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Introduction

This document defines a proposal for speech material preparation for the AMR noise suppression selection tests, and provides details of the software modules and files required. It should be read in conjunction with the AMR noise suppression Selection Test Plan [1].

Section 1 provides information on how to acquire the various software modules, background noise files and error pattern files. Section 2 defines the processing stages in the form of block diagrams along with detailing processing responsibilities and file naming conventions. Sections 3 and 4 describe the software modules that simulate the codecs and the other processing functions, respectively; Section 5 gives the location and format of the background noise files along with their processing. Section 6 describes the processing of error conditions and the location and format of the error. Annex A provides an informative description of the AEG error pattern format. Annex B provides instructions for the use of the AMR simulation code. Annex C provides sample scripts for the NS Candidates to follow during their processing.

1.
Obtaining the Software Modules

The C-code for the AMR codec can be obtained from the ETSI server in directory

[/tech-org/smg/Document/smg11/smg11_amr/AMR_ANSI-C v. 7.1.0/]. The version to be used is v7.1.0 which resides in file AMR_06.73_710.zip . The C-code for the ITU-T G.191 Software Tool Library (STL) must be purchased from the ITU.  The standalone executable implementing the channel codec and error insertion functions (SUN platform) can be obtained from Ericsson. The other modules can be obtained from the ETSI server

1.1
ITU-T Recommendations

Information on purchasing ITU-T recommendations can be found at the following web site:


http://www.itu.int/publications/index.html

or by contacting:

ITU

   
Sales and Marketing Service

    
International Telecommunication Union

    
Place des Nations

    
CH-1211 Geneva 20

    
SWITZERLAND 

     
Telephone:
+41 22 730 6141 (English)

     
Telephone:
+41 22 730 6142 (French)

     
Telephone:
+41 22 730 6143 (Spanish)

     
Telefax:

+41 22 730 5194

     
Telex:

421 000 uit ch

     
Telegram:
ITU GENEVE

     
X.400:

S=sales; P=itu; A=400net; C=ch

Email:

sales@itu.int

Organisations with prepaid on-line access can download the C-code for G.191.

1.2
Accessing the ETSI Server

Some of the software modules can be downloaded from the ETSI server. The address of the ETSI ftp server is:


docbase.etsi.org (195.101.208.12)

The address of the ETSI web site is:


www.etsi.org

In order to access the ETSI server, the user must have an account with SMG11 access. For information on how to obtain an account contact:


ETSI Help-Desk


Phone:

+33 (0)4 92 94 42 75


Fax:

+33 (0)4 92 96 03 07


X.400:

c=FR; a=ATLAS; p=ETSI; s=HELPDESK;


Internet:
helpdesk@etsi.fr

2.
Processing Stages for AMR Noise Suppression Selection Experiments

This Section defines the processing responsibilities, the file naming conventions and the processing stages required by the AMR noise suppression selection experiments. The processing stages are presented in the form of diagrams.

2.1
Processing responsibilities

The Test Labs will provide the Host Labs with input speech material for those experiments for which they are responsible.

The Noise Lab will digitally record samples of the necessary acoustic noise environments, document the recording process, measure the relevant noise levels, process the recordings into appropriate noise files and deliver them to the Host Labs and ETSI.

The Host Labs will perform the electronic mixing of acoustic noise with input speech material for all experiments requiring it. The Host Labs will perform all pre-processing of the input material and all calibration and reference coder processing. The Host Labs will deliver pre-processed 8kHz input speech material to the NS candidates. The Host Labs will receive the 8kHz processed speech material from the NS candidates. The Host Labs will perform all necessary post processing, blind label the processed material and deliver it to the Test Labs for evaluation. The Host Labs will cross check all processing steps for a representative subset of each experiment with each other.

The NS candidates will perform all NS/AMR processing (including all tandems) required of the full set of experiments and Test Labs. The NS candidates will cross check their processing with a second NS candidate and deliver the 8kHz processed speech material to the Host Laboratories.

2.2
File format and naming conventions

The speech files provided to the Host Labs by the Test Labs shall be in the following format. 


Headerless, 16kHz, 16bit, PC ordered, linear pcm

The files for a given experiment will all be exactly the same size and contain single sentences, sentence pairs, triplets or quads depending on the experiment in which the material will be used. The stimuli structure will be as defined in the Test Plan.

The noise files provided to the Host Lab by the Noise Lab will be in the following format.

Headerless, 16kHz samples, 16-bit 2‘s complement, PC ordered, linear pcm.

The speech files provided to the NS candidates by the Host Labs will be in the following format.


Headerless, 8kHz samples, 13bit rounded in 16bit word, PC ordered, linear pcm

or as required by a specific experiment and/or condition, i.e. the input to the

first stage encoder.

The speech files provided to the Host Lab by the NS candidates will be in the following format.


Headerless, 8kHz sampling, 16bit, PC ordered, linear pcm or as required by a specific


experiment and/or condition., i.e. the output of the last stage decoder.

The speech files provided to the Test Labs by the Host Labs will be in the following format.


Headerless, 16kHz sampled, 16 bit 2‘s complement, PC ordered, linear pcm.

Files will maintain the following name conventions and structure:


Noise files


.\noiseR.ext


Noise file segments

.\noiseRsN.ext

Speech files before test blind
.\hlabS\expTTT\labU\nsVV\m(f)WsXcYY.ext 

Speech files after  test blind
.\expTTT\labU\m(f)WsXcYY.ext

Preliminary Speech Files
.\expTTT\labU\practice\m(f)WsXcYY.ext

Where


R = the noise type, 1 to 5



1 = static car noise



2 = babble



3 = dynamic street noise



4 = dynamic car noise


`
5 = background music (classical string)


N = the noise segment, 1 to 6


S = the Host Lab identifier as listed below:



A=Arcon



C=COMSAT

TTT = experiment number as listed below:

01A, 02A, 03A, 03B, 03C, 04A, 04B, 05A, 05B, 06A,07A, 08A, 09A, 10A


U= test laboratory identifier as listed below:

A=Arcon

B=AT&T

C=COMSAT

D=Conexant

E=Nortel

F=FUB


VV = NS Candidate identifier as listed below, where this is the initial nonblind ID



ER =  Ericsson



MN = Matra Nortel Communications



MI = Mitsubishi



MO = Motorola



NO = Nokia



SI = Siemens


m or f indicate male or female talker


W = talker identifier, 1 to 4 (5 and 6 for background talker experiment)


X = sentence pair or stimuli identifier, 1 to 8


YY = test condition identifier for the specific experiment, 01 to 68



For candidate processing,  the condition for NS1 will be used by all NS candidates.


.ext = the specific extensions to be used in the various stages of processing.

       = .16K for the input speech provided to the Host Labs by the Test Labs


       = .PRE for the pre-processed speech provided to the NS candidates by the Host Labs


       = .08K for the processed speech provided to the Host Labs by the NS candidates.

       = .OUT for the processed speech provided to Test Labs by the Host Labs.

       = .PRA for the processed practice speech provided to the Test Labs by the Host Labs

The files shall be transferred using recordable CD-ROMs. Multi-session disks may be used, but should be closed before delivery. Rewritable disks should not be used. 

2.3
File Processing, separation and module initialisation

For all stimuli used in experiment/conditions, a 2 second preamble will be added to the stimuli after initial filtering and levelling but before noise is mixed. The preamble will consist of pseudo silence generated by a random number generator limited to a 3 bit range. This preamble must be common to the two Host Labs. All of the pre-processed material provided to the NS candidates, both speech-in-noise and  quiet speech will contain this 2 second preamble. Note that the various experiments call for 4 second sentences, 8 second sentence pairs, 12 second sentence triplets, and 16 sentence quads. All speech samples provided by a Test Lab to the Host Labs for a given experiment must be the same length. The samples should be nominally 8 sec., 16 sec., or 24 sec. depending on the experiment.

For all experiments each file (2+4, 2+8, 2+12, or 2+16 seconds) should be processed individually, such that every processing module is in its initial state at the start of the file.

The 2 second preamble will be stripped from all processed samples (experiments 02 through 10) by the Host Labs during post processing.

2.4
Pre-Processing:
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Figure 1: Pre-processing of FLAT filtered speech-only file for all clean speech conditions.
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Figure 2: Pre-processing of GSM filtered (MSIN) speech-only file 
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Figure 3: Pre-processing of GSM filtered (MSIN) speech and noise file 


The rms level adjustment will be made over the total noise samples. The segments to be added to the individual speech stimuli will be cut from the total levelled noise sample file. The addition of speech stimuli and noise segments will be done file by file. This process will be used for the standard and ideal noise suppression test conditions. For complete details see Sec. 5.

2.5
Up and Down-Sampling and Scaling:
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Figure 4: Sample-rate conversion and scaling for FLAT and GSM conditions 


The gain factor in Figure 4 is determined by the input level for the condition as follows:
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2.6
Processing Stages:

There are four types of processing :

1) Processing of simulated MS to PSTN (fig. 5)

2) Processing of simulated tandem connection (fig. 6)

3) MNRU processing (fig. 7)

4) No processing (fig. 8)

First stages of processing 1) and processing 2) are up-link AMR codec. Last stage of processing 2 is down-link AMR codec. The AMR codec can be reference codec or AMR + NS. The .AMR codec includes channel coding and error insertion. DTX flag can be set or not. It should be noted that for channel error conditions, the AMR codec box in the figure is simulated using three programs, an aqnalyzer, the channel model and a synthesizer. 

Processing 1) is used in all experiments. Processing 2) is only used in experiments 2 and 3where 2 transcodings are needed and 6,7,8,9 where both up-link and down-link are needed.
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Figure 5: Processing of simulated MS to PSTN channel using AMR+NS or reference codec
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Figure 6: Processing of simulated tandem connection
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Figure 7: Processing of speech by narrow-band MNRU.
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Figure 8: Processing of speech for direct condition

2.7
Choice of AMR Mode

In all Experiments the AMR codec mode for each condition is specified in the Test Plan [1]. 

3.
Speech and Channel Codecs

This section describes the speech and channel codecs that must be used in the preparation of speech material for the AMR characterisation tests.

3.1
AMR Speech Codec

Source:

ETSI

Location:
/tech-org/smg/Document/smg11/smg11_amr/AMR_ANSI-C v. 7.1.0/
Format:

ANSI C-code

File:

AMR_06.73_710.zip

For CCR Experiments involving VAD/DTX, Experiment 8 will utilise VAD Option 1 whereas Experiment 9 will utilise VAD Option 2. For the purposes of measuring voice activity factors, both VAD options should be used.

Instructions for the installation and operation of the software will be provided in the distribution (see Annex B). The software reads and writes headerless speech files containing 8kHz samples stored in 16-bit 2’s complement format.

3.2
AMR Channel Codec


Source:

Ericsson


Format:

SUN Executable


Program:
amr_ch


Contact:
Erik Ekudden



Tel: +46 8 757 2168 (office), +46 70 677 6618 (mobile)

fax: +46 8 757 5550

email:  erik.ekudden@era.ericsson.se

Instructions for the installation and operation of the software will be provided in the distribution (see Annex B). The program expects error patterns in the AEG format (see Appendix A).
3.3
G.711 A-law Codec

Source:

ITU Sales Dept.

Location: 
STL sub-directory: g711

Format:

C-code in ITU-T Rec. G.191, Software Tool Library

Program:
g711demo
To produce an A-law encoded file called bitstream from a speech file called input, use:


g711demo A lilo input bitstream 160 

To produce a decoded speech file called output from an A-law encoded file called bitstream, use: 


g711demo A loli bitstream output 160 

Or, these two stages can be combined into one by using:


g711demo A lili input output 160 

input and output are headerless speech files containing 8kHz samples stored in 16-bit 2’s complement format. Note that the A-law samples in the file bitstream are stored in 16-bit words.

3.4
Modulated Noise Reference Unit (MNRU)

Source:

ITU Sales Dept.

Location: 
STL sub-directory: mnru

Format:

C-code in ITU-T Rec. G.191, Software Tool Library

Program:
mnrudemo
To produce an MNRU processed file called output from a speech file called input, use:


mnrudemo -Q x input output 160

where x is the desired MNRU value.

input and output are headerless speech files containing 8kHz samples stored in 16-bit 2’s complement format.

3.5
A-law delay

Source:

Deutsche Telekom Berkom


or prior ETSI AMR Test efforts
Format:

PC command line executable

Program:
delay
To produce an A-law file called output by inserting 43 A-law samples equal to 0xD5 at the start of an A-law file called input, use:


delay input output

where input and output are headerless 8kHz files containing A-law samples stored according to the ITU-T STL format (i.e. in the LSB of a 16-bit word).

4.
Pre- and Post- Processing Modules

This section describes the modules that must be used in the pre- and post-processing of speech material for the AMR characterisation tests.

4.1
Filtering Operations

The filtering operations are performed using the filter-a program from the ITU-T STL. 

ITU-T filter program:

Source:

ETSI Server
Location:


/tech-org/smg/Document/smg11/smg11_amr/SW_tool_library/Char_HL/COMSAT

Format:

Zip file with updated C-code and/or executable in PC format (Windows 95/98/NT DOS Bcommand prompt)
Program:
filter-a
16kHz FLAT filter code:

Source:

ETSI Server

Location: 
/tech-org/smg/Document/smg11/smg11_amr/SW_tool_library/FFilter

Format:

ANSI C-code

Module:
filt_flat1.c
GSM filter code:

Source:

ETSI server

Location:
/tech-org/smg/Document/smg11/smg11_amr/SW_tool_library/FFilter/

Format:

ANSI C-code

Module:
fir-upd0.zip
Instructions on how to modify ITU-T program filter-a.c to incorporate the additional functionality are provided with the respective filter modules.

4.1.1
FLAT filtering

To produce a FLAT filtered speech file called output from a speech file called input, type:


filter-a FLAT1 input output 320
input and output are headerless speech files containing 16kHz samples stored in 16-bit 2’s complement format.
4.1.2
GSM filtering

To produce a GSM filtered speech file called output from a speech file called input, type:


filter-a MSIN input output 320
input and output are headerless speech files containing 16kHz samples stored in 16-bit 2’s complement format.

4.2
P.56 Level Adjustment

Source:

ITU Sales Dept.

Location: 
STL sub-directory: sv56

Format:

C-code in ITU-T Rec. G.191, Software Tool Library

Program:
sv56demo
To produce a speech file scaled to -26dBov called output from a speech file called input, use:


sv56demo -lev -26 -sf 16000 input output 320

input and output are headerless speech files containing 16kHz samples stored in 16-bit 2’s complement format.

4.3
Summation of a speech and noise file

Source:

ETSI
Format:

PC command line executable

Program:
add
To produce a 16kHz mixed speech and noise file called output by summing a 16kHz speech file called input and a 16kHz background noise file called noise, use:


add input noise output
input, noise and output are headerless files containing samples stored in 16-bit 2’s complement format.

OPTION

Source:

ITU Sales Dept.

Location: 
STL sub-directory: unsup
Format:

C-code in ITU-T Rec. G.191, Software Tool Library

Program:
oper

To produce a 16kHz mixed speech and noise file called output by summing a 16kHz speech file called input and a 16kHz background noise file called noise, use:


oper -q 1 input + 1 noise 0 output 320 

4.4
Pre-processing

Source:

Deutsche Telekom Berkom 


or prior ETSI AMR Test efforts

Format:

PC command line executable

Program:
pre
The program pre performs the following operations:

a) 16kHz to 8kHz down-sampling using either the high-quality filter or the G.711 filter; 

b) scaling by -10dB , 0dB  or +10 dB;

c) 16 to 13 bit rounding.

The G.711 option provided by pre should not be used (use g711demo for this function).

To produce an 8kHz speech file called output by down-sampling, scaling and rounding a 16kHz speech file called input,  use:


pre input output filter offset li

where the filter and offset options have the following effects:

filter = hq2
high-quality down-sampling filter;

filter = pcm
G.712 down-sampling filter;

offset = -10
gain = -10dB;

offset = 0
gain = 0dB;

offset = 10
gain = +10dB.

input and output are headerless speech files containing samples stored in 16-bit 2’s complement format.

OPTION

Source:

ITU Sales Dept.

Location: 
STL sub-directory: scaldemo, g711demo, filter-a

Format:

C-code in ITU-T Rec. G.191, Software Tool Library

Program:
scaldemo, g711demo, filter-a

filter-a -q -down pcm input output 160

g711demo A lili input output 160 [if needed]

scaldemo -q -bits 13 -lin -gain 1 input output 160

(Note that scaldemo is also used in the dB mode for level adjustment)

4.5
Post-processing

Source:

Deutsche Telekom Berkom 


or prior ETSI AMR Test efforts
Format:

PC command line executable

Program:
post
The program post performs the following operations:

a) 16 to 13 bit rounding;

b) scaling by -10dB , 0dB  or +10 dB;

c) 8kHz to 16kHz up-sampling using the high-quality filter.

The G.711 option provided by post should not be used (use g711demo for this function).

To produce a 16kHz speech file called output by rounding, scaling and up-sampling an 8kHz speech file called input,  use:


post input output filter offset li

where the filter and offset options have the following effects:

filter = hq2
high-quality up-sampling filter;

offset = -10
gain = -10dB;

offset = 0
gain = 0dB;

offset = 10
gain = +10dB.

input and output are headerless speech files containing samples stored in 16-bit 2’s complement format.

OPTION

Source:

ITU Sales Dept.

Location: 
STL sub-directory: scaldemo, g711demo, filter-a

Format:

C-code in ITU-T Rec. G.191, Software Tool Library

Program:
scaldemo, g711demo, filter-a

scaldemo -q -bits 13 -lin -gain 1 input output 160

g711demo A lili input output 160 [if needed]

filter-a -q -up hq2 input output 160

 (Note that scaldemo is also used in the dB mode for level adjustment)

4.6
File separation and windowing [removal of 2sec preamble]

Source:

ETSI server

Location: 
/tech-org/smg/Document/smg11/smg11_amr/SW_tool_library

/Windowing

Format:

executable for HP-UX, SUN, ULTRIX, DOS and Windows 95

Program:
astrip-hpux, astrip-sun, astrip-ultrix, astrip.exe
To extract a file a short called output from a longer speech file called input with a 100ms Hanning window, use:


astrip -blk 16000 -start s -n d –smooth input output

where s is the number of the first (1 second) block to be extracted, d is the length of the extracted file in blocks, and input and output are headerless speech files containing 16kHz samples stored in 16-bit 2’s complement format. 

Thus,  for all samples with noise, the speech samples are 8, 12 or 16 seconds in duration, and the noise only preamble is 2 seconds:


astrip -blk 16000 -start  3 -n [8, 12 or 16] –smooth long short1

4.7
File length, frame length and program block length concerns

It should be noted that for files that are not an integer number of long or an integer number of frames long, the block size, start and length values of the various programs will need to be adjusted.

5.
Background Noise Files

The background noise files for all experiments of the selection tests shall be provided by the Noise Recording Lab and be pre-processed by the Host Labs according to Figure 3, i.e. Delta SM filtered, GSM filtered and level adjusted.
Source:
Noise Recording Lab

Format:
Headerless noise file containing 16kHz samples stored in 16-bit 2’s complement format. Word format is little-endian (i.e. PC format).

The static car noise file is called: .\noise1.16K

The largely non-stationary babble noise file is called: .\noise2.16K

The largely stationary  street noise file is called: .\noise3.16K

The dynamic car noise files (or subway) file is called: .\noise4.16K

The background music noise files (classical string) file is called: .\noise5.16K

Processing of each noise file will be as follows:

i. The environmental noise will be Delta SM filtered to incorporate a near field microphone response.

ii. The environmental noises will be passed through the GSM send characteristic. 

iii. The noise levels will be adjusted over the total noise file using the r.m.s. measure to the mean level dictated by the Test Plan [1]. This pre-processing of noise files will be performed by sv56demo with the rms option. The ideal noise suppression levels will also be set in this manner.

iv. The total noise file will be cut into representative segments of lengths that match the speech samples (plus 2s preamble) for the various experiments. These segments will be checked for the amplitude range of the noise signal. The noise segments will be identified as noiseXsN.16k.

v. Finally, the noise segments will be digitally mixed with the pre-processed and normalized speech material. Different segments of the noise file will be mixed with the various talker speech samples. The noise segments N will be mixed with the speech samples of the talkers as follows. The first noise sample will be mixed with the first speech sample of all talkers,                 

M1 M2 F1 F2

Speech sample 1   N1 N2 N3 N4

Speech sample 2   N2 N3 N4 N5

Speech sample 3   N3 N4 N5 N6

Speech sample 4   N4 N5 N6 N1

Speech sample 5   N5 N6 N1 N2

Speech sample 6   N6 N1 N2 N3

vi. If the resulting signal amplitude exceeds the overload point of the A/D converter, it should be limited to the peak value and the clipping effect should be controlled by expert observation.Special attention will be paid to the “dynamic” noise conditions. If there is excessive overflow in the speech plus noise signal, the total noise file will be releveled at a greater SNR (loop to step iv.). This adjustment will be at the discretion of the Host Labs.

The background multiple talker files will be generated using speech samples from additional talkers provided with the source material from the Test Labs conducting the relevant experiment. One male and one female background talker will be mixed with each primary talker stimuli. Delay will be imposed to assure that the background speech covers the full signal. The background talkers B1 and B2 will be mixed at the same level.  This level will be 15 dB below the primary talker.

6.
Error Insertion

6.1
Static C/I tests

 Static C/I error patterns are used in Experiments 6 and 7, which simulate TU3 radio propagation (typical urban with 3km/h mobile speed) at a C/I of 10dB.

6.1.1
Static Error Pattern Files

 Source:

ETSI

Directory:
/tech-org/smg/Document/smg11/smg11_amr/ERROR_PATTERNS/ StaticEP/SEP_Char/

File:

cep_stat.zip

pattern:

tu3ifh10

Format:

AEG error pattern format

6.1.2
Static Error pattern mapping

All conditions that require the insertion of channel errors should be processed using the static error patterns provided on the ETSI server, i.e. the static error patterns should be used for both the AMR reference codec and the AMR+NS codecs. 

A different segment of the static error patterns will be used for each talker. The start position as a function of talker is given in Table 1.

Talker
Start position/speech frames

male 1
0

female 1
400

male 2
800

female 2
1200

Table 1: File mapping of error patterns segments as a function of talker for Experiments 6 and 7.
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Annex A (informative) AEG error pattern format

AEG format error patterns are organised as 512 byte records. The first 456 bytes of each record contain the soft decision values from four bursts; the remaining 56 bytes of each record are unused. The error patterns contain bursts from a single traffic channel. Therefore frames 12 and 25 (SACCH and idle frames) are not included, and the contents of a multiframe are held in three consecutive 512 byte records. AEG format error pattern files include a 512 byte header.

The AEG error patterns represent soft decision values as signed bytes. A negative soft decision value indicates that the chip was received in error; a positive soft decision value indicates that the chip was received correctly. The modulus of each soft decision value sd is equal to:
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 is the probability that the chip was received in error.

Annex B (normative) Instructions for use of AMR simulation components

The instructions in readme.txt contained within AMR_06.73_710.zip detail how to build the required standalone programs "encoder" and "decoder". 

The defined C code implement the speech encoding and speech decoding functions for the AMR speech codec. Proponents may use these unchanged and build a separate executable implementing their NS solution, or they may build a fully integrated solution comprised of the AMR speech codec integrated with their NS solution. In the latter case, care must be taken to ensure that the design constraints [2] are met.

In the following, the procedures for using the existing programs "encoder" (AMR speech encoder), "decoder" (AMR speech decoder), and "amr_ch" (Channel codec and error insertion) are given.

Note that the command line syntax may be shown on two lines below for clarity but must be typed on one line to work properly. Items like <ARGUMENT> are arguments which are explained below.

B.1. Static experiments (mode adaption OFF):

B.1.1 Simulation WITHOUT channel errors:

The AMR speech encoder should be used as follows:


encoder [option] <amr_mode> <input_file> <bitstream_file>

where < amr_mode> is one of MR122, MR74, MR59, as defined in the table of conditions in the subjective test plan; < input_file> is the speech input file; <bitstream_file> is the encoder output file.

The option -dtx should be used only for test conditions where DTX is enabled (experiments 8 and 9). Note that different builds of the AMR speech codec are needed for experiments 8 and 9 to distinguish the use of VAD Options 1 and 2 [1].

An integrated version of the AMR speech encoder and noise suppresser may be subsituted for program "encoder" above. The proponent must ensure that DTX operates correctly in the integrated version (i.e. using VAD options 1 and 2), and that the integrated program is bit exact to the AMR speech encoder when the noise suppresser function is turned off. Additionally care must be taken to ensure that the design constraints [2] are met.

The AMR speech decoder should be used as follows:


decoder [option] <bitstream_file> <output_file>

where [option] is not used. <bitstream_file> is the encoder output file and <output_file> is the speech output file.

B.1.2. Simulation WITH channel errors: 

See B.1.1 for simulation of the speech encoder.

The standalone AMR channel codec and error insertion device should be used as follows:

amr_ch [option] <amr_mode> <tch> <bitstream_file> <bitstream_chan_file> 

 <error_file>

where  [option] is not used; <amr_mode> is the AMR mode (one of MR122, MR74,

MR59 as defined in the table of conditions in the subjective test plan);

<tch> is either HR or FR (half-rate or full-rate channel); <bitstream_file>

is the encoder output file; <bitstream_chan_file> is the bitstream with

inserted channel errors; <error_file> is the channel error file using the AEG format (see Annex A).

[option] is set as follows:

-channel_offset=#r
start error insertion #r speech frames into the channel error pattern. (The offset to be used is defined in Section 6.1.2)

The AMR speech decoder should be used as follows:


decoder [option] < bitstream_chan_file > <output_file>

where [option] is  set to –rxframetype so that the speech decoder expects the receive frame type format in < bitstream_chan_file >.  <bitstream_chan_file> is the output file from the standalone channel codec and error insertion device, and <output_file> is the speech output file.

Annex C Sample Processing Scripts for NS Candidates
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