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This document is one of the selection phase deliverables of the AMR Wideband (AMR WB) competition. It provides a high-level algorithm description of the Texas Instruments AMR WB codec proposal. The overview of the proposal according to the design constraints is presented in a separate document.

1. General Description

The Texas Instruments AMR WB codec proposal is an adaptive multi-rate wideband speech coder operating at source bit-rates ranging from 6.10 kb/s up to 31.8 kb/s. The proposal relies on a split-band approach. The low-band (or baseband) is coded with a CELP [1] coder which is closely based on the AMR Narrowband (AMR NB) speech coding standard [2].  The high band is coded with an efficient, amplitude-modulated spectral coding approach operating at 1.35 kb/s or 2.3 kb/s, depending on the mode [3]. 

For the lower rate modes, the AMR NB bit stream is exactly embedded in the AMR WB bit stream. For the remaining modes, the structure of the AMR NB coder is still maintained, but modifications are made to create higher-rate, higher-quality baseband coders. 

The embedded nature of the speech coder presents several advantages:

· Efficiency in terms of program ROM size: since most of the code is shared with the AMR NB coder, the additional Program and Data ROM required to implement the speech coder part of TI AMR WB codec proposal is very small compared to a standalone solution. Only 20% additional Program ROM and 10% additional Data ROM are needed to implement all codec modes. 

· Ease of implementation: the reuse of the AMR NB code reduces implementation costs.

· High quality encoding of NB sources: since the baseband coder is AMR NB, speech originating from a source sampled at 8 kHz will be coded with the same high quality as AMR NB.

· Tandem-free operation between AMR WB and AMR NB: for example, in a three-way calling scenario where one of the terminals does not have wideband service, the AMR WB bit stream could be stripped and fed into AMR NB.

· Support of all AMR NB modes: although only a subset of all the available rates is tested in the qualification phase, the speech coder is able to operate with all eight modes of AMR NB as well as four additional modes, and still meet all related AMR WB design constraints (program and data ROM in particular).

For the selection phase coder, channel coding is implemented in the modes used in the GSM Full Rate, EDGE Full Rate and EDGE Half Rate channels. The channel coding uses rate compatible punctured convolutional codes (RCPC) combined with CRC coding. The polynomials used are selected from those specified in GSM 05.03 [4].

The coder is fully implemented in fixed-point arithmetic using the ETSI fixed-point library functions.

2. Source Coding

The high-level block diagrams of the encoder and decoder are shown in Figures 1 and 2.







Figure 1. Encoder Block Diagram







Figure 2. Decoder Block Diagram

The source coder operates on 20 ms frames. It is a split-band coder, which combines CELP coding in the baseband with an efficient amplitude-modulated spectral coding method in the high-band. The baseband coder is closely based on the AMR NB speech coder. The high-band bit stream consists of information describing the high-band spectrum and gain. The sub-band decomposition and re-synthesis are done using very low delay IIR filters. 

Table 1 summarises the bit allocation of the modes used in the coder.

Table 1: Baseband and high-band source coding bit allocations in TI AMR WB codec proposal

SPEECH MODES
Baseband
High Band
Total

SM 1
4.75 kb/s
1.35 kb/s
6.10 kb/s

SM 2
5.15 kb/s
1.35 kb/s
6.50 kb/s

SM 3
5.90 kb/s
1.35 kb/s
7.25 kb/s

SM 4
6.70 kb/s
1.35 kb/s
8.05 kb/s

SM 5
7.40 kb/s
1.35 kb/s
8.75 kb/s

SM 6
7.95 kb/s
1.35 kb/s
9.30 kb/s

SM 7
10.20 kb/s
1.35 kb/s
11.55 kb/s

SM 8
12.20 kb/s
1.35 kb/s
13.55 kb/s

SM 9
13.05 kb/s
1.35 kb/s
14.40 kb/s

SM 10
14.60 kb/s
1.35 kb/s
15.95 kb/s

SM 11
21.70 kb/s
2.30 kb/s
24.00 kb/s

SM 12
29.50 kb/s
2.30 kb/s
31.80 kb/s

The baseband CELP coders in Speech Modes (SM) 1-8 are the modes of the AMR NB standard. For these modes, the bit stream for the AMR NB codec modes is embedded in the bit stream of the TI AMR WB codec proposal. Modes 9, 10, 11 and 12 are newly designed modes where the baseband coder reuses much of the AMR NB software, with changes to the subframe size and/or the algebraic codebook. Speech Modes 4,6,7,9,10,11, and 12 were used in the AMR WB selection phase testing.

2.1 Encoder

The encoder operates on frames of 20 ms, corresponding to 320 samples at a 16 kHz sampling rate. The input signal is decomposed into two signals. The low-band signal is encoded using an ACELP coder; the high-band signal is encoded using an efficient parametric coder.

2.1.1
Filtering and decomposition

The band splitting and reconstruction is performed using very low delay IIR filters. At the encoder, the 16 kHz input signal is first low-pass filtered to obtain a first signal and high-pass filtered to obtain a second signal. Both signals are then decimated by a factor of two, resulting in a low-band signal and a high-band signal, both sampled at 8 kHz. The low-band corresponds to the 0-4 kHz band, while the high-band signal corresponds to the 4-8 kHz band.

2.1.2
Baseband encoding  

The baseband is encoded with an Algebraic Code-Excited-Linear-Prediction coder, closely based on the AMR Narrowband standard. The basic encoder block diagram is shown in Figure 3 and is taken from GSM 06.90.
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Figure 3. Block diagram of baseband ACELP encoder used in TI AMR WB codec proposal

The baseband encoder operates on speech frames of 20 ms corresponding to 160 samples at the sampling frequency of 8000 samples/s. At each 160 speech samples, the speech signal is analysed to extract the parameters of the CELP model (LP filter coefficients, adaptive and fixed codebooks' indices and gains). These parameters are encoded and transmitted. At the decoder, these parameters are decoded and speech is synthesised by filtering the reconstructed excitation signal through the LP synthesis filter.

The signal flow at the baseband encoder is shown in figure 3. 

The pre-processing is done by pre-filtering the input speech with a high-pass filter, which has a slightly lower cut-off frequency than in the AMR-NB standard. This filter results in a slight expansion of the low-frequency range of the signal bandwidth, thereby improving quality. This change does not affect the bit stream. 

For the higher rate modes, LP analysis is performed twice per frame and once for the other modes. For the higher rate modes, the two sets of LP parameters are converted to line spectrum pairs (LSP) and jointly quantised using split matrix quantisation (SMQ). For the other modes, the single set of LP parameters is converted to line spectrum pairs (LSP) and vector quantised using split vector quantisation (SVQ). 

The speech frame is divided into subframes. The number and size of the subframes depends on the mode used. The number of subframes per frame is a non-decreasing function of the rate associated with the speech codec mode. The lower rate modes use a subframe size of 5 ms (40 samples), whereas the higher rate modes use a subframe size of 2.5 ms (20 samples) or 1.25 ms (10 samples). The adaptive and fixed codebook parameters are transmitted every subframe. The quantised and unquantised LP parameters or their interpolated versions are used depending on the subframe. An open‑loop pitch lag is estimated in every other subframe based on the perceptually weighted speech signal.

The following operations are repeated for each subframe:


The target signal 

 is computed by filtering the LP residual through the weighted synthesis filter 

 with the initial states of the filters having been updated by filtering the error between LP residual and excitation (this is equivalent to the common approach of subtracting the zero input response of the weighted synthesis filter from the weighted speech signal).


The impulse response, 

 of the weighted synthesis filter is computed.


Closed‑loop pitch analysis is then performed (to find the pitch lag and gain), using the target 

 and impulse response 

, by searching around the open‑loop pitch lag. Fractional pitch with 1/6th or 1/3rd of a sample resolution (depending on the mode) is used.


The target signal 

 is updated by removing the adaptive codebook contribution (filtered adaptive codevector), and this new target, 

, is used in the fixed algebraic codebook search (to find the optimum innovation).


The gains of the adaptive and fixed codebook are scalar quantised with 4 and 5 bits respectively or vector quantised with 6-7 bits (with moving average (MA) prediction applied to the fixed codebook gain).


Finally, the filter memories are updated (using the determined excitation signal) for finding the target signal in the next subframe.

2.1.3
High-band encoding

The high-band is encoded with an efficient parametric coding method. LPC analysis is first performed to obtain parameters describing the high-band spectrum. These parameters are then spectrally reversed, converted to the LSP representation and matrix or vector quantised using the quantisation tables already available in the AMR NB standard. The gain of the high-band signal is then computed and differentially scalar quantised.  The high-band bitstream then consists of information describing the high-band LPC and gain parameters. 

2.1.4 Multiplexing of lowband and highband bitstreams

The high-band and low-band bitstreams are combined to obtain the wideband coder bitstream.

2.1 Decoder

The speech decoder performs the reverse operations of the encoder. The received bitstream is de-multiplexed into low-band and high-band bitstreams. The corresponding decoders synthesise low-band and high-band speech signals, which are then combined into the output wideband signal.

2.2.1 Demultiplexing of lowband and highband bitstreams

The received wideband coder bitstream is demultiplexed into high-band and low-band bitstreams. 

2.2.2 Baseband decoder

The baseband ACELP decoder block diagram is shown in Figure 4.
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Figure 4. Block diagram of baseband ACELP decoder used in TI AMR WB codec proposal.

At the decoder, based on the chosen mode, the transmitted indices are extracted from the received bitstream. The indices are decoded to obtain the coder parameters at each transmission frame. These parameters are the LSP vectors, the fractional pitch lags, the innovative codevectors, and the pitch and innovative gains. The LSP vectors are converted to the LP filter coefficients and interpolated to obtain LP filters at each subframe. Then, at each subframe:

The excitation is constructed by adding the adaptive and innovative codevectors scaled by their respective gains;

The speech is reconstructed by filtering the excitation through the LP synthesis filter.

Finally, the reconstructed speech signal is passed through an adaptive postfilter to obtain the 0-4 kHz portion of the decoded speech signal.

2.2.3
High-band decoder

The received indices are used to decode the high-band gain and LPC parameters. The high-band signal is synthesised by using information from the decoded baseband signal. The decoded baseband speech is first band-pass filtered. This band-pass signal is then gain-scaled and multiplied with a random noise signal on a sample-by-sample basis. The resulting excitation signal is passed through the LPC synthesis filter to obtain the high-band (4-8 kHz) decoded speech signal.

2.2.4
Filtering and reconstruction

The baseband and high-band signals are then respectively low-pass and high-pass filtered, upsampled by a factor of two and summed to obtain the 16 kHz wideband reconstructed speech signal. The filtering operations are again performed using efficient, low-delay IIR filters.

3. Voice Activity Detection and Discontinuous Transmission

Voice Activity Detection (VAD) and Discontinuous Transmission (DTX) have been implemented for the Texas Instruments AMR WB proposal. They are closely based on the AMR NB VAD and DTX functions.

Voice activity detection according to AMR NB VAD Option1 is performed on the baseband signal. The same DTX scheme as in AMR NB is used, with one modification: one high-band gain parameter (4 bits) is added to the SID_UPDATE frames.

4. Channel Coding and Inband Signalling

4.1 GSM Full Rate Channel

Speech codec modes 4,6,7,9, and 10 are used in Applications A and B. The channel coding and signalling bits are added to the source bits for a total rate of 22.8 kb/s. As in AMR NB, eight bits are allocated for AMR signalling purposes. The AMR WB signalling scheme in the codec proposal is the same as the AMR NB signalling scheme. The source / channel / signalling bit allocations for Application A and B modes are summarised in the following table:

Table 2: Source/Channel/Signalling bit allocations for Application A and B

CHANNEL MODE
Source
Channel
Signalling
Total

GSM-FR mode 1
8.05 kb/s
14.35 kb/s
0.4 kb/s
22.8 kb/s

GSM-FR mode 2
9.30 kb/s
13.10 kb/s
0.4 kb/s
22.8 kb/s

GSM-FR mode 3
 11.55 kb/s
10.85 kb/s
0.4 kb/s
22.8 kb/s

GSM-FR mode 4
14.40 kb/s
 8.00 kb/s
0.4 kb/s
22.8 kb/s

GSM-FR mode 5
15.95 kb/s
6.45 kb/s
0.4 kb/s
22.8 kb/s

The channel coding is performed with the use of RCPC codes and CRC codes. In each frame, the source bits are divided into classes of decreasing perceptual importance. Class 0 consists of the most important bits. For class 0, first a CRC parity check is computed over the source bits (to detect any error at the receiver), and then both the source bits and the parity check bits are RCPC encoded. For the remaining classes, the source bits are only RCPC encoded. A CRC parity check of seven bits is used for all modes. The choices of channel rates and constraint lengths are shown in Table 3. 

Table 3: Choices of channel rates and constraint lengths

Channel Mode
Mother Rate
Constraint Length
Convolutional Polynomials

GSM-FR mode 1
1/3
7
G4, G7, G5

GSM-FR mode 2
1/3
7
G4, G7, G5

GSM-FR mode 3
1/3
5
G2, G1, G3

GSM-FR mode 4
1/3
5
G2, G1, G3

GSM-FR mode 5
1/3
5
G2, G1, G3

The polynomials used for the channel coding are listed below (as denoted in GSM 05.03). 

G1 = 1+D+D^3+D^4, 

G2 = 1+D^2+D^4, 

G3 = 1+D+D^2+D^3+D^4, 

G4 = 1+D^2+D^3+D^5+D^6, 

G5 = 1+D+D^4+D^6, 

G7 = 1+D+D^2+D^3+D^6

SID_FIRST and ONSET frames have the same format as in AMR NB. SID_UPDATE frame has been modified to support the additional highband gain bits (4 bits).

4.2 EDGE FR/HR Channels

Speech codec modes 10-12, are used in Application C. The channel coding and signalling bits are added to the source bits, for a total rate of 68.4 kb/s in EDGE-FR channel and a total rate of 34.2 kb/s in EDGE-HR channel. For AMR signalling, 24 bits are allocated in EDGE-FR channel, and 12 bits are allocated in EDGE-HR channel. The source / channel / signalling bit allocations for Application C modes are summarised in the following table:

Table 4: Source/Channel/Signalling bit allocations for Application C

Channel Mode
Source
Channel
Signalling
Total

EDGE-FR mode
31.80 kb/s
35.40 kb/s
1.2 kb/s
68.4 kb/s

EDGE-HR mode 1
15.95 kb/s
17.65 kb/s
0.6 kb/s
34.2 kb/s

EDGE-HR mode 2
24.00 kb/s
9.60 kb/s
0.6 kb/s
34.2 kb/s

As in GSM-FR channels, the channel coding is performed with the use of RCPC codes and CRC codes. A CRC parity check of 7 bits is used for all modes. The choices of channel rates and constraint lengths are shown in Table 5. 

Table 5: Choices of channel rates and constraint lengths

Channel mode
Mother Rate
Constraint Length
Convolutional Polynomials

EDGE-FR mode
1/3
7
G4, G7, G5

EDGE-HR mode 1
1/3
7
G4, G7, G5

EDGE-HR mode 2
1/2
7
G4, G7

The polynomials used for the channel coding are listed below (as denoted in GSM 05.03). 

G4 = 1+D^2+D^3+D^5+D^6, 

G5 = 1+D+D^4+D^6, 

G7 = 1+D+D^2+D^3+D^6

5. Link Adaptation for GSM-FR Channel

The adaptation algorithm is based on an estimate of the C/I value. The estimate of the C/I value is obtained based on the accumulated metric given by the (soft-input/hard-output) Viterbi channel decoder.

In the current configuration, the minimum adaptation loop delay is 24 TDMA frames for the up-link and 28 TDMA frames for the down-link.

6. Conclusion

The proposal is a split-band coder, which uses a coder based on AMR NB in the baseband, and an efficient, low-rate coder in the high-band. The embedded nature of the coder has many advantages such as efficiency and convenience in implementation, tandem-free operation with AMR NB in the WB to NB direction, and high-quality coding of NB sources.
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