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This document gives a high level description of the Siemens AMR-WB codec proposal.

1. Overview

The Siemens proposal for an AMR-WB codec is a split band codec. The low band is encoded using a bit exact version of the ETSI/3GPP AMR codec [1,2], called AMR-NB codec in the following. The high band is encoded with a transform codec technology. 

This provides several benefits such as:


(  Complete code reuse of the narrow band mode;

(  VAD may be used exactly as defined for AMR-NB;

(   Backward compatibility in the sense that the wideband codec bit stream can also be decoded in a narrow band only terminal;

(  Full scalability. The low band bit rate is scalable as defined in [1] while the transform codec for the high band is totally scalable.

The overall algorithmic delay is 25 ms: 20 ms frame size and 5 ms look-ahead buffer.  This is true for the low band as well as the high band. The codec is completely implemented in fixed point arithmetic using ETSI basic operators. The algorithm is inherently scalable – capable of functioning at many bit rates (and even bandwidth, if desired).  For the purposes of the 3GPP wideband activities, the codec is set to function at any one of the total bit rates given in Table 1. 

Bit rate    [kbps]

total
low band
high band

9.1
6.7
2.4

12.6
10.2
2.4

14.2
10.2
4.0

17.8
12.2
5.6

23.0
15.0
8.0

Table 1:  Bit rates of the Siemens AMR-WB codec proposal

  As can be seen, the AMR-NB modes running at 

6.7 kbps, 10.2 kbps, 12.2 kbps 

are used. The 23 kbps mode employs the 12.2 kbps AMR-NB mode, however using a different algebraic codebook yielding a low band bit rate of 15 kbps. 

The bit rate may be changed at any 20ms frame boundary.

A block diagram of the coder is shown in Figure 1.
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2. Speech Encoder

The speech signal is both low pass filtered and high pass filtered.  A QMF is used to achieve the band splitting. The low pass signal, sampled at 8 kHz, is encoded by the AMR-NB codec.  The bit stream output by the AMR module is compliant with the AMR specifications. Refer to AMR specific documents for further details.

The high pass signal (sampled at 16kHz) is encoded by a typical transform codec, where the envelope of the spectrum (3.5 – 7 kHz) is computed and used to derive the quantizer details for the transform coefficients.  A combination of scalar and Huffman coding is used.  During design tests, the particular arrangement of using Huffman coding has shown itself surprisingly robust to channel errors.  The quantized envelope, transform coefficients and AMR-NB bits are given to the channel coder and then transmitted to the decoder.  

3. Speech Decoder

The channel decoding module forwards the bit streams to their respective band. The AMR-NB forwards its reconstruction of the low band to the QMF. Similarly the high band is decoded and the reconstructed signal forwarded to the QMF. The QMF recombines the bands and outputs a reconstructed speech signal with a 16 kHz sample rate.

In order to improve the codec performance with speech onsets, a post processing module in the decoder further manipulates the speech signal to improve the perceived fidelity. This process is driven entirely by the decoder speech signal, not requiring any further parameters from the encoder.

4. Channel encoder

Convolutional codes of constraint length 5 are used for error protection, where only GSM generator polynomials as defined in [4] are used. After speech coding the generated bits are not equally important for audibility and bit errors after transmission lead to different audible errors. Therefore, a scheme of unequal error protection is used by appropriately puncturing the codebits. Moreover, the bits are divided into 2 bit sensitivity classes, as can be seen in Table 2. The most important bits (class Ia) are additionally protected by a 6 bit CRC.

total speech coder bit rate
class Ia bits
class Ib/II bits

9.1
49
133

12.6
60
192

14.2
66
218

17.8
87
269

Table 2:  Bit sensitivity classes of the Siemens AMR-WB codec proposal

The source bits are channel-coded such that the channel bit rate of 22.8 kbit/s is generated (for application A, B). 8 bits are reserved for in-band signalling, this ensures the usage of the AMR-NB blockcode for in-band signalling as defined in [4].  

5. Channel decoder

The main decoding routine is a Viterbi algorithm. Mode detection and channel estimation can be realised as described in [5]. The result of the CRC check is used to initiate a bad frame handling procedure in the speech decoder. 

6. Channel interleaving

Channel coded bits are interleaved onto 8 time slots using the GSM TCH/FS interleaver  defined in [4]. 
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Figure � SEQ Abbildung \* ARABISCH �1�:  Block diagram of the Siemens AMR-WB codec proposal 
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