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Introduction
This document defines how speech and music material must be prepared for a post-processing module to be used with G.711, and provides details on the software modules and files required. It should be read in conjunction with its associated quality assessment Test Plan.
Responsibility
Host laboratories are responsible for processing for the whole set of experiments. Each experiment processing will be performed by two host laboratories for crosschecking.
Definitions

The following filenames are used in the command line descriptions:

Input8
8 kHz sampled speech/music file that is the input to a processing module (or sequence of modules)

Output8
8 kHz sampled speech/music file that is the output from a processing module (or sequence of modules)

Input16
16 kHz sampled speech/music file that is the input to a processing module (or sequence of modules)

Output16
16 kHz sampled speech/music file that is the output from a processing module (or sequence of modules)
Noise16
16 kHz sampled 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.

Processing Stages for the Experiments of ITU-T G.711 post-processing module
This Section defines, in the form of diagrams, the processing stages required by a post-processing module for ITU-T G.711. The ITU-T Software Tool Library (STL2005 and its updates) is used for this processing.
4.1 File concatenation, separation and module initialisation 

In Experiments 1 to 3, test material, including speech and music, will be processed in concatenated files comprising a 10-second preamble and a series of sentence pairs (or phrases in music.) Experiment 1 which include frame erasures comprise 6 talkers of 5 sentence pairs; thus the FER patterns must be 250 second long. The other experiments do not require error patterns to be applied.
Speech/music files should be concatenated after level adjustment but prior to down-sampling (when applicable).

For experiments 1 and 3, the speech files concatenation is the following: 

Preamble m1s01 f1s01 m2s01 f2s01 m3s01 f3s01 m1s02 f1s02 m2s02 f2s02 m3s02 f3s02 m1s03 f1s03 m2s03 f2s03 m3s03 f3s03 m1s04 f1s04 m2s04 f2s04 m3s04 f3s04 m1s05 f1s05 m2s05 f2s05 m3s05 f3s05

For experiment 2, the music files concatenation is the following: 

Preamble mu1s1 mu2s1 mu3s1 mu4s1 mu1s2 mu2s2 mu3s2 mu4s2 mu1s3 mu2s3 mu3s3 mu4s3 mu1s4 mu2s4 mu3s4 mu4s4 mu1s5 mu2s5 mu3s5 mu4s5
For all Experiments, processed concatenated files should be divided into separate speech/music samples and named as specified in the test plan. This must be performed after the up-sampling stage, and a cosine (Hanning) window of duration 100ms must be applied to the start and end of the separated files. The procedure for splitting and windowing concatenated files is described in Section ‎4.5. 

4.2 Pre-processing

4.2.1 Pre-processing for clean speech (Experiment 1) 


[image: image1]
Figure 1: Pre-processing of level normalised filtered speech file

4.2.2 Pre-processing for music (Experiment 2)


[image: image2]
Figure 2: Pre-processing of level normalised filtered music file

4.2.3 Pre-processing for speech with background noise experiment (Experiment 3)

[image: image3]
Figure 3: Pre-processing of FLAT filtered speech and background noise file

4.3 Up and Down-Sampling and scaling for all conditions

[image: image4]
4.4 Processing stages

4.4.1 MNRU
4.4.1.1 MNRU without background noise (Experiments 1, 2)


[image: image5]Figure 5: Processing of speech by wideband MNRU.
Note: In Experiment 3, input files must be speech files with same background noise (not clean speech files).
4.4.2 Direct conditions (Experiment 1, 2, 3)

[image: image6]
 
4.4.3 G.711 with G.711 Appendix I (All Experiments)


[image: image7]
Figure 7: Processing by G711 code. The g711iplc is bypassed for error-free conditions.
4.4.4 CuT (G.711 codec followed by a post-processing)

[image: image8]
Figure 8: Processing by CuT (G.711 post processing module). The EID is bypassed for error-free conditions.
4.5 Post-processing

[image: image9]
Figure 9: Post-processing for audio files

5 Processing Modules

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

5.1 Pre-Processing Operations

5.1.1 FLAT filtering
To produce a FLAT filtered audio file use: 
filter FLAT1 input16 output16 80

5.1.2 Delta-SM filtering
To apply the Delta-SM filter characteristic to a background noise file use:

filter DSM noise16 output16 80

5.1.3 P.56 level adjustment

To normalise the P.56 level of a speech file (or a speech+noise file) to –26
 dBov use:


sv56demo -lev -26 sf 16000 input16 output16 80

To normalise the level of a music file to -26dBov (in Experiment 2), use:


sv56demo –rms -lev -26 -sf 16000 input16 output16 80

5.1.4 Noise file level adjustment

The interfering talker, office noise and babble noise files should be normalised on the basis of their r.m.s. level (in Experiment 3).

To normalise the r.m.s. level of a noise file, use:

sv56demo –rms –lev xx –sf 16000 noise16 output16 80 

where xx is the desired level (-41 for the 15dB noise level case, -46 for the 20dB noise level case, and -56 for the 30dB noise level case).

5.1.5 Summation of a speech and noise file

To produce a 16 kHz speech file mixed with noise file called output16 by summing a 16 kHz speech file called input16 and a 16 kHz noise file called noise16, use:


oper –size 0 1 input16 + 1 noise16 0 output16
5.1.6 File concatenation

To concatenate files, the concat command is used:


concat file1 [file2 file3 …] catfile

Where file1, file2, … are the files to be concatenated and catfile is the concatenated file.
5.1.7 Rate change from 16 kHz to 8 kHz

To produce an 8 kHz speech file from a 16 kHz speech file, use:


filter –down HQ2 input16 output8 80

5.1.8 Scaling

The gain values to be used in these processing stages are specified in Table 1.

Table 1: Gain values for processing stages.

	Speech level for condition
	Values of x for scaldemo (dB)

	
	Prior to processing stage
	After processing stage

	-16 dBov
	Gi = 10
	Go = -10

	-26 dBov
	Gi = 0
	Go = 0

	-36 dBov
	Gi = -10
	Go = 10


To scale a file by Gx dB, use:

scaldemo –dB –gain Gx –bits 16 –round –nopremask –blk 80 input16 output16

5.2 Post-processing 
5.2.1 Rate change from 8 kHz to 16 kHz 

To produce a 16 kHz audio file from an 8 kHz audio file, use:


filter –up HQ2 input8 output16 80
5.2.2 Windowing and segmentation 
To extract an m sample long file beginning at sample s from a 16 kHz concatenated file, use:

astrip –sample –smooth –wlen 1600 –start s -n m input8 output8

5.3 Processing

5.3.1 Codecs and Reference Processing

This section describes the speech and channel codecs that must be used in the preparation of audio material.
5.3.1.1 Modulated Noise Reference Unit (MNRU)

To produce a narrowband MNRU processed file called output8 from a speech file called input8 use:


mnrudemo -Q x input8 output8 40

where x is the desired MNRU.
5.3.1.2 G.711 
To encode an audio speech file with the ITU-T G.711 encoder, use:


g711demo [A/u] lilo input8 bitstream8
To decode a G.711 bitstream file with the ITU-T G.711 decoder, use:


g711demo [A/u] loli bitstream8 output8

[loli], (A/u) log to linear

For error conditions, to process a speech file through the ITU-T G.711 codec with Appendix I, use:


g711iplc g192ep output8 output8_fer
where g192ep is the error pattern generated by the gen-patt tool. (See in Sec ‎5.4.1.)

Note: The g711iplc tool includes both the error insertion and the error concealment based on G.711 Appendix I, the module for this processing should be aligned after G.711 decoder since the tool works for the decoded PCM signal.
5.3.1.3 CuT (G.711 Post Processing) module

See Section A.1
5.4 Other tools

5.4.1 Error Insertion
For the conditions where random frame erasures are desired, frame erasure patterns are applied to the bitstream using the eid-xor tool (STL2005).


eid-xor –fer g192bsin g192ep g192bsout

where:


g192bsin is the input bit stream


g192bsout is the output bit stream


g192ep is the error pattern

All of these files need to be compliant with the G.192 bitstream format. 
In Experiment 1, the frame erasure conditions will be tested with 10ms/frame. The error patterns should comprise a 10s (1000 frames) preamble with no erasures. The patterns should be 25000 frames long (250s of speech).
The 3% bursty frame erasure patterns for Experiment 1 will be produced using: 

gen-patt -bfer -g192 -gamma 0 -rate 0.03 -n 25000 -start 1001 BFER3_1a.g192
Each frame erasure pattern will be common to all processing laboratories.
Annex A: Specification of A G.711 Post Processing algorithm interface

This annex specifies the interface a post- processing module must comply with in order to facilitate the host-lab session of the test.

The command line call of the standalone G.711 postprocessing module must comply with the following.

G711_postprocessing [-quiet] [-lframe X] [A/u] input8 output8
where the input8 contains the G.711 decoded audio file (output of G.711 decoder) to be post-processed and ouput8 contains the post-processed produced by the postfiltering module. The –lframe option allow to select the frame length in sample (40 for 5 ms and 80 for 10 ms). The default frame length is 5 ms.
The format of the input8 and output8 must be 16 bit linear PCM in native byte order.
____________________
16 kHz speech source file





FLAT filtering





16 kHz FLAT filtered speech file





Concatenation





P.56 level adjustment to  -26 dBov





16 kHz music source file





FLAT filtering





16 kHz FLAT filtered music file





Concatenation





Level adjustment to -26 dBov (RMS)





16 kHz speech file





FLAT filtering





P.56 level adjustment to -26 dBov





16 kHz, FLAT filtered speech and noise file





16 kHz noise file





Delta-SM filtering








Clipping to 16 bit





Level adjustment to xx dBov (RMS) (see §� REF _Ref236480133 \r \h ��‎5.1.4�)





Concatenation





FLAT filtering





Gain factor: Go=1/G (see §� REF _Ref214335664 \r \h ��‎5.1.8�)





Level adjusted 16 kHz, FLAT file














Processing (see §� REF _Ref214269709 \r \h ��‎4.4�)





16 kHz processed level adjusted file








2:1 down-sampling using HQ Mask





1:2 up-sampling using HQ Mask





Level adjusted 8 kHz FLAT file








8 kHz processed level adjusted FLAT file








Gain factor: Gi=G (see §� REF _Ref214335664 \r \h ��‎5.1.8�)








Figure � SEQ Figure \* ARABIC �4�: Up and Down-Sampling and scaling for all conditions





Figure � SEQ Figure \* ARABIC �5�: Processing for speech and music files by narrowband MNRU
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Figure � SEQ Figure \* ARABIC �6�: Processing by the direct condition
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