NAME
SoX — Sound eXchange, the Swiss Army knife of audio manipulation

SYNOPSIS
sox[global-option$ [format-option$ infile1
[[format-optionginfile?] ... [format-option$ outfile
[effect[effect-optionyg ...

play [global-option$ [format-option infilel
[[format-optionginfile?] ... [format-option$
[effect[effect-optiony ...

rec [global-option$ [format-option$ outfile
[effect[effect-optiony ...

DESCRIPTION
SoX reads and writes audio files in most popular formats and can optionally &pptg & them; it can
combine multiple input sources, synthesise audio, and, oy syatems, act as a general purpose audio
player or a multi-track audio recorder.

Almost all SoX functionality is \&ilable using just thesox command, haever, to amplify playing and
recording audio, if SoX is iroked as play the output file is automatically set to be theadétfsound dece
and if invoked as rec the default sound device is used as an input soukdeitionally, the soxi(1) com-
mand provides a coanient way to just query audio file header information.

The heart of SoX is a library called libSoX. Those interesteciending SoX or using it in other pro-
grams should refer to the libSoX manual pdifpsox(3).

The overall SoX processing chain can be summarised as follows:
Input(s) - Balancing— Combiner— Effects - Output
To show how this works in practise, here are some exampleswf3oX might be used. The simple
sox recital.au recital.wav
translates an audio file in SutyAormat to a Microsoft AV file, whilst
sox recital.au -r 12k -1 -c 1 recital.wav vol 0.7 dither

performs the same format translation, but also changes the audio sampling rate & samplersizexe®
to mono, and applies thvel anddither effects.

sox -r 8k -u -1 -c 1 voice-nmeno.raw voi ce- neno. wav
adds a header to avaudio file,

sox slow aiff fixed.aiff speed 1.027
adjusts audio speed,

sox short.au |ong.au |onger. au
concatenates twvaudio files, and

SoxX -m musi c. mp3 voi ce.wav m xed. fl ac
mixes together tavaudio files.

pl ay "The Monbeans/ G eatest/*.o0gg" bass +3
plays a collection of audio files whilst applying a bass boosting effect,

play -n -cl synth sin %12 sin %9 sin %5 sin %2 fade q 0.1 1 0.1
plays a synthesiseA minor seventh’ chord with a pipe-@an sound,

rec -c 2 test.aiff trimO0O 10
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records 10 seconds of stereo audio, and
rec -Mtakel.aiff takel-dub.aiff
records a n& track in a multi-track recording.

Detailed explanations of oto use each SoX parametéite format, and effect can be found helim this
manual, and isoxformat(7) andsoxeffec{7) respectiely.

File Formats

There are tw types of audio file format that SoX can work with. The first is ‘self-describing’; these for
mats include a header that completely describes the characteristics of the audio dataviisat Toksec-

ond type is ‘headerless’ (or tadata’); here, the audio data characteristics must be described using the
SoX command line.

The following four characteristics are sufficient to describe the format of audio data such that it can be pro-
cessed with SoX:

sample rate
The sample rate in samples per second (‘Hertz’ or ‘HZ. example, digital telephgntradition-
ally uses a sample rate of 8000 Hz (8 kHz); audio Compact Discs use 441881 kHz); Digi-
tal Audio Tape and mgcomputer systems use #Blz; professional audio systems typically use
96 or 192 kHz.

sample size
The number of bits used to store each sample. The most popular is 16sHiyigs); 8-bit (one
byte) was popular in the early days of computer audio, and is still used in teippHebit (three
bytes) is used, primarily as an intermediate format, in the professional audio arena. Other sizes are
also used.

data encoding
The way in which each audio sample is represented (or ‘encodgm)e encodings tia variants
with different byte-orderings or bit-orderings; some ‘compress’ the audio data, i.e. the stored audio
data taks up less space (i.e. disk-space or transmission band-width) than the other format parame-
ters and the number of samples would impBommonly-used encoding types include floating-
point, u-law, ADPCM, signed lineaiend FLAC.

channels
The number of audio channels contained in the filae (‘mono’) and tw (‘stereo’) are widely
used. ‘Surroundound’ audio typically contains six or more channels.

The term ‘bit-rate’ is sometimes used as aara@l measure of an audio format and may incorporate ele-
ments of all of the abhe.

Most self-describing formats also alldextual ‘comments’ to be embedded in the file that can be used to
describe the audio in some wayg. for music, the title, the authac.

One important use of audio file comments is tovegriReplay Gain’ information. SoX supports applying
Replay Gain information, Ui not generating it. Note that by default, SoX copies input file comments to
output files that support comments, so output files may contain Replay Gain information if asme w
present in the input file. In this case, ifydning other than a simple format e@msion was performed then

the output file Replay Gain information is likely to be incorrect and so should be recalculated using a tool
that supports this (not SoX).

Thesoxi(1) command can be used to display information from audio file headers.

Determining & Setting The File Format

SOX

There are seral mechanismsvailable for SoX to use to determine or set the format characteristics of an
audio file. Depending on the circumstances, individual characteristics may be determined or set using dif-
ferent mechanisms.

To determine the format of an input file, SoX will use, in order of precedence angéa®gavailable:
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1. Command-lindormat options.
2.  Thecontents of the file header.
3. Thefilename extension.

To =t the output file format, SoX will use, in order of precedence andasgiavailable:

1. Command-lindormat options.
2.  Thefilename extension.
3. The input file format characteristics, or the closest to them that is supported by the output file type.

For al files, SoX will exit with an error if the file type cannot be determined; command-line format options
may need to be added or changed to reshk problem.

Play, Rec, & Default Audio Devices
Some systems provide more than one type of (SoX-compatible) aude, drg. ALSA & OSS, or
SUNAU & AO. Systems can also e nmore than one audio diee (a.k.a. ‘sound card’). If more than one
audio drver has been tilt-in to SoX, and the default selected by SoX when ustegr play is not the one
that is wanted, then thfUDIODRIVER ervironment variable can be used teewide the dedult. For
example (on maysystems):

set AUDI ODRI VER=0ss

play ...
For rec, play, and sox the AUDIODEV ernvironment \ariable can be used tovaride the default audio
device; e.qg.

set AUDI CDEV=/ dev/ dsp2

play ...

SOX ... -t o0ss

or

set AUDI CDEV=hw: 0

play ...
sox ... -t alsa

(Note that the syntax of treetcommand may vary from system to system.)

When playing a file with a sample rate that is not supported by the audio owtioet &®X will automati-
cally invoke the rate effect to perform the necessary sample ratevasion. For compatibility with old
hardware, here, the dadlt rate quality level is set to ‘low’; howvever, this can be changed if desired, by
explicitly specifing therate effect with a different quality 1esl, e.g.

play ... rate -m
or by setting the environment varitie AY_RATE_ARG to the desired quality option, e.qg.

set PLAY_RATE_ARG=-m
play ...

(Note that the syntax of treetcommand may vary from system to system.)

To help with setting a suitable recordingrdb SoX includes a simple VU meter which can beoked
(before making the actual recording) as follows:

rec -n

The recording beel should be adjusted (using the system-provided mixer program, not SoX) so that the
meter isat most occasionallfull scale, and neer ‘in the red’ (an exclamation mark is shown).

Accuracy
Mary file formats that compress audio discard some of the audio signal information whilst doing so; con-
verting to such a format then oaating back agin will not produce an exact cppf the original audio.
This is the case for mgrformats used in telephgr(e.g. A-lav, GSM) where lov signal bandwidth is
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more important than high audio fidelignd for mary formats used in portable music players (e.g. MP3,
Vorbis) where adequate fidelity can be retaineehevith the large compression ratios that are needed to
malke portable players practical.

Formats that discard audio signal information are called ‘lossy’, and formats that do not, ‘losBless’.
term ‘quality’ is used as a measure ofvhdosely the original audio signal can be reproduced when using a
lossy format.

Audio file corversion with SoX is lossless when it can be, i.e. when not using lossy compression, when not
reducing the sampling rate or number of channels, and when the number of bits used in the destination for
mat is not less than in the source formiatg. cowerting from an 8-bit PCM format to a 16-bit PCM for

mat is lossless but ceerting from an 8-bit PCM format to (8-bit) Aaisn't.

N.B. SoX cowverts all audio files to an internal uncompressed format before performjragdio process-
ing; this means that manipulating a file that is stored in a lossy format can cause further losses in audio
fidelity. E.g. with

sox | ong.np3 short.np3 trim 10

SoX first decompresses the input MP3 file, then appliesitheeffect, and finally creates the output MP3

file by recompressing the audio—with a possible reduction in fidelityeabat which occurred when the

input file was created. Hence, if what is ultimately desired is lossily compressed audio, it is highly recom-
mended to perform all audio processing using lossless file formats and tker twthe lossy format only

at the final stage.

N.B. Applying multiple efects with a single SoX wocation will, in general, produce more accurate results
than those produced using multiple SoXacations; hence this is also recommended.

Clipping
Clipping is distortion that occurs when an audio signadl Ieor ‘volume’) exceeds the range of the chosen
representation. lis nearly alvays undesirable and so should usually be corrected by adjustingvéhe le
prior to the point at which clipping occurs.

In SoX, clipping could occuias you might expect, when using thel effect to increase the audiolume,
but could also occur with mamother effects, when corrting one format to anotheand e/en when simply
playing the audio.

Playing an audio file oftenwolves re-sampling, and processing by analogue components that can intro-
duce a small DC édet and/or amplification, all of which can produce distortion if the audio sigrel le
was initially too close to the clipping point.

For these reasons, it is usual to raalre that an audio fils’dgnal level does not exceed around 70% of
the maximum (linear) rangevalable, as this will goid the majority of clipping problemsSoX'’s stat
effect can assist in determining the signaklén an audio file; thegain or vol effect can be used to ment
clipping, e.g.

sox dull.au bright.au gain -6 treble +6
guarantees that the treble boost will not clip.
If clipping occurs at anpoint during processing, then SoX will display a warning message to that effect.

Input File Combining
SoX’s input combiner can be configured (see OPTIONSWelo combine multiple files using wrf the
following methods: ‘concatenate’, ‘sequence’, ‘mix’, ‘mixvger’, or ‘mege’. The default method is
‘sequence’ foplay, and ‘concatenate’ forec andsox

For all methods other than ‘sequence’, multiple input files muse ttae same sampling rate; if necessary
separate SoX irocations can be used to needampling rate adjustments prior to combining.

If the ‘concatenate’ combining method is selected (usuhily will be by default) then the input files must
also hae the same number of channelBhe audio from each input will be concatenated in the ordgen gi
to form the output file.
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The ‘sequence’ combining method is selected automaticallgléyr It is dmilar to ‘concatenate’ in that

the audio from each input file is sent serially to the output filwglw here the output file may be closed

and reopened at the corresponding transition between input files—this may be just what is needed when
sending different types of audio to an output device, but is not generally useful when the output is a normal
file.

If either the ‘mix’ or ‘mix-paver’ combining method is selected, therotor more input files must beggn

and will be mixed together to form the output file. The number of channels in each input file need not be
the same, hwever, SoX will issue a warning if theare not and some channels in the output file will not
contain audio fromery input file. A mixed audio file cannot be un-neid (without reference to the orig-

nal input files).

If the ‘merge’ combining method is selected, then twmore input files must begn and will be meged
together to form the output fileThe number of channels in each input file need not be the samerged
audio file comprises all of the channels from all of the input files; uginteis possible using multiple
invocations of SoX with theemix effect. For example, tw mono files could be merged to form one stereo
file; the first and second mono files would become the left and right channels of the stereo file.

When combining input files, SoX appliesyaspecified effects (including, forxample, thevol volume
adjustment effect) after the audio has been combineudeMeq it is often useful to be able to set thelv
ume of (i.e. ‘balance’) the inputs individuglefore combining takes place.

For al combining methods, input file volume adjustments can be made manually usirg tion
(below) which can be gien for one or more input files; if it is\gn for only some of the input files then the
others receie o volume adjustment. In some circumstances, automatic volume adjustments may be
applied (see below).

The -V option (below) can be used to shohe input file volume adjustments thatveaeen selected
(either manually or automatically).

There are some special considerations that need to made when mixing input files:

Unlike the other methods, ‘mix’ combining has the potential to cause clipping in the combiner if no balanc-
ing is performed. So here, if manual volume adjustments are vait, o ensure that clipping does not
occur SoX will automatically adjust the volume (amplitude) of each input signal lbgtarf of th, where n

is the number of input files. If this results in audio that is too quiet or otherwise unbalanced then the input
file volumes can be set manually as describedexhsing thenorm effect on the mix is another alterna-

tive.

If mixed audio seems loud enough at some points through the mixed audio but too quiet in others, then
dynamic-range compression should be applied to correct this—seentipand effect.

With the ‘mix-power’ combine method, the mixed volume is appropriately equal to that of one of the input
signals. Thids achieed by balancing using a factor ofv instead of H. Note that this balancingétor

does not guarantee that no clipping will octwweve, in mary cases, the number of clips will ber@and

the resultant distortion imperceptable.

Stopping SoX

Usually SoX will complete its processing andt@utomatically howeve if desired, it can be terminated by
pressing the éyboard interrupt &y (usually Ctrl-C). This is a natural requirement in some circumstances,
e.g. when using SoX to mala ecording. Noteghat when using SoX to play multiple files, Ctrl-C bedsa
slightly differently: pressing it once causes SoX to skip to the next file; pressing it twice in quick succession
causes SoX to exit.

FILENAMES

SOX

Filenames can be simple file names, absolute orvelpgth names, or URLs (input files onlyiNote that
URL support requires thatget(1) is available.

Note: Giving SoX an input or output filename that is the same as a S&X-mdme will not work since
SoX will treat it as an effect specification. The only work-around to this isdid auch filenames; o
eva, this is generally not difficult since most audio filenamegeha flename ‘extension’, whilst ffct-
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names do not.

The following ‘special’ filenames may be used in certain circumstances in place of a normal filename on
the command line:

- SoX can be used in pipeline operations by using the special filename ‘=’ which, if used in place of
an input filename, will cause SoX will read audio data from ‘standard input’ (stdin), and which, if
used in place of the output filename, will cause SoX will send audio data to ‘standard output’ (std-
out). Notethat when using this option, the file-type (s¢delow) must also beggn.

—-d This can be used in place of an input or output filename to specify that st deflio device (if
one has been built into SoX) is to be usédhis is akin to imoking rec or play (as described
above).

-n This can be used in place of an input or output filename to specify that a ‘null file’ is to be used.

Note that here, ‘null file' refers to a SoX-specific mechanism and is not relatey openating-
system mechanism with a similar name.

Using a null file to input audio is egalent to using a normal audio file that contains an infinite
amount of silence, and as such is not generally useful unless used with an effect that specifies a
finite time length (such @sm or synth).

Using a null file to output audio amounts to discarding the audio and is useful mainlyfegts ef
that produce information about the audio instead of affecting it (sunbiseprof or stat).

The sampling rate associated with a null file is by default 48 kHz, but, as with a normal file, this
can be werridden if desired using command-line format options (see below).

OPTIONS
Global Options
These options can be specified on the command lingy goart before the first effect name.
—h, ——help
Shaow version number and usage information.
——help-effect=NAME

Show usage information on the specifiedeet. Thenameall can be used to stwusage on all
effects.

——help-format=NAME
Show information about the specified file format. The nathean be used to shoinformation
on all formats.

——interactive
Prompt before werwriting an existing file with the same name as thegrgfor the output file.

N.B. Unintentionally @erwriting a file is easier than you might think, for example, if you acci-
dentally enter

sox filel file2 effectl effect2 ...
when what you really meant was
play filel file2 effectl effect2 ...

then, without this option, file2 will beverwritten. Henceusing this option is strongly recom-
mended; a ‘shell’ alias, script, or batch file may be an appropratefywermanently enabling it.

——buffer BYTES, ——input-buffer BYTES
Set the size in bytes of theffers used for processing audio (default 8192}buffer applies to
input, effects, and output processinginput—buffer applies only to input processing (for which
it overrides——Dbuffer if both are gien).

Be aware that large values for—buffer will cause SoX to be become wldo respond to requests
to terminate or to skip the current input file.
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-m|-M |-—combine concatenatfmerge|mix |mix—power|sequence
Select the input file combining methotin selects ‘mix’,—M selects ‘merge’.

Seelnput File Combining above for a description of the different combining methods.

——plot gnuplot|octave|off
If not set tooff (the default if—-—plot is not gizen), run in a mode that can be used, in conjunction
with the gnuplot program or the GNU Oatagrogram, to assist with the selection and configura-
tion of mary of the transfefunction based &cts. Fr the first gien efect that supports the
selected plotting program, SoX will output commands to plot tfextsf ransfer function, and
then exit without actually processingyaaudio. E.g.

sox --plot octave input-file -n highpass 1320 > plot. m
octave plot. m

—(, ——ho—show-progress
Run in quiet mode when SoX wouldietherwise do so; this is the opposite of #&option.

—-replay—gain track|album|off
Select whether or not to apply replay-gain adjustment to input files. The defatfilids soxand
rec, album for play where (at least) the first twinput files are tagged with the same Artist and
Album names, anttack for play otherwise.

-S, ——show-progress
Display input file format/header information, and processing progress as input file(s) percentage
complete, elapsed time, and remaining time (if known; shown in brackets), and the number of
samples written to the output filélso shown is a VU meteend an indication if clipping has
occurred. Th&/U meter shows up to wvchannels and is calibrated for digital audio as follows:

dB FSD Display
>= (right channel)
_25 —_
-23 =
_21 =
-19 ==
_17 ==
-15 ===
-13 —==—

-1 =====I ‘In the red’

A three-second peak-held value of headroom in dBs will bersio the right of the meter if this
is belav 6dB.

This option is enabled by default when using SoX to play or record audio.

—-version
Shav SoX’s version humber and exit.

=V[level
Set \erbosity SoX displays messages on the console (stderr) according to theirfigileerbosity
levels:
0 No messages are shown at all; use the exit status to determine if an error has occurred.
1 Only error messages are sim Theseare generated if SoX cannot complete the

requested commands.
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2 Warning messages are also who Theseare generated if SoX can complete the
requested commands, but ngaetly according to the requested command parameters, or
if clipping occurs.

3 Descriptions of SoX§ processing phases are alsowho Usefulfor seeing exactly ho
SoX is processing your audio.

4 and abwoe
Messages to help with debugging SoX are also shown.

By default, the verbosity lel is set to 2; each occurrence of th¥ option increases theexbosity
level by 1. Alternatvely, the verbosity leel can be set to an absolute number by specifying it
immediately after theV; e.g. -VO sets it to O.

Input File Options
These options apply only to input files and may precede only input filenames on the command line.

-v, ——volume FACTOR

Adjust volume by a factor ZFACTOR. This is a linear (amplitude) adjustment, so a number less
than 1 decreases the volume; greater than 1 increases it. dbtav@eumber is gien, then in
addition to the volume adjustment, the audio signal will keried.

See also thstat effect for information on hwe to find the maximum ®ume of an audio file; this
can be used to help select suitable values for this option.

See alsdnput File Balancing above.

Input & Output File Format Options
These options apply to the input or output file whose nanyeitiraediately precede on the command line
and are used mainly when working with headerless file formats or when specifying a format for the output
file that is different to that of the input file.

—c, ——channelsCHANNELS

The number of audio channels in the audio file; this can penamber greater than zerdo
cause the output file to Y a dfferent number of channels than the input file, include this option
with the output file options. If the input and output filerda dfferent number of channels then
the mixer effect must be used. If thmixer effect is not specified on the command line it will be
invoked internally with default parameters.

Alternatively, some efects (e.g.synth, remix) determine what will be the number of output chan-
nels; in this case, neither this option nor thiger effect is necessary.

-r, —rate RATHK]

Gives the sample rate in Hz (or kHz if appended with ‘k’) of the fil®. cause the output file to
have a dfferent sample rate than the input file, include this option with the output file format
options.

If the input and output files ke dfferent rates then a sample rate change effect must be run.
Since SoX has multiple rate changing effects, the user can specify which to usefestarf eb
rate change effect is specified thenrde effect will be chosen by default.

-t, ——type file-type

Gives the type of the audio file. This is useful when the file extension is non-standard or when the
type can not be determined by looking at the header of the file.

The -t option can also be used toerride the type implied by an input flename extension, but if
overriding with a type that has a head8oX will exit with an appropriate error message if such a
header is not actually present.

Seesoxformat(7) for a list of supported file types.

-L, ——endian little
-B, ——endian big
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—X, ——endian swap

These options specify whether the byte-order of the audio data is, redpgdiitle endian’, ‘big

endian’, or the opposite to that of the system on which SoX is being &elianness applies

only to data encoded as signed or unsigned integers of 16 or more bits. It is often necessary to
specify one of these options for headerless files, and sometimes necessary for (otherwise) self-
describing files.A given endian-setting option may be ignored for an input file whose header con-
tains a specific endianness identjf@rfor an output file that is actually an audio device.

N.B. Unlike normal format characteristics, the endianness (byte, nibble, & bit ordering) of the
input file is not automatically used for the output file; so, f@meple, when the following is run
on a little-endian system:

sox -B audio.s2 trimred.s2 trim?2
trimmed.s2 will be created as little-endian;

sox -B audio.s2 -B trinmed.s2 trim 2
must be used to presertig-endianness in the output file.

The-V option can be used to check the selected orderings.

—-N, ——revease—nibbles

Specifies that the nibble ordering (i.e. the 2 halves of a byte) of the samples showietdesire
sometimes useful with ADPCM-based formats.

N.B. See also N.B. in section eix abore.

-X, ——revase-bits

Specifies that the bit ordering of the samples should V®sex; sometimes useful with awfe
(mostly headerless) formats.

N.B. See also N.B. in section eix abore.

-s/-u/-U/-A/-al-i/-g/-f

The audio data encoding is signed lineas @mplement), unsigned linear-law (logarithmic),
A-law (logarithmic), ADPCM, IMA-ADPCM, GSM, or floating-point.

w-law (or mu-law) and A-lev are the U.S. and international standards fomatdagmic telephone
audio compression. When uncompresgddw has roughly the precision of 14-bit PCM audio
and A-lav has roughly the precision of 13-bit PCM audio.

A-law and w-law are sometimes encoded usingersed bit-ordering (i.e. MSB becomes LSH).
you need this support then you can use-tKeoption or the pseudo file types of “.1a’ and “.Iu’ to
inform SoX of the encoding. See supported file types for more information.

ADPCM is a form of audio compression that has a good compromise between good audio quality
and fast encoding/decoding time. It is used for telephone audio compression and places were full
fidelity is not as importantWhen uncompressed it has roughly the precision of 16-bit PCM audio.
Popular ersion of ADPCM include G.726, MS ADPCM, and IMA ADPCMhe —-aflag has dif-

ferent meanings in different file handleds. .wav files it represents MS ADPCM files, in all oth-

ers it means G.726 ADPCMMA ADPCM is a specific form of ADPCM compression, slightly
simpler and slightly lower fidelity than Microsdtflavar of ADPCM. IMA ADPCM is also

called DVI ADPCM.

GSM is currently used for the vast majority of therld’s dgital wireless telephone calldt
utilises sgeral audio formats with different bit-rates and associated speech qudi¥yhas sup-
port for GSM5 ariginal 13kbps ‘Full Rate’ audio format. It is usually CPU intgadb work with
GSM audio.

-1/-2/-3/-4/-8

The sample datum size is 1, 2, 3, 4, or 8 bytes; i.e. 8, 16, 24, 32, or 64 bits.
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Output File Format Options
These options apply only to the output file and may precede only the output filename on the command line.

——add-commentTEXT
Append a comment in the output file header (where applicable).

——commentTEXT
Specify the comment text to store in the output file header (where applicable).
SoX will provide a dedult comment if this option (of-comment-filg is not given; to specify

that no comment should be stored in the output file;tsemment ™ .

——comment-fileFILENAME
Specify a file containing the comment text to store in the output file header (where applicable).

—C, ——compressionFACTOR
The compression factor for variably compressing output file formathis option is not gien,
then a default compression factor will appijhe compressiorattor is interpreted differently for
different compressing file formats. See the description of the file formats that use this option in
soxformat(7) for more information.

DIAGNOSTICS
Exit status is O for no errpf if there is a problem with the command-line parameters, or 2 if an error
occurs during file processing.

BUGS
Please report grbugs found in this version of SoX to the mailing list (sox-users@lists.sourceforge.net).

SEE ALSO
soxi(1), soxformat(7), soxeffec{7), gnuplot(1), octave(1), wget(1), libsox(3)

The SoX web site at http://sox.sourceforge.net
SoX scripting examples at http://sox.sourceforge.net/Docs/Scripts

LICENSE
Copyright 1991 Lance Norskog and Sundry Contributors.
Copyright 1998-2008 Chris Bagwell and SoX Contributors.

This program is free software; you can redistigbit and/or modify it under the terms of the GNU General
Public License as published by the Free Software Foundation; either version 2, or (at your optite) an
version.

This program is distributed in the hope that it will be useful, WITHOUT ANY WARRANTY; without
even the implied varranty of MERCHANTABILITY or FITNESS FOR AARTICULAR PURPOSE.See
the GNU General Public License for more details.

AUTHORS
Chris Bagwell (cbagwell@users.sourcgf@mnet). Otherauthors and contributors are listed in the
AUTHORS file that is distributed with the source code.
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