3GPP TSG-SA WG4 Meeting#13
Tdoc S4-(00)0473

October 23-27, 2000, Osaka, Japan

AMR 3G Characterization Processing Plan  DOCPROPERTY "Subject"  \* MERGEFORMAT  Version 2.0

Source:
Editor

Title:
Processing Functions for AMR 3G Characterization Tests (Version 2.0)

Document for:
Review

Agenda Item:


Key modifications compared to the version 1.0:

-
All M-IRS pre-processing diagrams were removed since none of the Experiments use an M-IRS Input filtering characteristics

-
EFR processing diagram were added

-
Removed the Tandem Processing diagram

-
Corrected the sections indicating that only the 12.2 mode of AMR would be used
· Added Instructions on how to process AMR speech samples with channel errors in section 5.1
· Added 3G Error Patterns File Format description in Annex B
· Added Functionality of the AMR-3G EID in Annex C

· Added Informative text on the settings of the AMR Simulator for the generation of the Error Patterns in Annex C

· Updated the Error Pattern File naming convention
· Sec.4.2.2: deleted unnecessary scaldemo call (only unity gain is used in the experiments)
· Sec. 3.2.4: Clarified that the receive-side modified IRS filtering is responsibility of the listening laboratory
· Deleted Figure 6 and Section 5.10, since tandem conditions have been deleted from the exercise
· Deleted section 5.2.1 since GSM-EFR is used always in the presence of errors. Clarified that option “nodtx” is used in remaining text of (old) 5.2.2.
· Table 1 in Section 6: replaced M03 and M04 with F01 and F02, since only 2 talkers per gender are used
· Sec.5.1.1: inserted eid-3g usage with error-free error pattern, for consistency.
· Section 8: added filenaming entry for Exp.2 error patterns (either ECX2_aaa.ep or ECXD_aaa.ep)
Outstanding Issues

None Identified.
CONTENTS

31
Definitions

2
Obtaining the Software Modules
3
2.1
ITU-T Software Tool Library 2000
3
2.2
Accessing the ETSI Server
3
3
Processing Stages for AMR-NB 3G Characterization Experiments
4
3.1
File concatenation, separation and module initialisation
4
3.2
3G Characterization Experiments
4
3.2.1
Pre-Processing
4
3.2.2
Up and Down-Sampling and Scaling:
5
3.2.3
Processing Stages
5
3.2.4
Post-processing
6
3.3
Choice of AMR Mode
7
4
Pre- and Post- Processing Modules
7
4.1
Pre-Processing Operations
7
4.1.1
MIRS filtering
7
4.1.2
FLAT filtering
7
4.1.3
MSIN filtering
7
4.1.4
P.56 speech file level adjustment
7
4.1.5
Noise file level adjustment
7
4.1.6
Summation of a speech and noise file
7
4.2
Down-sampling, scaling and rounding
7
4.2.1
Narrowband down-sampling, scaling and rounding (prior to processing stage)
8
4.2.2
Narrowband rounding, scaling and up-sampling (after processing stage)
8
4.3
Post-processing for narrowband signals
8
5
Codecs and Reference Processes
8
5.1
AMR-NB Speech Codec and Error Insertion Device
8
5.1.1
Simulation WITHOUT channel errors:
9
5.1.2
Simulation WITH channel errors:
9
5.2
Enhanced Full-Rate GSM Speech and Channel Codec
9
5.3
Full-Rate GSM Speech and Channel Codec
10
5.4
G.711 A-law Codec
10
5.5
G.726 ADPCM Codec
10
5.6
G.729 ACELP Codec
11
5.7
G.723.1 Codec
11
5.8
Modulated Noise Reference Unit (MNRU)
11
5.9
IS-127
11
6
Background Noise Files
13
7
Error Patterns for GSM-EFR
13
8
Error Patterns for 3G systems
14
Annex A (informative): AEG error pattern format (for GSM-EFR)
17
Annex B (Normative): 3G Error Patterns File Format
18
Annex C (Normative) Functionality of the AMR-3G EID
19
Annex D (Informative) WCDMA channel simulator settings for AMR-NB 3G Characterization
20


Introduction

This document defines how speech material must be prepared for the AMR-NB 3G Characterization subjective experiments, and provides details of the software modules and files required. It should be read in conjunction with the AMR-NB 3G Characterization Test Plan (SP-000422).

1 Definitions

The following filenames are used in the command line descriptions:

input8
8kHz speech file that is the input to a processing module (or sequence of modules)

output8
8kHz speech file that is the output from a processing module (or sequence of modules)

input16
16kHz speech file that is the input to a processing module (or sequence of modules)

output16
16kHz speech file that is the output from a processing module (or sequence of modules)

noise16
16kHz background noise file

bs, bsin, bsout
encoded bitstream files

The format of the above files is headerless PCM with samples stored in 16-bit 2’s complement format. Other command line filenames and variables will be described in the relevant part of the document.

2 Obtaining the Software Modules

2.1 ITU-T Software Tool Library 2000

The Host laboratory must use the STL-2000 Release 3 version of the ITU-T Software Tool Library (STL)
. This can be obtained the ITU-T WP3/16 informal ftp site using a TIES account (available to all ITU-T members). For further information please consult the TIES web site:

http://www.itu.int/TIES/

The details for downloading the STL-2000 by FTP are as follows:

Source:

ftp.ties.itu.int

Location: 
/u/tsg16/sg16/wp3/q22

Filename:
stl2000r3.zip

Format:

C source code

This zip file is password protected. Please contact the following person for a password:

Simão Campos Neto

ITU-T Q.22/16 (Software Tools) Rapporteur

Tel:  
+1-301-428-4516

Fax: 
+1-301-428-9287

Email: 
simao.campos@labs.comsat.com
2.2 Accessing the ETSI Server

Some modules and files are available from the ETSI ftp server, which has the following address:


docbase.etsi.org

or the 3GPP server, which has the following addresses:


http://www.3gpp.org/ftp or

ftp://ftp.3gpp.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
The address of the ETSI web site is:


www.etsi.org

3 Processing Stages for AMR-NB 3G Characterization Experiments

This Section defines, in the form of diagrams, the processing stages required by the AMR-NB 3G Characterization experiments.

Each listening laboratory has the responsibility to pre-process the speech samples it provides to the host laboratory according to Section 3.2.1, with the exception of the summation of the speech and background noise files, which is the responsibility of the host laboratory. All other processing tasks are the responsibility of the host laboratory.

3.1 File concatenation, separation and module initialisation

All speech files will be processed separately. Thus all processing functions must be reset to their initial state at the start of each 8-second sentence pair.

3.2 3G Characterization Experiments

3.2.1 Pre-Processing
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(a) Pre-processing of FLAT filtered speech-only file
(Experiment 1)
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(b) Pre-processing for MSIN filtered speech
(Experiment 2)
Figure 1: Pre-processing of speech-only files
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Figure 2: Pre-processing of weighted speech and noise file
(Experiment 2)
3.2.2 Up and Down-Sampling and Scaling:
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Figure 3: Sample-rate conversion and scaling for FLAT and GSM conditions
(Experiment 1 & 2)
For the AMR-NB 3G Characterization, the gain factor in Figure 3 is always 0 dB.

3.2.3 Processing Stages
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(a) Processing of AMR conditions
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(b) Processing of reference codec conditions (G.723.1, G.729, GSM-FR, IS-127)
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(c) Processing of EFR conditions

Figure 4: Processing of (a) AMR (b) reference codec and (c) EFR conditions, except G.726.


[image: image8.wmf]13-bit level

adjusted 8kHz file

(

see fig. 4 or 5)

32 kbit/s G.726

decoder

G.711 A-law

encode

processed 8kHz

file

G.711 A-law

decode

32 kbit/s G.726

encoder


Figure 5 - Processing of G.726 (All Experiments)
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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.

3.2.4 Post-processing


[image: image12.wmf] 

 

16kHz 

processed  file

 

 

 

16kHz post

-

processed file

 

 

MIRS  receive 

filtering

 


Figure 5: Post-processing for headphone listening

The host laboratory will not apply Modified-IRS receive side filtering. If the listening laboratory is not using a Receive-side MIRS-compliant handset for the listening sessions, but rather a flat-response system (e.g. headphones), it is up to the listening laboratory to either:

· Filter the host-laboratory-provided processed speech using the command in Section 4.3;
· Apply a signal conditioning to the host-laboratory-provided processed speech 

3.3 Choice of AMR Mode

All AMR Codec Modes will be used in both Experiments. The list of Codec Modes associated to each Error Condition and Error Pattern is provided in the Test Plan and in section 8.
4 Pre- and Post- Processing Modules

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

4.1 Pre-Processing Operations

The filtering operations are performed using the filter program from the ITU-T STL (STL 2000):

Source:

ITU-T

Location: 
STL sub-directory: fir

Format:

C source code

Program:
filter, sv56demo, oper

4.1.1 MIRS filtering

To produce MIRS filtered speech files use:


filter –mod IRS16 input16 output16 320

4.1.2 FLAT filtering

To produce a FLAT filtered speech file use:


filter FLAT1 input16 output16 320

4.1.3 MSIN filtering

To produce a GSM filtered speech file use:


filter MSIN input16 output16 320

4.1.4 P.56 speech file level adjustment

To produce and normalise the P.56 level of a speech file to -26dBov use:


sv56demo -lev -26 -sf 16000 input16 output16 320

4.1.5 Noise file level adjustment

In the AMR 3G Characterization Tests, a 15 dB SNR is desired, hence to produce a noise file at -41 dBov the following syntax should be used:


sv56demo –rms -lev -41 -sf 16000 input16 noise16 320

4.1.6 Summation of a speech and noise file

To produce a 16kHz mixed speech and noise file called output by summing a 16kHz speech file called input16 and a 16kHz background noise file called noise16, use:


oper -trunc -size 1 -gain linear 1 input16 + 1 noise16 0 output16 320

4.2 Down-sampling, scaling and rounding

Source:

ITU-T

Location: 
STL 2000 sub-directory: fir, utl

Format:

C source code

Program:
filter, scaldemo
For the AMR-NB 3G Characterization, the gain factor is always 1 (0 dB).

4.2.1 Narrowband down-sampling, scaling and rounding (prior to processing stage)

To down-sample a file using the high-quality filter characteristic, scale it by Gi=0 dB and round to 13-bit resolution use:


filter -down HQ2 input16 temp 160


scaldemo -dB -gain 0 -bits 13 -round -nopremask -blk 160 temp output8

4.2.2 Narrowband rounding, scaling and up-sampling (after processing stage)

To round a file to 13-bit resolution, scale it by Go dB, and up-sample it using the high-quality filter characteristic use:


scaldemo -lin -gain 1 -bits 13 -round -nopremask -blk 160 input8 temp1



filter -up HQ2 temp1 output16 160

It should be noted that in this particular case, the second command line is optional, since the files temp1 and temp2 will be identical. The syntax is kept here for compatibility with previous exercises.

4.3 Post-processing for narrowband signals

Source:

ITU-T

Location: 
STL 2000 sub-directory: fir

Format:

C source code

Program:
filter

To apply the MIRS receive filter characteristic to a processed 16kHz file use:


filter RXIRS16 input16 output16 320

5 Codecs and Reference Processes

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

5.1 AMR-NB Speech Codec and Error Insertion Device
The TS 26.073 V.3.1.0 AMR-NB speech codec is available from:

Source:

3GPP Server

Location: 
ftp://ftp.3gpp.org/Specs/2000-06/R1999/26_series/26073-310.zip

Format:

ANSI C-code

Programs:
coder and decoder
while the following program performs the AMR-NB error insertion:

Source:

Nortel Networks and NTT DoCoMo
Format:

C source code

Files: 

eid-3g.c
To get a copy of the files contact:

For Nortel Networks:
For NTT DoCoMo:
William Navarro
Nobuhiko Naka
Nortel Networks
NTT DoCoMo
Tel : +33 4 39 44 57 56
Tel: +81 468 40 3515
email: navarro@nortelnetworks.com 
email: nob@spg.yrp.nttdocomo.co.jp
5.1.1 Simulation WITHOUT channel errors:

The AMR speech encoder should be used as follows:


encoder amr_mode input8 bsin

eid-3g bsin EC0 bsout position

decoder bsout output8

where amr_mode indicates the mode to use. The only recognized codes for amr_code are MR122, MR102, MR795, MR74, MR67, MR59, MR515 and MR475. Here, EC0 denotes the error-free error pattern.
5.1.2 Simulation WITH channel errors: 

The following syntax should be used


encoder amr_mode input8 bsin


eid-3g bsin EP bsout position

decoder –rxframetype bsout output8

where the position is defined in Table 9 and amr_mode indicates the mode to use. The only recognized codes for amr_code are MR122, MR102, MR795, MR74, MR67, MR59, MR515 and MR475.

5.2 Enhanced Full-Rate GSM Speech and Channel Codec

Version 5.1 of the Enhanced Full-Rate (EFR) GSM speech codec is available from:

Source:

ETSI Server

Location: 
/tech-org/smg/Document/smg11/phase2pl/0653-513/DISK

Format:

ANSI C-code

Programs:
coder and decoder
while the following program performs the EFR GSM channel encoding, error insertion, channel decoding and error concealment:

Source:

ETSI Server

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

Format:

PC command line executable

Programs:
ed_iface

Note that the input and output formats of ed_iface are different.

5.2.1 








5.2.2 
To process a speech file called input through the EFR GSM speech codec to produce a speech file called output, inserting errors from the AEG format error file pattern, use:

coder input bitstream nodtx

ed_iface bitstream decoded pattern -s x

decoder decoded output

where -s x is an option to skip 456x bits in the error pattern 
Note that input and output are headerless speech files containing 8kHz samples stored in 16-bit 2’s complement format; bitstream and decoded are (encoder and decoder) EFR GSM format files.

5.3 Full-Rate GSM Speech and Channel Codec

Source:

ETSI Server

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

Format:

PC (MS-DOS 6.20 and Windows NT version 4.0 command prompt)



HP 700 series (HP-UX A.09.05)



SUN SPARC (SunOS 4.1.3 and SunOS 5.4)

Programs:
fr_pc, fr_hp and fr_sun
These programs perform the Full-Rate GSM speech coding, channel coding, error insertion and error concealment functions.

To process a speech file through the Full-Rate GSM speech codec use:


fr_dos input output
(on a PC)

fr_hp input output
(on an HP 700 series)

fr_sun input output
(on a SUN SPARC)
input and output are headerless speech files containing 8kHz samples stored in 16-bit 2’s complement format.

5.4 G.711 A-law Codec

Source:

ITU-T

Location: 
STL 2000 sub-directory: g711

Format:

C source code

Program:
g711demo
To process a speech file through the G.711 A-law encoder and decoder speech codec use:


g711demo A lili input8 output8 160

5.5 G.726 ADPCM Codec

Source:

ITU-T

Location: 
STL-2000 sub-directory: g726

Format:

C source code

Program:
g726demo
The G.726 tool uses LOG-PCM input, hence it is necessary to process through g711demo prior to encoding, as shown below:


g711demo A lilo input8 pcmin8


g726demo A lolo 32 pcmin8 pcmout8


g711demo A loli pcmout8 output8

5.6 G.729 ACELP Codec

Source:

ITU-T

Location: 
ITU-T Sales Dept.

Format:

C source code

Program:
coder, decoder
To process a speech file through the G.729 ACELP encoder and decoder use:


coder input8 bsi8


decoder bsi8 output8

5.7 G.723.1 Codec

Source:

ITU-T

Location: 
ITU-T Sales Dept.

Format:

C source code

Program:
lbccodec
To process a speech file through the G.723.1 encoder and decoder speech codec use:


lbccodec -b -r63 input8 output8

5.8 Modulated Noise Reference Unit (MNRU)

Source:

ITU-T

Location: 
STL 2000 sub-directory: mnru

Format:

C source code

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


mnrudemo -Q x input8 output8 160
where x is the desired MNRU.

5.9 IS-127

Source:

TIA

Location: 
In CDROM attached to IS-718, “Minimum Performance Specification for the Enhanced Variable Rate Codec, Speech Service Option 3 for Spread Spectrum Digital Systems”, subdirectory simul/fixed/code

Format:

C source code

Program:
evrcfix [as compiled by the available makefile]
To purchase a copy, contact:

Global Engineering Documents

15 Inverness Way East

Englewood, CO 80112

USA
Tel: +1-303-397-7956

Fax: +1-303-397-2740

Email: global@ihs.com

To process a speech file through the TIA IS-127 EVRC encoder and decoder use:


evrcfix -n 0 -i input8 -o output8

Note: Option “-n 0” forces noise suppression off.

5.10 






6 Background Noise Files

The same noise as used in the AMR-NB Characterisation tests should be used.

Source:
ETSI Server

Location:
http://docbox.etsi.fr/tech-org/smg/Document/smg11/smg11_amr_nb/Noise_files
(already available to Host Lab from the AMR-NB Characterisation exercise)

Files: 
16kHz PCM: (GSM-weighted)
The background noise files shall be GSM-weighted and 8 seconds in length. The format shall be headerless PCM with samples stored in 16-bit 2’s complement format. Byte ordering shall be little-endian (PC format). The file-naming convention and talker assignment is given in Table 1 below.

Table 1: Mapping of noise files to talkers in Experiment 2

Noise Segment
Talker
File name

#1
M01
car1_msin_8-41.16k

#2
M02
car2_msin_8-41.16k

#3
F01
car3_msin_8-41.16k

#4
F02
car4_msin_8-41.16k

To get a copy of the files contact:

Paolo Usai

ETSI MCC

Tel : 33 4 92 94 42 36

email: paolo.usai@etsi.fr
7 Error Patterns for GSM-EFR

GSM channel static C/I error patterns are used in Experiments 1 and 2 for the GSM-EFR conditions, which simulate TU3 radio propagation (typical urban with 3km/h mobile speed) and are the same used in the AMR-NB Characterisation Phase. 

Source:
ETSI Server

Location: 
http://docbox.etsi.fr/tech-org/smg/Document/smg11/smg11_amr_nb/ERROR_PATTERNS/StaticEP/SEP_char (already available to Host Lab from the AMR-NB Characterisation exercise)

Format:
AEG error pattern format and C/I estimates

To get a copy of the files contact:

Paolo Usai

ETSI MCC

Tel : 33 4 92 94 42 36

email: paolo.usai@etsi.fr
The files provided by Ericsson include the error pattern files and C/I estimate files required to process static C/I conditions.

The mapping by error condition of the static error pattern files and associated C/I estimate files is given in Table 2. 

Table 2: File mapping for static C/I conditions.

Condition
Error pattern

file
C/I estimate

file

EP7
tu3ifh07
tu3ifh07.ci

EP10
tu3ifh10
tu3ifh10.ci

All conditions that require the insertion of channel errors should be processed using the static error patterns provided on the ETSI server. 

In Experiments 1 and 2, a different segment of the static error patterns will be used for each talker for the GSM-EFR conditions. The start position as a function of talker is given in Table 3. 

Table 3: File mapping of error patterns segments as 
a function of talker for the GSM-EFR codec.

Talker
Start position/bursts

male 1
0

female 1
1600

male 2
3200

female 2
4800

For example, when processing error condition EP7 through the EFR GSM reference codec with speech from female 2 use:


ed_iface bitstream decoded tu3ifh07.sep -s 1200
8 Error Patterns for 3G systems

Source:

NTT DoCoMo; Nortel Networks

Format:

see Annex B
To get a copy of the Error Patterns contact Nortel Networks and NTT DoCoMo as indicated in section 5.1.
Experiment 1 is divided into 3 sub-experiments. Tables 4A, 4B and 4C list the proposed Error Conditions for each sub-experiment, which include various combinations of direction, channel profile, speed and QoS (FER target value).
Table 4D lists the proposed error conditions for Experiment 2. In this experiment, car noise is used as background noise. Therefore, it seems appropriate to use Vehicular profiles for the uplink. For the downlink direction, other types of profiles are used in order to include the profiles other than vehicular in this test.
Table 4A: Error conditions for Experiment 1, sub-experiment A

EC
Direction
Path Profile
Speed
Target
Source

EC1A
Uplink
Vehicular-B
50 km/h
0.5% FER
Nortel Networks

EC2A
Uplink
Vehicular-B
50 km/h
1% FER
Nortel Networks

EC3A
Uplink
Vehicular-B
50 km/h
3% FER
Nortel Networks

EC4A
Downlink
Vehicular-B
120 km/h
0.5% FER
NTT DoCoMo

EC5A
Downlink
Vehicular-B
120 km/h
1% FER
NTT DoCoMo

EC6A
Downlink
Vehicular-B
120 km/h
3% FER
NTT DoCoMo

EC7A
Uplink
Pedestrian-B
3 km/h
0.5% FER
Nortel Networks

EC8A
Uplink
Pedestrian-B
3 km/h
1% FER
Nortel Networks

EC9A
Uplink
Pedestrian-B
3 km/h
3% FER
Nortel Networks

Table 4B: Error conditions for Experiment 1, sub-experiment B

EC
Direction
Path Profile
Speed
Target
Source

EC1B
Downlink
Vehicular-B
50 km/h
0.5% FER
NTT DoCoMo

EC2B
Downlink
Vehicular-B
50 km/h
1% FER
NTT DoCoMo

EC3B
Downlink
Vehicular-B
50 km/h
3% FER
NTT DoCoMo

EC4B
Uplink
Indoor-A
3 km/h
0.5% FER
Nortel Networks

EC5B
Uplink
Indoor-A
3 km/h
1% FER
Nortel Networks

EC6B
Uplink
Indoor-A
3 km/h
3% FER
Nortel Networks

EC7B
Downlink
Pedestrian-B
3 km/h
0.5% FER
NTT DoCoMo

EC8B
Downlink
Pedestrian-B
3 km/h
1% FER
NTT DoCoMo

EC9B
Downlink
Pedestrian-B
3 km/h
3% FER
NTT DoCoMo

Table 4C: Error conditions for Experiment 1, sub-experiment C

EC
Direction
Path Profile
Speed
Target
Source

EC1C
Uplink
Vehicular-B
120 km/h
0.5% FER
Nortel Networks

EC2C
Uplink
Vehicular-B
120 km/h
1% FER
Nortel Networks

EC3C
Uplink
Vehicular-B
120 km/h
3% FER
Nortel Networks

EC4C
Downlink
Indoor-A
3 km/h
0.5% FER
NTT DoCoMo

EC5C
Downlink
Indoor-A
3 km/h
1% FER
NTT DoCoMo

EC6C
Downlink
Indoor-A
3 km/h
3% FER
NTT DoCoMo

EC7C
Uplink
Pedestrian-A
3 km/h
0.5% FER
Nortel Networks

EC8C
Uplink
Pedestrian-A
3 km/h
1% FER
Nortel Networks

EC9C
Uplink
Pedestrian-A
3 km/h
3% FER
Nortel Networks

Table 4D: Error conditions for Experiment 2
EC
Direction
Path Profile
Speed
Target
Source

EC1D
Downlink
Pedestrian-B
3 km/h
0.5% FER
NTT DoCoMo

EC2D
Downlink
Pedestrian-B
3 km/h
1% FER
NTT DoCoMo

EC3D
Uplink
Vehicular-A
50 km/h
0.5% FER
Nortel Networks

EC4D
Uplink
Vehicular-A
50 km/h
1% FER
Nortel Networks

EC5D
Uplink
Vehicular-B
120 km/h
0.5% FER
Nortel Networks

EC6D
Uplink
Vehicular-B
120 km/h
1% FER
Nortel Networks

Table 6 lists the AMR Codec Modes tested for each Error Conditions. Each couple (Error Condition, AMR Codec Mode) requires one dedicated Error Pattern.

A total of 138 Error Patterns will be prepared for the AMR-NB 3G Characterization:

-
74 Uplink Patterns will be provided by Nortel Networks,

-
56 Downlink Patterns will be provided by NTT DoCoMo,


8 Error-free Patterns will be provided by NTT DoCoMo
The length of each pattern is 32 seconds, which corresponds to 1600 speech frames.

Given that each error pattern will be applied on several speech files, an offset in number of speech frames will be introduced for each kind of talker. The start positions as a function of talker are given in Table 5.

Table 5: Mapping of WCDMA channel error patterns segments 
as a function of talker for the AMR-NB codec.

Talker
Start position/frames

male 1
0

female 1
400

male 2
800

female 2
1200

The instructions for inserting a frame offset when processing an AMR speech samples with channel errors are provided in Section 5.1.2.
The following naming convention is used for all Error Patterns files except EC0 Error Patterns:

ECXA_aaa.ep
Error Patterns for Experiment 1A

ECXB_aaa.ep
Error Patterns for Experiment 1B

ECXC_aaa.ep
Error Patterns for Experiment 1C

ECXD_aaa.ep
Error Patterns for Experiment 2 (EC1 and 2)

ECX2_aaa.ep
Error Patterns for Experiment 2 (EC3, 4, 5, and 6)
where aaa indicates the AMR codec mode for which the Error Pattern is intended.

aaa can take any value among 122, 102, 795, 740, 670, 590, 515 or 475

and x indicates the Error Pattern number between 1 and 9.
The file naming convention for EC0 Error Patterns is EC0X_aaa.ep where aaa has the same coding as before.
Table 6: Patterns to produce for each AMR mode
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Annex A (informative):
AEG error pattern format (for GSM-EFR)

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:





where 

 is the probability that the chip was received in error.

Annex B (Normative):
3G Error Patterns File Format
B.1. File format

The format of provided error pattern is identical to that of the output of the AMR encoder defined by TS 26.073. Every 250 16-bit words contain frame error flag, bit errors and mode indication for one AMR frame. Each word is represented by little endian, i.e. PC format. 

The first word indicates frame error flag if the frame is erased or not. A frame is regarded as RX_SPEECH_BAD (0x0003) if bit errors in class A including radio CRC are detected. If no error is detected, value of this word is RX_SPEECH_GOOD (0x0000).

The next 244 words contain flags for every encoded bit of each speech frame if bit is correct or not. A value of 0x0001 makes a bit error while a 0x0000 indicates that corresponding bit is correct. If the bitrate is less than 12.2 kbps, rest of the 244 words are not used and are padded by 0x0000.

The next one word represents a mode used which are derived from a result of TFCI decoding.

The last 4 words are not used and padded by 0x0000.

Annex C (Normative)
Functionality of the AMR-3G EID

C.1
General

The EID operates as a separate program on an input speech codec bit file and produces an output speech codec bit file. The format of these files is assumed to comply with the format produced by AMR encoder defined by TS 26.073. Further input file to the EID is and error pattern file, which format complies with the definition described in Annex B. The EID provides the following command line parameter controlling its operation:

· Position
This parameter defines a time offset into the W-CDMA channel error files. The time basis of this parameter is a frame of 20 ms.

C.2
Specific operation

The EID operates on frame basis. It reads speech codec bit frames of size as specified in TS 26.073. It reads the frame error flag, bit errors and mode for the corresponding frame from the error pattern file. On each speech codec frame the following operation is applied:

· The first one word of input speech codec frame is replaced by that of error pattern file.
· Each 244 words following the first word are processed by XOR operation with corresponding word of error pattern file.
· The mode is replaced by that of error pattern file.
Annex D (Informative)
WCDMA channel simulator settings for AMR-NB 3G Characterization

D.1. General
· Maximum source bit rate is 12.2 kbit/s, errored frames of size 20 ms will be used

· CRC size class a is 12 bits

· Vehicular-B, Vehicular-A, Indoor-A, Pedestrian-A and Pedestrian-B channel profile

· UE Speed: 3 km/h for Indoor-A, Pedestrian-A and Pedestrian-B. 50 km/h and 120 km/h for Vehicular-B. 50 km/h for Vehicular-A
· Normal frames (not compressed)

· Slot format UL: A spreading factor of 64 for the UL implies slot format  #2 to be used for the DPDCH and a spreading factor of 128 for the UL implies slot format #1 to be used for the DPDCH. For DPCCH non-compressed frame formats and no DL transmitter diversity imply to use slot format #0.
· Channel coding: Channel coding based on convolutional codes defined in ISG document [(reference number is needed)] is used. 

· Rate matching: In order to accomplish the generation of error patterns,  median values of rate matching defined in ISG document [(reference number is needed)]. 
· Other simulation settings, as e.g. power control and channel estimation should be as realistic as possible.
· The BER on the TPC bits is 4%.
D.2. Uplink
· Spreading factor is 64 for the speech bitrate higher than 5.15 kbps otherwise 128.
· UL receiver diversity is used.
· TFCI is not used but transmitted.
· Slot format: A spreading factor of 64 and 128 for the UL depends on source bitrate and non-compressed frame format imply slot format #0 to be used for DPCCH (6 pilot bits + 2 TFCI + 2 TPC).
· Gain factors: the gain factor for DPCCH is 11 and the gain factor for DPDCH is 15.

· Interferences: modelisation with AWGN channel.
· Power control delay is 1 Time Slot after the measuring.
D.3. Downlink

· Spreading factor is 128 for the speech bitrate higher than 5.15 kbps otherwise 256.
· No DL transmitter diversity.
· No TFCI is used.
· Plot bits for DL is 4 bit/slot.
· Slot format: A spreading factor of 128 and 256 for the DL depends on source bitrate and non-compressed frame format imply slot format #12 to be used for DPDCH and DPCCH. 

· One gain factor: the gain factors for DPCCH and DPDCH are assumed to be equal.
· Interferences: Channel setting conforms to Table C.3 of TS 25.101. 
· Power control delay is 1 TPC slot as described in Annex B of TS 25 214.
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