELP was retained over TCX. Then, in trials 3 and 4, the same mode comparison is made for Fr1 between ACELP
and 256-sample TCX. Here, we assume that 256-sample TCX was better than ACELP, based again on the segmental
SNR measure described above. This choice isindicated in bold on line 4 of the example at the right of Figure 5. Then,
intrial 5, FrO and Frl are grouped together to form a 512-sample frame which is encoded using 512-sample TCX. T