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I. INTRODUCTION

This document describes the use of the executable program “LOUD2006A”, which calculates loudness according to the method described in 

Glasberg, B. R., and Moore, B. C. J. (2006). "Prediction of absolute thresholds and equal-loudness contours using a modified loudness model," J. Acoust. Soc. Am. 120, 585-588.
The method is very similar to that described in ANSI S3.4-2005 “Procedure for the Computation of Loudness of Steady Sounds”.  However, the method implemented in Loud2006a gives more accurate predictions of the absolute thresholds specified in:

ISO 389-7 (2005). Acoustics - Reference zero for the calibration of audiometric equipment.  Part 7: Reference threshold of hearing under free-field and diffuse-field listening conditions (International Organization for Standardization, Geneva).
and of the equal-loudness contours specified in:

ISO 226 (2003). Acoustics - normal equal-loudness contours (International Organization for Standardization, Geneva).
 The program should run on an IBM PC or compatible, using a “command prompt” or under “DOS”.  To make the program run, it may be necessary to rename the file “LOUD2006A” as “LOUD2006A.EXE”.  The file was not given the correct name in the zip file, since some email systems block files with the suffix .exe, even when contained within a zip file.

Each stimulus is specified in terms of its spectrum, which can be entered in several ways: as a series of sinusoidal components; as one or more pink or white noise bands; as a mixture of these two; or as the level in each successive one-third octave band.  

II. RUNNING THE PROGRAM

There are two ways to run the program LOUD2006A:

A. Interactive mode
type

LOUD2006A

and answer the questions one at a time.  The program can be interrupted at any time by typing “control c” (hold down the control key and type c).  

B. Batch mode
The listening conditions and the spectrum of the stimulus are specified in an input file.  The file may specify a series of stimuli, not just one.  All characters in the input file must be plain text; there should be no special formatting characters.  The program LOUD2006A reads the input file, and prints the results either to the screen or to an output file.  Example input files are provided for all of the examples given in Appendix A of ANSI S3.4-2007.

As an example, type

LOUD2006A < app1_1.in
There are two “flags” (command line options); these are

–p
(the – denotes a “minus” sign)

This turns off some of the information that is printed to the screen.

–q


This prevents the “questions” from being printed to the screen. 

If you just want to know the final loudness, and you are using an input file, use both options:

LOUD2006A –p –q < app1_1.in
By default, the answer is printed to the screen.  If you wish the result to be stored in a file, type (for example):

LOUD2006A < app1_1.in > app1_1a.out
The result will then be stored in the file app1_1a.out.  Note that if there is an existing file called app1_1a.out, that file will be over-written without any warning being given. 

III. FORMAT OF INPUT FILE

The format of the input file varies depending on various options in the program; some of the questions asked by the program are conditional on the answers given to earlier questions.  Therefore, to be sure that an input file is in the right format, you may need to go through the stage of running the program in interactive mode with manual input. 

A. Example input file
The contents of the first part of example file app1_1.in are described below:

f

Specifies free field frontal incidence

b

Specifies binaural listening (both ears)

t

Specifies a tonal signal
i

Specifies that the signal is inharmonic
1

Specifies one inharmonic component
1000.0
Specifies the frequency of the component
10

Specifies the level of the component in dB SPL; loudness is calculated at this 

point.
t

Specifies that loudness should be calculated for another tonal signal
.

.

.

.

s

Stop
Following complete specification of a signal, if an “s” is not encountered the program assumes that a new signal will be specified, under the same conditions of presentation as before (in this example, free field frontal incidence, binaural).  The complete input file app1_1.in specifies a series of 1000-Hz tones with levels from 10 to 80 dB SPL.  The output of the program gives the level in sones and the loudness level in phons for each of these tones.

B. Layout of input file
If any line is left blank, the default value appropriate for that line is assumed, where appropriate.  However, for most lines a value must be specified.

The first line specifies the listening conditions.  Options are:

f 

free field with frontal incidence (default)

d

diffuse field

h 

headphones

If headphones are specified, the user has the option of naming a “correction file” which specifies the frequency response of the headphone at the eardrum.  If

n

no

is entered on the line following “h”, it is assumed that the headphones have a flat response at the eardrum, and that the sound levels specified are equivalent to levels at the eardrum.  If

y

is entered on the line following “h”, then the line after that must specify the name of the “correction file”.  For simplicity,  this should be located in the same directory as the executable program file LOUD2006A.  An example of a correction file is “tdh.39”.  The first number in the file gives the number of frequencies at which the response is specified (30 in this example).  The maximum number of frequencies is 100.  The next four lines give the frequencies at which the response is specified.  The next four lines give the response at each frequency relative to the nominal sensitivity.  The text at the end of the file is a comment which is ignored by the program.

Once the presentation mode has been specified, the next line specifies whether listening is monaural or binaural.  Options are:

m

monaural 

b

binaural (default)

The next line indicates how the spectrum of the signal will be specified.  Options are:

t

complex tone, composed of discrete sinusoidal components

n

noise band(s), composed of white or pink noise

m

a mixture of a complex tone and one or more noise bands

o

levels to be specified in 26 1/3 octave bands covering center frequencies from 50 

to 16000 Hz

What comes next depends on what type of signal is specified at this stage.

If “t” is selected, then the next line specifies whether the signal is harmonic or inharmonic. Options are:

h

harmonic

i

inharmonic

The option “h” is useful for a complex tone that contains many harmonics.  If this option is selected, then the next line must specify the frequencies of the lowest harmonic, the highest harmonic and the fundamental frequency, separated by commas (all in Hz).  An example, following that in Appendix A3, example 3 (example input file app3_3.in) is

100, 1000, 100
This specifies a tone with harmonics at 100, 200, 300, 400, 500, 600, 700, 800 900 and 1000 Hz.  

The next line allows specific harmonics to be removed from an otherwise complete harmonic series.  The number of harmonics to be removed is initially specified.  For example:

1
indicates that one harmonic is to be removed.  

If this line contains a number other than 0, then subsequent lines specify the frequencies of the harmonics to be removed (n lines for n removed components).  

The next line allows additional components to be added, which do not need to be harmonically related to the complex tone specified earlier.  For example:

1
indicates that one frequency component is to be added.  If this line contains a number other than 0, the subsequent lines specify the frequencies of the components to be added (n lines for n added components).

The lines after this specify the level of each sinusoidal component in the input, first for the harmonic complex tone (in order of increasing frequency) and then for any added components (in the order specified).

That finishes the specification of a harmonic complex tone with removed/added components.

If the tone is specified as inharmonic (“i”), the next line indicates the number of sinusoidal components.  The subsequent lines indicate the frequency of each component (n lines for n components) and lines after that indicate the level of each frequency component, in the same order as the frequencies were specified.

If the signal is specified as one or more noise bands (“n”), the next line specifies the type of noise:

p

pink (spectrum level in passband decreases by 3 dB per doubling of frequency)

w

white (flat spectrum level within passband)

If “p” is specified, then the next line must give the frequency at which the spectrum level will be  specified.  The next line specifies the spectrum level, and the line after that specifies the lower and upper edge frequencies of the noise (in Hz), separated by a comma.

If “w” is specified, the next line specifies the number of noise bands.  For each noise band, subsequent lines specify the spectrum level within the passband, the lower edge frequency and the upper edge frequency.

Following this initial specification of pink or white noise bands, there is an option for adding more pink or white noise bands.  If the next line contains

e

end

this indicates that no more noise bands are to be entered (end of noises) and the loudness calculation then proceeds.  

When the option “m” is selected (mixture of tones and noise), subsequent lines first specify the characteristics of the tonal part of the input, as described above, and second specify the characteristics of the noise part of the input, again as described above.

When the option “o” is selected, subsequent lines give the sound pressure levels in 26 adjacent 1/3 octave bands with nominal center frequencies of 50, 62.5, 80, 100, 125, 160, 200, 250, 315, 400, 500, 630, 800, 1000, 1250, 1600, 2000, 2500, 3150, 4000, 5000, 6300, 8000, 10000, 12700 and 16000 Hz.  There should thus be 26 lines following the “o”.

IV. ADDITIONAL INFORMATION GIVEN BY THE PROGRAM

The program gives some information in addition to the calculated overall loudness.  This information is suppressed when the (p flag is used. The program displays four columns.  The first gives the auditory filter center frequency (spaced uniformly on the ERBN scale).  The second gives the excitation level at threshold (in dB) at each frequency.  The third gives the excitation level evoked by the stimulus in question at each frequency and the fourth gives the specific loudness at each frequency.  Results are only displayed for frequencies where the specific loudness is above 0.00001 sones/ERBN.  Note that the specific loudness is that applicable to monaural listening; it is the specific loudness for one ear only.  If binaural listening is specified, then the specific loudness (and the overall loudness) is twice that for monaural listening.
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