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Processing functions for the 3GPP Alt_FX_EVS Validation
1 Introduction
This document defines how audio material must be prepared for the validation tests of the 3GPP Alt_FX_EVS codec, and provides details on the software modules and files required. It should be read in conjunction with its associated Alt_FX_EVS validation Test Plan [1].
2 Responsibilities
The Listening Labs (LLs) are responsible for the processing of the experiments tested by them. The processing scripts will be developed and provided to all LLs. An attachment to the scripts will include all necessary executables, precompiled for WIN32.

3 Definitions and formats

The following filename convention is used for source material:

Input<Fs>
Fs (in kHz) is the input sampling frequency to a processing module (or sequence of modules). Fs is either .16k or .32k.
Output<Fs>
Fs (in kHz) is the output sampling frequency from a processing module (or sequence of modules). Fs is either .16k or .32k.
Noise<Fs>
Fs (in kHz) is the noise sampling frequency to a processing module (or sequences of modules). Fs is either .16k or .32k.
The format of the above files is headerless PCM with samples stored in 16-bit 2’s complement little endian format. Other command line filenames and variables will be described in the relevant part of the document. 

The codecs will use the ITU-T G.192 [2] format as a common bit-stream interface, if available.

All executables are in the Win32 format, i.e. are native binaries for the 32-bit Microsoft Windows platform.

4 Processing Stages for the Alt_FX_EVS Validation 

This section defines, in the form of diagrams, the processing stages required by the reference fixed-point implementation of EVS (TS 26.442) [5] and the Alt_FX_EVS candidate codec under test. The ITU-T Software Tool Library 2009 version (STL2009) [3] is used for the reference codec processing and other common processing. The Alt_FX_EVS codec uses the updated basic operators described in TR 26.973 [6 ] and submitted to ITU-T for STL update. Further tools used for this exercise are listed in Annex A. 
4.1 Experiments and experiment designators

The Alt_FX_EVS Ttest Plan‎ (Alt_FX_EVS-3) [1] describes 4 P.800 (ACR, DCR) methodology experiments. For the processing of each experiment, a two letter experiment designator shall be used for the file naming convention. Table 1 outlines all 4 experiments.
Table 1: Overview of experiments 

	Experiment Designator
	Preprocessing

Bandwidth


	Tested Material
	(Talkers / 
Categories) x (Samples)
	Input

Sample length

	W1
	WB
	clean speech
	4 talker x 7 samples
	8 sec

	S1
	SWB
	clean speech
	4 talker x 7 samples
	8 sec

	S2
	SWB
	noisy speech
	4 talker x 7 samples
	8 sec

	S3
	SWB
	mixed content/music
	4 categories x 7 samples
	ca. 8 sec


4.2 Source material pre-processing requirements

The source material shall be 48-kHz sampled with 16-bit resolution. The format shall be headerless PCM, little endian. 
4.2.1 Listening lab designators
The following table lists the listening labs with their dedicated LL designator to be used for the file naming convention.
Table 2: List of listening lab designators
	LL designator
	Listening Lab  Company

	a
	Nokia

	b
	VoiceAge

	c
	Orange

	d
	NTT

	e
	Ericsson

	f
	FhG


4.2.2 Naming examples of the input files and processed output files 

The Alt_FX_EVS Test Plan [1] gives the file name extensions of the processed files, as they are needed for listening presentation. The following sections describe the file naming conventions where all letters in blue indicate variables in the filename while black letters indicate constants.
4.2.2.1 Input speech files
The filenames of the input speech samples are represented by:
speech\leegysz.48k 
where: 
· l stands for the listening lab designator (a through f according to Table 2)
· ee stands for the experiment designator, e.g. w1 (see Table 1)
· g is gender of talker (i.e. f for female and m for male) and y is the talker number: 1, 2
· s stands for sample and z is the sample number; 1, 2, 3, 4, 5, 6, 7 where 7 is the preliminary
4.2.2.2 Input music and mixed content files
The filenames of the input music and mixed content samples are represented by:
mixedmusic\ls3aysz.48k
where: 
· l stands for the listening lab designator (a through f according to Table 2)
· s3 stands for the experiment designator (see Table 1)
· a stands for music/mixed audio, and y is the category where 
· 1 stands for classical music 
· 2 stands for modern music
· 3 stands for radio jingle, movie trailer, advertisement
· 4 stands for speech over background music
· s stands for sample and z is the sample number; 1, 2, 3, 4, 5, 6, 7  where 7 is the preliminary
4.2.2.3 Noise file
The filename of the input noise sample is represented by:
noise\ns.48k
where: 
· n stands for noise and s for street noise.
4.2.2.4 Processed speech files
The filenames of the processed speech samples are represented by:
leegysz.cnn
where:
· l stands for the listening lab designator (a through f according to Table 2)

· ee stands for the experiment designator, e.g. w1 (see Table 1)
· g is gender of talker (i.e. f for female and m for male) and y is the talker number: 1, 2
· s stands for sample and z is the sample number; 1, 2, 3, 4, 5, 6, 7 where 7 is the preliminary
· c stands for the condition with the number nn = 01, 02, .. as specified in Alt_FX_EVS-3 [1]
4.2.2.5 Processed music and mixed content files
The filenames of the processed music and mixed content items are represented by
leeaysz.cnn
where: 
· l stands for the proponent designator (a through f according to Table 2)

· s3 stands for the experiment designator (see Table 1)
· a stands for music/mixed audio, and y is the category where 
· 1 stands for classical music 
· 2 stands for modern music
· 3 stands for radio jingle, movie trailer, advertisement
· 4 stands for speech over background music
· s stands for sample and z is the sample number; 1, 2, 3, 4, 5, 6, 7 where 7 is the preliminary
· c stands for the condition with the number nn = 01, 02, .. as specified in Alt_FX_EVS-3 [1]
4.3 File concatenation, separation, sequences and module initialisation 

4.3.1 Concatenated sequences processing

In all Experiments, the pre-processed material will be processed in concatenated files comprising a preamble and a series of sentences for speech or a series of samples for mixed /music. The preamble for speech and mixed/music concatenation will be 10 seconds long.
4.3.2 Preamble definition

The preamble in the speech/music path shall not be digital silence (i.e. 16-bit samples equal to zero), but a low-level random noise with amplitude between +4 and -4.
4.3.3 Required samples and required sample lengths

The definition of the speech, music and mixed content samples and the corresponding sample length can be found in the Alt_FX_EVS-3 Test Plan, Section 4.
4.3.4 Noise recordings 
A description of the noise file is given in the Alt_FX_EVS-3 Test Plan, Section 4.4.2 “Noise Material”.  
4.3.5 Frame error application

In frame erasure conditions, the erasures shall affect the same segments of speech signal for the reference (Ref) EVS and Alt_FX_EVS Codec under Test (CuT). This shall be done by compensating for all encoder-side delays by the EVS and Alt_FX_EVS codecs.
Note: No delay compensation is applied for jitter related delay.

4.3.6 File naming error patterns
Frame erasure files will have the name “patterns\eef03.g192”, where:
· ee stands for the experiment designator, e.g. w1 (see Table 1)
· f stands for frame loss pattern file

· 03 stands for the frame loss rate of 3 per cent. 
4.3.7 File naming jitter profiles
According to [4], the MTSI jitter profiles have the file names “patterns\dly_error_profile_x.dat” where x is the profile number, i.e. 7 or 8.
4.3.8 File naming rate switching profiles

Rate switching profiles  will have the name “patterns\eersx”, where:
· ee stands for the experiment designator, e.g. w1 (see Table 1)
· rs stands for rate switching file

· x stands for the sequence in the experiment, i.e. 1, 2, etc.
4.3.9 Concatenation setup
Speech and music files are concatenated after level adjustment. For concatenation order, see Table 3 and Table 4 below where all samples are concatenated from left to right and line by line. For speech files, the concatenation order is therefore m1s1, f1s1, m2s1, f2s1, m2s2, f2s2, etc. The final concatenated speech file results in one 234 seconds long sequence (10 sec preamble + 4x7x8 sec speech/music file). For mixed content and music the total length may vary. For conditions that include background noise, the speech files must be concatenated prior to the addition of the background noise which will be provided in 300-second long files. The concatenated music and mixed content files need to be 20ms block aligned for further processing. Therefore, the concatenated sequence needs to be padded at the end with the first samples of the preamble to reach an integer number of 20ms blocks.
Table 3: Concatenation order of speech files

	Sample

	1
	m1
	f1
	m2
	f2

	2
	m2
	f2
	m1
	f1

	3
	m1
	f2
	m2
	f1

	4
	m2
	f1
	m1
	f2

	5
	m1
	f1
	m2
	f2

	6
	m2
	f2
	m1
	f1

	7
	m1
	f2
	m2
	f1


Table 4: Concatenation order of mixed content and music files
	Sample

	1
	a1
	a2
	a3
	a4

	2
	a2
	a3
	a4
	a1

	3
	a3
	a4
	a1
	a2

	4
	a4
	a1
	a2
	a3

	5
	a1
	a2
	a3
	a4

	6
	a2
	a3
	a4
	a1

	7
	a3
	a4
	a1
	a2


For all Experiments, the processed concatenated files should be divided into separate speech/music samples and named with the according file extension as specified in the Test Plan. This must be performed before final 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 5.1.10.
For the mixed content and music experiments where EVS is tested in the context of JBM testing, 0.2 sec of pure digital silence will be added before and after each audio sample during concatenation. 
4.4 General processing for background noise
The following steps are relevant for processing of narrowband, wideband and super-wideband conditions where a scaling factor F is applied to the background noise.
The scaling factor F (in dB) to be applied to the MSIN or HP50 filtered noise signal is calculated as:

F = - (R + S + 26)

where R denotes the R.M.S. signal level of the HP50 filtered noise signal at a 48 kHz sampling rate expressed in dBov (see Figure 1) and S denotes the target SNR in dB.
For WB and SWB experiments, the following method will be used for measuring the RMS level:
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Figure 1: Measuring of RMS level
4.5 Processing for wideband (WB) conditions
4.5.1 Pre-processing stages (16-kHz sampling)
4.5.1.1 Pre-processing for 16-kHz sampling file generation
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Figure 15: Pre-processing for speech file generation, 16-kHz sampling.
4.5.1.2 Pre-processing for WB Clean speech conditions (16-kHz sampling)
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Figure 16: Pre-processing for WB Clean speech condition files, 16-kHz sampling.
4.5.1.3 Pre-processing for speech mixed with background noise (16-kHz sampling)
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Figure 17: Pre-processing for speech mixed with
background noise, 16-kHz sampling.
 The scaling factor F shall be calculated for the noise file to which it is applied.
4.5.1.4 Pre-processing for mixed content and music (16-kHz sampling)
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Figure 18: Pre-processing for WB mixed content and music condition files, 16-kHz sampling.
4.5.2 General processing stages (16-kHz sampling)
4.5.2.1 Direct conditions (16-kHz sampling)
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Figure 19: Processing of Direct condition (16-kHz sampling).
4.5.2.2 Processing for MNRU reference conditions (16-kHz sampling)
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Figure 20: Processing of MNRU anchors at Y dB (16-kHz sampling).
4.5.2.3 EVS Codec (16-kHz sampling) (non-JBM case)
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Figure 25: Processing by the EVS. The EID is bypassed for error-free conditions.
4.5.2.4 EVS Codec (16-kHz sampling) (JBM case)
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Figure 26: Processing by the EVS with jitter.
4.5.3 Post-processing (16-kHz sampling)
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Figure 27: Post-processing of 16-kHz sampled files.
4.5.4 Post-processing (16-kHz sampling) (EVS JBM case)
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Figure 28: Post-processing of 16-kHz sampled files EVS conditions with JBM.
Note: Cutting tool should use astrip in the same as in the regular way.
4.6 Processing for super-wideband conditions
4.6.1 Pre-processing (32-kHz sampling)
4.6.1.1 Pre-processing for 32-kHz sampling file generation
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4.6.1.2 Figure 29: Pre-processing for speech file generation, 32-kHz sampling.Pre-processing for SWB Clean speech conditions (32 kHz sampling)
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Figure 30: Pre-processing for SWB Clean speech condition files, (32 kHz sampling). 
4.6.1.3 Pre-processing for speech mixed with background noise (32 kHz sampling)
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Figure 31: Pre-processing for SWB speech mixed with
background noise (32 kHz sampling).
The scaling factor F shall be calculated for the noise file to which it is applied. 
4.6.1.4 Pre-processing for mixed content and music (32-kHz sampling)
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Figure 32: Pre-processing for SWB mixed content and music condition files, (32 kHz sampling). 
4.6.2 General processing stages (32 kHz)
4.6.2.1 Direct conditions (32 kHz sampling)
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Figure 33: Processing of Direct condition (32-kHz sampling).
4.6.2.2 Processing for MNRU reference conditions (32 kHz sampling)
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Figure 34: Processing of P.50 MNRU anchors at Y dB (32-kHz sampling). 

4.6.2.3 EVS Codec (32-kHz sampling) (non-JBM case)
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Figure 39: Processing by the EVS. The EID is bypassed for error-free conditions.
4.6.2.4 EVS Codec (32-kHz sampling) (JBM case)
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Figure 40: Processing by the EVS with jitter.
4.6.3 Post-processing (32-kHz sampling)
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Figure 41: Post-processing of 32-kHz sampled files.
4.6.4 Post-processing (32-kHz sampling) (EVS JBM case)
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 Figure 42: Post-processing of 32-kHz sampled files EVS conditions with JBM.
Note: Cutting tool should use astrip in the same as in the regular way.
5 Processing Modules
This section describes the modules that must be used in the processing of speech, mixed content and music material.
5.1 Pre- and Post-Processing Operations
5.1.1 General delay compensation for the STL filter tool
All filtering steps include a delay compensation step. For preparing the delay compensation, samples of the preamble are added to the end of the input file before applying the filter step. After completion of the filtering step, the samples are to be removed from the beginning of the filtered file. 
5.1.2 Filtering operations

5.1.2.1 HP50_48KHZ filtering

To produce a 50Hz high pass filtered 48kHz sampling file use:
filter.exe HP50_48KHZ Input48 Output48 960
5.1.3 P.56 level adjustment

5.1.3.1 P.56 active speech level adjustment

To normalize the P.56 ASL of a 16-kHz sampled file to -26 dBov, use:
sv56demo.exe -lev -26 -sf 16000 Input16 Output16 320
To normalise the P.56 ASL level of a 32-kHz sampled file to -26 dBov, use:

sv56demo.exe -lev -26 -sf 32000 Input32 Output32 640
In addition to generate artificially mixed content, to normalise the P.56 ASL level of a 48-kHz sampled file to -26 dBov, use:

sv56demo.exe -lev -26 -sf 48000 Input48 Output48 960
5.1.3.2 RMS Level adjustment

To normalise the r.m.s level of a 16-kHz sampled file, use:

sv56demo.exe –rms –lev xx –sf 16000 Input16 Output16 320
To normalise the r.m.s level of a 32-kHz sampled file, use:

sv56demo.exe –rms –lev xx –sf 32000 Input32 Output32 640
where xx is the desired level. 
In addition to generate artificially mixed content, to normalise the R.M.S level of a 48-kHz sampled file to -26 dBov, use:

sv56demo.exe –rms -lev -26 -sf 48000 Input48 Output48 960
5.1.4 Scaling by Factor F
To scale a noise signal at the sampling rate of 16kHz or 32kHz by the Factor F use:

scaldemo.exe -dB -gain F -bits 16 -round -nopremask -blk BBB Input Output
where BBB is 320 for 16 kHz sampled files and 640 for 32 kHz sampled files. The Factor F is to be determined as described in Section 4.4. 

5.1.5 Low/High level De-/Scaling
In case the speech level shall be -26 dBov, this processing step shall be bypassed. Otherwise, the following gain needs to be applied to the signal:
	Speech level
	Scaling
	Descaling

	-16 dBov
	G=10
	G=-10

	-36 dBov
	G=-10
	G=10


To apply the scaling operation with the gain G, use:
scaldemo.exe -dB -gain G -bits 16 -round –nopremask -blk BBB Input Ouput
where BBB is 320 for 16 kHz sampled files and 640 for 32 kHz sampled files.
5.1.6 Summation of speech and noise files
5.1.6.1 Summation of a speech and a noise file

To add files in the same sampling frequency (16 or 32 kHz), e.g., to produce a 32 kHz speech file mixed with noise file called output32 by summing a 32 kHz speech file called input32 and a 32 kHz noise file called noise32, use:

oper.exe –size 0 1 Input32 + 1 Noise32 0 Output32 BBB
where BBB is 320 for 16 kHz sampled files and 640 for 32 kHz sampled files.
5.1.7 File concatenation

To concatenate files, the concat command is used:


concat.exe –undo undo_concat.txt file1 [file2 file3 …] catfile

Where file1, file2, … are the files to be concatenated and catfile is the concatenated file. The undo_concat.txt contains the parameters for segmentation.
In case additional silence sections needs to be inserted before concatenation, use the following for all input files
concat.exe silence fileX silence tmp_file
copy tmp_file fileX

where the silence file contains 0.2 sec of digital silence and fileX is one of the input files. 
5.1.8 Audio format conversion

5.1.8.1 PCM to WAV conversion
To convert a 32kHz sampled PCM file to a WAV file for AMR-WB+, use:

CopyAudio.exe -F WAVE-NOEX -P integer16,0,32000,native,1,default -I “” input32 output32.wav
5.1.8.2 WAV to PCM conversion
To convert a WAV file to a 32kHz sampled PCM file for AMR-WB+, use:

CopyAudio.exe -F noheader -D integer16 input32.wav output32
5.1.9 Sampling Rate changes
5.1.9.1 Rate-change from 48- to 16-kHz sampling
To produce a 16-kHz sampling file from a 48-kHz sampling file, use:


filter.exe –down SHQ3 input48 output16 960
5.1.9.2 Rate-change from 48- to 32-kHz sampling
To produce a 32 kHz sampling file from a 48 kHz sampling file, use:


filter.exe –up SHQ2 input48 tmp96 960


filter.exe –down SHQ3 tmp96 output32 1920
5.1.9.3 Rate-change from 16- to 48-kHz sampling
To produce a 48 kHz sampling file from a 16 kHz sampling file, use:


filter.exe –up SHQ3 input16 output48 320
5.1.9.4 Rate-change from 32- to 48-kHz sampling
To produce a 48 kHz sampling file from a 32 kHz sampling file, use:


filter.exe –up SHQ3 input32 tmp96 640


filter.exe –down SHQ2 tmp96 output48 1920
5.1.9.5 Rate-change from 32- to 16-kHz sampling
To produce a 16 kHz sampling file from a 32 kHz sampling file, use:

filter.exe –down SHQ2 input32 output16 640

5.1.9.6 Rate-change from 16- to 32-kHz sampling
To produce a 32 kHz sampling file from a 16 kHz sampling file, use:


filter.exe –up SHQ2 input16 output32 320
5.1.10 Windowing and segmentation
5.1.10.1 Segmentation for WB conditions
To extract an m sample long file beginning at sample s from a 16 kHz single channel concatenated file, use:

astrip.exe –sample –smooth –wlen 1600 –start s -n m input16 output16
5.1.10.2 Segmentation for SWB conditions
To extract an m sample long file beginning at sample s from a 32 kHz single channel concatenated file, use:

astrip.exe –sample –smooth –wlen 3200 –start s -n m input32 output32
5.1.10.3 Initial windowing
To apply the initial windowing of a 48kHz input speech or music file, use:

astrip.exe –sample –smooth –wlen 4800 –start s -n m input48 output48
5.1.11 Bit conversion 

5.1.11.1 Conversion from 16 to 14 bits 

To convert a 16kHz wideband signal from a 16 bit representation to a 14 bit representation including rounding, use:

scaldemo.exe -lin -gain 1 -bits 14 -round -nopremask -blk 320 input16 output16
5.2 Processing

This section describes the input file and channel operations processing that must be used in the preparation of audio material.
5.2.1 MNRU reference conditions

To generate an MNRU reference at XXX dB for a file Input16, use:
mnrudemo.exe –Q XXX Input16 Output16 320
To generate a P.50 MNRU reference at XXX dB for a file Input48, use:
p50mnru.exe Input48 Output48 XXX M
Note that the P.50 MNRU processing for SWB conditions requires rate-change steps between 32kHz and 48kHz.
5.2.2 EVS operation (non JBM case)
To process a file Input16 through the EVS codec at XXX bit/s, use:

EVS_cod.exe [-dtx] XXX/SWF 16 Input16 bitstream
EVS_dec.exe 16 bitstream Output16
where XXX is one of 5900, 7200, 8000, 9600, 13200, 16400, 24400, 32000, 48000, 64000, 96000 for testing non-IO modes or 6600, 8850, 12650, 14250, 15850, 18250, 19850, 23050, 23850 for testing AMR-WB IO modes. For rate switching operation, XXX is replaced by a switching file (SWF).
To process a file Input32 through the EVS codec at XXX bit/s, use:

EVS_cod.exe [-dtx] XXX/SWF 32 Input32 bitstream
EVS_dec.exe 32 bitstream Output32
where XXX is one of 9600,13200, 16400, 24400, 32000, 48000, 64000, 96000, 128000. For rate switching operation, XXX is replaced by a switching file (SWF).
The switching file consists of XXX values indicating the bit rate for each frame in bit/s. These values are stored in binary format using 4 bytes per value.

Note: EVS encoder and decoder shall provide delay compensated output files.
5.2.3 EVS operation (JBM case)
To process a file Input16 through the EVS codec at XXX bit/s, use:

EVS_cod.exe [-dtx] XXX 16 Input16 bitstream
EVS_dec.exe –Tracefile tracefile_dec –VOIP 16 netsimoutput Output16
where XXX is 13200.

To process a file Input32 through the EVS codec at XXX bit/s, use:

EVS_cod.exe [-dtx] XXX/SWF 32 Input32 bitstream
EVS_dec.exe –Tracefile tracefile_dec –VOIP 32 netsimoutput Output32

where XXX is 13200.

The tracefile_dec is the tracefile written by the decoder and netsimoutput is the RTP+G.192 input file written by the network simulator.
5.2.4 EVS operation (Channel-aware case)

To process a file Input16 through the EVS codec at XXX bit/s using the channel-aware mode, use:

EVS_cod.exe [-dtx] –rf p o XXX 16 Input16 bitstream
EVS_dec.exe –Tracefile tracefile_dec –VOIP 16 netsimoutput Output16
where XXX is 13200.

To process a file Input32 through the EVS codec at XXX bit/s, use:

EVS_cod.exe [-dtx] –rf p o XXX 32 Input32 bitstream
EVS_dec.exe –Tracefile tracefile_dec –VOIP 32 netsimoutput Output32
where XXX is  13200.

p is a frame erasure rate indicator for the encoder for channel-awareness, having the following values: LO for FER<5% or HI for FER>=5%, and o is the offset (in number of frames) of the partial-redundant frame. p and o are optional parameters with default set to p=HI and o=3. The testing of the channel-aware mode is performed with the parameters described in Alt_FX_EVS-3.
The tracefile_dec is the tracefile written by the decoder and netsimoutput is the RTP+G.192 input file written by the network simulator.

5.3 Encoder and decoder EVS executable requirements 
The executables shall be compatible to Win32.
5.4 Error Insertion (EID)
For the conditions where random frame erasures are desired, frame erasure patterns are applied to the bitstream using tools from the ITU-T STL2009 library.
5.4.1 Frame error tool

The following processing shall be used:
eid-xor.exe –vbr –fer g192bsin ep.g192 g192bsout
where:

g192bsin is the input bit stream
ep.g192 is the error pattern file
g192bsout is the output bit stream
5.4.2 Pattern generation
Before generating error patterns, the sta file of the gen-patt tool needs to be initialized.
The error patterns used are generated using the gen-patt tool as follows: 

gen-patt.exe -tailstat -fer -g192 -gamma 0 -rate XXX -tol 0.001      -reset -n LENGTH -start 501 ep.g192
where XXX is the required erasure rate, i.e. 0.03 for 3% and 0.06 for 6% FER. 
Different error patterns should be generated for each experiment. For all speech experiments the parameter LENGTH is exactly 11700, assuming a 10 sec preamble and 4 talkers with 7 samples of 8 sec length each. For the mixed/music experiments, this parameter needs to be adapted to the length of the concatenated sequence.
5.4.3 Derive EPFs from jitter profiles

To derive an error pattern file from one of the delay and error profiles 7 or 8 use:

dlyerr_2_errpat.exe –d 200 –L 8000 –f 1 –w –s YYY –i dly_err_profile_XXX.dat -o f_profile_XXX.g192
where XXX is one of 7, or 8  and YYY is the random offset into the profile.

5.4.4 Rate switching profile generation
To generate rate switching profiles for EVS conditions, use

gen-rate-profile.exe –layers B1,B2,…,Bx SWF 10 B1 LENGTH SEEDx
where B1,B2,…,Bx are all bit rates starting from the lowest one (B1) up to the highest one (Bx). The following list shows all possible rates for the EVS codec:

· no AMR-WB IO: 7200, 8000, 9600, 13200,  24400, 32000, 48000, 64000, 96000, 128000
· AMR-WB IO: 6600, 8850, 12650, 14250, 15850, 18250, 19850, 23050, 23850
SWF is the file name and SEEDx is a random seed. For mixed/music experiments, the parameter LENGTH needs to be adapted to the length of the concatenated sequence. For speech experiments, the parameter LENGTH is exactly 11700.
To generate for instance the rate switching profile for a non-IO EVS condition from 9.6kbps to 64kbps, use

gen-rate-profile.exe –layers 9600,13200,16400,24400,32000,48000,64000 SWF 10 9600 LENGTH SEEDx

To generate a rate switching profiles consisting only of AMR-WB IO modes, use the Bx rates listed under AMR-WB IO. 
5.4.5 Network simulator for packet jitter generation
To simulate packet jitter for EVS conditions, use
network_simulator.exe dly_error_profile_x.dat evsbitstream netsimoutput tracefile_sim nFramesPerPacket [offset]
where 

·   dly_error_profile_x.dat is the MTSI delay and error profile number x
·   evsbitstream is the G.192 input bitstream file name
·   netsimoutput is the RTP+G.192 output file name
·   tracefile_sim is the trace output file name of the network simulator
·   nFramesPerPacket is the number of frames per packet (1, 2)
·   offset is the shift/offset in delay and error profile in frames (default: 0)
5.4.6 Cutting Tool for JBM tests

To trim parameters for the file segmentation after de-jittering, use
jbmtrim.exe –file Fs tracefile_dec undo_concat.txt undo_concat_trim.txt
where 

· file is to enable the undo_concat.txt support

· Fs is the operating sampling rate, i.e. 16000 or 32000 
· tracefile_dec is the trace output file of the EVS decoder
· undo_concat.txt is the file name where parameters for segmentation are stored
· undo_concat_trim.txt is the file name containing the corrected parameters for segmentation using the astrip tool
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Annex A External Ressources

A.1 Delay compensation for filter operations
The processing steps are delay-compensated in order to apply error insertion on the same parts of the audio signal and to be able to extract the original length and offset for each audio sample used in the tests.
The delay compensation is initialized by concatenating the file to be filtered and the first 960 samples of the preamble. After processing, the delay of the processing operation is compensated and the original file length is restored.

To compensate the delay for filter operations in the common scripts, use:

astrip –sample –start S+1 –n FILELENGTH input output
where FILELENGTH denotes the size in samples and  the value for S for each filtering operation is given in Table 7 and for the reference conditions in Table 8. 
Table 7: Delay compensation values for filter operations

	Filter operation
	Value for delay compensation after filtering operation

	-up SHQ2
	436

	-up SHQ3
	436

	-down SHQ2
	218

	-down SHQ3
	145

	HP50_48KHZ
	839


A.2 Binaries used in Characterization Phase
All binaries are compiled and tested under Win32 platforms. The following section documents the origin and the compilation of the binaries.
A.2.1 ITU-T STL processing tools

	Source
	· ITU-T G.191 

· S4-120344 “Filter masks for EVS testing”

	URL
	· http://www.itu.int/rec/T-REC-G.191-201003-I
· http://ftp.3gpp.org/tsg_sa/WG4_CODEC/TSGS4_68/Docs/S4-120344.zip

	Version / Release
	· G.191 approved in 2010-03

	Description
	Software tools for speech and audio coding standardization

	Comments
	G.191 filter tool patched with S4-120344 to enable support for HP50 and SHQ filter

	Executables
	oper, astrip, concat, sv56demo, filter, scaldemo, actlev, eid-xor, gen-patt, mnrudemo, gen-rate-profile, eid-int

	Status
	Available 


A.2.2 Other tools

A.2.2.1 Audio format converter
	Source
	McGill University, Telecommunications & Signal Processing Laboratory, Audio File Programs and Routines

	URL
	http://www-mmsp.ece.mcgill.ca/documents/Downloads/AFsp/AFsp-v9r0.tar.gz

	Version / Release
	Release v9r0; Software version of CopyAudio: v6r0  2003-05-08

	Description
	CopyAudio tool from the AFsp

	Comments
	

	Executables
	CopyAudio.exe

	Status
	Available


A.2.2.2 Network simulator
	Source
	Fraunhofer: AHEVS-197

	URL
	http://ftp.3gpp.org/tsg_sa/WG4_CODEC/ Ad-hoc_EVS /Docs/ AHEVS-197.zip

	Version / Release
	-

	Description
	Jitter Simulator

	Comments
	

	Executables
	network_simulator.exe

	Status
	Available


A.2.2.3 Jitter profile to EPF converter
	Source
	Fraunhofer: S4-121077

	URL
	http://ftp.3gpp.org/tsg_sa/WG4_CODEC/TSGS4_70/Docs/S4-121077.zip

	Version / Release
	-

	Description
	Converts MTSI jitter profiles to error pattern for reference codecs 

	Comments
	

	Executables
	dlyerr_2_errpat.exe

	Status
	Available


A.2.2.4 JBM trim tool
	Source
	Fraunhofer: AHEVS-181

	URL
	http://ftp.3gpp.org/tsg_sa/WG4_CODEC/Ad-hoc_EVS/Docs/AHEVS-181.zip

	Version / Release
	-

	Description
	Tool for trim parameters for segmentation of samples 

	Comments
	

	Executables
	jbmtrim.exe

	Status
	Available


A.2.2.5 AFR measure tool
	Source
	Qualcomm, Fraunhofer

	URL
	Latest Executable: http://ftp.3gpp.org/tsg_sa/WG4_CODEC/TSGS4_76/Docs/S4-131277.zip
Documentation:

http://ftp.3gpp.org/tsg_sa/WG4_CODEC/TSGS4_75/Docs/S4-131020.zip

	Version / Release
	-

	Description
	Tool for measuring active frame ratio, bit rate and for identification of active frames

	Comments
	

	Executables
	afr_br.exe

	Status
	Available


A.2.2.6 Jitter buffer verification tool
	Source
	Fraunhofer: AHEVS-235

	URL
	http://ftp.3gpp.org/tsg_sa/WG4_CODEC/ Ad-hoc_EVS/ Docs/AHEVS-235.zip

	Version / Release
	V4.0

	Description
	Tool for checking the objective performance requirements of the jitter buffer manager

	Comments
	

	Executables
	checkObjectiveJbmPR.exe

	Status
	Available


A.2.2.7 Gain check tool
	Source
	VoiceAge: AHEVS-231

	URL
	http://ftp.3gpp.org/tsg_sa/WG4_CODEC/ Ad-hoc_EVS/Docs/AHEVS-231.zip

	Version / Release
	V3.0

	Description
	Tool for verification of amplification of active and attenuation of background noise 

	Comments
	

	Executables
	gain_chk_v2.exe

	Status
	Available


A.2.2.8 SWB MNRU
	Source
	NTT: AHEVS-165

	URL
	http://ftp.3gpp.org/tsg_sa/WG4_CODEC/Ad-hoc_EVS/Docs/AHEVS-165.zip

	Version / Release
	-

	Description
	P.50 MNRU 

	Comments
	

	Executables
	p50mnru.exe

	Status
	Available


A.2.2.9 Randomization tool
	Source
	S4-121078

	URL
	http://ftp.3gpp.org/tsg_sa/WG4_CODEC/TSGS4_70/Docs/S4-121078.zip

	Version / Release
	-

	Description
	Tool for providing all randomizations depending on a master seed

	Comments
	

	Executables
	random.exe

	Status
	Available


A.2.2.10 MD5 checksum tool
	Source
	GNU utilities for Win32

	URL
	http://unxutils.sourceforge.net

	Version / Release
	2.1

	Description
	Tool for crosschecking common script result via MD5 hashes

	Comments
	

	Executables
	md5sum.exe

	Status
	Available


Annex B Objective evaluation

B.1 Databases for objective evaluation
For evaluation of any objective performance, the common database used in selection testing will be available subject to an appropriate legal framework. The database will consist of the following parts:

Table 4a: Available databases for objective evaluation
	Database
	Description
	File name

	1
	NB clean speech filtered by MSIN, in 8 kHz sampling
	EVSDB_clean_speech.8k

	2
	WB clean speech filtered by HP50, in 16 kHz sampling
	EVSDB_clean_speech.16k

	3
	SWB clean speech filtered by HP50, in 32 kHz sampling
	EVSDB_clean_speech.32k

	4
	NB speech with car noise filtered by MSIN, in 8 kHz sampling
	EVSDB_speech_car.8k

	5
	WB speech with car noise filtered by HP50, in 16 kHz sampling
	EVSDB_speech_car.16k

	6
	SWB speech with car noise filtered by HP50, in 32 kHz sampling
	EVSDB_speech_car.32k

	7
	NB speech with street noise filtered by MSIN, in 8 kHz sampling
	EVSDB_speech_street.8k

	8
	WB speech with street noise filtered by HP50, in 16 kHz sampling
	EVSDB_speech_street.16k

	9
	SWB speech with street noise filtered by HP50, in 32 kHz sampling
	EVSDB_speech_street.32k

	10
	NB speech with office noise filtered by MSIN, in 8 kHz sampling
	EVSDB_speech_office.8k

	11
	WB speech with office noise filtered by HP50, in 16 kHz sampling
	EVSDB_speech_office.16k

	12
	SWB speech with office noise filtered by HP50, in 32 kHz sampling
	EVSDB_speech_office.32k

	13
	NB mixed content and music filtered by MSIN, in 8 kHz sampling rate
	EVSDB _mixed_music.8k

	14
	WB mixed content and music filtered by HP50, in 16 kHz sampling
	EVSDB _mixed_music.16k

	15
	SWB mixed content and music filtered by HP50, in 32 kHz sampling
	EVSDB _mixed_music.32k


The databases will be pre-processed for direct usage in NB, WB and SWB according to the file name extension. The speech samples of 1) to 6) will be time aligned. A preamble of 10 sec will be part of each database. The databases 1-3) are normalized to -26dBov. The related high (-16dBov) and low (-36dBov) level databases are to be generated by the scaling processing as described in 5.1.5
B.2 Active Frame Ratio (AFR)

To measure the active frame ratio, use

 
afr_br [OPTIONS] G192FILE
where the OPTIONS are:

   -a              

needs to be enabled when the bit stream is in AMR format instead of G.192

   -s SID_SIZE     
specifies one valid SID_SIZE in bits (up to five)

   -f SID_FILE     
specifies a SID_FILE with valid SID frame sizes (up to five) as one line per size
   -p PREAMBLE     
is the number of PREAMBLE frames (each 20ms) to skip

   -b BR_IN_FILE   
input file BR_IN_FILE which contains the bit rates as external input

   -v VAD_IN_FILE  
input file VAD_IN_FILE which contains VAD decisions as external input

   -V VAD_OUT_FILE 
output VAD_OUT_FILE file which contains VAD decisions based on SID sizes

   -o RESULT_FILE  
output file RESULT_FILE which contains the textual result

   -O RESULT_BR_F  
output file RESULT_BR_F which contains the bit rate mismatches
The AFR is measured separately on all noisy speech databases as defined in Section B.1.
B.3 Gain measuring of active frames and inactive frames

To identify the active signal parts of the objective database, the AMR-WB VAD is to be used. Use 

amrwb_cod.exe –dtx –itu 2 EVSDB_clean_speech.16k cleanspeech_bs
to generate the AMR-WB bit stream for the clean speech database. The delay compensation for the AMR-WB needs to be taken into account. To extract the information on the active frames, use

afr_br.exe –s 35 –p 500 –V VAD_f_cleanspeech cleanspeech_bs
where VAD_f_cleanspeech is the file name where VAD flags per frame are stored.
Process the databases by the required  Cut conditions. Before starting to measure, strip the 10 sec preamble off the original database and the processed database.

To measure the amplification level of active signals, use the following command line:

gain_chk -i original_DB -o processed_DB -t results_f -r Fs 


[–v VAD_f_cleanspeech]

where 

· original_DB is one of the databases defined in A.1. 
· processed_DB is the original_DB processed with one CuT condition
· results_f is the results file to be reported for all DB files and CuT conditions
· Fs is the sampling frequency
· VAD_f_cleanspeech is the VAD file to be generated on the clean speech database. This file is required for the evaluation of clean speech and noisy speech. For mixed content and music, this option needs to be disabled.
The results contain two parts, one for the active frames and one for the inactive frames. 

B.4 JBM performance evaluation

To evaluate the performance of the EVS JBM solution, it is recommended to use 

checkObjectiveJbmPR.exe -v dly_error_profile_x.dat nFramesPerPacket tracefile_sim tracefile_dec

where
· dly_error_profile_x.dat is the MTSI delay and error profile number x
· nFramesPerPacket is the number of frames per packet (1, 2)
· tracefile_sim is the trace output file name of the network simulator
· tracefile_dec is the trace output file of the CuT decoder
B.5 Bitrate evaluation

To evaluate the bitrate of the CuT, it is recommended to use the AFR tool as specified in Section B.2. This tool reports on the bit rate of a bitstream. The preamble shall be excluded from calculation
Annex C Delay and Loss Profiles 
A number of VoLTE RTP packet logs under different network conditions were analyzed and the set of delay loss profiles dlp7, dlp8, dlp9 and dlp10 was derived to reflect the properties of the analyzed logs. dlp7 and dlp8 ae used for Alt_FX_EVS validation. The VoLTE logs were captured in different operator networks across different regions (South Korea and US). While different VoLTE network operating parameters affect the channel error characteristics and therefore the profile generation, it is noted that certain parameters such as the delay jitter, error burstiness, and jitter temporal evolution have more bearing on the VoLTE error profile generation. These VoLTE parameters are described below in the process of dlp7 through dlp10 generation.
C.1.1 Delay Jitter
The delay jitter is a characteristic of the VoLTE network under consideration. Jitter of the arrived packets depends on factors such as network buffering characteristics, scheduler delays, network load, fading characteristics and mobility of the UE. The logs were derived to reflect on the typical characteristics of VoLTE networks by extracting the delay jitter from four different real world VoLTE logs under different network conditions. In particular, typical characteristics such as random jitter, ramp up and ramp down of jitter and jitter under increased network loss were included in the four delay loss profiles.

The delay jitter histograms in Figure 57 show the different delay jitter distributions of the four delay loss profiles derived from VoLTE logs under challenging radio conditions. Figure 58 shows the first 1000 elements of the proposed profiles.
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Figure 57: Delay histograms for delay loss profiles 7, 8, 9, and 10
C.1.2 Error burstiness

The error burstiness varies greatly with different channel conditions. The typical error burstiness of VoLTE logs under impaired channel conditions has been analysed and is reflected in the four delay loss profiles from VoLTE logs under challenging radio conditions; the most frequent burst length varies for different profiles and that is 1, 2 or 3 in most cases.
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Figure 58: Delay variation for delay loss profiles 7, 8, 9, and 10

The graphs show only first 1000 entries in each delay loss profile due to space limitations. Note that the “-1” entries represent network losses.
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