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1. Introduction

A Motorola codec is offered as a candidate for the Adaptive Multi-Rate Wideband Codec selection process.  This document aims to address each of the required deliverables for the AMR Wideband Qualification Phase in accordance with [1].  The qualification deliverables within this document include:

1.
A high-level description of the proposed algorithm.

2.
The qualification test results of the candidate algorithm according to the qualification test procedures.

3.
A description of the acoustic/environmental conditions used for the recordings and listening tests undertaken.

2. Qualification Deliverables

2.1 High level technical description

1.1 Speech Codec 

The speech coding algorithm is a type of Code Excited Linear Predictive (CELP) vocoder capable of multiple rates.  The coder is based on the principles of linear prediction analysis-by-synthesis speech coding and seeks to minimize a perceptually weighted error signal.  Several bit rates are supported, ranging from 8550 bps to 31750 bps.  Each of the speech coding rates uses a scaled version of the same basic structure, so there are no inter-rate switching artifacts.

The analog speech input signal is filtered (according to ITU Rec. P.341), sampled at 16 kHz and then converted to 16-bit linear PCM for input to the encoder.  The encoder operates on blocks (frames) of 320 samples each.  Each block is first high-pass filtered, to remove the DC component, and divided into three or four subframes, depending on the mode.  For every subframe, an 18-th order linear prediction coder (LPC) filter is computed.  The LPC filter for the last sub-frame is quantized using a first order moving average predictive vector quantiser (PVQ) on the LSP parameters.  An LPC analysis filter is used to generate a LP residual signal which is then used to generate an estimate of the open loop pitch delay and delay contour estimate. The input speech is subsequently processed through a perceptual weighting synthesis filter that includes harmonic noise weighting.  The delay contour is also used by the adaptive codebook (ACB) to dynamically filter the past excitation sequence.  This signal is then filtered through a zero state weighted synthesis filter from which the ACB gain is derived.  The ACB contribution is then subtracted from the modified weighted speech to produce the fixed codebook (FCB) target signal.  The FCB uses a generalized ACELP codebook in which no “track” constraints are imposed on the pulse placement.  The codebook index which minimizes the squared error between the target signal and the filtered excitation can then be computed using sophisticated enumeration techniques.  The decoder then inverses the process to produce synthesised speech that is then perceptually postfiltered.

This coder encodes input signals in 20 msec frames.  In addition, there is a look ahead of 5.0 msec, resulting in a total algorithmic delay of 25.0 msec.

An option for variable rate operation using discontinuous transmission and comfort noise insertion during non-speech intervals will be provided in a future version.

The high-level block diagrams of the encoder and decoder are shown in Figures 1 and 2, respectively.
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Figure 1.  Block diagram of the speech encoder.
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Figure 2.  Block diagram of the speech decoder.

1.2 Error Control Coding
The error control coding for the different vocoder rates share the same form.  For each 20 msec speech frame, the channel encoder accepts the speech bits.  The perceptually most important speech bits are checked with a 9-bit CRC.  The speech bits, the CRC bits, and tail bits are then encoded with 64-state and/or 16 state, rate-compatible punctured convolutional (RCPC) codes (from GSM 05.03) that are punctured to the appropriate number of coded bits. The set of uncoded speech bits (if any) is appended to the block of convolutionally encoded bits along with the Codec Mode Indication (CMI) or Codec Mode Command/Request (CMC/CMR) data.  The block is then interleaved prior to transmission on the FR channel.  The interleaving introduces the same amount of delay as the Full-rate GSM interleaver.

After de-interleaving at the receiver, the CMI bit is decoded to determine the puncturing pattern for the Viterbi decoder.  Soft-decision Viterbi decoding is then performed with the path memory equal to the length of the trellis.  The CRC is used to check the validity of some of the decoded bits.  Besides the CRC, no other means of error detection is used.  If the CRC detects an error, then a Bad Frame Indicator bit is set and passed to the speech decoder where an error concealment mechanism is invoked.  If the CRC check is satisfactory, the speech bits are passed to the speech decoder.

Table 1:  Error Control Coding
Speech Coder Rate (bps)
Channel Coding Rate (bps)
Convolutional Code Rate

8550
13850
R=1/3

10500
11900
R=1/2

12150
10250
R=1/2

13350
9050
R=1/2

14250
8150
R=1/2

16150
6250
R=1/2

18000
4400
R=1/2

19750
2650
R=1/2

1.3 Rate Control Algorithm
Regarding the link adaptation, the following information is provided:

Location of the control entity:

The control entity is the same as in AMR-NB.

Codec mode signalling:

The same signalling scheme as in AMR-NB is used.

Codec adaptation algorithm:

For the tests conducted in the Qualification Phase, the codec rate adaptation is not tested.

Switching the codec rate (i.e., the value of CMC or CMR) is based on the output of the channel decoder.  The Viterbi decoder outputs a vector of soft values and the CRC decoder sets a Bad Frame Indicator (BFI) bit if the decoded information bits do not check with the received CRC bits.  The values in the vector are filtered using a short filter, and compared with thresholds as in AMR-NB.  If the threshold is exceeded, the rate is changed.

2.2 Test results

Test results have been provided to the Global Analysis Lab on May 31st using the common spreadsheet version 1.3, as required.

2.3 Listening Lab report

For all the experiments, the listening subjects were seated in a quiet room measuring approximately 5 meters by 7 meters by 2.5 meters high at a Motorola facility in Schaumburg, IL, USA.  This room is designed to permit routine evaluations of audio and video material.  The listening subjects were recruited by an independent marketing firm from the population in the Chicago Northwest suburban communities.  The listeners were paid for their participation.  The listeners did not have any affiliation with Motorola nor were they engaged in audio or speech coding work.  All experiments utilized a unique set of 24 listeners.

Each listening experiment was conducted with multiple listeners seated at isolated voter stations in which visual contact with other participants (or their votes) was not possible.  The audio was presented monaurally to the listeners at a 16 kHz sampling rate on high quality headphones (AKG K240DF).  The voter stations also provided isolation such that acoustic leakage between participants was negligible.

The listeners were given verbal instructions consistent with the instructions in [3].  The listening subjects indicated their votes on a 5 button voting box with labels above the buttons indicating Excellent, Good, Fair, Poor, Bad for the ACR testing and None perceived, Not annoying, Slightly annoying, Annoying, Very annoying for the DCR.  LED indicators on the box indicated to the listeners when they should listen and when they should vote.

The test equipment is PC based.  The PC plays each audio file to the listeners and records the listeners’ votes from the voting boxes.  The playback order for the files was randomized for all experiments. The randomization followed the guidelines specified in [3].

Also, thanks to Leigh Thorpe of Nortel Networks for providing the 16kHz source speech material.  This material had also been used during the course of the ITU-T 4kbps speech codec activity.

2.4 Report on Design Constraints

Table 2 lists the development constraints as given in [1] and a column explaining how each design constraint is fulfilled for the Motorola AMR-WB candidate.

The round-trip algorithmic delays for the 14.25k mode are shown in Table 3.  The Abis delays (uplink and downlink) were computed in a manner similar to GSM Recommendations 03.05 for the GSM FR and 06.55 for the GSM EFR.  The Abis delay values assume a modified TRAU to allow control information and a CRC. The Tabisd delay is based on the 16 kbps transmission of 304 bits of which 285 are speech data. The Tabisu delay is based on the first 140 bits (of which 129 are speech data) being needed to synthesise the first subframe of speech.

Table 3:  Round Trip Algorithmic Delay
Coder
Tsample
Trftx
Tabisu
Tabisd
Drt1
Drt2

FR AMR WB 14250 b/s
25.0 ms
37.5 ms
8.75 ms
19 ms
125 ms
27.715 ms

Development constraints
Candidate Compliance

Complexity requirements





Channel coding including possible control loop management algorithms
GSM FR:

A.
wMOPS
( 5.7 wMOPS 

B.
RAM
( 3.0 kwords  

C.
ROM
( 4.5 kwords 

D. 
Program ROM ( 1.5 * Program ROM of AMR-NB FR ch. Codec)  (1.5 * 1 342 ETSI basic operators)
GSM EDGE:

[t.b.a.]

GSM multi-slot:

[f.f.s.]
3G: 

Existing generic 3G channel coding toolbox shall be used for channel coding. 


wMOPS = 5.7

RAM = 2.5k words

ROM = 2.1k words

Program ROM = 1.0k words



Speech coding (excluding VAD/DTX)
E.
wMOPS
(  40 wMOPS (( 2.4 x wMOPS of AMR-NB sp. Codec: 16.75 )

F.
RAM
( 15 kwords ((  2.8 ( RAM of AMR-NB speech codec: 5.28 kwords)

G.
ROM
( 18 kwords ((  1.2 x ROM of AMR-NB speech codec: 14.57 kwords)

H. 
Program ROM ( 1.2*Program ROM of AMR-NB speech codec (= 1.2 * 4 851  ETSI basic operators)
wMOPS = 39.5

RAM = 14.5 kwords

ROM = 12 kwords 

Program ROM ( 1.2 * 4 851 (estimated from floating point code)

A-ter and Iu submultiplexing 


At least one codec mode at AMR-WB shall be consistent with 16 kbit/s submultiplexing on the A-ter interface. This implies the constraint of providing at least one codec mode in AMR-WB operating at a source codec bit-rate below 14.4 kbit/s .


Highest rate Application A codec operates at 14.25 kbps.



Other constraints for bit-rates
The source codec shall be capable of operating at or below the primary rates of interest to ITU WB Question (currently bit-rates of 16 and 24 kbit/s). 
Comply.



Codec mode
GSM FR:

· Same signalling scheme as in AMR-NB shall be used.  This is valid for codec mode and channel measurement signalling. 

GSM EDGE: 

· Same signalling scheme as in AMR-NB shall be used.  This is valid for codec mode and channel measurement signalling. 

GSM multi-slot:

· Same signalling scheme as in AMR-NB shall be used.  This is valid for codec mode and channel measurement signalling. This constraint is to be confirmed at the next meeting.
3G:

· Same signalling scheme as in AMR-NB shall be used.
Comply



Channel coding (including possible control-loop management algorithms) is part of the codec proposal. The channel coding scheme shall be included for GSM FR, GSM EDGE, GSM multi-slot and 3G.






Channel mode


GSM (FR, EDGE and multi-slot): 

The AMR-WB codec will operate in GSM full-rate speech traffic channel, EGDE, and multi-slot channels. 

Channel mode handovers will be executed in the same way as existing intra-cell handovers. Handovers between AMR-WB FR and AMR-NB HR will mean switching between wideband speech services and the existing AMR HR narrowband speech services. The algorithm used to determine when and whether to perform an AMR handover will be specific to the BSS manufacturer.

· Channel mode signalling: transmitted out of band on the radio interface

· The up- and downlinks (of the same air-interface) shall use the same channel mode.

· Channel mode control is located in the network.


3G:

The AMR-WB will operate with spreading factors: 128, 64 and 32 (see 3G channel codec toolbox)


Comply



Channel coding


GSM (FR, EDGE and multi-slot):

The existing sets of convolutional polynomials defined in GSM 05.03 shall be used.


3G:

Existing generic 3G channel coding toolbox shall be used.

Error protection containing up to 3 bit-sensivity classes may be used.
Comply

Tandem Free Operation (TFO)
The AMR-WB codec shall support Tandem Free Operation
Comply

Voice Activity Detection (VAD)  and comfort noise
The codec proponents shall provide the VAD and comfort noise encoding solution for the selection phase. The AMR-WB VAD/DTX will be that associated with the selected codec.  
Agreed

Discontinuous Transmission (DTX)
GSM FR:
The same DTX scheme (transport format, update frequency) as in AMR-NB shall be used 

GSM EDGE:

Derived from the AMR-NB DTX

GSM multi-slot:

Derived from the AMR-NB DTX
3G:

The same SCR-scheme (transport format, update frequency) as in AMR-NB shall be used.
Agreed

Active noise suppression in the selection/ qualification phase


In order to compare all solutions in the same conditions, and select the candidate with the best intrinsic quality, the noise suppressers would not be included during the selection phases, or that any noise suppresser integrated to a source codec shall be turned off for these tests.  The selection and possible standardisation of a noise suppresser may then be addressed in a separate phase
Comply

Transmission delay


This constraint is set for the algorithmic transmission delay in GSM FR channel.

The target is to keep the algorithmic round trip delay for wideband modes equal to the algorithmic round trip delay of the GSM AMR-NB FR. Nevertheless, some increase of algorithmic transmission delay is expected due to the higher source coding bit-rates in AMR-WB. See note 2  "Evaluation of algorithmic round-trip delay" for definition of the evaluation methodology and the relating constraint.


See Table 3.

Error concealment


Error concealment techniques of AMR-WB codec candidates shall only rely on soft-output information from the equaliser (in BTS only information that can be sent over Ater). This does not preclude any future exploitation of other radio channel parameters in the final AMR-WB system.
Comply

Frame size


The frame size is constrained to be one of the possible values: 5ms, 10ms or 20 ms.
The candidate frame size is 20 ms

Input sampling rate and audio bandwidth
The codec will operate on 16 kHz input sampling rate. 

The input signal bandwidth shall be 50 Hz to 7 kHz.

It is required to make sure that no artifacts are caused by signals lying outide the range 50 Hz to 7 kHz.
Comply

REFERENCES 

[1] 
"AMR Wideband Codec Development Project Deliverables for the Qualification Phase (WB-6a)”, version 2.0 

[2] 
"Reproduction of AMR narrowband document AMR-9 (Complexity and delay assessment)", v1.3, Tdoc S4/SMG11 71/00.  

[3]
“Test plans for the AMR-WB Qualification Phase (AMR-WB-8a)”, Issue 1.0






































1(1)

PAGE  




8(5)



8(1)

_1021289508.doc


+







+







-







+







+







+







Open Loop      Pitch Estimation







Synthesis Filter







LPC Analysis & Quantisation



















M



u



l



t



I



p



l



e



x











Input Speech







Minimisation







Squared Error







Weighting Filter







ACELP Codebook







Adaptive Codebook







Bitstream












_1021291534.doc


+







+











Synthesis Filter







D



e



m



u



l



t



i



p



l



e



x











Output Speech







PostFilter







ACELP Codebook







Adaptive Codebook







Bitstream







+












