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Introduction

This document defines how speech material must be prepared for the WB-AMR Characterisation Phase subjective experiments, and provides details of the software modules and files required. It should be read in conjunction with the WB-AMR Characterisation Test Plan (WB-8c). Version (Version 1.0) was used to perform Experiments 1-6 of the Characterisation Phase (“Phase 1A”) and version 0.5 will be used to perform Experiments 7-8 (Phase 1B). The document may require refinements when the EDGE and conversational and streaming packet application error patterns become available.
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

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

Host laboratories 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:

ITU-T

Location: 
http://ties.itu.int/u/tsg16/sg16/wp3/q10

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 and 3GPP Servers

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


WEB:

www.etsi.org

3 Responsibilities

Each listening laboratory has the responsibility to pre-process the speech samples it provides to the relevant host laboratory (see Table 1) according to Section 4.2.1 and Section 4.3.1, with the exception of the summation of the speech and background noise files (see Figure 2). Noise summation is the responsibility of the host laboratory. The allocation of listening and host laboratories to experiments is given in Table 1.

Table 1: Allocation of listening and host laboratories to experiments.

	
	
	
	
	
	Host Lab
	Cross-check Lab

	Phase
	Exp
	Noise
	Language
	Type
	LMGT
	ARCON
	LMGT
	ARCON

	
	1A
	Quiet
	En/Fi
	ACR
	BT
	NO
	NO
	BT

	
	2A
	Quiet
	En/Fr
	ACR
	LM
	FT
	FT
	LM

	
	3A
	Quiet
	En
	ACR
	DY
	-
	-
	DY

	1A
	4A
	Ofc, Str, Car(15), Caf
	En
	DCR
	NN
	-
	-
	NN

	
	5A
	Quiet
	Fr/Ge
	ACR
	FT
	DT
	DT
	FT

	
	6A
	Car(15)
	En
	DCR
	LM
	-
	-
	LM

	
	6B
	Ofc
	Fi
	DCR
	-
	NO
	NO
	-

	
	7A
	Quiet
	Ge
	ACR
	-
	DT
	DT
	-

	
	7B
	Quiet
	En
	ACR
	BT
	-
	-
	BT

	1B
	8A
	Car(10)
	Ja
	DCR
	NA
	-
	-
	NA

	
	8B
	Str
	Sp
	DCR
	-
	DY
	DY
	-

	
	8C
	Caf
	En
	DCR
	-
	AR
	AR
	-

	
	:
	
	
	Total
	8
	7
	7
	8


	Legend:
	- Ofc: Office noise at 20 dB SNR; Str: Street noise at 15 dB SNR; Car(15): Static car noise at 15 dB SNR; 
Car(10): Static car noise at 10 dB SNR; Caf: cafeteria noise at 15 dB SNR;
- En: English; Fi: Finnish; Fr: French; Ge: German; Ja: Japanese; Sp: Spanish;
- AR(r): ARCON; BT(b); DT(d) ;DY(y): Dynastat; FT(f); LM(l): LMGT; NA(n): NTT-AT; NN(t): Nortel Networks; 
NO(k): Nokia.

	Note:
	- Experiment 3(A) is narrow-band and uses GSM-weighting; all other experiments use P.341 weighting.


The host laboratory function in the AMR-WB characterization phase will be shared between ARCON and LMGT (herein the Host Laboratories).

4 Processing Stages for WB-AMR Experiments

This Section defines, in the form of diagrams, the processing stages required by the WB-AMR characterisation experiments. The figures in Section 4.2 apply to wideband conditions (all experiments except Exp. 3). The figures in Section 4.3 apply to the conditions in Exp. 3.

For experiments where all processing stages are performed at 16kHz (all experiments except Exp. 3), listening laboratories need to provide input speech pre-processed with using P.341 filter characteristic. For Exp 3, the listening laboratory must provide speech material that has been pre-processed with the GSM-send filter characteristic.
4.1 File concatenation, separation and module initialisation

In all experiments, speech material will be processed in concatenated files comprising a 10-second preamble and four 8-second sentence pairs (42 seconds in total). Concatenated files must be processed for every condition, each corresponding to a speech sample number, as defined in Table 2.

Table 2: Concatenation sequence for all speech Experiments (1 to 9)

	Sample
	Talker sequence in concatenated files

	Number
	1st
	2nd
	3rd
	4th

	1
	M01
	F01
	M02
	F02

	2
	M02
	F02
	M01
	F01

	3
	F02
	M02
	F01
	M01

	4
	F01
	M01
	F02
	M02


In all experiments, each concatenated input file should be processed in a single pass, i.e. the processing modules should be reset only once, at the start of the file. See the test plan for the mapping of the speech samples on the basis of condition and presentation order.

In Experiments where error patterns are used, the start of the error pattern must be aligned with the start of the concatenated file.

Speech files should be concatenated after level adjustment, and prior to down-sampling (Exp 3 only). For conditions that include background noise, the speech files must be concatenated prior to the addition of the background noise (see Figure 2), which will be provided in 42-second files. The preamble in the speech path should not be digital silence (i.e. 16-bit samples equal to zero), but a low-level noise with amplitude between +4 and -4, in order to avoid possible codec divergence.

Processed concatenated files should be divided into separate speech samples and named as specified in the test plan. This must be performed after all other processing stages (see Sections 4.2.4 and 4.3.5), and a cosine (Hanning) window of duration 100ms applied to the start and end of the separated files. The procedure for splitting and windowing concatenated files is described in Section 5.3.1.

4.2 Wideband Conditions

4.2.1 Pre-Processing
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Figure 1: Pre-processing of P.341 filtered speech-only file.
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Figure 2: Pre-processing of P.341 filtered speech and noise file. (Note: the process for scaling all background noise types is described in Annex A.)

4.2.2 Rounding and Scaling
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Figure 3: Rounding and scaling for wideband conditions
(X indicate crosscheck points).

4.2.3 Processing Stages


[image: image4.wmf]14-bit level

adjusted 16kHz

P.341 file

wideband encoder

wideband decoder

processed 16kHz

file


Figure 4: Processing of G.722/G.722.1 conditions.
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Figure 5: Processing of WB-AMR conditions.
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Figure 6: Processing of simulated tandem connection with two wideband codecs.
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Figure 7: Processing of speech by wideband MNRU.
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Figure 8: Processing of speech for ‘direct’ condition.

4.2.4 Post-processing
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Figure 9: Post-processing

4.3 Hybrid conditions

The processing in this Section applies only to conditions in Experiment 3.

4.3.1 Pre-Processing
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Figure 10: Pre-processing of GSM-send filtered speech file.

4.3.2 Up and Down-Sampling, Rounding and Scaling
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Figure 11: Sample-rate conversion and rounding for direct, MNRU, AMR-WB (no-tandem), and narrowband(wideband tandem conditions (X indicate crosscheck points).
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Figure 12: Sample-rate conversion and rounding for wideband(narrowband tandem conditions
(X indicate crosscheck points).


[image: image13.wmf]Narrowband

processing

(see figs 14 - 19)

Clipping and

16->13 bit

conversion

(

with rounding)

16->13 bit

conversion

(

with rounding)

16kHz GSM pre-

processed file

(fig.10)

2:1 down-

sampling using

high-quality filter

1:2 up-sampling

using high-quality

filter

16kHz processed

file

(X)

(X)


Figure 13: Sample-rate conversion and rounding for narrowband ( narrowband conditions
(X indicate crosscheck points).

4.3.3 Narrowband Processing Stages
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Figure 14: Narrowband processing stages for AMR-WB (no-tandeming) conditions.
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Figure 15: Narrowband processing stages for tandem codec conditions
 (AMR-NB/AMR-WB or G.729/AMR-WB).
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Figure 16: Tandem simulation for 3 tandem G.729.
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Figure 17: Processing of 4 tandem G.726 condition.
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Figure 18: Narrowband processing for MNRU conditions.
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Figure 19: Narrowband processing of speech for ‘direct’ condition.

4.3.4 Wideband Processing Stages
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Figure 20: Wideband processing stages for AMR-WB conditions (single coding and tandem).
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Figure 21: Wideband processing stages processing for ‘direct’ and MNRU conditions.

4.3.5 Post-processing

The post-processing is identical to that described in Section 4.2.4. Although subjects will hear predominantly narrowband signals, the M-IRS receive characteristic is not used in Experiment 3, because this could hide any spurious energy generated above 4kHz by the wideband codec in the narrowband into wideband tandem conditions.

5 Pre- and Post- Processing Modules

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

5.1 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, sv56, unsup

Format:

C source code

Program:
filter, sv56demo, oper, concat (Version 1)

Source:

BT

Format:

C source code

Program:
add
5.1.1 P.341 filtering

To produce a P.341 filtered speech file use:


filter P341 input16 output16 320

5.1.2 GSM-send filtering

To produce a modified-IRS filtered speech file use:


filter MSIN input16 output16 320

5.1.3 P.56 speech file level adjustment

To produce a normalise the P.56 level of a 16kHz speech file to -26dBov use:


sv56demo -lev -26 -sf 16000 input16 output16 320

5.1.4 Noise file level adjustment

The procedure for scaling a noise file to obtain the correct SNR is described in Annex A (normative). This procedure shall be followed for all noise types.

5.1.5 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:


add input16 noise16 output16

Alternatively, this can be performed as follows using the oper command from the STL2000 R3 unsup directory:


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

5.1.6 File concatenation

Source:

ITU-T

Location: 
http://ties.itu.int/u/tsg16/sg16/wp3/q10/concatv2.zip

Format:

C source code

Program:
concat (Version 2)

To concatenate files, the concat command can be used from the STL2000 R3 unsup directory or from the FTP location above (for an updated version):

concat file1 [file2 files3 ...] catfile (Version 1.0)
or

concat [-undo undo.txt] file1 [file2 files3 ...] catfile (Version 2.0)
where file1... are the files to be concatenated and catfile is the concatenated file. For concat Version 2, ASCII file undo.txt will contain a script that can be used to separate the concatenated file catfile. In all other respects, concat versions 1 and 2 are identical.

5.2 Down-sampling, scaling and rounding

Source:

ITU-T

Location: 
STL 2000 sub-directory: fir, utl

Format:

C source code

Program:
filter, scaldemo
The gain values to be used in these processing stages are specified in Table 3.

Table 3: Gain values for processing stages.

	Speech level

for condition
	Value of x for scaldemo (dB)

	
	Prior to processing stage
	After processing stage

	-16dBov
	Gi= 10
	Go= -10

	-26dBov
	Gi= 0
	Go= 0

	-36dBov
	Gi= -10
	Go= 10


5.2.1 Wideband scaling

To scale a 16kHz file by Gi dB use:


scaldemo -dB -gain Go -bits 16 -round -nopremask -blk 320 input16 output16

5.2.2 Wideband rounding to 14 bits

To round a 16kHz file to 14-bit resolution use:


scaldemo -lin -gain 1 -bits 14 -round -nopremask -blk 320 input16 output16

5.2.3 Narrowband rounding to 13-bits

To round an 8kHz file to 13-bit resolution use:


scaldemo -lin -gain 1 -bits 13 -round -nopremask -blk 160 input8 output8

5.2.4 Up-sampling from 8kHz to 16kHz

To up-sample an 8kHz file to a 16kHz file using the high-quality characteristic use:


filter -up HQ2 input8 output16 160

5.2.5 Down-sampling from 16kHz to 8kHz

To down-sample a 16kHz file to an 8kHz file using the high-quality characteristic use:


filter -down HQ2 input16 output8 160

5.3 Post-processing 

5.3.1 File separation and windowing

Source:

ITU-T

Location: 
STL-2000 sub-directory: unsup

Format:

C source code

Program:
astrip
In experiments where background noise is present, it is necessary apply a 100ms Hanning window to the start and end of the file.

To window a 16kHz file in experiments where there is no file concatenation use:


astrip -smooth -wlen 1600 -blk 320 input16 output16

To extract the nth d second file from a concatenated 16kHz file that has an S second header, use:


astrip -smooth -wlen 1600 -blk 16000 -start x -n d input16 output16

where:


x=S+1+(n-1)d
6 Codecs and Reference Processes

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

6.1 AMR narrowband codec

Version 4.0.0 of the Adaptive Multi-Rate (AMR) narrowband speech codec is available from:

Source:

3GPP Server: 

Location: 
http://www.3gpp.org/ftp/TSG_SA/NG4_CODEC/Specs_update_after_SA11/26073-400.zip

Format:

ANSI C-code

Programs:
coder and decoder 

To process a speech file through the AMR speech codec, use:


coder [-dtx] <amr_mode|-modefile=mode_file> input8 bitstream


decoder [-rxframetype] bitstream output8

where -dtx enables the DTX mode, amr_mode is the AMR Mode (MR475, MR515, MR59, MR67, MR74, MR795, MR102, or MR122) and mode_file is an ASCII file specifying the AMR modes to be used (one line per speech frame), and -rxframetype specifies that the bitstream contains RX frames (instead of TX frames). Either amr_mode or mode_file has to be specified.

6.2 AMR wideband codec

See Annex B for usage description of the AMR-WB codec version 1.4.1 for the AMR-WB Characterisation Phase.

6.3 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

6.4 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. For single encoding, use:


g711demo A lilo input8 pcmin8


g726demo A lolo 32 pcmin8 pcmout8


g711demo A loli pcmout8 output8

For multiple transcoding use:


filter -q -delay 43 -async PCM output8 newinput8

to implement the 43-sample delay & G.712 asynchronous tandeming filter block in Figure 17
6.5 G.729 ACELP Codec

Source:

ITU-T

Location: 
http://www.itu.int/itudoc/itu-t/rec/g/g700-799/g729.html

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

6.6 G.722 Codec

Source:

ITU-T

Location: 
STL 2000 sub-directory: g722

Format:

C source code

Program:
g722demo
To process a speech file through the G.722 encoder and decoder speech codec use:


g722demo –mode 1 [or 2 or 3] input16 output16

In the syntax above, modes 1, 2, and 3 indicate 64, 56, and 48 kbit/s operation, respectively.

6.7 G.722.1 Codec

Source:

ITU-T

Location: 
http://www.itu.int/itudoc/itu-t/approved/g/g722-1.html (current as of March 2, 2001)



http://www.itu.int/itudoc/itu-t/rec/g/g700-799/g722-1.html

Format:

C source code

Program:
encode and decode
To process a speech file through the G.722.1 encoder and decoder speech codec use:


encode <0|1> input16 bitstream rate


decode <0|1> output16 bitstream rate

where 0 indicates a Compact bitstream, 1 indicates a G.192-compliant bitstream, bitstream is a G.722.1 (compact or G.192), and rate is the desired bitrate (in bit/s, i.e. either 24000 or 32000). For the bitstream format, either 0 or 1 must be specified.

6.8 Modulated Noise Reference Unit (MNRU)

Source:

ITU-T

Location: 
STL 2000 sub-directory: mnru

Format:

C source code

Program:
mnrudemo
6.8.1 Wideband experiments

To produce a 16kHz MNRU processed file called output from a speech file called input use:


mnrudemo -Q x input16 output16 320
where x is the desired MNRU value.

6.8.2 Narrowband experiments

To produce an 8kHz MNRU processed file called output from a speech file called input use:


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

6.9 Tandeming delay

Source:

ITU-T

Location: 
STL-2000 sub-directory: unsup

Format:

C source code

Program:
fdelay
The insertion of delay in the tandem conditions will be accomplished by concatenating a file containing PCM silence with the subject file (e.g. using cat in Unix) or using the STL2000 tool fdelay. 

6.9.1 Wideband experiments

This can be accomplished with the following command:


fdelay -dec 0 -delay 86 input16 output16

delay86 is a PCM file containing 86 16-bit samples equal to zero.

6.9.2 Narrowband experiments

This can be accomplished with the following command:


fdelay -dec 0 -delay 43 input8 output8

Please note that this should not be used for asynchronous tandem operation for G.726, since because of the synchronous tandem property of G.726, filtering associated with delay is necessary. Please consult Section 6.4 for specific instructions in this case.

7 Background Noise Files

Source:

ARCON

Location: 
ARCON FTP Server

Files: 

16kHz PCM

Details of how to download the noise files from the ftp servers will be sent directly to the candidate proponents.

The background noise files shall be at least 42 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 is given below:

	Noise Type
	Description
	Unweighted
	P.341 weighted

	Cafeteria noise
	Cafeteria noise with NAE background speech
	caf-41dbov.16k
	caf-41dbov.341

	Vehicle noise
	Static car noise (Saab 9/5 SE at 60 mph highway & ~90dB SPL linear)
	car-41dbov.16k

car-36dbov.16k
	car-41dbov.341

car-36dbov.341

	Office noise
	Office with some NAE background speech
	ofc-46dbov.16k
	ofc-46dbov.341

	Street noise
	Street noise with traffic and minimal background speech
	str-41dbov.16k
	str-41dbov.341


8 Error Insertion Device

The error insertion device function will be performed by the AMR-WB executable described in Annex B.

9 Error Patterns

In experiments that do not include errors (Experiments 1, 2, 3 and 4), channel codecs should be by-passed to improve execution speed. For the remaining experiments, error-free conditions must be processed using the appropriate channel codec and error-free pattern for the application. Since all concatenated files are 42 seconds long (see Section 4.1), all error patterns shall cover the equivalent of 42 seconds of speech.
9.1 Static error patterns for Applications A and B and the EFR reference

Source:

3GPP server [courtesy of Nortel Networks]: http://www.3gpp.org/ftp
Location: 
TSG_SA/WG4_CODEC/AMR-Wideband/AMR-WB_Characterization_Phase/EP_GMSK/
Format:

Annex C

Files: 

amrwb_char_ep_gsm_gmsk.zip

The archive amrwb_char_ep_gsm_gmsk.zip contains the error pattern files listed in Table 4. The mapping of static error pattern files by error condition for applications A and B is also given in the same table. The start of the static error patterns should be aligned with the start of the concatenated files.

Table 4: Mapping of static error patterns for applications A, B and EFR reference by error condition.

	Condition
	Error pattern
	
	Condition
	Error pattern

	EC3
	tu3ifh03.swp
	
	EC11
	tu3ifh11.swp

	EC4
	tu3ifh04.swp
	
	EC12
	tu3ifh12.swp

	EC5
	tu3ifh05.swp
	
	EC13
	tu3ifh13.swp

	EC6
	tu3ifh06.swp
	
	EC14
	tu3ifh14.swp

	EC7
	tu3ifh07.swp
	
	EC15
	tu3ifh15.swp

	EC8
	tu3ifh08.swp
	
	EC16
	tu3ifh16.swp

	EC9
	tu3ifh09.swp
	
	EC19
	tu3ifh19.swp

	EC10
	tu3ifh10.swp
	
	No errors
	tuifh100.swp


In Experiments 1, 2, 3 and 4, for applications A and B and the EFR reference all conditions that require the insertion of channel errors should be processed using the static common error patterns displayed in Table 4, i.e. the static common error patterns should be used for both the AMR-WB codec in application A and B and the GSM EFR reference codec. In order to make processing scripts less complicated also the no errors conditions will be simulated with a pseudo error pattern containing no errors (tuifh100.swp).

9.2 Application C [Phase II - TBD]:

The following description is provisional.

Source:

3GPP server [Nortel Networks]

Location: 
TSG_SA/WG4_CODEC/AMR-Wideband/ EID_EP_SCRIPT_Selection_Phase

Format:

Annex G

The directory contains the following files: 

edge25.ep, edge22.ep, edge19.ep, edge16.ep 

The mapping of EDGE 8PSK error pattern files by error condition for applications C is given in Table 5. The start of the static EDGE 8PSK error patterns should be aligned with the start of the concatenated files.

Table 5: Mapping of static error patterns for applications C

	Condition
	Error Pattern 

	C/I 16
	edge16.ep

	C/I 19
	edge19.ep

	C/I 22
	edge22.ep

	C/I 25
	edge25.ep


9.3 Application E:

Source:

3GPP server [Ericsson, Siemens]

Location: 
TBD
Format:

Annex D

Files: 

See description below

The 3G error patterns of Application E will adhere to the following file naming convention:


PPPPPPPP_RRRR_ferFF%_DD.3gp

where PPPPPPPP is the profile name in Table 6; RRRR is the codec bit rate (mode) in Table 7; FF is a label for the FER rate (05 for 0.5%, 10 for 1%, and 30 for 3%); and DD is the direction (dl for downlink and ul for uplink).

Table 6: 3G Error pattern profile label and description

	Pattern name
	Channel Condition
	Description

	indoora3
	Indoor 3 km/h
	Indoor profile A at 3 km/h

	pedesta3
	Pedestrian 3 km/h
	Outdoor-to-indoor profile A at 3 km/h

	vehic050
	Vehicular 50 km/h
	Vehicular profile A (50 km/h)

	vehic120
	Vehicular 120 km/h
	Vehicular profile B (120 km/h)


Table 7: 3G Error pattern file bit rate labels

	RRRR
	Mode
	Bit rate

	0660
	0
	6.60 kbit/s

	0885
	1
	8.85 kbit/s

	1265
	2
	12.65 kbit/s

	1425
	3
	14.25 kbit/s

	1585
	4
	15.85 kbit/s

	1825
	5
	18.25 kbit/s

	1985
	6
	19.85 kbit/s

	2305
	7
	23.05 kbit/s

	2385
	8
	23.85 kbit/s


The extension .3gp is to designate that the error pattern is a 3G pattern. E.g. for Indoor A, 3 km/h, 6.6 kbit/s, downlink with 0.5% FER, the file name is indoora3_0660_fer05%_dl.3gp.

For application E all conditions should be processed using the common WCDMA channel error patterns. The start of the static error patterns should be aligned with the start of the concatenated files. In order to make processing scripts less complicated also the error-free conditions will be simulated with an error pattern containing no errors (noerrors_RRRR.3gp). It is necessary to have a no-error pattern for each of the AMR-WB modes.

Annex A (normative): Noise scaling procedure for wideband experiments

Source:

ITU-T

Location: 
STL sub-directory: sv56, utl

Format:

C source code

Program:
filter, actlev, scaldemo
Vehicle noise contains a large amount of energy at frequencies around 100Hz. Although audible to the human ear, this low frequency energy is perceived as being substantially quieter then signals in the telephone band (300 - 3400Hz). The P.341 filter characteristic pass-band extends from 50Hz to 7kHz, and therefore fails to remove this low frequency energy from vehicle noise signals.

If vehicle noise is scaled on the basis of the R.M.S. level after P.341 filtering, the perceived level of the scaled noise signal is very low. This is because the majority of the signal energy is present at frequencies where the ear is relatively insensitive. This finding can be easily verified using the O.41 psophometric weighting filter in the STL.

The following process scales the noise to a perceptually meaningful level by using the GSM filter
 to remove perceptually unimportant frequencies from the SNR calculation:

Step 1:

The unfiltered 16kHz noise file unfilt16 is filtered using the GSM send filter as follows:


filter GSM1 unfilt16 gsm16 320

Step 2:


The scaling factor F (in dB) to be applied to the P.341 filtered noise signal is calculated as:
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Equation 1

where R is the R.M.S. signal level of the M-IRS filtered noise signal expressed in dBov; S is the target SNR in dB. R is printed out as part of the output of the following command line argument:


actlev -sf 16000 -blk 320 mirs16

Step 3:

The noise can then be P.341 filtered and scaled to the desired level using:


filter P341 unfilt16 temp1 320

 
scaldemo -dB -gain F -bits 16 -round -nopremask -blk 320 temp1 noise16

where F is the value obtained in Step 2.

Annex B (normative): Specification of AMR-WB interface

Source:

Nokia

Format:

ANSI C-code

Programs:
nsim_fix.exe (for Windows NT)
This annex specifies the interface for the AMR-WB implementation used in the characterisation test. The command line call of the AMR-WB will depend on the experiment.  The different command lines for the experiments are described below. The detailed description of the codec parameters is given in Table B.1.

In experiments that do not include errors (Experiments 1, 2 and 3), the channel is by-passed to improve execution speed. For the remaining experiments, error-free conditions must be processed using the appropriate channel codec and error-free pattern for the application specified.

B.1
Command line call for the AMR-WB codec in Experiments 1, 2 and 3 (error-free)

nsim_fix.exe –m <mode> <input16> <output16>

B.2
Command line calls for the AMR-WB codec in Experiment 4 (VAD/DTX used)

DTX ON:
nsim_fix.exe –dtx –m <mode> -e <epfile> -s <offset> <input16> <output16>
DTX OFF:
nsim_fix.exe –m <mode> -e <epfile> -s <offset> <input16> <output16>
If the option -dtx is not used, the codec always turns the operation DTX off.

B.3
Command line call for the AMR-WB codec in Experiments 5, 6a and 6b (GSM GMSK channels)

nsim_fix.exe –m <mode> -e <epfile> -s <offset> <input16> <output16>

B.4
Command line call for the AMR-WB codec in Experiments 7a, 7b, 8a, 8b and 8c (3G channels)

nsim_fix.exe –3g –m <mode> -e <epfile> -s <offset> <input16> <output16>

If the option -3g is not used, the codec will assume that GSM GMSK error patterns are used.

Table B.1: Parameters for candidate codec interface

	Parameter
	Description

	<mode>
	Speech codec mode (0-8): 0=6.6 kbit/s, 1=8.85 kbit/s, 2=12.65 kbit/s, 3=14.25 kbit/s, 4=15.85 kbit/s, 5=18.25 kbit/s, 6=19.85 kbit/s, 7=23.05 kbit/s, 8=23.85 kbit/s

	<epfile>
	error pattern for GSM/TCH and 3G conditions

	<offset>
	Offset into error pattern (expressed in 20ms frames)

	<input16>
	Input speech filename

	<output16>
	Output speech filename


B.5
Platform for the executable

Nokia provides the AMR-WB executable including speech and channel codec and error insertion to the host labs. The host system will be PC running Windows NT4.0.

Annex C (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:





where 

 is the probability that the chip was received in error.

Annex D (normative): File formats of WCDMA channel error files

The format of provided error pattern is similar to that of the output of the AMR-WB encoder defined by TS 26.173. Every x 16-bit words contain a frame type flag, a frame error flag, a mode flag and bit errors for one AMR-WB frame, where x is the number of source bits. The error pattern file format is little endian, i.e. PC format.

The first word indicates the frame type, whereby 0x6B20 indicates a frame of type RX_TYPE. The second word contains the frame error flag indicating whether 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 third word indicates the codec mode (0=6.6 kbit/s, 1=8.85 kbit/s, 2=12.65 kbit/s, 3=14.25 kbit/s, 4=15.85 kbit/s, 5=18.25 kbit/s, 6=19.85 kbit/s, 7=23.05 kbit/s, and 8=23.85 kbit/s).
The next x 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 the corresponding bit is correct.

Table D.1 below summarises the frame format of the EP-pattern file for each of the modes:

Table D.1: AMR-WB bitstream information

	Mode
	1st word
(Frame Type)
	2nd word
(Frame error flag)
	3rd word
(Mode flag)
	Next words

(Error bits)
	Frame length in words

	6.60 kbit/s
	0x6B20
	0x0000/0x0003
	0x0000
	132 words (0x0000/0x0001)
	135

	8.85 kbit/s
	0x6B20
	0x0000/0x0003
	0x0001
	177 words (0x0000/0x0001)
	180

	12.65 kbit/s
	0x6B20
	0x0000/0x0003
	0x0002
	253 words (0x0000/0x0001)
	256

	14.25 kbit/s
	0x6B20
	0x0000/0x0003
	0x0003
	285 words (0x0000/0x0001)
	288

	15.85 kbit/s
	0x6B20
	0x0000/0x0003
	0x0004
	317 words (0x0000/0x0001)
	320

	18.25 kbit/s
	0x6B20
	0x0000/0x0003
	0x0005
	365 words (0x0000/0x0001)
	368

	19.85 kbit/s
	0x6B20
	0x0000/0x0003
	0x0006
	397 words (0x0000/0x0001)
	400

	23.05 kbit/s
	0x6B20
	0x0000/0x0003
	0x0007
	461 words (0x0000/0x0001)
	464

	23.85 kbit/s
	0x6B20
	0x0000/0x0003
	0x0008
	477 words (0x0000/0x0001)
	480


Annex E (Normative): Functionality of the WCDMA EID

E.1
General

The EID operates as a separate program on an input encoded bitstream file and produces an output bitstream file. The format of these files is assumed to comply with the format produced by AMR encoder defined by TS 26.173. Further input file to the EID is and error pattern file, which format complies with the definition described in Annex D. 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.

E.2
Specific operation

The EID operates on frame basis. It reads speech codec bit frames of size as specified in TS 26.173. It reads the type of frame type, frame error flag mode and bit errors 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 0x6b20.
· The second word of input speech codec frame is replaced by that of error pattern file (frame error flag/frame type).
· The mode is replaced by that of error pattern file.
· Each x words following the first three words are processed by XOR operation with corresponding word of error pattern file, where x is the number of source bits in each mode.
Annex F (Informative): WCDMA channel simulator settings for application E (TBD)

The following has been extracted from document S4-010338. However, it should be noted that, using the rate matching attributes defined in the document, there is no guarantee that the required residual BER of class B bits of 0.1% at a BLER of 0.7% (TS 26.202 AMR-WB speech codec; interface to Iu and Uu: S4-010186R) will be obtained. Hence, the organisation providing the error patterns has to set the rate matching attributes in a way such that this target point of operation can be met.

F.1. General

· Maximum source bit rate is 23.85 kbit/s, frames of size 20 ms will be used

· CRC size for class A bits is 12 bits

· Channel: Vehicular-A, Vehicular-B, Indoor-A, and Pedestrian-A channel profiles

· UE Speed: 
· 3 km/h for Indoor-A and Pedestrian-A
· 50 km/h for Vehicular-A

· 120 km/h for Vehicular-B
· Compressed mode is not used

· Channel coding: Channel coding based on convolutional codes of rate 1/3 is used. 

· Rate matching: In order to accomplish the generation of error patterns median values of rate matching are defined in Annex B. 
· 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%.

F.2. Uplink
· Spreading factor is 64. (Spreading factor is 32 if signaling channel is added).

· UL receiver diversity is used.

· TFCI is not used but transmitted.

· Slot format: A spreading factor of 64 for the UL 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.

· Interference: modelling with AWGN channel.

· Power control delay is 1 Time Slot after the measuring.
F.3. Downlink

· Spreading factor is 128 for the modes 6.6 – 15.85 kbit/s. Spreading factor is 64 for modes 18.25 – 23.85 kbit/s.

· No DL transmitter diversity.

· Slot format: For the spreading factor 128 a non-compressed frame format implies slot format #11 (8 pilot bits, 2 TFCI bits and 2 TPC bits per slot). For the spreading factor 64 a non-compressed frame format implies slot format #12 (8 pilot bits, 8 TFCI bits and 4 TPC bits per slot). 

· TFCI bits are transmitted but not used.

· One gain factor: the gain factors for DPCCH and DPDCH are assumed to be equal.

· Interference: 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.
Annex G (normative): EDGE 8PSK error pattern format (Phase II)

The error pattern files include a 512 byte header. The header is reserved for future use. It is followed by 1392 bytes blocks. The first 1368 bytes of each block contain the soft error values from four 8PSK bursts; the remaining 24 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. 

The 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 an approximation of the log-likelihood of the bit sent :





where 

 is the probability that the chip was received in error.

Annex H (normative): Functionality of the EDGE EID (Phase II)

The EDGE Error Insertion Device (EID) program take as an input the channel encoded bitstream, inserts the soft errors and writes the soft bits into an output file for channel decoding. The executable module takes the following arguments on the command line :

	Option
	Arg
	Description
	Default value

	-in
	Input file name
	Input bitstream
	None*

	-out
	Output file name
	Ouput bitstream
	None*

	-f
	format
	Format of the input bitstream

B = big endian (Intel)

L = little endian
	B

	-ep
	Error pattern filename
	
	default.ep

	-tch
	modulation
	8PSK : EDGE E-TCH

GMSK : GSM TCH
	8PSK

	-o
	offset
	Number of skipped time slots in the error pattern
	0


*: Mandatory, program stops if this argument is missing.

Notes : Error pattern use bytes. Byte swapping is not needed. Error Patterns are valid for both LSB and MSB first machines. Beware of not mixing EDGE and GSM error patterns and bitstreams.

Input information bitstream consist of a succession of 114 symbols blocks (3*114 = 342 bits in the case of an 8PSK modulation) corresponding to one burst payload :

	TB 3
	57 symbols : d0..d56
	SB 1
	Training
	SB 1
	57 symbols : d57..d113
	TB 3
	GP 8,25



(d3i, d3i+1, d3i+2) for i = 0..113

Bits are mapped onto 8PSK symbols (d3i, d3i+1, d3i+2) according to TS GSM 05.04:
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The errors are mapped onto information bits in the same manner they were generated. Each bit is represented on 16 bits words and uses the following convention:

-1

0x0081

1

0x007F

If the soft error is negative, the sign of the transmitted bit is inverted. If it is positive, the sign is left unchanged. In all cases, the absolute value of the soft bit equals the absolute value of the soft error.

All other input values are set to 0x0000 by the EID.

For operations in EDGE 8PSK FR channel, every burst should be used. 

For operation in EDGE 8PSK HR channel, only the first 2 bursts out of 4 bursts shall be used. The last 2 burst unused should contain 0 soft bits (2 block of 342 16 bit words of value 0x0000).

Annex I (normative): GSM-EDGE channel simulator settings for application C (Phase II)

The Error Patterns delivered for the Wideband AMR characterisation phase have been generated using the following set of parameters [TBD]:

· GSM/EDGE : carrier frequency 900MHz;

· Ideal Frequency hopping;

· MS speed : 3kmph;

· Profile : Typical Urban (6 taps);

· One co-channel interferer with interferer power level = -85dBm;

· No adjacent interferers;

· Noise power level N = -110dBm;

· Carrier power levels = -69, -66, -63, -60dBm;

· Resulting C/I levels = 16, 19, 22, 25dB;

· LS training;

Annex J (normative): C/I estimate file format (Phase II)

For each dynamic error pattern (dec<n>u and dec<n>d), there is an accompanying C/I file (dec<n>u.ci and dec<n>d.ci) which contains the estimated C and I power for each burst. The estimation is based on a correlation of the complex receiver signal (from the channel simulator) for the burst with the training sequence.

The format of the .ci file is as follows:

  - For each burst, the file contains two 32-bit binary numbers: Cpower and Ipower

  - Cpower and Ipower are linear power values (i.e. not in dB)

  - Cpower and Ipower are stored in consecutive locations, beginning with Cpower

  - The numbers are stored LSByte first
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� Earlier versions of the STL do not provide the functionality required by this processing plan.


� Also available in executable format as amrnb-enc and amrnb-dec from 


  http://www.3gpp.org/ftp/ TSG_SA/WG4_CODEC/AMR-Wideband/AMR-WB_Characterization_Phase/Executables/





� Also available in executable format as g7221-enc and g7221-dec from 


  http://www.3gpp.org/ftp/ TSG_SA/WG4_CODEC/AMR-Wideband/AMR-WB_Characterization_Phase/Executables/





� Ideally, this should be a psophometric weighting filter, but the STL does not contain a version that operates at 16kHz.







Page: 1/29


Page: 5/29

_1050740796.doc






86 sample delay



(‘zero’ padding at start of file)



















wideband codec #2











processed 16kHz file











wideband codec #1















14-bit level adjusted 16kHz P.341 file












_1050741080.doc






processed 8kHz file











G.711 A-law encoder and  decoder











AMR-NB/G.729 decoder











AMR-NB/G.729 encoder















13-bit level adjusted 8kHz file
















_1050741311.doc


43 sample delay



+



 G.712 asychnronous tandeming filter















G.711 encoder



+



G.726 encoder







43 sample delay



+



 G.712 asychnronous tandeming filter











processed 8kHz file











G.711 encoder



+



G.726 encoder











G. 726 decoder



+



G.711 decoder











13-bit level adjusted 8kHz file



(c.f. fig 4)











G. 726 decoder



+



G.711 decoder







43 sample delay



+



 G.712 asychnronous tandeming filter















G.711 encoder



+



G.726 encoder











G. 726 decoder



+



G.711 decoder











G. 726 decoder



+



G.711 decoder















G.711 encoder



+



G.726 encoder












_1050741371.doc






processed 8kHz file











13-bit level adjusted 8kHz file












_1050741425.doc






16kHz processed file















AMR-WB  decoder











AMR-WB 



encoder















14-bit level adjusted 16kHz P.341 file
















_1050741460.doc






16kHz processed file 











14-bit level adjusted 16kHz P.341 file












_1050741348.doc






processed 8kHz file











MNRU



Q= x dB











13-bit level adjusted 8kHz file












_1050741133.doc






processed 8kHz file











G.711 A-law encoder and  decoder











G.729 



decoder











G.729 



encoder















13-bit level adjusted 8kHz file











G.729 



encoder















G.729 



decoder















G.711 A-law encoder and  decoder











G.711 A-law encoder and  decoder











G.729 



decoder











G.729 



encoder















43 sample delay (‘zero’ padding at start of file)











43 sample delay (‘zero’ padding at start of file)












_1050740971.doc






16->13 bit conversion



(with rounding)











Narrowband processing�(see figs 14 - 19)











1:2 up-sampling using high-quality filter











16kHz processed file











Wideband processing�(see figs 20 - 21)







Clipping and 



16->14 bit conversion



(with rounding)











43 sample delay



(‘zero’ padding at start of file)















2:1 down-sampling using high-quality filter











16kHz GSM pre-processed file



(fig. 10)







(X)







(X)












_1050740997.doc






16->14 bit conversion



(with rounding)











Narrowband processing�(see figs 14 - 19)











1:2 up-sampling using high-quality filter











16kHz processed file











Wideband processing�(see figs 20 - 21)







Clipping and 



16->13 bit conversion



(with rounding)











86 sample delay



(‘zero’ padding at start of file)















2:1 down-sampling using high-quality filter











16kHz GSM pre-processed file



(fig. 10)







(X)







(X)












_1050740867.doc






File separation and windowing



 (as necessary)















16kHz post-processed file











16kHz processed  file
















_1050740644.doc










Concatenation















P.341 filtering











P.56 Level adjustment to �26dBov











16kHz speech source  file











16kHz P.341 filtered speech file
















_1050740749.doc






processed 16kHz file















wideband decoder











wideband encoder















14-bit level adjusted 16kHz P.341 file
















_1050740765.doc






processed 16kHz file











Error insertion device















WB-AMR



decoder











WB-AMR encoder















14-bit level adjusted 16kHz P.341 file
















_1050740698.doc






16kHz background noise source file







Noise files will be pre-processed up to this point











16kHz P.341 filtered speech and noise file











Clipping



to 16 bits







Level adjustment based on weighted noise power (see note)















P.341 filter











P.56 Level adjustment to �26dBov















P.341 filter







Listening labs to pre-process speech files upto this point











16kHz speech source  file











weighting filter



(GSM send filter)












_1041669375.doc






processed 8kHz file











13-bit level adjusted 8kHz file











G.711 A-law encoder and  decoder












_1047122222.doc






16->14 bit conversion



(with rounding)











Gain factor:



Go=1/G







(X)











16kHz processed file











Processing



(see figs. 4 - 8)







Clipping and 



16->14 bit conversion



(with rounding)











Gain factor:



Gi=G







(X)











16kHz P.341 pre--processed file 



(fig. 1 or 2)












_1047388732.doc






16->13 bit conversion



(with rounding)







(X)











16kHz processed file











1:2 up-sampling using high-quality filter











Narrowband processing�(see figs 14 - 19)







Clipping and 



16->13 bit conversion



(with rounding)







(X)











2:1 down-sampling using high-quality filter











16kHz GSM pre-processed file (fig.10)




















_1047121818.doc






16kHz GSM filtered speech file











GSM-send characteristic











P.56 Level adjustment to �26dBov











16kHz speech source  file















Concatenation












_1012225586.doc






processed 16kHz file











14-bit level adjusted 16kHz file












_1012312943.unknown

_1024151617.doc


(0,0,1)







(1,0,1)







(







d







3i







, d







3i+1







, d







3i+2







)=







(0,0,0)







(0,1,0)







(0,1,1)







(1,1,1)







(1,1,0)







(1,0,0)







I







Q












_952441595.unknown

_1012225570.doc






processed 16kHz file











MNRU



Q= x dB











14-bit level adjusted 16kHz file












_952438405.unknown

